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The topic of recent advances in information technology has
attracted a wide range of articles on technology theory,
applications from many aspects, and design methods of
information technology. Reviewing the papers in this topic,
it is clear that all fields such as computer science, cloud
computing, wireless sensor network, prediction, image annotation, and storage have been involved. And the publications
about recent advances in information technology tackled
significant recent developments in the fields mentioned
above, both of a foundational and applicable character.
Also, we can easily find that most contributors regard
“information technology” as synonymous with tools such as
the computer, mobile, and tablet and such issues as instructional design, mobile learning, social networking, and open
sources. Through the topic’s development, research designs
are appropriate for studying the potential of information
technology applications under controlled situations.
This special issue includes a collection of 100 papers
selected from 466 submissions to 36 countries or districts. All
submitted papers followed the same standard (peer-reviewed
by at least three independent reviewers) as applied to regular
submissions.
The paper entitled “A self-adaptive parameter optimization algorithm in a real-time parallel image processing system”
by G. Li et al. proposed an adaptive load capacity balance
strategy on the servo parameters optimization algorithm

(ALBPO) to improve the computing precision and achieve
high detection ratio while not reducing the servo circle.
The paper entitled “Improved algorithm for gradient vector
flow based active contour model using global and local information” by J. Zhao et al. proposes an improved approach based
on existing gradient vector flow methods. Main contributions
of this paper are a new algorithm to determine the false part
of active contour with higher accuracy from the global force
of gradient vector flow and a new algorithm to update the
external force field together with the local information of
magneto static force.
In the paper entitled “A topology visualization early
warning distribution algorithm for large-scale network security
incidents” by H. He et al. a comprehensive early warning
system is presented in this paper, which combines active
measurement and anomaly detection. The key visualization
algorithm and technology of the system are mainly discussed.
The paper entitled “A novel approach to word sense
disambiguation based on topical and semantic association”
by X. Wang et al. proposes a novel approach to word sense
disambiguation based on topical and semantic association.
For a given document, supposing that its topic category is
accurately discriminated, the correct sense of the ambiguous
term is identified through the corresponding topic and
semantic contexts.
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In the paper entitled “A fast map merging algorithm
in the field of multirobot SLAM” by Y. Liu et al. a map
merging algorithm based on virtual robot motion is proposed
for multirobot SLAM. The thinning algorithm is used to
construct the skeleton of the grid map’s empty area, and a
mobile robot is simulated in one map.
The paper entitled “Hexahedral localization (HL): a threedimensional hexahedron localization based on mobile beacons” by L. Liu et al. proposes a three-dimensional rangefree localization scheme named hexahedral localization. In
the scheme, the space is divided into a lot of hexahedrons.
Then, all the unknown nodes are located by utilizing the
perpendicular properties of the trajectory.
The paper entitled “A two-level cache for distributed
information retrieval in search engines” by W. Zhang et
al. proposes a distribution strategy of the cache data. The
experiments prove that the hit rate, the efficiency, and the
time consumption of the two-level cache have advantages
compared with other structures of cache.
This paper by Z. Wang “Analysis of DNS cache effects on
query distribution” studies the DNS cache effects that occur
on query distribution at the CN top-level domain (TLD)
server, and the approximate TTL distribution for domain
name is inferred quantificationally.
The paper entitled “The generalization error bound for
the multiclass analytical center classifier” by Z. Fanzi and M.
Xiaolong presents the multiclass classifier based on analytical
center of feasible space (MACM). This multiclass classifier is
formulated as quadratic constrained linear optimization and
does not need repeatedly constructing classifiers to separate
a single class from all the others.
The paper entitled “The estimate for approximation error
of neural network with two weights” by F. Zeng and Y.
Tang constructs a new BP neural network and proves that
the network could approximate any nonlinear continuous
function.
In the paper entitled “An automatic image inpainting
algorithm based on FCM” by J. Liu et al. an automatic
image inpainting algorithm which automatically identifies
the repaired area by fuzzy C-mean (FCM) algorithm is proposed. FCM algorithm classifies the image pixels into a number of categories according to the similarity principle, making
the similar pixels cluster into the same category as possible.
The paper entitled “Using the high-level based program
interface to facilitate the large scale scientific computing” by
Y. Shang et al. makes further research on facilitating the
large-scale scientific computing on the grid and the desktop
grid platform. The related issues include the programming
method, the overhead of the high-level program interface
based middleware, and the anticipated data migration.
The paper by N. Feng and C. Zheng entitled “A cooperative
model for IS security risk management in distributed environment” develops a cooperative model for IS security risk
management in a distributed environment. In the proposed
model, the exchange of security information among the interconnected IS under distributed environment is supported by
Bayesian networks (BNs).
The paper entitled “Vocal emotion of humanoid robots:
a study from brain mechanism” by Y. Wang et al. explored
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the brain mechanism of vocal emotion by studying previous
researches and developed an experiment to observe the brain
response by fMRI, to analyze vocal emotion of human beings.
The paper entitled “Real-time tracking by double templates
matching based on timed motion history image with HSV Feature” by Z. Li et al. presents a novel method with appearance
model described by double templates based on timed motion
history image with HSV color histogram feature (tMHIHSV).
The paper entitled “An improved piecewise linear chaotic
map based image encryption algorithm” by Y. Hu et al. proposes a symmetric cryptographic system using MPWLCM
chaotic system to encrypt grayscale image. The scheme
possesses high sensitivity to plain image and key, so it has a
good ability to resist differential attack.
The paper entitled “A Sarsa(𝜆)-based control model for
real-time traffic light coordination” by X. Zhou et al. proposes
Sarsa(𝜆)-based real-time traffic control optimization model
that can maintain the traffic signal timing policy more
effectively. The Sarsa(𝜆)-based model gains traffic cost of the
vehicle, which considers delay time, the number of waiting
vehicles, and the integrated saturation from its experiences
to learn and determine the optimal actions.
J. Wu et al. in their paper entitled “Mixed pattern
matching-based traffic abnormal behavior recognition” propose a trajectory pattern learning method based on dynamic
time warping (DTW) and spectral clustering. The paper
introduced the DTW distance to measure the distances
between vehicle trajectories and determined the number
of clusters automatically by a spectral clustering algorithm
based on the distance matrix.
In the paper entitled “A reward optimization method
based on action subrewards in hierarchical reinforcement
learning” by Y. Fu et al. a hierarchical reinforcement learning
method based on action subrewards is proposed to solve the
problem of “curse of dimensionality,” which means that the
states space will grow exponentially in the number of features
and low convergence speed.
In the paper entitled “Constructing better classifier ensemble based on weighted accuracy and diversity measure” by X.
Zeng a weighted accuracy and diversity (WAD) method is
presented, a novel measure used to evaluate the quality of the
classifier ensemble, assisting in the ensemble selection task.
The paper entitled “Simplified process model discovery
based on role-oriented genetic mining” by W. Zhao et al.
proposes a genetic programming approach to mine the
simplified process model. Using a new metric of process
complexity in terms of roles as the fitness function, we can
find simpler process models.
The paper entitled “An improved topology-potential-based
community detection algorithm for complex network” by Z.
Wang et al. puts forward a mass calculation method for
complex network nodes, which is inspired from the idea of
PageRank algorithm.
In “Gait correlation analysis based human identification”
by J. Chen, silhouette correlation analysis based human identification approach is proposed. By background subtracting
algorithm, the moving silhouette figure can be extracted from
the walking images sequence.
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The paper entitled “Information spread of emergency
events: path searching on social networks” by W. Dai et al.
collects Internet data based on data acquisition and topic
detection technology, analyzes the process of information
spread on social networks, describes the diffusions and
impacts of that information from the perspective of random
graph, and finally seeks the key paths through an improved
IBF algorithm.
The paper entitled “Application of butterfly Clos-network
in network-on-chip” by H. Liu et al. studied the topology
of network-on-chip (NoC). By combining the characteristics
of the Clos-network and butterfly network, a new topology
named BFC (butterfly Clos-network) network was proposed.
The paper entitled “A linear method to derive 3D projective
invariants from 4 uncalibrated images” by Y. Wang et al.
presents a method to compute projective invariants of 3D
points from four uncalibrated images directly.
In the paper entitled “Comparative study of multimodal
biometric recognition by fusion of iris and fingerprint” by H.
Benaliouche and M. Touahria a novel combination of iris and
fingerprint biometrics is presented in order to achieve best
compromise between a zero FAR and its corresponding FRR.
In the paper “Design of jitter compensation algorithm for
robot vision based on optical flow and Kalman filter” by B. R.
Wang et al. the condition number of coefficient matrix was
proposed to quantificationally analyse the effect of matching
errors on parameters solving errors.
The paper entitled “Dynamic multiobjective optimization
algorithm based on average distance linear prediction model”
by Z. Li et al. defines a kind of dynamic multiobjective
problem with translational Pareto-optimal set (DMOP-TPS)
and proposes a new prediction model named ADLM for
solving DMOP-TPS.
The aim of the paper entitled “Application of genetic
algorithm to hexagon-based motion estimation” by C.-M.
Kung et al. is to propose a new technique which focuses on
combing the hexagon-based search algorithm, which is faster
than diamond search, and genetic algorithm.
The paper entitled “Dynamic scene stitching driven by
visual cognition model” by L.-h. Zou et al. investigates
dynamic video sequence stitching, especially under the situation that the scene, captured on a movable platform, contains
moving objects or other important interesting regions.
Q. Zhang et al. in the paper entitled “Automatic recognition of seismic intensity based on RS and GIS: a case
study in Wenchuan Ms8.0 earthquake of China” propose a
RS/GIS-based approach for automatic recognition of seismic
intensity, in which RS is used to retrieve and extract the
information on damages caused by earthquake, and GIS is
applied to manage and display the data of seismic intensity.
In the paper entitled “A robust H.264/AVC video watermarking scheme with drift compensation” by X. Jiang et al. a
robust video watermarking scheme with drift compression is
proposed. The devised MB selection scheme can lower the
influence on video quality and reduce the possibility of drift
distortion.
A novel efficient statistical feature selection approach
called improved feature selection based on effective range
(IFSER) is proposed in the paper entitled “An improved
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feature selection based on effective range for classification” by J.
Wang et al.
In the paper entitled “Modeling of task planning for
multirobot system using reputation mechanism” by Z. Shi et
al. a task planning method based on reputation mechanism
is proposed. Reputation plays an important role in the
collaboration among people.
The paper entitled “P-bRS: a Physarum-based routing
scheme for wireless sensor networks” by M. Zhang et al. proposes a novel Physarum-based routing scheme (P-bRS) for
WSNs to balance routing efficiency and energy equilibrium.
The paper entitled “Reliability prediction of ontology-based
service compositions using petri net and time series models” by
J. Li et al. presents a comprehensive dependability prediction
model for OWL-S processes.
A novel approach described to aid breast cancer detection
and classification using digital mammograms is presented
by X.-S. Zhang in his paper entitled “A new approach for
clustered MCs classification with sparse features learning and
TWSVM.” The proposed method is based on sparse feature
learning and representation, which expresses a testing sample
as a linear combination of the built vocabulary (training
samples).
The paper entitled “The study of cooperative obstacle
avoidance method for MWSN based on flocking control” by Z.
Chen et al. studied the features of target tracking in mobile
wireless sensor network and the concept, features, category,
application areas of flocking control mode, and obstacle
avoidance algorithm.
The paper entitled “A systematic comparison of data
selection criteria for SMT domain adaptation” by L. Wang et
al. performs an in-depth analysis of three different sentence
selection techniques.
The paper entitled “An exponentiation method for XML
element retrieval” by T. Wichaiwong investigates retrieval
techniques and related issues over a strongly structured
collection using the exponentiation weight for the document’s
structure over the content-and-structure query, in the datacentric track of the INEX 2011.
In the paper “Research and application for grey relational
analysis in multigranularity based on normality grey number”
by J. Dai et al., combining with the probability distribution
of the data, the conception of the normality grey number is
proposed.
The paper entitled “Trusted computing strengthens cloud
authentication” by E. Ghazizadeh et al. proposes the use
of trusted computing, federated identity management, and
OpenID Web SSO to solve identity theft in the cloud.
The paper by M.-D. Yang et al. entitled “An efficient fitness
function in genetic algorithm classifier for landuse recognition
on satellite images” proposes a new index, DBFCMI, by
integrating two common indices, DBI and FCMI, in a
GA classifier to improve the accuracy and robustness of
classification.
The paper entitled “Unregistered biological words recognition by Q-learning with transfer learning” by F. Zhu et
al. proposes a novel approach to recognize words based on
transfer learning, by which we turn the process of recognizing
the terms into a property marking process by redefining the
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property of terms according to features of terms and the
corresponding context.
The paper “Measuring semantic relatedness between Flickr
images: from a social tag based view” by Z. Xu et al. mainly
discusses the semantic relatedness measures systematically,
puts forward a method to measure the semantic relatedness
of two images based on their tags, and justifies its validity
through the experiments.
In the paper entitled “A GA-based approach to hide
sensitive high utility itemsets” by C.-W. Lin et al., a GA-based
algorithm is proposed to find the feasible combination for
data sanitization. Each gene in a chromosome represents a
possible transaction to be inserted.
The paper entitled “A novel macroblock level rate control
method for stereo video coding” by G. Zhu et al. proposes a
novel macroblock (MB) level rate control method based on
binocular perception.
The paper entitled “Efficient parallel video processing
techniques on GPU: from framework to implementation” by
H. Su et al. proposes serial optimization methods, including
the multiresolution multiwindow for motion estimation,
multilevel parallel strategy to enhance the parallelism of
intracoding as much as possible, component-based parallel
CAVLC, and direction-priority deblocking filter.
The paper “Genetic algorithm and graph theory based
matrix factorization method for online friend recommendation” by Q. Li et al. proposes a hybrid genetic algorithm
and graph theory based online recommendation algorithm.
Hybrid genetic algorithm is used for multiobjective combinatorial problem.
The paper entitled “Dynamic cooperative clustering based
power assignment: network capacity and lifetime efficient
topology control in cooperative ad hoc networks” by X.-H. Li
et al. proposes a dynamic cooperative clustering based power
assignment (DCCPA) algorithm to solve a new topology
control problem: network capacity and energy efficient in
cooperative wireless ad hoc networks.
In the paper entitled “A generalized quantum-inspired
decision making model for intelligent agent” by Y. Hu and C. K.
Loo, a generalized quantum-inspired decision making model
(QDM) is proposed. QDM helps to extend previous research
findings and model more complicated decision space.
The paper entitled “Unsupervised chunking based on graph
propagation from bilingual corpus” by L. Zhu et al. presents
a novel approach for unsupervised shallow parsing model
trained on the unannotated Chinese text of parallel ChineseEnglish corpus.
In the paper entitled “Research on universal combinatorial
coding” by J. Lu et al., the concept of universal combinatorial
coding is advanced and the related properties are analyzed.
Universal combinatorial coding can stride over the three
branches of coding theory.
L. Zhu et al. in their paper entitled “Unsupervised Chunking based on graph propagation from bilingual corpus” present
a novel approach for unsupervised shallow parsing model
trained on the unannotated Chinese text of parallel ChineseEnglish corpus.
The paper entitled “Measurement and analysis of P2P
IPTV program resource” by W. Wang et al. focuses on
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characteristic analysis of program resources, including the
distributions of length of program names, the entropy of the
character types, and hierarchy depth of programs.
The paper entitled “Simple-random-sampling-based multiclass text classification algorithm” by W. Liu et al. investigates
the power law distribution and proposes a SRSMTC algorithm for the MTC problem. This algorithm is an excellent
industrial algorithm for its easy implementation and convenient transfer to many applications.
In the paper entitled “An improved artificial bee colony
algorithm based on balance-evolution strategy for unmanned
combat aerial vehicle path planning” by B. Li et al. a novel
artificial bee colony (ABC) algorithm improved by a balanceevolution strategy (BES) is applied in this optimization
scheme.
In the paper entitled “New similarity of triangular fuzzy
number and its application” by X. Zhang et al., a new method
shape’s indifferent area and midpoint (SIAM) to measure the
similarity of two triangular fuzzy numbers is proposed, which
considers the shapes and midpoints of them.
The paper entitled “Modeling and computing of stock index
forecasting based on neural network and Markov chain” by
Y. Dai et al. presents a new forecast method by the combination of improved back-propagation (BP) neural network
and Markov chain, as well as its modeling and computing
technology.
The paper entitled “The theoretical limits of watermark
spread spectrum sequence” by N. Jiang and J. Wang proposes
LAC&TCC properties and gives the theoretical limits of SS
watermarking sequences under the attacks of cropping and
translation.
The paper entitled “A survey on investigating the need
for intelligent power-aware load balanced routing protocols for
handling critical links in MANETs” by B. Sivakumar et al.
discusses a short survey on the specialized algorithms and
protocols related to energy efficient load balancing for critical
link detection in the recent literature.
The paper entitled “Stock price change rate prediction by
utilizing social network activities” by S. Deng et al. proposed
a model to generate heuristically optimized trading rules by
utilizing social network activities and historical traded prices
and transaction volumes. The proposed model extracts three
kinds of features from multiple sources.
The paper entitled “Ontology-based multiple choice question generation” by M. Al-Yahya aims to address this issue by
assessing the performance of these systems in terms of the
efficacy of the generated MCQs and their pedagogical value.
The paper entitled “A simulation approach to decision
making in IT service strategy” by E. Orta and M. Ruiz explores
the use of simulation modeling in this scope and the works
founded show that different simulation approaches have been
used.
The paper entitled “A hybrid approach to protect palmprint
templates” by H. Liu et al. proposes a hybrid approach that
combines random projection and fuzzy vault to improve the
performances at these three points.
The paper entitled “OntoTrader: an ontological web trading agent approach for environmental information retrieval”
by L. Iribarne et al. showed how traditional traders, properly
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extended to operate in WIS, are a good solution for information retrieval.
The paper entitled “An effective news recommendation
method for microblog user” by W. Gu et al. proposed NEMAH
system architecture to tackle the personalized news recommendation based on microblog and subclass popularity
prediction.
The paper entitled “ReHypar: a recursive hybrid chunk
partitioning method using NAND-flash memory SSD” by J. No
et al. presents a new form of hybrid data allocation scheme,
called recursive hybrid chunk partitioning (ReHypar), which
can be used in the hybrid structure whose address space is
organized by integrating a small portion of NAND-flash SSD
partition with the much larger HDD partition.
In the paper entitled “BgCut: automatic ship detection
from UAV images” by C. Xu et al., an improved universal
background model based on Grabcut algorithm is proposed
to segment foreground objects from sea automatically.
The paper entitled “Chinese unknown word recognition
for PCFG-LA parsing” by Q. Huang et al. investigates the
recognition of unknown words in Chinese parsing. Two
methods are proposed to handle this problem.
I. Fister Jr. et al. in the paper entitled “A novel hybrid selfadaptive bat algorithm” have hybridized this algorithm using
different DE strategies and applied these as a local search
heuristics for improving the current best solution directing
the swarm of a solution towards the better regions within a
search space.
L. Yao and M. Ling in the paper entitled “An improved
mixture-of-Gaussians background model with frame difference
and blob tracking in video stream” adopt a blob tracking
method to cope with this situation.
G. Song and Y. Ye in their paper entitled “A dynamic
ensemble framework for mining textual streams with class
imbalance” propose a new ensemble framework, clustering
forest, for learning from the textual imbalanced stream with
concept drift (CFIM).
In the paper entitled “Research on dynamic routing mechanisms in wireless sensor networks” by A. Q. Zhao et al., a
collection tree protocol based, dynamic routing mechanism
was proposed for WirelessHART network.
M. Dabbagh and S. P. Lee in the paper entitled “An
approach for integrating the prioritization of functional and
nonfunctional requirements” propose an approach which
aims to integrate the process of prioritizing functional and
nonfunctional requirements.
Y. Fu et al. in the paper entitled “A collaborative recommend algorithm based on bipartite community” propose a
bipartite community partitioning algorithm according to the
real data environment of collaborative recommendation.
In the paper entitled “A novel two-stage illumination
estimation framework for expression recognition” by Z. Zhang
et al., a two-stage illumination estimation framework is
proposed based on three-dimensional representative face and
clustering, which can estimate illumination directions under
a series of poses.
A. Jimeno-Morenilla et al. in their paper entitled
“Trajectory-based morphological operators: a model for efficient image processing” propose a new model for computing
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mathematical morphology operations, the so-called morphological trajectory model (MTM), in which a morphological
filter will be divided into a sequence of basic operations.
M. B. Abello and Z. Michalewicz in the paper entitled
“Multiobjective resource-constrained project scheduling with a
time-varying number of tasks” propose an innovative evolutionary algorithm-based approach, called mapping of task
ID for centroid-based adaptation with random immigrants
(McBAR) and applied this to search for optimal schedules as
solutions to the problems.
K. Rujirakul et al. in the paper entitled “PEM-PCA: a
parallel expectation-maximization PCA face recognition architecture” present the parallel architecture proposal including
the first PCA optimization (EM-PCA) and the second parallel
face recognition architecture in three substages (PEM-PCA).
In the paper “iSentenizer-𝜇: Multilingual Sentence Boundary Detection Model” D. F. Wong et al. present a multilingual sentence boundary detection system (iSentenizer𝜇) for Danish, German, English, Spanish, Dutch, French,
Italian, Portuguese, Greek, Finnish, and Swedish languages.
The proposed system is able to detect the sentence boundaries
of a mixture of different text genres and languages with high
accuracy.
H. Liu et al. in the paper entitled “Palmprint based multidimensional fuzzy vault scheme” present a multidimensional
fuzzy vault scheme (MDFVS) in which a general subspace
error-tolerant mechanism is designed and embedded into
FVS to handle intraclass variances.
L. Tian et al. in the paper entitled “A relationship: word
alignment, phrase table, and translation quality” focus on
formulating such a relationship for estimating the size of
extracted phrase pairs given one or more word alignment
points.
Y. Hu et al. in the paper entitled “The application of similar
image retrieval in electronic commerce” focus on the online
marketing platform based on similar image retrieval that
connects information platform with purchase platform.
In the paper entitled “Towards emotion detection in educational scenarios from facial expressions and body movements
through multimodal approaches,” by M. Saneiro et al., an
annotation methodology to tag facial expression and body
movements that conform to changes in the affective states
of learners while dealing with cognitive tasks in a learning
process is presented.
The paper entitled “A novel resource management method
of providing operating system as a service for mobile transparent computing” by Y. Xiong et al. presents a framework for
mobile transparent computing. It extends the PC transparent
computing to mobile terminals.
In the paper entitled “Distributed SLAM using improved
particle filter for mobile robot localization” by F. Pei et al., the
improved particle filter was proposed to estimate the state
vector of distributed SLAM. The performance of the particle
filter is affected by several factors in its operation.
A. L.-F. Han et al. in their paper entitled “Unsupervised
quality estimation model for English to German translation and
its application in extensive supervised evaluation” propose an
unsupervised MT evaluation metric using universal part-ofspeech tagset without relying on reference translations.
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The paper entitled “Characterizing the effects of intermittent faults on a processor for dependability enhancement
strategy” by C. (Saul) Wang et al. focuses on the effects of
intermittent faults on NET versus REG on one hand and the
implications for dependability strategy on the other.
The aim of the paper entitled “A system for sentiment
analysis of colloquial Arabic using human computation” by
A. S. Al-Subaihin and H. S. Al-Khalifa is to design and
implement a system that can extract the sentiments of Arabic
content found in Arabic websites that has informal nature.
The paper entitled “Moving object detection using dynamic
motion modelling from UAV aerial images” by A. F. M. S. Saif
et al. presents moments based motion parameter estimation
called dynamic motion model (DMM) to limit the scope of
segmentation called SUED which influences overall detection
performance.
B. Li et al. in their paper entitled “A novel artificial bee
colony algorithm based on internal-feedback strategy for image
template matching” choose the well-known normalized cross
correlation model as a similarity criterion. The searching procedure for the best-match location is carried out through an
internal-feedback artificial bee colony (IF-ABC) algorithm.
In the paper entitled “Development of biological movement
recognition by interaction between active basis model and
fuzzy optical flow division” by B. Yousefi and C. K. Loo, a
human action recognition method has been proposed; this
method is based on interrelevant calculated motion and form
information followed the biologically inspired system.
In the paper entitled “Algorithm for image retrieval based
on edge gradient orientation statistical code” by J. Zeng et al.,
the statistical method of 8-direction chain code was applied
to the statistics for edge gradient direction, to propose a novel
edge gradient orientation statistical code (EGOSC), which
was sequentially used as feature vector to represent the shape.
In the paper entitled “A new gravitational particle swarm
optimization algorithm for the solution of economic emission
dispatch in wind-thermal power system” by S. Jiang et al., a new
hybrid optimization approach, namely, gravitational particle
swarm optimization algorithm (GPSOA), is proposed in this
paper to solve economic emission dispatch (EED) problem
including wind power.
In the paper entitled “An efficient hierarchical video coding
scheme combining visual perception characteristics” by P. Liu
and K. Jia, a hierarchical video coding scheme based on
human visual systems (HVS) is proposed in this paper. The
proposed scheme uses a joint video coding framework that
consists of visual perception analysis layer (VPAL) and video
coding layer (VCL).
K.-K. Tseng et al. in the paper entitled “Signal waveform
detection with statistical automaton for internet and web
service streaming” propose an approach to signal waveform
detection for Internet and Web streaming, with novel statistical automatons.
K. Hournkumnuard et al. in the paper entitled “Parallel
simulation of HGMS of weakly magnetic nanoparticles in
irrotational flow of inviscid fluid” present the process of high
gradient magnetic separation (HGMS) using microferromagnetic wire for capturing the weakly magnetic nanoparticles in
the irrotational flow of inviscid fluid.
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The paper entitled “Creation of reliable relevance judgments in information retrieval systems evaluation experimentation through crowdsourcing: a review” by P. Samimi and
S. D. Ravana is intended to explore different factors that
have an influence on the accuracy of relevance judgments
accomplished by workers and how to intensify the reliability
of judgments in crowdsourcing experiment.
In the paper entitled “Monte Carlo method with heuristic
adjustment for irregularly shaped food product volume measurement” by J. Siswantoro et al., a nondestructive method
for volume measurement of irregularly shaped food products
that is based on the Monte Carlo method using a computer
vision system is proposed.
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In recent years, many approaches have been suggested for Internet and web streaming detection. In this paper, we propose an
approach to signal waveform detection for Internet and web streaming, with novel statistical automatons. The system records
network connections over a period of time to form a signal waveform and compute suspicious characteristics of the waveform.
Network streaming according to these selected waveform features by our newly designed Aho-Corasick (AC) automatons can
be classified. We developed two versions, that is, basic AC and advanced AC-histogram waveform automata, and conducted
comprehensive experimentation. The results confirm that our approach is feasible and suitable for deployment.

1. Introduction
With the development of the Internet and web service
computing and as more transactions are carried out online
[1, 2], there is greater vulnerability to network attacks. Thus,
Internet and web service content analyses have become
important pieces of technology to protect our network
security. Such systems collect information through a number
of key points in the computer network or system and analyze
it to determine whether there are the violations of the security
policy or intrusion phenomenon.
Conventional packet analysis systems used packet classification and deep packet inspection, which may not be
sufficient to detect all kinds of network service. Therefore, we
have tried a new approach to analyze the network packets. We
propose a new signal waveform based on deep packet classification. In this paper, we review some previous researches
and discuss the existed approaches of packet analysis and then
propose new analysis architecture based on a mathematical
statistical approach. Compared with conventional methods,
the network data within a time period is recorded to obtain
the training waveform. The attention is on the statistical data

of the waveform features, and we use their feature extractions
as input to the classifiers.
Packet classification can be divided into two parts,
training and testing. The training part is used to establish
patterns and behavioural rules, and the testing part is for
the classification and determination of the samples. In the
training stage, data frame length information is extracted,
and the integer of the length information of the data frame
converted to a string. Then a certain number of characters are
taken as a unit of the recording pattern and the pattern mode
and its number of occurrences will be counted (the pattern
retreats one packet each time). Through the training process,
the system determines the signal waveform and its number of
occurrences. Then, the same transform is carried out on other
data, by loading the test string data into the Aho-Corasick
(AC) automaton for matching, obtaining a match situation,
and then we make a comparison with standard data. We use
their differences as the judgment basis.
On the other hand, recent intrusion detection systems
commonly use two detection technologies, namely, misuse detection and anomaly detection. Anomaly intrusion
detection is a behaviour-based detection regime. Its basic
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Figure 1: Categories of packet classification algorithms.

principle is to determine whether a deviation from the socalled normal behaviour contour exists by comparing the
current system and user’s behaviour with the established
system or user’s normal behaviour contours, which can
determine whether it is abnormal (intrusion) behavior; this
is an indirect detection method. Misuse intrusion detection
has also been referred to as knowledge-based detection, the
principle of which is conducting attack feature extraction
with known attack methods to constitute a signature database
then processing pattern matching between the audit data
and the feature library to determine the intrusion behaviour.
This approach, which is based on the principles of the above
two intrusion detection methods, consolidates the user’s
behaviour and methods of attacks and will put forward new
intrusion detection principles for the whitelist and blacklist
of network’s behavior. That will enhance the efficiency of
traditional anomaly detection and misuse detection methods.
The method applied in this paper is similar to misuse
detection, in that the characteristics and rules of the packets
are obtained for different kinds of applications, which will
form the basis of the classification. This paper puts forward
a new idea for packet detection by calculating the features
of the network packet, which means that it draws on the
allied technology of packet classification and uses these
technologies as its foundation. However, this topic uses a
certain flow of data packets as the object of the analysis and
processing and extracts and calculates the signal waveform
information of the characteristics to classify the data packets,
which is different from the majority of packet classification
algorithms based on a single or data connection packet. Furthermore, it implements a network-based real-time packet
detection system, to carry out the detection and analysis of
the network behaviour of the user. This paper with calculation
and matching of the overall data packets flowing through the
network can get more accurate grasp and analysis of user
behaviour, as well as achieving the purpose of detection of
user behaviour of network applications. At the same time, the
algorithm can also be used for the detection of some forms
of intrusion. In addition, through appropriate training, it can
also be implemented in user identification and system safety
rating.

In this paper, some related knowledge is introduced
in Section 2, and our system architecture and proposed
approaches are presented in Sections 3 and 4. In Section 5,
we introduce some advanced analysis of this issue. And
we have conducted some preliminary assessment of the
approach, which will be described in Section 6. In Section 7,
we conclude the paper and offer a look towards planned
future work.

2. Background and Related Work
As effective means of network monitoring and traffic control,
network packet classification technology has developed by
leaps and bounds since its birth. At the same time, various
classification methods and means have continually emerged,
which have been used in a wide range of network packet
inspection methods. In this section, an introduction and
analysis of several classic packet classifications are given, as
well as a brief summary of the research situation regarding
the packet classification algorithms.
According to the different division standards, there are
several different classifications of intrusion detection systems
(see Figure 1).
Recent packet classification technology mainly includes
Deep Packet Inspection method (DPI), Stateful Packet
Inspection Method (SPI) (header packet classification), and
inspections based on the flow characteristics of known data
sets, such as support vector machines (SVMs) for classification and the artificial neural network classification algorithm,
as well as the pattern matching classification algorithm.
DPI technology generally utilizes the packet payload
to identify applications. DPI checks not only the header
information, but also the deep packet payload content to
determine the application layer protocol. DPI technology
utilizes exact string on behalf of the network application
mode or regular expressions for matching with the data
packet payload, so that it can be determined whether the
detected pattern is present in the data packet payload.
SPI is designed to prevent harmful or unsolicited packets
entering the computer. SPI was originally developed for
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firewalls, but so far it has become an important factor in
network-based intrusion detection systems (NIDS) and many
other applications [3].
The so-called “state” denotes “things before recording.”
Essentially, SPI is a dynamic packet filter working in a
network layer. It checks each IP packet to obtain the necessary
information and then the tracking network connection state,
thus allowing or denying the subsequent traffic through the
firewall. SPI gradually replaced the static packet filter and
became an industry standard for network firewall solutions.
SPI tracks network connection states (such as TCP
streams or UDP communications) and saves the important attributes of each connection into its memory. These
attributes are collectively referred to as the state of the
connection, which may include the IP address, port number,
and serial number. State inspection monitors packet data and
the connection status of incoming and outgoing packets and
stores them into a dynamic state table. The accumulated data
will be evaluated, and filtering decisions are based not only
on predefined rules set by the administrator, but also on
the configuration established by previous connections and
packets belonging to similar connections.
On the other hand, many scholars have designed packet
classifications and algorithms according to the known data
set, such as the classification algorithm based on support
vector machines (SVM-based) and artificial neural networks
(ANN-based), as well as classification algorithm based on
Bayesian network, calculation of pattern matching, and so
forth.
The SVM is a supervised learning method that can be
used for classification and regression analysis. It will map
the training vectors to a high dimensional feature space, and
each vector will be marked by its category. The SVM treats
the classification as a quadratic optimization problem. The
combination of SVM and generalization control technology,
which can avoid the “curse of dimensionality” by setting the
maximum interval between the different categories, makes
it a practical tool in processing large number of dynamic
collected data. By defining a series of SVMs, SVM constructs
separating hyperplanes in the feature space to conduct data
classification [4].
In the past, several research groups have proposed
a variety of intrusion detection methods based on SVM
technology. Fugate and Gattiker [5] proposed an anomaly
detection method using SVM. Kim and Park [6] proposed
a method of applying SVMs to network-based intrusion
detection systems. Xie et al. [7] proposed a feature extraction
algorithm using a factor analysis (FA) and support vector
decision function ranking method (SVDFRM). Mukkamala
et al. [8] described approaches to intrusion detection using
SVMs. They built efficient and accurate classifiers to detect
intrusions. Hu et al. [9] have proposed a host-based anomaly
detection method using RSVM. Kim et al. [10] proposed a
fusion of a genetic algorithm (GA) and SVM for anomaly
detection in an intrusion detection system (IDS).
Artificial neural networks (ANN), also called neural
networks, are a mathematical or computational model that
imitates the structure and function of a biological neural
network. The neural network is constitutive of interconnected
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artificial neurons, which uses the link method to calculate and
process information. In most instances, the neural network
is an adaptive system, which means that it can change its
structure in the learning stage. So far, ANNs have been widely
applied in the field of intrusion detection. Cannady [11]
presented an approach to the process of misuse detection that
utilizes the analytical strengths of neural network. Lippmann
and Cunningham [12] improved high false-alarm rates by
using a combination of discriminative training and generic
keywords. Bivens et al. [13] used a time-window method. The
method allows us to generalize input further than Cannady’s
method, enabling us to recognize longer multipacket attacks.
They collect and monitor network traffic trends. LorenzoFonseca et al. [14] proposed a sort of compromise between
both ends of the scale: a model based on principal component
analysis (PCA) as the chosen algorithm for reducing characteristics in order to maintain efficiency without hindering
the capacity of detection. Moradi and Zulkernine [15] aimed
to solve a multiclass problem in which the type of attack
is also detected by the neural network. Wang et al. [16]
proposed a novel approach for ANN-based IDS, the FCANN, to enhance detection precision for low-frequent attacks
and detection stability.
The Bayesian network, also called evidential network, is
an expansion of the Bayesian method and one of the most
efficient models in the uncertain knowledge and reasoning
field. It can be used to express and analyze uncertainty
and probability events and conditionally relies on decision
making with a variety of control factors, conducting reasoning from incomplete, imprecise, or uncertain knowledge or
information [17, 18].
Similarly, there are many studies on Bayesian-based IDS.
Bulatovic and Velasevic [19] suggested a Bayesian alarm
network to work as an independent network intrusion
detection agent. Kruegel et al. [20] utilized a Bayesian
decision process to classify input events. Burroughs et al.
[21] used Bayesian multiple hypothesis tracking as a basis for
identifying the activities of individual attackers as they move
across many networks. They improved the understanding of
the attackers’ behaviour by using existing data being gathered
from distributed IDS. Cemerlic et al. [22] proposed an
adaptive network intrusion detection system using a Bayesian
network, trained with a mixed dataset containing real-world
and DARPA dataset traffic.
At present, the use of a pattern matching method to detect
intrusion is gradually becoming the mainstream of intrusion
detection systems. As the core of pattern matching methods,
string matching algorithms have been researched and applied
widely. With the present development of pattern matching
algorithm, there are mainly two research directions, single
mode and multimode. Classic pattern matching algorithms
contain the KMP algorithm, BM algorithm, AC algorithm,
and so on.
The KMP algorithm [23] is proposed by Knuth et al.. The
algorithm is based on prefix matching. The KMP algorithm
matching principle is an approach run within the matching
window from the testing text left to right to match. Inspired
by KMP algorithm, Boyer and Moore [24] proposed a
new fast string matching algorithm: the BM algorithm. The
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BM algorithm is a suffix-based matching algorithm, which
considers the position of the characters that may appear in
the string pattern and can glide the body dramatically.
The main idea of the BM algorithm is to conduct the
matching comparison from the left position 𝑖 in the text data
with patterns from the right to left. At the beginning, the
pattern is aligned with the text in the leftmost side. When
mismatching occurs, the next match position should be 𝑖 +
dist[𝜌𝑖 ] in the text, which is equivalent to right sliding of
the pattern by a distance of dist[𝜌𝑖 ] and a skip of dist[𝜌𝑖 ]
characters without comparison. If the character does not
appear in the pattern, or appears at the end of the pattern,
then the slide to the right would be with the greatest distance
of 𝑚.
The Aho-Corasick (AC) algorithm [25] can be regarded
as an extension of the KMP algorithm for the problem
of multipattern matching. The AC algorithm uses a TRIE
data structure to organize all the pattern strings. It reduces
the cycle the strings require in all modes within each
matching window match within the window of the TRIE
data structure. The AC algorithm constructs a dendriform
finite state machine, of which the different internal nodes are
interconnected. These connections enable the failed match to
quickly jump between the other branches of the tree which
share a common prefix. Therefore this also means that the
automata do not need to backtrack during the transition of
pattern matching.

3. System Architecture and Detection
Algorithm Process
This paper proposes a signal waveform packet classification
algorithm and on this basis designs a real-time network
packet detection system. The necessary raw data can be
obtained by real-time capturing network packets and then

the final purpose of matching and classification accomplished
after system processing and computation. Through proper
training the system can detect the behaviour of the network
applications of users. The design of the framework of this
packet inspection system is shown in Figure 2.
As with the conventional detection system, the system can
be divided into two parts: training part and testing part.
The training part is used to establish the classification
model of the system for detection. After data processing, the
statistical waveform features will be extracted and classifier
rules will be established, and then the decision threshold
should be designed.
The testing part will monitor the real-time data traffic
and extract feature information of the message, which will be
fed to the classifier for matching. According to the matching
extent of the testing data and the default data of the classifier,
as well as the training threshold value, the system will
conduct the final decision making, to achieve the purpose of
monitoring the network behaviour.
The system implemented by this paper is constructed in
an environment established by ourselves. The procedure of
the acquisition and analysis of the data at the gateway can be
divided into five steps.
(1) Capture data packets. Use libpcap to capture network
packets on a Linux platform, and record the content
of the data packets.
(2) Feature extraction and preprocessing. Extract the
feature information of the system from the network
packet header which is required for the matching
judgment, and then conduct operation and quantization processing according to the different characteristics and obtain the required feature values of this
issue.
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(3) Calculation of data statistics. After obtaining a certain
amount of network traffic data frames, record the
waveform of the feature information. Then calculate
the appropriate amount of statistical data according to
the digital characteristics of the feature information,
which will be used as input to the classifier.
(4) Classifier determination. Formulate classification
strategies according to the various features and
statistics collected, and design different classifiers
for the matching of various inputs. Decision-making
is to determine the testing data by training and
experimentation, so that the analysis of network
packets can be implemented.
(5) Results and output. Generate users’ network
behaviour logs, summarize the behaviour of the
gateway network application, and then output the
results.
Through the several steps above, the system can implement the real-time monitoring of network traffic flowing
through the established environment and enable the identification of the user network application behaviour more
effectively.
The core detection contents of the system are the classification and matching of packet patterns. The specific process

of the packet classification algorithms designed in this paper
and related algorithms are shown in Figure 3.
From the beginning of the collection of the data to
the final output of the decision-making, in this paper, a
variety of algorithms are implemented for data conversion,
calculation, and matching. The following section will give
a detailed description and analysis of the algorithms from
several aspects, such as the original data processing and the
process of pattern matching.

4. Proposed Algorithm
4.1. Original AC Algorithm. In the analysis and matching of
specific network behaviour, AC automaton is utilized. The
algorithm was developed in Bell Labs in 1975 and is one of
the most famous multimode matching algorithms.
The basic idea of the algorithm is as follows. In the
preprocessing stage, the AC automaton algorithm will establish three functions: a steering function which is defined as
𝑔𝑜𝑡𝑜, a failure function named 𝑓𝑎𝑖𝑙, and an output function
𝑜𝑢𝑡𝑝𝑢𝑡, which constructs a tree-type finite automaton. In the
searching stage, it firstly locates all the occurrence positions
of the keyword in the text by scanning the text through an
intersecting utilization of the three functions.
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This algorithm has two features: one is that during the
process of scanning the text completely it does not need to
backtrack, and the other is that the time complexity will be
𝑂(𝑛), and the time complexity has nothing to do with the
number or length of the keyword.
The implementation of the AC multipattern matching
algorithm can be divided into two stages: preprocessing and
matching. In the preprocessing stage, a finite state machine
is generated according to the string pattern to be matched;
in the matching stage the state machine will conduct a state
transition according to the input text string. When a certain
state is reached, if the status has a matching pattern string,
then the match succeeds. The AC state machine includes the
three functions of 𝑔𝑜𝑡𝑜, 𝑓𝑎𝑖𝑙, and 𝑜𝑢𝑡𝑝𝑢𝑡.
(A) 𝑔𝑜𝑡𝑜 Function. The AC-matching algorithm, which takes
character as its processing unit, hypothesizes that the string
group 𝑃 contains 𝑛 patterns, and state machine will be
generated by the use of pattern string groups consisting of five
steps (shown below).
(1) If 𝑛 ≤ 0, return error; 𝑖 = 0;
(2) if 𝑖 ≤ 0, take out the string pattern 𝑃𝑖 and set the
current state 𝑆 = 0; otherwise, end the generation
stage;
(3) take the next character 𝐶 of the 𝑃𝑖 , if 𝐶 exists, then
𝑆 = 𝑔𝑜𝑡𝑜(𝑆,𝐶); otherwise, jump to step (2);
(4) if 𝑆! = −1 (−1 denote null state), jump to step (3);
(5) 𝑔𝑜𝑡𝑜(𝑆,𝐶) = 𝑁𝑒𝑤𝑆𝑡𝑎𝑡𝑒 (NewState: generate a new
state and jump to step (3)).
(B) 𝑓𝑎𝑖𝑙 Function
(1) Define the shortest length of the path from state 0 to
the state 𝑆 as the depth of state 𝑆;
(2) set all states whose depth is 1 to 𝑓𝑎𝑖𝑙(𝑠) = 0; calculate
the value of fail from low to high according to depth;
(3) the fail value of the depth 𝑑 state is calculated by state
𝑟 whose depth is 𝑑 − 1;
(4) set 𝑠𝑡𝑎𝑡𝑒 = 𝑓𝑎𝑖𝑙(𝑟, 𝑎);
(5) execute 𝑠𝑡𝑎𝑡𝑒 = 𝑓𝑎𝑖𝑙(𝑠𝑡𝑎𝑡𝑒) zero to several times until
𝑔𝑜𝑡𝑜(𝑠𝑡𝑎𝑡𝑒, 𝑎)! = 𝐹𝑎𝑖𝑙;
(6) set 𝑓𝑎𝑖𝑙(𝑠) = 𝑔𝑜𝑡𝑜(𝑠𝑡𝑎𝑡𝑒, 𝑎).
(C) 𝑜𝑢𝑡𝑝𝑢𝑡 Function
(1) During the calculation of the 𝑔𝑜𝑡𝑜 function, after the
completion of a mode string added into the state tree,
add the current mode string as the output for the last
state of that mode string;
(2) during the calculation of the 𝑓𝑎𝑖𝑙 function, when
the calculated 𝑟 equals 𝑓𝑎𝑖𝑙(𝑠), add the output mode
string of 𝑟 to the state of 𝑠.

4.2. Proposed Basic Approach: AC Waveform. The flow of the
AC waveform method is as follows.
The system processing of the AC Waveform is described
by the following notations: App(𝑖) denotes the 𝑖th application
and 𝑆𝑇(𝑖) is 𝑖th training stream, label 𝑇 means the stream is for
training, and App(𝑖)
𝑆𝑇 is used to represent the true application of
the training stream, where 𝑖 = 1, 2, 3, . . . is the serial number
of the training applications. Thus, consider (𝑆𝑇(𝑖) , App(𝑖)
𝑆𝑇 ) as a

training sample labeled by App(𝑖)
𝑆𝑇 , which will be the input
of the system in the training stage. (Note: in the following
description, without special instruction, the symbol := means
the assignment operation and the notation = represents truth
assertion, that is, the comparison operation between the left
and right sides of the value, and 𝑉𝑎𝑙𝑢𝑒{𝑐𝑜𝑛𝑑𝑖𝑡𝑖𝑜𝑛(𝑠)} means
that the value can only be obtained provided the condition(s)
inside the brackets is(are) met.)
Training stage. First, a preprocessing procedure is conducted on the data stream which will be denoted by the
following equation:
(𝑖)
(𝑖)
(𝑖)
(𝐿(𝑖)
𝑇 , App𝑆𝑇 ) := Γ𝑒 (𝑆𝑇 , App𝑆𝑇 ) ,

(1)

where 𝐿(𝑖)
𝑇 represents the extracted frame length information.
The next step will be the waveform generation process,
which can be demonstrated by the following equation:
(𝑖)
𝜔𝑇(𝑖) := Λ 𝜔 (𝐿(𝑖)
𝑇 , App𝑆𝑇 ) .

(2)

Consider 𝜔𝑇(𝑖) as the generated waveform by conducting
the process of Λ 𝜔 function with the frame length information
𝐿(𝑖)
𝑇 extracted in the last step. Then it converts the waveform
information into short patterns, and we use the Δ 𝑐 function
to represent this process; the string segmentation strategy
involved will be described in detail in the following sections.
Here, the following equation is simply used to illustrate this
procedure, regardless of the implementation details of the
process:
(𝑖)

𝛿 [𝑃𝑚 ]𝑇 := Δ 𝑐 (𝜔𝑇(𝑖) ) ,

(3)

where 𝛿[𝑃𝑚 ](𝑖)
𝑇 denotes a string array of a group of short
patterns with label App(𝑖)
𝑆𝑇 generated in the Δ 𝑐 process and 𝑃𝑚
is the 𝑚th short pattern with 𝑚 = 1, 2, 3, . . . .
Then, we feed 𝛿[𝑃𝑚 ](𝑖)
𝑇 into the system to establish AC
automaton 𝜙𝑇(𝑖) , which can be expressed by
(𝑖)

𝜙𝑇(𝑖) := Φ𝑒 (𝛿 [𝑃𝑚 ]𝑇 ) .
(𝑗)

(4)

Similarly, in the test stage, 𝑆𝐷 is used to denote the testing
data stream, where the subscript of label 𝐷 signifies that the
stream is for detection. Then, the testing data stream will
be fed into the testing system. The same data preprocessing
steps will be conducted, including frame length information
extraction and waveform establishment (see (1) and (2));
we will conduct a data conversion procedure, which will
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generate the short testing patterns. Similarly, the process can
be denoted by the following equation:
(𝑗)

(𝑗)

𝛿 [𝑃𝑛 ]𝐷 := Δ 𝑐 (𝜔𝐷 ) .

(5)

Training stage
Training
stream

Frame length
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Then, the data is input into the established AC automaton
in the training stage, and the total number of matches will be
counted:
𝑆𝐷

𝑛

(6)

where the 𝑀𝑎𝑡𝑐ℎ𝑖𝑛𝑔 function refers to the matching process
after the data is fed to the AC automaton. 𝑀𝑅(𝑖)
(𝑗) is used
to represent the decision-making result by comparing the
counted result with the set threshold, which can be denoted
by
1,
{
{
:=
M(𝑖)
(𝑗)
{
{0,
{

C(𝑖)(𝑗)
𝑆𝐷

Connection number

Testing stage
Testing
stream

Frame length

(𝑗)

C(𝑖)(𝑗) := ∑1 {𝑀𝑐 (𝛿 [𝑃𝑛 ]𝐷 , 𝜙𝑇(𝑖) )} ,

AC
pattern

AC
matching

Connection number

Figure 4: AC waveform flow.

> threshold

C(𝑖)(𝑗) ≤ threshold
𝑆𝐷

(7)

(𝑖 = 1, 2, 3, . . . ; 𝑗 = 1, 2, 3, . . .) ,
(𝑗)

where the value of {1, 0} refers to a testing data stream 𝑆𝐷
match or mismatch with App(𝑖) according to its following
condition holds.
Then, it uses the following equation:
R𝑆(𝑗) := App(𝑖) {1 = M(𝑖)𝑗 }
()
𝐷

(8)

to represent the output of the testing result, which means that
(𝑗)
the testing stream 𝑆𝐷 belongs to application App(𝑖) , labelled
by 𝑖 when the value of decision-making result M(𝑖)
(𝑗) equals 1.
In short, after the standard file is loaded, the system
extracts the length information of the data frame and converts
it to a string, with a certain number of characters as the
unit record and short waveform, and counts the number of
occurrences of the short waveform (back-off packet length
every time). So the standard waveform and its number of
occurrences would be obtained through the training and AC
automata established on this basis. In the testing stage, the
system conducts string conversion with other data and carries
out the AC match, as well as recording pattern matching
occurrence. The matching number and the standard number
are calculated, in order to obtain the square of the difference,
which will be considered as the basis of the judgment. Both
the differences between similar applications and different
applications will be recorded. Likewise, the best judgment
threshold value will be found to distinguish the different types
of application through repeated experiments. On one side of
the threshold value, they are similar applications, and on the
other side they do not fall into this category (see Figure 4).
4.3. Advanced Approach: AC-Histogram Waveform. As with
the description of the AC waveform, similarly, Symbol
App(𝑖) is also used to represent applications and 𝑆𝑇(𝑖) is

the 𝑖th training stream, whereby label 𝑇 means that the
stream is for training and App(𝑖)
𝑆𝑇 is used to represent the
application of the training stream with 𝑖 = 1, 2, 3, . . .
which is the serial number of the training application. Thus,
(𝑆𝑇(𝑖) , App(𝑖)
𝑆𝑇 ) is regarded as a training sample labelled by

symbol App(𝑖)
𝑆𝑇 , which will be the input of the system in the
training stage.
In the training stage, after the same data preprocessing,
which includes frame length information extraction, as well
as waveform establishment (see (1) and (2)), however, we will
conduct a different AC automaton establishment process, the
Ψ𝑒 ( ) function, and the new automaton will be denoted by 𝜓𝑇(𝑖)
in the following equation:
(𝑖)

𝜓𝑇(𝑖) := Ψ𝑒 (𝛿 [𝑃𝑚 ]𝑇 ) ,
(𝑖)

(𝑖)

for each 𝑃𝑚 : C [𝑃𝑚 ]𝑇 := ∑1 {𝑂𝑐 (𝛿 [𝑃𝑚 ]𝑇 )} ,

(9)

𝑚

during which 𝑂𝑐 function is added to counting the number
of occurrences of each patterns, and an array symbol C[𝑃𝑚 ](𝑖)
𝑇
is used to store the statistical results for each pattern, which
will provide the basis of the data for the establishment of the
histogram in the following step.
The next step will be the histogram establishment process,
which can be illustrated by
(𝑖)

(𝑖)

H(𝑖)
𝑇 := 𝐻𝑒 (C [𝑃𝑚 ]𝑇 , 𝛿 [𝑃𝑚 ]𝑇 ) .

(10)

(𝑗)

In the test stage, 𝑆𝐷 is used to represent data stream for
detection and feed it into the test system. Through the same
data preprocessing, which includes frame length information
extraction, as well as waveform establishment (see (1) and
(2)), the quantized data of short patterns can be obtained by
(𝑗)
carrying out data conversion on the 𝜔𝐷 established:
(𝑗)

(𝑗)

𝛿 [𝑃𝑛 ]𝐷 := Δ 𝑒 (𝜔𝐷 ) .

(11)
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(𝑗)

Then, input 𝛿[𝑃𝑛 ]𝐷 into each of the AC-histogram
automata, for which the symbol is 𝜓𝑇(𝑖) , constructed in the
training stage, and simultaneously count the number of
matches for each short pattern, which can be illustrated by
the following equation:
(𝑖)

(𝑗)

for each 𝑃𝑛 : C [𝑃𝑛 ]𝑆(𝑗) := ∑1 {𝑀𝑐 (𝛿[𝑃𝑛 ]𝐷 , 𝜓𝑇(𝑖) )} , (12)
𝐷
𝑛

where the 𝑀𝑐 function refers to the matching process after
the testing short patterns for testing is fed into AC-histogram
automaton.
Then, a histogram of the counted results C[𝑃𝑛 ](𝑖)(𝑗) is
𝑆𝐷

established by
(𝑖)

(𝑗)

(𝑗)

H𝐷 := 𝐻𝑒 (C [𝑃𝑛 ]𝑆(𝑗) , 𝛿 [𝑃𝑛 ]𝐷 ) .
𝐷

(13)

(𝑗)

After obtaining H𝐷 , the Euclidean distance between the
(𝑗)
(𝑖)
H𝑇 constructed in training stage and H𝐷 will be calculated
and the process can be denoted by the 𝑑 function. Then,
we also use M(𝑖)
(𝑗) to represent the decision-making result by
comparing the computation result with the set threshold,
which can be denoted by
1,
M(𝑖)
(𝑗) := {
0,

(𝑗)

𝑑 (H𝐷 , H(𝑖)
𝑇 ) > threshold
(𝑗)
𝑑 (H𝐷 , H(𝑖)
𝑇 ) ≤ threshold

(14)

(𝑖 = 1, 2, 3, . . . ; 𝑗 = 1, 2, 3, . . .) .
Finally, use the following equation:
R𝑆(𝑗) := App(𝑖) {1 = M(𝑖)
(𝑗) }
𝐷

(15)

to represent the output of the testing result, which means that
(𝑗)
testing stream 𝑆𝐷 belongs to application App(𝑖) , labelled by 𝑖
when the value of the decision-making result M(𝑖)
(𝑗) equals 1.
In brief, after processing the packet frame length information, establish the automaton according to the training
set. In the testing stage, feed the data into the automaton
for matching to achieve classification and the determination
of decision. This proposed algorithm accomplishes fuzzy
matching by dividing string into shorter substrings and
counting the matching extent of the substrings. The specific
implementation of the algorithm is shown in Figure 5.
The algorithm execution process is also divided into
two parts, training and testing. The training part mainly
includes the following steps: the conversion of waveform
information, partitioning of the pattern string, substring
processing, establishing the AC-histogram automaton, and
recording the original AC-histogram statistics.
The detection stage (testing stage) includes several steps:
conversion of waveform information, AC automaton matching, and record matching of histogram statistics. In order
to achieve the purpose of the final classification, the system
will match the histogram statistics of the waveform with the
original mode AC-histogram statistics of the waveform and
make a comparison to measure the extent of the subsequent
matching. The process will be specifically performed as in
Figure 5.

4.4. Example for Data Preprocessing and Short Pattern Conversion. The data distribution of the frame length is wide
range, which approaches continuous numeric values, and this
feature can describe much of the information about the data
packet; thus, we can take it as a key part in the detection
process. After the mathematical processing described in the
previous section, the system will effectively quantify the data
again and reduce the range of the data to 1–35, which it
subjects to the reservation about most of the information
of features. Due to the continuous characteristics of the
values, as well as for keeping the chronological correlation
of the network traffic, the system uses multimode matching
algorithm for data classification [26].
In the preprocessing stage, after the system reads the raw
standard data, firstly, the waveform of the frame length is
quantified, and for ease of matching the system converts the
data from a decimal number into a character, which means
that 1 to 35 can be mapped to a–z and A–I, a total of 35
characters. Specifically, according to the data distribution
used to conduct the conversion, the conversion rules are as
follows.
51 bytes–200 bytes (of which the interval is 10 bytes) are
converted to “a” to “o”; that is, if the frame length of the data is
between 51 bytes and 60 bytes, the frame length information
will be recorded as the letter “a,” 61 bytes to 70 bytes will be
denoted by b, and so on; 201 bytes–2000 bytes (of which the
interval is 100 bytes) are converted to “p” to “z” and “A” to
“G”; that is to say, if the frame length of the data is between
201 bytes and 300 bytes, the frame length information will be
recorded as “A,” the 301 bytes to 400 bytes will be denoted by
“B,” and so on.
Those less than or equal to 50 bytes will be denoted “H”;
and those greater than 2000 bytes will be recorded as “I.”
So the data frame length information will be effectively
quantified, and due to the presence of a divided interval,
the fuzzy matching can be effectively conducted in order to
reduce interference to the system caused by the noisy frame
data.
Thus, we can obtain the string of the flow of the frame
length. For this example, see Figure 6 for more details.
Thus, in this procedure of data processing, the algorithm
firstly converts the integer of the length information of the
data frame to a string, then takes a certain number of
characters as the unit of the recording pattern, and counts the
pattern mode and its number of occurrences. Then, it regards
it as the standard and uses these patterns to establish the AC
automata. At the testing stage, it conducts string conversion
with other data, uses the AC algorithms to count matching
number of each pattern, and then counts the histogram
of the pattern’s number of occurrences in chronological
order. Furthermore, the algorithm calculates the sum of the
square of the difference of the remaining label histogram and
according to this makes the decision. Thus, the best judgment
threshold value is found through repeated experiments.
4.5. Selection Strategy of the Decision Threshold. The algorithm selects the optimal threshold of the experiments for
judgment through an exhaustive method, which is described
as follows.
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Figure 5: AC waveform histogram flow.

According to the order of the data, packets
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Figure 6: Example of quantization process of frame length information.
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Suppose there are two types of data named as A and B,
and each one of them is one-dimensional. The range of data
of class A is Amax ∼ Amin , while the range of the class B data is
Bmax ∼ Bmin .
If there is no crossover between the two types of data, we
may wish to assume that Amax is less than Bmin , then taking
a certain value between them as the judgmental threshold,
and the accuracy of distinguishing it is 100% otherwise there
should be two cases Bmax ≥ Amax ≥ Bmin or Bmax ≥ Amin ≥
Bmin . We will enumerate all the values between Amax and Bmin
or Amin and Bmax , which will be regarded as the judgmental
threshold sequentially in following steps, and then record the
number of samples with an error, noting the smallest number
which is favoured as the threshold.
4.6. Correctness of Proposed Algorithm. In this section, we
prove the correctness of our proposed algorithms, which
include AC waveform algorithm and AC-histogram algorithm.
4.6.1. Proof of Correctness of AC Waveform Algorithm. The
changes of the data frame length information 𝐿(𝑖)
𝑇 within a
period of detection will be regarded as the determination
basis for the network behaviour of an application. After
the quantization process, the Γ𝑒 function, the waveform
information 𝜔𝑇(𝑖) of the data frame length will be obtained,
that is, the behavioural statistics information. Then, data
conversion (Δ 𝑐 function) is conducted for the waveform
to obtain the behavioural string data. Through fixed-length
segmentation, the substring patterns of behaviour 𝛿[𝑃𝑚 ](𝑖)
𝑇
will be obtained. On this basis, establish the AC automaton
𝜙𝑇(𝑖) by the utilization of the redundant pattern strings. In
the testing stage, by carrying on the same data preprocessing
for detecting data stream, the pattern strings of the testing
(𝑗)
data 𝛿[𝑃𝑛 ]𝐷 will be obtained. Then, input the patterns into
the established AC automaton 𝜙𝑇(𝑖) to conduct the pattern
match, and count the number of matching occurrences
(𝑗)
C(𝑖)(𝑗) := ∑𝑛 1{𝑀𝑐 (𝛿[𝑃𝑛 ]𝐷 , 𝜙𝑇(𝑖) )}. When the number of
𝑆𝐷

matching is larger than a certain threshold, we have reason
to believe that the behaviour of the test data waveform has
reached a certain level of matching with the waveform of the
training samples, on the basis of which the AC automaton is
established. And the degree of matching allows us to accept
the assumption that the detected data belong to a certain
application.
To a certain extent, the AC waveform detection method
observes more of the overall trends in behavioural waveforms
of the data frame length information within a certain period
of time, rather than focusing on the detection of the detailed
information of matching within certain short time intervals.
4.6.2. Proof of Correctness of AC Waveform Histogram Algorithm. The data preprocessing of AC waveform and histogram method is the same as the AC waveform method
described above. Similarly, it treats the changes in the data
frame length information 𝐿(𝑖)
𝑇 within a period of detection
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as the basis of determination for the network behaviour
of an application. After the process of quantization Γ𝑒 , the
waveform information on the data frame length, that is, the
behavioural statistics information 𝜔𝑇(𝑖) , can be obtained. Then,
data conversion (Δ 𝑐 function) for the waveform is conducted
to obtain the behavioural string data. Through fixed-length
segmentation, the pattern substrings of behaviour 𝛿[𝑃𝑚 ](𝑖)
𝑇
will be obtained. On this basis, the establishment of the
AC-histogram automaton 𝜓𝑇(𝑖) will be conducted by the
utilization of the redundancy pattern strings. However, the
difference is that during the process of establishment of AChistogram automaton Ψ𝑒 ( ), more detailed information is
simultaneously recorded, that is, the number of occurrences
(𝑖)
of each string pattern C[𝑃𝑚 ](𝑖)
𝑇 := ∑𝑚 1{𝑂𝑐 (𝛿[𝑃𝑚 ]𝑇 )}, and
establish histogram (𝐻𝑒 function) for them, which will be
the basis of decision-making for matching. In the testing
stage, we will carry out the same preprocessing as for the
(𝑗)
detecting data stream, and the pattern strings 𝛿[𝑃𝑛 ]𝐷 of
the testing data will be obtained. Then, the patterns are
input into the established AC-histogram automaton 𝜓𝑇(𝑖) to
conduct pattern matching, similar to the training stage, the
number of matching occurrences for each pattern is counted,
(𝑗)
C[𝑃𝑛 ](𝑖)(𝑗) := ∑𝑛 1{𝑀𝑐 (𝛿[𝑃𝑛 ]𝐷 , 𝜓𝑇(𝑖) )}, and a histogram is con𝑆𝐷

structed. Then, it makes comparison between the histograms
built in the two stages, and the Euclidean distance is taken as
the measure of the degree of matching. When the computed
value of the distance is less than a certain threshold, it thus has
reason to believe that the behaviour of the test data waveform
achieves a certain level of match with the waveform of the
training samples based on which AC-histogram automaton
is established. And the degree of matching allows us to accept
the assumption that the detected data belongs to the certain
application.
In contrast, to a certain extent the AC waveform histogram method requires more demanding conditions for
matching determination. Not only the overall trend of behavior waveform within a certain period of time reaching a
certain matching degree is required, but also the condition
that small zones of the behaviour waveform need to achieve
a certain level of matching. Depending on these conditions,
the conclusion of decision-making for determination of
matching can be drawn. That is to say, we conduct the
measure of matching in smaller intervals, in order to achieve
a higher accuracy.

5. Advanced Analysis
5.1. Extraction and Processing of the Packet Feature
Information
5.1.1. Original Packet. The original data can be obtained by
capturing packets at the gateway. For ease of interpretation,
we use Wireshark, which is network software used for packet
analysis, shown in Figure 7.
The hexadecimal data behind the comprehensive information is the contents of the data frame, such as data packet
number, frame length, and arrival time.
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The1–14th bytes of the
Ethernet packet header
contain destination MAC
address, source MAC
address, and the upper data
type carried by Ethernet
frame

The 15–34th bytes
successively denote IP
header, which holds the
version number, length of
header, type of service, the
total length, identifier, IP
options, and so forth

As the protocol of this packet is TCP,
thus, the 35–54th bytes represent the
information of TCP header of this piece
of data, encapsulating the source
port number, destination port number,
serial number, the acknowledgement
serial number, data offset number, the
retain and control field, window, check
and content, emergency pointer, and
so forth

Figure 7: Parse packets result from Wireshark.
Table 1: Specific features selected for this paper.
No.

Feature Type

1

Frame length

2

Ethernet protocol type

Ethernet type (IP = 0x0800, ARP = 0x0806, RARP = 0x8035, and
others recorded as −1)

3

IP protocol type

Such as TCP = 6, UDP = 17, ICMP = 1, and others recorded as −1

4

ARP/RARP opcode

ARP/RARP type of operation (ARP request is 1, the ARP response is
2; RARP request is 3, and RARP response is 4)

5
6
7
8
9

ICMP type
ICMP code
TCP/UDP source port number
TCP/UDP destination port numbers
TCP control field

ICMP message type
ICMP message code
TCP/UDP packet source port
TCP/UDP packet destination port
TCP packet flag field

Feature information needed by this system will be
extracted and calculated from data packet similar to the
above, and the following sections will provide specific
description.
5.1.2. Feature Extraction and Quantification. Feature extraction is an important part of the input for the classifier, which
has a direct impact on the quality of the final determination.
This paper referenced some of the methods, Cannady selected
nine data features; not only because they are normally present
in the network packets but also because they provide a
complete description of the packet transmission information
[27], which includes protocol type, source port, destination port, source IP address, destination IP address, ICMP
type, ICMP code, the length of the original data, and the

Remark
Data packet frame length, in bytes

data portion [28]. Today, however, due to the widely used
characteristics of distributed technology, features such as
source and destination IP address become nonrepresentative.
In addition, KDD-CUP-99 processed the data of the 1998
DARFA intrusion detection evaluation program and selected
41 dimensional feature data with which we conduct detection
analysis [29]. However, due to the cumbersome processing
of the experimental data and offline detection, it is usually
too much for academic research. According to the topic of
statistical-based information and the real-time requirements,
this paper extracted 9 data features from the data packets as
the object for study. These features are a good representative
of the information contained in the data transmissions, and
the specific features are listed as in Table 1.
In order to facilitate the subsequent operation of the
algorithm, the system will carry out the decimal conversion
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processing for each feature, wherein the hexadecimal data
of the Ethernet protocol type is converted into decimal
numbers; that is, IP = 2048, ARP = 2054, and RARP =
32821. In addition, the binary data of the TCP control field
is converted into decimal numbers. The remaining feature
information is denoted directly by its original decimal value.
Through the above quantization method, the system can
obtain 9-dimensional decimal data from each data frame
based on the selected features, and the statistical waveform
of the various characteristics of the segment data packets can
be obtained after a certain flow of data packets.
5.2. Packets Matching Algorithm. After obtaining waveform
information for the original features of the network segments,
the core part of the system will be conducted, the pattern
matching calculation section. To this end, the different computation and statistical programs were designed for various
features of the original waveform in order to obtain the statistical feature values which carry significant characteristics
of the segment of the data flow. Then, these data are used to set
the classification rules of the classifier. Through a great deal
of training and experimentations, the means of the measure
of the matching degree are set in addition to the threshold
determined, as well as the implementation of network packet
matching and outputting of the results.
With regard to statistical feature extraction, the system
adopted the histogram method to determine part of the
information. However, for the data frame length information, this study designed a unique method, that is, the AC
match-histogram method, and utilized the above program
to complete the calculation process of the feature statistics.
In addition, multiple strategies for measuring the degree of
matching have been designed, such as the direct calculation
of the Euclidean distance between the statistical waveforms.
See below for a detailed description of the algorithm.
5.2.1. Design and Calculation of the Feature Information of the
Statistical Waveform. After a certain time span of the data
packets is obtained, the system will extract and quantify the
feature information of each data packet, so that the statistical
waveform information of each feature in the network traffic
segments will be obtained. According to the distribution of
the facts and characteristics of the figures for each feature,
the system classified the features into three types, in order to
obtain different statistics.
(1) Features of Data Protocol Type. The system will
conduct a statistical investigation and analysis of the Ethernet
protocol type, the IP protocol type, and ARP/RARP opcode
of the data packet. Since the data of these features is discrete,
which also keep the mutually exclusive relationship, the data
thus can be divided into different 19 categories. To this end,
the system regards IP protocol type, ARP/RARP operation
as determination conditions, to classify and analyze the data
packets.
When each packet is obtained, the system will carry out
the first division according to its Ethernet type, and thus
the data packet will be classified into three branches, which
include IP packets (Ethernet type is 2048), ARP packets
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(Ethernet type: 2054), and RARP packets (Ethernet type
32821), and does not count the rest. For the first branch of
the IP packet node, according to its specific IP protocol, the
data is once again divided into TCP packets (IP protocol
type 6), UDP data packet (IP protocol type 17), and ICMP
data packets (IP protocol 1), and the rest will not be counted.
For the second branch of the ARP packet node, according
to its specific protocol, the data packet can be classified
into specific types with regard to the operation requested:
operation package (opcode = 1) and response operate packet
(opcode = 2). Similarly, the third branch of the RARP
data packet can also be divided into the requested operation
packet (operation code is 3) and response operation packet
(operation code is 4).
Thus the system will use the several data features mentioned above and the designed classification rules to ultimately summarize and allocate each data packet into one
of seven categories. However, when the original packets of
data traffic set by the system are obtained, the system will
determine the number of data frames classified into each
category for each segment, and after organization a piece of
statistical information with a length of 7 can be obtained. See
Figure 8(a) for details of the histogram diagram.
(2) Port Number and TCP, ICMP Specific Features of
Information, including the Message Source and Destination
TCP/UDP Port Number, TCP Control Field, ICMP Code,
and ICMP Type. This part can extract seven sets of data
from the packets, and all of them are discrete. The respective
description of each of feature is listed as follows.
(a) TCP/UDP source and destination port number
ranges from 0 to 65535, according to the type and
distribution of the port. The port number can be
divided into seven intervals. After the equalization
process, the interval ranges are 0–21, 22–50, 51–100,
101–500, 501–1023, 1024–49151, and 49152–65535. Thus
the system can obtain histogram statistics of the data
port information of this data flow, as shown in the
diagram in Figure 8(b).
(b) ICMP type features, divided according to the value of
the data distribution, by equalizing the height, and the
intervals are divided as follows: 0–7, 8, 9–18, and 19–
255, that is, four intervals.
(c) ICMP code, which is very simple and does not
require much processing, could be classified into five
categories, which can be denoted by five intervals
including 0, 1, 2, 3, and >3.
(d) TCP control field. According to the different senses
of the 6-bit flag segment characters conduct statistical
computation according to whether each bit is effective, which is divided into six intervals, URG = 1,
ACK = 1, PSH = 1, RST = 1, SYN = 1, and
FIN = 1, so that the system can obtain three statistical
histogram waveforms similar to the port number of
the data packets and ICMP and TCP information
features.
(3) Frame Length Information. Frame length information
in bytes, its value on the basis of the experiments in this
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Figure 8: (a) Protocol type feature: port number feature. (b) Statistical waveform.

paper, is almost continuous, ranging from 50 to 2000 bytes.
Similarly, according to a large number of experimental data,
the optimal division of intervals is as in Table 2.
Thus the length information of each frame can be reduced
to a range of 35 discrete data.
5.3. System Output. With the various statistical features of
information matched, the system will obtain the corresponding result of the matching. Through the generalization of
these results, the final decision about whether the data packet
matches the corresponding behaviour will be made. The
consolidated results of the matches of various statistical
features can be denoted by the following equation:
𝑛

𝜇 = 𝜇1 ∗ 𝑤1 + 𝜇2 ∗ 𝑤2 + ⋅ ⋅ ⋅ + 𝜇𝑛 ∗ 𝑤𝑛 = ∑𝜇𝑖 ∗ 𝑤𝑖 ,

(16)

𝑖=1

where 𝜇𝑖 is the match situation of each of the statistical
features; if there is a matching case, its value will be 1;
otherwise, it will be 0. 𝑤𝑖 is the weight of each item; in this
study, the features are similar; that is, no major core features
exist, so the values will be set as
𝑤𝑖 =

1 1
=
𝑛 9

(17)

which means that the weights of the features are equal to
each other. This trial extracted 9 features of information of
the statistical waveform, therefore, basically set each of the
weights to 1/9.
After the training process we can determine the threshold
of 𝜇, which is the consolidated matching value, and make the
final decision with regard to the match results, so that we
can accomplish the objective of the detection of network data
packets.

Table 2: Interval setting strategy for frame length.
Intervals
1
2
3
4

Less than or equal to 50 bytes
51–200 bytes (interval of 10 bytes), that is, 51–60 bytes, 61–70
bytes, and so forth
201–2000 bytes (interval of 100 bytes), that is, 201–300 bytes,
301–400 bytes, and so forth
greater than 2000 bytes

Note: a total of 35 intervals.

6. Evaluation
According to the description of the system framework and
the detection processes in the previous sections, in this
study, we built a corresponding network environment and
implemented the network packet detection system on the
gateway. The system utilizes related algorithms to conduct
data preprocessing, feature statistics calculations, matching
determination, and the output of the final test results. We also
illustrate the performance of the algorithms by a comparison
experiment with an approximation algorithm. We built the
network environment in our lab and implemented a realtime packet inspection system based on the Linux operating
system on the gateway and used PHP to build the front
end operation webpage of the system in order to make the
interface user-friendly.
6.1. Environment Setup. Experiments were carried out in an
environment containing a PC, which will be the gateway
through which other PCs can connect with the external network and be used. See Figure 9 for details of the environment
setup.
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Table 3: Quantization process for the 9 selected packet features.
Number

Feature type

Values
The consecutive integer
value

1

Frame length

2
3

Ethernet protocol type
IP protocol type

6, 17, −1

4

TCP/UDP source port
number

An integer of 0–65535, −1

5

TCP/UDP destination port
An integer of 0–65535, −1
numbers

6

ICMP type

7

ICMP code

8

TCP control field

9

ARP/RARP opcode

2048, 2054, 32832, −1

An integer of 0–255, −1
An integer of 0–255, −1
The consecutive integer
value, −1
1, 2, 3, 4, −1

The gateway PC uses double network cards to implement
subnet data transmission. The intrusion detection system
designed in this paper is also set up on this PC.
6.2. Packet Capture. The system utilizes libpcap to obtain the
data packets. Libpcap is a network packet capture and filtering
package which was originally developed by a research team at
the Lawrence Berkeley Lab.
This system will mainly use the pcap findalldevs function
to search the network devices and the pcap loop function to
perform packet capture. The data packets flowing through the
network card will be printed out, as shown in Figure 10.
The packet number, length, and capture time information
will be first and then the packet specific hexadecimal content.
The feature information required by the system on the packets
will be read out and calculated from the data packet content.
We can extract the various characteristics required by the
algorithm which enables information of the packet to be
described.
6.3. Data Preprocessing. According to the features extraction
algorithm designed in the previous section, we will quantify
9-dimensional values of the data packets features, which
will be converted into decimal integers after processing (see
Table 3 for detailed information).
We can thus obtain data on the characteristics of the
packet in a segment of network traffic, and the system will
record it as shown in Table 4.
According to the feature value information of each data
frame in the traffic, we can obtain the value of the various
features of the characteristics of the waveform in the flow,
thereby performing the computation of the amount of feature
statistics.
6.4. Calculation of Packet Features. The system uses the
features statistics algorithm designed in the previous section
in order to calculate the statistical information of each of
the values of features needed to be classified. For different

features, different statistics calculations are applied. The
conversion outcomes of the frame length information of the
data flow generated by the log MSN application are following,
and the system will consider 50 data frames as a process unit
for evaluation. String patterns generated by the frame length
information are listed as follows (length 3); see Table 5.
The numbers of occurrences of each pattern are shown as
waveforms in Figure 11(a).
As shown in the above waveform, according to the
chronological order of the first occurrence of the string
pattern, a uniform interval histogram is constructed (interval
length is 5); that is, Figure 11(b) shows the AC matchinghistogram information on the length information of the data
flow.
Figure 12(a) shows the statistical information of this
network traffic according to the partition method described
in the previous section.
This indicates that the network traffic mostly consists of
TCP packets, as well as a small amount of UDP packets.
With respect to the ICMP type and ICMP code information,
since the flow does not contain ICMP packets, its statistical
information is not recorded. Figure 12(b) shows the TCP
control field information.
Figures 13(a) and 13(b) show the TCP source and destination port number information according to the previous
section. Figures 13(c) and 13(d) show the UDP source and
destination port number information.
6.5. Matching Classification. After obtaining the statistics on
the various characteristics of the data segments, the system
will obtain the parameters matching the algorithm required
for each network behaviour through repeated training. The
investigation established the environment and system and
conducted real-time data monitoring and training on three
types of instant messaging software, namely, QQ, Fetion,
and Renren desktop. In order to enhance the efficiency of
the experiment, when the frame length characteristic was
extracted, we chose the TCP packet for training and the other
protocol type packets were not included in the statistics. The
parameters are listed as in Table 6.
Because the system does not capture TCP packets in the
training process of the QQ application, the string pattern
is empty, so there is no need to conduct matching. And
the pattern strings from the Fetion and Renren desktop
applications can be seen in Table 7.
Obviously the data packet flows of the Fetion and Renren
desktop applications are approximate. However, in comparison with the QQ application, the case is quite different.
The procedures for matching and classification in the
following sections are all based on these training data.
6.6. System Operation Interface. The webpage of the real-time
network behaviour detection system designed in this article
is shown in Figure 14.
In the training stage, the two edit boxes correspond to
the number of training packets and name of the training
application which will be processed in the following training
steps. The TRAINING PROCESS 1 button will conduct the
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Figure 9: Diagram of evaluation environment.

According to the format of this message,
the Ethernet protocol type of this packet
is denoted by the 13th and 14th bytes,
and these two bytes in this figure is
0 × 0800. Thus, the two packets shown in
this figure are both IP packets.

Figure 10: Data packet information.

extraction process on the features of the training samples,
as well as the operation of the establishment of the AC
automaton; the TRAINING PROCESS 2 button will carry
out the comparison between the extraction statistics and
training data and update the matching thresholds of the
various training parameters. Users can conduct training by
themselves, as well as increasing the number of training data
and patterns according to their needs which indicate the
improved scalability of the system.
In the testing stage, the edit box corresponds to the setting
of the number of the behavior which will be detected. The
DETECTAING button will conduct the real-time detection,

and the STOP-DETECTING button will end the detection
operation.
Figure 14 shows how to use the system. As can be
seen from the figure, when the system is running and
after the training stream window outputs each training
session, the update of each parameter will be shown and the
detecting stream window will display the real-time testing
results.
During detection, the system will generate a detection log,
to record and prompt the detection of network behavior, as
well as the labelled classes and specific data frame number of
the network behavior as shown in Figure 14.
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Table 4: Statistics for a piece of network traffic after quantization.
Number

1
60
54
441
60
397
54
1514
54
1514
54
..
.

1
2
3
4
5
6
7
8
9
10
..
.

2
2048
2048
2048
2048
2048
2048
2048
2048
2048
2048
..
.

3
6
6
6
6
6
6
6
6
6
6
..
.

4
80
55652
55652
80
80
55652
80
55652
80
55652
..
.

Features number
5
55652
80
55652
55652
55652
80
55652
80
55652
80
..
.

6
−1
−1
−1
−1
−1
−1
−1
−1
−1
−1
..
.

7
−1
−1
−1
−1
−1
−1
−1
−1
−1
−1
..
.

8
18
16
24
16
24
16
16
16
16
16
..
.

9
−1
−1
−1
−1
−1
−1
−1
−1
−1
−1
..
.

6

12

5

10

4

8
Times

Times

Comment: The feature number in this table corresponds to features in Table 4; for example, frame length = 1.
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Figure 11: (a) String pattern occurrences waveform; (b) AC matching-histogram information of frame length.
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Figure 12: (a) Packet protocol type statistical histogram; (b) TCP control the field statistical histogram information.
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Table 5: String pattern.

qbc
adb
Cha
Cbb
bab

bcq
dbj
haq
bbx
dbn

Short patterns (length 3)
qbb
jbe
bbb
xbp

cqb
bjb
aqb
bxb

40

40

35

35

30

30

25

25
Times

Times

dqb
bad
CCh
CCb
abb

20

bak
ebC
afs
pda

akb
bCC
fsb
daa

kbb
CCC
sbC
aab

20

15
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baf
bpd
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Statistical intervals
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Figure 13: Statistical histogram information of TCP and UDP port number: (a) TCP source port number, (b) TCP destination port number,
(c) UDP source port number, and (d) UDP destination port number.

Protocol type
TCP source port number
TCP destination port number
UDP source port number
UDP destination port number
ICMP type
ICMP code
TCP control field
TCP frame length

Features

Match centre
coordinates
(0, 48, 0, 0, 0, 0, 0)
(0, 0, 0, 0, 0, 0, 0)
(0, 0, 0, 0, 0, 0, 0)
(0, 0, 0, 0, 0, 48, 0)
(0, 0, 0, 0, 0, 48, 0)
(0, 0, 0, 0)
(0, 0, 0, 0, 0)
(0, 0, 0, 0, 0)
—

QQ

2
0
0
4
4
0
0
0
—

Match threshold

Match centre
coordinates
(36, 13, 0, 1, 1, 0, 0)
(0, 0, 17, 0, 0, 6, 19)
(0, 0, 14, 0, 0, 5, 23)
(0, 0, 0, 0, 0, 3, 0)
(0, 0, 0, 0, 0, 3, 0)
(0, 0, 0, 0)
(0, 0, 0, 0, 0)
(0, 40, 8, 0, 4, 1)
(5, 5, 5, 12, 9, 5)

Items
Fetion

18.44
11
13.93
3
3
0
0
21.33
184

Match threshold

Table 6: Results for three applications after training.
Renren desktop
Match centre
Match threshold
coordinates
(32, 15, 0, 1, 0, 0, 0)
22.69
(0, 0, 8, 0, 0, 0, 33)
19.69
(0, 0, 9, 0, 0, 0, 32)
19.23
(0, 0, 0, 0, 0, 3, 0)
3
(0, 0, 0, 0, 0, 3, 0)
3
(0, 0, 0, 0)
0
(0, 0, 0, 0, 0)
0
(0, 40, 20, 0, 3, 5)
33.31
(6, 5, 5, 9, 5, 5, 5)
185
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Table 7: String patterns of frame length information for three applications.

APP
QQ
Fetion

Renren

asB
ana
BBa
yaw
hbb
pff
app
mpp
baa

sBb
nau
BaB
awr
bba
ffm
ppn
paa
aaq

String patterns for frame length information
EMPTY
bBa
Bay
ayb
ybb
uBm
Bmq
mqb
qbb
BBB
Baa
aab
abB
Rpb
pbB
anh
nho
hoo
ooa
mwp
wpg
pgp
gpp
npp
ppq
pqm
qmm
abb
bbp
bps
psr

BbB
auB
aBB
wrp
ban
fmw
pnp
aab

bba
bbB
bBy

ban
bBB
Bya

oap
ppa
mmm
srb

apf
pap
mmp
rbb

Table 8: Experimental results from network application detection.

Fetion
MSN
Nmap
ooVoo
QQ
Renren
SkyDrive
Skype
Weibo
WoW

Fetion
100

MSN

Nmap

87

ooVoo

QQ

7

Renren

SkyDrive

Skype

Weibo

WoW

miss

6

100
2

5

93
100

2

6

92
100
100

2

2

In addition we also use two scan tools: Nmap and
Netenum, which are commonly used by hackers, to simulate
scan attacks against the gateway. After training, the system
can also effectively detect the attacks, which is shown in
Figure 14.
In order to check the performance of the system we use
the detection system in the laboratory to test 10 network
applications. After training, we carried out packet detection
on each application and captured 100 groups for each application, a total of 1,000 sets of data. The 10 network applications
consisted of Fetion, MSN, Nmap, ooVoo, QQ, the Renren
desktop, SkyDrive, Skype, Sina microblogging (Weibo), and
World of Warcraft (WoW), and the experimental results are
shown in Table 8.
The rows indicate the determination results from the
applications, numerical value denotes the situation of accuracy measured, and the columns regard the actual corresponding class of each detected data flow. In case of Renren
application, the detection of wrong msn rate is 20/1000 = 2%,
miss detection rate is 60/1000 = 6%, and the final detection
accuracy rate is 920/1000 = 92%.
Through the above experiment, it can be verified that
our system can use the established network behavioural
patterns collection to monitor and record the behavior of the application on the user’s network, as well as
the system’s undetected and false detection rates being
ideal.

5

91
100

6.7. Compared Algorithm-Histogram Statistical Method. The
histogram statistical methods will read the frame length
information for the data packet and intercept the data frame
within a certain time which may represent the characteristics
of an attack or an application.
The statistical histogram is counted and generated
according to the specific situation. After processing a
large amount of data, the statistical interval division will
be obtained according to the interval setting strategy in
Section 5.
Due to the overbroad numerical range, the histogram
distribution is very irregular, which is not favourable for the
operator. In order to balance the histogram height, this study
has conducted certain interval division of the histogram to
obtain more appropriate nonuniform interval segments for
calculation. By computing the original histogram of the data
again to conduct the second-order histogram statistics, we
can obtain the corresponding second order height balanced
histogram.
First, obtain the total number of m data for the raw
histogram information and the ideal histogram interval
number n after processing. Then, increment the data from the
initial value, and accumulate the occurrences of the value c𝑖 ;
that is,
𝑖

m𝑖 := ∑c𝑗 ,
𝑗=0

(18)
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The system can detect the
attacks simulated by
Netenum and Nmap

Figure 14: Detection of simulated attacks.

where m𝑖 represents the number of accumulated data which
are less than or equal to the value 𝑖, and then record the value
𝑖 that tends to meet the following conditions as the interval
bounds:
m𝑖
1 2
:= , , . . . , 1.
m
n n

(19)
6.8. Comparison of Results

Thus the statistics of each interval can also be obtained by
n1

p1 := ∑c𝑖 ,
𝑖=1

n2

p2 := ∑c𝑖 , . . . .

(20)

𝑖=1

So, in this way, it is possible to achieve effective histogram
height equalization, for the utilization of the various kinds of
arithmetics in the subsequent steps of the system.
After acquiring the histogram statistics, conduct pairwise
comparisons and calculate the square of the difference of
the two histograms as the basis of classification judgment.
Euclidean distance, given by the Pythagorean formula, is used
to measure the original distance between two points regulated
by some kind of certain rules, and thus the formation of the
Euclidean space has also become a metric space [30]. As the
most common method of distance calculation, Euclidean distance can be directly and effectively used to reflect differences
between objects. In this regard, this method puts forward a
measuring algorithm by marking the waveform as the point
in the multidimensional space and obtains the degree of
matching by measuring the Euclidean distance between the
points. This paper treats the points on the waveform as the
coordinates of the characteristics in different dimensions, and
the length of the waveform is the number of dimensions.
In this way, each waveform can be denoted by a point in
multidimensional space.
Thus the measurement of the difference between the
waveforms is as follows:
𝑡 = ∑ (𝑥𝑖2 − 𝑠𝑖2 ) ,

where 𝑡 is the difference, 𝑥𝑖 denotes the value of each sample’s
interval, and 𝑠𝑖 means the standard value of each interval.
Then repeat the experiments to find the best judgment
threshold.

(21)

6.8.1. Comparison of Three Methods. The histogram method
when the matching effect is rough cannot reflect the impact
of the time factor on its determination. The AC method is
also not sensitive to the time factor, and both of them will
generate a large error. However, the AC-histogram method
greatly enhances the classification effect.
We selected several instant messaging applications, whose
features of the data frames are very close to each other. They
are MSN, ooVoo, Paltalk, Skype, and Yahoo messenger. We
captured 10 groups of packets for each application and take
one of them as the standard data. Then we use different
methods of detection on them.
Figures 15, 16, and 17 show the experimental results. The
first five rows show the differences between the 10 sets of data
for the same category applications. There are 45 sets of data.
The remaining rows identify the differences between different
applications. There are 200 sets of data. (Simply, m represents
MSN, o represents ooVoo, s represents Skype, p represents
Paltalk, and 𝑦 represents Yahoo messenger. Thus, m/s denotes
the comparison of the experimental results between MSN and
Skype, etc.)

6.8.2. Histogram Method. As described in the previous
section on the intervals setting strategy, directly conduct
statistical processing of the information on data frame length,
as well as obtaining statistical histogram information. Then,
directly calculate the Euclidean distance between the waveforms which will be regarded as the basis for classification
determination.
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4

7

msn
o/m
s/o
oovoo
o/p
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7
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Skype

msn
o/m
s/o
oovoo
o/p
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Figure 15: Experimental results of histogram method.
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p/m
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Figure 17: Experimental results of AC-matching and histogram
method.
Comparison results of different algorithms
2%

AC histogram
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Histogram
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0
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Figure 16: Experimental results of AC method.

In order to facilitate the comparison, the calculated
distance did not conduct root operations. The experimental
results are shown in Figure 15.
The histogram plotted in Figure 16 indicates the accuracy
of the matching waveform: when the detecting waveform
and the training waveform belong to one class, in fact the
same application and the former five cylinders are generally
low, which shows the extent of matching accuracy. Indeed,
when matching with a different application’s waveform, the
result will be at a higher value of the distance between the
waveforms. However, if the Euclidean distance between the
two different application’s waveform is also generally low, it is
possible to make an incorrect classification.
In order to distinguish between similar applications
with heterogeneous applications, we selected the appropriate threshold for the experimental design by a brute-force
method to select the optimal threshold for the experiment.
Using the previously mentioned threshold selection
method, we selected 28 as the threshold, and the error rate
is 16/245 = 6.5%.
6.8.3. AC Waveform Method. Use the proposed algorithm to
convert the packet frame length information into a string,
and establish the AC automaton for the patterns by the
fixed-length substring; then match and record the number of

0.428

AC

0.423
0.326

0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45
Error rate
Algorithm execution time(s)

Figure 18: Comparison of different algorithms.

matches for each pattern. Finally, consider the total number
of matching pattern strings for statistical test data as the
basis for judgment. The experimental results are shown in
Figure 16.
As can be seen in Figure 16, when matching with a
similar application, the histogram cylinders plotted in the
figure are generally high; but when matching with different
applications, the number of matching patterns generally
shows a low trend.
With previously mentioned threshold selection method,
we selected 24 as the threshold, and the error rate is 17/245 =
6.9%.
6.8.4. AC-Matching and Histogram Method. TheACmatching and histogram method, the advanced algorithm
proposed in this paper, similarly uses the Euclidean distance
between the waveforms as the basis for classification
determination, and in order to facilitate the comparison, the
calculated distance also did not conduct root operations. The
experimental results are shown below.
First, the system will carry out frame length information
quantification and use the AC automaton established in the
training stage for pattern matching. Then, the histogram
method is conducted to count the number of matches, and the
Euclidean distance between the training and testing results
obtained from the histogram method procedure is calculated.
Thus the similar application shows a lower distance, and
different applications show a larger distance. The utilization
of the AC-matching and histogram method can get better
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Table 9: Average execution times of different algorithms.

Methods
Algorithm execution time(s)
Error rate

Histogram

AC

AC histogram

0.326
6.5%

0.423
6.9%

0.428
2%

results in identifying the same application and can also
show a high degree of distinction when matching different
applications, as can be seen in Figure 17.
By the previously mentioned threshold selection method,
we selected 129 as threshold, and the error rate is 5/245 = 2%.
Furthermore, the average execution times and error rates
of each method are listed in Table 9. As can be seen from
the experimental results, due to the consideration of the
prioritization factors of the data packets, as well as the higher
matching accuracy (Figure 18), the AC match-histogram
method presents the best classification performance. The
performances of the histogram method and AC method are
close, but the degrees of differentiation are significantly lower
than the AC match-histogram method. Furthermore, since
the execution time of the AC-histogram method approximates to the two other methods, there is no need to concern
the time-consuming problem of the algorithm.

7. Conclusion
With Internet and web attacks becoming more frequent and
diverse, a new packet detection system with more diverse
approaches is needed. In this paper we have constructed a
new detection architecture using statistical-based waveforms.
In the experiment we appropriately deal with the raw data to
obtain the required waveform and then use the classification
machine for training and testing.
By using the detection system raised by this study, on the
one hand the efficiency of detection can be enhanced, and
real-time requirements will be achieved. On the other hand,
the concept of a detection whitelist and blacklist is proposed,
which overcomes the defects in traditional anomaly detection
and misuse detection to some extent. Meanwhile, this study
uses statistics within a certain time window as the judgment
basis, which increases the accuracy of the determination
compared with conventional intrusion detection algorithms
based on a single data frame. Compared with complete
connection-based intrusion detection, it greatly enhances
the convenience of the system and also provides satisfactory
judgment accuracy.

Symbols and Descriptions
AC:
𝑖, 𝑗, 𝑘:
𝜌𝑖 :
dist[𝜌𝑖 ]:
𝑇:
𝐷:

Aho-Corasick algorithm
Serial number
𝑖th character in the text
Distance of the 𝑖th character needs
to jump when match failure occurs
in the matching algorithm
Training
Detecting

App(𝑖) :
𝑆𝑇(𝑖) :
(𝑗)
𝑆𝐷 :
App(𝑖)
𝑆𝑇 :

𝑖th application
𝑖th training stream
𝑗th testing stream
Label of training stream 𝑆𝑇(𝑖) , which
means the training stream truly
belongs to App(𝑖)
(𝑗)
(𝑗)
App𝑆𝐷 :
Label of testing stream 𝑆𝐷 , which is
unknown at the beginning
):
Input
of training stage
(𝑆𝑇(𝑖) , App(𝑖)
𝑆𝑇
(𝑗)

(𝑗)

(𝑆𝐷 , App𝑆𝐷 ): Input of testing stage
Extracted packet frame length
𝐿(𝑖)
𝑇:
information of the 𝑖th training
stream
(𝑗)
Extracted packet frame length
𝐿𝐷 :
information of the 𝑗th test stream
(𝑖)
,
App
):
Input sample of data conversion in
(𝐿(𝑖)
𝑇
𝑆𝑇
training stage
(𝑗)
(𝑗)
(𝐿 𝐷 , App𝑆𝑇 ): Input sample of data conversion in
testing/detecting stage
(𝑖)
Generated waveform of training
𝜔𝑇 :
stage for the 𝑖th application
(𝑗)
Generated waveform of testing stage
𝜔𝐷 :
for the 𝑗th application
:
A
string array of group of short
𝛿[𝑃𝑚 ](𝑖)
𝑇
patterns generated in the data
conversion process of the training
stage for the 𝑖th application
(𝑗)
A string array of group of short
𝛿[𝑃𝑛 ]𝐷 :
patterns generated in the data
conversion process of the detecting
stage for the 𝑗th application
(𝑖)
Established AC automaton for the
𝜙𝑇 :
𝑖th application in the training stage
of AC waveform method
(𝑖)
Established AC-histogram
𝜓𝑇 :
automaton for the 𝑖th application in
the training stage of the AC
waveform and histogram method
:
Established
histogram for the
H(𝑖)
𝑇
patterns of the 𝑖th application in the
training stage of the AC Waveform
and histogram method
(𝑗)
Established histogram for the
H𝐷 :
matching patterns of the 𝑗th
application in the detecting stage of
the AC waveform and histogram
method
Total number of matches of the 𝑗th
C(𝑖)(𝑗) :
𝑆𝐷
detecting stream without
application label when inputting it
into the 𝑖th AC automaton, which is
only used in the AC waveform
method
𝑚th short pattern of the training
𝑃𝑚 :
stream with 𝑚 = 1, 2, 3, . . .
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𝑃𝑛 :

𝑛th short pattern of the testing
stream with 𝑛 = 1, 2, 3, . . .
(𝑖)
An array to store the number of
C[𝑃𝑚 ]𝑇 :
occurrences of each pattern for the
training stream of the 𝑖th
application
An array to store the number of
C[𝑃𝑛 ](𝑖)(𝑗) :
𝑆𝐷
matches of each pattern for the
(𝑗)
detecting stream 𝑆𝐷 when inputting
it into the 𝑖th AC-histogram
automaton
:
Decision-making
result of whether
M(𝑖)
(𝑗)
(𝑗)
the detecting stream 𝑆𝐷 belongs to
the 𝑖th application
Output of the detecting result of the
R𝑆(𝑗) :
𝐷
(𝑗)
detecting stream 𝑆𝐷
𝑉𝑎𝑙𝑢𝑒{𝑐𝑜𝑛𝑑𝑖𝑡𝑖𝑜𝑛(𝑠)}: Value that can be obtained if and
only if the condition(s) inside the
brackets is(are) met
𝑔𝑜𝑡𝑜( ):
goto function of AC algorithm
𝑓𝑎𝑖𝑙( ):
fail function of AC algorithm
𝑜𝑢𝑡𝑝𝑢𝑡( ):
output function of AC algorithm
Preprocessing procedure for data
Γ𝑒 ( ):
stream, including the extraction of
the packet frame length
information, and quantification
Waveform generation process for
Λ 𝜔 ( ):
the packet frame length information
Process to convert the waveform
Δ 𝑐 ( ):
information into short patterns
Establishment of AC automaton
Φ𝑒 ( ):
Matching process by feeding the
𝑀𝑐 ( ):
detecting data into AC(-histogram)
automaton and as a function it will
return with a result of true or false
Process for counting the number of
𝑂𝑐 ( ):
occurrences of each pattern in the
establishment of the AC-histogram
automaton
Establishment of the AC-histogram
Ψ𝑒 ( ):
automaton
Establishment of the histogram
𝐻𝑒 ( ):
𝑑:
Calculation of Euclidean distance
:=:
Assignment operation
=:
Truth assertion
1:
Decision-making of matching
successful result
0:
Decision-making of mismatch result
m:
Total number of data for raw
histogram information
n:
Ideal histogram interval number
after processing
Occurrences of the value
c𝑖 :
Number of accumulated data which
m𝑖 :
is less than or equal to the value 𝑖
Statistics of the 𝑖th interval
p𝑖 :
𝜇:
Consolidated matching value of
decision threshold
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𝜇𝑖 :
𝑤𝑖 :
𝑡:
𝑥𝑖 :
𝑠𝑖 :

Match situation of each feature
Weight of each feature
Difference between waveforms
Value of each sample’s interval
Standard value of each interval.

Conflict of Interests
The authors of the paper do not have a direct financial relation
that might lead to a conflict of interest for any of the authors.

References
[1] H. Mousannif, I. Khalil, and G. Kotsis, “The cloud is not
“there”, we are the cloud!,” International Journal of Web and Grid
Services, vol. 9, no. 1, pp. 1–17, 2013.
[2] B. R. Chang, H. F. Tsai, and C. M. Chen, “Evaluation of virtual
machine performance and virtualized consolidation ratio in
cloud computing system,” Journal of Information Hiding and
Multimedia Signal Processing, vol. 4, no. 3, pp. 192–200, 2013.
[3] S. Yoon, B. Kim, J. Oh, and J. Jang, “High performance session
state management scheme for stateful packet inspection,” in
Managing Next Generation Networks and Services, vol. 4773 of
Lecture Notes in Computer Science, pp. 591–594, Springer, Berlin,
Germany, 2007.
[4] V. Vapnik, Statistical Learning Theory, John Wiley & Sons, New
York, NY, USA, 1998.
[5] M. Fugate and J. R. Gattiker, “Anomaly detection enhanced classification in computer intrusion detection,” in Pattern Recognition with Support Vector Machines, vol. 2388 of Lecture Notes in
Computer Science, pp. 186–197, Springer, Berlin, Germany, 2002.
[6] D. S. Kim and J. S. Park, “Network-based intrusion detection
with support vector machines,” in Information Networking, vol.
2662 of Lecture Notes in Computer Science, pp. 12–14, Springer,
Berlin, Germany, 2003.
[7] L. Xie, D. Zhu, and H. Yang, “Research on SVM based network
intrusion detection classification,” in Proceedings of the 6th
International Conference on Fuzzy Systems and Knowledge Discovery (FSKD ’09), vol. 7, pp. 362–366, Tianjin, China, August
2009.
[8] S. Mukkamala, G. Janoski, and A. Sung, “Intrusion detection
using neural networks and support vector machines,” in Proceedings of the International Joint Conference on Neural Networks
(IJCNN ’02), pp. 1702–1707, Honolulu, Hawaii, USA, May 2002.
[9] W. Hu, Y. Liao, and V. R. Vemuri, “Robust support vector
machines for anomaly detection in computer security,” in
Proceedings of the International Conference on Machine Learning
and Applications (ICMLA ’03), pp. 168–174, CSREA Press, 2003.
[10] D. S. Kim, H.-N. Nguyen, S.-Y. Ohn, and J. S. Park, “Fusions
of GA and SVM for anomaly detection in intrusion detection
system,” in Advances in Neural Networks—ISNN 2005, J. Wang,
X. Liao, and Z. Yi, Eds., vol. 3498 of Lecture Notes in Computer
Science, pp. 415–420, Springer, Berlin, Germany, 2005.
[11] J. Cannady, “Artificial neural networks for misuse detection,”
in Proceedings of the National Information Systems Security
Conference, pp. 368–381, 1998.
[12] R. P. Lippmann and R. K. Cunningham, “Improving intrusion
detection performance using keyword selection and neural
networks,” Computer Networks, vol. 34, no. 4, pp. 594–603,
2000.

24
[13] A. Bivens, C. Palagiri, R. Smith, B. Szymanski, and M.
Embrechts, “Network-based intrusion detection using neural
networks,” in Proceedings of the Intelligent Engineering Systems
through Artificial Neural Networks, vol. 12, pp. 579–584, November 2002.
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Test collection is used to evaluate the information retrieval systems in laboratory-based evaluation experimentation. In a classic
setting, generating relevance judgments involves human assessors and is a costly and time consuming task. Researchers and
practitioners are still being challenged in performing reliable and low-cost evaluation of retrieval systems. Crowdsourcing as a
novel method of data acquisition is broadly used in many research fields. It has been proven that crowdsourcing is an inexpensive
and quick solution as well as a reliable alternative for creating relevance judgments. One of the crowdsourcing applications in IR is
to judge relevancy of query document pair. In order to have a successful crowdsourcing experiment, the relevance judgment tasks
should be designed precisely to emphasize quality control. This paper is intended to explore different factors that have an influence
on the accuracy of relevance judgments accomplished by workers and how to intensify the reliability of judgments in crowdsourcing
experiment.

1. Introduction
In order to have an effective Information Retrieval (IR) system and user satisfaction, evaluation of system performance
is crucial. IR evaluation is to measure whether the system
addresses the information needs of the users. There are two
approaches for evaluating the effectiveness of IR systems
as shown in Figure 1: (i) user-based evaluation and (ii)
system-based evaluation [1]. In the system-based evaluation
method, a number of assessors prepare a set of data which
can be reused in later experiments. A common system-based
evaluation approach is test collections, which is also referred
to as the Cranfield experiments, which is the beginning of
today’s laboratory retrieval evaluation experiments [2]. The
Text REtrieval Conference (TREC) was established in 1992 in
order to support IR researches through providing the infrastructure for large scale evaluation of retrieval methodologies.
Test collection consists of three components: (i) document corpus which is a set of large size documents, (ii) topics

which are a collection of search queries, and (iii) relevance
judgments which involve human assessors appointed by
TREC. The relevance judgment is partial since not all documents from the corpus have been judged by assessors because
the judging task is not only costly but also time consuming.
For instance, a complete judgment collection for TREC-2010
Web needs expert assessors to assess 1 billion documents. By
assuming that an expert assessor can assess two documents
in a minute, 347,000 days are needed for judging 1 billion
documents. Therefore, to assess more documents, a large
number of human experts need to be appointed which is
costly [3].
In TREC, pooling method has been used to recognize a
subset of documents for judging. Figure 2 shows the process
of typical IR evaluation through test collection. The participating systems run their retrieval algorithms against the
document corpus and topics in the test collection to generate
a set of documents called runs. The systems 1, 2, . . . , 𝑚 are the
contributing systems for the pool creation and a collection of
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System-based
evaluation

Test collection
Human in the lab

IR evaluation

Side-by-side
panels
User-based
evaluation

A/B testing
Clickthrough data
Crowdsourcing

in crowdsourcing experiments. The organization of this paper
is as follows: the introductory section explains IR evaluation process and its different methods; Section 2 elaborates
crowdsourcing and its application in different fields especially IR; Section 3 explains how accuracy of crowdsourcing
results is measured; Section 4 highlights importance of task
design in crowdsourcing as well as human features and
monetary factors are explained in Section 5. The recently
proposed methods on quality control of crowdsourcing will
be reviewed in Section 6. The section on conclusion presents
a look into the future on the use of crowdsourcing for IR
evaluation and some suggestions for further study in related
areas.

Figure 1: Classification of IR evaluation methods.

2. Introduction to Crowdsourcing
top ranked documents retrieved by contributing systems for
each topic has been selected for judgment. The documents
in the pool are judged by human assessors to create relevance
judgment set, and all of the other documents outside the pool
are considered as nonrelevant documents. Once the relevance
judgments are ready, the whole set of runs retrieved by
both contributing and noncontributing systems (1, 2, . . . , 𝑛)
would be evaluated against relevance judgments or qrels
to measure the accuracy and effectiveness of the retrieval
systems through evaluation metrics. Each system gets a score
for each topic and then scores are aggregated to achieve the
overall performance score for a system. Finally, as a result
of each IR experiment, the system ranking is generated for
all of the systems. The major drawback of test collections is
the huge cost of relevance assessment which is conducted by
human experts. It needs different resources including time,
infrastructure, and money while it does not scale up simply.
The user-based evaluation method quantifies the satisfaction of users by monitoring the user’s interactions with the
system. Table 1 illustrates the user-based evaluation methods
which are divided into five groups [4].
The drawback of human involvement in the user-based
evaluation experiments in labs is the high cost of experimentation set up and the difficulty in repeating the experiment.
In addition, this method limited to a small set of information
needs accomplished by a small number of human subjects.
The side-by-side panels just allow the comparison of two
systems but it is not applicable to multiple systems. Using
clickthrough data seems attractive because of the low cost
of collecting data, but it needs a precise setup since it can
be noisy. The term crowdsourcing was conceived by Howe
based on Web 2.0 technology in a Wired Magazine article [5].
Recently, the use of the term “crowdsourcing” for relevance
judgment is increasing to conquer the high cost that current
evaluation methods have through expert judges. Running
experiments within low cost and fast turnaround makes this
approach very outstanding [4].
This paper discusses the issues related to using crowdsourcing for creating relevance judgment while giving advice
on the implementation of successful crowdsourcing experiments and presents a state-of-the-art review on available methods to enhance the quality of the judgments

Crowdsourcing is an upcoming research field for Information
Systems scholars to create noteworthy contributions. It can
be applied widely in various fields of computer science and
other disciplines to test and evaluate studies as shown and
explained in Table 2 [6].
There are various platforms for crowdsourcing such
as Amazon Mechanical Turk (AMT) (https://www.mturk.com/mturk/welcome), Crowdflower [16], ODesk (https
://www.odesk.com/), and Elance (https://www.elance.com/).
Currently, AMT is the most popular and largest marketplace
and crowdsourcing platform. It is a profit-oriented marketplace which allows requesters to submit tasks and workers
to complete them. Human Intelligence Tasks (HIT) or
microtasks is the unit of work to be accomplished. Figure 3
presents the crowdsourcing scheme which includes multiple
requesters who publish their tasks and workers who
accomplish the tasks on a crowdsourcing platform.
Generally, the crowdsourcing process starts with publishing a task by requesters to the crowdsourcing platform.
Workers select and work on a specific task of their interest
and complete it. The requesters assess the results of the tasks
done by workers. If the results are acceptable to requesters,
they would pay the workers. Otherwise the workers might be
rejected because of performing the task carelessly. The flow of
submitting and completing tasks via crowdsourcing is shown
in Figure 4.
Simplicity is the main feature of crowdsourcing. Crowdsourcing platforms enable the requesters to have fast access
to an on-demand, global, scalable workforce and the workers to choose thousands of tasks to accomplish online. In
AMT, the requesters are able to create HITs via application
programming interface (API) which enable requesters to
distribute tasks pragrammatically or use template via dashboard. Crowdsourcing platforms were also suggested for data
collection as a viable choice [17]. Mason and Suri [18] stated
three advantages of crowdsourcing platforms: (i) allowing a
large number of workers to take part in experiments with
low payment, (ii) workers are from diverse language, culture,
background, age, and country, and (iii) low cost at which
the researches can be carried on. Precise design and quality
control are required to optimize work quality and conduct
a successful crowdsourcing experiment. In general, there are
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Table 1: User-based evaluation methods.

User-based methods

Description

Human in the lab

This method involves human experimentation in the lab to evaluate the user-system interaction
This method is defined as collecting the top ranked answers generated by two IR systems for the same
search query and representing them side by side to the users. To evaluate this method, in the eyes of
human assessor, a simple judgment is needed to see which side retrieves better results
A/B testing involves numbers of preselected users of a website to analyse their reactions to the specific
modification to see whether the change is positive or negative

Side-by-side panels
A/B testing
Using clickthrough data

Contributing systems

Crowdsourcing

Clickthrough data is used to observe how frequently users click on retrieved documents for a given query
Crowdsourcing is defined as outsourcing tasks, which was formerly accomplished inside a company or
institution by employees assigned externally to huge, heterogeneous mass of potential workers in the form
of an open call through Internet
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Pooling

System 2
..
.

Runs

Subset of documents

Human assessors

Contributing and noncontributing
systems

System m

System 1

System2
..
.

Documents corpus

Relevance

Topics

judgments
Test collection

Set (qrels)

System n

Evaluation

···

Run of system 1

Run of system 2

Run of system n

7 8
MR
6 5 9
C
1 2 4
x
0 . 3
_
=

Calculating system
scores

System rankings

Figure 2: Typical IR evaluation process.
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Table 2: Different applications of crowdsourcing.

Application
Natural language
processing

Description
Crowdsourcing technology was used to investigate linguistic theory and language processing [7]
Automatic translation by using active learning and crowdsourcing was suggested to reduce the cost of
language experts [8, 9]
The use of crowdsourcing was investigated to solve the problem of recruiting the right type and number of
subjects to evaluate a software engineering technique [10]
Using crowdsourcing to detect, isolate, and report service-level network events was explored which was
called CEM (crowdsourcing event monitoring) [11]
The issues in training a sentiment analysis system using data collected through crowdsourcing were
analysed [12]

Machine learning
Software engineering
Network event
monitoring
Sentiment classification
Cataloguing

The application of crowdsourcing for libraries and archives was assessed [13]

Transportation plan

Use of crowdsourcing was argued to enable the citizen participation process in public planning projects [14]

Information retrieval

To create relevance judgments, crowdsourcing was suggested as a feasible alternative [15]
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Requester
···

Submit
task

Submit
task

Submit
task

1

Complete
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Accept/reject
result
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Complete
task

4

Submit
task

Complete
task

2

Pick
task

3

Complete
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5

Payment

···
Worker
Worker 1

Worker 2

Worker m

Figure 3: Crowdsourcing scheme.

three objectives that most researchers draw attention to in
this field of research especially in IR evaluation which are
(i) to determine the agreement percentage between experts
and crowdsourcing workers, (ii) to find out factors that
have an effect on the accuracy of the workers’ results, and
(iii) to find the approaches to maximize the quality of
workers’ results. A survey of crowdsourcing was done in
terms of social, academic, and enterprise [19] while assessing
different factors which cause motivation and participation of
volunteers including the following:
(i) role-oriented crowdsourcing (leadership and ownership),
(ii) behaviour-oriented crowdsourcing (attribution, coordination, and conflict),
(iii) media-oriented crowdsourcing (mobile computing
and ubiquitous computing).

Figure 4: Flow of submitting and completing tasks via crowdsourcing.

However, this study looks from the academic aspect of
crowdsourcing specifically focusing on factors that contribute
to a successful and efficient crowdsourcing experiment in the
area of information retrieval evaluation.

3. Accuracy and Reliability of Relevance
Judgments in Crowdsourcing
The use of crowdsourcing in creating relevance judgment
for an IR evaluation is generally validated through measuring the agreement between crowdsourcing workers and
human assessors. This is to see whether crowdsourcing is a
reliable replacement for human assessors. In crowdsourcing
experiments, the interrater or interannotator agreement is
used to measure the performance and to analyse the agreement between crowdsourcing workers and human assessors.
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The score of homogeneity in the rating list given by judges is
the interrater agreement. Various statistical methods are used
to calculate the interrater agreement. Table 3 summarizes four
common methods suggested to calculate the interrater agreement between crowdsourcing workers and human assessors
for relevance judgment in IR evaluation [20].
Alonso et al. [15], pioneers of crowdsourcing in IR evaluation, applied crowdsourcing through Amazon Mechanical
Turk on TREC data. Their results showed that crowdsourcing
is a low cost, reliable, and quick solution and could be
considered an alternative for creating relevance judgment by
experts but it is not a replacement for current methods. This
is due to the fact that there are still several gaps and questions
that should be addressed by future researches. The scalability
of crowdsourcing approach in IR evaluation has not been
investigated yet [20].

4. Experimental Design in Crowdsourcing
Beyond the workers’ attention, culture, preferences, and
skills, the presentation and properties of HITs have an influence on the quality of the crowdsourcing experiment. The
careful and precise task design, rather than filtering the poor
quality work after accomplishing the task, is an important
task since the complicated tasks distract cheaters [24]. It is
possible that qualified workers accomplish erroneous tasks if
the user interface, instructions, and design have a poor quality. Different phases in the implementation of crowdsourcing
experiment are similar to software development. The details
of each phase are identified for creating relevance judgment
task as follows.
Planning
(i) Choosing a crowdsourcing platform.
(ii) Defining a task.

5
The full design method prequalifies and restricts workers
while the simple design method includes less quality control
setting and restriction on the workers. However, the output
of the full design method has a higher quality. In general,
crowdsourcing is a useful solution for relevance assessment
if the tasks are designed carefully and the methods for aggregating labels are selected appropriately. Experiment design
is discussed based on three categories: (i) task definition,
description, and preparation, (ii) interface design, and (iii)
granularity.
4.1. Task Definition, Description, and Preparation. The information that is presented to the workers about crowdsourcing
task is task definition. An important issue of implementing
a crowdsourcing experiment is task description that is a part
of task preparation. Clear instruction which is a part of task
description is crucial to have a quick result usually in less than
24 hours. All workers should have a common understanding
about the task and the words used must be understandable
by different workers [26]. Task description should consider
the characteristics of workers such as language or expertise
[27]. For example, to avoid jargon, plain English is suggested
since the population is diverse [28]. As creating relevance
judgments requires reading text, using plain English and
simple words do help in a successful experiment, having
the phrase “I do not know” was suggested in response as
it allows workers to convey that they do not have sufficient
knowledge to answer the question [26]. Getting user feedback
at the end of the task by asking an open-ended question is
recommended to improve the quality and avoid spammers.
This kind of question can be optional. If the answer is
useful, the requester can pay bonus [28]. In creating relevance
judgments, one has to read text; hence instructions and
questions should be readable, clear, and presented with
examples. An example of relevance judgment task is shown
below.

(iii) Preparing a dataset.
Design and Development
(i) Selecting topics.
(ii) Choosing a few documents for each topic (relevant
and nonrelevant).
(iii) Task definition, description, and preparation.
Verifying
(i) Debugging by using internal expert team.
(ii) Take note of shortcoming of the experiment.
(iii) Using external inexpert to test.
(iv) Reviewing and clearing the instruction.
(v) Comparing the results of experts with inexpert teams.
Publishing
(i) Monitoring/work quality.
The impact of the two methods of HIT design, the full and
simple design, was assessed on the accuracy of labels [25].

Relevance Judgment
Instruction. Evaluate the relevance of a document to the given
query.
Task. Please evaluate the relevance of the following document
about Alzheimer.
“Dementia is a loss of brain function that occurs with
certain diseases. Alzheimer’s disease (AD), is one form of
dementia that gradually gets worse over time. It affects memory,
thinking, and behavior.”
Please rate the above document according to its relevance
to Alzheimer as follows:
(i) Highly relevant
(ii) Relevant
(iii) Not relevant
Please justify your answer: — — — — — —
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Table 3: Statistics for calculating the interrater agreement.

Methods
Joint-probability of
agreement (percentage
agreement) [20]
Cohen’s kappa [21]
Fleiss’ kappa [22]
Krippendorff ’s alpha [23]

Description
The simplest and easiest measure based on dividing number of times for each rating (e.g.,1, 2, . . . , 5),
assigned by each assessor, by the total number of the ratings
A statistical measure to calculate interrater agreement among raters. This measurement is more robust
than percentage agreement since this method considers the effects of random agreement between two
assessors
An extended version of Cohen’s kappa. This measurement considers the agreement among any number of
raters (not only two)
The measurement is based on the overall distribution of assessors regardless of which assessors produced
the judgments

4.2. Interface Design. Users or workers access and contribute
to the tasks via user interface. Three design recommendations were suggested to have a doing well task completion
along with paying less; they are designing a user interface
and instructions understandable by novice users, translating
the instruction to the local language as well as English,
and preparing a video tutorial [29]. It also suggested the
use of colours, highlights, bold, italics, and typefaces to
enhance comprehensibility [26]. Verifiable questions such
as common-knowledge questions within the task are also
useful to validate the workers. It leads to a reduction in
the number of worthless results since the users are aware
that their answers are being analysed [30]. Another research
work showed that more workers may be attracted to the user
friendly and simple interface, and the quality of outcome may
increase while reliable workers may be unenthusiastic about
the unreasonably complex user interface which leads to delay
[27].

4.3. Granularity. Tasks can be divided into three broad
groups: routine, complex, and creative tasks. The tasks which
do not need specific expertise are called routine such as
creating relevance judgment. Complex tasks need some
general skills like rewriting a given text. On the other hand,
creative tasks need specific skill and expertise such as research
and development [31]. Submitting small tasks by splitting the
long and complex tasks was recommended since small tasks
tend to attract more workers [26]. However, some studies
showed that novel tasks that need creativity tend to distract
the cheaters and attract more qualified and reliable workers
[24, 32]. In a separate study, Difallah et al. [33] stated that
designing complicated tasks is a solution to filter out the
cheaters. On the other hand, money is the main reason
why most of the workers accomplish the tasks. However,
the workers who do the task because of the prospect of
becoming a celebrity and fun are the least truthful while the
workers who are provoked by fulfillment and fortune are
the most truthful workers. Eickhoff and de Vries [24] found
that the workers who do the job for entertainment, not for
money, rarely cheat. So, designing and representing HITs in
an exciting and entertaining way lead to better results along
with cost efficiency.

5. Human Features and Monetary
Factors in Crowdsourcing
Effect of human features like knowledge and monetary factors
such as payment on accuracy and success of crowdsourcing
experiments is discussed in this section. The discussion
is based on three factors, namely, (i) worker profile in
crowdsourcing, (ii) payment in crowdsourcing, and (iii)
compensation policy in crowdsourcing.
5.1. Worker Profile in Crowdsourcing. One of the factors
that have an influence on the quality of results is worker
profile. Worker profile consists of reputation and expertise.
Requesters’ feedback about workers’ accomplishments creates reputation scores in the systems [34]. Requesters also
should maintain a positive reputation since workers may
refuse accepting HIT from poor requesters [17]. Expertise
can be recognized by credentials and experience. Information
such as language, location, and academic degree is credentials
while experience refers to knowledge that worker achieves
through crowdsourcing system [27]. Location is another
important factor that has a strong effect on the accuracy of
the results. A study conducted by Kazai et al. [35] indicated
that Asian workers performed poor quality work compared
with American or European workers. The Asians mostly
preferred simple design of HIT while American workers
preferred full design. In crowdsourcing platforms such as
AMT and Crowdflower, it is possible to limit the workers to
the specific country while designing tasks. However, creating
relevance judgment is a routine task and does not need
specific expertise or experience.
5.2. Payment in Crowdsourcing. Payment impacts on accuracy of the results in crowdsourcing since the workers who
are satisfied with the payment accomplish the tasks more
accurately than the workers who are not contented [32].
Monetary or nonmonetary reasons can be the motivation
for the workers of crowdsourcing platforms [36]. A study
conducted by Ross et al. [37] to find the motivation of the
workers in crowdsourcing showed that money is the main
incentive of 13% of Indian and 5% of US workers. Another
study carried out by Ipeirotis [38] reported that AMT was the
main income of 27% of Indians and 12% of US workers. Kazai
[39] stated that higher payment leads to better quality of work
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while Potthast et al. [40] reported that higher payment only
has an effect on completion time rather than on the quality of
results.
Kazai et al. [32] analysed the effect of higher payment
to the workers on accuracy of the results. Although higher
payment encourages more qualified workers in contrast with
lower payment which upsurges the sloppy workers, sometimes unethical workers are attracted by higher payment. In
this case, strong quality control method can prevent poor
result as well as filtering. Other studies reported that by
increasing payment, it leads to increase in quantity rather
than quality while some studies showed that considering
greater payment may only influence getting the task done
faster but not better as increasing payment incentive speeds
up work [41, 42]. However, a reasonable pay is a better
cautious solution as high pay tasks attract spammers as well as
legitimate workers [43]. Indeed, the payment amount should
be fair and based on the complexity of the tasks.
Payment method is another factor which impacts on the
quality of the outputs of the workers [41, 44], for instance,
a task which requires finding 10 words in a puzzle; more
puzzles would be solved with method of payment per puzzle
rather than payment per word [45]. It is better to pay workers
after the work quality has been confirmed by measuring
the accuracy and clarification that payment is based on the
quality of the completed work. This can help in achieving
better results from workers [26]. In an experiment conducted
by Alonso and Mizzaro [20], the workers were paid $0.02 for
relevancy evaluation that took about one minute consisting of
judging the relevancy of one topic and document. In another
experiment, the payment was $0.04 for judging one topic
against ten documents [46].
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experiment; quality control is another vital part of crowdsourcing experiment which will be elaborated on in the
following section.

6. Quality Control in Crowdsourcing
Managing the workers’ act is a crucial part of crowdsourcing
because of the sloppy workers who accomplish the tasks
carelessly or spammers who trick and complete the tasks
inaccurately. Different worker types by using different factors
including label accuracy, HIT completion time, and fraction
of useful labels were determined through behavioral observation [50] as explained below (see Table 4). This can help
in developing methods for HIT design to attract the proper
workers for the job. Table 5 shows different types of workers
classified based on their average precision [51].
In 2012, to detect random spammers, for each worker 𝑤,
Vuurens and de Vries [52] calculated the RandomSpam score
as the average squared ordinal distance (it shows how the
judgment of one worker is different from the other worker),
𝑜𝑟𝑑2𝑖𝑗 between their judgments 𝑗 ∈ 𝐽𝑤 , and judgments by other
workers on the same query-document pair 𝑖 ∈ 𝐽𝑗,𝑤 as shown
below:
∑𝑗∈𝐽𝑤 ∑𝑖∈𝐽𝑗,𝑤 𝑜𝑟𝑑2𝑖𝑗
RandomSpam𝑤 =
  .
∑𝑗∈𝐽𝑤 𝐽𝑗,𝑤 

(1)

In addition, to detect the uniform spammers, the UniformSpam score is calculated as shown below:
UniformSpam𝑤
2

5.3. Compensation in Crowdsourcing. A proper compensation policy and inducement has an impact on the quality
of the results [47, 48]. There are two types of incentives,
extrinsic incentives like monetary bonus such as extra payment and intrinsic incentives such as personal enthusiasm
[27]. Rewards were categorized into psychological, monetary,
and material [47]. Mason and Watts [41] found that using
nonfinancial compensation to motivate workers such as
enjoyable tasks or social rewards is a better choice than
financial rewards and have more effect on quality. It was
also reported that using social rewards is like harnessing
intrinsic motivation to improve the quality of work [49]. The
use of intrinsic along with extrinsic incentives was recommended to motivate more reliable workers to perform a task.
Furthermore, considering the task requirements, properties,
and social factors such as income and interests of workers
according to the profiles of requesters and workers is vital
in selecting proper compensation policy [27]. Offering bonus
for writing comments and justification or paying bonus to the
qualified and good workers who perform the tasks accurately
and precisely was recommended for relevance evaluation task
[26].
In addition to task design, human features and monetary
factors are important to have a successful crowdsourcing

∑𝑠∈𝑆 |𝑆| ⋅ (𝑓𝑠,𝐽𝑤 − 1) ⋅ (∑𝑗∈𝐽𝑠,𝑤 ∑𝑖∈𝐽𝑗,𝑤 disagree𝑖𝑗 )
,
=
 
∑𝑠∈𝑆 ∑𝑗∈𝐽𝑠,𝑤 𝐽𝑗,𝑤 
(2)
where disagree𝑖𝑗 is the number of disagreements between
judgments 𝐽𝑠,𝑤 which happen within label sequence 𝑠 and
judgments 𝐽𝑗,𝑤 and 𝑆 is a set of all possible label sequences
𝑠 with length |𝑠| = 2 or 3, while 𝑓𝑠,𝐽𝑤 is the frequency
at which label sequence 𝑠 occurs within worker 𝑤’s timeordered judgments 𝐽𝑤 .
Quality control in crowdsourcing area is defined as the
extent to which the provided outcome fulfills the requirements of the requester. Quality control approaches can be
categorized into (i) design-time approaches which were
employed while the requester prepared the task before submission and (ii) run-time approaches which were used during
or after doing the tasks. Another classification for quality
control methods is (i) filtering workers and (ii) aggregating
labels that are discussed in this section [53]. In other words,
filtering workers are design-time approaches and aggregating
labels methods can be considered as run-time approaches
[27].
6.1. Design-Time Methods. There are three approaches to
select workers: (i) credential-based, (ii) reputation-based,
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Table 4: Worker types based on their behavioral observation.

Workers
Diligent
Competent
Sloppy
Incompetent
Spammer

Description
Completed tasks precisely with a high accuracy and longer time spent on tasks
Skilled workers with high accuracy and fast work
Completed tasks quickly without considering quality
Completed tasks in a time with low accuracy
Did not deliver useful works
Table 5: Worker types based on their average precision.

Workers

Description

Proper
Random spammer

Completed tasks precisely
Gave a worthless answer
Answered incorrectly on most questions while answering correctly on few questions, hoping to avoid
detection as a spammer
Repeated answers
Not precise enough in their judgments

Semirandom spammer
Uniform spammer
Sloppy

and (iii) open-to-all. It is also possible to use the combination of the three approaches. Credential-based approach
is used in systems where users are well profiled. However,
this approach is not practical in crowdsourcing systems
since users are usually unknown. Reputation-based approach
selects workers based on their reputation like AMT by using
approval rate parameter. Open-to-all approach such as in
Wikipedia allows any worker to contribute and it is easy to
use and implement but increases the number of unreliable
workers [27]. Requesters are also able to implement their own
qualification methods [18] or combine different methods. In
total, there are various methods of filtering workers which
identify the sloppy workers at first and then exclude them.
We have categorized the methods into five categories. Table 6
presents a list of these methods.
When using qualification test, it is still possible that workers perform tasks carelessly. Moreover, there are two issues
that researchers encounter with qualification test: (i) tasks
with qualification test may take longer to complete as most
workers prefer tasks without qualification test and (ii) the cost
of developing and maintaining the test continuously. Honey
pots or gold standard is used when the results are clear and
predefined [54]. The honey pots are faster than qualification
test as it is easy and quick to identify workers who answer the
questions at random. Combining qualification test and honey
pots is also possible for quality control [26].
Qualification settings such as filtering workers especially
based on origin have an important impact on the cheater
rates. For instance, some assume that workers from developed
countries have lesser cheater rates [24]. Setting approval rate
has been used by AMT. AMT provides a metric called the
approval rate to prefilter the workers. It represents percentage
of assignments the worker has performed and confirmed by
the requester over all tasks the worker has done. Generally,
it is the total rating of each worker in the system. It is
also possible to limit the tasks to the master workers. In
AMT, the group of people who accomplish HITs with a
high degree of accuracy across a variety of requesters are
called master workers. Master workers expect to receive

higher payment. Limiting the HITs to the master workers
gets better quality results [32]. If the high approval rate is
considered for quality control, it would take a longer time to
complete the experiment since the worker population may
be decreasing [28]. In general, the setting should be done
according to the task type. If the task is complicated, the
approval rate and other settings should be set precisely or the
task is assigned to master workers only. If the task is routine,
ordinary workers with simple setting can be effective. Trap
questions are also used to detect careless workers who do
not read the instructions of the task carefully. Kazai et al.
[25] designed two trap questions to avoid this situation:
“Please tick here if you did NOT read the instructions” and
at each page “I did not pay attention.” All of the unreliable
workers may not be detected by trap questions but it showed
strange behavior and it can be effective both in discouraging
and identifying spammers. In crowdsourcing, there are some
programs or bots designed to accomplish HITs automatically
[55] and these kinds of data definitely are of poor quality [18].
CAPTCHAs and reCAPTCHA are used in crowdsourcing
experiment to detect superficial workers and random clicking
on answers [29, 32]. These methods are easy to use and
inexpensive.
It is also possible to use a combination of the above
methods to filter workers. For example, a real time strategy
applying different methods to filter workers was proposed
in recruiting workers and monitoring the quality of their
works. At first, a qualification test was used to filter the sloppy
workers and the completion time of HITs was calculated to
reflect on the truthfulness of the workers. Then, a set of gold
questions were used to evaluate the skills of workers [56].
However, by using these methods to filter workers, there is
the possibility of lesser quality being recruited to do a work.
The quality control methods used after filtering workers in
run time are explained in the subsequent section.
6.2. Run-Time Methods. Although design-time techniques
can intensify quality, there is the possibility of low quality
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Table 6: Design-time methods.

Method
Qualification test
Honey pots or gold
standard data
Qualification settings
Trap questions

CAPTCHAs and
reCAPTCHA

Description
Qualification test is a set of questions which the workers must answer
to qualify for doing the tasks
Creating predefined questions with known answers is honey pots
[54]. If the workers answer these questions correctly, they are marked
as appropriate for this task
Some qualification settings are set when creating HITs
This method is about designing HITs along with a set of questions
with known answers to find unreliable workers [58]
CAPTCHAs are an antispamming technique to separate computers
and humans to filter automatic answers. A text of the scanned page is
used to identify whether human inputs data or spam is trying to trick
the web application as only a human can go through the test [59].
reCAPTCHA is the development of CAPTCHAs [60]

because of misunderstanding while doing the tasks. Therefore, run-time techniques are vital to high quality results.
Indeed, quality of the results would be increased by applying
both approaches [27]. In crowdsourcing, if we assume that
one judgment per each example or task is called single labeling method, the time and cost may be saved. However, the
quality of work is dependent on an individual’s knowledge,
and in order to solve this issue of single labeling methods,
integrating the labels from multiple workers was introduced
[61, 62]. If labels are noisy, multiple labels can be desirable
to single labeling even in the former setting when labels
are not particularly low cost [63]. It leads to having more
accuracy for relevance judgments [64]. An important issue
related to multiple labels per example is how to aggregate
labels accurately and effieciently from various workers into
a single consensus label. Run-time quality control methods
are explained in Table 7.
The MV is a better choice for routine tasks which are paid
a lower payment since it is easy to implement and achieve
reasonable results depending on truthfulness of the workers
[53]. The drawback of this method is that the consensus
label is measured for a specific task without considering the
accuracy of the workers in other tasks. Another drawback
of this method is that MV considers all workers are equally
good. For example, if there is only one expert and the
others are novices and the novices give the same inaccurate
responses, the MV considers the novices’ answer as the
correct answer because they are the majority.
In EM algorithm, a set of estimated accurate answers
for each task and a set of matrixes that include the list of
workers errors (in that the replies might not be the corrected
answers) are the outputs. The error rate of each worker can
be accessed by this confusion matrix. However, to measure
the quality of a worker, the error rate is not adequate since
workers may have completed the task carefully but with
bias. For example, in labeling websites, parents with young
children are more conservative in classifying the websites. To
prevent this situation, a single scalar score can be assigned
to each worker corresponding to the completed labels. The
scores lead to separation of error rate from worker bias and
satisfactory treatment of the workers. Approximately five

Platform

Example

AMT

IQ test [57]

Crowdflower [16]

—

AMT, Crowdflower Using approval rate
—

—

—

—

labels are needed for each example for this algorithm for it
to become accurate [65]. Recently Carpenter [66] and Raykar
et al. [67] proposed a Bayesian version of the EM algorithm
by using confusion matrix. A probabilistic framework was
proposed by Raykar et al. [67] in the case of no gold standard
with multiple labels. A specific gold standard is created
repeatedly by the proposed algorithm and the performances
of workers are measured and then the gold standard is refined
according to the performance measurements. Hosseini et al.
[64] evaluated the performance of EM and MV for aggregating labels in relevance assessment. His experiment results
showed that the EM method is a better solution to problems
related to the reliability of IR system ranking and relevance
judgment especially in the case of small number of labels
and noisy judgments. Another study compared MV and EM
methods which stated that EM outperformed MV when 60%
of workers were spammers [51]. However, a combination of
these two methods could produce more accurate relevance
judgments.
Considering the time taken to complete the task is an
example of observation of the pattern of responses which
was used to determine random answers of unreliable workers
[30]. As tasks that were completed fast deemed to have
poor quality, completion time is a robust method of detecting the sloppy workers. Soleymani and Larson [75] used
crowdsourcing for affective annotation of video in order to
improve the performance of multimedia retrieval systems.
The completion time of each HIT was compared to video
length in order to evaluate quality. In another study, the
time that each worker spent on judgment was assessed in
order to control quality [58]. Three types of patterns were
found: (i) normal pattern whereby the workers begin slowly
and get faster when they learn about the task, (ii) periodic
pattern, a peculiar behavior since some of the judgments
are done fast and some slow, and (iii) interrupted pattern,
which refers to interruption in the middle of doing tasks.
This method in combination with other methods of quality
control can be effective in crowdsourcing experiments since
this method alone may not be able to detect all sloppy
workers. Another method of quality control, expert review,
is commonly applied in practice, but the drawbacks of this
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Table 7: Run-time methods.

Method

Description

Majority voting (MV)

MV is a straightforward and common method which eliminates the wrong results by using the majority
decision [31, 61, 68]

Expectation maximization
(EM) algorithm

EM algorithm measures the worker quality by estimating the accurate answer for each task through labels
completed by different workers using maximum likelihood. The algorithm has two phases: (i) the correct
answer is estimated for each task through multiple labels submitted by different workers, accounting for
the quality of each worker and (ii) comparing the assigned responses to the concluded accurate answer in
order to estimate quality of each worker [69]

Naive Bayes (NB)

Following EM, NB is a method to model the biases and reliability of single workers and correct them in
order to intensify the quality of the workers’ results. According to gold standard data, a small amount of
training data labeled by expert was used to correct the individual biases of workers. The idea is to
recalibrate answers of workers to be more matched with experts. An average of four inexpert labels for
each example is needed to emulate expert level label quality. This idea helps to improve annotation quality
[68]

Observation of the
pattern of responses

Looking at the pattern of answers is another effective way of filtering unreliable responses as some
untrustworthy workers have a regular pattern, for example, selecting the first choice of every question

Probabilistic matrix
factorization (PMF)

Using probabilistic matrix factorization (PMF) that induces a latent feature vector for each worker and
example to infer unobserved worker assessments for all examples [70]. PMF is a standard method in
collaborative filtering through converting crowdsourcing data to collaborative filtering data to predict
unlabeled labels from workers [71, 72]

Expert review

Expert review uses experts to evaluate workers [73]

Contributor evaluation

The workers are evaluated according to quality factors such as their reputation, experience, or credentials.
If the workers have enough quality factors, the requester would accept their tasks. For instance, Wikipedia
would accept the article written by administrators without evaluation [27]. For instance, the tasks that are
submitted by the workers who have a higher approval rate or master workers would be accepted without
doubt

Real-time support

The requesters give workers feedback about the quality of their work in real time while workers are
accomplishing the task. This helps workers to amend their works and the results showed that
self-assessment and external feedback improve the quality of the task [48]. Another real-time approach
was proposed by Kulkarni et al. [74] where requesters can follow the workers workflows while solving the
tasks. A tool called Turkomatic was presented which employees workers to do tasks for requesters. While
workers are doing the task, requesters are able to monitor the process and view the status of the task in real
time

method are the high cost of employing experts and being time
consuming. This approach is not applicable in IR evaluation
since crowdsourcing is used to lower the cost of hiring experts
for creating relevance judgment. Therefore, if the expert
review method is used to aggregate judgments, the cost would
be increased.
The drawbacks of using crowdsourcing to create relevance judgment are (i) each worker judges a small number
of examples; and (ii) to decrease cost, few judgments are
collected per example. Therefore, the judgments are imbalanced and sparse as each worker assesses a small number of
examples. The MV is vulnerable to this problem while EM
indirectly addresses this problem and PMF tackles this issue
directly [70].
Different quality control methods applied in crowdsourcing experiment in different areas of the study were
listed and discussed both in design-time approaches and
run-time approaches. Although successful experiments are
crucial to both approaches, the important point is that quality
control method should be well-suited to crowdsourcing
platform.

7. Conclusion and Future Work
Crowdsourcing is a novel phenomenon being applied to
various fields of studies. One of the applications of the
crowdsourcing is in IR evaluation experiments. Several recent
studies show that crowdsourcing is a viable alternative to
the creation of relevance judgment; however, it needs precise
design and appropriate quality control methods to be certain
about the outcomes. This is particularly imperative since
the workers of crowdsourcing platforms come from diverse
cultural and linguistic backgrounds.
One of the important concerns in crowdsourcing experiments is the possibility of untrustworthiness of workers
trying to earn money without paying due attention to their
tasks. Confusion or misunderstanding in crowdsourcing
experiments is another concern that may happen due to
low quality in the experimental designs. Conclusively, the
quality control in crowdsourcing experiments is not only
a vital element in the designing phase but also in runtime phase. The quality control and monitoring strategies
should be considered and examined during all stages of
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the experiments. Moreover, the user interface and instruction
should be comprehensible, motivating, and exciting to the
users. The payment should be reasonable but monetary or
nonmonetary rewards can be also considerable. Although
there are efforts in developing crowdsourcing experiments in
IR area in recent years, there are several limitations (some are
listed below) pending to refine the various approaches:
(i) currently, a random topic-document is shown to the
workers to judge; workers should be provided with the
freedom to choose their topic of interest for relevance
judgment,
(ii) to scale up creating relevance judgments for a larger
set of topic-document to find out whether crowdsourcing is a replacement for hired assessors in terms
of creating relevance judgments,
(iii) to design a more precise grading system for workers
rather than approval rate where requesters can find
out each workers’ grade in each task type. For example, the requesters are able to know which workers
have a good grade in creating relevance judgments,
(iv) to access reliable personal information of workers such as expertise, language, and background
by requesters to decide which type of workers are
allowed to accomplish the tasks,
(v) trying different aggregating methods in creating relevance judgments and evaluating the influence on
correlation of judgments with TREC experts.
Crowdsourcing is an exciting research area with several
puzzles and challenges that require further researches and
investigations. This review shed a light on some aspects
of using crowdsourcing in IR evaluation with insight into
issues related to crowdsourcing experiments in some of the
main stages such as design, implementation, and monitoring.
Hence, further research and development should be conducted to enhance the reliability and accuracy of relevance
judgments in IR experimentation.
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Different visual perception characteristic saliencies are the key to constitute the low-complexity video coding framework. A
hierarchical video coding scheme based on human visual systems (HVS) is proposed in this paper. The proposed scheme uses
a joint video coding framework consisting of visual perception analysis layer (VPAL) and video coding layer (VCL). In VPAL,
effective visual perception characteristics detection algorithm is proposed to achieve visual region of interest (VROI) based
on the correlation between coding information (such as motion vector, prediction mode, etc.) and visual attention. Then, the
interest priority setting for VROI according to visual perception characteristics is completed. In VCL, the optional encoding
method is developed utilizing the visual interested priority setting results from VPAL. As a result, the proposed scheme achieves
information reuse and complementary between visual perception analysis and video coding. Experimental results show that the
proposed hierarchical video coding scheme effectively alleviates the contradiction between complexity and accuracy. Compared
with H.264/AVC (JM17.0), the proposed scheme reduces 80% video coding time approximately and maintains a good video image
quality as well. It improves video coding performance significantly.

1. Introduction
Due to the rapid growth of the multimedia service, the video
compression becomes essential for reducing the required
bandwidth for transmission and storage in many applications. The prospects of video coding technology are broad
ranging from national defense, scientific research, education, and medicine to aerospace engineering. However, in
the case of limited bandwidth and storage resources, new
requirements have been raised for the existing video coding
standard, such as higher resolution, higher image quality, and
higher frame rate.
In order to achieve low complexity, high quality, and
high compression-ratio, the International Telecommunication Union (ITU-T) and the International Organization for
Standardization (ISO/IEC) set up a Collaborative Team on
Video Coding (JCT-VC) and released the next generation
of video coding technology proposal High Efficiency Video
Coding (HEVC) [1, 2] in January 2010. HEVC still inherits the
hybrid coding framework of H.264/AVC which is launched
by ITU-T and ISO/IEC in 2003. HEVC focuses on the study

of new video coding techniques to resolve the contradiction
between the compression-ratio and coding complexity. More
than that HEVC aims at adapting many different types of
network transmission and carrying more information processing business [3]. It has become one of the hottest research
areas in signal and information processing in the technologies
and applications of “real time,” “high compression-ratio,” and
“high resolution” [4, 5].
Up to now, many scholars carried out a lot of work on
fast video coding algorithm or visual perception analysis, but
few of them combine the two kinds of coding technique in a
video coding framework to jointly optimize the performance
of video coding [6, 7].
Tsapatsoulis et al. [8] detected the region of interest by
color, brightness, direction, and complexion, but they ignored
the motion visual characteristics [9]. Wang et al. [10] built
a model of visual attention to extract region of interest by
motion, brightness, face, text, and other visual characteristics.
Tang et al. [11, 12] and Lin and Zheng [13] obtained the region
of interest by motion and texture. Fang et al. [14, 15] proposed
that the region of interest obtains method based on wavelet

2
transform or in the compressed domain. Because the global
motion estimation algorithm is too complicated, it is difficult
to extract the visual region of interest. The video coding
algorithms based on human visual systems (HVS) technology
mentioned above focused on the bit resource allocation
optimization under limited bit resources. Considering the
region of interest, the above video coding methods based on
HVS lack computing resource allocation optimization, and
the additional computational complexity which was caused
by visual perception analysis is neglected also.
On the other hand, Kim et al. [16] reduced the loss
of rate-distortion performance under limited computing
resource by controlling the motion estimation search points.
Saponara et al. [17] adjusted the numbers of reference frames,
the prediction mode, and the motion estimation search
range according to the sum of difference Sum of Absolute
Differences (SAD). Su et al. [18] set the parameters of motion
estimation and mode decision to achieve a self-adaptive
computational complexity controller. The above computing
resource optimizations do not distinguish the various regions
according to the saliency of the visual perception. This kind
of algorithm ignores the differences of the perception in
various video scenes that use the same coding algorithm for
all encoding contents in video.
Therefore, there is important theoretical significance in
using visual perception principle to optimize the computing
resource allocation. The optimization further improves the
computational efficiency of the video coding standard. In
this paper H.264/AVC (JM17.0) is taken as the experimental
platform, where we combine the visual perception analysis and the fast video coding algorithm to make the two
respective advantages complementary to each other. The
proposed method optimizes computing resource allocation
more effectively by using visual perception principle and then
proposes an efficient hierarchical video coding algorithm
based on visual perception characteristics.

2. Visual Perception Characteristics Analysis
for VPAL
Rapid and effective visual analysis which can effectively detect
the visual region of interest is the key to optimize coding
resource. We propose an efficient hierarchical video coding
algorithm based on visual perception characteristics.
2.1. Temporal Visual Characteristics Analysis and Detection.
On the ideal condition, foreground movement brings out
a nonzero motion vector which is highly focused by HVS.
Because background does not have relative movement, so it
brings out a zero motion vector which is lowly focused by
HVS. So the motion vector can be regarded as the temporal
characteristics of visual perception analysis. While, on the
real condition, due to external light change and inherent
parameters change such as quantization parameter (QP),
motion search strategy, and rate-distortion optimization,
nonzero motion vector random noise in background will
appear. In addition, the horizontal displacement of camera
will bring out global motion vectors. Therefore, it is necessary
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to develop appropriate motion vector detection to filter
motion vector random noise interference and translational
motion vector error.
2.1.1. Motion Vector Random Noise Filtering. Motion vector
noise filter is put forward based on the following principle.
According to motion continuity and integrity, there is
strong correlation of movement characteristics between the
current coding block and the corresponding position blocks
in the previous frame. We define the motion reference region
consisting of the encoded macroblocks having position
correlation with the current coding block in the previous

V𝑠
frame, signed 𝐶𝑟𝑟 . If there exists nonzero motion vector →
in the current coding block, but there is no motion vector

V𝑠 a motion vector
in reference region 𝐶𝑟𝑟 , then considering →
random noise should be filtered.
Therefore, how to define the reference region becomes
one of the key factors of motion vector noise filtering results.
In this paper, taking QCIF format encoded video
sequence, for example, 𝐶𝑟𝑟 is defined as shown in Figure 1.
In Figure 1, take macroblock 𝑂 as the initial search point,
which has the same coordinates (𝑥, 𝑦) as the current coding
V→
block, move 𝑖𝑐 macroblocks horizontally opposite to 
𝑠𝑥 ,
and get macroblock 𝐴. Then, take macroblock 𝑂 as the
initial point again, move 𝑗𝑐 macroblocks vertically opposite
to 
V→
𝑠𝑦 , and get macroblock 𝐵. After that, take macroblocks
𝐴 and 𝐵 as the starting points, make the extension of
vertical directions and horizontal directions. respectively, and
get macroblock 𝐶. As a result, obtain a rectangular region
surrounded by four macroblocks 𝑂, 𝐴, 𝐵, 𝐶, namely, motion
reference region 𝐶𝑟𝑟 .
Here, (𝑥, 𝑦) represents the position coordinates of the
→
current coding block. 
V→
𝑠𝑥 and V𝑠𝑦 represent the motion
vector components in the horizontal directions and vertical

directions of →
V𝑠 , respectively. 𝑖 and 𝑗 are defined as
→

V𝑠𝑥 
𝑖 = int (   + 1) ,
𝑤𝑠

→

V𝑠𝑦 
𝑗 = int (   + 1) .
ℎ𝑠

(1)

→
→
In formula (1), |
V→
𝑠𝑥 |, |V𝑠𝑦 | represents the amplitude of V𝑠𝑥

→
and V𝑠𝑦 , and 𝑤𝑠 , ℎ𝑠 represent the width and height of the
current coding block, respectively.

Based on the current the movement direction of →
V𝑠
(lower right, upper left, upper right, lower left, shown as
Figures 1(a)–1(d)), the coordinates of the four macroblocks
composition of 𝐶𝑟𝑟 can be expressed as {(𝑥, 𝑦), (𝑥, 𝑦 − 𝑖),
(𝑥 − 𝑗, 𝑦 − 𝑖), (𝑥 − 𝑗, 𝑦)}, {(𝑥, 𝑦), (𝑥, 𝑦 + 𝑖), (𝑥 + 𝑗, 𝑦 + 𝑖),
(𝑥 + 𝑗, 𝑦)}, {(𝑥, 𝑦), (𝑥 + 𝑗, 𝑦), (𝑥 + 𝑗, 𝑦 − 𝑖), (𝑥, 𝑦 − 𝑖)}, {(𝑥, 𝑦),
(𝑥 − 𝑗, 𝑦), (𝑥 − 𝑗, 𝑦 + 𝑖), (𝑥, 𝑦 + 𝑖)}, respectively, along the
clockwise direction.
If any one of the three macro-blocks 𝐴, 𝐵, 𝐶 is not in the
encoding frame, which means it is beyond the border of the
encoding frame, choose the macroblocks on the boundary as
the coordinate points of motion reference region Crr .
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Figure 1: Schematic diagram of motion reference region 𝐶𝑟𝑟 .

The method of detect motion vector random noise is
defined as
 
3, if 𝑉𝑟𝑟  = 0
{
{
{
 
{
{
{2, else if V𝑠  ≥ 𝑉𝑟𝑟 
(2)
𝑀1 (𝑥, 𝑦) = {
{
{
{




{
{1, else if V𝑠  < 𝑉𝑟𝑟  .
 
{
In formula (2), (𝑥, 𝑦) represents the coordinates of the
current coding macroblock. 𝑉𝑟𝑟 represents the mean motion
vector in 𝐶𝑟𝑟 .
If |𝑉𝑟𝑟 | = 0, means in 𝐶𝑟𝑟 , there is no motion vector, V𝑠 is
set to 0. 𝑀1 (𝑥, 𝑦) = 3, means V𝑠 is caused by motion vector
random noise.
If |V𝑠 | ≥ |𝑉𝑟𝑟 |, 𝑀1 (𝑥, 𝑦) = 2, means that the current macroblock has more saliency motion characteristics compared
with neighbored macroblocks and it belongs to foreground
dynamic region.
Otherwise, 𝑀1 (𝑥, 𝑦) is set to 𝑀2 (𝑥, 𝑦) and then the
motion vector is going to be detected whether it is translational or not. The translational motion vector detection can
distinguish the macroblock belonging to background region
or foreground translational region which has the similar
motion characteristics in neighbored macroblocks.

2.1.2. Translational Motion Vector Detection. Consider
{
{1,
𝑀2 (𝑥, 𝑦) = {
{
{0,

𝑀,𝑁



if SAD(𝑥,𝑦) = ∑ 𝑠 (𝑖, 𝑗) − 𝑐 (𝑖, 𝑗) ≥ 𝑆𝑐
𝑖=0,𝑗=0

else.
(3)

In formula (3), (𝑥, 𝑦) represents the coordinates of the
current macro-block, 𝑠(𝑖, 𝑗) represents the pixel of the current
macro-block, 𝑐(𝑖, 𝑗) represents the pixel of the corresponding
macroblock in previous frame, and 𝑀 and 𝑁 represent the
pixels number in the horizontal or vertical direction of the
current macroblock, respectively.
If the value of SAD(𝑥, 𝑦) is larger, the difference of the
corresponding macroblocks in neighbored frames is bigger.
In this case the current macroblock belongs to foreground
translational region in translational background, and then
𝑀2 (𝑥, 𝑦) is set to 1. In another case, the current macroblock
belongs to background region, and then 𝑀2 (𝑥, 𝑦) is set to 0.
Because the SAD(𝑥, 𝑦) is calculated in intermode decision
and motion estimation, so the translational motion vector
detection does not increase more computation, especially fits
for limited calculation resources. In order to reduce the detection error, this paper sets up an adaptive dynamic threshold
𝑆𝑐 to detect the translational motion vector interference. 𝑆𝑐
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Figure 2: Flowchart of temporal visual saliency region marking.

is the mean SAD of all macroblocks which are considered in
background at previous frame:
𝑆𝑐 =

∑𝑥,𝑦∈𝑆c SAD(𝑥,𝑦)

(4)
.
Num
In formula (4), 𝑆𝑐 represents the background region in
previous frame, ∑𝑥,𝑦∈𝑆𝑐 SAD(𝑥,𝑦) represents the sum of the
SAD in 𝑆𝑐 , and Num represents the summation times.
2.1.3. Temporal Visual Saliency Region Marking. Consider
 
3, if 𝑉𝑟𝑟  = 0
{
{
 
{
{2, else if V𝑠  ≥ 𝑉𝑟𝑟 
 
𝑀 (𝑥, 𝑦) = {
(5)
{
1,
else
SAD
≥ 𝑆𝑐
if
{
(𝑥,𝑦)
{
{0, esle.
In formula (5), 𝑀(𝑥, 𝑦) = 3 represents motion vector
random noise, and after motion vector random noise filtering
𝑀(𝑥, 𝑦) is set to 0. 𝑀(𝑥, 𝑦) = 2 represents foreground
dynamic region. 𝑀(𝑥, 𝑦) = 1 represents foreground translational region. 𝑀(𝑥, 𝑦) = 0 represents background region.
In this paper, the temporal visual characteristics analysis
and detection are realized by preprocessing in two layers; the
proposed algorithm flowchart is given in Figure 2.

The current encoding frame is divided into different
temporal visual perception characteristic regions accord
ing to →
V𝑠 and motion vector correlation between neighbored macroblocks. Figure 3 shows part of the experiment results schematic; taking typical video monitoring
sequence (Hall), indoor activity sequence (Salesman), and
outdoor sequences (Coastguard, Foreman) including camera panning, for example, it can be found that the proposed method can disperse foreground and background
effectively.
2.2. Spatial Visual Characteristics Analysis and Detection.
Existing research results have proved that mode decision
is accordant well to visual attention. The macroblocks
choose subblock prediction modes in intraframe or interframe coding with high probability and attended highly
by human eyes when spatial visual characteristic varies
intensely or abundant image contents include more moving details. The macroblocks have been chosen by macroblock prediction mode in intraframe or interframe coding with high probability and attended lowly by human
eyes when spatial visual characteristic varies slowly or
abundant image contents include smooth movements [19,
20]. In this paper, prediction mode decision is regarded
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Salesman
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(a) Original video sequences and their motion vectors distribution

(b) Motion vector distribution after motion vector random noise filtering and translation error detection
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Figure 3: Temporal visual perception characteristics analysis.

as the spatial characteristics of visual perception analysis.
Consider
𝑆 (𝑥, 𝑦)
2,
{
{
= {1,
{
{0.

mod𝑒𝑃 ∈ (Intra 16 × 16, Intra 4 × 4)
(mod𝑒𝑃 ∈ Inter 8) or (mod𝑒𝐼 ∈ Intra 4 × 4)
(mod𝑒𝑃 ∈ Inter 16) or (mod𝑒𝐼 ∈ Intra 16×16) .
(6)

In formula (6), mod 𝑒𝑃 represents the predicted mode of
the current macroblock in frame 𝑃. mod𝑒𝐼 represents the
predicted mode of the current macroblock in frame 𝐼.
If mod 𝑒𝑃 chooses the intramode, 𝑆(𝑥, 𝑦) = 2 means the
spatial visual characteristic saliency is the highest and belongs
to sensitive region.
If mod 𝑒𝑃 chooses the inter 8 mode (inter 8 × 8, inter 8 ×
4, inter 4 × 8, inter 4 × 4) or mod 𝑒𝐼 chooses the intra 4 × 4
mode, 𝑆(𝑥, 𝑦) = 1, means that the spatial visual characteristic
saliency is high and belongs to attentive region.
If mod 𝑒𝑃 chooses the inter 16 mode (skip, inter 16 × 16,
inter 16 × 8, inter 8 × 16) or mod𝑒𝐼 chooses intra 16 × 16

mode, 𝑆(𝑥, 𝑦) = 0, means that the spatial visual characteristic
saliency is low and belongs to nonsaliency region.

3. Hierarchical Coding Scheme for VCL
H.264/AVC has higher compression, but the video coding
complexity is increased continually, so it is a huge challenge
to obtain the real-time performance. Some researches have
shown that prediction mode decision and motion estimation
(ME) occupy approximately 80% calculation in encoder [21].
Depending on the previous researches for fast mode decision
algorithm and fast motion estimation algorithm, the computing resource will be optimized by intraprediction mode
decision, interprediction mode decision, motion estimation
search range, and numbers of references. The hierarchical
video coding scheme proposed here is developed based on
the visual perception characteristic analysis results according
to the foregoing paragraphs.
3.1. Priority Setting for Visual Region of Interest. Based on
the abundant video content and human visual selective
attention principle, video sequences usually have temporal
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Figure 4: Video coding framework diagram.

and spatial characteristics. The priority setting for visual
region of interest is defined as
3,
{
{
{
{2,
ROI (𝑥, 𝑦) = {
{
1,
{
{
{0,

((𝑀 (𝑥, 𝑦) = 2 or 𝑀 (𝑥, 𝑦) = 1) ‖ (𝑆 (𝑥, 𝑦) = 1)) or (𝑆 (𝑥, 𝑦) = 2)
(𝑀 (𝑥, 𝑦) = 2 or 𝑀 (𝑥, 𝑦) = 1) ‖ (𝑆 (𝑥, 𝑦) = 0)
(𝑀 (𝑥, 𝑦) = 0) ‖ (𝑆 (𝑥, 𝑦) = 1)
(𝑀 (𝑥, 𝑦) = 0) ‖ (𝑆 (𝑥, 𝑦) = 0) .

In formula (7), ROI(𝑥, 𝑦) represents the priority setting for
visual region of interest, 𝑀(𝑥, 𝑦) represents the salient degree
of temporal visual characteristic, 𝑆(𝑥, 𝑦) represents the salient
degree of spatial visual characteristic, and (𝑥, 𝑦) represents
the coordinates of the current macroblock.
3.2. Settings for the Resource Allocation Optimization. In
order to improve the real-time performance while maintaining the video image quality and the compression bit rate,
the macroblock with region of interest should be optimized
firstly. With the limited computing resource and limited bits
resource, the hierarchical video coding algorithm based on
visual perception characteristics is proposed as shown in
Table 1.
Fast intraprediction mode decision algorithm in Table 1
uses the macroblock histogram to define macroblock

(7)

smoothness characteristics [19]. If the macroblock is flat,
only Intra 16 × 16 mode is chosen. If the macro-block is
rough, only Intra 4 × 4 mode is chosen. If the macroblock has
nonsaliency texture, then Intra 16 × 16 mode and Intra 4 × 4
mode are ergodic.
Fast interprediction mode decision algorithm in Table 1
uses the early termination for some specified modes which
are chosen by the probability of intermode decision [20].
Fast motion estimation search algorithm in Table 1 uses
the dynamic search strategy which is proposed according
to the correlation of motion vectors and the coding block
motion degree [22].
(i) In Frame 𝑃, according to formula (7),.
Case 1. If the current macroblock belongs to foreground
dynamic region (𝑀(𝑥, 𝑦) = 2) or foreground translational
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Table 1: The hierarchical video coding algorithm based on visual perception characteristics.

Coding scheme
Frame 𝑃
ROI(𝑥, 𝑦) = 3
ROI(𝑥, 𝑦) = 2
ROI(𝑥, 𝑦) = 1
ROI(𝑥, 𝑦) = 0
Frame 𝐼
ROI(𝑥, 𝑦) = 1
ROI(𝑥, 𝑦) = 0

Intraprediction mode decision [19]

Interprediction mode decision [20]

Intra 16 × 16

Intra 4 × 4

Inter 16

Inter 8

ME search
range [22]

Intra 16 × 16
—
—
—

Intra 4 × 4
—
—
—

—
Inter 16
—
Inter 16

Inter 8
—
Inter 8
—

Layers 2,3, 4
Layers 1, 2, 3
Layers 1, 2
Layer 1

5
3
2
1

—
Intra 16 × 16

Intra 4 × 4
—

—
—

—
—

—
—

—
—

Number of reference
frames

“—”: no corresponding coding mode has been selected.

Table 2: Performance of the proposed algorithm compared with H.264/AVC standard.
Video sequence
Foreman

Hall

Salesman

Car-phone

News

Coastguard

Paris

Silent

Mother and Daughter

Akiyo

QP

QP
28
32
36
28
32
36
28
32
36
28
32
36
28
32
36
28
32
36
28
32
36
28
32
36
28
32
36
28
32
36

ΔTime (%)
−71.24
−71.92
−70.81
−83.64
−84.27
−84.98
−76.43
−75.92
−76.01
−73.85
−73.36
−74.96
−85.47
−85.84
−85.93
−61.24
−62.35
−62.62
−84.12
−84.61
−84.97
−80.14
−80.86
−81.32
−83.76
−83.89
−84.21
−85.64
−85.76
−86.41

28
32
36

−78.55
−78.88
−79.22

ΔBit rate (%)
+2.19
+2.15
+2.06
+1.24
+1.17
+1.12
+2.12
+1.87
+1.83
+2.84
+2.57
+1.69
+2.14
+2.13
+1.86
+2.47
+2.13
+1.76
+1.07
+1.15
+1.03
+1.51
+1.42
+1.17
+1.85
+1.64
+0.09
+1.87
+1.21
+0.08
Average results
+1.93
+1.74
+1.27

ΔPSNR-Y (dB)
−0.30
−0.29
−0.17
−0.21
−0.22
−0.19
−0.26
−0.20
−0.14
−0.32
−0.21
−0.14
−0.13
−0.12
−0.09
−0.28
−0.29
−0.21
−0.29
−0.22
−0.21
−0.24
−0.18
−0.11
−0.18
−0.10
−0.08
−0.11
−0.08
−0.07

ΔROI-PSNR-Y (dB)
−0.25
−0.21
−0.15
−0.19
−0.14
−0.13
−0.21
−0.15
−0.12
−0.24
−0.19
−0.12
−0.11
−0.07
−0.08
−0.24
−0.26
−0.18
−0.23
−0.21
−0.17
−0.18
−0.15
−0.09
−0.14
−0.10
−0.05
−0.09
−0.07
−0.06

−0.188

−0.153

Description: The symbol “+” means enhancement or increase; symbol “−” means decrement or decrease. PSNR-Y means the peak signal-to-noise ratio of
luminance, and it also represents the quality of the reconstructed video image. ΔPSNR-Y means the difference of the PSNR-Y. ΔROI-PSNR-Y means the nonzero region of the ΔPSNR-Y in visual perception characteristics mark.
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Table 3: The standard video sequence.

Video sequence name

Foreman

Hall

Salesman

Car-phone

News

Coastguard

Paris

Silent

Mother & Daughter

Akiyo

Representative frame

Video sequence name

Akiyo

M and D

Silent

Paris

Coastguard

News

Car-phone

Salesman

inter 16 prediction mode and the fast motion estimation
algorithm with Layer 1 to Layer 3, and 3 reference frames:
ROI(𝑥, 𝑦) = 1.

Hall

90
80
70
60
50
40
30
20
10
0

Foreman

Encoding time (s)

Representative frame

JM17.0
Reference [14]
Proposed

Figure 6: Comparison of the computational complexity

region (𝑀(𝑥, 𝑦) = 1), the macroblock has temporal visual
characteristics. 𝑆(𝑥, 𝑦) = 1 means that the macroblock
chooses the inter 8 prediction mode and belongs to temporal
visual characteristic saliency region.
Case 2. If 𝑆(𝑥, 𝑦) = 2, frame 𝑃 chooses the intraprediction
mode and belongs to spatial visual characteristic saliency
region.
Cases 1 and 2 include the highest human visual attention;
the hierarchical video coding algorithm should perform the
fast intraprediction mode, the inter 8 prediction mode, the
fast motion estimation algorithm with Layer 2 to Layer 4, and
5 reference frames: ROI(𝑥, 𝑦) = 2.
Case 1. If the current macroblock has temporal visual characteristics (𝑀(𝑥, 𝑦) = 2or𝑀(𝑥, 𝑦) = 1), the macroblock has
temporal visual characteristics but does not belong to saliency
region. 𝑆(𝑥, 𝑦) = 0 means that the macroblock only traverses
the inter 16 prediction mode and skips the intra prediction
mode.
This case includes the middle human visual attention;
the hierarchical video coding algorithm should perform the

Case 1. If the current macroblock does not have temporal
visual characteristics (𝑀(𝑥, 𝑦) = 0), the macroblock has
spatial visual characteristics and belongs to spatial visual
characteristic saliency region. 𝑆(𝑥, 𝑦) = 0 means that the
macroblock chooses the inter 8 prediction mode.
This case includes the lower human eye attention; the
hierarchical video coding algorithm should perform the
inter 8 prediction mode, the fast motion estimation algorithm
with Layer 1 to Layer 2. and 2 reference frames: ROI(𝑥, 𝑦) = 0.
Case 1. If the current macroblock does not have temporal
and spatial visual characteristics, the macroblock belongs to
background region.
This case includes the lowest human visual attention;
the hierarchical video coding algorithm should perform
the inter 16 prediction mode, the fast motion estimation
algorithm with Layer 1, and one reference frame.
(ii) In Frame I, according to formula (7), ROI(𝑥, 𝑦) = 1.
Case 1. If the current macroblock does not have temporal
visual characteristics (𝑀(𝑥, 𝑦) = 0), the macroblock includes
spatial details but does not belong to spatial visual characteristics saliency region. 𝑆(𝑥, 𝑦) = 1 means that the macroblock
chooses the intra 4 × 4 prediction mode.
This case includes the middle human visual attention; the
hierarchical video coding algorithm should perform the intra
4 × 4 prediction mode: ROI(𝑥, 𝑦) = 0.
Case 1. If the current macroblock does not have temporal
and spatial visual characteristics, the macroblock belongs to
stationary background region.
This case includes the lowest human visual attention;
the hierarchical video coding algorithm should perform the
intra 16 × 16 prediction mode.
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4. Experimental Results and Analysis
In order to verify the rationality and the performance of the
proposed hierarchical video coding algorithm, the experiment has been performed.
The video coding framework diagram proposed in this
paper is shown in Figure 4.
4.1. Environment and Configuration. (i) The standard video
sequence: see Table 3.
(ii) System configuration: PC hardware configuration:
Pentium 4, 2G RAM, 1.6 GHz frequency;
experimental software version: JM17.0, Visual C++ compiler, Windows 2003 operating system.
(iii) Main experimental parameter settings: Video
sequence formats: QCIF; encoded frames: 100; frame
rate: 30 f/s; GOP structure: IPPP; entropy coding type:
CAVLC; QP: 28, 32, 36; motion estimation search range: ±16
pixels; the most number of reference frames: 5; Hadamard
transform: On; rate-distortion optimization (RDO): On.
4.2. Experimental and Statistical Results. See Table 2.
4.3. Experimental Results and Performance Analysis. The
statistic results in Table 2 show the performance of the hierarchical video coding scheme compared with the H.264/AVC
(JM17.0) standard algorithm by ten typical sequences.
Compared with the H.264/AVC standard algorithm,
under various QP (28, 32, and 36), the hierarchical video
coding algorithm reduces 78.55%, 78.88%, and 79.22% coding
time on average, the bit rate increases by 1.93%, 1.74%,
and 1.27% on average (less than 3%), the PSNR-Y reduces
0.188 dB on average (the maximal reduce is less than 0.3 dB),
in nonzero region with visual perception characteristics
which is the human visual attention region, and the PSNRY reduces 0.153 dB on average (the maximal reduction is less
than 0.25 dB). Compared with the human visual nonregion
of interest, the hierarchical video coding scheme gives the
priority to ensure the quality of the visual perception characteristics saliency region.
In terms of bit rate control, the two rate-distortion curves
are very close as shown in Figure 5. It means that the proposed
method inherits the advantages of low bit rate and high
quality in H.264/AVC.
In terms of video image reconstruction quality, the proposed method ensures the average PSNR reduction to be less
than 0.2 dB which is less than the perceived minimum human
eyes sensitivity 0.5 dB. It maintains a good reconstructed
video image quality.
In terms of improving the coding computational speed,
according to the statistical result as shown in Figure 6, the
computational complexity of the proposed method is lower
compared with the coding algorithm in reference [14] and
H.264/AVC (JM17.0). It reduces about 85% coding time on
average compared with the standard algorithm in H.264/AVC
and fits for the sequences with gentle movements, such as
Akiyo and News.
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A large number of experimental results show that the
proposed hierarchical video coding scheme based on visual
perceptual analysis can accelerate the coding speed under
the condition of maintaining good subjective video image
quality. The experimental results also proved the feasibility of
the low complexity visual perception analysis method based
on the coding information. The consistency between visual
perception characteristic saliency degree and HVS indicates
the rationality of the hierarchical video coding algorithm
based on visual perception characteristics.

5. Conclusion
This paper presents an efficient hierarchical video coding
scheme based on visual perception characteristics. In order
to achieve high coding performance, the scheme proposed
video coding framework consisting of the video coding layer
and the visual perception analysis layer. On one hand, the two
layers can reduce the computation time greatly. The visual
perception analysis layer uses the video stream information
in coding layer to extract visual region of interest. On the
other hand, the two layers can allocate the coding resource
reasonably. The video coding layer uses the visual perceptive characteristics in perception analysis layer. The above
technologies achieve a hierarchical video coding method
and improve coding performance effectively. Experimental
results show that the proposed algorithm can maintain good
video image quality and coding efficiency; moreover, it can
improve the H.264/AVC computational resource allocation.
The proposed algorithm keeps the balance on good subjective
video quality, high compression bit rate, and fast coding
speed; also it lays the foundation for following the study of
fast video coding algorithm in HEVC.
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The process of high gradient magnetic separation (HGMS) using a microferromagnetic wire for capturing weakly magnetic
nanoparticles in the irrotational flow of inviscid fluid is simulated by using parallel algorithm developed based on openMP. The
two-dimensional problem of particle transport under the influences of magnetic force and fluid flow is considered in an annular
domain surrounding the wire with inner radius equal to that of the wire and outer radius equal to various multiples of wire radius.
The differential equations governing particle transport are solved numerically as an initial and boundary values problem by using
the finite-difference method. Concentration distribution of the particles around the wire is investigated and compared with some
previously reported results and shows the good agreement between them. The results show the feasibility of accumulating weakly
magnetic nanoparticles in specific regions on the wire surface which is useful for applications in biomedical and environmental
works. The speedup of parallel simulation ranges from 1.8 to 21 depending on the number of threads and the domain problem size
as well as the number of iterations. With the nature of computing in the application and current multicore technology, it is observed
that 4–8 threads are sufficient to obtain the optimized speedup.

1. Introduction
High gradient magnetic separation (HGMS) is a separation
technique which has been proven as a powerful one for
the capture of weakly magnetic particles from suspension
which conventional magnetic separation techniques using
only permanent magnet cannot achieve. Some examples of
potential applications of HGMS technique in the fields of
biomedical and environmental science are the separation of
red and white blood cells from small amount of blood sample
in microfluidic device [1], trapping of infected red blood
cell [2], and the separation of specific inorganic compounds
from inland water [3]. Recently, many research works [4–6]
have been studied to investigate the feasibility of using
the principle of HGMS for concentrating nanotherapeutic
carriers in specific regions within living body. This technique
is called magnetic drug targeting (MDT). It is seen that

the technique of HGMS becomes that which plays important
role in nanotechnology so studying to understand the mechanism of nanoparticles capture by HGMS technique in various
situations becomes useful for various research areas.
In this work, we study the problem of HGMS of weakly
magnetic particle using a microferromagnetic wire as capture
center in irrotational flow of inviscid fluid. The effect of
diffusion becomes significant for nanoparticle motion so
dynamic of capture process will be described statistically
in terms of particle volume concentration. The problem is
considered in an annular domain surrounding the wire. The
continuity equation describing time rate of change of volume
concentration in any part of the domain is formulated and is
solved numerically as an initial and boundary value problem
by using the explicit finite-difference method. A parallel
algorithm for updating concentration value at each time step
is developed based on openMP (http://openmp.org/wp/) to
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ya

speed up the simulation because time step must be sufficiently
small for the explicit method to obtain accurate simulation
results.
Downstream

2. Problem Description and Backgrounds
Figure 1 illustrates the definition of the problem. A long cylindrical ferromagnetic wire of radius 𝑎 is placed traverse a flow
of fluid containing weakly magnetic particles. In Figure 1, the
flow is parallel to 𝑥𝑦 plane and wire axis is parallel to 𝑧-axis
normally pointing out of the page. The distance is measured
in the unit of wire radius. A uniform external magnetic
field is applied perpendicular to wire axis and opposite to
the incoming flow direction. This configuration is called the
longitudinal mode operation. In Figure 1, the half of the
domain on the right hand side of 𝑦-axis is called the upstream
side while another half is called downstream side. For long
wire, the flow profile of the fluid varies only on the 𝑥𝑦 plane
but does not depend on 𝑧 coordinates [7]. Moreover, the high
gradient magnetic field around the wire also varies only on
the 𝑥𝑦 plane [7]. Consequently, the problem can be treated as
a two-dimensional one and the simulation domain is set up as
an annular region surrounding the wire with the inner radius
equal to wire radius and the outer radius is multiples of wire
radius where the gradient of magnetic field is almost zero.
2.1. The Magnetic Field and Magnetic Force. By solving a
magnetostatic boundary value problem in the domain using
the boundary condition of uniform magnetic field (𝐻0 )
in the region that is far from the wire and magnetostatic
boundary condition at the surface of the wire, the high
gradient magnetic field (H) around the wire can be expressed
in polar coordinates (𝑟𝑎 , 𝜃) as [7]
H = 𝐻0 [(1 +

𝐾𝑊
𝐾
) cos 𝜃r − (1 − 𝑊
) sin 𝜃𝜃] ,
𝑟𝑎2
𝑟𝑎2

(1)

where 𝐾𝑊 = 𝑀/2𝐻0 is the demagnetization factor of the
wire, 𝑀 is the magnetization of the wire, and the boldface
symbols r and 𝜃 represent the unit vector in radial and plane
angular directions, respectively. The symbol 𝑟𝑎 = 𝑟/𝑎 means
the radial distance in the unit of wire radius 𝑎. In the regions
of high gradient magnetic field near to wire surface, the
local magnetic field strength 𝐻 is higher than the externally
applied uniform magnetic field 𝐻0 , hence increasing the
magnetic force acting on any weakly magnetic particles in
these regions.
The magnetic force acting of any weakly magnetic particle
of susceptibility 𝜒𝑝 dispersed in a fluid medium of susceptibility 𝜒𝑓 satisfied the equation [7]
F𝑚 = 𝜇0 (𝜒𝑝 − 𝜒𝑓 ) 𝑉𝑝 𝐻∇𝐻,

(2)

where 𝜇0 = 4𝜋 × 10−7 henry/m is the magnetic permeability
of free space, 𝑉𝑝 is volume of a particle, and the operator ∇

H0

Domain
Wire

ra

Upstream
Incoming ﬂow

𝜃
1

Downstream

10

xa

V0

Upstream

Figure 1: The simulation domain, direction of incoming fluid flow
(V0 ), applied uniform magnetic field (H0 ), and the coordinates
systems (not to scale).

expresses the gradient or nonuniformity of local magnetic
field strength 𝐻.
2.2. Fluid Flow Field. In this work, we follow the work of
Davies and Gerber [8] by considering an irrotational flow of
inviscid fluid around the wire. The radial (𝑉𝑟 ) and angular
(𝑉𝜃 ) components of fluid in the domain can be expressed as
[7]
𝑉𝑟 = 𝑉0 (1 −

1
) cos 𝜃,
𝑟𝑎2

1
𝑉𝜃 = −𝑉0 (1 + 2 ) sin 𝜃,
𝑟𝑎

(3)

where 𝑉0 is the incoming speed of fluid at the outer boundary
of the domain.
2.3. The Continuity Equation. Dynamic of nanoparticle concentration in the domain is described by the continuity
equation which states that, in any small elements of the
domain, time rate of change of particle volume concentration
is proportional to net volume flux passing through the
elements and can be expressed as
𝐷𝐶F𝑚
𝜕𝐶
= 𝐷∇2 𝐶 − ∇ ⋅ (𝐶V𝐵 ) − ∇ ⋅ (
),
𝜕𝑡
𝑘𝐵 𝑇

(4)

where 𝐶 is particle volume concentration, 𝑡 is time, 𝐷 is
diffusion coefficient, V𝐵 is fluid velocity, 𝑘𝐵 is Boltzmann’s
constant, and 𝑇 is absolute temperature in Kelvin. The first,
second, and third terms on the right hand side represent
particle volume flux caused by diffusion process, convection
by fluid flow, and the competition between effects of magnetic
force and diffusion, respectively. Equation (4) is solved
numerically, by using the explicit finite-difference method,
as initial and boundary values problems to determine the
pattern of concentration distribution within the domain.

The Scientific World Journal

3
raL

j = jmax

n
ci,j

..
.
1

j=3

Wire

j=2
j=1
j=0
i=0

i=1

i=2

i=3

···

i = imax

Figure 2: Simulation domain partitioning.
Figure 3: The concentration array.

3. Simulation Methodology
We partition the annular domain in Figure 1 into a structured
mesh using normalized radial and angular steps Δ𝑟𝑎 and Δ𝜃,
respectively, as shown in Figure 2. At wire surface 𝑟𝑎 = 1 and
𝑛
represents
at outer boundary 𝑟𝑎 = 𝑟𝑎𝐿 = 10. The symbol 𝐶𝑖,𝑗
the volume concentration at the middle point (𝑟𝑎,𝑖 , 𝜃𝑗 ) of each
element at an instantaneous time 𝑡𝑛 .
In Figure 2, there exist two types of domain element. The
first type is “ordinary” element where particle flux can pass
through every surface and the second type is called “special”
element which at least one of its surfaces is in contact with
wire surface or the surface of static accumulation of particle.
To solve (4), all derivative operations are approximated by
using the finite-difference relations. The difference equation
for “ordinary” element can be expressed as
𝑛+1
𝐶𝑖,𝑗

−

𝑛
𝐶𝑖,𝑗

Δ𝜏
=(

+

𝑛
𝑛
𝑛
𝐶𝑖+1,𝑗
− 2𝐶𝑖,𝑗
+ 𝐶𝑖−1,𝑗

(Δ𝑟𝑎 )
1

(

2

(𝑟𝑎 )𝑖

(𝐺𝜃 )𝑖,𝑗
(𝑟𝑎 )𝑖

𝑛
𝑛
𝐶𝑖+1,𝑗
− 𝐶𝑖−1,𝑗
1
(
)
(𝑟𝑎 )𝑖
2 (Δ𝑟𝑎 )

𝑛
𝑛
𝑛
𝐶𝑖,𝑗+1
− 2𝐶𝑖,𝑗
+ 𝐶𝑖,𝑗−1

− (𝐺𝑟 )𝑖,𝑗 (
−

2

)+

(Δ𝜃)2
𝑛
𝑛
𝐶𝑖+1,𝑗
− 𝐶𝑖−1,𝑗

(

2 (Δ𝑟𝑎 )

)−(

𝑛
𝑛
𝐶𝑖,𝑗+1
− 𝐶𝑖,𝑗−1

2 (Δ𝜃)

)−

)−

𝑛
(𝐺𝑟 )𝑖,𝑗 𝐶𝑖,𝑗

(𝑟𝑎 )𝑖

𝜕𝐺𝑟
) 𝐶𝑛
𝜕𝑟𝑎 𝑖,𝑗 𝑖,𝑗
𝑛
𝐶𝑖,𝑗

(𝑟𝑎 )𝑖

(

𝜕𝐺𝜃
) .
𝜕𝜃 𝑖,𝑗
(5)

For “special” element, the corresponding difference equation
has the form as
𝑛+1
𝐶𝑠,𝑗

−

Δ𝜏

𝑛
𝐶𝑠,𝑗

=

1
2
(𝑟𝑎 )𝑠

(

𝑛
𝐶𝑠,𝑗+1

−

𝑛
2𝐶𝑠,𝑗
+
2

(Δ𝜃)

𝑛
𝐶𝑠,𝑗−1

)

−
+

(𝐺𝜃 )𝑖,𝑗
(𝑟𝑎 )𝑠

(

𝑛
𝑛
𝐶𝑠,𝑗+1
− 𝐶𝑠,𝑗−1

𝑛
(𝐺𝑟 )𝑠,𝑗 𝐶𝑠,𝑗

Δ𝑟𝑎

2 (Δ𝜃)
−(

)−

𝑛
𝑛
𝐶𝑠+1,𝑗
− 𝐶𝑠,𝑗

Δ𝑟𝑎

𝑛
𝐶𝑠,𝑗

(𝑟𝑎 )𝑠

(

𝜕𝐺𝜃
)
𝜕𝜃 𝑠,𝑗

),
(6)

where the functions 𝐺𝑟 = (𝑎𝑉𝑟 /𝐷) + (𝑎𝐹𝑚𝑟 /𝑘𝐵 𝑇) and 𝐺𝜃 =
(𝑎𝑉𝜃 /𝐷) + (𝑎𝐹𝑚𝜃 /𝑘𝐵 𝑇) and 𝜏 = 𝐷𝑡/𝑎2 is the normalized time.
3.1. Simulation Algorithm. In the simulation, two twodimensional arrays of equal size named 𝑜𝑙𝑑 𝑐 and 𝑛𝑒𝑤 𝑐 are
𝑛
𝑛+1
declared for saving the concentrations 𝐶𝑖,𝑗
and 𝐶𝑖,𝑗
at the old
and new instantaneous times 𝑡𝑛 and 𝑡𝑛+1 , respectively. The
numbers of row and column of each array are 360/Δ𝜃 and
[(𝑟𝑎𝐿 −1)/Δ𝑟𝑎 ]+1, respectively. Figure 3 shows a concentration
array of maximal column and row indices as 𝑖max and 𝑗max ,
respectively, where 𝑖max = total column – 1 and 𝑗max = total
row – 1.
The steps of simulation can be summarized as shown in
Algorithm 1.
The size of normalized time step Δ𝜏 must be small enough
to provide stable numerical results. The size of Δ𝜏 in this work
is assigned to satisfy Courant stability condition as follows:

Δ𝜏 ≤

1
2

𝐺max √1/(Δ𝑟𝑎 ) + 1/(𝜋 ∗ Δ𝜃/180)2

,

(7)

where 𝐺max is the maximal magnitude of 𝐺𝑟 and 𝐺𝜃 which
is spatial function but time independent. When stable
condition (7) is satisfied, the order of error of computed
concentration is [(Δ𝜏/2) + (Δ𝑟𝑎 )2 /12 + (𝜋 ∗ Δ𝜃/180)2 /12].
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(1) Assign initial concentration 𝐶0 to every elements in array old c and new c.
(2) while (time < end time) do
{
𝜏𝑛+1 = 𝜏𝑛 + Δ𝜏 /∗ Increase normalized time ∗ /
Loop1: FOR (0 ≤ 𝑗 ≤ 𝑗max ) /∗ For all discrete angle 𝜃𝑗 ∗ /
{ Begin: Find column index “𝑠” of “special” element.
Check the value 𝜃𝑗 = 𝑗 ∗ Δ𝜃.
IF (𝜃𝑗 is on the upstream side) DO
{ /∗ Assign upstream boundary condition ∗ /
new c[𝑗][𝑖max ] = 𝐶0 .
Apply (5) to compute new c[𝑗][𝑖] for
𝑠 + 1 ≤ 𝑖 ≤ 𝑖max − 1.
Apply (6) to compute new c[𝑗][𝑠] which is
the special element }
ELSE IF (𝜃𝑗 is on the downstream side) DO
{ Apply (6) to compute new c[𝑗][𝑠] which is
the special element.
Apply (5) to compute new c[𝑗][𝑖] for
𝑠 + 1 ≤ 𝑖 ≤ 𝑖max − 1.
/∗ Assign downstream boundary condition ∗ /
new c[𝑗][𝑖max ] = old c[𝑗][𝑖max − 1]. }
/∗ Assign array new c to old c for
computing at next discrete time ∗ /
Loop2: FOR (0 ≤ 𝑗 ≤ 𝑗max )
Loop3: FOR (0 ≤ 𝑖 ≤ 𝑖max ) {old c[𝑗][𝑖] = new c[𝑗][𝑖] }.
end:} /∗ End of simulation ∗ /
(3) Save concentration results in all elements.
Algorithm 1

(2) The number of iterations is more due to Δ𝜏. The value
should be small enough so that the simulation result is
stable. When the number of iterations is large, it could
take hours to days to finish the simulation.
Due to the first issue, there is no dependency in computing each element in array 𝐶. We use double buffer to store
the current 𝐶 (𝑛𝑒𝑤 𝑐) and the 𝐶 in the previous iteration
(𝑜𝑙𝑑 𝑐). Each element 𝐶𝑖,𝑗 can be computed independently by
(5)-(6). Thus, for simplicity, we divide the work sharing using
row-wise method. Each thread works on rows of computing
𝑛𝑒𝑤 𝑐[𝑖][𝑗].
Depending on the openMP schedule used, the work rows
may be distributed to threads statically or dynamically. For
example, we may try with the clause static with 𝑐ℎ𝑢𝑛𝑘 𝑠𝑖𝑧𝑒 =
𝑁/𝑇 where 𝑁 is the total number of rows and 𝑇 is the
number of threads which assigns the work statically. Or we

Stop

Yes

Time < end time

No

···

Thread n

Parallel for

Thread 2

(1) The domain size can be large due to the domain size
of Δ𝑟𝑎 and Δ𝜃. If Δ𝜃 = 0.0087 radian or 0.5 degree, we
obtain that the number of rows for array 𝐶 is 720. For
various domain size and Δ𝑟𝑎 , the number of columns
for array 𝐶 can be large. Thus, this is a big piece of
shared memory considering openMP approach.

Start

Thread 1

3.2. Parallel Approach. In this work, we use openMP platform
to parallelize the above algorithm. To simplify this, the
challenge of the algorithm is twofold.

Join threads
copy to new buffers

Figure 4: Threads are created based on each angle.

may try with the clause static with 𝑐ℎ𝑢𝑛𝑘 𝑠𝑖𝑧𝑒 = 1 where
the row number is assigned to the thread 𝑁 mod 𝑇 statically.
Similarly, the clause dynamic with 𝑐ℎ𝑢𝑛𝑘 𝑠𝑖𝑧𝑒 = 1. One
row is assigned to compute by the thread and when the
thread finishes, it will compute on the next row. The row
assignment is done dynamically. Each thread may not get the
same number of rows to compute on.
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Figure 5: The concentration contours of Mn2 P2 O7 ⋅3H2 O nanoparticles of 24 nm diameter at 𝑡 = 10.24 s.

Figure 6: The concentration contours of Mn2 P2 O7 ⋅3H2 O nanoparticles of 24 nm diameter at 𝑡 = 34.12 s.

The algorithm for computing the simulation is similar to
the above one except that the line marked by Loop1 is the
parallel for. Also, all the terms are private variables except
the concentration arrays (𝑛𝑒𝑤 𝑐 and 𝑜𝑙𝑑 𝑐). Figure 4 presents
how we fork the parallel threads. The Loop1 corresponds
to the parallel for. Each thread computes the rows it is
responsible for based on the schedule approach. That is, it
performs the code in line “Begin” until line “End” in the
algorithm. After all the threads finish, the 𝑛𝑒𝑤 𝑐 is copied and
they can proceed to the next time step.

The radial and angular steps for partitioning the simulation
domain are Δ𝑟𝑎 = 0.010 and Δ𝜃 = 0.0087 radian or 0.5
degree. The normalized time step is Δ𝜏 = 1 × 10−5 which is
small enough to obtain stable results. The normalized radius
at the outer boundary, 𝑟𝑎𝐿 , which indicates domain size, is
varied between 3, 5, and 9. From the value of Δ𝑟𝑎 and Δ𝜃,
the number of rows in concentration array is 720 and the
numbers of columns are 201, 401, and 801. The maximal row
index is 𝑗max = 719 while the maximal column indices are
𝑖max = 200, 400, and 800 for each case.
Figure 5 shows the contours of particle volume concentration at time 𝑡 = 10.24 s which is obtained after 7500 rounds
of concentration updating. The figure shows the contours
only within the area of 𝑟𝑎 ≤ 3.0 because the concentration
in farther region is almost smooth at 𝐶 = 𝐶0 = 0.001 and no
significant concentration gradient is observed. The pattern of
the contours is compared with previously reported results of
Davies and Gerber [8] using 𝑟𝑎𝐿 = 3.0 and we found similar
pattern of concentration contours. In Figure 4, the saturation
concentration 𝐶sat = 0.1 where particles accumulate densely
exists in the horizontal direction parallel to the directions
of H0 and V0 indicated in Figure 1. Consequently, particle
concentration can be increased 100 times from 0.001 to 0.1.
The result shows that HGMS technique can concentrate even
weakly magnetic nanoparticles. Consequently, it is feasible
to increase the concentration of other weakly magnetic
nanoparticles with lower magnetic susceptibility value. Some
examples of these particles are nanodrug carriers with gold
core which are synthesized for using in cancers and tumors
therapies nowadays. The magnetic susceptibility of gold particle larger than 10 nm is in the order of 10−5 which is about
two orders of magnitude lower than that of Mn2 P2 O7 ⋅3H2 O
in this work so the concentration of gold nanodrug carriers

4. Results
We present the results in two parts. The first part is the results
of the correctness of the simulation approach and the second
part is the performance of the parallel computation on the
varying factors such as the domain size and the iteration
numbers.
4.1. Simulation Results. In this work, we simulate concentration dynamics of weakly magnetic particle which has
known magnetic susceptibility value. Simulation parameters
are obtained from the previously reported work of Davies
and Gerber [8]. We consider manganese pyrophosphate
(Mn2 P2 O7 ⋅3H2 O) particles of 24 nm diameter dispersed in
water that provides 𝜒𝑝 −𝜒𝑓 = +2.03×10−3 . The ferromagnetic
wire has 50 micron radius and magnetization of 8.61 ×
105 A/m. Water with volume concentration 𝐶0 = 0.0010
of Mn2 P2 O7 ⋅3H2 O particle flows traverse to the wire with
incoming velocity of 1 × 10−5 m/s. The external uniform
magnetic field 𝐻0 = 1 × 107 A/m. The saturation or maximal
volume concentration in any element is limited at 𝐶sat = 0.10.
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Figure 7: The speedup for the varying number of columns, 201, 401, and 801, and varying number of iterations, 5,000 and 10,000 iterations,
varying schedule types.

may not be increased 100 times. However, increasing of drug
carriers concentration from only 2 to 4 times is sufficient
for therapy process so HGMS is very a interesting technique
to increase the effectiveness of cancers or tumors therapies.
It is also observed that the region of accumulation of the
particles, 𝐶 > 𝐶0 , occurs within the region of 𝑟𝑎 ≤ 2.0
which is very close to wire surface. This means that particles
dispersed outside of this region are not captured on the wire.
Consequently, capture efficiency can be increased by using
many wires arranged in some configurations with distance
between wires about 2 times of their radius.
Figure 6 shows the contours of particle volume concentration at time 𝑡 = 34.12 s which is obtained after 25,000
rounds of concentration updating. The saturation region
on the upstream side is larger while no significant change
of saturation region on the downstream side is observed.
The pattern of simulated particle accumulation is in good

agreement with the experimental results collected in the book
of Gerber and Birss [7].
4.2. Performance Results. In the experiments, we test the
simulation time on Intel Xeon Phi 7110P located at Kasetsart
University, Thailand. It has 61 cores at 1.1 GHz, with 64-bit
addressing running Linux 2.6∗ and gcc 4.4.7. It contains the
same two MICs. We test the simulation time based on the
two issues above: the domain size and the total iterations.
The domain size is varied in the maximal column indices as
𝑖max = 200, 400, and 800 for each case. The maximal row
index is 𝑗max = 719. The numbers of iterations tested are 5,000
and 10,000. In the experiments, we have tried more numbers
of iterations but the results are quite stable when the iteration
is closed to 10,000.
Figure 7 compares varying schedule types of openMP
in varying the domain sizes and the iteration numbers. We
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Figure 8: The speedup for the case number of columns, 201, 401, and
801 with the dynamic schedule varying number of iterations, 5,000
and 10,000 iterations.

test for static schedule with 𝑐ℎ𝑢𝑛𝑘 𝑠𝑖𝑧𝑒 = 1 (static), static
schedule with 𝑐ℎ𝑢𝑛𝑘 𝑠𝑖𝑧𝑒 = 𝑁/𝑇 (static 𝑁/𝑇), and dynamic
schedule with 𝑐ℎ𝑢𝑛𝑘 𝑠𝑖𝑧𝑒 = 1 (dynamic). It is clear that the
dynamic schedule outperforms the static ones in every case.
This is because the work on each row is not the same. For
some angle, the number of points to compute may decrease
when the numbers of iterations are more. The density of the
concentration is less when the location is farther away from
the core. It is noted that when we double the number of
threads, we obtain almost double speedup for each case until
16 threads. When the number of threads is 32, or more, the
speedup is reduced since there may be too many threads for
the number of rows (720). Then, the thread overhead is more.
We obtain less speedup.
For 5,000 iterations, 1 thread, 98,585 milliseconds is used
while for 10,000 iterations, 1 thread, 195,396 milliseconds
is used. From Figure 8, when we double the number of
iterations, the speedup goes in the same manner when
doubling the number of threads with the dynamic schedule
although perhaps some case like 32 and 64 threads yields a
little bit more speedup.
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Figure 9: The speedup for 5,000 and 10,000 iterations, dynamic
schedule varying number of columns.

Figure 9 presents the speedup for 5,000 and 10,000
iterations when increasing the domain size by the double.
Again, the approach still gives the similar speedup when the
domain size is double from 201 to 401 and from 401 to 801
when the number of threads is double.
Figure 10 presents the computation time for the 5,000 and
10,000 iterations. It shows the trends of the reduction of the
computation time for each case. Similarly, in Figure 11, we
show the trend of the reduction in computation when the
domain size is double.
For further analysis, we study the workload for each
thread at each iteration. We observe that the number of points
calculated for each thread is very much stable for every 1,000
iterations. For the first 1,000 iterations, all threads have about
the same amount of points calculated. As the iteration goes,
the concentration values become steady at some points. Thus,
the thread responsible for the rows containing more of these
points has less work load. Therefore the static schedule is
not best performed. With the dynamic schedule, the thread
that finishes fast due to this reason will be able to perform
computation in other rows. Figures 12–14 show graphs related
to the issues.
Figure 12 shows how the total elements needed to be
calculated are reduced as the iterations pass by. We show this
for 80,000 iterations. It is seen that the number of points is
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Figure 10: The computation time for the case numbers of columns, 201, 401, and 801, dynamic schedule varying number of iterations.
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Figure 11: The computation time for 5,000 and 10,000 iterations, dynamic schedule varying number of columns.
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Figure 12: Total points calculated for every 1,000 iterations for the case of 201, 401, 801 column size.

gradually reduced. In 80,000 iterations, about 10,000 points
are reduced for every case.
Figure 13 presents the workload for static schedule using
𝑐ℎ𝑢𝑛𝑘 𝑠𝑖𝑧𝑒 equal to the number of rows divided by the
number of threads. These examples are for 4 threads. It is
seen that the 2nd and 3rd threads have more points to be
calculated since the works are divided by rows. This is because
the special points are more in Quadrants 1 and 4. Compare to
Figure 14. With the dynamic schedule, the threads obtain the
row as it finishes. The workload distribution is quite random.
With this nature of steady points, the task division by other
methods such as column-wise or block-wise may also be
investigated in the future.

5. Conclusions
In this work, we present the process of high gradient magnetic
separation (HGMS) using microferromagnetic wire for capturing the weakly magnetic nanoparticles in the irrotational
flow of inviscid fluid. The parallel simulation using openMP is
proposed. The domain problem is viewed in two-dimensional
domains of wire radius and annular step and with the
magnetic fore and fluid flow. The timing factors are the size
of granularity and the iterations performed. Both also affect
the correctness of the simulation process.
To parallelize it, each concentration element can be
computed independently. Each thread computes rows of each

The Scientific World Journal
×103
40
35
30
25
20
15
10
5
0

201 cols

1000
3000
5000
7000
9000
11000
13000
15000
17000
19000
21000
23000
25000
27000
29000
31000
33000
35000
37000
39000
41000
43000
45000
47000
49000
51000
53000
55000
57000
59000
61000
63000
65000
67000
69000
71000
73000
75000
77000
79000

Computing elements

10

Iterations
Thread 1
Thread 2

Thread 3
Thread 4

×10
73
72
71
70
69
68
67
66

401 cols

1000
3000
5000
7000
9000
11000
13000
15000
17000
19000
21000
23000
25000
27000
29000
31000
33000
35000
37000
39000
41000
43000
45000
47000
49000
51000
53000
55000
57000
59000
61000
63000
65000
67000
69000
71000
73000
75000
77000
79000

Computing elements

(a)
3

Iterations
Thread 1
Thread 2

Thread 3
Thread 4
(b)

801 cols

144
142
140
138
136
134
132
130

1000
3000
5000
7000
9000
11000
13000
15000
17000
19000
21000
23000
25000
27000
29000
31000
33000
35000
37000
39000
41000
43000
45000
47000
49000
51000
53000
55000
57000
59000
61000
63000
65000
67000
69000
71000
73000
75000
77000
79000

Computing elements

×10
146

3

Thread 1
Thread 2

Iterations
Thread 3
Thread 4
(c)

Figure 13: The workload of each thread for 4 threads using static schedule 𝑐ℎ𝑢𝑛𝑘 𝑠𝑖𝑧𝑒 = 𝑁/𝑇.

concentration. The varying schedule types are considered.
From the experiments, the dynamic schedule is very suitable
since, along the iterations, the number of computed elements
is less when the simulation moves gradually to the stable
state. Also, with the parallelization by angle, we obtain double
speedup when the number of threads goes double. This is

consistent for the case when we double the domain size and
double number of iterations. For the study of 720 rows, the
number of threads should be 16 for the optimum speedup.
In the future, if the domain is very large, we can distribute
the domain using MPI approach, and within each MPI node,
the proposed openMP method can be used. With the MPI,
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Figure 14: The workload of each thread for 4 threads using dynamic schedule 𝑐ℎ𝑢𝑛𝑘 𝑠𝑖𝑧𝑒 = 1.

the concentration array is divided with overlapped rows
[9]. The synchronization is needed between iterations before
going to the next iteration. The nonblocking communication
may be considered to hide this latency [10].
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Volume measurement plays an important role in the production and processing of food products. Various methods have been
proposed to measure the volume of food products with irregular shapes based on 3D reconstruction. However, 3D reconstruction
comes with a high-priced computational cost. Furthermore, some of the volume measurement methods based on 3D reconstruction
have a low accuracy. Another method for measuring volume of objects uses Monte Carlo method. Monte Carlo method performs
volume measurements using random points. Monte Carlo method only requires information regarding whether random points
fall inside or outside an object and does not require a 3D reconstruction. This paper proposes volume measurement using a
computer vision system for irregularly shaped food products without 3D reconstruction based on Monte Carlo method with
heuristic adjustment. Five images of food product were captured using five cameras and processed to produce binary images.
Monte Carlo integration with heuristic adjustment was performed to measure the volume based on the information extracted from
binary images. The experimental results show that the proposed method provided high accuracy and precision compared to the
water displacement method. In addition, the proposed method is more accurate and faster than the space carving method.

1. Introduction
There are several factors that must be considered in assessing
the quality of food products in the food industry. One of these
factors is the size of a food product. Size can be assessed by
one-dimensional (1D) measurement, such as length, width,
or Feret’s diameter; by two-dimensional (2D) measurement,
such as area and perimeter; and by three-dimensional (3D)
measurement, such as volume and surface area [1]. Although
3D size measurement is more difficult, it plays a very important role in the production and processing of food products.
Volume plays an important role in the sorting, grading [2, 3],
and monitoring of fruit growth [4], as well as in determining
other physical properties [5]. Therefore, research into 3D size
measurement remains challenging, especially research into
volume measurement.

The water displacement method based on Archimedes’
principle has traditionally been used to measure the volume
of food product. The product is submerged into the water,
and the displaced water is considered as the volume of the
product. This method is time consuming and inaccurate. For
example, for porous objects, the water displacement method
is lower in accuracy because the object will absorb water.
Furthermore, for fragile objects, the water displacement
method is considered a destructive method [5, 6]. Computer
vision offers an alternative that is accurate, precise, and
nondestructive for the size measurement of food products.
A great deal of research has been performed to measure
the size of food products using computer vision systems. A
part of this research has used 2D computer vision, while
others have used 3D computer vision [7]. 2D computer
vision systems use one or two cameras to acquire one or
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two images of a measured object. The acquired images are
then analyzed to measure the size of the object, including its
diameter, perimeter, and projected area. 2D computer vision
systems are also used to measure the volume of food products
by assuming the products are ellipsoids or axisymmetric
objects [4, 5, 8–10]. However, due to ellipsoid or axisymmetric
object assumptions, 2D computer vision cannot be applied to
measure the volume of food products with irregular shapes.
Generally, 3D computer vision systems use single or
multiple cameras to capture multiple images of an object
from different viewpoints. The images of such an object are
used to reconstruct the 3D object, and the volume of object
is measured from reconstructed 3D objects by mathematical formulations or by counting the number of voxels in
reconstructed object. Lee et al. [3] proposed a nondestructive
method of measuring the volumes and surface areas of an
irregularly shaped object using a computer vision system.
A 3D wireframe model for such an object was constructed
based on a radial projection from images of the object taken
by a single camera from at least 30 views at a fixed angular
interval. The volume and surface area of the object were
calculated from the 3D wireframe model using mathematical
formulation. Goñi et al. [11] proposed a method to measure
the volume and surface area of irregular foodstuffs using
3D reconstructions based on reverse engineering techniques.
The foodstuffs were sliced along a selected axis and captured
slice by slice to obtain the cross-sectional images of foodstuffs
using a camera. The number of cross sections depends on
the irregularity of the foodstuff and can range from 10 to
18. The images are then processed to make 3D solid objects.
The volume and surface area of foodstuffs were calculated
using finite element methods from reconstructed foodstuffs.
Castillo-Castaneda and Turchiuli [6] presented a methodology to calculate the volume of milk-agglomerated particles.
They used the same method as Lee et al. [3] for image
acquisition. The 3D object was reconstructed from multiple
views using the volume intersection method. The volume of
the object was calculated from the 3D reconstructed object
by counting the number of voxels. Although the volume
measurement methods proposed by Lee et al. [3], Goñi et
al. [11], and Castillo-Castaneda and Turchiuli [6] give highly
accurate results, their computational costs are expensive.
Furthermore, the method proposed by Goñi et al. [11] is
considered to be destructive because the measured object
should be sliced for image acquisition. Chalidabhongse et al.
[2] developed the computer vision system to measure the
size of mangoes, including their length, width, thickness,
projected area, volume, and surface area. Space carving was
employed to reconstruct 3D objects from four images of
mangoes acquired by four cameras. The 1D and 2D sizes were
measured from top view images, whereas volume and surface
area were measured from reconstructed 3D objects by counting the number of voxels. Although the developed system
employed four cameras to capture four images together, space
carving used in 3D reconstruction is time consuming and
produces high absolute relative error ranging from 8.89% to
9.96%.
Mathematically, the volume of a solid object enclosed by
curved surfaces can be obtained by a triple integral over a
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region with boundaries at the surfaces of an object [12]. If the
surface’s equations for the object are known, then the integral
can be evaluated either by analytical or numerical approximations. Otherwise, the surfaces of object must be reconstructed
first, as in a 3D computer vision, for volume measurement. In
such conditions, the integral can be evaluated by numerical
approximation alone. An alternative method used to evaluate
the integral is the Monte Carlo method. The Monte Carlo
method is a numerical method that uses random number
to solve mathematical problems [13]. It is a computationally
effective method compared with deterministic methods in
solving multidimensional problems and has been widely
used to solve both mathematical and real problems, such as
multidimensional integrals, linear equations, nonlinear equations, eigenvalue problems, boundary value problems, integral equations, path integrals, operations research, transport
modeling in semiconductors and nanowires, radiation transport, statistical physics and chemistry, nuclear physics, traffic
pattern modeling, and economics [14, 15]. The Monte Carlo
method evaluates integrals by generating random points and
using the arithmetic mean of the integrand, as evaluated at
the generated random points, as an approximation [14]. Jaekel
[16] presented the Monte Carlo method for high-dimensional
volume estimation and application in polytopes. The vector
integral approach was used in a high-dimensional volume
estimation and evaluated using the Markov Chain Monte
Carlo (MCMC) method. However, this approach was not
implemented to measure the volume of a real object with an
unknown surfaces equation.
Previous works show that the volume measurement of
food products with irregular shapes was performed by 3D
reconstruction. However, 3D object reconstruction makes
the volume measurement process time consuming due to
its computational cost. Furthermore, some of volume measurement methods based on 3D reconstruction have a low
accuracy. Therefore, there is a need to develop an accurate
and fast method to measure the volume of food product
with irregular shapes. The objective of this paper was to propose a nondestructive volume measurement method using
a computer vision system for food products with irregular
shapes, based on the Monte Carlo method. To obtain the
volume of an object, the Monte Carlo method needs only
the information of whether certain generated random points
fall inside or outside the object, without needing to know
the surface of object. Therefore, the Monte Carlo method
does not require 3D reconstruction to measure the volume
of irregularly shaped objects.

2. Materials and Methods
2.1. Proposed Computer Vision System. The computer vision
system consists of hardware and software for camera calibration, image acquisition, image processing, and volume
measurement based on the Monte Carlo method. The hardware for the computer vision system used in volume measurement included multiple cameras, a computer, a light
source, and a black background, as shown in Figure 1. Five
Logitech web cameras (one HD Pro Webcam C910 and
four HD Webcam 270 h) were used for image acquisition.
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proposed volume measurement method consisted of camera
calibration, image acquisition, preprocessing, segmentation,
and volume measurement. The flowchart of these processing
steps for the proposed method is depicted in Figure 2. The
proposed method was implemented in Visual C++ 2010 using
Open Source Computer Vision Library OpenCV 231 [17]. A
user-friendly graphical user interface (GUI) was developed to
interface between the computer vision system and the user.
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Figure 1: The experimental setup for the computer vision system.
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Figure 2: The flowchart of the proposed volume measurement
method.

These cameras were connected to the computer using a
USB cable. A 2.20 GHz Intel Core 2 Duo portable computer
with Windows 7 operating system was used for the image
processing and volume measurement. The light (tube lamp
light) located on the ceiling of room was used as the light
source. This type of light source was chosen to reduce the
reflection of light onto the camera lens. The images of the
measured object were acquired using a black background
to obtain maximum contrast between the object and the
background. With this condition, image segmentation can
be easily performed. The main processing steps for the

2.2. Camera Calibration. The first step in the 3D computer
vision system was camera calibration. The objective of the
camera calibration was to obtain extrinsic and intrinsic
camera parameters from 2D images. Extrinsic and intrinsic
camera parameters are used to transform the coordinates of
a point in a real world coordinate system to an image coordinate system. The proposed method employed a calibration
technique based on Zhang’s method [18]. A flat chessboard
pattern with 9 × 6 corners and measuring 2.54 mm × 2.54 mm
in each square was used as the calibration object.
Fifty-four inner corners in a chessboard pattern were used
as points in a real world coordinate system and related to
their coordinates in an image coordinate system to estimate
the camera’s parameters. Ten different views of the calibration
object were used to estimate the intrinsic camera parameters.
For the extrinsic camera parameter estimation, the calibration object was in the bottom of the measured object and was
assumed to lie on plane 𝑧 = 0 in the real world coordinate
system. The center of the real world coordinate system was
assumed to be in the top left corner of the chessboard pattern.
Positive x- and y-axes were assumed to lie along the top
left to bottom left corner and along the top left to top right
corner, respectively. The positive z-axis was perpendicular to
the x- and y-axes, according to the right hand rule. The results
of camera calibration were an intrinsic matrix (containing
the focal length in the x and y directions and the center
of the image plane), rotation matrix, and translation vector.
Because all cameras had a small distortion in both the radial
and tangential distortions, the distortion matrix could be
neglected.
2.3. Image Acquisition. The measured object was located at
the center of a computer vision system and was assumed to
lie on plane 𝑧 = 0, as shown in Figure 1. Five images of
the measured object were acquired using five cameras: one
from the top view and four from the surrounding views.
The images were captured in the RGB color space with a
dimension of 640 × 480 pixels and a resolution of 96 dpi in
both the vertical and horizontal directions. The samples of
the captured image are shown in Figure 3.
2.4. Preprocessing. To simplify the image segmentation process, the images of the measured object were converted from
an RGB color space into a HSV color space. Because the
measured objects could have a widely spread range of color,
image segmentation could be easily performed in the HSV
color space. In the H, S, or V component, the object could
be easily separated from its background. A grayscale image
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Figure 3: The samples of the captured images: (a) from the top view, (b)–(e) from the surrounding views.
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Figure 4: The samples of preprocessing result: (a) image from the top view, (b)–(e) images from the surrounding views.

was constructed from the weighted sum of H, S, and V
components using
Gr = 𝑤ℎ H + 𝑤𝑠 S + 𝑤V V,

(1)

where Gr is the grayscale image and 𝑤ℎ , 𝑤𝑠 , 𝑤V ∈ [0, 1]
are weights for the H, S, and V components, respectively.
The values of the weights were chosen such that the optimum segmentation result would be obtained. Gr was then
normalized to range [0, 255]. To enhance image quality
through noise reduction, a 3 × 3 Gaussian filter was applied
to the grayscale image. Figure 4 shows the samples of the
preprocessing results.
2.5. Image Segmentation. Segmentation decomposes an
image into areas of interest and a background. The result of
this step is called a binary image. The proposed method used
thresholding to achieve image segmentation. An iterative
procedure described by Gonzalez and Woods [19] was used
to determine the threshold value 𝑇 automatically. A pixel in
a grayscale image with a grayscale value greater than 𝑇 was
assigned as the object pixel with binary value 1 (white) and
otherwise as a background pixel with binary value 0 (black).
Morphological openings with a 5 × 5 rectangle structural
element and closings with a 3 × 3 rectangle structural element
were used to remove the white spots in the background and
the black spots in the object, respectively. Samples of the
binary images are shown in Figure 5.
2.6. Volume Measurement. The steps for proposed volume measurement method are bounding box construction
and generate 3D random points, Monte Carlo integration,
and heuristic adjustment. The details of each step will be
described in the following subsections.
2.6.1. Bounding Box Construction. The first step in the volume
measurement using the Monte Carlo method was to determine the 3D bounding box, as the lower and upper bounds

of the measured object in x, y, and z directions of real world
coordinate system. The bounding box was constructed from
binary images of the measured object and camera parameters,
such that the measured object was completely contained in
the box. The minimum bounding rectangles of the object
were first created on the top view and on one of the side
views of the binary images. The top bounding rectangle was
reprojected onto the plane 𝑧 = 𝑧𝑙 located under the object
and assumed as the lower bound in the z direction. The
lower and upper bounds in the x and y directions were
obtained from the reprojected top bounding rectangle by
taking the minimum and maximum coordinates in the x and
y directions. Suppose 𝑥𝑙 , 𝑥𝑢 , 𝑦𝑙 and 𝑦𝑢 are the lower and upper
bounds in the x and y directions, respectively. To obtain the
upper bound in the z direction (𝑧𝑢 ), the middle top point of
the side bounding rectangle was reprojected onto one of the
planes 𝑥 = 𝑥𝑙 , 𝑥 = 𝑥𝑢 , 𝑦 = 𝑦𝑙 , or 𝑦 = 𝑦𝑢 closest to the
point. The algorithm proposed by Siswantoro et al. [20] was
used to reproject the points and bounding rectangles from
the image coordinate system onto the real world coordinate
system. Figure 6 shows the illustration of the bounding box
construction.
2.6.2. Generate 3D Random Points. To perform Monte Carlo
integrations, it is necessary to generate 3D random points
in the bounding box 𝐵 = {(𝑥, 𝑦, 𝑧) | 𝑥 ∈ [𝑥𝑙 , 𝑥𝑢 ], 𝑦 ∈
[𝑦𝑙 , 𝑦𝑢 ], 𝑧 ∈ [𝑧𝑙 , 𝑧𝑢 ]}. To degenerate a random point, three
independent and identically distributed random variables
uniformly distributed on [0, 1], 𝑈1 , 𝑈2 , 𝑈3 , were generated
N times. The random variables were then transformed into
random variables uniformly distributed on [𝑥𝑙 , 𝑥𝑢 ], [𝑦𝑙 , 𝑦𝑢 ],
and [𝑧𝑙 , 𝑧𝑢 ], respectively, using
𝑋 = 𝑥𝑙 + (𝑥𝑢 − 𝑥𝑙 ) 𝑈1 ,
𝑌 = 𝑦𝑙 + (𝑦𝑢 − 𝑦𝑙 ) 𝑈2 ,
𝑍 = 𝑧𝑙 + (𝑧𝑢 − 𝑧𝑙 ) 𝑈3 .

(2)
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Figure 5: The samples of binary images: (a) image from top view, (b)–(e) images from surrounding views.
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where 𝑝(𝑥, 𝑦, 𝑧) is a probability density function random
variable uniformly distributed on 𝐵, as in (3). Let (𝑋, 𝑌, 𝑍)
be a random variable with a probability density function
𝑝(𝑥, 𝑦, 𝑧); then, the right hand side of (7) is equal to the
expected value of random variable 𝐹(𝑋, 𝑌, 𝑍), as in
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Let random points (𝑥𝑖 , 𝑦𝑖 , 𝑧𝑖 ), 𝑖 = 1, 2, . . ., 𝑁 be the independent realization of the random variable (𝑋, 𝑌, 𝑍). Then,
according to the Monte Carlo method [14], the expected value
of 𝐹(𝑋, 𝑌, 𝑍) could be approximated by the arithmetic mean
of 𝐹(𝑥𝑖 , 𝑦𝑖 , 𝑧𝑖 ), as in

Side image

Figure 6: The illustration of bounding box construction.

According to Walpole et al. [21], the 3D random variable
(𝑋, 𝑌, 𝑍) is uniformly distributed on the bounding box 𝐵 =
{(𝑥, 𝑦, 𝑧) | 𝑥 ∈ [𝑥𝑙 , 𝑥𝑢 ], 𝑦 ∈ [𝑦𝑙 , 𝑦𝑢 ], 𝑧 ∈ [𝑧𝑙 , 𝑧𝑢 ]}, with the
probability density function in
1
{
{ , (𝑥, 𝑦, 𝑧) ∈ 𝐵
𝑉
𝑝 (𝑥, 𝑦, 𝑧) = { 𝐵
{
otherwise,
{0,

(3)

where 𝑉𝐵 = (𝑥𝑢 −𝑥𝑙 )(𝑦𝑢 −𝑦𝑙 )(𝑧𝑢 −𝑧𝑙 ) is the volume of bounding
box 𝐵.
2.6.3. Monte Carlo Integration. Suppose the measured object
is a closed bounded region 𝐷 ⊂ 𝑅3 ; then, the volume of the
measured object can be obtained using the triple integral over
𝐷, as follows [12]:
𝑉 = ∭𝑑𝑥 𝑑𝑦 𝑑𝑧.

(4)

𝐷

Because the measured object is contained in the bounding
box 𝐵, the limit of integration in (4) can be extended to 𝐵,
as in
𝑧𝑢

𝑦𝑢

𝑥𝑢

𝑧𝑙

𝑦𝑙

𝑥𝑙

𝑉 = ∫ ∫ ∫ 𝐺 (𝑥, 𝑦, 𝑧) 𝑑𝑥 𝑑𝑦 𝑑𝑧,

(5)

where
1,
𝐺 (𝑥, 𝑦, 𝑧) = {
0,

(𝑥, 𝑦, 𝑧) ∈ 𝐷
(𝑥, 𝑦, 𝑧) ∉ 𝐷.

(6)

Suppose 𝐹(𝑥, 𝑦, 𝑧) = 𝑉𝐵 𝐺(𝑥, 𝑦, 𝑧); then, the integral in (5)
can be expressed as in
𝑧𝑢

𝑦𝑢

𝑥𝑢

𝑧𝑙

𝑦𝑙

𝑥𝑙

𝑉 = ∫ ∫ ∫ 𝐹 (𝑥, 𝑦, 𝑧) 𝑝 (𝑥, 𝑦, 𝑧) 𝑑𝑥 𝑑𝑦 𝑑𝑧,

(8)

(7)

𝑉 ≈ 𝐹𝑁 =

1 𝑁
∑𝐹 (𝑥𝑖 , 𝑦𝑖 , 𝑧𝑖 ) .
𝑁 𝑖=1

(9)

Because the integral in (4) was absolutely convergent, 𝐹𝑁
would be convergent in probability to 𝑉. This means that, for
sufficiently large 𝑁, 𝐹𝑁 is very close to 𝑉.
To calculate the values of 𝐹(𝑥𝑖 , 𝑦𝑖 , 𝑧𝑖 ), the random points
(𝑥𝑖 , 𝑦𝑖 , 𝑧𝑖 ) were projected onto all of the binary images of the
object using the transformations in (10) and (11) as follows:
𝑥𝑐𝑖𝑗
𝑥𝑖
(𝑦𝑐𝑖𝑗 ) = R𝑗 (𝑦𝑖 ) + t𝑗 .
𝑧𝑖
𝑧𝑐𝑖𝑗
𝑥𝑐𝑖𝑗
𝑧𝑐𝑖𝑗
𝑓𝑥𝑗 0 𝑐𝑥𝑗
𝑥𝑖𝑗
𝑦
(𝑦𝑖𝑗 ) = ( 0 𝑓𝑦𝑗 𝑐𝑦𝑗 ) ( 𝑐𝑖𝑗 ) ,
𝑧𝑐𝑖𝑗
1
0 0 1
1

(10)

where (𝑥𝑐𝑖𝑗 , 𝑦𝑐𝑖𝑗 , 𝑧𝑐𝑖𝑗 ) is the coordinate of random point in
𝑗th camera coordinate system; R𝑗 , t𝑗 , 𝑓𝑥𝑗 , 𝑓𝑦𝑗 , 𝑐𝑥𝑗 , 𝑐𝑦𝑗 are the
extrinsic and intrinsic jth camera parameters; and (𝑥𝑖𝑗 , 𝑦𝑖𝑗 )
is the coordinate of random point projection on 𝑗th binary
image, 𝑗 = 1, 2, 3, 4, 5.
Suppose 𝑓𝑗 (𝑥, 𝑦), 𝑗 = 1, 2, 3, 4, 5 are binary image values
of a measured object from five different views; then
1,
𝑓𝑗 (𝑥, 𝑦) = {
0,

(𝑥, 𝑦) is object pixel
𝑗 = 1, 2, 3, 4, 5.
(𝑥, 𝑦) is background pixel
(11)

Assume that if the projection of a random point falls in the
object pixel for all binary images, then the original random
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Figure 7: 2D illustration of random point projection onto four binary images of object (left: mango, right: tomato). The projection of a
random point in gray area (outside the object) will fall in object pixel for all binary images.

point could be considered as a point in the object. Then, the
value of 𝐹(𝑥𝑖 , 𝑦𝑖 , 𝑧𝑖 ) could be calculated using
5

𝐹 (𝑥𝑖 , 𝑦𝑖 , 𝑧𝑖 ) = 𝑉𝐵 ∏𝑓𝑗 (𝑥𝑖𝑗 , 𝑦𝑖𝑗 ) ,

𝑖 = 1, 2, . . . , 𝑁.

(12)

𝑗=1

By substituting (12) to (9), the volume of the measured object
was approximated by
𝑉≈

𝑉𝐵 𝑁 5
∑∏𝑓 (𝑥 , 𝑦 ) .
𝑁 𝑖=1 𝑗=1 𝑗 𝑖𝑗 𝑖𝑗

displacement method (𝑉𝑊𝐷). The amount of adjustment (K)
for each type of food product was calculated using
𝐾 = mean (

(14)

Finally, the volume of the measured object was approximated
using

(13)

2.6.4. Heuristic Adjustment. Because the computer vision
system only used five cameras to capture the images of the
measured object from five different views, it is possible that
a random point located on the outside of the object was
recognized as an object point, as illustrated in Figure 7. The
projection of a random point located in the gray region
of Figure 7 (the outside of object) will fall in the object
pixel for all binary images, and this random point will be
recognized as a point in the object. As a consequence, the
results of the volume measurement will be greater than
the actual volume. To obtain accurate measurement results,
the proposed method employed a heuristic adjustment. As
illustrated in Figure 7, the ratio between the actual volume
(black area) and the volume measurement result (black and
gray area) depended on the type of food product. Therefore,
the amount of the adjustment also depended on the type
of food product. To determine the amount of adjustment,
five samples were chosen randomly from each type of food
product. The volume of each sample was then measured using
the proposed method before adjustment (𝑉𝐵𝐴 ) and the water

𝑉𝑊𝐷
).
𝑉𝐵𝐴

𝑉𝑀𝐶 = 𝐾

𝑉𝐵 𝑁 5
∑∏𝑓 (𝑥 , 𝑦 ) .
𝑁 𝑖=1 𝑗=1 𝑗 𝑖𝑗 𝑖𝑗

(15)

2.7. Validation. The objects used to validate the proposed
method were two balls (radius 3.67 cm and 3.68 cm, resp.)
and 150 samples of food product with irregular shapes. The
samples consisted of 50 apples, 50 mangoes, and 50 tomatoes.
All samples were measured using the proposed method three
times, and the means were calculated. For validation, the
exact volumes of the balls (𝑉Ex ) and the experimental volumes
of the food products (𝑉𝑊𝐷) were calculated and measured,
respectively. The exact volume of the balls was calculated
using the following formula:
4
𝑉Ex = 𝜋𝑟3 ,
3

(16)

where 𝑟 is the radius of ball. The experimental volume of
the food product samples was measured using the water
displacement method based on Archimedes’ principle.
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Table 1: Mean ARE and CV of ball volume measured 100 times using
the proposed method.
𝑁
102
103
104
105
2 × 105
3 × 105
4 × 105
5 × 105
6 × 105
7 × 105
8 × 105
9 × 105
106

Mean ARE (%)
12.4379
3.639812
1.177656
0.394737
0.255567
0.19354
0.169821
0.168033
0.160473
0.146126
0.135135
0.127982
0.103445

CV (%)
9.37355
3.001279
0.928611
0.320826
0.197934
0.154213
0.137531
0.127107
0.127936
0.11507
0.112324
0.103832
0.081879

Absolute relative error (ARE) and coefficient of variation
(CV) were used to measure the accuracy and precision of the
proposed method. The ARE and CV were calculated using
𝑉 − 𝑉 
 Ex
App 
(17)
× 100%
AREball = 
𝑉Ex


𝑉𝑊𝐷 − 𝑉App 

 × 100%
(18)
AREfood product =
𝑉𝑊𝐷
CV =

Std. dev.𝑉App
Mean𝑉App

× 100%,

(19)

where 𝑉App is the volume approximation using computer
vision. Furthermore, correlation coefficient and paired t-test
were also used to show the goodness of the proposed method,
statistically.

3. Results and Discussion
3.1. The Number of Random Points. Because the Monte Carlo
method would give different results in different approximations, the ARE and CV were considered to specify the
number of generated random points (𝑁) used in volume
measurement. The number of generated random points (𝑁)
was chosen such that the measurement results had a good
accuracy and precision, as indicated by a small ARE and small
CV.
The volume of a ball with radius 3.67 cm was measured
100 times using the proposed method with various numbers
of random points, that is, 102 , 103 , 104 , 105 , 2 × 105 , 3 × 105 ,
4 × 105 , 5 × 105 , 6 × 105 , 7 × 105 , 8 × 105 , 9 × 105 , and 106 .
The ARE and CV were then calculated for each number of
generated random points using (17) and (19), respectively, and
the results are summarized in Table 1. Table 1 shows that the
ARE and CV of ball volume tended asymptotically toward
zero as the number of random points increased. For more
than 105 random points, the ARE and CV were less than 1%.
Furthermore, for more than 5 × 105 random points, increasing

the number of random points did not significantly affect the
decreased ARE and CV. Therefore, in this experiment, the
number of random points was set to 8 × 105 to obtain a good
accuracy and precision.
3.2. Volume Measurement Results. The volume measurement
results using the proposed method are summarized in
Table 2. The summary of the volume measurement results
using the Monte Carlo method before adjustment and using
the water displacement method is also presented in this
table. It can be observed in Table 2 that the mean volume
measured using the proposed method was close to the mean
volume measured by the water displacement method, with
a mean ARE less than 1.00% for all objects. For all samples,
the ARE was less than 3% for the 98% sample and less
than 3.66% overall. It can be inferred that the result of the
volume measurements from the proposed method had a high
accuracy. In measuring the volume of balls, the proposed
method produced a mean ARE 0.02%. In terms of food
product samples, the mean ARE for apples (1.00%) was
greater than that for mangos (0.97%) or tomatoes (0.82%).
This may be explained by the fact that the apples used in
the experiment had greater variation in shape compared with
the other objects. The mean CV of ball volume measured
using the proposed method was 0.10%. For food product
samples, the proposed method produced almost same mean
CV; these were 0.18% for apples, 0.16% for mangos, and 0.18%
for tomatoes. For all samples, the CV was less than 0.5% for
98% of the samples and was less than 0.75% overall. This result
shows that volume measurement using the proposed method
provides a high level of precision. From Table 2, it can also
be observed that the adjusted volume measurement based on
the Monte Carlo method can reduce the ARE by more than
70%.
In this study, comparisons with space carving method
[2] were also made to assess the accuracy of the proposed
method. A summary of the volume measurement results
using space carving method is also provided in Table 2. As
shown in Table 2, space carving method produced a mean
ARE greater than that of the proposed method or the Monte
Carlo method before adjustment. Furthermore, a comparison
of the total processing time between the proposed method
and space carving method was performed in this study, as
shown in Table 3. It can be observed from Table 3 that the
proposed method is faster than the space carving method.
This result shows that the proposed method is more accurate
and lower in required computation time.
3.3. Statistical Analysis. The correlation coefficient between
the results of volume measurement using the proposed
method and the water displacement method was used to measure the linear relationship between these two measurements.
A strong correlation with the water displacement method was
achieved by the proposed method for all types of sample,
as shown in Figures 8, 9, and 10. The values of correlation
coefficient (𝑅) were 0.988, 0.996, and 0.998 for apples,
mangos, and tomatoes, respectively. This shows that there
is a good linear relationship between the results of volume

Number of sample

2
50
50
50

Object

Ball
Apple
Mango
Tomato

Exact/water
displacement
Mean
𝑉Ex /𝑉WD (cc)
207.90
139.32
276.26
112.70
Mean
𝑉BA (cc)
229.43
157.78
313.66
118.14

Mean
ARE (%)
10.35
3.80
13.61
4.85

Mean
CV (%)
0.10
0.18
0.16
0.18

Monte Carlo method before adjustment
Mean
𝑉MC (cc)
207.86
139.28
276.96
112.59

Mean
ARE (%)
0.02
1.00
0.97
0.82

Proposed method
Mean
CV (%)
0.10
0.18
0.16
0.18

Table 2: Volume measurement result using the proposed method, the water displacement method, and space carving method.

Mean
𝑉SC (cc)
231.93
146.95
319.19
119.67

Mean
ARE (%)
11.56
5.48
15.63
6.21

Space carving method
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160.00

Table 3: Total processing time of volume measurement using the
proposed method and space carving method.

R2 = 0.9761

155.00
150.00

Proposed method Space carving method

VWD (cc)

145.00

Average total
processing time (s)

140.00
135.00

120.00
115.00
110.00
110 115 120 125 130 135 140 145 150 155 160
VMC (cc)

Figure 8: Correlation between the results of volume measurement
using the proposed method and the water displacement method for
apples.

360

R2 = 0.992

340
320
VWD (cc)

210.17

130.00
125.00

300
280
260
240
220
200
200

220

240

260

280
300
VMC (cc)

320

340

360

Figure 9: Correlation between the results of volume measurement
using the proposed method and the water displacement method for
mangos.

150

R2 = 0.9951

140
120
110
100
90
80
70
60
60

80

100
120
VMC (cc)

140

measurement using the proposed method and the water
displacement method for apples, mangos, and tomatoes.
Because all 𝑅2 were greater than 0.97, it can be said that more
than 97% variation in the results of volume measurement
using water displacement method can be accounted for by a
linear relationship with the result of the volume measurement
using proposed method.
Further statistical analysis for the difference between the
mean volume measured using the proposed method and
the water displacement method was the paired t-test. The
paired t-test was used because the data came from same
sample but were measured by two different methods. The
normality for the different volumes was assessed by a normal
plot using the normplot function in MATLAB. The paired ttest for the hypothesis that the difference between the mean
volume measured using the proposed method and the water
displacement method is zero was performed using the t-test
function in MATLAB, with 𝛼 = 0.05. The results of paired
t-test are summarized in Table 4.
As shown in Table 4, the mean volume difference between
the proposed method and the water displacement method
was −0.0387, with a 95% confidence interval [−0.5042,
0.4268] for apples; 0.7011 with a 95% confidence interval
[−0.2985, 1.7007] for mangos, and −0.1147 with a 95% confidence interval [−0.4684, 0.2391] for tomatoes. This shows that
the volume measured using the proposed method was close to
the volume measured using the water displacement method
for all types of sample. Because all 𝑃 values were greater than
0.05 for all types of sample, then it can be inferred that the
mean volumes measured using the proposed method and
the water displacement method are the same for all types of
sample. This result is highly consistent with previous absolute
relative error analyses.

4. Conclusion

130
VWD (cc)

9.65

160

Figure 10: Correlation between the results of volume measurement
using the proposed method and the water displacement method for
tomatoes.

In this paper, the method for nondestructive volume measurement of irregularly shaped food products based on the
Monte Carlo method using a computer vision system is
proposed. The proposed method employed five cameras to
capture images of the food product from five different views.
The captured images were processed to obtain binary images.
Monte Carlo integration with heuristic adjustments was performed to measure the volume of food product based on the
information extracted from the binary images. The proposed
method was tested to measure the volume of food product
with irregular shapes, such as apples, mangoes, and tomatoes.
The experimental results show that the proposed method
produced absolute relative error less than 3% for more than
98% of samples compared to the water displacement method
and a coefficient of variation less than 0.5% for 98% of
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Table 4: The results of a paired 𝑡-test for the difference between the mean volumes measured using the proposed method and the water
displacement method.
Sample
Apple
Mango
Tomato

Paired differences
Mean (cc)
Std. dev. (cc)
−0.0387
0.7011
−0.1147

1.6378
3.5172
1.2447

samples. For all samples, a high correlation (greater than
0.988) and no significant differences were achieved in the
volume measurements using the proposed method and the
water displacement method. Moreover, the proposed method
is more accurate and faster than space carving method.
Therefore, the proposed method could be used as a good
alternative for measuring the volume of food product with
irregular shapes. In future research, the application of the
proposed method for volume measurement of food product
moving in a conveyor belt should be investigated.

95% confidence interval for mean difference
Lower
Upper
−0.5042
−0.2985
−0.4684
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Image edge gradient direction not only contains important information of the shape, but also has a simple, lower complexity
characteristic. Considering that the edge gradient direction histograms and edge direction autocorrelogram do not have the
rotation invariance, we put forward the image retrieval algorithm which is based on edge gradient orientation statistical code
(hereinafter referred to as EGOSC) by sharing the application of the statistics method in the edge direction of the chain code in
eight neighborhoods to the statistics of the edge gradient direction. Firstly, we construct the 𝑛-direction vector and make maximal
summation restriction on EGOSC to make sure this algorithm is invariable for rotation effectively. Then, we use Euclidean distance
of edge gradient direction entropy to measure shape similarity, so that this method is not sensitive to scaling, color, and illumination
change. The experimental results and the algorithm analysis demonstrate that the algorithm can be used for content-based image
retrieval and has good retrieval results.

1. Introduction
For current content-based image retrieval (CBIR) applications, color, texture, shape, and spatial relationship of image
are the most commonly used retrieving features. Generally,
shape is the feature linking most closely to the target object,
and the object’s shape does not vary as the environment
changes. Therefore, shape appears to be a consistent feature
of an object, and thus a more advantageous retrieving feature,
compared to color and texture. Shape representation refers
to the technique that processes or calculates objects’ shapes,
by using a certain method, to form a feature vector. Feature
vector should not be sensitive to translation, rotation, and
scale changes of the same target object to the largest extent.
In general, shape representation methods are divided into
two categories [1–3]: edge-based methods and region-based
methods.
Among the edge-based feature representation methods,
chain code [1] is one of the most important and widely applied
representation method. The main idea of edge-based feature
is to represent a curve via interconnected segment sequences,
formed by a number of the straight segments with specified
directions and lengths. A previous study [4] hypothesized

that a novel chain code of intersection angles, that is, using
a chain of angle-sequence, which is formed by intersection
angle between adjacent segments, to represent the curve.
Another previous study [5] suggested an improvement on
the chain code representation method by hypothesizing a
minimal summation statistical direction code (MSSDC),
which successfully acquires independence for translation,
rotation, scaling invariance, and the starting point. However,
the method using chain code to represent the edge shape
needs a lot of prior-period image processing works, and the
algorithm of extracting chain code is also complicated. In
addition, when chain code is applied to represent the images
with complex edges, there is a high chance of ambiguity in
the trend of the chain code, also restricting the application of
chain code in image retrieval.
The gradient direction of image edge not only contains
important information of the shape, but also features simpler calculation and lower time complexity. The method
representing the shape via edge gradient direction is more
operable and feasible, as it requires less prior-period image
processing works. The method only requires calculation
of edge gradient direction, on a basis of edge detection,
but not the other steps, such as dilating image and filling
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object empty. Therefore, the integration of “edge gradient
direction” into image retrieval has attracted strong research
interest. From a previous in-depth study on edge gradient
direction conducted by Jain and Vailaya [6], edge gradient
direction histogram (EGDH) was employed to represent the
shape, as well as to facilitate image retrieval; but, EGDH did
not possess rotation invariance. Mahmoudi et al. [7] also
investigated edge gradient direction and suggested a novel
feature vector, namely, edge orientation autocorrelogram
(EOAC), to represent the shape. The feature vector was
also concerned about the distance relationship between the
adjacent edge-pixels, so as to achieve a better reflection on
the spatial relationship of the shape, as well as a better result.
However, when using this feature vector to represent the
rotated image, the result obtained was not ideal. On more
studying, [8] introduced a novel method that combined edge
gradient direction histogram with edge gradient magnitude
histogram, based on salient closed boundary, to represent
the shape of the object. Although the method significantly
reduced the impact of noise, it neglected key edges. An
improved distance coherence vector algorithm was proposed
in [9]. The centroid distance of the average coordinates for
the biggest connected coherence pixels of image contours is
introduced into distance coherence vector as a new feature,
which improves the ability to distinguish different shapes.
However, the problem that different shapes are with the same
descriptor still exists. Besides, the image retrieval algorithm
based on distance coherence vector has not achieved ideal
effect on retrieving those images polluted by noise; namely,
it is with relatively poorer antinoise performance.
In this paper, the statistical method of 8-direction chain
code was applied to the statistics for edge gradient direction, so as to propose a novel edge gradient orientation
statistical code (EGOSC), which was sequentially used as
feature vector to represent the shape. By constructing 𝑛direction vector and setting max-sum constraint, the rotation
invariance of EGOSC was ensured. Afterwards, EGOSC was
employed for shape-based image retrieval, for proposing a
shape match method called Euclidean distance of direction
entropy accordingly. Last but not least, Euclidean distance
of edge gradient direction entropy was applied, to measure
shape similarity, and thus making this method not sensitive
to the variation in scale, color and illumination.

2. The Algorithm Description of EGOSC
2.1. Edge Detection. Sobel operator is an edge detection
operator which is not sensitive to noise and is accurate in
edge positioning. Therefore, Sobel operator was used for edge
detection in this paper.
2.2. The Computation of Edge Pixel Amplitude and Edge Pixel
Gradient Orientation Angle. Here, amplitude of edge pixels is
defined as
𝑀 (𝑥, 𝑦) = √ (

2

2

𝜕𝑓 (𝑥, 𝑦)
𝜕𝑓 (𝑥, 𝑦)
) +(
)
𝜕𝑥
𝜕𝑦

(1)

and gradient orientation angle of edge pixels is defined as
𝐴 (𝑥, 𝑦) = tan−1 (

𝜕𝑓 (𝑥, 𝑦) /𝜕𝑦
),
𝜕𝑓 (𝑥, 𝑦) /𝜕𝑥

(2)

where𝑓(𝑥, 𝑦)/𝜕𝑦 = 𝑓(𝑥, 𝑦+1)−𝑓(𝑥, 𝑦−1) and 𝜕𝑓(𝑥, 𝑦)/𝜕𝑥 =
𝑓(𝑥 + 1, 𝑦) − 𝑓(𝑥 − 1, 𝑦). 𝜕𝑓(𝑥, 𝑦)/𝜕𝑦 and 𝜕𝑓(𝑥, 𝑦)/𝜕𝑥 refer
to the vertical and horizontal gradient of image, respectively.
𝑓(𝑥, 𝑦) refers to image grayscale.
2.3. The Determination of the Salient Edges. Thresholding is
the method that does not only detect the salient edges of the
image, but also filters off the noise in the image. In this paper,
the salient edges of the image were extracted by comparing
image gradient amplitude with a given threshold 𝑇; that is,
the edge pixels where 𝑀(𝑥, 𝑦) > 𝑇 were selected as salient
edge pixels, and other edge pixels were removed. In general,
threshold 𝑇 is automatically searched by the program using
threshold iteration method.
2.4. The Establishment of EGOSC. As shown in (2), the limit
of variation for edge gradient orientation is [−𝜋/2, 𝜋/2].
For convenient representation and calculation, the limit of
variation for edge gradient orientation is transformed to
[0, 𝜋].
In order to illustrate and represent the overall shape and
the local details of the edge, the limit of variation for edge
gradient orientation is equally divided into 𝑛 intervals; that
is, [0, 𝜋] is equally divided into 𝑛 direction intervals with
a unit of 𝜋/𝑛. The limit of variation for the first direction
interval is expressed as [0, 𝜋/𝑛), the limit of variation for the
𝑖th direction interval is expressed as [(𝑖−1)𝜋/𝑛, 𝑖𝜋/𝑛), and the
limit of variation for the 𝑛th direction interval is expressed
as [(𝑛 − 1)𝜋/𝑛, 𝜋], where 𝑖 represents the 𝑖th interval, and 𝑛
represents the number of equally divided intervals within the
limit of variation for edge gradient orientation. The value of
𝑛 largely depends on complexity of the edge. For edge with
higher complexity, 𝑛 should be given a higher value, so as to
fully illustrate and represent the local details of the edge; for
the edge with moderate complexity, 𝑛 = 18 is good enough to
represent a clear and detailed edge shape.
After edge gradient orientation is quantized to 𝑛 direction
intervals, the numbers of edge pixels located at each direction
interval are counted statistically, before the formation of a row
vector. If 𝑋 is used to denote the row vector, then
𝑋 = (𝑥1 𝑥2 ⋅ ⋅ ⋅ 𝑥𝑖 ⋅ ⋅ ⋅ 𝑥𝑛 ) ,

(3)

where 𝑥𝑖 | 𝑖 = 1, 2, . . . , 𝑛 refers to the number of edge pixels
located at the 𝑖th direction interval.
Equation (3) is herein defined as EGOSC.
2.5. The Construction of 𝑛 Direction Vector. In order to
simplify the computation, the angle range of each interval is
represented by an interval; that is, 𝑛 intervals are represented
by 𝑛 integers, and 𝑛 direction vector is defined as follows:
𝑇

𝐷 = [1 2 ⋅ ⋅ ⋅ 𝑖 ⋅ ⋅ ⋅ 𝑛] ,

𝑖 = 1, 2, . . . , 𝑛,

(4)
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2.6. The Rotation of EGOSC. After the rotation of EGOSC,
𝑛 rotated EGOSCs are obtained. The initial EGOSC of the
object contour is set as 𝑋1 = (𝑥1 𝑥2 ⋅ ⋅ ⋅ 𝑥𝑖 ⋅ ⋅ ⋅ 𝑥𝑛 ), and if the
image is rotated in a clockwise direction, the following rule
would be demonstrated:

(a) Original image

(b) Image after 90∘
rotation

𝑋𝑖 = {(𝑥(𝑖+1)⊕𝑛 𝑥(𝑖+2)⊕𝑛

⋅⋅⋅

𝑥(𝑖+𝑛)⊕𝑛 | 𝑖 = 0, 1, . . . , 𝑛)} , (5)

Figure 1: Image of pentagon.

where 1 represents [0, 𝜋/𝑛) direction interval, 2 represents
[𝜋/𝑛, 2𝜋/𝑛] direction interval, 𝑖 represents [(𝑖 − 1)𝜋/𝑛, 𝑖𝜋/𝑛]
direction interval, and 𝑛 represents [(𝑛 − 1)𝜋/𝑛, 𝜋] direction
interval.
𝑋1 = (150

87

26 22

21 121

1

where ⊕𝑛 denotes modulo-𝑛 operation, since the variation
cycle of EGOSC is equal to 𝑛.
As shown in Figure 1, Figure 1(b) is the image obtained
by rotating Figure 1(a) in a clockwise direction by 90 degrees.
When given 𝑛 = 18, EGOSC of Figure 1(a) is as follows:

1 3 430

3

1 117

23

15 23

96 1) ,

(6)

1 1 3) .

(7)

and EGOSC of Figure 1(b) is as follows:
𝑋10 = (430

3 1 117

23

15 23

96

2.6.1. The Max-Sum Constraint of EGOSC. The max-sum
constraint of EGOSC is defined as follows:
𝐷max = max {𝑋𝑖 ⋅ 𝐷 | 𝑖 = 1, 2, . . . , 𝑛} ,

(8)

where {𝑋𝑖 | 𝑖 = 1, 2, . . . , 𝑛} represents 𝑛 EGOSCs that
are obtained from 𝑛 rotations, and 𝐷 represents 𝑛 direction
vector which is a column vector. The purpose of computing
the max-sum constraint of EGOSC is to select one of 𝑛
EGOSCs obtained from 𝑛 rotations as the final shaperepresenting code.
As shown in (5), EGOSC depicts a systematic change
during the rotation of images. Therefore, the use of (8) to set
max-sum constraint on EGOSC is actually to fix the shape
to the same reference angle as 𝑛 directions, so as to solve
the problem of the rotation sensitivity. Only the orientation
statistical code satisfying the equation of max-sum constraint
is eligible to be applied as the sole index corresponding to the
contour.
If there is more than one EGOSC satisfying (8), the
first EGOSC encountered during the clockwise rotation
is referred to as the final representation. For example,
when 𝑛 = 18, EGOSC for an image after 18 clockwise
𝑇
rotations is 𝑋𝑖 = [𝑋1 𝑋2 𝐿 𝑋18 ] , which multiplies
the direction vector 𝐷 to obtain 𝑋𝑖 ⋅ 𝐷
=
[150 150 134 128 37 66 58 79 16 89 145 137 44
56 34 57 90 101], to obtain two maximum values of 150
that satisfy (8); thus, the 𝑋𝑖 corresponding to the first 150
should be selected as the final representation. EGOSC is
written as a row vector.

1 150

87

26 22

21

121

Figures 2(a) and 2(b) show a baboon image and its
EGOSC histogram (the limit of variation for edge gradient
orientation is equally divided by 𝑛, where 𝑛 = 18), respectively. Figures 3(a) and 3(b) show an iron pagoda image and
its EGOSC histogram (the limit of variation for edge gradient
orientation is equally divided by 𝑛, where 𝑛 = 18). In the
histogram, the horizontal axis represents 18 directions, and
the vertical axis represents the number of the edge pixels in
the 18 directions. In this paper, this row vector is employed as
the feature vector to represent the shape of the images, as well
as the retrieval feature used in content-based image retrieval
(CBIR).

3. Similarity Measurement: Euclidean Distance
of Edge Gradient Directional Entropy
EGOSC is a vector statistically reflecting the features of image.
Any variation in the scale and illumination of the image
will cause variation in number of image edge pixels, and
thus resulting in changes of EGOSC. In order to eliminate
such influence, entropy of edge gradient orientation code
(hereinafter called direction entropy) is employed in this
paper, for normalizing this feature vector. According to the
idea of a previous study [10], EGOSC could be considered
as a set of strings, and the information entropy could be
used to measure the distribution pattern of shape in various
directions. Another previous study [5] verified that similar
image shared similar direction entropy, constituting a feature
for image retrieval. On more studying, [11] directly sets the
entropy of smooth points between contour corners as a
feature for image retrieval.
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Figure 2: Image of baboon and its EGOSC histogram.
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Figure 3: Image of an iron pagoda and its EGOSC histogram.

According to the theory of Shannon information entropy,
the edge gradient direction entropy is thus defined as follows.
If 𝑋 = (𝑥1 𝑥2 𝐾 𝑥𝑖 ⋅ ⋅ ⋅ 𝑥𝑛 ) is the edge gradient
direction code, and the occurrence probability of the pixels
constituting the edge contour in 𝑛 directional intervals is
𝑝𝑖 =

𝑥𝑖
𝑛
∑𝑖=1

𝑥𝑖

.

(9)

Then, the edge gradient direction entropy should be
𝑛

𝐸𝐷 = ∑𝑒𝑖 ,

(10)

𝑖=1

where 𝑒𝑖 = −𝑝𝑖 log2 (𝑝𝑖 ).
If the information of a particular shape is viewed as an
information source, then −log2 (𝑝𝑖 ) represents the amount of
shape information distribution in each direction, while 𝐸𝐷

reflects the average amount of shape information distribution
in 𝑛 directions. To a certain extent, 𝐸𝐷 reflects the characteristic of the shape.
A major issue of shape matching is the distance measurement among feature vectors. Many similarity measurement
methods have been reported [12, 13]. The most common
methods to measure the similarity of space distance are
Euclidean distance, Mahalanobis distance, Minkowski distance, city-block distance, and so forth. Based on well-defined
direction entropy, 𝑒𝑖 is used as the feature vector for retrieval
in this paper, and Euclidean distance of the direction entropy
is defined as follows:
𝑛

2 1/2

𝑆 (𝑄, 𝐼) = ∑[(𝑒𝑄𝑖 − 𝑒𝐼𝑖 ) ]

,

(11)

𝑖=1

where 𝑒𝑄𝑖 refers to the direction entropy of the queried image
in the 𝑖th direction, 𝑒𝐼𝑖 (𝐼 = 1, 2, . . . , 𝑚) refers to the direction
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(a) Original image

(b) Image (a) reduces its size to
50%
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(c) Normalized EGOSC for image (a)
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(d) Normalized EGOSC for image (b)

Figure 4: EGOSC histograms for images with varied scaling.

entropy of each image in the image library in the 𝑖th direction,
and 𝑚 refers to the number of images in the image library.
𝑆(𝑄, 𝐼) measures the degree of shape similarity between
queried image 𝑄 and image 𝐼 in image library, and smaller
value of 𝑆(𝑄, 𝐼) means image 𝑄 and image 𝐼 are more similar.
In this paper, (11) is used to calculate image similarity, 𝑆(𝑄, 𝐼),
before sequencing the values in an ascending order (i.e., from
low to high). Afterwards, the previous 𝑟 images are returned
according to the presettings.

4. The Invariance Analysis of
the Feature Vector
The matching algorithm for measuring the similarity during
image retrieval should be as close to human eye judgment
as possible. In human’s eyes, the similarity between two
images of one same objective is distinguished by the five
variant factors, that is, translation, rotation, scale, color, and
illumination [7]. Therefore, a good image retrieval system
should maintain the invariance for the above 5 features.
In this part of the paper, the performance of EGOSC for
maintaining the invariance is discussed. EGOSC possesses

translation invariance because translation of an image would
not affect the amplitude and direction of the edge.
4.1. The Analysis on Scaling Invariance. As the size of the
image determines the number of edge pixels, scaling variation
could readily affect EGOSC. However, EGOSC will vary proportionally to the scaling variation. As a result, the influence
of image scaling variation could be eliminated by the normalization. As shown in (10), the edge gradient direction entropy
reflects the probability distribution of the pixels composing
the edge contour in 𝑛 directional intervals. For the image
with changed scale, the use of edge gradient direction entropy
could lead to the normalization of EGOSC. Figure 4 shows
a comparison between EGOSC histograms before and after
scaling variation. From Figures 4(c) and 4(d), it shows that
EGOSC after normalized by edge gradient direction entropy
possesses good invariance against the scaling variation.
4.2. The Analysis on Color and Illumination Invariance. The
variation in the color and illumination of image could result
in a change of image pixel intensity. For example, enhancing
the illumination of an image can lead to an increase in pixel
gray value of the image. The use of Sobel operator for edge
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(a) Original Lena image

(b) Lena image with decreased illumination
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(f) Normalized EGOSC for image (c) and for image (b)

Figure 5: EGOSC for Lena image with varied illumination.

detection will affect the amplitude of image gradient 𝑀(𝑥, 𝑦),
and the number of pixels largely depends on both fixed
threshold 𝑇 and gradient amplitude 𝑀(𝑥, 𝑦). Therefore, the
variation in illumination and color will influence the total

number of edge pixels, so as to alter EGOSC. However, the
variation in color and illumination of the image do not affect
the edge direction of the image. It is because the edge is
constructed within the boundary regions and the relative
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(a) Original image

(c) Clockwise rotation by
90 degrees

(b) Clockwise rotation by
50 degrees
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(f) Histogram of image (b)
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Figure 6: The effects of image rotation and translation on EGOSC.

positions of these boundary regions remain invariant. In
other words, the variation in color and illumination of the
image only affects the number of edge pixels, but not the edge
direction of the image. Reflecting on EGOSC, the variation of
EGOSC is proportional to the variation in illumination. As a
result, the influence of illumination variation could be readily

eliminated by the normalization of direction entropy. Figure 5
shows EGOSCs for images with varied illumination.
As shown in Figure 5, the EGOSCs for the images with
varied illumination are not much differed after being normalized by direction entropy generally, indicating that the
method possesses good illumination invariance.
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Figure 7: Retrieval results for EGOSC.

4.3. The Analysis on Rotation Invariance. The limit of variation for edge gradient orientation is equally divided into 𝑛
parts; that is, [0, 𝜋] is equally divided into 𝑛 direction intervals
with a unit of 𝜋/𝑛.
The algorithm in this paper is to quantize the orientation
of each edge pixel into 𝑛 direction intervals with a unit of
𝜋/𝑛 and to set the max-sum constraint by (8). By doing this,
each image is rotated to the same perspective so that a better
rotation invariance is achieved when the rotation angle is
larger (greater than the quantized angle). The experiment
also proves the effectiveness of this algorithm. Figure 6(a)
is the top view of a F22 fighter, Figure 6(b) is the rotated
image of Figure 6(a) in a clockwise direction by 50 degrees,
Figure 6(c) is the rotated image of Figure 6(a) in a clockwise
direction by 90 degrees, and Figure 6(d) is the translated
image of Figure 6(a). Figures 6(e), 6(f), 6(g), and 6(h) are
the corresponding EGOSC histograms to Figures 6(a), 6(b),
6(c), and 6(d), respectively. As shown in Figure 6, EGOSCs of
translated or rotated images are not much different from that
of the original image generally, indicating that the method
possesses good rotation invariance.

5. The Experimental Results and Analysis
5.1. The Evaluation Mechanism of the Algorithm. Precision
rate and recall rate are two criteria used to evaluate the
image-retrieving performance of an algorithm. Herein, precision rate refers to the ratio of the number of the target images
in the retrieval result sequence to the total number of images
in the sequence, while recall rate refers to the ratio of the
number of the target images in the retrieval result sequence to
that in the entire image library. For different image retrieval
algorithms, those with higher precision rates under same
recall rate are more favorable as they present better retrieval
results. In this paper, precision rate was used to measure
the performance of the proposed algorithm, in which, the
precision rate is calculated as follows: 𝑃𝐺 = 𝑙/𝐺, where 𝐺
refers to the total number of the output images from the image
retrieval system, while 𝑙 refers to the number of images in
the image class to which the queried image 𝑄 belongs. In
addition, for the purpose of examining the performance of
this algorithm, the algorithm was further compared with the
conventional edge direction histogram (EDH) algorithm [6]
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Figure 8: Retrieval results for EDH.

and the edge orientation autocorrelogram (EOAC) algorithm
[7].
5.2. The Experimental Results and Discussion. In order to
examine the ability to retrieve images with complex edges,
5 classes of images with complex edges from the Internet
were selected as image library in this paper, including fighters,
flowers, mountains, toys, and fruits. Each class contained
50 images, and a total of 250 images were selected. From
each class, several images were randomly selected to perform
various transformations, such as rotation and varying the
scale, before returning to the image library. Afterwards,
another 5 images were randomly selected from each class as
the queried images. 𝑃10 and 𝑃20 of each image were calculated.
Last but not least, the average precision rates 𝑃10 and 𝑃20 for
each class were also calculated, respectively.
Table 1 shows the average precision rates of the three
algorithms for 5 classes of images. 𝑃10 represents the average
precision rate of the first 10 retrieval results returned, while
𝑃20 represents the average precision of the first 20 retrieval
results returned. From the data in Table 1, the average precision rates of this proposed algorithm were relatively higher
compared to others.

Table 1: Comparison of the average precision rates between proposed algorithm and others (EOAC, EDH).
Target
class
Flower
Fruit
Mountain
Toy
Fighter

𝑃10 %

𝑃20 %

Proposed EOAC EDH Proposed EOAC EDH
70
71
60
48
37

50
56.7
54
50
35

52.5
65
53.5
32
25

68
53
45
35
32

58.7
56.7
48
47
30

61.3
50
49
31
19

Figure 7 shows the retrieval results of fighters
(Figure 7(a)) and flowers (Figure 7(b)) in the image library
acquired by the proposed algorithm. The first image is the
queried image, which is also an image indeed existing in
the library, while the other 9 images are the images with
the highest similarity to the queried image. As the control,
Figures 8 and 9 show the retrieval results acquired by EDH
and EOAC, respectively. As shown in Figures 8 and 9, EDH
and EOAC acquired poor retrieval results if the images were
rotated. In contrast, the proposed algorithm could readily
resolve this problem.
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Figure 9: Retrieval results for EOAC.

The experimental results showed that the proposed
EGOSC could be used as a mean of CBIR. The construction of
max-sum constraint on the 18 directional vectors for EGOSC
ensured excellent rotation invariance to the proposed algorithm. Also, the measurement of shape similarity by defined
Euclidean distance of direction entropy ensured scale and
illumination invariance to the proposed algorithm. Among
the three algorithms which take edge direction as feature
vector (EGOSC, EDH, and EOAC), the proposed algorithm
(EGOSC) acquired relatively better retrieval results. In addition, the proposed algorithm could acquire good retrieval
results when dealing with the image libraries with definite
objective and single background.
The proposed algorithm is an easily feasible method
with a low time-complexity, and it could readily solve
the problems raised by the image transformation, such as
rotation, translation, and scale variation. However, EGOSC
only presents the characteristics on the statistical aspect, but
not those regarding spatial distribution. Therefore, images
with different shapes may share the same EGOSC.

6. Conclusions
In this paper, a novel algorithm for image retrieval based
on EGOSC was proposed. EGOSC was constructed by statistically computing the gradient direction based on edge

detection. The construction of max-sum constraint on the
18 directional vectors for EGOSC ensured excellent rotation
invariance to the proposed algorithm. Also, the measurement
of shape similarity by defined gradient direction ensured scale
and illumination invariance to the proposed algorithm. From
the results of abundant experiments, the proposed algorithm
could acquire excellent retrieval results, and thus could be
used as a potential mean of CBIR.
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Following the study on computational neuroscience through functional magnetic resonance imaging claimed that human action
recognition in the brain of mammalian pursues two separated streams, that is, dorsal and ventral streams. It follows up by two
pathways in the bioinspired model, which are specialized for motion and form information analysis (Giese and Poggio 2003). Active
basis model is used to form information which is different from orientations and scales of Gabor wavelets to form a dictionary
regarding object recognition (human). Also biologically movement optic-flow patterns utilized. As motion information guides
share sketch algorithm in form pathway for adjustment plus it helps to prevent wrong recognition. A synergetic neural network
is utilized to generate prototype templates, representing general characteristic form of every class. Having predefined templates,
classifying performs based on multitemplate matching. As every human action has one action prototype, there are some overlapping
and consistency among these templates. Using fuzzy optical flow division scoring can prevent motivation for misrecognition. We
successfully apply proposed model on the human action video obtained from KTH human action database. Proposed approach
follows the interaction between dorsal and ventral processing streams in the original model of the biological movement recognition.
The attained results indicate promising outcome and improvement in robustness using proposed approach.

1. Introduction
Human action recognition in monocular video is one of the
important subjects regarding video applications, for example,
human computer interaction, video search, and so forth. It
has been researched in different fields such as neurophysiology, psychophysics, and experimentations on imaging, and
some areas in cortical engaged in it have been acknowledged.
In general, human action recognition in the video stream
using video processing and such methods in the proposed
area is almost categorized by two techniques: one of them by
using the global feature extraction form video streams tries to
allocate a particular label to the whole video. The mentioned
technique clearly needs unchanged observer within the video
and considers the environments where actions occur [1].

Second technique considers local features regarding every
frame and considers the label for distinct action. Afterward,
by mechanisms of simple voting for global label regarding
sequence can be attained. Temporal analysis for getting the
features in every frame and classification is based on the
observation in temporal window. It is important that both of
these approaches have attained significant outcomes in such
area (see [2]). One of the important factors of the complex
action recognition and discriminating among unlike human
motion styles and different individuals is learning [3] and
also it is fundamental in recognition of 3D stationary human
motion [4]. The human action recognition using frames of
the video can be categorized as object recognition problem.
It is supposed to handle the object variations (e.g., style, size,
etc.). Meanwhile human brain is able to excellently categorize

2
human object in different classes of action; recent methods
are inspired by biological outcomes of computational neuroscience [5, 6]. In the primary visual cortex (V1), procedure
of images is more sensitive on barlike structures. Responses
of V1 are combined together by extrastriate visual areas and
passed to inferotemporal cortex (IT) for tasks of recognition
[7].

2. Biologically Inspired Model
We follow the model of biological movement based on
four assumptions, which are reliable by physiological and
anatomical information [8]. The model splits into two corresponding preprocessing streams [9–12] parallel to dorsal
and ventral streams which are specified for analysis of opticflow and structure information, respectively. The model has
used neural feature detector for extraction of optical flow
and form features hierarchically considering size and style
independency for both pathways; here we use synergetic
neural network in both feedforward pathways for extraction
of the structure and optical flow information. The corresponding results on the stationary human motion recognition reveal that discrimination can be accomplished through
particularly small latencies, constructing an important role
of top-down signals unlikely [9]. The motion is shown based
on a set of patterns which are learned. The body shapes
are determined by mentioned patterns like sequences of
snapshots. The pathway regarding structure of body made
by neurons and the complex patterns of motion pathway
has been presented applying optical flow. This statement is a
fundamental hypothesis of our model. The proposed model
expands an earlier model used for the stationary objects
[2, 7, 8, 12, 13] recognition by adding and combining the
information over time in the dorsal and ventral pathway.
Some visual physiologists have the regular belief regarding
the proposed model [8]. It can be a good pertaining to
quantity tool for organizing, summarizing, and interpreting
existent information. The initial structure design is based on
the data provided by neurophysiological and physiological
evidences. This developed structure implements the quantitative estimation through computer simulations. Motion
recognition and visual data have been involved in the model
architecture. The proposed model has two separated pathways regarding form and motion information analysis. The
information of two processing streams cooperates at few
levels in the mammalian brains [14, 15]. Mentioned coupling
is able to ease the model integration, for instance, in STS level
[16] and it develops the performance of recognition without
varying the fundamental results. Both pathways made up a
hierarchy of neural feature detectors, which they use here for
getting predefined templates regarding motion and form of
the movement and make selective recognition.
2.1. Form Pathway. In the biological motion model, form
pathway considers the system work as object recognition
task and more involves in recognition of human body shape
through sequential snapshots by camera. In general, few
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models have been proposed which are plausible and neurophysiological about recognizing stationary form (e.g., [12]).
Our proposed form pathway model follows an object recognition model [12] which is composed of form features detectors.
The proposed approach has capability to be reliable like data
obtained from neurophysiological information concerning
scale, position, and sizes invariance which need further
computational load along hierarchy. For modeling the cells
in the primary visual cortex (V1) initial level of the structure
pathway comprising detectors of local direction has been
organized. Techniques having Gabor-like filters for modeling
the detectors have good constancy by simple cells [17]. Two
spatial scales by 2 factors for its differentiation and eight
directions have been considered for the orientation detectors
model. The neurons in monkey V1 range can influence the
sizes of perceptive field in the receptive fields [18]. The scale
and location detectors are located in the following level of this
pathway that finds the information of local direction. Moreover, there is an approximated independency for scales and
spatial location inside receptive fields. Perhaps, the complexlike cells in V1 area or in V2 and V4 are invariant regarding
position varying responses (see [8]) and size independence
is typical in area V4. These two areas (V2 and V4) are more
selective for difficult form features, for example, junctions
and corners whereas they are not suitable for recognition of
the motion. To have an independent scale and position using
mechanism of neurophysiologically through plausible model
choosing the detectors responses by different directions and
receptive field scales and locations. The pooling achieved
through using maximum similarity operation as it mentioned
in [19] some complex cells in cats visual cortex and areas
V4 of macaques [20] reveal a maximum computing behavior.
Afterward, the snapshots detectors are used for finding shapes
of the human body model similar to area IT (inferotemporal
cortex) of the monkey where the view-tuned neurons are
located and model of complex shapes is tuned [21]. Snapshot
neurons are similar to view-tuned neurons in area IT that
give independent scale and position. Previous models used
Gaussian Radial Basis functions for modeling and it adjusts
during training. Then, the optimum set of training frames
was analyzed and the learning rate was estimated (see [8,
12]). Neurons regarding motion pattern which are located
in the form pathway highest level integrate the outcomes of
snapshot neurons. Following presented biologically inspired
methods regarding object recognition and its applications,
we develop neurobiological model [2, 8, 22] of processing
of the shape and motion in the dorsal stream in the visual
cortex using active basis model as computational mechanisms into the feedforward aligned with motion pathway
(optical flow).
2.2. Motion Pathway. In the motion pathway biological
movements were recognized by using patterns of optical
flow. The optical flow finds out the movement pattern which
has consistency with neurophysiological information from
hierarchy of neural detectors. In areas MT and V1 there
are some neurons for motion and direction selection in
first level of motion pathway, respectively. There are many
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models for local motion estimation which are neurophysiologically plausible; we directly compute the response of
motion-selective neurons and optical flow. Location form
of the movement is analyzed in the second level of motion
pathway. Local detector of optical flow is connected with
motion patterns and the model comprises population of
four directed neurons in area of MT. Also, motion edges
selectors are sensitive in two opposite direction that find in
areas of MT, MSTd, MSTl, and many parts of the dorsal
steams and probably in the kinetic occipital area (KO) [8].
The proposed model and object specific motion position
will be obtained by maximum pooling from motion position
detector and considering motion selective edges which can
be like MT [18] and MSTl [23] in macaque monkey. There
is similarity between form pathway and third level motion
pathway by snapshots neurons regarding model prediction.
Motion pathway collects the optical flow patterns neurons
outcome and smooths them to model them similarly with
form pathway. The proposed approach active basis model
[24] using spatiotemporal features intermediate complexity
simulates the form pathway and optical flow [25] represents
motion pathway for stimulating the proceeded areas MST
and MT in dorsal stream where neurons have significant
location and unchangeable scale. The obtained information
will be processed by synergetic neural network [7, 13] and
also predefined prototype which will be descried later. These
patterns attain prototypes outcomes from active basis model
and optical flow. Applying proposed approach is a simulation
of both pathways in the primary visual cortex (V1) and
projection of vertical stream in areas V2 and V4; see [8].

3. System Overview
The proposed system addresses a hierarchy of feature detectors which helps the system to be biologically inspired. Like
[4, 8] and based on [8], we consider a basic consideration mechanism: our input is images obtained from video
sequences and they have fixed size. The model is not sensitive
regarding the background information.
3.1. Active Basis Model for Form Pathway. Active basis model
[2] applying Gabor wavelets (for elements dictionary) offers
deformable biological template; however, Gabor filters and
Histograms of Oriented Gradients are presented for finding
the human object. Shared sketch algorithm (SSA) followed
through Ada-boost (like [26]). In every iteration, SSA following matching pursuit chooses an element of wavelet. It
checks the objects number in different orientation, location,
and scale. Selecting the small number of elements from the
dictionary for every image (Sparse coding), therefore there
can be representation of image using linear combination of
mentioned elements by considering U as a minor residual.
Consider
𝑛

𝐼 = ∑𝑐𝑖 𝛽𝑖 + 𝜖,

(1)

𝑖=1

where 𝛽 = (𝛽𝑖 , 𝑖 = 1, . . . , 𝑛) is set of Gabor wavelet
elements and components of sin and cosine, 𝑐𝑖 = ⟨𝐼, 𝛽𝑖 ⟩, and

𝜖 is unsolved image coefficient [24]. By using wavelet sparse
coding the large number of pixels reduces to small number
of wavelet elements. Sparse coding can train natural patches
of image to a Gabor-like wavelet elements dictionary which
carries the simple cells in V1 properties [6, 24]. The extraction
of local shapes will be separately done for every frame like
[2] which computes the responses of filter orientation and
density for every pixels. Also, the active basis model [24] uses
the Gabor filter bank but in different form (see Figure 2). A
Gabor wavelets dictionary, comprising 𝑛 directions and 𝑚
scales, is in the form of 𝐺𝑊𝑗 (𝜃, 𝜔), 𝑗 = 1, . . . , 𝑚 × 𝑛 where 𝜃 ∈
{𝑘𝜋/𝑛, 𝑘 = 0, . . . , 𝑛 − 1} and 𝜔 = {√2/𝑖, 𝑖 = 1, . . . , 𝑚}. Gabor
wavelet features signify the object form as a small variance in
size and location and posture. The shape structure considers
being safe maintained throughout the procedure. Response
(convolution) to each element offers form information with
𝜃 and 𝜔. Consider
𝐵 = ⟨𝐺𝑊, 𝐼⟩
= ∑ ∑ 𝐺𝑊 (𝑥0 − 𝑥, 𝑦0 − 𝑦 : 𝜔0 , 𝜃0 ) 𝐼 (𝑥, 𝑦) .

(2)

Let 𝐺𝑊𝑗 be a [𝑥𝑔 , 𝑦𝑔 ], let 𝐼 be [𝑥𝑖 , 𝑦𝑖 ] matrices, and let
response of 𝐼 to 𝐺𝑊 be a [𝑥𝑖 +𝑥𝑔 , 𝑦𝑖 +𝑦𝑔 ]. Therefore, previous
convolution of both matrices must be padded through sufficient zeros. Consequence of convolution can be eliminated
via cropping the result. Additional technique would be to
shift back the center of the frequencies (zero frequency) to
center of the image though it might reason for loosing data.
Obtaining training image set {𝐼𝑚 , 𝑚 = 1, . . . , 𝑀}, the joint
sketch algorithm consecutively chooses 𝐵𝑖 . The fundamental
opinion is to find 𝐵𝑖 so that its edge segments obtained
from 𝐼𝑚 become maximum [24]. Afterward, it is necessary
2
to compute [𝐼𝑚 ⋅ 𝛽] = 𝜓|⟨𝐼𝑚 ⋅ 𝛽⟩| for different 𝑖 where
𝛽 ∈ 𝐷𝑖𝑐𝑡𝑖𝑜𝑛𝑎𝑟𝑦 and 𝜓 represents sigmoid, whitening, and
thresholding transformations and then maximizing [𝐼𝑚 ⋅ 𝛽]
for all possible 𝛽 will be computed. Let 𝛽 = (𝛽𝑖 , 𝑖 = 1, . . . , 𝑛)
be the template for every training image 𝐼𝑚 ; scoring will be
based on
𝑛



𝑀 (𝐼𝑚 , 𝜃) = ∑𝛿𝑖 𝐼𝑚 , 𝛽 − log Φ (𝜆𝛿𝑖 ) .

(3)

𝑖=1

𝑀 is the match scoring function and 𝛿𝑖 is obtained from
𝑚
∑𝑀
𝑛=1 [𝐼 , 𝛽] regarding steps selection and Φ is nonlinear
function. The logarithmic likelihood relation of exponential
model attains from the score of template matching. Vectors of
the weight are calculated by maximum likelihood technique
and are revealed by Δ = (𝛿𝑖 , 𝑖 = 1, . . . , 𝑛) [24]. Consider
Max (𝑥, 𝑦) = max(𝑥,𝑦)∈𝐷𝑀 (𝐼𝑚 , 𝛽) .

(4)

Max(𝑥, 𝑦) calculates the maximum matching score obtained
previously. 𝐷 represents the lattice of 𝐼. Here, there is no
summation because of updating the size based on training
system on frame (𝑡 − 1). Moreover, the method tracks the
object applying motion feature for getting displacement of
moving object.

4

The Scientific World Journal

3.2. Optical Flow for Motion Pathway. Using optical flow (as it
is aforementioned) is one of the effective methods in human
action recognition (see [27]). For having the features regarding motion of subject, layer-wise optical flow estimation has
been done. A mask which reveals each layer’s visibility is the
main difference between estimation of traditional and layerwise optical flow. The mask shape is able to perform fractal
and arbitrary considering match will occur inside mask in the
pixel-wised form (see [25]). We use the layer-wise optical flow
method in [25] which has baseline optical flow algorithm of
[28–30]. 𝑀1 and 𝑀2 are visible masks for two frames 𝐼1 (𝑡)
and 𝐼2 (𝑡 − 1), the field of flow from 𝐼1 to 𝐼2 and 𝐼2 to 𝐼1
is represented by (𝑢1 , V1 ) and (𝑢2 , V2 ). The following terms
will be considered for layer-wise optical flow estimation.
Objective function consists of summing three parts; visible
layer masks match to these two images using Gaussian filter
which called data term matching 𝐸𝛾(𝑖) , symmetric 𝐸𝛿(𝑖) , and
smoothness 𝐸𝜇(𝑖) . Consider

2

𝐸 (𝑢1 , V1 , 𝑢2 , V2 ) = ∑𝐸𝛾(𝑖) + 𝜌𝐸𝛿(𝑖) + 𝜉𝐸𝜇(𝑖) .

(5)

𝑖=1

After optimization of objective function and using outer
and inner fixed-point iterations, image warping, and coarse to
fine search, we attain flow for both bidirections. Compressed
optic flow for all the frames is calculated by straight matching
of template to the earlier frame by applying the summation
of absolute difference (𝐿1 − norm). Though optic flow is
particularly noisy, no smoothing techniques have been done
on it as the field of flow will be blurred in gaps and specially
the places where information of motion is significant [22].
To obtain the proper response of the optical flow regarding
its application in the proposed model, optical flow will be
applied for adjusting the active basis model and making it
more efficient. To achieve a representation reliable through
the form pathway, the optic flow estimates the velocity and
flow direction. The response of the filter based on local
matching of velocity and direction will be maximal as these
two parameters are continuously changing.
3.3. Synergetic Neural Network Classifier. Analyzing the
human brain cognitive processes [31, 32], particularly the
visual analysis, we apprehend that the brain is persistently
involved in a big amount of the perception reprocessing,
subconscious mind, filtering, decomposition, and synthesis.
The brain of human is a cooperative system; in some cases,
cognitive processes can be supposed to depend on the selforganizing pattern formation. Based on this knowledge,
Haken presents synergetic neural network as one pattern
recognition process which performs in the brain of the
human. A joint method for association of trained samples
is the values of feature averaging (see [33]). He revealed a
collaborative pattern recognition of a top-down thinking:
pattern recognition process can be comprehended like a
specific order parameter competition process for recognition
mode 𝑞 can construct a dynamic process, so 𝑞 after middle
state 𝑞(𝑡) into a prototype pattern V𝑘 . Though it is not flexible
enough for direction changing, therefore the boundaries of

these templates are not clear. Applying learning object in the
same view is a technique for dealing with inflexibility which
will limit the task of classification. Algorithm of melting is
introduced by [3] for objects combination in diverse pose.
Assume a trained object sample Íi contains 𝑛 pixel values.
By reshaping Íi to V𝑖 which is a column vector matrix and
normalization we will have
𝑛

∑ V𝑖 𝑗 = 0,

𝑗=1

𝑛

∑ V𝑖𝑗2 = 1,

𝑗=1

(6)

where 𝑞 is the input mode and 𝑞0 is the initial values of
the state vector for attention parameters, which we will
discuss later. Connected prototype matrix 𝑉+ calculates 𝑉+ =
(𝑉+ 𝑉)𝑉(1). Let 𝑉 be all the learn samples set V𝑖 = 1, . . . , 𝑚.
and every column satisfies condition of orthonormal V𝑘+ V𝑗 =
𝛿𝑖𝑗 , for all 𝑗 and 𝑘, where 𝛿𝑖𝑗 is delta of Kronecker. For a sample
examination 𝑞, parameters of order signify test sampling
matching. Class parameter of order for 𝑘 derives as 𝜖𝑘 = V𝑘+ ,
𝑘 = 1, . . . , 𝑚. Due to pseudoinverse overfitting, sometimes
melting fails to generalize the learning. A penalty function
is presented as Most Probable Optimum Design (MPOD)
to improve the generalization and classify face object pose
application (see [34]). Following this modification, the melting combination of similar object patterns into a template is
useful for classification. So synergetic template is
−1

V𝑝+ = 𝐸(𝑉𝑇 𝑉 + 𝑃1 𝑂 + 𝑃2 𝐼) 𝑉𝑇 .

(7)

𝐼, 𝑂, 𝑃1 , and 𝑃2 are identity matrix, unitary matrix, and
coefficients of penalty. 𝐸 is an enhanced identity matrix; every
element of 𝐸 is a row vector of size 𝑗 as the following:
𝑒𝑛(1) 𝑒𝑛(2)
[ 1𝑛(1) 0𝑛(2)
𝑒1
[𝑒0
𝐸=[
..
[
[ ⋅⋅⋅
.
𝑛(1)
𝑛(2)
𝑒
𝑒
0
[ 0
𝑒0𝑖 = (0, . . . , 0) ,

⋅ ⋅ ⋅ 𝑒0𝑛(𝑀)
]
⋅ ⋅ ⋅ 𝑒0𝑛(𝑀) ]
],
]
d 𝑒0𝑛(𝑀) ]
⋅ ⋅ ⋅ 𝑒1𝑛(𝑀) ]

(8)

𝑒1𝑖 = (1, . . . , 1) .

It can be a relevant feedback and self self-attentive for
similarity measurement. But here the proposed model uses
synergetic neural network two times, once for making the
templates in each pathway and in the second time in the final
classification.
3.4. Fuzzy Optical Flow Division. Fuzzy logic is a logic
having multivalued that is originated from theory of fuzzy
set found by Zadeh [35] and it deals with reasoning approximation [35]. It provides high level framework targeted at
approximation reasoning which can appropriately deliver the
imprecision and uncertainty together in linguistic semantics
and model expert heuristics and handles requisite high
level organizing principles. Fuzzy logic can be an important
balancing method which is plausible and justifies combining
approaches together for designing the classification, decision,
and inference systems [36]. Various fuzzy inference systems
have been proposed and have many applications through
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Max-Min fuzzy operations. However, Leotamonphong and
Fang mentioned that composition of max-min is suitable only
when a system allows no compensation among the elements
of a solution vector [37]. A time dependent fuzzy system
also has been used many times regarding solution of control
and classification and so forth. Chen and Liu [38] present a
delay-dependent robust fuzzy control for a class of nonlinear
delay systems via state feedback [38]. Problem statement and
preliminary: after applying optical flow, the velocity of human
object will be considered for both 𝑥 and 𝑦 directions. In
general, V𝑥 , V𝑦 ∈ R𝑚×𝑛 where 𝑚 and 𝑛 are sizes of image frame
from input video stream.
𝐶
𝐶
𝐶
𝐶
(1) 𝜇V𝑥1,2 (𝑥), 𝜇V𝑥2,4 (𝑥), 𝜇V𝑥1,2 (𝑦), and 𝜇V𝑥2,4 (𝑦) are triangular
membership functions for V𝑥 and it will be the same for V𝑦
velocity in 𝑥 and 𝑦 directions these represent the quaternion
correlator for outputs of motion pathway. The fuzzification is
done through triangular membership function as activation
functions
𝑥
0 < 𝑥 ≤ 𝐶1,3
{
{
{ 𝐶1,3
𝐶1,2
𝜇V𝑥 (𝑥) = { 𝐶 − 𝑥
{
{ 2,4
𝐶1,3 < 𝑦 ≤ 𝐶2,4 ,
{ 𝐶1,2 − 𝐶3,4
𝑥 − 𝐶1,3
{
{
{
{ 𝐶2,4 − 𝐶1,3
𝜇V𝐶𝑥2,4 (𝑥) = {
𝐶 −𝑥
{
{
{ 1,3
{ 𝐶1,3 − 𝐶2,4
𝑦
{
{
{ 𝐶3,4
𝜇V𝐶𝑥2,4 (𝑦) = { 𝐶 − 𝑦
{
{ 1,2
{ 𝐶1,2 − 𝐶3,4
𝑦 − 𝐶3,4
{
{
{
{
𝐶
− 𝐶3,4
𝜇V𝐶𝑥1,4 (𝑦) = { 1,2
𝑚
−
𝑦
{
{
{
{ 𝑚 − 𝐶1,2

𝐶1,3 < 𝑥 ≤ 𝐶2,4
𝐶2,4 < 𝑥 ≤ 𝑛,
(9)
0 < 𝑦 ≤ 𝐶3,4
𝐶3,4 < 𝑦 ≤ 𝐶1,2 ,

𝜇̃V𝐶𝑖 (𝑡) = 𝜇̃V𝐶𝑖 (𝑡 − 𝜏) + 𝜂V𝐶𝑖 (𝑡) (1 − 𝜇̃V𝐶𝑖 (𝑡 − 𝜏))
𝑡 ∈ [𝑡0 , 𝑡0 + 𝑘𝜏] ,

𝑘 ∈ (0, 1, . . . , 𝑁) ,

(11)

where 𝜏 is the frame time which is a parameter for camera
and 𝑘 is numbers of frames pasted from the cell changing (it
means 𝑘 will be reset after varying of the cell membership).
𝑁 is the maximum number of frame distance from present
frame which does not unreasonably increase membership
function value. We call 𝜂V𝐶𝑖 (𝑡) memory coefficient function
and add to the membership function of the winner cell and
define as follows:
1
{
{
{
𝑘
+
𝛽
𝜂V𝐶𝑖 (𝑡) = {
{ −1
{
{ 𝑘 + 𝛽

𝐶

𝐶

𝐶

𝐶

𝜇V 𝑗 (𝑡) ≤ 𝜇̃V 𝑗 (𝑡 = 𝜏)
𝜇V 𝑗 (𝑡) > 𝜇̃V 𝑗 (𝑡 = 𝜏) ,

𝑘 ≥ 0,

𝑘 ≠
− 𝛽,

(12)

𝑘 ≠
− 𝛽

Let 𝛽 as adjustment parameter be tuned in the system. 𝐶𝑗
presents the cell which is different from 𝐶𝑗 and has maximum
velocity among all cells in optical flow division. 𝑡 is the time of
frame where one division of the optical flow has the highest
membership amount as compared with other divisions and it
will be restarted by changing the division.
(3) Gather values produced in previous memberships in
every optical flow division in each frame by the following
rules.
(a) Flow of upper limb is attained by association of optical
flow fuzzy amounts for 𝐶1 and 𝐶2 . Membership value
reveals the flow for upper limb of human object. It is
mentioned as follows:

𝐶3,4 < 𝑥 ≤ 𝐶1,2

𝜇Upper-Limb (𝑡) = 𝜇̃V𝐶1 ∪𝐶2 (𝑡) = max {𝜇̃V𝐶1 (𝑡) , 𝜇̃V𝐶2 (𝑡)} .

𝐶1,2 < 𝑦 ≤ 𝑚.

The position of the highest velocity in 𝑥,𝑦 estimated by
evaluating the amount of membership functions and then
membership function related to every cell will be based on
aggregating 𝑥,𝑦 for each velocity. It will evaluate both cases
of velocities. 𝜇V𝐶𝑥𝑖 and 𝜇V𝐶𝑦𝑖 are showing the membership in each
cell where 𝑧 is number of the cell (𝑖 = 1, . . . , 4). Consider
𝜇V𝐶𝑥𝑖 = max {𝜇V𝐶𝑥𝑖 , 𝜇V𝐶𝑦𝑖 } .

concerning time regarding every frame of video stream as
unit of the time is defined here, as follows:

(10)

(2) Determine the value of motion information in motion
pathway in frame time t. As information of velocities can
be unstable due to shaking the camera or different style in
human object meanwhile he is acting in front of camera, the
amount of velocity is dependent on time. The definition of
time in this context is based on the frame time per second.
Here, this dependency implements by considering the previous frame membership value. Proposed time dependent
fuzzy optical flow division can be utilized for representing
a class of optical flow divisions with fuzzy inference rules

(13)

(b) Flow related to lower limb calculates from union the
amounts of optical flow in 𝐶1 and 𝐶2 with each other
in time 𝑡:
𝜇Lower-Limb (𝑡) = 𝜇̃V𝐶3 ∪𝐶4 (𝑡) = max {𝜇̃V𝐶3 (𝑡) , 𝜇̃V𝐶4 (𝑡)} .

(14)

Optional. Flow of left and right limb is calculated by considering the optical flow membership amount among 𝐶1 , 𝐶3 and
𝐶2 , 𝐶4 , respectively:
𝜇Left-Limb (𝑡) = 𝜇̃V𝐶1 ∪𝐶3 (𝑡) = max {𝜇̃V𝐶1 (𝑡) , 𝜇̃V𝐶3 (𝑡)} ,
𝜇Right-Limb (𝑡) = 𝜇̃V𝐶2 ∪𝐶4 (𝑡) = max {𝜇̃V𝐶2 (𝑡) , 𝜇̃V𝐶4 (𝑡)} .

(15)

This part is optional suggested but we have not used it.
(4) For the following one fuzzy IF-THEN rule, perform
defuzzification.
R1s. If every membership function from the subject has
maximum degree in membership function as compared with
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others, then the subject limits just some relevant action
eligible for form pathway selection and selection possibility
of other actions by form pathway is eliminated.
(5) Output of aforementioned membership values can be
considered as belonging scores among the classes of actions
which shows specific movements in human subject limbs. The
biggest amount as the degree of belongs for each class will
win among other amount. For example, running, jogging,
and walking involve the lower limb activities whereas boxing,
clapping, and waving make flow in the upper limb of human
object.
3.5. Selecting Video Frames. Motion analysis, video processing, and action recognition are based on frame selection for
temporal order. Choosing frames based on randomization
methods of temporal order can destroy the biological perception of movement [8]. Frames selection through input
movie follows proposed model of form and motion pathway connection from snapshot neurons. Snapshots follow
temporal order regarding configuration motion patterns of
object different activity in both pathways. Proposed model
uses feedforward structure for form connection (active basis
function) and motion pathway (optical flow). Three frames
as minimum number of the frames for snapshots will be
taken from video streams following temporal order and
motion information induces active basis function through
feedforward joining in share sketch algorithm and makes
connection appropriate (see Figure 1).
3.6. Relation to Existing Methods. The proposed approaches
like current techniques regarding human action recognition
are basically very similar to each other. In this part we
will signify differences and similarities. Similar with [2, 4,
8, 22], the proposed follows original model of biological
movements. The approach is made based on object recognition following hierarchical feedforward designs like [22] and
specially tries to develop a model that follows neurobiological
motion processing in visual cortex and basically follows [8].
Object recognition task in form pathway has been changed
within the researchers work from spatiotemporal features in
[22, 40] and original Gabor filter [2] for proposed approach
by using active basis model. However, active basis model
has basic characteristic of previous features and basically
uses Gabor wavelet but it decreases matching operation. It
activates limited clutters and ensures the important amounts
in points of interest which falls on the person subject. The
motion feature which generated through layer-wised optical
flow [25] has similarity with silhouette from moving object.
In our work, it is used in helping active basic model to
concentrate on the object and prevent wastage of Gabor
beams. Additionally, as it is previously mentioned proposed
approach follows biologically inspired model [8] through
parallels to visual cortex.

4. Evaluation and Results
To estimate the ability of the proposed approach to human
action recognition, a famous human action and the largest
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databases, that is, the KTH human action dataset [39] and
Weizmann human action recognition robustness set [31, 41],
are implemented in the tests. KTH action dataset is the largest
human action dataset including 598 action sequences that
it comprises six types of single person actions as boxing,
clapping, jogging, running, walking, and waving. These
actions are performed by 25 people in different conditions:
outdoors (s1), outdoors with scale variation (s2), outdoors
with different clothes (s3), and indoors with lighting variation
(s4). Here, using downsampling the sequences resolutions
become 200 142 pixels. For our approach, we used 5 random
cases (subjects) for training and making the form and motion
predefined templates. As it is mentioned in the literature,
KTH is a robust intrasubject variation with large set whereas
the camera for taking the video during the preparation had
some shacking and it makes the work with this database
very difficult. Moreover, it has four scenarios which are
independent, separately trained, and tested (i.e., four visually
different databases, which share the same classes). Both
alternatives have been run. For considering the symmetry
problem of human actions, there is a mirror function for
sequences along with vertical axis which can be available
for testing and training sets. Here all possible overlapping
of human actions within the training and testing sets has
been considered (e.g., one video has 32 and 24 action
frames).
4.1. Contribution between Motion and Form Features. Major
strength compared with other human action recognition
methods is utilizing fuzzy optical flow division for guidance
of share sketch algorithm in active basis model. It combined
the form and motion pathways with respect to original model.
Regarding combination, a question may arise that is it necessary to combine these two pathways? and how do these two
combine? The way that we have applied active basis model
to form pathway and its adjustment using motion pathway
information which makes the proposed method modified as
compared with original model also using optical flow division
guidance for active basis model is very much successful to
prevention of Gabor beams wastage that it presents novelty
as compared with common methods. We applied optical
flow for updating active basis model point of application by
evaluating the velocity of object with guidance of each optical
flow division in form of fuzzy membership function (see
Figure 3). It means that somehow information attained from
motion pathway helps form pathway. However, combination
of motion and form regularly overtakes both motion and
form separately, in most of experiments conducted; combining information of these two pathways takes place in the final
decision part (see [2, 8, 22]). Besides, relative feedforward
structure from input data stream till final decision does not
change and is similar across different datasets among two
independent sets of features computed (see Figure 1 in [8] and
Figure 2 in [2]). The proposed approach has been presented
before [42] as the fuzzy optical flow divisions have not applied
on it. Here, we have presented that with respect to the original
model regarding both pathways, extracted features for each
pathway can be relevant and feedforward structure has been
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Figure 1: The figure reveals the flowchart of our algorithm regarding human action recognition. The flowchart presenting the hierarchical
model in terms of theoretical and computation for combination of the form information and motion information is shown. A supervised
Gabor based object recognition method, ABM, gives this property to have human object and computation of the form data and its combination
with optical flow information, motion information, creates interaction between the pathways.

prototype regarding every specific movement for human
objects applying synergetic neural network. These templates
are made by extracting two times prototypes from applying
synergetic neural networks on train set of our human action
dataset. Finally for examination of proposed approach, we
applied the approach to very famous datasets which have
been used for presentation of accuracy.

Figure 2: Gabor wavelets filter bank which has been used for the
active basis model.

modified and extracted features for both pathways considered
having dependent information.
4.2. Results. Here, the biologically inspired model for human
action recognition has been studied. Principally, we have
described the form features attained from active basis model
that it represents features form from pathway. It is also
mentioned that active basis model adjusts by motion pathway information and utilizing fuzzy optical flow division
regarding adjustment for increasing the accuracy of recognition. Afterward, we proceeded for application of feature
selection regarding the experiments. We also prepared action

4.3. How Are Action Prototypes Created? As it is previously
mentioned, predefined templates for each human action
are obtained by applying the synergetic neural network on
the human action image. For making the training map of
every action, we divide every human action sequence to five
primitive basic movements. One can create the whole action
sequence using these five basic actions. Besides, considering
the style invariance difficulties regarding diverse object in the
same action, the proposed training map attains using five
different subjects from targeted human action databases. For
easing the explanation, we consider five snippets in different
actions 𝐴 1 − 𝐴 5 and each subject from targeted database
𝐷1 − 𝐷5 . First, synergetic neural network applies to 𝐴 1 in
𝐷1 − 𝐷5 and outcome shows by 𝑃1 as first prototype obtains
from first action snippet. The number of prototypes will be
completed by applying the synergetic neural network and
calculating the residual prototypes that they have called 𝑃1 −
𝑃5 . Calculated prototype images considering style invariance
represent the one action within five snapshots. Afterward,
these prototypes melt together using second time synergetic
neural network for attaining the final prototypes where each
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Figure 3: The results of dorsal processing stream obtains through optical flow [25] along with division procedures have been depicted. The
resolution of divisions is designed for categorization of actions group to have additional interfere of dorsal and ventral processing streams. It
can be a good representative of the interaction on MT, middle temporal of dorsal stream, and V4, ventral stream (for shape and orientation),
or the MST area with inferior temporal (IT) (see more details in [32, 33]). The membership function of the action will be estimated from the
position of maximum flow in the flow image. Membership values are aggregated through the proposed technique to increase the robustness.
The input image of action mentioned in the figures is obtained from KTH human action recognition dataset [39].

of them represents the specific action within different action
snippets and considering style invariance property. Let 𝐹𝑡
represents outcome of melting 𝑃1 − 𝑃5 in specified action.
The final prototypes along with the method which they
calculated are depicted in Figure 4. The confusion metric
reveal the significant of using fuzzy inference system inside
the model of the biological movement. The difference among
these two confusion matrixes is very big and it can prove
the advantage of using fuzzy optical flow division for this
context. Furthermore, Table 1 reveals a comparison of our
method with other methods in terms of recognition of
accuracy in which the accuracy result indicates that the
accuracy of proposed technique is relatively comparable
with state-of-art by considering that there are somehow two
categories using not very similar paradigms, which cannot
be straightly compared. Here, the experimental result of
proposed approach is presented. As KTH human action
database [39] has been used for benchmarking the accuracy
of consistency with set of experiments used in [2, 22, 27,
43, 44], we made a set of our training map and test set
for proposed technique on the entire dataset, in which the
mixture of four scenarios videos was together. The dataset
split into a set of training maps with five randomly selected

subjects and a test part by residual subjects. Afterward, we
measured the average performance over five random splits.
The training map dataset was very small and comprised
five videos frames snippets randomly obtained from the
mixture dataset. Figure 5 presents classification confusion
matrices for KTH dataset. Rows of confusion matrix represent the corresponding classification results, where each
column signifies the instances to be classified. In proposed
approach, the highest confusion happens among walking,
jogging, and running. Discriminating these actions is difficult
as the performance of actions by some subjects has similarity
(see Figure 6). Also, another misclassification happens principally between similar classes, like previous confusion or
hand clapping, hand, and waving (see confusion matrices in
Figure 5).
4.4. Does the Fuzzy Optical Flow Division Help to Have
Better Accuracy? As it is mentioned in the previous parts
of the paper, regarding obtaining action prototypes through
synergetic neural network during one whole action frames.
This method can give a good abstract from the action video
but it has a problem [42] which decreases our accuracy due to
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Figure 4: The figure depicts KTH human action dataset. To test the recognition of biological movements one of the well-known human action
recognition datasets has been utilized in its performance. Here, the set represents KTH human action dataset. It is noticeable to mention that
KTH dataset is one of the largest human action datasets having six various human actions in four different scenarios.
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Figure 5: The figure shows procedure of making the action active basis templates by applying two times synergetic neural networks melting
on the training map which calculates from randomly selected video frames from KTH human action database [39].

cluttered areas in the action prototypes. Following this problem, there was similarity among the matched image frames
which is the cause of disparity in accuracy and it is very clearly
revealed in confusion matrix (see Figure 5 upper confusion
matrix). Presented approach has considered 0.1 second for, 2
for, 𝑘 = 3 means three frame time considered as dependency
of prevent membership function value and attained from
training on our training set. During our experiment, we just
have applied upper and lower limb membership functions
and left and right limb functions can be suggested for more
complex actions. After applying fuzzy optical flow division,
disparity dramatically diminished. Confusion matrix after
applying this method has been shown in Figure 5 (second
confusion matrix).
4.5. Related Work. Human action recognition tasks are generally categorized as two separated classes. First class prefers

to track the part of image which is object (human) exists [45].
Mentioned groups of techniques might not be useful in less
articulated objects. However, they are considered as successful approaches. The other popular class is addressed on low
resolution videos or high locally resolution images [46] or
by using spatiotemporal features [4, 40]. As it has previously
been discussed regarding neurobiologically inspired model
for analysis of movement in dorsal stream visual cortex and
psychological and physiological information, our proposed
approach is categorized as second group of methods. Previous
method [8] has constant translation lack and a limited
handcrafted features dictionary in intermediate periods [47],
Jhuang et al. (2007) [22] and Schindler et al. [2].
4.6. Discussion. In the previous sections, we revealed the
biologically inspired model regarding human action recognition using active basis model and fuzzy optical flow division.
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Figure 6: Confusion matrices SNN classifying KTH dataset obtained by adapted active basis model as combination of form and motion
pathways. Confusion matrices of the proposed approach has been presented for the case of without fuzzy interference system, left matrix, and
after it, right matrix which are achieved from human action movements of KTH dataset [39]. The robustness of the method after adding the
fuzzy interference stabilizer is considerably increased. The wrong recognitions in the left confusion matrix have been decreased especially in
case of some actions, that is, clapping. Moreover, soar of robustness helps to increase the overall accuracy and better results in classification
of biological movement. The accuracy of categorizations using unbalanced SNN reached 86.46%.

Table 1: The recognition results of proposed method has presented
along with comparison between previous human action recognition
method (Bio or non bio-inspired) on KTH human action dataset.
Methods
Wang et al. [40]
Niebles et al. [43]
Jhuang et al. [22]
Schindler and Van Gool [2]
Wang and Mori [27]
Zhang and Tao [44]

Proposed Method

Accuracy (%)
71.72
83.33
91.79
92.79
91.29
U-SFA: 86.67
S-SFA: 86.40
D-SFA: 89.33
SD-SFA: 93.87
86.46

Years
2004
2006
2008
2009
2009
2012

2013

Here, we discuss advantages and limitations of our models, in
addition to comparative explanation plus relationship of the
proposed approach with existing models (see [2, 8, 48, 49]).
We demonstrated how to apply a supervised learning Gabor
based method which successfully has been utilized before
for the task of object recognition previously [24] for the
form pathway. As the form pathway is considered for ventral
stream representation, it has a task of object recognition
biologically. Active basis model can learn the human object
considering the prototypes and is able to find it within frames.
Such a property is very much desirable for visual system
representation in the model; however, this part has been done

by Gabor wavelet in the previous models [8, 48, 49] and
similar works [2]. It could follow the involving encode object
shape [32]. The object shape concern in the form pathway
and ventral stream has been properly considered based on
training stage and human prototypes. Using active basis
model is somehow considered as the Gabor action stimulus
for pin down form processing at two levels local information
about limb angle from Gabor orientations and global body
structure signaled by the spatial arrangement of Gabor paths.
On the other hand, using optical flow for extraction of motion
information has followed the second attribute and involves
filtering by direction selection sensors and its integration for
solving the famous aperture problem. Motion information
presents both types of motion signals local velocity and joint
motion trajectories will be signals to form path by guiding
SSA in active basis model [50] as a good representation
of cross-connection between V4 and MT. It follows the
predominant view of form and motion processing in the
human visual system which assumes that these two attributes
are handled by independent and separate modules ([2, 8, 48,
49]). It has been recognized that form signal information
can influence processing of motion more extensively than
previously thought (see [32]) and the proposed approach
considers direct effect on motion information on the form
processing. The connectivity within the visual system is
characterized by cross-connections in respect of parallel
feedforward connection ([33, 51, 52]). Using optical flow
division technique provides connection and interaction of
bottom-up and top-down processing among brain regions
along the dual computational streams. Also dorsal stream
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is assumed to preform complementary spatial computation
(where) and ventral stream for performing object recognition
(what) in the cortical areas V1, V2, V4, and IT (inferotemporal cortex) along with current evidence in opposition to a
complete segregation of where and what information in the
brain of macaque (see [52, 53]) representing that information
about position and size of objects is also represented in
inferotemporal cortex of macaques as top layer of ventral
stream. However, in the proposed approach an early isolation
of spatial configuration and identity into divided processing
pathways need heavy computation in hardware. But having
low resolution optical flow divisions (four divided parts)
could be a good parameter for diminishing this computational load. The correctly classified sequences are reported as
highest results in literature. To place proposed technique in
this context, we have presented it with state-of-the-art. Our
method similar with other methods which is frame-based
runs for all frames of action sequences. Then the individual
labels obtained from training map are simply compared to
a sequence label through majority voting (it is like a bagof-frames model and like [2, 40, 48]). The comparison with
state-of-the-art has been done and it is revealed in Table 1.
It accuracy considering comparing with other methods indicates relative compatibility for proposed approach. In terms
of contribution among motion and form features, we can
mention applying active basis model which modified the
form pathway itself considering it as a Gabor based model
and its ability for learning the object increases the robustness
of the system which is tested using Weizmann robustness
dataset. Moreover, optical flow guidance for SSA as crossconnection among the dual computational streams plus
prevention of application of Gabor beams for nontargeted
objects is depicted in Figure 7. Considering fuzzy optical
flow division keeps system robust, the proposed method can
be categorized as an improvement in this field. However,
the natural question (see [2, 48]) regarding whether this
combination is necessary or how to improve it is still there
and researchers are still trying to expand the model and make
it more accurate. We have performed experiments following
presented method, in which we have modified form pathway
and made it combined with motion path and made a relation
for these two independent feature sets and its connection
which revealed promising results.
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promising results which was relatively comparable with stateof-the-art methods and benefit of proposed cross connection
into the feed-forward method on the biological movement.
Also it had good performance on different datasets and its
training is done by less computational load regarding final
action prototypes learning and reasonable computational
cost. As a limitation of the proposed approach, it presently
does not have mechanisms for invariance against rotation and
viewpoint changes whereas it is capable to put mechanism
regarding multiscale. Also active basis model is very sensitive
algorithm which needs attention on while it is training.
As open questions, motion sequences consistently represent
recognition of video stream is done in which frame. How
much these two pathways clearly follow the biologically
inspired movement of mammalian brain. Future work will
extend the proposed approach better integration of form and
motion information in pathways. Another extension is to find
better techniques to not using action prototypes regarding
human action recognition.

Appendix
In this part, we are presenting an example of proposed
approach in fuzzy optical flow division part which is shown
and proving the performance of time dependency in suggested fuzzy inference system for proposed application.
Suppose that system in steady-state situation at the time of
𝑡0 , 𝛽 = 𝛽 is equal to 2 and 𝜏 = 0.1 𝑠. Consider
𝜇V𝐶1 (𝑡) = 0.6,

𝜇V𝐶2 (𝑡) = 0.2,

𝜇V𝐶3 (𝑡) = 0.4,

𝜇V𝐶4 (𝑡) = 0.5.

(A.1)

Cell 𝐶1 is winner and represents the highest optical flow.
So, we will have timing influence by
𝑘 = 0,

𝑡 = 𝑡0 ,

𝜇̃V𝐶𝑧 (𝑡 − 𝜏) = 0,

𝜇̃V𝐶𝑧 (𝑡0 ) = 0.6,

(A.2)
(A.3)

For 𝑘 = 1, 𝑡 = 𝑡0 + 𝜏,

5. Conclusion
In this paper, a human action recognition method has been
proposed; this method is based on interrelevant calculated
motion and form information followed the biologically
inspired system. The active basis model applied for generating
the form information and optical flow guides the share sketch
algorithm regarding better concentration on human object
in the video frames and it can represent cross-connection
of V4 and MT in brain [49]. Synergetic neural network
is used twice on training set finding action prototypes for
each action. The approach has been tested for KTH and
robustness-Weizmann human action dataset and experimental assessment of the proposed technique has shown

𝜇V𝐶1 (𝑡 ) = 0.59,

𝜇V𝐶2 (𝑡 ) = 0.3,

𝜇V𝐶3 (𝑡 ) = 0.1,

𝜇V𝐶4 (𝑡 ) = 0.5.

(A.4)

𝐶
As the highest cell did not change (condition of 𝜇V 𝑗 (𝑡 ) ≤
𝐶𝑖
𝐶1
𝜇̃V (𝑡0 ) ), having memory coefficient function (𝜂V (𝑡)) chosen
1/(𝑘 + 𝛽) and considering 𝜇̃V𝐶1 (𝑡 − 𝜏) = 0.6, we will have

𝜇̃V𝐶1 (𝑡 ) = 0.6 +

1
(1 − 0.6) = 0.73.
1+2

(A.5)

12

The Scientific World Journal
Experimental outcomes of active basis model and outputs of motion pathway

Boxing

KTH dataset

Clapping

Jogging

Running

Walking

Waving
(a)

Result of active bases for Wiezmann Robustness dataset

(b)

Figure 7: Simulation results for simple biological movement paradigm based on ABM [24] in the ventral processing stream and optical
flow [25] in dorsal stream are shown. Each row within the panel reveals the response of ABM during the episode as well as flow generated for
every different action. The set of biological movements that belongs to the biological movements is from KTH dataset [39]. (a) The simulation
results of the different actions of KTH dataset along with results of optical flow simulation; (b) the figure depicts some results of Weizmann
robustness dataset. It reveals an increase in the robustness of the proposed approach due to utilization of ABM [24] in the ventral stream.

Also having 𝑁 = 3, we will have
𝑘 = 2,

step. But if suddenly after 𝑘 = 0, some other cell gets highest
optical flow, we will have

𝑡 = 𝑡0 + 2𝜏;

𝑘 = 3;

𝑡 = 𝑡0 + 𝜏,

𝜇V𝐶1 (𝑡 ) = 0.7,

𝜇V𝐶2 (𝑡 ) = 0.5,

𝜇V𝐶1 (𝑡 ) = 0.4,

𝜇V𝐶2 (𝑡 ) = 0.3,

𝜇V𝐶3 (𝑡 ) = 0.25,

𝜇V𝐶4 (𝑡 ) = 0.45,

𝜇V𝐶3 (𝑡 ) = 0.6,

𝜇V𝐶4 (𝑡 ) = 0.5.

𝑘 = 3,
𝜇V𝐶1 (𝑡 ) = 0.8,
𝜇V𝐶3 (𝑡 ) = 0.4,
𝜇̃V𝐶1

𝑡 = 𝑡0 + 3𝜏;

𝐶3 won having the highest optical flow in its division, so
cellular changing occurred but the result of the membership
function is changing gradually and 1/(𝑘 + 𝛽 ) will be chosen
for memory coefficient function and we will have

𝜇V𝐶2 (𝑡 ) = 0.1,

𝜇V𝐶4 (𝑡 ) = 0.6,

𝜇̃V𝐶1 (𝑡 ) = 0.73,

1
(𝑡 ) = 0.73 +
0.26 = 0.796.
2+2

(A.7)

𝜇̃V𝐶1 (𝑡 − 𝜏) = 0.73,
𝜇̃V𝐶1 (𝑡 ) = 0.73 −



(A.6)

After this by having maximum optical flow division for
first cell, 𝑘 will be reset to zero and this cycle will be repeated
by choosing the maximum membership function for next

1
0.26 = 0.64.
1+2

As 𝜇̃V𝐶1 (𝑡 ) > 𝜇̃V𝐶3 (𝑡 ) still first cell wins
𝑘 = 2;
𝜇V𝐶1 (𝑡 ) = 0.2,

𝑡 = 𝑡0 + 2𝜏,
𝜇V𝐶2 (𝑡 ) = 0.5,

(A.8)
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𝜇V𝐶3 (𝑡 ) = 0.68,
𝜇̃V𝐶1 (𝑡 ) = 0.64,
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𝜇V𝐶4 (𝑡 ) = 0.6,

𝜇̃V𝐶1 (𝑡 ) = 0.64 −

1
0.36 = 0.55.
2+2
(A.9)

And by considering the time when first cell won this
amount will be increased but if the change continues third
cell will win and we will have reset in 𝑘 and final choosing of
the cell. Also, if the amount of membership function changes
in 𝑘 = 2 and back to the previous cell, we will have
𝑘 = 2;

𝜇V𝐶2 (𝑡 ) = 0.5,

𝜇V𝐶3

𝜇V𝐶4

(𝑡 ) = 0.4,

[6]

[7]

[8]

𝑡 = 𝑡0 + 2𝜏,

𝜇V𝐶1 (𝑡 ) = 0.7,


[5]

[9]



(𝑡 ) = 0.6,
1
0.36 = 0.73.
2+2
(A.10)

[10]

And there will be no sudden changes on final decision.
It means first cell will be constantly selected. Also by selecting the suitable 𝛽 the system will have minor sensitivity
regarding cellular varying. But it is abundantly related to the
application and video condition.

[11]

𝜇̃V𝐶1 (𝑡 ) = 0.64,

𝜇̃V𝐶1 (𝑡 ) = 0.64 −

[12]
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Image template matching refers to the technique of locating a given reference image over a source image such that they are the most
similar. It is a fundamental mission in the field of visual target recognition. In general, there are two critical aspects of a template
matching scheme. One is similarity measurement and the other is best-match location search. In this work, we choose the wellknown normalized cross correlation model as a similarity criterion. The searching procedure for the best-match location is carried
out through an internal-feedback artificial bee colony (IF-ABC) algorithm. IF-ABC algorithm is highlighted by its effort to fight
against premature convergence. This purpose is achieved through discarding the conventional roulette selection procedure in the
ABC algorithm so as to provide each employed bee an equal chance to be followed by the onlooker bees in the local search phase.
Besides that, we also suggest efficiently utilizing the internal convergence states as feedback guidance for searching intensity in the
subsequent cycles of iteration. We have investigated four ideal template matching cases as well as four actual cases using different
searching algorithms. Our simulation results show that the IF-ABC algorithm is more effective and robust for this template matching
mission than the conventional ABC and two state-of-the-art modified ABC algorithms do.

1. Introduction
Template matching is defined as the action of recognizing
predefined template patterns in a source image. It is a
fundamental issue in pattern recognition and has been widely
applied to the fields such as face recognition [1], pulmonary
nodules detection [2], handwriting identification [3], and
road detection [4] over the past few decades.
In general, template matching involves two critical
aspects: similarity measurement and best-match search [5,
6]. When measuring the similarity, a source image and a
predefined template image are superimposed in a certain
location and then the similarity evaluation is made on the
basis of a selected model or criterion. The sum of absolute differences (SAD), the sum of squared differences (SSD), and the
normalized cross correlation (NCC) are all popular similarity
measurement models. SAD is sensitive to the illumination

disturbances and may lead to large variations in the intensity
values [7]. SSD has a similar drawback. The NCC model
utilizes rotation and scale invariant evaluations for the degree
of similarity [8] and is confirmed to be more robust than
SAD and SSD, especially in terms of uniform illumination
changes in the source image [6, 9]. Therefore, the NCC model
is more widely used than the other two models. With regard
to the search strategy for a best-match position, a thorough
search algorithm is proposed as a pioneering work [10], in
which all the pixel-candidate positions are checked until
the one with the maximum similarity is located. However,
such exhaustive search is computationally expensive, which
restricts its applications, especially in terms of some real-time
recognition issues.
In order to reduce the computation complexity in the
template matching schemes, search strategies based on evolutionary algorithms have been developed and investigated.
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Table 1: Parameter settings for four ABCs.

ABC
SN = 20
Limit = 10

I-ABC
SN = 20
Limit = 10
ap = fitness(1)|iter=1

Gbest-ABC
SN = 20
Limit = 10
𝐶=2

(1, 1)

IF-ABC
SN = 20
Limit = 10
𝛼 = 0.1

Species-based genetic algorithm (Sb-GA) [11], bat algorithm
(BA) [12], chaotic quantum-behaved particle swarm optimization (CQ-PSO) [13], chaotic imperialist competitive
algorithm (C-ICA) [14], and a states-of-matter search (SMS)
algorithm [5] have been proposed for this template matching
problem. Although these algorithms aim to reduce the
computation load of the global optimums searching, they
cannot avoid the derivation of suboptimal matching results.
It is worth pointing out that most evolutionary algorithms
are generally suitable for the optimization of convex or
nearly convex functions [15]. But the template matching field
contains a finite number of candidate matching locations.
Such a discrete function is usually anything but smooth.
In other words, the objective function concerning template
matching may drastically oscillate along the domain, which
critically restricts the advantages of such evolutionary algorithms. Therefore, it calls for a new way to modify these
existing evolutionary algorithms so as to accommodate the
discreteness and oscillation in an objective function.
Artificial bee colony (ABC) is a relatively new swarm
intelligence algorithm. It is motivated by the foraging behavior of bee swarms, in which both local exploitation and
global exploration are implemented [16]. Applications and
developments of this algorithm have been proposed in a
variety of ways [17–38]. In this paper, our previously proposed
internal-feedback artificial bee colony (IF-ABC) algorithm is
adopted as a search approach to find the best-match location
for the template matching scheme. IF-ABC features by its
effort to fight against premature convergence. In a sense, IFABC sacrifices part of its convergence speed for the ability to
avoid premature convergence [22, 39, 40]. Our work intends
to have an intensive evaluation about the true performance of
IF-ABC regarding image template matching, in comparison
with some other state-of-the-art ABCs.
The remainder of this paper is organized as follows. In
Sections 2 and 3, basic principles of NCC model and the
conventional ABC algorithm are introduced. Section 4 holds
a description of IF-ABC algorithm in detail. Then, several
cases of comparative experiments have been conducted in
Section 5. Further discussions concerning the comparable
convergence performances are included in Section 6. The
final section includes the conclusions, the limitations of this
study, and our future work.

2. Model of Image Template Matching
Image template matching aims to locate a given reference
image (which is also called template image) over a source
image such that they best match each other. Typically it is

m

n
(a, b)

M

Feasible searching region

N

Figure 1: Schematic diagram of template matching process.

assumed that the predefined template image and the source
image are given in RGB format. Before the matching process
starts, the corresponding grayscale images are derived in the
preprocessing procedure. The grayscale template image is
described by a matrix temp𝑚×𝑛 , in which temp(𝑎, 𝑏) refers
to the gray level of the pixel located at (𝑎, 𝑏) in the grayscale
template image. It is obvious that temp(𝑎, 𝑏) ∈ [0, 255] ∩ Z.
Similarly, the grayscale source image is described by a matrix
test𝑀×𝑁. The template matching scheme can be expressed as
finding an optimal location (𝑎, 𝑏) for the grayscale template
image temp𝑚×𝑛 so that the similarity between temp(1 : 𝑚, 1 :
𝑛) and test(𝑎 : (𝑎 + 𝑚 − 1), 𝑏 : (𝑏 + 𝑛 − 1)) is maximized within
the feasible searching region (see Figure 1).
There are a number of ways to measure such similarity.
Considering the robustness in terms of disturbing illuminations, we choose the following NCC model (see (1)) in this
work. Consider
NCC (𝑎, 𝑏)
𝑚

𝑛

≜ ( ∑ ∑ [temp (𝑎 + 𝑥 − 1, 𝑏 + 𝑦 − 1) ⋅ test (𝑥, 𝑦)])
𝑥=1 𝑦=1
𝑚

𝑛

× (√ ∑ ∑ [temp2 (𝑎 + 𝑥 − 1, 𝑏 + 𝑦 − 1)]
𝑥=1 𝑦=1
𝑚

𝑛

⋅√ ∑ ∑

−1

[test2

(𝑥, 𝑦)]) ,

𝑥=1 𝑦=1

(1)
where (𝑎, 𝑏) represents the target location of top-left-corner
pixel in the grayscale template. In other words, the grayscale
template image shifts according to a vector of 𝛽 = (𝑎, 𝑏)
over the grayscale source image. In this particular case, it is
required that 𝑎 ∈ [1, 𝑀 − 𝑚 + 1] ∩ Z,𝑏 ∈ [1, 𝑁 − 𝑛 + 1] ∩ Z,
which are regarded as the feasible searching conditions as
demonstrated in Figure 1. It is easy to see that NCC(⋅) ∈ [0, 1]
and the optimal (𝑎∗ , 𝑏∗ ) satisfies NCC(𝑎∗ , 𝑏∗ ) = 1.
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Start

Initialize food source using eq. (2)
Set trial = 1, iter = 0

Iter = iter + 1
N
Y

Iter > MCN?

Generate each of the
employed bees using (3)

Is better position
derived for
ith employed bee?

Y

N
Let trial(i) = trial(i) + 1
Set trial(i) = 1
Generate each of the onlookers
using (5) and (6)

Is better position
derived for
ith onlooker bee?

Y

N
Let trial(i) = trial(i) + 1

Trial(i) > D?

N

Set trial(i) = 1
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End

Figure 2: Flow chart of IF-ABC algorithm.
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Table 2: Comparative convergence performances of four ABCs.

Case number

MCN

1
2
3
4

100
1000
1000
1000

ABC
Mean
0.9874
0.9701
0.9517
0.8806

I-ABC
C.R.
39.60%
25.40%
22.00%
3.00%

Mean
0.9647
0.9400
0.9103
0.8664

Gbest-ABC
Mean
C.R.
0.9870
58.80%
0.9709
36.40%
0.9637
41.40%
0.8746
1.80%

C.R.
1.20%
0.40%
1.80%
0.20%

IF-ABC
Mean
C.R.
0.9927
79.80%
0.9829
57.80%
0.9698
50.60%
0.9445
44.20%

Those bold values denote the best value (mean or C.R.) in every single line.
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Figure 3: Ideal template matching case 1: satellite imagery of Holy City in Mecca. (a) Predefined template image (107 × 142); (b) source image
(1000 × 1002); (c) ground matching truth; (d) comparative evolution curves of four ABC algorithms; (e) surface illustration of searching space.

Implementation procedures of template matching are
given as follows.
Step 1. Import original source image and predefined template
image (both in RGB form).
Step 2. Convert template and source image to grayscale.
Step 3. Choose NCC model as similarity criteria.
Step 4. Search among all feasible locations aiming to find the
best-match location using IF-ABC algorithm.

Step 5. Terminate searching procedure when terminal condition is reached; then output best-match result.

3. Brief Review of Conventional
ABC Algorithm
The preceding section introduces the NCC model, which is
taken as a similarity criterion in this work. But how can one
find the very (𝑎∗ , 𝑏∗ ) that maximizes NCC? In this section
and the next, two intelligent algorithms named ABC and
IF-ABC will be introduced, respectively, either of which can
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Figure 4: Ideal template matching case 2: traditional Chinese seal patterns. (a) Predefined template image (84 × 88); (b) source image
(552 × 479); (c) ground matching truth (blue box) and most common false matching result (red box); (d) comparative evolution curves of
four ABC algorithms; (e) surface illustration of searching space.
Table 3: Comparative convergence performances of four ABC relevant algorithms.
Case number

MCN

1
2
3
4

100
1000
1000
1000

ABC
Mean
0.9564
0.9588
0.9197
0.8746

I-ABC
Mean
0.9521
0.9588
0.9055
0.8613

Gbest-ABC
Mean
0.9557
0.9596
0.9241
0.8718

IF-ABC
Mean
0.9588
0.9598
0.9221
0.9310

Those bold values denote the best mean value in every single line.

be taken as a searching approach for the optimal matching
location.
ABC is a swarm intelligence-based optimization algorithm. It is inspired by the forging behavior of bees. In this
algorithm, there are three kinds of bees, namely, the employed
bees, the onlooker bees, and the scout bees. They cooperate to
search for the optimal nectar source in the space [16, 23].
At the beginning, an initial population is randomly
generated, which contains as many as 𝑆𝑁 food sources (i.e.,
SN feasible solutions), using (2). Consider
X𝑖 ← Xmin + rand (0, 1) ⋅ (Xmax − Xmin ) ,
𝑖 = 1, 2, . . . , SN.

(2)

In the above equation, each solution X𝑖 = (𝑥𝑖1 , 𝑥𝑖2 , . . . , 𝑥𝑖𝐷)
is a 𝐷-dimensional vector, Xmax and Xmin are the predefined
constraints set for the optimization problem, and rand(0, 1)
denotes a random number in the range (0, 1) obeying the
uniform distribution.
Then, the iteration process starts. Generally, as many as
SN employed bees search globally in each cycle of iteration, and then SN onlooker bees search locally around the
“qualified” employed bees. Those employed bees who cannot
make any progress within some certain cycles will be replaced
by the scout bees. The qualification standard concerns the
roulette selection strategy and will be introduced later.
In detail, each employed bee utilizes the position of its
randomly chosen companion to generate a new searching
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Figure 5: Ideal template matching case 3: satellite imagery of Beihang University campus. (a) Predefined template image (51 × 41); (b) source
image (870 × 570); (c) ground matching truth (blue box) and most common false matching result (red box); (d) comparative evolution curves
of four ABC algorithms; (e) surface illustration of searching space.

index 𝑃 is calculated as the qualification measurement for the
employed bees using (4). Consider

direction, as shown in (3). Consider
𝑗

𝑗

𝑗

𝑗

𝑘,
𝑥𝑖 ← 𝑥𝑖 + rand (−1, 1) ⋅ (𝑥𝑘 − 𝑥𝑖 ) , 𝑗 ≠
𝑗, 𝑘 ∈ [1, 𝐷] ∩ Z,

𝑖 ∈ [1, SN] ∩ Z.

(3)

Here, X𝑖 = (𝑥𝑖1 , 𝑥𝑖2 , . . . , 𝑥𝑖𝐷) denotes the position of the 𝑖th
employed bee, X𝑘 = (𝑥𝑘1 , 𝑥𝑘2 , . . . , 𝑥𝑘𝐷) stands for the position
of a randomly chosen companion, and the searching location
changes in the 𝑗th element of X𝑖 .
Thereafter, the greedy selection procedure is implemented. If the new position updated by (3) is better (i.e.,
the corresponding objective function value is higher), the
previous position is discarded; otherwise, the employed bee
remains at the previous position. When all the SN employed
bees complete the searching procedure mentioned above, an

𝑃 (𝑖) =

fitness (𝑖)
∑SN
𝑗=1

fitness (𝑗)

,

1
{
if obj (X𝑖 ) ≥ 0 }
fitness (𝑖) = { 1 + obj (X𝑖 )
},
))
if
obj
(X
)
<
0
1
+
abs
(obj
(X
𝑖
𝑖
{
}

(4)

where obj(⋅) denotes the objective function, and fitness(⋅) is
conventionally defined. Each onlooker bee needs to search
𝑗
around an employed bee using (3). In this case, 𝑥𝑘 stands
for the corresponding element of the selected employed bee,
𝑗
and 𝑥𝑖 denotes that of the 𝑖th onlooker bee. Again, the greedy
selection procedure is implemented here.
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Figure 6: Ideal template matching case 4: satellite imagery of the Pentagon. (a) Predefined template image (116 × 114); (b) source image
(820 × 820); (c) ground matching truth (blue box) and most common false matching results (red boxes); (d) comparative evolution curves of
four ABC algorithms; (e) surface illustration of searching space.
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Figure 7: Comparisons of time consumptions between full search algorithm and IF-ABC in four ideal cases.
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Figure 8: Practical template matching case 1. (a) Nonuniform illumination disturbed source image; (b) ground matching truth (blue box)
and most common false matching result (red box); (c) comparative evolution curves of four ABC algorithms.

The selection principle for the qualified employed bees
concerns the roulette selection strategy. If 𝑃1 ≥ rand(0, 1),
the first employed bee is chosen for the specific onlooker bee;
otherwise, comparison between 𝑃2 and rand(0, 1) is carried
on. If all the 𝑃𝑖 are smaller than rand(0, 1), such process goes
over again until one employed bee satisfies the condition.
In this way, each of the SN onlooker bees determines which
employed bee to follow, respectively.
During each cycle of the iteration, once the 𝑖th employed
bee or an onlooker bee (which searches around the 𝑖th
employed bee) finds a better position in the crossover
procedure, the parameter trial(𝑖) is directly reset to zero;
otherwise, it is added by one. In this sense, trial is regarded
as a counter recording the invalid searching times around the
𝑖th employed bee. Before a new cycle of iteration starts, it
is necessary to check whether any trial(𝑖) exceeds a certain
threshold Limit. If trail(𝑖) > Limit, the 𝑖th employed
bee will be directly replaced by a scout bee. A scout bee
simply stands for a randomly initialized position utilizing
(2).

4. Principle of IF-ABC Algorithm
IF-ABC algorithm was originally proposed to optimize protein secondary structures in our previous works [22, 40]. In
this paper, it is slightly modified to accommodate well to the
template matching problem.
At first, as many as SN employed bees are randomly sent
out to explore in the feasible solution space using (2). Then,
the iteration process gets started. In each cycle of iteration, an
employed bee utilizes the location of one randomly selected
companion to generate a new searching location using (3).
Afterwards, the onlooker bees carry on the searching process.
In the IF-ABC algorithm, each of the employed bees is
given a chance to be followed by an onlooker no matter
whether they are “qualified” or not. In other words, we discard
the conventional roulette selection procedure mentioned in
ABC here, pursuing to bring more chances (i.e., more dynamics and indeterminacy) to the evolution process. Therefore,
the 𝑖th onlooker bee in IF-ABC directly chooses the 𝑖th
employed bees to follow. At this point, a new idea is proposed
(see (5)), which presents a new principle for onlooker bees
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Figure 9: Practical template matching case 2. (a) Gaussian blurred source image; (b) ground matching truth (blue box) and most common
false matching results (red boxes); (c) comparative evolution curves of four ABC algorithms.

to follow the employed bees. It is notable that we introduce
a multiplier 𝛾(𝑖) in this equation, which is defined in (6).
Consider
𝑗

𝑗

𝑗

𝑗

𝑥𝑖 ← 𝑥𝑖 + 𝛾 (𝑖) ⋅ rand (−1, 1) ⋅ (𝑥𝑘 − 𝑥𝑖 ) ,
𝑗 ≠
𝑘,

𝑗, 𝑘 ∈ [1, 𝐷] ∩ Z,

Figure 2 illustrates the flow chart of our IF-ABC algorithm. The pseudocode of IF-ABC for numerical optimization is given in Algorithm 1.

𝑖 ∈ [1, SN] ∩ Z,

ln 𝛼
𝛾 (𝑖) = exp ((trial (𝑖) − 1) ⋅
).
Limit − 1

(5)

(6)

Similar to ABC, the parameter trial in (6) records the
number of inefficient searching times. In IF-ABC, if the
𝑖th employed/onlooker bee finds a position that is better
than the previous one it stays at, trial(𝑖) is reset to 1 (but
not zero); otherwise, we add 1 to it. If trial(𝑖) exceeds
Limit, the 𝑖th employed bee will be reinitialized using (2).
𝛾(𝑖) manipulates the exploitation accuracy, which decreases
exponentially to 𝛼 as trial(𝑖) gradually approaches Limit.
Here, 𝛼 is a user-specified lower boundary of convergent
scale. In this sense, the search process is intensified gradually
with an increasing trial(𝑖). That is, the search accuracy will be
gradually enhanced before the position of the 𝑖th employed
bee is eventually discarded by the whole bee swarm.

5. Experimental Results
In this section, besides the conventional ABC and IF-ABC,
two state-of-the-art versions of ABC, named Gbest-ABC [41]
and I-ABC [42], were tested on four ideal template matching
cases as well as four practical cases. All the simulations
were implemented in MATLAB R2010a and executed on
an Intel Core 2 Duo CPU with 2 GB RAM running at
2.53 GHz under Windows XP. Every single type of experiment
was repeated 500 times with different random seeds. Userspecified parametric settings for these ABCs are listed in
Table 1, where Limit denotes invalid trial time and SN
stands for half of the swarm population. Satellite images
involved in this paper originate from the Google Earth (visit
http://www.google.com/earth/).
Figures 3, 4, 5, and 6 illustrate the comparative simulation
results concerning the four ideal cases; in each case the
template is exactly part of the source image. Some typical
local optimal matching locations are plotted (see the red
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Figure 10: Practical template matching case 3. (a) Overexposed source image; (b) ground matching truth (blue box) and most common false
matching results (red boxes); (c) comparative evolution curves of four ABC algorithms.

boxes in Figures 3(c), 4(c), 5(c), and 6(c)), together with the
global optimal matching locations (see the blue boxes). For
the convenience of evaluation, two indexes that reflect the
convergence performances (i.e., the mean and convergence
rate C.R.) are listed in Table 2, where MCN stands for
the predefined maximum cycle number. In order to show
the necessity of applying evolutionary algorithms, we also
made comparisons regarding the average time consumptions
between IF-ABC algorithm and the classical full search
algorithm in the four template matching cases. Figure 11
demonstrates the comparative results, where each pair of
comparison was repeated 50 times.
Similarly, another four cases of experiments with illumination disturbances considered were conducted. The results
are shown in Figures 7, 8, 9, and 10, and the detailed
comparisons are listed in Table 3.
Since template matching process does not take rotation or rescaling into consideration in our study, the twodimensional domain is discrete (i.e., there exist a finite
number of feasible solutions in total). Therefore, feasible
solutions on a continuous domain need to be discretized so
as to fit the objective function as in (1). As the objective
function under consideration is a real-valued function of two
variables, it is possible to plot the function surface using
3D graphics (as illustrated in Figures 3(e), 4(e), 5(e), and
6(e)).

6. Discussions
As shown in Table 2, the search process on the basis of
IF-ABC is more efficient and robust than the other three
algorithms. In detail, the convergence curves in Figures 3–
6 suggest that the advantage of IF-ABC in case 1 is not as
significant as it is in the rest of the three cases. It is also notable
that the feasible solution surface in case 1 (see Figure 3(c))
is relatively smoother than the surfaces in the other three
ideal cases (see Figures 4(c), 5(c), and 6(c)). In this particular
case, classical methods are not inefficient. However, if the
feasible solution surface is oscillatory or rugged, internalfeedback strategy will take effect. Take case 2 as an example,
the overall surface is like a peak function (see Figure 4(c)), so
it is more difficult to search for the global optimal location
than case 1. The situations are quite similar in cases 3 and 4.
In addition, although we observe from Table 2 that IF-ABC
always possesses convergence rates far higher than those of
the other three algorithms, the derivation of global optimum
is not always guaranteed within the predefined iterations.
Here comes the question: what is the advantage of IF-ABC
in the case that a classical full search algorithm has been
proposed nearly 40 years ago and always guarantees the
derivation of a perfect matching result? Figure 7 gives a direct
answer: the time consumption. For example, it takes IFABC an average of 3.6412 seconds to help find the optimal
location (𝑥∗ , 𝑦∗ ) with NCC(𝑥∗ , 𝑦∗ ) = 1 in case 1, but it takes
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Figure 11: Practical template matching case 4. (a) Underexposed source image; (b) ground matching truth (blue box) and most common
false matching results (red boxes); (c) comparative evolution curves of four ABC algorithms.

378.9624 seconds for the full search algorithm. We conclude
that it may be an epitome that accounts for the prosperity of
developments in intelligent algorithms.
Experiments mentioned above are based on a default
assumption that a source image does perfectly contain the
predefined template image. However, such assumption is
never satisfied in practical terms. Therefore, to testify the
practical value of template matching (concerning the utilization of NCC model), four practical cases were added in our
work. The original source images are blurred, overexposed,
or underexposed in those practical cases, and the advantages
of IF-ABC are still remarkable, expect for practical case 3 (see
Figure 10). We still are not aware of what makes the situation
different. But we did not intend to conceal this truth. It should
be recognized that there is still room for improvement in IFABC.
IF-ABC is mainly highlighted by its ability to fight against
premature convergence. On one hand, IF-ABC discards
the well-known roulette selection procedure. On the other
hand, it advocates to fully utilize the variables or indexes
hiding in the convergence system, rather than to seek for
some hybridization from the “outside world.” The authors

believe that the roulette selection procedure does contribute
a lot when optimizing some continuous unimodal objective
functions. Nevertheless, when the objective function is discontinuous or multimodal, the roulette selection procedure
will cause premature convergence because swarm diversity
will be significantly reduced. In our point of view, convergence efficiency of the bees should be measured not by
the corresponding objective function values, but by the fact
whether they are better than the previous one. In this sense,
it provides more possibilities for the so-called unqualified
employed bees to be exploited locally by onlooker bees in the
IF-ABC algorithm.

7. Conclusions and Future Work
The innovation of this work lies in the application of
our previously proposed IF-ABC algorithm to solve the
template matching problem. Experimental results clearly
demonstrated the efficiency of IF-ABC in comparison with
some state-of-the-art ABCs. Besides, it is also preliminarily
confirmed that the NCC model works robustly when the
source image can not 100% match the template image.
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(1) Set population size SN, and maximum cycle number MCN. Set inefficient trial
time counter trial(𝑖) = 1 (𝑖 = 1, 2, . . . , SN/2).
(2) Randomly initialize locations of SN/2 scout bees using (2)
(3) For iter = 1 to MCN, do % Employed bee phase
(4) For item = 1 to SN/2, do
(5)
Generate Xitem for the item-th employed bee to search according to (3)
(6)
If better position is found, then % Implementation of greedy selection
(7)
Update Xitem and set trial(item) ← 1
(8)
Else
(9)
trial(item) ← trial(item) + 1
(10)
End if
(11) End for
(12) For item = 1 to SN/2, do % Onlooker bee phase
(13)
Choose item-th employed bee to follow, and then generate local search location using (5) and (6)
(14)
If better position is found, then % Implementation of greedy selection
(15)
Update Xitem and set trial(item) ← 1
(16)
Else
(17)
trial(𝑗) ← trial(𝑗) + 1
(18)
End if
(19) End for
(20) Collect all item ∈ [1, SN/2] ∩ Z satisfying trial(item) > Limit in an index set Ω
(21) While Ω ≠
0, do
(22)
Choose one 𝑘 ∈ Ω
(23)
Re-initialize location of the 𝑘th employed bee using (2)
(24)
Eliminate the index 𝑘 from Ω
(25)
Set trial(𝑘) = 1
(26) End while
(27) Memorize best-ever solution in the current cycle of iteration
(28) End for
(29) Output best-ever solution
Algorithm 1

Our future work will focus on adopting this approach
to some more complicated applications in the field of
aeronautics and astronautics. Besides that, the efficiencies
and robustness of different similarity measurement models
(including the NCC model) under nonuniform illumination
conditions will be theoretically evaluated.
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Motion analysis based moving object detection from UAV aerial image is still an unsolved issue due to inconsideration of proper
motion estimation. Existing moving object detection approaches from UAV aerial images did not deal with motion based pixel
intensity measurement to detect moving object robustly. Besides current research on moving object detection from UAV aerial
images mostly depends on either frame difference or segmentation approach separately. There are two main purposes for this
research: firstly to develop a new motion model called DMM (dynamic motion model) and secondly to apply the proposed
segmentation approach SUED (segmentation using edge based dilation) using frame difference embedded together with DMM
model. The proposed DMM model provides effective search windows based on the highest pixel intensity to segment only specific
area for moving object rather than searching the whole area of the frame using SUED. At each stage of the proposed scheme,
experimental fusion of the DMM and SUED produces extracted moving objects faithfully. Experimental result reveals that the
proposed DMM and SUED have successfully demonstrated the validity of the proposed methodology.

1. Introduction
Moving object extraction observed in a video sequence and
estimation of corresponding motion trajectories for each
frame are one of the typical problems of interest in computer
vision. However, in real environments moving object extraction becomes challenging due to unconstraint factors that
is, rural or clutter environment, brightness or illumination,
static or dynamic object types which together motion degeneracy may result in worthless for moving object extraction [1–
35]. Besides, due to rapid platform motion, image instability,
the relatively small size of the object of interest signatures
within the resulting imagery, depending on the flight altitude
and camera orientation, appearance of the objects within the
observed environment changes dramatically making the
moving object detection a challenging task [27–31, 36–60].

Motion carries a lot of information about moving object
pixels which plays important role for moving object detection
as image descriptor to provide a rich description of object in
different environment [11, 61–65]. From physics perspective,
it found its way into probability theory, and since computer
vision leverages probability theory, this research finds that it
is only natural to use moments to develop a dynamic motion
modeling which can be applied or becomes helpful to limit
segmentation tasks in computer vision to reduce computational complexity.
This paper presents moments based motion parameter
estimation called dynamic motion model (DMM) to limit the
scope of segmentation called SUED which influences overall
detection performance. Based on analysis from previous
moving object detection frameworks, this paper used DMM
model which is embedded under frame difference based

2

The Scientific World Journal

Illumination compensation

Parallax filtering

Contextual information

Long-term motion pattern

Figure 1: Existing approaches for motion based object detection.
Table 1: Comparison of parameters for various motion analysis approaches.
Parameters
Strong parallax situation
Level of motion detection
Environmental condition
Lot of parameters
Computational complexity

Illumination compensation
No
Low
No
Yes
High

Parallel filtering
No
Low
No
Yes
High

segmentation approach and can handle robustness for optimum detection performance.

2. Background Study
For accurate detection, motion must be accurately detected
using suitable methods which are affected by a number of
practical problems such as motion change over time and
unfixed direction of moving object. Motion pattern analysis
before detecting each moving object has started to get attention in recent years, especially for crowded scenarios when
detecting each individual is very difficult [46]. Through the
modelling of object motion, the detection task becomes easy
and thus also can handle noise.
As the scene may contain different motion patterns at one
location within a period of time, that is, road intersection,
averaging or filtering before knowing the local structure of
motion patterns may destroy such structure. This paper proposes to use effective motion analysis for moving object
extraction. In Figure 1, four existing approaches for motion
analysis are shown.
Global illumination compensation approach works on
brightness or illumination changes. Due to dependency on
brightness, in real world this research does not progress
so far. In parallax filtering approach, a scene that contains
strong parallax is still difficult for existing methods to achieve
good segmentation results [46]. In contextual information
approach, contextual information has been applied to
improve detection of moving object from UAV aerial images
[46, 48]. This method assumes low level motion detection.
The errors in low level motion segmentation under strong
parallax situation are not considered in this method. For
long-term motion pattern analysis [46] approach, there is
scope to use context information to improve both low level
motion segmentation and high level reacquisition even when
there is only one single object in the scene [46]. However, this
approach still needs further research to detect moving object
robustly.
Table 1 shows the comparison table for compatibility of
different approach for motion based moving object detection
research from UAV aerial images. In Table 1, low level of

Approaches
Contextual information
No
Low
Yes
Yes
High

Long term motion analysis
Yes
Low and high
Yes
No
High

motion indicates motion without parallax; high level motion
indicates motion with parallax. Among these 4 types, the
first three are not distinctive property for moving object
because of environmental condition for the first types; a lot of
parameter calculations for the second, third, and fourth types
increase computation complexity.
Indeed, detection of motion and detection of object are
coupled. If proper motion detection is done, detection of
moving object from UAV aerial image becomes easier. Very
few researches concentrate on adaptive robust handling of
noise and unfixed motion change as well as unfixed moving
object direction. For that reason an adaptive and dynamic
motion analysis framework is needed for better detection of
moving object from UAV aerial images where overall motion
analysis reduces dependency on parameter. In other words,
detection of motion indicates detection of motion pixels from
frames which can be described as some function of the image
pixel intensity. Pixel intensity is nothing but the pixel color
value. Moments are described with respect to their power
as in raised-to-the-power in mathematics. Very few previous
researches used image moments to present motion analysis.
Thus, this paper proposes to use image moments before
segmenting individual objects and to use motion pattern in
turn to facilitate the detection in each frame.
Moving object detection from UAV aerial images involves
dealing with proper motion analysis. Previously very few
researchers used methods which involve effective motion
analysis. In [1, 16], the authors proposed Bayesian network
method which depends on the fixed shape object constraint
and also did not overcome the problem of aspect ratio constraint. Image registration method does not suit because as
the number of motion block increases the detection rate
decreases. Clustering based approach does not suit well for
the complexity of shortening environment and inconspicuous features of object [10, 17]. Scalar invariant feature transform (SIFT) used only key point of object and does not
suit well for noisy environment [6]. Cascade classifier based
approach uses gray scale input images which are unrealistic in
the real-time object detection [9]. Symmetric property based
approach gave good result only on structural object shape
[5, 11]. Background subtraction approach does not overcome blob-related problems mentioned above for registration
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Figure 2: Detection rate [1, 15, 36, 40] and percentage of using frame difference and segmentation approach in the previous research.

method [8, 13, 38]. Shadow based approach depends on lightening condition [2, 7, 59]. Region based appearance matching
approach does not give the optimum result for crowded
scenarios [44, 54]. Histogram oriented gradients (HOG)
approach rejects objects backgrounds [36].
Among these methods only frame difference approach
is involved with motion analysis although most of previous
research does not provide proper motion estimation to handle six uncertainty constraint factors (UCF) [29]. Frame difference causes the moving object to become into pieces due to
object’s color homogeneity and also grabs the motion information. Frame difference based approaches were performed
by registering two consecutive frames first, followed by frame
difference to find moving objects. These approaches are faster
but usually cause a moving object to become into pieces
especially when the object’s color distribution is homogenous.
Frame difference detects the pixels with motion but cannot
obtain a complete object [14, 37]. Using segmentation based
approach can overcome the shortcomings of using frame difference based approach. Image segmentation is used to determine the candidates of moving objects in each video frame
[42]. Image segmentation extracts a more complete shape of
the objects and reduces computation cost for moving object
detection from UAV aerial images [39, 47]. However, it does
not have the ability to distinguish moving regions from the
static background. Using frame difference and segmentation
together can achieve optimum detection performance but
research in [42, 44] did not achieve reliable performance
because of approximating pure plane and complexity needs to
be low. Low detection rate and high computation time are
the current research problems to apply frame difference and
segmentation together [1, 15, 36, 40] as shown in Figure 2.
Applying frame difference or segmentation separately does
not include motion analysis currently which increases detection rate with low computation complexity.
This paper states that as frame difference cannot obtain
motion for the complete object alone and segmentation does
not have the ability to differentiate moving regions from the
basic static region background, so applying frame difference
and segmentation together is expected to give optimum
detection result with high detection speed for moving object

detection from UAV aerial images instead of applying frame
difference or segmentation separately. For that reason this
paper proposes moments based motion analysis to apply under
frame difference based segmentation approach (SUED)
which ensures robustness of the proposed methodology.

3. Research Methodology
Proposed moments based motion modeling is depicted
in Section 3.1 and frame difference based segmentation
approach, segmentation using edge based dilation, is depicted
in Section 3.2. Each section of methodology is proposed with
new approach to ensure robustness and accuracy of detection
approach.
3.1. Proposed Dynamic Motion Model (DMM). In computer
vision information theory, moments are the uncertainty measurement of the object pixels. Besides, an image moment is
a certain particular weighted average (moment) of the image
pixel’s intensities, or a function of such moments, usually chosen to have some attractive property or interpretation. Image
moments are useful to describe objects after segmentation.
Properties of the image which are found via image moments
are centroid, area of intensity, and object orientation as shown
in Figure 3.
Each of these properties needs to be invariant by the following terms: translational invariant, scale invariant, and
finally rotation invariant. Any feature point is called translational invariant if it does not distinguish under different
points in space. Or translational invariant means that a
particular translation does not change the object. Scale
invariance is a feature of objects or laws that does not change if
scales of length, energy, or other variables are multiplied by a
common factor. The technical term for this process is known
as dilation. A feature point is said to have rotation invariant if
its value does not change when arbitrary rotations are applied
to its argument.
Image moments can simply be described as some function of the image pixel intensity. Pixel intensity is nothing but
the pixel color value. Moments are described with respect
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Figure 4: Flow of moments calculation in the proposed research.

to their power as in raised-to-the-power in mathematics.
This research calculates zeroth moment, first moment, second
moment, and so forth from raw moments. Later this research
transformed these moments into translational, scale, and
rotation invariant. This research presents the following organized structure to calculate moments shown in Figure 4.
3.1.1. Raw Moments. Before finding central moments it is
necessary to find raw moments of 𝐹𝐷(𝑚, 𝑛) in 𝑡 frame video
sequence. If 𝑚 and 𝑛 are the components of the centroids, raw
moments of 𝐹𝐷(𝑚, 𝑛) for (𝑝 + 𝑞) can be defined as
𝑀𝑝𝑞 = ∑ ∑ 𝑚𝑝 𝑛𝑞 𝐹𝐷 (𝑚, 𝑛) .
𝑝

𝑞

(1)

In case of considering 𝐹𝐷(𝑚, 𝑛) as a 2D continuous function,
(1) can be expressed as
𝑀𝑝𝑞 = ∬ 𝑚𝑝 𝑛𝑞 𝐹𝐷 (𝑚, 𝑛) ,

𝑀10 = first moment 𝑋 = ∑ ∑ 𝑚1 𝑛0 𝐹𝐷 (𝑚, 𝑛)
𝑚

= ∑ ∑ 𝑚𝐹𝐷 (𝑚, 𝑛) ,
𝑚

𝑛

𝑀01 = first moment 𝑌 = ∑ ∑ 𝑚0 𝑛1 𝐹𝐷 (𝑚, 𝑛)
𝑚

𝑛

= ∑ ∑ 𝑛𝐹𝐷 (𝑚, 𝑛) ,
𝑚

𝑛

𝑀11 = first moment 𝑋𝑌 = ∑ ∑ 𝑚1 𝑛1 𝐹𝐷 (𝑚, 𝑛)
𝑚

𝑛

= ∑ ∑ 𝑚𝑛𝐹𝐷 (𝑚, 𝑛) ,
𝑚

𝑛

𝑀20 = second moment 𝑋 = ∑ ∑ 𝑚2 𝑛0 𝐹𝐷 (𝑚, 𝑛)
𝑚

= ∑ ∑ 𝑚 𝐹𝐷 (𝑚, 𝑛) ,
𝑛

𝑀02 = second moment 𝑌 = ∑ ∑ 𝑚0 𝑛2 𝐹𝐷 (𝑚, 𝑛)
𝑚

where centroid coordinates are as follows:
𝑚=

𝑀10
,
𝑀00

𝑛=

= ∑ ∑ 𝐹𝐷 (𝑚, 𝑛) ,
𝑚

𝑛

𝑛

(3)

𝑀00 = zeroth moment = ∑ ∑ 𝑚0 𝑛0 𝐹𝐷 (𝑚, 𝑛)
𝑚

𝑛

= ∑ ∑ 𝑛2 𝐹𝐷 (𝑚, 𝑛) .
𝑚

𝑀01
,
𝑀00

𝑛

2

𝑚

(2)

𝑛

𝑛

3.1.2. Central Moments. Using centroid coordinates, central
moments for 𝐹𝐷(𝑚, 𝑛) can be defined as
𝜇𝑝𝑞 = ∑ ∑ (𝑚 − 𝑚)𝑝 (𝑛 − 𝑛)𝑞 𝐹𝐷𝑑 (𝑚, 𝑛) .
𝑝

𝑞

(4)
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(1) Translation Invariant. To make 𝐹𝐷𝑑 (𝑚, 𝑛) translation
invariant, 𝜇𝑝𝑞 can be defined as

For 𝑝 = 0; 𝑞 = 0 and assuming total area to be 1, (8)
becomes

= 𝜆2 𝜇00 ,
(i) 𝜇00

(i) 𝜇𝑝𝑞 = ∬ (𝑚 − 𝑚)𝑝 (𝑛 − 𝑛)𝑞 𝐹𝐷𝑑 (𝑚, 𝑛) 𝑑𝑚 𝑑𝑛,

(ii) 𝜆2 𝜇00 = 1,

𝑝

(iii) 𝜆2 =

𝑝
(ii) 𝜇𝑝𝑞 = ∬ ∑ ( ) × 𝑚𝑟 ⋅ (−𝑚)(𝑝−𝑟)
𝑟
𝑟=0

(iv) 𝜆 = 𝜇00 −(1/2) .

𝑞

𝑞
× ∑ ( ) 𝑛𝑠 ⋅ (−𝑛)(𝑞−𝑠) 𝐹𝐷𝑑 (𝑚, 𝑛) 𝑑𝑚 𝑑𝑛
𝑠
𝑠=0

Putting 𝜆 into (8) becomes 𝜂𝑝𝑞 = (𝜇00 )−(1/2)⋅𝑝+𝑞+2 ⋅ 𝜇𝑝𝑞 ,

𝑘

𝑘
(by using the formula: (𝑎 + 𝑏)𝑘=∑ ( ) 𝑎𝑟 ⋅ 𝑏(𝑘−𝑟) ) ,
𝑟
𝑟=0
𝑝

(iii) 𝜇𝑝𝑞

𝑞

𝑝 𝑞
= ∑ ∑ ( ) ( ) (−𝑚)(𝑝−𝑟) (−𝑛)(𝑞−𝑠)
𝑟
𝑠
𝑟=0 𝑠=0
𝑟

(i) 𝜂𝑝𝑞 =
(5)

1
(𝜇00 )

(𝑝+𝑞+2)/2

⋅ 𝜇𝑝𝑞 .

(10)

Equation (10) is scale invariant central moments of 𝐹𝐷(𝑚, 𝑛).
(3) Rotation Invariant. Let 𝐹𝐷 (𝑚, 𝑛) be the new image of
𝐹𝐷(𝑚, 𝑛) rotated by 𝜃. So,

𝑠

× ∬ ×𝑚 ⋅ ×𝑛 ⋅ 𝐹𝐷𝑑 (𝑚, 𝑛) 𝑑𝑚 𝑑𝑛

𝐹𝐷 (𝑚, 𝑛) = 𝑓 (𝑚 cos 𝜃 + 𝑛 sin 𝜃, −𝑚 sin 𝜃 + 𝑛 cos 𝜃) .

[rearranging] ,
𝑝

(9)

1
,
√𝜇00

(11)

𝑞

𝑝 𝑞
(iv) 𝜇𝑝𝑞 = ∑ ∑ ( ) ( ) (−𝑚)(𝑝−𝑟) (−𝑛)(𝑞−𝑠) ⋅ 𝑀𝑝𝑞
𝑟
𝑠
𝑟=0 𝑠=0

Using variable transformation,

[using (2)] .
Equation (5) is central moments of 𝐹𝐷𝑑 (𝑚, 𝑛) which is
translation invariant and derived from raw moments.
(2) Scale Invariant. Let 𝐹𝐷 (𝑚, 𝑛) be the scaled image of
𝐹𝐷(𝑚, 𝑛) scaled by 𝜆. So,
𝑚 𝑛
𝐹𝐷 (𝑚, 𝑛) = 𝐹𝐷 ( , ) ,
𝜆 𝜆




(6)

𝑚 = 𝑚 cos 𝜃 + 𝑛 sin 𝜃;

(12)

𝑚 = 𝑚 cos 𝜃 − 𝑛 sin 𝜃;

(13)

𝑑𝑚 = cos 𝜃𝑑𝑚 ,

(14)

𝑛 = 𝑚 sin 𝜃 + 𝑛 cos 𝜃,

(15)

𝑛 = 𝑚 sin 𝜃 + 𝑛 cos 𝜃,

(16)

𝑑𝑛 = cos 𝜃𝑑𝑛 .

(17)

Using (2),

= ∬ 𝑚𝑝 𝑛𝑞 𝐹𝐷𝑑 (𝑚, 𝑛) 𝑑𝑚 𝑑𝑛,
(i) 𝜇𝑝𝑞

where
𝑚
, 𝑚 = 𝜆𝑚 , 𝑑𝑚 = 𝜆𝑑𝑚 ,
𝜆
𝑛
𝑛 = , 𝑛 = 𝜆𝑛 , 𝑑𝑛 = 𝜆𝑑𝑛 .
𝜆


= ∬ 𝑚𝑝 𝑛𝑞 𝑓
(ii) 𝜇𝑝𝑞

𝑚 =

(7)

[Using (11)] ,

From (2), the following equation can be written:

(i) 𝜇𝑝𝑞
= ∬ 𝑚𝑝 𝑛𝑞 𝐹𝐷 (

× (𝑚 cos 𝜃 + 𝑛 sin 𝜃, −𝑚 sin 𝜃 + 𝑛 cos 𝜃) 𝑑𝑚 𝑑𝑛

𝑝


(iii) 𝜇𝑝𝑞
= ∬ (𝑚 cos 𝜃 − 𝑛 sin 𝜃) (𝑚 sin 𝜃 + 𝑛 cos 𝜃)

𝑚 𝑛
, ) 𝑑𝑚 𝑑𝑛,
𝜆 𝜆

× 𝐹𝐷𝑑 (𝑚 , 𝑛 ) cos2 𝜃𝑑𝑚 𝑑𝑛
[Using (11)–(17)] .

(ii) ∬ (𝜆𝑚)𝑝 (𝜆𝑛)𝑞 𝐹𝐷 (𝑚 , 𝑛 ) ⋅ 𝜆𝑑𝑚 ⋅ 𝜆𝑑𝑛 ,

= 𝜆𝑝 𝜆𝑞 𝜆2 ∬ (𝑚)𝑝 (𝑛)𝑞 𝐹𝐷 (
(iii) 𝜇𝑝𝑞

(iv) 𝜇𝑝𝑞
= 𝜆𝑝+𝑞+2 𝜇𝑝𝑞

𝑚 𝑛
, ) 𝑑𝑚 𝑑𝑛 ,
𝜆 𝜆

[Using (2)] .

𝑞

(18)

(8)
So rotation invariant 𝜃 can be expressed as
𝜃=

2𝜇11
1
).
arctan (
2
𝜇20 − 𝜇02

(19)
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(a)

(b)

(c)

Figure 5: (a) Search window 1 for 𝐹𝐷(𝑚, 𝑛) in 𝑡 time. (b) Search window 2 for 𝐹𝐷(𝑚, 𝑛) in 𝑡 time. (c) Search window 3 for 𝐹𝐷(𝑚, 𝑛) in 𝑡 time.

(a)

(b)

···
···
···
M

···
···
···

···

···

···

···

···

···
···

N
(c)

Figure 6: (a) 𝐼𝐵 (𝑚, 𝑛, 𝑡) at frame 101. (b) 𝐼𝐵 (𝑚, 𝑛, 𝑡) at frame 102. (c) 𝐼𝐵 (𝑚, 𝑛, 𝑡) decomposition.

Here 𝜃 or (19) is the rotation invariant central moment measurement of 𝐹𝐷(𝑚, 𝑛).
Output of calculated moments proposed in this research
is depicted in Figures 5(a)–5(c). In the search window,
the higher the moments value, that is, first moments 𝑋𝑌,
more higher probability that search window contains moving
object.
Before going to newly proposed SUED algorithm using
DMM model, input frame needs to be projected on the search
(black box) only to reduce the risk of extraction failure.
This research emphasizes that using a search window around
the original object is very important. It limits the scope of
segmentation to a smaller area. This means that the probability of the extraction is getting lost because a similar coloured
object in the background is reduced. Furthermore, limited

area increases the processing speed, making the extraction
very fast.
3.2. SUED Segmentation Algorithm. This research used morphological dilation to ensure that extracted moving region
contains moving objects. The output of morphological dilation is an edged image. First each frame is decomposed into
𝑀 × 𝑁 uniform and nonoverlapped blocks with the size of
𝐵 × 𝐵 as shown in Figure 6(c). Figures 6(a) and 6(b) show
original images at frames 101 and 102 achieved after DMM
approach.
Let 𝐼(𝑥, 𝑦, 𝑡) be the original frame at frame 𝑡 in a video
sequence, where (𝑥, 𝑦) denotes a pixel position in the original
frame, and let 𝐼𝐵 (𝑚, 𝑛, 𝑡) be the corresponding decomposed
image, where (𝑚, 𝑛) denotes block position for highest feature
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(a)

(b)

Figure 7: (a) Difference pixel structure of 𝐹𝐷𝑟 (𝑚, 𝑛, 𝑡) using (2). (b) Difference image, 𝐹𝐷𝑟 (𝑚, 𝑛, 𝑡) using (21).

density area in the decomposed image which ensures the
robustness to noise while the feature makes each block sensitive to motion. 𝐼𝐵 (𝑚, 𝑛, 𝑡) is defined by the following
equation:

𝛼
(𝑁1 (𝑚, 𝑛, 𝑡) − 𝑁−1 (𝑚, 𝑛, 𝑡))
+ 𝛽2
,
densed feature



𝐼 (𝑚, 𝑛, 𝑡) − 𝐼𝐵 (𝑚, 𝑛, 𝑡 − 1)
),
𝐹𝐷𝑟 (𝑚, 𝑛, 𝑡) = round (  𝐵
𝐹𝐷max (𝑡) /256
(21)
where 𝐹𝐷(𝑚, 𝑛, 𝑡) is quantized image after rounded operation; 𝐹𝐷max is maximum value in 𝐹𝐷(𝑚, 𝑛, 𝑡). Using (21) the
resultant difference is shown in Figures 7(a) and 7(b).
𝐹𝐷𝑟 (𝑚, 𝑛, 𝑡) is filtered by 3 × 3 median filter. 𝐹𝐷𝑓 (𝑚, 𝑛, 𝑡)
is obtained by following formula:
𝐹𝐷 (𝑚, 𝑛, 𝑡) ≥ 𝑇 (𝑡) ,
otherwise,

(22)

where 𝑇(𝑡) = (Mean of all blocks in 𝐹𝐷𝑟 (𝑚, 𝑛, 𝑡) at time 𝑡) +
Positive weighting parameter ∗ (Largest peak of histogram of
𝐹𝐷𝑓 (𝑚, 𝑛, 𝑡)-Largest peak of histogram of 𝐹𝐷𝑟 (𝑚, 𝑛, 𝑡)).
Binary image 𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡) is obtained by the following condition depicted in Figure 4(a):
If 𝐹𝐷𝑓 (𝑚, 𝑛, 𝑡) = 1,
Then 𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡) ← 𝐹𝐷𝑓 (𝑚, 𝑛, 𝑡) ,

𝑗 ∈ 𝐿; Edge (𝑥) ≠
0,

(20)

where (𝑚, 𝑛) is feature densed block; 𝛼 is the random constant smaller than 1; mean(𝑚, 𝑛, 𝑡) is mean gray level of all
pixels within the block (𝑚, 𝑛) at frame 𝑡; 𝑁1 (𝑚, 𝑛, 𝑡) is the
number of pixels with gray levels greater than mean(𝑚, 𝑛, 𝑡);
𝑁−1 (𝑚, 𝑛, 𝑡) is the number of pixels with gray levels smaller
than mean(𝑚, 𝑛, 𝑡). From (20), difference image 𝐹𝐷(𝑚, 𝑛, 𝑡)
of two consecutive block images is obtained by

1,
0,

𝐹𝐷𝑑 (𝑚, 𝑛, 𝑡)
= 𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡) ∪ {𝑥 | 𝑥 = 𝑖 + 𝑗; 𝑖 ∈ 𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡)} ; (24)

𝐼𝐵 (𝑚, 𝑛, 𝑡) = mean (𝑚, 𝑛, 𝑡)

𝐹𝐷𝑓 (𝑚, 𝑛, 𝑡) = {

based morphological dilation of the image. 𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡) is
obtained by the following formula:

(23)

Otherwise, 𝐹𝐷𝑓 (𝑚, 𝑛, 𝑡) = 0;
𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡) may have discontinuous boundaries and holes.
To ensure that 𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡) contains moving object, edge
based morphological dilation is proposed here. 𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡)
represents the edge image Edge(𝑥) that can be obtained by
gradient operator like Sobel operator. 𝐹𝐷𝑑 (𝑚, 𝑛, 𝑡) is the edge

where 𝐿 is the structuring element that contains elements 𝑖, 𝑗.
Equation (24) is considered as edge based dilation that is
expected to avoid undesired regions to be integrated in the
result according to edge based morphological dilation characteristics as shown in Figure 8(d). Here {𝑥 | 𝑥 = 𝑖 + 𝑗; 𝑖 ∈
𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡)} is the conventional dilation after obtaining
𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡) which can be defined from 𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡) as
𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡)⊕𝐿 = {𝑥 | 𝑥 = 𝑖+𝑗; 𝑖 ∈ 𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡); 𝑗 ∈ 𝐿} shown
in Figure 8(b).
This research proposed the following segmentation
approach: segmentation using edged based dilation (SUED)
algorithm for moving object extraction from UAV aerial
images after extracting frame from DMM approach.
(1) Start
(2) 𝐹𝐷𝑟 (𝑚, 𝑛, 𝑡) ← Decomposed image between 2
frames, 𝐼𝐵 (𝑚, 𝑛, 𝑡) − 𝐼𝐵 (𝑚, 𝑛, 𝑡 − 1) at 𝑡 and 𝑡 − 1 time.
(3) 𝐹𝐷𝑓 (𝑚, 𝑛, 𝑡) ← 𝐹𝐷𝑟 (𝑚, 𝑛, 𝑡)
(4) 𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡) ← 𝐹𝐷𝑓 (𝑚, 𝑛, 𝑡)
(5) 𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡) ← 𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡)
(6) 𝐹𝐷𝑑 (𝑚, 𝑛, 𝑡) ← 𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡)
(7) End.

4. Experiment and Discussion
For the experiment purpose this research used IMAGE PROCESSING LAB (IPLAB) available at http://www.aforge.net/
which is embedded with Visual Studio 2012 using C sharp
programming language. Proposed experimental analysis
evaluates dynamic motion modeling (DMM) first and then
experimented the proposed SUED embedded with DMM to
extract moving object from UAV aerial images.
Let 𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡) be the labeled result of the SUED
segmentation algorithm shown in Figure 8(e). Each region
in this image indicates coherence in intensity and motion.
Moving objects are discriminated from backgrounds by the
fusion module that combines DMM (dynamic motion module) and SUED (segmentation using edge based dilation). Let
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(a)

(b)

(c)

(d)

(e)

Figure 8: (a) 𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡). (b) Conventional dilation: 𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡) ⊕ 𝐿 = {𝑥 | 𝑥 = 𝑖 + 𝑗; 𝑖 ∈ 𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡); 𝑗 ∈ 𝐿}. (c) Analysis of edge based
0. (e)
dilation from 𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡). (d) Edge based dilation: 𝐹𝐷𝑑 (𝑚, 𝑛, 𝑡) = 𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡) ∪ {𝑥 | 𝑥 = 𝑖 + 𝑗; 𝑖 ∈ 𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡)}; 𝑗 ∈ 𝐿; Edge(𝑥) ≠
Output after SUED: 𝐹𝐷𝑒 (𝑚, 𝑛, 𝑡).

SUED(𝑖, 𝑡) be a SUED region in 𝐹𝐷(𝑚, 𝑛, 𝑡) and 𝐴 𝑠 (𝑖, 𝑡) the
corresponding area. Let 𝐴 𝑐 (𝑖, 𝑡) be the area of union of the
SUED(𝑖, 𝑡), and the coverage ratio 𝑃(𝑖, 𝑡) is defined as
𝑃 (𝑖, 𝑡) =

𝐴 𝑐 (𝑖, 𝑡)
.
𝐴 𝑠 (𝑖, 𝑡)

(25)

If the value of 𝑃(𝑖, 𝑡) is greater than a given fusion threshold
𝑇𝑠 , then SUED(𝑖, 𝑡) is considered as foreground, otherwise
background. In general, threshold 𝑇𝑠 varies for different
sequence. In this research, threshold 𝑇𝑠 is always set to 0.99. It
is very close to 1 and does not need to be adjusted as obtained
area can contain complete desired object. There may be some
smaller blobs in the resulting SUED(𝑖, 𝑡). Those regions with
the areas smaller than the threshold 𝑇𝑠 are considered as noisy
regions. Figure 8(e) shows the extracted moving object as the
resultant of fusion for DMM and SUED methodology.
4.1. Datasets. This research used two UAV video datasets
(actions1.mpg and actions2.mpg) from Center for Research in
Computer Vision (CRCV) in University of Central Florida
(http://crcv.ucf.edu/data/UCF Aerial Action.php). These video

datasets were obtained using R/C controlled blimp equipped
with HD camera. The collection represents a diverse pool
of action features at different heights and aerial view points.
Multiple instance of each action was recorded at different
flying altitudes which ranged from 400 to 500 feet and was
performed with different actors.
4.2. Results. This research extracted 395 frames using 1
frame/second video frame rate from actions1.mpg video
datasets and 529 frames using same frame rate from
actions2.mpg video datasets. Frame size is 355 × 216.
Figures 6(a) and 6(b) show two consecutive frames from
(101th and 102th frames) after DMM step from actions1.mpg.
Figures 7(a) and 7(b) show pixel structures of 𝐹𝐷𝑟 (𝑚, 𝑛, 𝑡);
Figure 8(a) shows 𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡); Figure 8(b) shows conventional dilation of 𝐹𝐷𝑏 (𝑚, 𝑛, 𝑡), while Figures 8(c) and 8(d)
show edge based dilation. Finally Figure 8(e) shows resultant
of the proposed DMM and SUED based moving object
detection.
4.2.1. DMM Evaluation. Figures 1(a), 1(b), and 1(c) show
three search windows which are depicted as the black rect-
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Table 2: Moments measurement from different search windows for SUED.

Search window
1
2
3

First moment 𝑋𝑌
1.21𝐸11
3.94𝐸11
2.49𝐸11

Zeroth moment
9.8𝐸6
1.6𝐸7
9.3𝐸6

Second moment 𝑋
3.1𝐸11
8.69𝐸11
5.03𝐸11

Second moment 𝑌
1.16𝐸11
2.95𝐸11
1.84𝐸11

3D line chart for moment’s measurement

8
6
4
2

First moments XY
Second moments Y

0

Search
window 1

Second moments X
Search
window 2

Second moments X
Second moments Y

Search
window 3
First moments XY

Figure 9: 3D line chart for moment’s measurement.

angle on selected frame in 𝑡 time, 𝐹𝐷(𝑚, 𝑛). The brighter the
moments value for pixels, the higher the probability that
search windows belong to the moving object. In Table 2
measurement of moments is shown.
In Table 2, search window 2 shows the highest moment
quantity among 3 search windows which indicates that search
window 2 contains the highest probability to contain moving
objects. Figure 9 shows 3D line chart to depict the highest
probability of pixels intensity in search window 2. This
research used search window 2 as based on the probability
of the highest moments distribution in the search windows to
extract moving object using SUED, because it limits the scope
of segmentation within smaller area, reduces complexity,
and reduces time. This means that the probability of the
extraction is getting lost because a similar coloured object in
the background is reduced. Furthermore limited area
increases the processing speed by making the extraction
faster.
4.2.2. SUED Evaluation. This section presents some of the
experimental analysis and results for the proposed SUED
algorithm. The evaluation of the proposed approach was
tested on actions1.mpg and actions2.mpg video analysis. In
order to evaluate SUED algorithm, two metrics, detection rate
(DR) and the false alarm rate (FAR), are defined. These
metrics are based on the following parameters.
(i) True positive (TP): detected regions that correspond
to moving object.

(ii) False positive (FP): detected regions that do not
correspond to a moving object.
(iii) False negative (FN): moving object not detected.
(iv) Detection rate or precision rate, DR = (TP/(TP +
FN)) × 100%.
(v) False alarm rate or recall rate, FAR = (FP/(TP+FP))×
100%.
From dataset actions1.mpg, this research extracts 395 frames
using 1 frame per second, and from actions2.mpg, this
research extracted 529 frames using the same frame rate.
Details of measurement for true positive (TP), false positive
(FP), false negative (FN), detection rate (DR), and false alarm
rate (FAR) are mentioned in Table 3.
Detection rate increases if the number of input frames is
increased. The detection rate of the given total frame for two
video datasets is displayed in Figure 10.
The false alarm rate for the given number of frame from
two video datasets is given in Figure 11.
Recall and precision rate (RPC) characterizing the performance of the proposed research are given in Figure 12.
This research measures detection and false alarm rate
based on the number of frames extracted from each video
dataset input. Compared with [1, 15, 36, 40], this research
used frame difference approach where moments feature for
motion modeling was not included. This research achieved
detection rate of 79% (for video datasets actions2.mpg) which
is a good indication to handle motion of moving object
in future research. Thus, the proposed DMM model is
helpful to reduce segmentation task by providing the highest
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Table 3: Details of measurement of true positive (TP), false positive (FP), false negative (FN), detection rate (DR), and false alarm rate (FAR).
Datasets
Number of frames True positive (TP) False positive (FP) False negative (FN) Detection rate (DR) False alarm rate (FAR)
Actions1.mpg
395
200
100
75
75%
31%
Actions2.mpg
529
320
113
83
79%
26%

100
80
60
40
20
0

74%

79%

15%

Number of frames
Frame number-100
Frame number-395

Frame number-527

result of the proposed DMM and SUED is very promising for
robust extraction of moving object from UAV aerial images.
Judging from the previous research in computer vision field,
it is certain that the proposed research will facilitate UAV
operator or related researchers for further research or investigation in areas where access is restricted or rescue areas,
human or vehicle identification in specific areas, crowd flux
statistics, anomaly detection and intelligent traffic management, and so forth.

Figure 10: Detection rate or precision rate.

Conflict of Interests
40
30
20
10
0

31%

26%

15%

Number of frames
Frame number-100
Frame number-395

Acknowledgment

Frame number-527

Figure 11: False alarm rate or recall rate.
100
80
60
40
20
0

74%

79%

15%

Recall rate
Recall rate 5%
Recall rate 32%

The authors declare that there is no conflict of interests
regarding the publication of this paper.

Recall rate 26%

Figure 12: RPC characterization.

probability area to be segmented using the proposed SUED
instead of segmenting the whole area for the given frame by
increasing processing speed.

5. Conclusion
The primary purpose of this research is to apply moments
based dynamic motion model under the proposed frame
difference based segmentation approach which ensures that
robust handling of motion as translation invariant, scale
invariant, and rotation invariant moments value is unique.
As computer vision leverages probability theory, this research
used moments based motion analysis which provides search
windows around the original object and limits the scope
of SEUD segmentation to a smaller area. This means that
the probability of extraction is getting lost because a similar
colored object in the background is reduced. Since moments
are the unique distribution of pixel intensity, so experimental

This research is supported by Ministry of Higher Education
Malaysia research Grant scheme of FRGS/1/2012/SG05/
UKM/02/12 and ERGS/1/2012/STG07/UKM/02/7.
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M. Tarhan and E. Altuǧ, “A catadioptric and pan-tilt-zoom camera pair object tracking system for UAVs,” Journal of Intelligent
and Robotic Systems: Theory and Applications, vol. 61, no. 1–4,
pp. 119–134, 2011.
K. Bhuvaneswari and H. A. Rauf, “Edgelet based human detection and tracking by combined segmentation and soft decision,” in Proceedings of the International Conference on Control Automation, Communication and Energy Conservation
(INCACEC ’09), pp. 1–6, June 2009.
T. P. Breckon, S. E. Barnes, M. L. Eichner, and K. Wahren,
“Autonomous real-time vehicle detection from a medium-level
UAV,” in Proceedings of the 24th International Conference on
Unmanned Air Vehicle Systems, 2009.
Z. Jiang, W. Ding, and H. Li, “Aerial video image object detection and tracing based on motion vector compensation and
statistic analysis,” in Proceedings of the 1st Asia Pacific Conference
on Postgraduate Research in Microelectronics and Electronics
(PrimeAsia ’09), pp. 302–305, November 2009.
Y.-C. Chung and Z. He, “Low-complexity and reliable moving
objects detection and tracking for aerial video surveillance with
small UAVs,” in Proceedings of the IEEE International Symposium on Circuits and Systems (ISCAS ’07), pp. 2670–2673, May
2007.
D. Wei, G. Zhenbang, X. Shaorong, and Z. Hairong, “Real-time
vision-based object tracking from a moving platform in the
air,” in Proceedings of the IEEE/RSJ International Conference on
Intelligent Robots and Systems (IROS ’06), pp. 681–685, October
2006.
S. Zhang, “Object tracking in Unmanned Aerial Vehicle (UAV)
videos using a combined approach,” in Proceedings of the
IEEE International Conference on Acoustics, Speech, and Signal
Processing (ICASSP ’05), pp. 681–684, March 2005.
T. Pollard and M. Antone, “Detecting and tracking all moving
objects in wide-area aerial video,” in Proceedings of the IEEE
Computer Society Conference on Computer Vision and Pattern
Recognition Workshops (CVPRW ’12), pp. 15–22, 2012.
I. H. Mtir, K. Kaaniche, M. Chtourou, and P. Vasseur, “Aerial
sequence registration for vehicle detection,” in Proceedings of
the 9th International Multi-Conference on Systems, Signals and
Devices (SSD ’12), pp. 1–6, 2012.
S. Mohamed and K. Takaya, “Motion vector search for 2.5D
modeling of moving objects in a video scene,” in Proceedings of
the Canadian Conference on Electrical and Computer Engineering, pp. 265–268, May 2005.

11
[23] R. Li, S. Yu, and X. Yang, “Efficient spatio-temporal segmentation for extracting moving objects in video sequences,” IEEE
Transactions on Consumer Electronics, vol. 53, no. 3, pp. 1161–
1167, 2007.
[24] Y. Zhou, Y. Liu, and J. Zhang, “A video semantic object extraction method based on motion feature and visual attention,” in
Proceedings of the IEEE International Conference on Intelligent
Computing and Intelligent Systems (ICIS ’10), pp. 845–849,
October 2010.
[25] T. Dutta, D. P. Dogra, and B. Jana, “Object extraction using novel
region merging and multidimensional features,” in Proceedings
of the 4th Pacific-Rim Symposium on Image and Video Technology (PSIVT ’10), pp. 356–361, November 2010.
[26] J. Pan, S. Li, and Y.-Q. Zhang, “Automatic extraction of moving
objects using multiple features and multiple frames,” in Proceedings of the IEEE Internaitonal Symposium on Circuits and
Systems (ISCAS ’00), pp. 36–39, Geneva, Switzerland, May 2000.
[27] A. F. M. S. Saif, A. Prabuwono, and Z. Mahayuddin, “Real time
vision based object detection from UAV aerial images: a conceptual framework,” in Intelligent Robotics Systems: Inspiring the
NEXT, K. Omar, M. Nordin, P. Vadakkepat et al., Eds., vol. 376,
pp. 265–274, Springer, Berlin, Germany, 2013.
[28] A. F. M. S. Saif, A. Prabuwono, and Z. Mahayuddin, “Adaptive
motion pattern analysis for machine vision based moving
detection from UAV aerial images,” in Advances in Visual
Informatics, H. Zaman, P. Robinson, P. Olivier, T. Shih, and S.
Velastin, Eds., pp. 104–114, Springer, 2013.
[29] A. F. M. S. Saif, A. Prabuwono, and Z. Mahayuddin, “A review of
machine vision based on moving objects: object detection from
UAV aerial images,” International Journal of Advanced Computer Technology, vol. 5, no. 15, pp. 57–72, 2013.
[30] A. F. M. S. Saif, A. Prabuwono, and Z. Mahayuddin, “Adaptive
long term motion pattern analysis for moving object detection
using UAV aerial images,” International Journal of Information
System and Engineering, vol. 1, no. 1, pp. 50–59, 2013.
[31] H. H. Trihaminto, A. S. Prabuwono, A. F. M. S. Saif, and T. B.
Adji, “A Conceptual framework: dynamic path planning system
for simultaneous localization and mapping multirotor UAV,”
Advanced Science Letters, vol. 20, no. 1, pp. 299–303, 2014.
[32] M. Sayyouri, A. Hmimid, and H. Qjidaa, “Improving the performance of image classification by Hahn moment invariants,”
Journal of the Optical Society of America A: Optics and Image
Science, and Vision, vol. 30, no. 11, pp. 2381–2394, 2013.
[33] R. Ozawa and F. Chaumette, “Dynamic visual servoing with
image moments for an unmanned aerial vehicle using a virtual
spring approach,” Advanced Robotics, vol. 27, no. 9, pp. 683–696,
2013.
[34] G. Jia, X. Wang, H. Wei, and Z. Zhang, “Modeling image motion
in airborne three-line-array (TLA) push-broom cameras,” Photogrammetric Engineering and Remote Sensing, vol. 79, no. 1, pp.
67–78, 2013.
[35] J. Guo, D. Gu, S. Li, and H. Chang, “Moving object detection
using motion enhancement and color distribution comparison,”
Journal of Beijing University of Aeronautics and Astronautics, vol.
38, no. 2, pp. 263–272, 2012.
[36] J. Gleason, A. V. Nefian, X. Bouyssounousse, T. Fong, and G.
Bebis, “Vehicle detection from aerial imagery,” in Proceedings of
the IEEE International Conference on Robotics and Automation
(ICRA ’11), pp. 2065–2070, 2011.
[37] A. G¸szczak, T. P. Breckon, and J. Han, “Real-time people and
vehicle detection from UAV imagery,” in Intelligent Robots and

12

[38]

[39]

[40]

[41]

[42]

[43]

[44]

[45]

[46]

[47]

[48]

[49]

[50]

[51]

The Scientific World Journal
Computer Vision: Algorithms and Techniques, Proceedings of
SPIE, January 2011.
M. Besita Augustin, S. Juliet, and S. Palanikumar, “Motion and
feature based person tracking in surveillance videos,” in Proceedings of the International Conference on Emerging Trends in
Electrical and Computer Technology (ICETECT ’11), pp. 605–
609, March 2011.
S. Wang, “Vehicle detection on aerial images by extracting
corner features for rotational invariant shape matching,” in Proceedings of the 11th IEEE International Conference on Computer
and Information Technology, pp. 171–175, September 2011.
X. Wang, C. Liu, L. Gong, L. Long, and S. Gong, “Pedestrian
recognition based on saliency detection and Kalman filter
algorithm in aerial video,” in Proceedings of the 7th International
Conference on Computational Intelligence and Security (CIS ’11),
pp. 1188–1192, December 2011.
G. R. Rodrı́guez-Canosa, S. Thomas, J. del Cerro, A. Barrientos,
and B. MacDonald, “A real-time method to detect and track
moving objects (DATMO) from unmanned aerial vehicles
(UAVs) using a single camera,” Remote Sensing, vol. 4, no. 4, pp.
1090–1111, 2012.
C.-H. Huang, Y.-T. Wu, and J.-H. Kao, “A hybrid moving object
detection method for aerial images,” in Advances in Multimedia
Information Processing-PCM 2010, G. Qiu, K. Lam, and H. Kiya,
Eds., pp. 357–368, Springer, Berlin, Germany, 2010.
A. W. N. Ibrahim, P. W. Ching, G. L. Gerald Seet, W. S. Michael
Lau, and W. Czajewski, “Moving objects detection and tracking
framework for UAV-based surveillance,” in Proceedings of the
4th Pacific-Rim Symposium on Image and Video Technology
(PSIVT ’10), pp. 456–461, November 2010.
O. Oreifej, R. Mehran, and M. Shah, “Human identity recognition in aerial images,” in Proceedings of the IEEE Computer
Society Conference on Computer Vision and Pattern Recognition
(CVPR ’10), pp. 709–716, June 2010.
C. Wu, X. Cao, R. Lin, and F. Wang, “Registration-based moving
vehicle detection for low-altitude urban traffic surveillance,” in
Proceedings of the 8th World Congress on Intelligent Control and
Automation (WCICA ’10), pp. 373–378, July 2010.
Q. Yu and G. Medioni, “Motion pattern interpretation and detection for tracking moving vehicles in airborne video,” in Proceedings of the IEEE Computer Society Conference on Computer
Vision and Pattern Recognition Workshops (CVPR ’09), pp. 2671–
2678, June 2009.
M. Teutsch and W. Kruger, “Spatio-temporal fusion of object
segmentation approaches for moving distant targets,” in Proceedings of the 15th International Conference on Information
Fusion (FUSION ’12), pp. 1988–1995, 2012.
C. Guilmart, S. Herbin, and P. Perez, “Context-driven moving
object detection in aerial scenes with user input,” in Proceedings
of the 18th IEEE International Conference on Image Processing
(ICIP ’11), pp. 1781–1784, September 2011.
M. Teutsch and W. Kruger, “Detection, segmentation, and
tracking of moving objects in UAV videos,” in Proceedings of
the IEEE 9th International Conference on Advanced Video and
Signal-Based Surveillance (AVSS ’12), pp. 313–318, 2012.
R. B. Rodrigues, S. Pellegrino, and H. Pistori, “Combining color
and haar wavelet responses for aerial image classification,” in
Artificial Intelligence and Soft Computing, L. Rutkowski, M.
Korytkowski, R. Scherer, R. Tadeusiewicz, L. Zadeh, and J.
Zurada, Eds., pp. 583–591, Berlin, Germany, 2012.
S. G. Fowers, D. J. Lee, D. A. Ventura, and J. K. Archibald, “The
nature-inspired BASIS feature descriptor for UAV imagery and

[52]

[53]

[54]

[55]

[56]

[57]

[58]

[59]

[60]

[61]

[62]

[63]

[64]

[65]

its hardware implementation,” IEEE Transactions on Circuits
and Systems for Video Technology, vol. 23, no. 5, pp. 756–768,
2013.
J. Lu, P. Fang, and Y. Tian, “An objects detection framework in
UAV videos,” in Advances in Computer Science and Education
Applications, M. Zhou and H. Tan, Eds., pp. 113–119, Springer,
Berlin, Germany, 2011.
A. Camargo, Q. He, and K. Palaniappan, “Performance evaluation of optimization methods for super-resolution mosaicking
on UAS surveillance videos,” in Infrared Imaging Systems:
Design, Analysis, Modeling, and Testing, vol. 8355 of Proceedings
of SPIE, 2012.
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We present the implementation and evaluation of a sentiment analysis system that is conducted over Arabic text with evaluative
content. Our system is broken into two different components. The first component is a game that enables users to annotate large
corpuses of text in a fun manner. The game produces necessary linguistic resources that will be used by the second component
which is the sentimental analyzer. Two different algorithms have been designed to employ these linguistic resources to analyze text
and classify it according to its sentimental polarity. The first approach is using sentimental tag patterns, which reached a precision
level of 56.14%. The second approach is the sentimental majority approach which relies on calculating the number of negative and
positive phrases in the sentence and classifying the sentence according to the dominant polarity. The results after evaluating the
system for the first sentimental majority approach yielded the highest accuracy level reached by our system which is 60.5% while
the second variation scored an accuracy of 60.32%.

1. Introduction
The task of sentiment analysis is known to involve many
disciplines. Such multidisciplinary nature is common to
many computational tasks that seek to solve problems dealing
with the semantics of human-generated content (a.k.a. user
generated content). Sentiment analysis aims to automatically
identify sentences with evaluative meaning and classify them
according to their polarity, as either negative, positive, or
neutral. Such task may appear simple in concept; however,
when attempting to implement a tolerably accurate tool, such
a tool would require the collaboration of several disciplinary
fields including psychology, linguistics, and computer science. In addition to these fields, we introduce the application
of human-based computing approaches to the problem of
sentiment analysis.
Human computation is defined as the area of harnessing
human knowledge and processing power to solve problems
that computers are unable to solve yet. The vision of human
computing applications is to design computing systems that
systematically integrate human input as well as computer

computing output in order to facilitate solving problems that
neither one of them is able to solve on their own [1]. The
great popularity of this new field is attributed to the ease of
integrating human collective intelligence at a costly manner
using the World Wide Web. By providing proper incentives,
human power can be channeled and gathered in a feasible
way.
The aim of this paper is to design and implement a
system that can extract the sentiments of Arabic content
found in Arabic websites that has informal nature. Our novel
technique merges the area of human-based computing which
states that some steps of a system can be outsourced to human
participation with the area of natural language processing.
Additionally, to enhance our system with dynamically and
periodically updated resources, our system has two different
components that operate independently and in parallel: the
game component and the sentiment analyzer. The output of
one component is used as an assistive resource for the other
component.
Therefore, this paper is structured as follows. Section 2
capitalizes on the significance of our study. Section 3 provides
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some related work in the field of sentiment analysis and opinion mining techniques for Arabic text. Section 4 describes
our system design and implementation. Section 5 presents
the results of our system evaluations. Section 6 discusses our
system results and limitations. Finally, Section 7 concludes
the paper with final remarks.

2. Significance of the Study
There are several approaches to analyze English text on the
Internet and provide user sentiments and opinions towards
a certain subject. Mainly, these approaches are divided into
two categories: supervised and unsupervised techniques.
The majority of supervised approaches investigate applying
machine learning algorithms over natural language processing and information retrieval applications. Unsupervised
approaches devised applying classification algorithms that
are assisted by language lexicons and dictionaries. Many
tools were developed and made useful to English users.
However, the area of Arabic sentiment analysis of information
contained on the web is not well established.
A specific challenge is encountered when attempting to
deal with Arabic content found in Arabic informal websites.
Arabic content in these websites is generally characterized to
be written in a highly informal Arabic language that is used in
colloquial speaking. This language is subject to differences in
dialects of Arabic regions and difficult to model and analyze.
An additional characteristic is that expressions used by web
users are highly subject to trends that give different meanings
and usages to Arabic evaluative phrases over time. This makes
the task of creating a timeless tool difficult. Upon conducting
a specific study to identify the specific features of Arabic
evaluative language found in Arabic websites, we propose the
usage of a human-based computing to solve such problem.

3. Related Work
Related work in the field of sentiment analysis and opinion
mining, in addition to work relating to the applications and
techniques of human-based computing, will be reviewed and
discussed in this section.
Firstly, a brief and introductory review is presented on
the research pertaining to subjectivity analysis which is the
detection of opinionated content. The following is a survey of
the efforts to conduct sentiment analysis and opinion mining
to different types of data and domains. Afterwards, we will
review the area of human-based computing and its used
techniques and common applications.
While researching the literature for endeavors to apply
sentiment analysis and opinion mining techniques over
Arabic text, we have detected a relatively low volume of
research. The approaches we have found for Arabic language
had various techniques to apply them over Arabic text. Some
simply adopt techniques that have been proposed for other
languages while others, albeit a rare endeavor, devised new
techniques for Arabic.
In 2006, a new approach was proposed to conduct
sentiment analysis over Arabic and Chinese by Ahmad et al.
[2]. Their sentiment analysis framework consists of extracting
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financial terms using statistical models, and then they build
a local grammar that is associated with each term using
the term’s popular collocations. Their hypothesis is that, in
each domain, every term can be mapped to a limited list of
local grammars that express sentiments. The technique was
evaluated over a corpus of financial news articles gathered
from Reuters written in modern standard Arabic.
Abbasi et al. [3] provide a valuable comparison between
linguistic features selection variations between English and
Arabic. In their work, they proposed the usage of entropy
weighted genetic algorithm over a set of features that have
been extracted from Arabic text to select the feature that best
classifies the text according to its sentiment. After finding the
appropriate set of features, the system uses SVM classifier to
classify the Arabic text.
Additionally, Elhawary and Elfeky proposed an approach
to mine Arabic business reviews using a straightforward
lexicon-based technique [4]. In this approach, the authors
propose to dynamically build a sentiment lexicon by starting
with a set of seed words and expand the set by propagating
through the Arabic similarity graph which clusters synonyms
and antonyms. The resulting lexicon is then used to conduct
sentiment analysis over a set of business reviews.
Last but not least is the effort of Abdul-Mageed et al. [5]
to conduct sentiment in addition to subjectivity analysis to
modern standard Arabic (MSA). In this research, they have
opted to manually annotate a corpus of newspaper articles
using the Penn Arabic Treebank which constructs a new
Arabic polarity lexicon. Then a binary classifier classifies
subjective and objective text. Afterwards, a second tier of
classification is conducted using SVM classifier to detect
negative and positive sentences.

4. System Design and Implementation
In our system, we aim to introduce a technique to solve the
problem of identifying the overall sentiment contained in an
Arabic piece of text generated by users and, consequently,
detect the sentiment of the evaluative Arabic text found in
Arabic websites and social networks that is pertaining to a
specific topic or item.
To put our system into context and to facilitate the design
and implementation of the system, we conducted our design
and testing over the restaurant reviews domain. In addition
to the vast popularity of restaurant reviews which appeal to
a wide range of readers, we have chosen this domain due
to the availability of a website called http://www.qaym.com/
which is rich with Arabic user reviews. Additionally, and most
importantly, http://www.qaym.com/ provides an application
programming interface (API) that enables our game component to extract user reviews in an easy and efficient manner.
Our proposed solution is an unsupervised technique that
conducts fine-grained sentiment analysis which operates on
the sentence level. Fine-grained is well known to be more
informative than coarse-grained sentiment analysis which
analyzes whole documents at a time [6]. Additionally, our
choice of fine-grained rather than coarse-grained better suits
our intended input which is Arabic reviews and opinions
which we have found to be short and concise in nature.
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Moreover, we have designed the solution so that it heavily
relies on a dynamically changing set of lexicons. By enabling
the lexicon to be dynamically updated, it can adapt to
changes in the trends of expression used to convey evaluative
meaning. Furthermore, these lexicons will enable us to evade
the problem of trying to conduct natural language processing
over informal Arabic which is prone to yielding low accuracy
results.
Figure 1 illustrates the pipeline of our system including
the used assistive components. Our system is divided into
two separate components; the output of one is used as an
assistive resource in the other. The first, and most straightforward, component is a free, online computer game that
aims to collect significant annotations of reviews from online
players by presenting the problem in a visually appealing and
challenging context.
The other component, which is more significant to our
problem, is the sentiment analyzer. The sentiment analyzer,
by giving it a set of lexicons built using the previously
explained game and the set of negative, positive, and neutral
patterns, will classify user reviews according to their sentiments. The upcoming sections contain a detailed explanation
of each component.
4.1. The Game Component. The game session consists of
several rounds that will go on indefinitely. In each round, the
game will retrieve a review from http://www.qaym.com/. The
review will be broken into sentences. The review sentences
will go one by one to the “sky” screen where each word in
the sentence will fall in the shape of a balloon. The user
is then required to study the context of this word in the
sentence and then drag the balloon into one of four baskets.
The “Negatives” basket indicates that this word in itself or as
part of a whole phrase constitutes a negative phrase/word.
The “Positive” means that the word constitutes a positive
word/phrase. The “Entity” basket is for words that are being
described in the sentenced (mainly nouns). Otherwise, for
words not belonging to any of the previous baskets, the user
may drag the balloon to the “Neutral” basket. However, if
the user fails to drag the balloon, it will fall into the spikes
and blow up. The user then loses a “life.” Losing 5 lives
will terminate the game. The game will continue until the
user exits the game or consumes the gamer lives. Figure 2
illustrates the interface design of the online game.
After classifying each word individually, the user then
must classify the whole sentence as negative, positive, or
neutral, thus enabling the system to extract the sentence
pattern and its classification. Each time the user classifies a
word, the user will score a point. Classifying two reviews will
advance the user to the next level which will increase the
balloon falling speed to enhance the game challenge.
An important factor that must be taken into account
is ensuring the best output possible of the proposed game.
Such online game is easily subject to game cheaters or
those who would insert any illogical solutions just to win a
game. To ensure best results, games with a purpose usually
incorporate antispamming measures by requiring two or
more players to agree on the same result in order to take
the result into account. This has been ensured in our game
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by adding a “frequency” counter. The counter will increment
each time a positive/negative/neutral phrase receives the
same classification by more than one player in different time.
Thus, when the frequency counter is larger than one, the
classification has gained consensus and is more reliable to be
used.
To put the game players into context, the game was bundled in a website that briefly explains the purpose of the game.
The game was then uploaded and made available through
the World Wide Web (game URL: http://kalimat.afnan.ws/).
The website content encourages visitors to enhance Arabic
language research by playing the game as much as possible.
It also encourages visitors to share the game using several
online communication channels including social networking
websites and email.
As the game continues to attract users, this will ensure
the continuous update in the lexicons and will provide a costeffective way of building rich informal Arabic lexicons of
negative words, positive words, and domain-specific entities.
The usage of these extracted resources will be explained in the
next section.
4.2. Sentiment Analyzer Component. The sentiment analyzer
is the main component of our system that specifies whether a
review is considered negative or positive. In performing this
task, the sentiment analyzer heavily relies on the resulting
lexicons and sentiment patterns that were constructed using
the game component.
The proposed architecture of our sentiment analyzer
is a straightforward technique for lexicon-based sentiment
analysis. It is thus designed to fully leverage the usage of our
acquired lexicons. The aim is to cast greater focus on the
novelty of the construction of these lexicons and employ them
as an integral part of the system in order to be able to measure
the success of the construction of these lexicons.
Firstly, the sentence segmentation subcomponent will
break down the reviews into sentences which are the unit
of operation of subsequent components. Secondly, for every
word in the sentence, the sentimental role tagging identifies
the word’s role in the sentimental meaning of the sentence
using the lexicons. The lexicons are acquired from our game
component.
The third and final step is sentence sentiment identification. We have identified two different ways to achieve
sentence classification using the sentiments of its words. First
method is that, given the pattern of the words’ role in the
sentence (i.e., the word role and its location in relation to
other words in the sentence), the pattern will be matched to a
set of acquired annotated patterns that map to the sentence
overall polarity. The other method is classifying the whole
sentence according to the majority of sentimental words
in the sentence. Each component is fully explained in the
following subsections.
Sentence Sentimental Patterns. A set of annotated patterns are
collected in the game component, where words are tagged
according to their selected lexicon and the word is omitted
if it does not belong to a lexicon. Then, each pattern is
stored in the game database with its corresponding indicated
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Figure 1: The architecture of our system depicting the game component and the sentiment analyzer.

(3)

(1)

(2)

Figure 2: The interface of the game-based component. The interface
consists of three panels. (1) The dashboard: it consists of control
buttons that enable the user to pause the game or terminate it. It
also consists of the review which is also the queue of the upcoming
sentences in current game round. (2) The canvas panel: in it the
words of the sentence will drop as balloons and the user saves the
balloons from blowing up by dragging them to one of the four
baskets. (3) The third panel is the statistics panel: it consists of
basic statistics and information needed by the player to track his/her
performance.

Furthermore, when the algorithm identifies a word to be a
negation, it will negate the polarity of the phrase immediately
next to the negation word; then the negation tag “NO” will be
discarded.
Figure 3 shows, in three different sentences, the significant words that influence the sentence polarity and their
association with one of the three lexicons.
After extracting the pattern of the sentence, it is then
looked up in the database to find its classification as per the
game component output. We define a function Polarity (𝑃𝑠 )
which returns the classifications of the pattern string 𝑃𝑠 and
the frequency of each pattern. The frequency signifies the
number of times a sentence that has this pattern has been
classified by a game player to be of this classification. So the
function Polarity is defined as such:
Polarity (𝑃𝑠 ) = {(class1 , freq1 ) , . . . , (class𝑛 , freq𝑛 )} ,
where
class ∈ {pos, neg, neu} .

polarity as a pair (𝑃, SEN), where 𝑃 is the pattern and SEN
∈ negative, positive, neutral, and sentiment (𝑃) = SEN. In
implementing the pattern matching approach, we identify
function Pattern (𝑆) which takes the sentence 𝑆 and returns
its appropriate sentimental pattern that was derived from
tagging the sentimental role of every phrase in the sentence:
𝑃𝑠 = 𝑃 (𝑆) = (𝑡1 , 𝑡2 , . . . , 𝑡𝑛 ) ,

(1)

where 𝑡 can be “pos,” “neg,” “ent,” or “neu.” The algorithm,
when identifying consecutive phrases of the same classification, will merge them into one tag in the pattern string.

(2)

(3)

Finally, we deduce that the polarity of the sentence 𝑆 is
Polarity (𝑆) = MAX ((class1 , freq1 ) , . . . , (class𝑛 , freq𝑛 )) .
(4)
Sentence Sentimental Majority. It is another alternative
approach to detect the polarity of each sentence. The system
aggregates the polarities of each word or phrase in the
sentence to output the overall polarity of the sentence. We call
it the sentiment majority technique. It consists of two subapproaches: (1) majority approach with entity identification and
(2) majority approach without entity identification.
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the phrase being an entity and will classify it as a positive or
negative phrase even if a collision exists and the phrase has
higher frequency of being an entity.

5. System Evaluation

Figure 3: An example depicting a positive sentence and two negative
sentences. In each sentence the significant words and/or phrases are
tagged.

(1) Majority Approach with Entity Identification. This approach will classify the sentence according to the dominating
sentiment of the phrases contained in the database. Another
way to explain this is as follows: after identifying the entity,
negative and positive phrases in the sentence, every identified
entity will be given weight of zero, negative phrases are given
weight of −1, and positive phrases are given a weight of 1. Thus,
if sentence (𝑆𝑗 ) consists of 𝑛 phrases the weight of phrase
number 𝑖 (𝑃𝑖 ) is
0
{
{
𝑊 (𝑃𝑖 ) = {1
{
{−1

if polarity (phrase) = "entity"
if polarity (phrase) = "positive"
if polarity (phrase) = "negative".

𝑛

(6)

𝑖=1

Finally, we define the sentiment polarity of the whole sentence
𝑆𝑗 to be
Neutral if 𝑊 (𝑆𝑗 ) = 0
{
{
Polarity (𝑆𝑗 ) = {Positive if 𝑊 (𝑆𝑗 ) > 0
{
{Negative if 𝑊 (𝑆𝑗 ) < 0.

Precision. This measure indicates the “repeatability” of the
measurement. This means that when the system tries to
resolve the problem under the same conditions, precision
indicates how close the results are to each other. Calculating precision is done by dividing the number of correctly
classified as positive results by the number of overall results
that were classified as positive whether the classification was
correct or not. The precision is then calculated as follows:
Precision = Number of correctly classified opinions
× (Number of correctly classified opinions
−1

(5)

Then, we define the weight of whole sentence 𝑆𝑗 :
𝑊 (𝑆𝑗 ) = ∑𝑊 (𝑃𝑖 ) .

The task of sentiment analysis is generally regarded as an
information retrieval (IR) problem. IR problems are the set
of problems concerned with searching for related documents,
information within documents, or metadata that can be
deduced from these documents.
Systems that fit into the criteria of IR problem can
have their performance measured using specific agreed-upon
metrics. These metrics are as follows [7].

(7)

(2) Majority Approach without Entity Identification. Another
variation of the previous approach suggests overlooking the
entity identification in the sentence. As observed earlier, the
entity phrase gives a weight of zero which does not affect
the overall weight of the sentence. However, discarding the
identification of entities gives slight changes in the algorithm
performance. This is due to the fact that there are some
collisions in the database. Some phrases might be enrolled as
entities and as negative or positive phrases at the same time.
The algorithm is programmed that whenever such collision
is detected, it will take the one with the highest classification
frequency. So, in the first variation of the algorithm, the
entities will be identified as such if they have high frequency
which will prevent the algorithm form identifying the phrase
as negative or positive if a collision exists. In the second
variation, the algorithm will not look into the possibility of

+ number of falsely classified opinions) .
(8)
Recall. This measurement indicates the percentage of the
completeness of the result. Low recall would mean that there
are many left-out results that were not classified. Recall is
calculated by dividing the number of correctly classified
results as positive by the number of all positive correct results
that should be classified as positive. Recall will be measured
as follows:
Recall = Number of correctly classified opinions
× (Number of correctly classified opinions
(9)
+ number of opinions
−1

that were not classified) .
When calculating the precision and recall of our proposed
system, we will benchmark the data using a dataset that has
been annotated by a human expert (Arabic linguist).
In order to conduct system evaluation, we have acquired a
test set that consists of 5000 sentences that have been deduced
from restaurant reviews. Then, these 5000 sentences were
classified as positive, negative, or neutral according to their
sentiments by a human linguist. Then, we have employed our
sentiment classifier to produce the sentiment classification as
explained previously.
To calculate the accuracy of our system we have compared
the annotations of the test set with our system outcome.
As previously explained in the system implementation part,
the sentiment analyzer runs three major versions of the
classification algorithm: pattern matching approach, majority
approach with entities, and majority approach without taking
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entities into account. The difference between the two last
approaches is that disregarding entities will give high priority
to phrases that have been misclassified as entities.
The pattern variation of our algorithm will detect all the
entities, positive, negative, and neutral phrases, and then
extract the pattern of the sentence; if a phrase is found
to have different classifications, the priority is given to the
classification that has the higher frequency. Afterwards, the
algorithm will look up the exact pattern from the patterns
database which maps to its overall sentiment. In our system
this algorithm variation, when applied to classify the 5000
test set sentences, reached a precision level of 56.14%. The
system was able to find 3109 matched patterns. Furthermore,
it has reached a recall level of 59%. The recall measurement
indicates that 59% of patterns were found in the database
and were mapped accordingly; the remaining patterns that
did not have a previous entry in the database were classified
according to their dominant sentiment (majority algorithm).
The second variation of the algorithm conducted a
majority classification. This classification will detect entities,
positive and negative phrases in the algorithm. Then assign a
weight of zero for each entity, 1 for positive phrases, and −1 for
negative ones. If the summation of all weights in the sentence
is less than zero, the sentence is considered as negative; if
it is more than zero, the sentence is classified as positive;
finally, if the overall weight is zero then the sentence is
considered to be neutral. This classification algorithm yielded
a better classification performance as it reached the accuracy
of 60.5%. This is higher than using sentiment patterns to
classify sentences. Additionally, as the algorithm indicates,
the recall for this variation is not possible to calculate as all
sentences will be classified.
The third variation of the classification algorithm specifies
that, since the entity plays no role in tipping the overall weight
of the sentence, it should not be detected nor identified. This
poses a difference to the algorithm performance. If entities
were taken into account, then if a phrase is detected to have
been classified by players both as a polar phrase and as an
entity, the higher frequency of the two has the higher priority.
Consequently, the phrase polarity will be discarded. However,
in this variation of the algorithm, the entities will not be
detected, giving the polar phrases higher priority even if the
same phrase has been identified as an entity. This variation
yielded a precision of 60.32%, giving slightly less accuracy
than the previous variation. The different precision results of
all three variations are benchmarked in Figure 4.

6. Discussion and Limitations
As the previous section explained, our system has three
different approaches to employ its linguistic resources to
perform sentimental classification. The main approach which
employs extracting the pattern of sentimental tags in the
sentence yielded a relatively low accuracy result of 56.14%.
When observing the reasons behind this failure, we observed
two cases: the extracted pattern is either too common or too
obscure and specific. Table 1 shows examples of these cases
in the output of this algorithm. For the first case, the pattern
is actually enlisted to have all three polarities. Although our
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Precision of the three sentiment analysis
algorithms
0.61
0.6
0.59
0.58
0.57
0.56
0.55
0.54
0.53

Pattern matching
approach

Majority approach w/ Majority approach w/o
entities
entities

Precision

Figure 4: Benchmarking the precision results of the three different
variations of the classification algorithms.

algorithm takes the one with the highest frequency, this is not
always accurate. Since this exact same pattern was classified to
have another polarity, it must be true for some cases even if its
frequency is not the highest. A solution should be developed
to add another heuristic that guides the selection of the
appropriate pattern classification other than the frequency.
The second algorithm classifies the sentence according to
the classification of the maximum number of its phrases. That
is, if the sentence has more positive phrases than negative
ones, it will be classified as positive. This algorithm succeeded
to classify more than 60% of the cases. The first variation
was implemented to take into account the classification of
entities. This poses a difference since the algorithm, when
identifying phrases in the sentence, will look up the phrases
in the database; then when a phrase has more than one
classification (i.e., was classified as both entity and positive
or negative phrase), the algorithm will give priority to the
classification that has the highest frequency. So, as it was
expected, although identifying entities in itself does not
affect the overall weight of the sentence polarity, it prevents
the classification of some phrases as negative or positive
phrases when they have been identified as entities. Hence,
the majority with entities variation of the algorithm scored
an accuracy of 60.5%, while without the identification of
entities, it scored 60.32%; the best accuracy result reached
by our system is 60.5%. Although this percentage fails to
impress, it is slightly higher than some Arabic classification
algorithms that have been discussed earlier. An argument
can be made that, in fact, comparing our system results to
previous approaches conducted over sentimentally analyzing
Arabic text would not yield fair comparisons due to two
factors.
(i) Our sentiment analyzer conducts sentiment classification over informal Arabic which was not attempted
by previous Arabic sentiment analysis endeavors.
Informal colloquial Arabic is generally characterized
to be highly ill-structured, inconsistent, and difficult
to process.
(ii) The training of our system was intended to be conducted over more than 10000 sentences. However,
since the training is done using an online game
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Table 1: Sample output of the pattern matching approach.

Sentence

 

 
  

   
   
 ,-  
!" #$ %&'()  *  +

Pattern

Correct classification

neg, neu, ent

Negative

ent, pos

Positive

ent, neu

Positive

ent, pos, neu, neg, neu, pos

Neutral

component which was deployed for a limited amount
of time and yielded less than average player base, it
resulted in the classification of only 2600 sentences.
When taking into account that a sentence must be
classified twice to get more accurate results, our
system did not reach its full potential. Regardless of
the limited training, we have conducted the testing
over 5000 words (twice the amount of the training set)
and yielded an accuracy of 60.5%.
When taking these two factors into account, the accuracy
seems very impressive considering these limitations. We
predict that even higher accuracy had the game component
succeed to gather more data. The failure of the game component to produce more entries can be attributed to two factors.
First is the time during which the game is deployed
online. In our system the game has been uploaded and
targeted by a visitor for approximately a month. During this
month only 24% of the training set was classified. We can
argue that, as the game gains more popularity as time passes,
it would generate a large number of outcomes.
Secondly, the game components themselves fail to retain a
large number of players. Several game testers expressed their
boredom during gameplay; this is attributed to the fact that
the purpose of the game prevents it from awarding the player
according to their performance. That is to say, whichever the
classification the player chooses for the phrase, it counts as a
point, without providing feedback whether the classification
is correct or not. Generally, this is due to the great difficulty
at which anyone can convert the problem at hand to an
enjoyable linguistic game. Game logistics and environment
that make the user do some phrase sentiment classification
that is not known by the game in a fun and compelling way
are very hard to design. A suggestion to enhance the game
outcome is by deploying it using several gaming consoles
in addition to the online interface. Furthermore, the data
collection can be conducted using several other outlets other
than a game.

7. Conclusion
In this paper we have proposed a novel technique to solve the
problem of sentiment analysis of colloquial Arabic found in
online evaluative websites [8]. We used human computation

Found pattern
classification
neg (freq = 3)
pos (freq = 1)
pos (freq = 90)
neu (freq = 2)
neg (freq = 1)
neu (freq = 34)
pos (freq = 25)
neg (freq = 2)
(Not found)

approaches to design an online game that produces a set of
valuable resources used in our sentiment analyzer.
The system performed fairly as it was able to classify
60.5% of the sentences correctly. Major limitations hindered
the enhancements of this result, one of which is the inadequacy of the game component to attract more players during
the short period it was deployed. We suggest improving
the game enjoyment and increasing the number of outlets
that can produce the game lexicons. Such outlets include
providing the problem of sentiment annotation of text as a
CAPTCHA solution.
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As semiconductor technology scales into the nanometer regime, intermittent faults have become an increasing threat. This paper
focuses on the effects of intermittent faults on NET versus REG on one hand and the implications for dependability strategy on the
other. First, the vulnerability characteristics of representative units in OpenSPARC T2 are revealed, and in particular, the highly
sensitive modules are identified. Second, an arch-level dependability enhancement strategy is proposed, showing that events such
as core/strand running status and core-memory interface events can be candidates of detectable symptoms. A simple watchdog can
be deployed to detect application running status (IEXE event). Then SDC (silent data corruption) rate is evaluated demonstrating
its potential. Third and last, the effects of traditional protection schemes in the target CMT to intermittent faults are quantitatively
studied on behalf of the contribution of each trap type, demonstrating the necessity of taking this factor into account for the strategy.

1. Introduction
Semiconductor technology scaling into the nanometer
regime has impelled a resurgence of interest in intermittent faults. The driving forces include shrinking geometries,
smaller interconnect dimensions, lower power voltages, and
decreased noise margins, all of which have a negative impact
on the dependability of circuits under transient, permanent,
and, in particular, intermittent faults [1, 2]. In addition, it
is forecast that multicore is more vulnerable to intermittent
faults in future technology [3].
Unlike transient faults, intermittent faults occur in bursts.
Also, in contrast to permanent faults, they arise only in
particular situations and do not persist. The following
characteristics distinguish intermittent from transient and
permanent faults.
(i) Burst. Intermittent faults occur in bursts whose duration can vary across a wide range of timescales from
orders of cycles to even milliseconds or more.

(ii) Nonrepeatability. Intermittent faults (e.g., caused by
defects) are expected to arise under particular situations (e.g., elevated temperature, voltage droops, etc.).
(iii) Fixed Location. Once activated, intermittent faults
repeatedly occur at the same location or from the
same module of a processor. Consequently, replacement of the offending component eliminates intermittent faults, which is in contrast to transient faults
which cannot be fixed by repair [4].
Above all, intermittent faults are expected to become
more frequent in the nanometer regime and have become an
increasing threat to multicore.
The above distinguishing features and the complicated
source of failures (SOFs) of intermittent faults leave many
uncertainties to be exploited. To the best of our knowledge,
we are the first to adopt a SPARC T2 chip multithreading
(CMT) processor as a case study to characterize the fault
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Figure 1: PFIT (Verilog PLI based fault injector) framework.

effects. Thus, a dependability enhancement strategy is proposed. This paper focuses on fault effects on NET versus
REG on one hand and the implications for dependability
enhancement strategy on the other. Major contributions are
as follows.
First, a detailed evaluation of the vulnerability characteristics is made using sensitivity metrics. The target
CMT is exercised with two workloads, featuring memory
intensive and CPU-intensive, respectively. A similar trend
in the effect of intermittent faults is revealed, and, in particular, the common highly sensitive modules are identified. This corroborates that the susceptible characteristics
do not vary with workloads in terms of sensitivity metric
[5].
Second, through a thorough breakdown of the outcome
categories, a novel light-weight arch-level dependability
enhancement strategy is proposed, showing that core/strand
running status and core-memory interface events can be
candidates of the detectable symptoms across all the modules
under investigation (DeadLock and Invalid Packet in this
paper). Application running status (incomplete execution,
IEXE event) can be covered by a simple watchdog to further
refine the proposed light-weight arch-level strategy and the
silent data corruption (SDC) is estimated demonstrating its
potential.
Third, to the best of our knowledge we are the first to make
a quantitative study of the effect of traditional protection
schemes in the target CMT in terms of the contribution of
each trap type, showing the necessity of taking this factor into
account for the strategy [6].
In Section 2, we describe experimental methodology.
Section 3 makes a thorough investigation of the vulnerability characteristics by sensitivity metrics. Then, Section 4
prospects an arch-level dependability enhancement strategy
against intermittent faults and the SDC is evaluated demonstrating its potential. Section 5 discusses the protection effect
of traditional schemes in the target CMT, including ECC and
parity. Related work is described in Section 6, and Section 7
provides a conclusion.

2. Experimental Methodology
2.1. Target System. The target system is a CMT version of the
UltraSPARC processor. Representative units are selected as
device under test (DUT), including (1) address generation
unit (AGEN) in instruction fetch unit (IFU), (2) pick unit
(PKU), (3) decoder, (4) arithmetic logic unit (ALU), and
(5) integer register file (IRF) [7]. Every unit is composed of
several modules and the detailed information of each module
is listed in Table 1.
The target CMT is exercised with two validation test
programs from the OpenSPARC T2 package as described
in Table 2 [8]. LDST ATOMIC.S is memory intensive,
while IFU BASIC EX RAW.S is CPU-intensive (abbreviated
as LDST and EXU). The CMT is in one core one thread (1c1t)
configuration, as the multicore configuration is left for future
work.
2.2. Fault Injection Framework. A fault injection framework, namely, Verilog PLI based fault injector (VPFIT), was
designed based on Synopsis VCS to facilitate this work.
The overall architecture of VPFIT is depicted in Figure 1,
including fault injector, trace generator, and statistics. A
series of programming language interface (PLI) tasks, such as
Inject TransFault, Inject PermFault, and Inject IntermFault,
besides some attendant PLI tasks, including Test ExecTime,
were deliberately designed.
The key features of the VPFIT include (1) automation
of injections into the Verilog description of the target CMT,
(2) support different fault types (e.g., transient, intermittent,
and permanent faults), (3) a variety of fault models (e.g.,
pulse, stuck-at, open, indeterminism, bridge, and delay in
NET versus bit-flip and stuck-at in REG), (4) different fault
parameters (e.g., 𝐿 burst , 𝑇𝐴, and 𝑇𝐼 for intermittent faults),
(5) automation of trace generation and data collection, and
(6) a variety of back-end scripts for analysis and statistics
(e.g., classification into outcome categories, computation of
sensitivity, and trap statistics).
As the purpose of this work is to characterize the susceptibility indices to intermittent faults for the dependability
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Table 1: Representative units and corresponding modules under investigation in the target CMT.
Functional Blocks

Unit
AGEN

Control

PKU

Decoder

Execution

ALU

Storage

IRF

Module
IFU AGD
IFU AGC

Number of NETs
3731
2388

Number of REGs
122
62

Description
Address generation
AGD control logic

PKU PKD
PKU PCK
PKU SWL

70
136
2144

0
3
78

Pick error detection or checking
Pick control logic
Thread finite state machines

DEC DED
DEC DCD
DEC DEL
EXU EDP
EXU ECT
EXU IRF
EXU ECC
EXU RML

415
184
2411
2161
1381
329
479
1742

13
0
29
30
22
14
11
52

Decode, error detection and checking
Decoding logic
Decode control logic
ALU data path
ALU control logic
Integer register file
ECC generation
Register management logic

Table 2: Test benches description.
Test bench
Number of inst.
IFU BASIC EX RAW.S
1194
363
LDST ATOMIC.S

ALU ops.
1178
265

Atomic Mem. ops.
8
87

enhancement strategy at an early design stage, a Verilog
description of the target CMT which is independent of
implementation and process technology is adopted. The swatsim like hierarchical simulation is left for future work [7].
2.3. Fault Injection Method. On behalf of the fixed location
characteristics, intermittent faults are injected into each
module of a unit (altogether thirteen modules in this work).
To characterize the effects of intermittent faults, transient
faults and permanent faults are injected correspondingly as
well as a reference index.
For each trial (fifty fault injections), transient faults are
first injected to generate a random template of the fault sites.
Then, intermittent faults (and permanent faults) are injected
according to the specific configuration for the trial. Fault site
includes the following information: module ID, object type
(NET or REG), object ID, faulty bit, and the fault injection
instant (𝑇inject ) which is randomly chosen from the total
execution cycles of the golden trace. For each fault injection
instance, only one fault is injected and the workload runs to
completion.
According to the object type of the fault site, for example,
NET or REG, different fault models are adopted correspondingly for transient faults, intermittent faults, and permanent
faults, as listed in Table 3.
For transient faults, a pulse of a duration randomly
generated from the [0.01T–0.1T] interval is applied to NET,
while the bit-flip fault model is applied to REG.
For permanent faults, a fault model randomly chosen
from the stuck@0/1, indeterminism, and open is applied to
NET without drawback until the end of the simulation run,
while the stuck@0/1 is applied to REG.

Control transfer ops.
3
3

Misc. ops.
8
8

Descriptions
ALU ops to verify EXU
ld./st. ops to verify LSU

For intermittent faults, a fault model randomly chosen
from the pulse, indeterminism, and open is applied to NET,
while the bit-flip model is applied to REG.
The fault parameters 𝑇𝐴 and 𝑇𝐼 are defined according to
the uniform distribution function at the ranges [0.01𝑇–0.1𝑇],
[0.1𝑇–1𝑇], and [1𝑇–10𝑇], respectively [9].
Here, 𝑇 designates the clock cycle of the target CMT (1 ns
in this work) and the smallest simulated time granularity is
1 ps. The parameter 𝐿 burst is specified as two, four, and eight
[9].
The combination of fault site, fault model, and fault
parameters (e.g., 𝑇𝐴 , 𝑇𝐼 , and 𝐿 burst for intermittent faults)
constitute a configuration.
For each module under a specific configuration, fifty
injection instances constitute a trial and seven trials constitute a champion. After a fault injection champion, the backend statistics are collected. Overall a total of 81,900 simulation
runs are performed (350 injections ∗ 13 modules ∗ 3𝐿 burst ∗
3𝑇𝐴 ∗ 2 workloads) for intermittent faults and 18,200 runs for
permanent and transient faults.

3. Sensitivity and Vulnerability Characteristics
Sensitivity is defined as the percentage of faults in an object
(NET or REG) pertaining to a given unit or module that
results in processor architectural state mismatch [5, 10]. In
this section, the target CMT is exercised with two workloads
featuring memory intensive and CPU-intensive, respectively,
and comprehensive fault injections are conducted to make a
thorough investigation of the vulnerability characteristics by
using sensitivity metrics.
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Table 3: Fault injection method.

Object Type

Transient Faults
Model
Duration

Intermittent Faults
Duration
[0.01T–0.1T]
[0.1T–1T]
[1T–10T]

Model
pulse

NET

pulse

[0.01T–0.1T]

indeterminism

REG

Bit-flip

[0.01T–0.1T]

[0.01T–0.1T]
[0.1T–1T]
[1T–10T]
[0.01T–0.1T]
[0.1T–1T]
[1T–10T]
[0.01T–0.1T]
[0.1T–1T]
[1T–10T]

open

bit-flip

Permanent Faults
Model
Duration

Burst Length
2/4/8

stuck@0/1

∞

2/4/8

indeterminism

∞

2/4/8

open

∞

2/4/8

stuck@0/1

∞

Table 4: Sensitivity per unit (%).
Units

PKU
AGEN
Decoder
ALU
IRF

Object type

Transient faults

NET
REG
NET
REG
NET
REG
NET
REG
NET
REG

1.2
10.3
1.2
1.4
1.8
4.2
0.9
4.6
0.6
8.2

B2
0.01–0.1
1.6
11.2
1.7
1.1
1.2
1.6
1.3
4.2
0.4
7.9

B2
0.1–1
12.1
13.1
6.5
1.4
9.8
2.4
4.2
4.3
6.7
8.6

B2
1–10
19.4
12.2
15.3
7.0
19.0
8.0
12.2
13.5
12.5
13.9

3.1. Sensitivity at Unit Level. Table 4 provides (1) the sensitivity of NET and REG per unit, (2) the sensitivity of transient,
permanent, and in particular, intermittent faults for each
configuration (the combination of 𝐿 burst and 𝑇𝐴, where 𝐿 burst
is equal to two, four, and eight, and 𝑇𝐴 ranges from the
intervals of [0.01𝑇, 0.1𝑇], [0.1𝑇, 1𝑇], and [1𝑇, 10𝑇], resp.).
Taking the EXU workload, for example, analysis of the
data leads to several conclusions.
First, there is clear evidence that for transient faults the
sensitivity of NET (on average 1.1% with a random fault
duration ranging from 0.01𝑇 to 0.1𝑇 under pulse fault model)
is not negligible, even though this figure is five times smaller
than the sensitivity of REG (5.5% on average). To the contrary,
for permanent faults the sensitivity of NET is 1.59 times
higher than that of REG (25.8% versus 16.2%) except for IRF
unit.
Second, the different configurations of fault parameters
𝑇𝐴 and 𝐿 burst ([0.01𝑇, 0.1𝑇], [0.1𝑇, 1𝑇], and [1𝑇, 10𝑇] and
two, four, and eight) simulate the exacerbation of wearout process. On the whole, the sensitivity for a specific
configuration of 𝐿 burst increases with respect to the 𝑇𝐴,

Intermittent faults
B4
B4
B4
0.01–0.1 0.1–1 1–10
3.7
15.1 23.7
12.2
14.0 17.8
2.3
10.9 18.6
1.7
3.7
10.1
5.4
13.6 22.4
4.6
2.3
11.7
2.0
6.8
20.1
2.6
7.0
19.2
3.1
8.8
15.3
8.3
10.0 21.6

B8
0.01–0.1
4.2
12.2
5.4
2.5
6.2
3.7
2.8
5.5
3.1
7.9

B8
0.1–1
18.1
15.9
12.3
6.6
15.3
5.1
9.2
8.7
10.7
13.1

B8
1–10
22.9
17.8
23.6
11.0
24.7
12.0
25.8
24.3
17.6
22.6

Permanent faults
23.5
17.8
23.9
10.5
22.5
10.5
41.4
23.6
14.3
15.3

while for a specific 𝑇𝐴 sensitivity increases with 𝐿 burst . Note
that discrepancies exist under some configurations. In-depth
analysis reveals that the randomly generated fault models
between corresponding fault types (transient, permanent,
and intermittent faults) become the leading factor, and the
difference between randomly selected fault sites between
trials becomes another factor.
Third, for units responsible for control, the sensitivity of
NET grows more sharply than that of REG as 𝐿 burst and 𝑇𝐴
increase, indicating the need for a protection scheme to be
employed. To further identify the sphere of protection, an
in-depth analysis at a finer granularity—module level—was
performed.
3.2. Sensitivity Breakup per Unit. A detailed breakdown of
the sensitivity per module for EXU and LDST workload is
described, respectively, in Tables 5 and 6.
Note, there are three REG objects in PKU PCK module,
but its sensitivity is zero. In-depth analysis reveals that two
objects are concerned with scan chain which is disabled,
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Table 5: Sensitivity breakup per unit for EXU workload ((a) for NET and (b) for REG).
(a) For NET (%)

Units

Module

PKU PCK
PKU PKD
PKU SWL
IFU AGD
AGEN
IFU AGC
DEC DED
Decoder DEC DCD
DEC DEL
EXU ECT
ALU
EXU EDP
EXU IRF
IRF
EXU RML
EXU ECC
PKU

Transient faults
0.0
3.1
1.2
1.7
0.5
0.4
0.0
2.2
1.7
0.4
1.7
0.5
0.4

B2
0.01–0.1
0.8
3.4
1.6
1.3
2.3
1.2
0.0
1.3
1.3
1.3
2.1
0.0
0.4

B2
0.1–1
4.4
24.9
12.1
4.6
9.6
4.9
2.0
11.3
5.9
3.1
5.2
8.3
2.1

B2
1–10
8.0
41.1
19.4
14.3
16.9
16.2
8.0
20.3
13.5
11.4
20.2
12.8
5.9

Intermittent faults
B4
B4
B4
0.01–0.1 0.1–1 1–10
2.4
5.6
8.8
6.9
25.4 47.7
3.6
15.4 23.9
0.8
8.9
17.3
4.6
14.2 20.5
1.6
4.5
20.2
5.7
7.7
8.0
6.1
15.6 23.8
3.0
8.4
17.3
1.3
5.7
21.9
3.0
7.7
27.9
3.7
10.6 14.7
0.8
3.4
8.8

B8
0.01–0.1
3.2
12.3
4.0
4.2
7.3
2.0
0.3
7.4
3.8
2.2
4.3
3.7
0.4

B8
0.1–1
7.6
33.4
18.2
11.4
13.7
9.7
1.1
17.3
9.3
9.2
13.7
11.9
4.2

B8
1–10
8.8
56.3
22.7
23.2
24.2
25.9
4.6
26.0
24.6
26.3
33.5
16.1
12.2

Permanent faults

B8
0.01–0.1
0

B8
0.1–1
0

B8
1–10
0

Permanent faults

8.0
53.7
23.5
23.2
25.2
27.1
6.6
22.9
27.8
50.0
33.7
52.6
13.8

(b) For REG (%)

Units

Module
PKU PCK

PKU

PKU PKD

Transient faults

Intermittent faults
B4
B4
B4
0.01–0.1 0.1–1 1–10
0
0
0

0

B2
0.01–0.1
0

B2
0.1–1
0

B2
1–10
0

—

—

—

—

—

—

—

—

—

—

—

PKU SWL
IFU AGD

11
0.9

12
0.9

14
1.8

13
7.1

13
1.8

15
4.4

18
10.6

13
2.7

17
8.0

18
11.5

18
11.5

IFU AGC
DEC DED

2.3
3.9

1.5
1.0

0.8
1.9

6.9
15.5

1.5
1.9

2.3
5.8

9.2
16.5

2.3
1.0

3.8
10.7

9.9
18.4

8.4
18.4

Decoder DEC DCD
DEC DEL
EXU ECT
ALU
EXU EDP
EXU IRF
IRF
EXU RML
EXU ECC

—
4.2
3.5
5.7
6.0
9.8
3.6

—
1.7
3.5
4.9
4.3
9.8
3.6

—
2.5
4.4
4.1
9.4
9.8
1.8

—
6.7
12.4
14.8
23.1
13.6
3.6

—
5.0
3.5
1.6
3.4
10.6
3.6

—
1.7
4.4
9.8
9.4
12.1
0.9

—
10.9
14.2
24.6
36.8
20.5
8.0

—
4.2
5.3
5.7
6.0
9.8
0.9

—
4.2
6.2
11.5
16.2
14.4
2.7

—
10.9
18.6
30.3
37.6
21.2
9.8

—
9.2
20.4
27.0
39.3
11.4
3.6

AGEN

and the other is intrinsic to logical masking of single bit
fault. The collected data lead to several important conclusions
providing valuable susceptibility indices for the dependability
enhancement strategy.
First, the impact of fault parameters to sensitivity at the
module granularity follows a similar trend as described in
the previous section, that the sensitivity for a specific 𝐿 burst
increases with respect to 𝑇𝐴 , while that for a specific 𝑇𝐴
increases with 𝐿 burst .
Second, although the two workloads have different features, a similar trend of the impact of intermittent faults
is revealed, and, in particular, the common highly sensitive
modules are identified. This corroborates that susceptible
characteristics do not vary with workloads, and thus sensitivity can provide valuable information for dependability
enhancement strategy [5].

0

Sensitivity metrics under two workloads reveal that the
following modules become the vulnerable bottlenecks for
intermittent faults, as listed in Table 7.
Pick unit(PKU) is a representative unit in the target
CMT which is highly sensitive to intermittent faults, wherein
the module of PKU PKD in charge of error detection and
checking and PKU SWL implementing the state machine
becomes the bottlenecks. Taking the EXU workload, for
example, the sensitivity of PKU PKD is 24.9% for NET in
B2 0.1𝑇–1𝑇 configuration versus 12% for PKU SWL for REG
in B2 0.01–0.1𝑇 configuration.
In target CMT, IRF is well protected from transient faults
by ECC module. Whereas, data show that both NET and REG
in EXU IRF module are highly sensitive to intermittent faults
with 𝑇𝐴 in [1𝑇, 10𝑇] configuration. In addition, the REG in
EXU RML, a module in charge of register management, is
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Table 6: Sensitivity breakup per unit for LDST workload ((a) for NET and (b) for REG).
(a) For NET (%)

Units

Module

PKU PCK
PKU PKD
PKU SWL
IFU AGD
AGEN
IFU AGC
DEC DED
Decoder DEC DCD
DEC DEL
EXU ECT
ALU
EXU EDP
EXU IRF
IRF
EXU RML
EXU ECC
PKU

Transient faults
2.6
1.1
2.0
0.5
2.1
0.8
0.3
0.9
0.5
0.9
0.4
0.0
0.0

B2
0.01–0.1
0.9
2.9
4.4
1.4
1.3
1.6
0.3
1.3
1.8
0.9
0.8
1.2
1.3

B2
0.1–1
3.9
21.7
14.1
5.6
11.7
2.8
2.0
12.9
1.8
4.1
5.9
2.8
1.3

B2
1–10
9.2
38.3
26.2
11.7
17.9
9.3
6.3
19.3
9.2
10.6
19.5
7.3
4.3

Intermittent faults
B4
B4
B4
0.01–0.1 0.1–1 1–10
1.7
7.4
8.7
6.6
24.6 48.3
5.2
16.9 26.2
2.3
8.5
13.1
4.6
14.2 20.0
2.4
3.2
13.4
0.3
1.4
10.9
3.0
14.2 24.0
1.4
4.6
11.0
1.8
3.2
11.9
2.1
8.9
25.4
1.2
4.5
8.5
2.2
1.7
6.1

B8
0.01–0.1
3.1
13.1
9.7
6.1
6.3
2.0
0.0
5.6
2.8
1.8
3.8
2.0
1.7

B8
0.1–1
5.2
31.1
20.2
8.5
15.4
4.5
2.9
14.2
6.9
5.5
11.9
4.5
3.5

B8
1–10
9.6
56.6
29.0
17.4
24.6
19.0
17.7
30.0
15.6
23.9
39.0
13.4
8.2

Permanent faults

B8
0.01–0.1
0.0
—
10.8
0.0
1.8
3.9
—
1.7
0.8
0.0
5.3
4.9
0.0

B8
0.1–1
0.0
—
14.7
5.1
2.7
13.6
—
7.7
3.0
6.1
21.9
5.8
2.5

B8
1–10
0.0
—
22.5
8.0
7.3
35.0
—
12.8
3.8
20.5
39.5
11.7
2.5

Permanent faults

9.6
54.6
33.1
26.3
26.7
20.6
27.1
30.5
20.2
39.4
47.5
10.9
13.9

(b) For REG (%)

Units

Module

PKU PCK
PKU PKD
PKU SWL
IFU AGD
AGEN
IFU AGC
DEC DED
Decoder DEC DCD
DEC DEL
EXU ECT
ALU
EXU EDP
EXU IRF
IRF
EXU RML
EXU ECC
PKU

Transient faults
0.0
—
9.8
0.0
0.9
2.9
—
1.7
0.8
0.8
4.4
4.9
0.0

B2
0.01–0.1
0.0
—
9.8
0.0
0.9
1.9
—
2.6
0.0
2.3
2.6
4.9
1.7

B2
0.1–1
0.0
—
9.8
1.5
0.0
1.9
—
6.0
1.5
3.8
8.8
4.9
0.8

B2
1–10
0.0
—
17.6
3.6
3.6
19.4
—
6.0
3.0
5.3
19.3
5.8
0.8

Intermittent faults
B4
B4
B4
0.01–0.1 0.1–1 1–10
0.0
0.0
0.0
—
—
—
7.8
12.7 16.7
0.7
0.7
4.4
0.9
2.7
4.5
1.0
3.9
22.3
—
—
—
3.4
0.9
12.8
0.0
3.8
3.8
3.8
2.3
11.4
3.5
11.4 29.8
4.9
4.9
9.7
0.8
1.7
1.7

0.0
—
26.5
7.3
12.7
24.3
—
16.2
12.9
28.8
51.8
4.9
1.7

Table 7: Module level vulnerable bottlenecks.
Object type

NET

REG

Workloads

Units

Modules

PKU

PKU PKD
PKU SWL

EXU
√
√

LDST
√
√

IRF

EXU IRF

√

√

AGEN

IFU AGC

√

√

Decoder
PKU

DEC DEL
PKU SWL

√
√

√
√

IRF

EXU IRF
EXU RML

√
√

√
√

ALU

EXU EDP

√

√
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Table 8: Outcome categories description.

Outcome categories Groups
Dead lock
𝑢 and p
Invalid packet request 𝑢 and p
Short
𝑢 and p
Incomplete execution
p
Bad trap
p
Latent
p

Description
All threads no activity for 3000 cycles, global timeout
An invalid request packet is provoked and the processor is in idle state because of an invalid request packet
Thread completes prematurely before the expected execution time
Thread is not complete in the expected time (normal execution time + 10% extra time margin)
Incorrect thread execution result
Execution result of the thread is correct without a crash

𝑢: 𝑢-architectural group, p: propagated group.

highly sensitive to transient faults, indicating a scheme to
protect it from not only intermittent faults but also transient
faults. Moreover, the NET of the following modules is highly
sensitive: IFU AGC in AGEN and DEC DEL in decoder. The
REG of the EXU EDP in ALU is vulnerable as well.
Thirdly, above all the collected data press for a protection
scheme which can not only cover all of the highly sensitive
modules across a variety of units, including PKU, AGEN,
decoder, IRF, and ALU, but is also general enough to protect
both the NET and REG object types from transient and
intermittent faults. When taking into account design and
verification complexity, previous approaches which either
target a specific unit or aim at some particular parts of the
processor are no longer viable [5, 8, 11–14].
Hence, a more general and light-weight method at archlevel, which is not only across different fault types (transient,
permanent, and intermittent faults) but also independent of
various modules (as listed in Table 7), is a better choice.

4. Dependability Enhancement Strategy
4.1. Outcome Categories. The fault injection outcome categories are outlined as follows: dead lock (DLock), invalid
packet request (IPacket), short execution (Short), incomplete
execution (IEXE), bad trap (BadTrap), and latent (Latent).
The detailed description of each category is listed in Table 8.
Figure 2 depicts fault propagation from the fault site
through processor architectural state to the application.
Through latency analysis, two groups are differentiated:
microarchitectural group and propagated group. Analysis
shows that some categories, including DLock, IPacket, and
Short, falls into both groups, denoted as 𝜇 and 𝑝 in Table 8.
Note that all the results presented here assume that the
probability of the occurrence of intermittent faults for each
module is equal.
4.2. Dependability Enhancement Strategy. Experimental results of the u-architectural and propagated groups, respectively, for NET and REG under LDST workload are listed in
Table 9. The result of the EXU workload is similar which, due
to space constraints, is omitted.
In-depth analysis shows that the following categories lead
to SDC events: DLock, IPacket, IEXE, Short, and BadTrap, as
depicted in “u-SDC/p-SDC events” column.
An alarming statistic is observed for the u-architectural
group in which the outcome of NET primarily falls into
IPacket, while that of REG mainly falls into DLock event.

Covering as many SDC events as possible is of utmost
importance for the dependability enhancement strategy.
In-depth analysis reveals that the DLock and IPacket are
detectable symptoms. Data in the “detectable symptoms”
column show that for NET the two events contribute to the
majority of the u-architectural group with a percentage of
about 79.0, 71.8, 53.1, 8.9, and 25.4 out of 79.6, 72.4, 67.1, 9.1,
and 26.7, respectively, for PKU, AGEN, decoder, ALU, and
IRF (80.8, 83.3, 57.6, 25.5, and 29.4 out of 81.0, 83.8, 58.1, 27.4,
and 34.6 for EXU workload). This implicates a light-weight
protection scheme to contain these two kinds of events as
detectable symptoms.
For the propagated group, analysis shows that a simple
watchdog can be deployed to cover the IEXE event. Thus, the
proposed arch-level dependability enhancement strategy can
be further improved to contain not only core/strand status
and crossbar event but also application running status (DLock
and IPacket versus IEXE) as detectable symptoms.
After detailed fault injections, the SDC rate is listed in

the SDC and SDC columns in Table 10 after incorporating
u-architectural and application level symptoms, respectively.
Data demonstrate that by incorporating the u-arch level
detectable symptoms (DLock and IPacket) the SDC rate
reduces from 6.3% to 0.7% for NET versus 1.3% to 0.2% for
REG for LDST workload. By incorporating another application level symptom, namely, IEXE, further SDC decrease is
acquired, demonstrating the efficacy of the proposed archlevel dependability enhancement strategy against intermittent faults.
All in all, the above analysis provides a valuable use for
reference that the following events, core or strand running
status and core-memory interface or crossbar event (DLock
and IPacket in this paper), can be alternatives of arch-level
symptoms of hardware faults across a variety of modules for
the units under test. Application running status (IEXE) can
be considered as another symptom to refine strategy.

5. Effects of Traditional Protection Schemes to
Intermittent Faults
Experimental results demonstrate that 6.5% of traps has
triggered out of the manifested symptoms.
In terms of the dependability enhancement strategy, it is
impossible to overlook the capability of traditional protection
schemes to intermittent faults. In this section, a quantitative
study is made on the effect of traditional protection schemes
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Architectural state
Dead lock

Dead lock

Invalid packet request

Invalid packet request

Short execution

Short execution
Delta

Propagated

Bad trap
Incomplete execution

Fault site

Crash
Latent
Good trap
No delta

Noneffective

Microarchitectural group

Architectural group/propagated group

Figure 2: Outcome categories: microarchitectural level groups versus propagated groups.
Table 9: Detectable symptoms.
(a) Detectable symptoms breakdown for NET (%)

u-architectural group
Units

PKU
AGEN
Decoder
ALU
IRF

Propagated group

u-SDC events
SDC
Detectable symptoms
Short Dead lock IPacket
0.5
0.6
14.1
0.3
1.3

0.9
2.4
0.0
0.5
0.9

78.1
69.4
53.1
8.4
24.5

79.0
71.8
53.1
8.9
25.4

(%)

Non-SDC
events
Latent

79.6
72.4
67.1
9.1
26.7

79.6
72.4
67.1
9.1
26.7

17.3
18.7
32.1
84.1
69.0

SDC
Bad trap

Short

0.2

p-SDC events
Detectable symptoms
Dead lock IPacket IEXE
0.8
0.6
0.3
1.0
1.8

2.3
8.3
0.5
4.1
2.4

1.8

(%)

3.1
8.9
0.8
6.8
4.2

3.1
8.9
0.8
6.8
4.4

20.4
27.6
32.9
90.9
73.3

(b) Detectable symptoms breakdown for REG (%)

u-architectural group
Units

u-SDC events
SDC
Detectable symptoms
Short Dead lock IPacket

PKU
0.7
AGEN
Decoder
ALU
IRF

71.1
14.3

0.7

Propagated group
(%)

71.9 72.6 72.6
14.3 14.3 14.3

Non-SDC
events
Latent
27.4
84.8
98.5
100.0
100.0

to intermittent faults, demonstrating the necessity of taking
into account this factor for the dependability enhancement
strategy [6].
In the target CMT, sequential logic is usually protected by
traditional schemes such as ECC or parity; besides they are
typically concerned with some attendant trap(s) to facilitate
protection. The detailed breakdown of traps to each outcome

p-SDC events
SDC
Detectable symptoms
Bad trap Short Dead lock IPacket IEXE
1.0
0.8

0.8

(%)

27.4
1.0 1.0 85.7
1.5 1.5 100
100
100

category (Latent, Incomplete EXEcution, Bad Trap, InvalidPacketRequest, and DeadLock) is depicted in Table 11, showing
that majority of traps (99.5%) originate from the propagated
group owing to fault propagation.
5.1. Protection Effects Quantitative Study. Table 12 describes
the effect of traditional protection scheme to intermittent
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Table 10: SDC ((a) for NET and (b) for REG).
(a) SDC for NET (%)

Functional Blocks

Control
Execution
Storage

PKU
AGEN
Decoder

SDC
15.6
9.2
5.8

LDST testbench
SDC
0.7
0.2
0.8

SDC
0.6
0.1
0.7

SDC
14.1
8.8
5.9

EXU testbench
SDC
0.1
0.1
1.2

SDC
0.1
0.1
1.2

ALU
IRF
Average

4.1
3.2
7.6

1.1
0.8
0.7

1.0
0.7
0.6

1.5
2.6
6.6

0.2
0.1
0.3

0.0
0.1
0.3

Unit

(b) SDC for REG (%)

Functional Blocks

PKU
AGEN
Decoder

SDC
4.1
0.2
2.1

LDST testbench
SDC
0.9
0.1
0.1

SDC
0.9
0.0
0.0

SDC
5.3
0.7
0.1

EXU testbench
SDC
0.1
0.0
0.1

SDC
0.1
0.0
0.0

ALU
IRF
Average

0.1
0.1
1.3

0.0
0.1
0.2

0.0
0.0
0.2

0.0
0.0
1.2

0.0
0.0
0.0

0.0
0.0
0.0

Unit

Control
Execution
Storage

Table 11: Trap distributions.
Outcome categories
Latent
Incomplete execution
Bad trap
Propagated
Invalid packet request
Dead lock
Sum

% of traps
63.4%
33.9%
2.2%
99.5%
0.2%
0.2%
100%

faults for NET and REG, respectively: (1) the priority metric
is normalized as the number of occurrence of traps per six
champions (2100 injections) expressing a relative weight, (2)
the fault coverage and recovery rate for each module, and
(3) the contribution of various trap types per module by
descending priority. The result of LDST is similar with that of
EXU except for some remarkable load/store characteristics,
which, due to space constraints, is omitted.
As expected, the parity and ECC is more effective for REG
than for NET with an overall priority of 268.9 versus 97.3, and
the average fault coverage and recovery rate for REG versus
NET (13.9% and 99.2% versus 3.7% and 93.5%) are higher.
For REG, the protection capability for decoder, IRF, and
AGEN is expressed by a relative priority of 110.0, 92.4, and
66.5, respectively. However, there is no protective effect for
PKU and ALU with the priority of zero.
For net, the priority of 58.6, 16.4, 10.3, 9.0, and 3.1 demonstrates the protection capability for the units PKU, AGEN,
decoder, ALU, and IRF, respectively. Of all the modules,
PKU PKD is protected best with a relative priority of 47.3.
The average fault coverage for NET is only 3.7%. However,
once an intermittent fault is covered, the traditional scheme

is effective with a recovery rate of nearly 100% except ALU
and IRF. For ALU, the fault coverage is only 2.3% with the
recovery rate of about 22.2%, while IRF is 0.6% versus 66.7%,
respectively, indicating the need to protect the logic in ALU
and IRF from intermittent faults.
The contribution of different trap types per module is
quantitatively described by a relative priority. Data show that,
for NET, of all the trap types 0 × 10 takes the majority
contribution of about 88% (86.4/97.3). On the contrary, for
REG, trap types 0 × 10, 0 × 29, 0 × 0a, 0 × 20, and 0 × 11
together contribute nearly 83% (223.9/268.9). This indicates
that 0 × 10 fatal trap is of utmost importance to protect both
the NET and REG, while other trap types, such as 0 × 29,
0 × 0a, and 0 × 20, are vital to protect REG from intermittent
faults.
5.2. Discussions. The above analysis leads to several prospects
for the intermittent faults dependability enhancement strategy.
First, for the traditional protection scheme the coverage
rate of 3.7% versus 13.9% on average for NET and REG
reinforces the advocate of an enhancement strategy to be
deployed to counter intermittent faults. The recovery rate of
93.5% versus 99.2% for NET and REG attests the protection
effect of traditional scheme to intermittent faults, demonstrating the necessity of taking into account this factor for
dependability enhancement.
Second, in-depth analysis shows that a simple watchdog
can be deployed to cover the IEXE event. Thus, the archlevel strategy proposed can be further improved to contain
not only core/strand status and crossbar event, but also
application running status (DLock and IPacket versus IEXE in
this paper) as detectable symptoms. Preliminary estimation
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Table 12: Protect effects breakup per trap type.
(a) For NET

Units

PKU

AGEN

Decoder

ALU

IRF

Module

Priority

PCK
PKD
SWL
Average
AGD
AGC
Average
DED
DCD
DEL
Average
ECT
EDP
Average
IRF
RML
ECC
Average

10.3
47.3
0.9
58.6
7.9
8.5
16.4
1.9
5.3
3.0
10.3
4.9
4.1
9.0
1.0
1.1
1.0
3.1
97.3

NET

Trap contribution
Trap type and relative priority
0x10 10.3
0x10 47.3
0x10 0.9
0x10 58.6
0x10 7.9
0x10 4.3 0x0a 2.1 0x71 2.1
0x10 12.1 0x0a 2.1 0x71 2.1
0x0a 0.9 0x3e 0.9
0x10 4.7 0x04 0.7
0x10 2.0 0x04 1.0
0x10 6.7 0x04 1.7 0x0a 0.9 0x3e 0.9
0x10 3.9 0x1fa 1.0
0x10 4.1
0x10 8.0 0x1fa 1.0
0x10 1.0
0xc0 1.1
0x29 1.0
0xc0 1.1 0x10 1.0 0x29 1.0
0x10 86.4 0xa 3.1 0x71 2.1 0x04 1.7 0xc0 1.1 0x29 1.0 0x1fa 1.0 0x3e 0.9

Capability
Coverage
Recovery rate
8.9%
100.0%
8.1%
100.0%
0.3%
100.0%
6.4%
100.0%
3.9%
100.0%
3.2%
100.0%
3.5%
100.0%
0.9%
100.0%
6.1%
100.0%
1.0%
100.0%
2.0%
100%
2.4%
20.0%
2.1%
25.0%
2.3%
22.2%
0.4%
0.0%
0.6%
100.0%
1.1%
100.0%
0.6%
66.7%
3.7%
93.5%

(b) For REG

Units

Module

PCK
PKD
PKU
SWL
Average
AGD
AGEN
AGC
Average
DED
DCD
Decoder
DEL
Average
ECT
EDP
ALU
Average
IRF
RML
IRF
ECC
Average
REG

Priority
0.0
—
0.0
0.0
43.4
23.2
66.5
45.3
—
64.7
110.0
0.0
0.0
0.0
0.0
19.4
72.9
92.4
268.9

Trap contribution
Trap type and relative priority
—

0x10 43.4
0x10 17.8 0x0d 5.3
0x10 61.2 0x0d 5.3
0x0a 24.9 0x3e 9.1 0x64 4.5
—
0x10 23.5 0x20 21.6 0x11 19.6
0x0a 24.9 0x10 23.5 0x20 21.6 0x11 19.6 0x3e 9.1

0x24 19.4
0x29 72.9
0x29 72.9 0x24 19.4
0x10 84.7 0x29 72.9 0x0a 24.9 0x20 21.6 0x11 19.6 0x24 19.4 0x3e 9.1 0xd 5.3

shows that on average 0.1% of SDC decrease is acquired for
NET across all the units, including AGEN, PKU, decoder,
ALU, and IRF under LDST test bench.
Third and last, we are convinced that the trap would be
a promising symptom for fault diagnosis or fault prediction,
providing valuable information for architects to further refine
the dependability strategy, which is the focus of our future
work.

Capability
Coverage Recovery rate
0.0%
0.0%
—
—
0.0%
0.0%
0.0%
0.0%
38.2%
100.0%
26.0%
100.0%
32.4%
100.0%
26.7%
95.0%
—
—
57.9%
100.0%
40.2%
98.1%
0.0%
0.0%
0.0%
0.0%
0.0%
0.0%
0.0%
0.0%
6.8%
100.0%
89.7%
100.0%
12.4%
100.0%
13.9%
99.2%

6. Related Work
Comprehensive fault injections have been conducted to
characterize the effects of transient faults on processors. As
semiconductor technology scales into the nanometer regime,
a resurgence of interest in intermittent faults has come forth
in recent years.
Generally, intermittent faults are assumed to be the
prelude of permanent faults. In contrast to transient faults due
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to single-event upset (SEU), intermittent faults are related to
irreversible physical defects in the circuit. These defects can
be produced either in the design/manufacturing process or
during the normal operation. In the case of normal operation
produced defects, a series of wear-out mechanisms can occur
in long term perspective, initially revealing as intermittent
faults until finally developing into a permanent fault [2].
The SOFs (Source Of Failures) of intermittent faults can be
categorized as follows.
Design or manufacturing defects constitute one of the
most important SOFs. Residues, process variations, or infant
mortality provoked by manufacturing processes, together
with design defects, aggravate the situation.
Aging or in-progress wear out becomes another SOF.
Complex wear-out mechanisms, such as time dependent
dielectric breakdown (TDDB), negative bias temperature
instability (NBTI), electromigration (EM), stress migration
(SM), and thermal cycling (TC) in packages, are expected
to become more frequent in the nanometer regime. Devices
typically do not fail suddenly but display intermittent behavior for a period of time beforehand and finally evolve to
permanent faults.
Environmental triggers are the inducements for intermittent faults. Continuous shrinking of device feature size due
to device scaling leads to increasing susceptibility to various
inducements, such as PVT variation, increased cross-talk,
and environmental interferences, and so forth.
Above all, the intermittent faults are expected to be an
austere challenge of VLSI circuits in the nanometer regime,
especially for multi-core in future technologies [15–23].
Accordingly, the computer community commenced to
explore the impact of intermittent faults [24, 25]. Rashid et al.
made a preliminary study of intermittent faults propagation
in application, furthered by Wei et al. [26, 27]. Gracia
evaluated the effects of intermittent faults on an embedded
system [6, 28]. In contrast to previous work targeting an
embedded system or a microcontroller, the UltraSPARC
CMT processor is used as a case study in this paper to
characterize intermittent faults.
Pan et al. proposed intermittent faults vulnerable factor
(IVF), a metric similar to AVF, to estimate the susceptibility
of typical sequential units in a processor to intermittent faults
[29]. Kim and Somani advocated the sensitivity metric at
RTL or lower levels [5]. Saggese et al. made a thorough study
of the susceptibility of a superscalar processor to transient
faults with the sensitivity metric [10]. Instead of a superscalar,
sensitivity metric is adopted to characterize intermittent
faults for a CMT; then a protection strategy is proposed in this
paper. Experimental results of this paper corroborate Kim’s
analytic findings that the susceptible characteristics do not
vary with workloads on behalf of the sensitivity metrics [5].
Data in this work demonstrate that previous protection
schemes targeting a specific unit or some particular parts of a
processor are no longer viable [11–14]. Accordingly, an archlevel dependability enhancement strategy, which is not only
independent of fault types (intermittent, transient, and permanent faults) but is also applicable across various sensitive
modules, is put forward and its potential is evaluated.
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7. Conclusions
To the best of our knowledge, we are the first to use SPARC
T2 processor as a case study to characterize the effects of
intermittent faults at register transfer level (RTL) and a
dependability enhancement strategy is proposed.
First, sensitivity evaluation demonstrates that susceptible
characteristics do not vary with workloads, and the similar
trend of the effect of intermittent faults is revealed and the
common sensitive modules are identified.
Second, a quantitative study of traditional protection
scheme to intermittent faults is made on behalf of the
contribution of each trap type, reinforcing the advocate of
an enhancement strategy to be deployed to counter intermittent faults while demonstrating the necessity of taking into
account this factor for dependability strategy.
Third, a thorough breakdown of outcome categories
provides a valuable use for reference that the following events,
core, or strand status and core-memory interface events
(DLock and IPacket in this paper) can be candidates of
arch-level symptoms, whilst workload status (IEXE) can be
application level symptom to refine the strategy. Data demonstrate that by incorporating arch-level symptoms (DLock
and IPacket) the SDC reduces from 6.3% to 0.7% for NET
versus 1.3% to 0.2% for REG. With the additional application
level symptom (IEXE), further SDC decrease is acquired
demonstrating the efficacy of the proposed dependability
enhancement strategy for intermittent faults. Thus a general
strategy can outline that core/strand running status and
crossbar events can be candidates of arch-level symptoms,
and workload status can be used as application symptoms to
refine the strategy.
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With the rapid development of machine translation (MT), the MT evaluation becomes very important to timely tell us whether
the MT system makes any progress. The conventional MT evaluation methods tend to calculate the similarity between hypothesis
translations offered by automatic translation systems and reference translations offered by professional translators. There are several
weaknesses in existing evaluation metrics. Firstly, the designed incomprehensive factors result in language-bias problem, which
means they perform well on some special language pairs but weak on other language pairs. Secondly, they tend to use no linguistic
features or too many linguistic features, of which no usage of linguistic feature draws a lot of criticism from the linguists and too
many linguistic features make the model weak in repeatability. Thirdly, the employed reference translations are very expensive and
sometimes not available in the practice. In this paper, the authors propose an unsupervised MT evaluation metric using universal
part-of-speech tagset without relying on reference translations. The authors also explore the performances of the designed metric
on traditional supervised evaluation tasks. Both the supervised and unsupervised experiments show that the designed methods
yield higher correlation scores with human judgments.

1. Introduction
The research about machine translation (MT) can be traced
back to fifty years ago [1] and people benefit much from
it about the information exchange with the rapid development of the computer technology. Many MT methods
and automatic MT systems were proposed in the past
years [2–4]. Traditionally, people use the human evaluation
approaches for the quality estimation of MT systems, such
as the adequacy and fluency criteria. However, the human
evaluation is expensive and time consuming. This leads to the
appearance of the automatic evaluation metrics, which give
quick and cheap evaluation for MT systems. Furthermore,
the automatic evaluation metrics can be used to tune the
MT systems for better output quality. The commonly used
automatic evaluation metrics include BLEU [5], METEOR
[6], TER [7], AMBER [8], and so forth. However, most of the
automatic MT evaluation metrics are reference aware, which
means they tend to employ different approaches to calculate

the closeness between the hypothesis translations offered
by MT systems and the reference translations provided
by professional translators. There are some weaknesses in
the conventional reference-aware methods: (1) how many
reference translations are enough to avoid the evaluation
bias since that reference translations usually cannot cover all
the reasonable expressions? (2) The reference translation is
also expensive and sometimes not approachable in practice.
This paper will propose an automatic evaluation approach for
English-to-German translation by calculating the similarity
between source and hypothesis translations without using of
reference translation. Furthermore, the potential usage of the
proposed evaluation algorithms in the traditional referenceaware MT evaluation tasks will also be explored.

2. Traditional MT Evaluations
2.1. BLEU Metric. The commonly used BLEU (bilingual
evaluation understudy) metric [5] is designed as automated
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substitute to skilled human judges when there is need for
quick or frequent MT evaluations:
𝑁

BLEU = BP × exp ( ∑ 𝑤𝑛 log𝑃𝑛 ) ,
𝑛=1

𝑃𝑛 =

∑𝐶∈{Candidates} ∑𝑛−gram∈𝐶 Countclip (𝑛 − gram)
∑𝐶 ∈{Candidates} ∑𝑛−gram ∈𝐶 Count (𝑛 − gram )

(1)
TER =

,

where 𝑃𝑛 means modified 𝑛-gram precision on a multisentence test set, which is for the entire test corpus. It first
computes the 𝑛-gram matches sentence by sentence and then
adds the clipped 𝑛-gram counts for all the candidate sentences
and divides by the number of candidate 𝑛-gram in the test
corpus. Consider
BP = {

𝑒1−𝑟/𝑐
1

if 𝑐 ≤ 𝑟
if 𝑐 > 𝑟,

(2)

where BP is the sentence brevity penalty for short sentences, 𝑟
is the effective reference sentence length (the closest reference
sentence length with the candidate sentence), and 𝑐 is the
length of candidate sentence. Generally, 𝑁 is selected as 4,
and uniform weight 𝑤𝑛 is assigned as 1/𝑁. Thus we could get
the deduction as follows:
𝑁

1
log 𝑃𝑛 )
𝑛=1 𝑁

BLEUbaseline = BP × exp ( ∑
= BP × exp (

2.2. TER Metric. TER [7] means translation edit rate, which
is designed at sentence level to calculate the amount of work
needed to correct the hypothesis translation according to
the closest reference translation (assuming there are several
reference translations):
# of edits
.
average # of reference words

The edit categories include the insertion, deletion, substitution of single words, and the shifts of word chunks.
TER uses the strict matching of words and word order, for
example, miscapitalization is also counted as an edit. The
weakness of TER is that it gives an overestimate of the
actual translation error rate since that it requests accurate
matching between the reference and hypothesis sentence.
To address this problem, they proposed the human-targeted
TER (HTER) to consider the semantic equivalence, which
is achieved by employing human annotators to generate a
new targeted reference. However, HTER is very expensive due
to that it requires around 3 to 7 minutes per sentence for a
human to annotate, which means that it is more like a human
judgment metric instead of an automatic one.
2.3. METEOR Metric. METEOR [6] metric conducts a complicated matching, considering stems, synonyms, and paraphrases. Consider
Score = 𝐹mean × (1 − Penalty) ,

𝑁

1
log ∏𝑃𝑛 )
𝑁
𝑛=1
𝑁

𝑛=1

Penalty = 0.5 × (
)

(3)

1/𝑁

𝑁

= BP × (∏𝑃𝑛 )
𝑛=1

𝑁

𝑁
= BP × √
∏𝑃𝑛 .

𝑛=1

This shows that BLEU reflects the geometric mean of
𝑛-gram precision values multiplied by brevity penalty. As a
contrast and simplified version, Zhang et al. [9] proposes
modified BLEU metric M BLEU using the arithmetic mean
of the 𝑛-gram precision:
𝑁

M BLEU = BP × ∑ 𝑤𝑛 𝑃𝑛 .

3
#chunks
),
#unigrams matched

1/𝑁

= BP × exp (log (∏𝑃𝑛 )

(5)

(4)

𝑛=1

The weaknesses of BLEU series are that they focus on the
usage of incomprehensive factors, precision scores only; they
do not use any linguistic features, only utilizing the surface
words.

𝐹mean =

(6)

10𝑃𝑅
,
𝑅 + 9𝑃

where #chunks means the number of matched chunks
between reference and hypothesis sentence, and #unigrams matched is the number of matched words. It puts
more weight on recall (𝑅) compared with precision (𝑃). The
matching process involves computationally expensive word
alignment due to the external tools for stemming or synonym
matches. The advanced version of METEOR is introduced in
[10].
2.4. AMBER Metric. AMBER [8] declares a modified version
of BLEU. It attaches more kinds of penalty coefficients, combining the 𝑛-gram precision and recall with the arithmetic
average of 𝐹-measure (harmonic mean of precision and recall
with the equal weight). It provides eight kinds of preparations
on the corpus including whether the words are tokenized
or not, extracting the stem, prefix and suffix on the words,
and splitting the words into several parts with different
ratios. Advanced version of AMBER was introduced in [11].
Other related works about traditional reference-aware MT
evaluation metrics can be referred to in the papers [12, 13],
our previous works [14, 15], and so forth.
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3. Related Works
As mentioned previously, the traditional evaluation metrics
tend to estimate quality of the automatic MT output by
measuring its closeness with the reference translations. To
address this problem, some researchers design the unsupervised MT evaluation approaches without using reference
translations, which is also called quality estimation of MT. For
example, Han et al. design an unsupervised MT evaluation
for French and English translation using their developed
universal phrase tagset [16] and explore the performances
of machine learning algorithms, for example, conditional
random fields, support vector machine and naı̈ve Bayes in
the word-level quality estimation task of English to Spanish
translation without using golden references [17]. Gamon et al.
[18] conduct a research about reference-free MT evaluation
approaches also at sentence level, which utilizes the linear
and nonlinear combinations of language model and SVM
classifier to find the badly translated sentences. Using the
regression learning and a set of indicators of fluency and
adequacy as pseudoreferences, Albrecht and Hwa [19] present
an unsupervised MT evaluation work at sentence level
performance. Employing the confidence estimation features
and a learning mechanism trained on human annotations,
Specia and Giménez [20] develop some quality estimation
models, which are biased by difficulty level of the input
segment. The issues between the traditional supervised MT
evaluations and the latest unsupervised MT evaluations are
discussed in the work of [21]. The quality estimation addresses
this problem by evaluating the quality of translations as a
prediction task and the features are usually extracted from
the source sentences and target (translated) sentences. Using
the IBM model one and the information of morphemes,
lexicon probabilities, part-of-speech, and so forth, Popović et
al. [22] also introduces an unsupervised evaluation method
and show that the most promising setting comes from the
IBM-1 scores calculated on morphemes and POS-4gram.
Mehdad et al. [23] use the cross-lingual textual entailment
to push semantics into the MT evaluation without using
reference translations, which mainly focuses on the adequacy
estimation. Avramidis [24] performs an automatic sentencelevel ranking of multiple machine translations using the
features of verbs, nouns, sentences, subordinate clauses, and
punctuation occurrences to derive the adequacy information.
Other related works that introduce the unsupervised MT
evaluations include [25, 26].

4. Designed Approach
To reduce the expensive reference translations provided by
human labor and some external resources such as synonyms,
this work employs the universal part-of-speech (POS) tagset
containing 12 universal tags proposed by [27]. A part-ofspeech is a word class, a lexical class, or a lexical category,
which is a linguistic category of words (or lexical items). It is
generally defined by the syntactic or morphological behavior
of the lexical item in question.
For a simple example, “there is a big bag” and “there
is a large bag” could be the same expression, “big” and
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“large” having the same POS as adjective. To try this potential
approach, we conduct the evaluation on the POS of the
words from the source language and the target language.
The source language is used as pseudoreference. We will also
test this method by calculating the correlation coefficient of
this approach with the human judgments in the experiment.
Petrov et al. [27] describe that the English PennTreebank [28]
has 45 tags and German Negra [29] has 54 tags. However, in
the mapping table they offer 49 tags for the German Negra
Treebank. This paper makes a test on the Berkeley parser
[30] for German (trained on the German Negra) parsing a
German corpus from the workshop of machine translation
(WMT) 2012 [25] and finds that there are indeed other POS
tags that are not included in the mapped 49 tags. So, firstly this
paper conducts a complementary mapping work for German
Negra POS tagset and extends the mapped POS tags to 57
tags.
4.1. Complementary POS Mapping. The parsing test result of
WMT 2012 German corpus shows that the omissive German
POS tags in the mapping table include “PWAV, PROAV,
PIDAT, PWAT, PWS, PRF, $∗LRB∗, and ∗TN∗,” of which
“∗TN∗” is a formal style (𝑁 is replaced in practical parsing
results by the integer number such as 1, 2, etc.).
This paper classifies the omissive German POS tags
according to the English POS tagset classification since
that the English PennTreebank 45 POS tags are completely
mapped by the universal POS tagset, as shown in Table 1.
(i) The German POS “PWAV” has a similar function to
English POS “WRB” which means wh-adverb labeling the German word such as während (while), wobei
(where), wann (when), and so forth. The German
POS “PROAV” has a similar function to English POS
“RB” which means adverb labeling the German word
Dadurch (thereby), dabei (there), and so forth. So this
paper classifies “PWAV” and “PROAV” into the ADV
(adverb) category in the 12 universal POS tags.
(ii) The German POS “PIDAT” has a similar function
to English POS “PDT” which means predeterminer
labeling the German word jedem (each), beide (both),
meisten (most), and so forth. The German POS
“PWAT” has a similar function to English POS
“WDT” which means wh-determiner labeling the
German word welche (which), welcher (which), and
so forth. So “PIDAT” and “PWAT” are classified into
the DET (determiner) category in the universal POS
tags.
(iii) The German POS “PWS” has a similar function
to English POS “WP” which means wh-pronoun
labeling the German word was (what), wer (who),
and so forth. So “PWS” is classified into the PRON
(pronoun) category in the universal POS tags.
(iv) The German POS “PRF” has a similar function to
English POS “RP” and “TO”, which means particle
and to, respectively, labeling the German word sich
(itself). So this paper classifies “PRF” into the PRT (a
less clear case for particle, possessive, and to) category.

ADJA
ADJD

JJ
JJR
JJS

English
Penn Treebank
[28]

German
Negra
Treebank
[29]

ADJ

Language

APPO
APPR
APPRART
APZR

IN

ADP

ADV
PWAV
PROAV

CC

RB
RBR
RBS
WRB

KOKOM
KON
KOUI
KOUS

CONJ

ADV

ART
PIDAT
PWAT

DT
EX
PDT
WDT

DET

NE
NN
NNE

NN
NNP
NNPS
NNS

NOUN

CARD

CD

NUM

POS
RP
TO

PTKA
PTKANT
PTKNEG
PTKVZ
PTKZU
PRF

PDAT
PDS
PIAT
PIS
PPER
PPOSAT
PPOSS
PRELAT
PRELS
PWS

PRT

PRP
PRP$
WP
WP$

PRON

Table 1: Complementary German POS (as bold) mappings for Universal POS tagset.
VERB
MD
VB
VBD
VBG
VBN
VBP
VBZ
VAFIN
VAIMP
VAINF
VAPP
VMFIN
VMINF
VMPP
VVFIN
VVIMP
VVINF
VVIZU
VVPP

FM
ITJ
TRUNC
XY

FW
LS
SYM
UH

X

$(
$,
$.
∗TN∗
$∗LRB∗

.
#
$
”
.
:
-LRB-RRB-
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Hypothesis Sentence (POS): 𝑃 = {𝑝1 , 𝑝2 , . . . , 𝑝𝑚1 |𝑚1 ∈ (1, ∞)}
𝑠
|𝑚2 ∈ (1, ∞)}
Source Sentence (POS): 𝑃𝑠 = {𝑝1𝑠 , 𝑝2𝑠 , . . . , 𝑝𝑚
2
∀𝑥 ∈ (1, ∞), The Alignment of POS 𝑝𝑥 in hypothesis:
𝑝𝑦𝑠 // ∀ means for each, ∃ means there is/are
If ∀𝑦 ∈ (1, ∞): 𝑝𝑥 ≠
(𝑝𝑥 → 0); // → shows the alignment
elseif ∃!𝑦 ∈ (1, ∞): 𝑝𝑥 = 𝑝𝑦𝑠 // ∃! means there exists exactly one
(𝑝𝑥 → 𝑝𝑦𝑠 );
elseif ∃𝑦1 , 𝑦2 ∈ (1, ∞): (𝑝𝑥 = 𝑝𝑦𝑠 1 ) ∧ (𝑝𝑥 = 𝑝𝑦𝑠 2 ) // ∧ is logical conjunction, and
foreach 𝑘 ∈ (−𝑛, −1) ∪ (1, 𝑛)
foreach 𝑗 ∈ (−𝑛, −1) ∪ (1, 𝑛)
if ∃𝑘1 , 𝑘2 , 𝑗1 , 𝑗2 : (𝑝𝑥+𝑘1 = 𝑝𝑦𝑠 1 +𝑗1 ) ∧ (𝑝𝑥+𝑘2 = 𝑝𝑦𝑠 2 +𝑗2 )
if 𝐷𝑖𝑠𝑡𝑎𝑛𝑐𝑒 (𝑝𝑥 , 𝑝𝑦𝑠 1 ) ≤ 𝐷𝑖𝑠𝑡𝑎𝑛𝑐𝑒 (𝑝𝑥 , 𝑝𝑦𝑠 2 )
(𝑝𝑥 → 𝑝𝑦𝑠 1 );
else
(𝑝𝑥 → 𝑝𝑦𝑠 2 );
𝑝𝑦𝑠 2 +𝑗2 ))
elseif ∃𝑘1 , 𝑗1 : (𝑝𝑥+𝑘1 = 𝑝𝑦𝑠 1 +𝑗1 ) ∧ (∀𝑘2 , 𝑗2 : (𝑝𝑥+𝑘2 ≠
𝑠
(𝑝𝑥 → 𝑝𝑦1 );
𝑝𝑦𝑠 1 +𝑗1 ) ∧ (𝑝𝑥+𝑘2 ≠
𝑝𝑦𝑠 2 +𝑗2 )
else // i.e. ∀𝑘1 , 𝑘2 , 𝑗1 , 𝑗2 : (𝑝𝑥+𝑘1 ≠
if 𝐷𝑖𝑠𝑡𝑎𝑛𝑐𝑒 (𝑝𝑥 , 𝑝𝑦𝑠 1 ) ≤ 𝐷𝑖𝑠𝑡𝑎𝑛𝑐𝑒 (𝑝𝑥 , 𝑝𝑦𝑠 2 )
(𝑝𝑥 → 𝑝𝑦𝑠 1 );
else
(𝑝𝑥 → 𝑝𝑦𝑠 2 );
else //when more than two candidates, the selection steps are similar as above
Algorithm 1: The POS alignment algorithm from hypothesis to source sentence based on 𝑛-gram.

(v) The German POS “∗TN∗” and “$∗LRB∗” are classified into the punctuation category since that they
are only used to label the German punctuations
such as dash, bracket, and so forth. After all of the
complementary mapping, the universal POS tagset
alignment for German Negra Treebank is shown in
Table 1 with the boldface POS as the added ones.
4.2. Calculation Algorithms. The designed calculation algorithms of this paper are LEPOR series. First, we introduce
the nLEPOR model, 𝑛-gram based quality estimation metric
for machine translation with augmented factor of enhanced
length penalty, precision, position difference penalty, and
recall. We will introduce the subfactors in the formula step
by step:
nLEPOR = LP × NPosPenal
𝑁

× exp ( ∑ 𝑤𝑛 log 𝐻 (𝛼𝑅𝑛 , 𝛽𝑃𝑛 ))
𝑛=1

1−𝑠/𝑐

𝑒
{
{
LP = {1
{ 1−𝑐/𝑠
{𝑒

(7)
if 𝑐 < 𝑠
if 𝑐 = 𝑠
if 𝑐 > 𝑠.

In the formula, LP means enhanced sentence length
penalty that is designed for both the shorter or longer
translated sentences (hypothesis) compared with the source
sentence. This approach is different with BLEU metric which

assigns penalty for the shorter sentence compared with the
human reference translation. Parameters 𝑐 and 𝑠 specify
the length of candidate sentence (hypothesis) and source
sentence, respectively.
The variable NPosPenal means 𝑛-gram position difference penalty that is designed for the different order of
successful matched POS in source and hypothesis sentence.
The position difference factor has been proved to be helpful
for the MT evaluation in the research work of [13]. The
alignment direction is from hypothesis to the source sentence
with the algorithm shown in Algorithm 1. This paper employs
the 𝑛-gram method into the matching process, which means
that the potential POS candidate will be assigned higher
priority if it has neighbor matching. The nearest matching
will be accepted as a backup choice if there are both neighbor
matching or there is no other matched POS around the
potential pairs. In Algorithm 1, assuming that 𝑝𝑥 represents
the current universal POS in hypothesis sentence, 𝑝𝑥+𝑘 means
the 𝑘th POS to the previous (𝑘 < 0) or following (𝑘 > 0)
position. It is the similar approach for the source sentence.
Consider
NPosPenal = 𝑒−NPD ,
NPD =

1
Lengthhyp

Lengthhyp

∑
𝑖=1



PD𝑖  ,



 
PD𝑖  = MatchPosNhyp − MatchPosNsrc  .

(8)
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Source: its(PRON)1/6 ratification(NOUN)2/6 would(VERB)3/6 require(VERB)4/6 226(NUM)5/6 votes(NOUN)6/6

Hypothesis: seine (PRON)1/5 ratifizerung(NOUN)2/5 erfordern(NOUN)3/5 wurde(VERB)4/5 226(NUM)5/5
⏐
4 4⏐
⏐
⏐ ⏐
⏐4 3 ⏐
⏐
⏐
⏐, the candidate that is closed to the current word is chosen.
⏐
⏐
⏐
<⏐
− ⏐
⏐
⏐
⏐ − ⏐
⏐
⏐
⏐
⏐5 6 ⏐ ⏐
⏐5 6 ⏐
⏐
⏐
4
1
⏐1 1 ⏐
⏐ ⏐
⏐2 2 ⏐
⏐ ⏐
⏐3 6 ⏐
⏐ ⏐
⏐4 4 ⏐
⏐ ⏐
⏐5 5 ⏐
⏐
⏐
⏐
⏐
⏐
⏐
⏐
⏐
⏐
⏐
⏐
⏐
−
NPD = × [ ⏐
⏐
⏐+ ⏐
⏐ − ⏐
⏐+ ⏐
⏐ − ⏐
⏐+ ⏐
⏐ − ⏐
⏐+ ⏐
⏐ − ⏐
⏐[ =
⏐
⏐5 6 ⏐
⏐ ⏐
⏐5 6 ⏐
⏐ ⏐
⏐5 6 ⏐
⏐ ⏐
⏐5 6 ⏐
⏐ ⏐
⏐5 6 ⏐
⏐
25
5

Figure 1: Universal POS alignment and NPD calculation example.

Source: its(PRON) ratification(NOUN) would(VERB)

Hypothesis: seine(PRON) ratifizierung(NOUN)

require(VERB) 226(NUM) votes(NOUN)

erfordern(NOUN) wurde(VERB)

226(NUM)

Figure 2: Universal POS chunk matching example for bigram precision and recall.

The parameter Lengthhyp means the length of hypothesis
sentence, MatchPosNhyp , and MatchPosNsrc as the matched
POS position number in hypothesis and source sentence,
respectively. See Figure 1 as an example.
The parameter 𝑤𝑛 is designed to adjust the weights of
different 𝑛-gram performances such as unigram, bigram,
trigram, four-gram, and so forth, which is different with the
weight assignment in BLEU where each weight is equal to
1/𝑁. In our model, higher weight value is designed for the
high level 𝑛-gram. Consider the following:

4.3. System-Level Metric. We design two approaches for
document-level calculation for the proposed algorithms:
nLEPOR𝐴 =

𝑆entNum
1
∑ NLEPOR𝑖 ,
SentNum 𝑖=1

nLEPOR𝐵 = LP × PosPenalty

(11)

𝑁

× exp ( ∑ 𝑤𝑛 log 𝐻 (𝛼𝑅𝑛 , 𝛽𝑃𝑛 )).
𝑛=1

𝑤𝑛 =

𝑛
∑𝑁
𝑖=1

𝑖

=

𝑛
,
1 + 2 + ⋅⋅⋅ + 𝑁

(𝛼 + 𝛽)
.
𝐻 (𝛼𝑅𝑛 , 𝛽𝑃𝑛 ) =
(𝛼/𝑅𝑛 + 𝛽/𝑃𝑛 )

(9)

The factor 𝐻(𝛼𝑅𝑛 , 𝛽𝑃𝑛 ) is the mathematical harmonic
mean of 𝑛-gram precision (𝑃𝑛 ) and 𝑛-gram recall (𝑅𝑛 ) in (10),
where #𝑛grammatched represents the number of matched 𝑛gram chunks. The 𝑛-gram precision (and recall) is calculated
on sentence level not corpus-level used in BLEU (𝑃𝑛 ). Let
us see the example in Figure 1 again for the explanation of
bigram precision 𝑃2 and bigram recall 𝑅2 . The number of
bigram chunks in hypothesis is 4 (PRON NOUN, NOUN
NOUN, NOUN VERB, and VERB NUM), the number of
bigram chunks in source is 5 (PRON NOUN, NOUN VERB,
VERB VERB, VERB NUM, and NUM NOUN), and the
number of matched bigram chunk is 3 (PRON NOUN,
NOUN VERB, and VERB NUM) as shown in Figure 2. So
the value of 𝑃2 and 𝑅2 equals 3/4 and 3/5, respectively.
𝑃𝑛 =

#𝑛grammatched
,
#𝑛gram chunks in hypothesis

#𝑛grammatched
𝑅𝑛 =
.
#𝑛gram chunks in source

The document-level nLEPOR𝐴 is calculated as the arithmetic mean value of each sentence-level score in the document. On the other hand, the document-level nLEPOR𝐵 is
calculated as the product of three document-level variables,
and the document-level variable value is the corresponding
arithmetic mean score of each sentence.

5. Usage in Traditional Evaluation
We introduce the potential usage of the proposed evaluation algorithms in traditional supervised (reference-aware)
MT evaluation methods. In the unsupervised design, the
nLEPOR metric is measured on the source and target POS
sequences instead of the surface words. In the exploration
of its usage in the traditional supervised MT evaluations, we
measure the nLEPOR score on the target translations (system
outputs) and reference translations, that is, measuring on
the surface words. The pseudoreference (source language)
is replaced with real reference here. The performance of
simplified variant nLEPOR𝐴 will be tested using the reference
translations.

6. Evaluating the Evaluation Method
(10)

The conventional method to evaluate the quality of different automatic MT evaluation metrics is to calculate their
correlation scores with human judgments. The Spearman
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Table 2: Performances on the WMT11 training corpora.
Metrics
AMBER
BLEU
METEOR
nLEPOR𝐴
nLEPOR𝐵

UseReference?
Yes
Yes
Yes
No
No

Table 3: Performances on the WMT12 testing corpora.
rs
0.53
0.44
0.30
0.63
0.60

Bold fonts mean the best performance.

6 ∑𝑛𝑖=1 𝑑𝑖2
,
𝑛 (𝑛2 − 1)

(12)

where 𝑑𝑖 is the difference value (𝐷-value) between the two
coordinate rank variables (𝑥𝑖 − 𝑦𝑖 ).
Secondly, the Pearson correlation coefficient information
is introduced as below. Given a sample of paired data (𝑋, 𝑌)
as (𝑥𝑖 , 𝑦𝑖 ), 𝑖 = 1 to 𝑛, the Pearson correlation coefficient is
𝜌𝑋𝑌 =

∑𝑛𝑖=1 (𝑥𝑖 − 𝜇𝑥 ) (𝑦𝑖 − 𝜇𝑦 )
√∑𝑛𝑖=1

UseReference?
Yes
Yes
Yes
No
No

rs
0.25
0.22
0.18
0.34
0.33

Bold fonts mean the best performance.

rank correlation score (𝑟𝑠 ) and Pearson correlation score 𝜌
are commonly used by the annual workshop of statistical
machine translation (WMT) of Association for Computa⇀

tional Linguistics (ACL) [25, 31, 32]. Assuming that 𝑋 =
⇀

{𝑥1 , 𝑥2 , . . . , 𝑥𝑛 } and 𝑌 = {𝑦1 , 𝑦2 , . . . , 𝑦𝑛 } are two rank
sequences and 𝑛 is the number of variables, when there are
no ties, Spearman rank correlation coefficient is calculated as
𝑟𝑠0(𝑋𝑌) = 1 −

Metrics
AMBER
BLEU
METEOR
nLEPOR𝐴
nLEPOR𝐵

(𝑥𝑖 − 𝜇𝑥 )

2

√ ∑𝑛𝑖=1

(𝑦𝑖 − 𝜇𝑦 )

2

,

(13)

where 𝜇𝑥 and 𝜇𝑦 specify the arithmetical means of discrete
random variable 𝑋 and 𝑌, respectively.

7. Experiments
7.1. Unsupervised Performances. In the unsupervised
MT evaluation, this paper uses the English-to-German
machine translation corpora (produced by around twenty
English-to-German MT systems) from ACL-SIGMT (http://
www.sigmt.org/), which makes the annual workshop corpora
public available for further research purpose. Each document
contains 3,003 sentences of source English or translated
German. To avoid the over fitting problem, the WMT2011
(http://www.statmt.org/wmt11/) corpora are used as training
data and WMT2012 (http://www.statmt.org/wmt12/) corpora
are used for the testing. This paper conducts the experiments
on the simplified version (unigram precision and recall) of
the metric.
Table 2 shows the system-level Spearman rank correlation scores of nLEPOR with human judgments trained on
the WMT2011 data, as compared to several state-of-theart reference-aware automatic evaluation metrics including
BLEU, METEOR, and AMBER.
In the training period, the parameter values of 𝛼 (weight
on recall) and 𝛽 (weight on precision) are tuned to 1 and

9, respectively, which is different with the reference-aware
metric METEOR (more weight on recall). Bigram is selected
for the 𝑛-gram universal POS alignment period. The correlation scores in Table 2 show that the proposed evaluation
approaches of this paper have achieved higher score (0.63
and 0.60, resp.) in training period than the other evaluation
metrics (with the score 0.53, 0.44, and 0.30, resp.) apparently
even though the compared metrics are reference aware.
Testing result of the proposed evaluation approaches on
the WMT2012 corpora is shown in Table 3 with the same
parameter values obtained as in training, also compared with
the state-of-the-art evaluation metrics. The correlation scores
in Table 3 show the same rank results with Table 2, METEOR
achieving the lowest score (0.18), AMBER (0.25) achieving
score higher than BLEU (0.22), and NLEPOR family yielding
the highest correlation coefficient (0.34 and 0.33, resp.)
with human judgments as previous. The test results show
the robustness of the proposed evaluation approaches. The
experiments also show that the latest proposed metrics (e.g.,
AMBER) achieve higher correlation score than the earlier
ones (e.g., BLEU).
7.2. Supervised Performances. As mentioned previously,
to explore the performance of the designed algorithm
nLEPOR𝐴 in the traditional reference-aware MT evaluation
track, we also use the WMT11 corpora as training data
and WMT12 corpora as testing data to avoid the overfitting
phenomenon. The number of participated MT systems that
offer the output translations is shown in Table 5 for each
language pair. In the training period, the tuned values of 𝛼
and 𝛽 are 9 and 1, respectively, for all language pairs except
for (𝛼 = 1, 𝛽 = 9) for CS-EN. The training results on WMT11
eight corpora including English-to-other (CS-Czech, DEGerman, ES-Spanish, FR-French), and other-to-English are
shown in Table 4. The aim of the training stage is to achieve
higher correlation with human judgments. The experiments
on WMT11 corpora show that nLEPOR𝐴 yields the best
correlation scores on the language pairs of CS-EN, ES-EN,
EN-CS, and EN-ES, which contributes to the highest average
score 0.77 on all the eight language pairs. The testing results
on WMT12 corpora show that nLEPOR𝐴 yields the highest
correlation score with human judgments on CS-EN (0.89)
and EN-ES (0.45) language pairs, and the highest average
correlation scores on other-to-English (0.85), English-toother (0.58), and all the eight corpora (0.71) (Table 6).
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Table 4: The performances on WMT11 training corpora using Spearman correlation.

System
nLEPOR𝐴
METEOR
BLEU
TER

CS-EN
0.95
0.91
0.88
0.83

Correlation score with human judgments
Other-to-English
English-to-other
DE-EN
ES-EN
FR-EN
Mean
EN-CS
EN-DE
EN-ES
0.61
0.96
0.88
0.85
0.68
0.35
0.89
0.71
0.88
0.93
0.86
0.65
0.30
0.74
0.48
0.90
0.85
0.78
0.65
0.44
0.87
0.33
0.89
0.77
0.71
0.50
0.12
0.81

EN-FR
0.83
0.85
0.86
0.84

Mean
0.69
0.64
0.71
0.57

Mean
0.77
0.75
0.74
0.64

Bold fonts mean the best performance.

Table 5: The number of effective MT systems in WMT11 and WMT12.
Number of evaluated MT systems
Year
WMT11
WMT12

Other-to-English
DE-EN
ES-EN
20
15
16
12

CS-EN
8
6

FR-EN
18
15

EN-CS
10
13

English-to-other
EN-DE
EN-ES
22
15
15
11

EN-FR
22
15

Table 6: The performances on WMT12 testing corpora using Spearman correlation.
System
nLEPOR𝐴
METEOR
BLEU
TER

CS-EN
0.89
0.66
0.89
0.89

Correlation score with human judgments
Other-to-English
English-to-other
DE-EN
ES-EN
FR-EN
Mean
EN-CS
EN-DE
EN-ES
0.77
0.91
0.81
0.85
0.75
0.34
0.45
0.89
0.95
0.84
0.84
0.73
0.18
0.45
0.67
0.87
0.81
0.81
0.80
0.22
0.40
0.62
0.92
0.82
0.81
0.69
0.41
0.45

EN-FR
0.77
0.82
0.71
0.66

Mean
0.58
0.55
0.53
0.55

Mean
0.71
0.69
0.67
0.68

Bold fonts mean the best performance.

Table 7: The tuned weight values in hLEPOR.
Ratio
HPR : LP : NPosPenal (word)
HPR : LP : NPosPenal (POS)
𝛼 : 𝛽 (word)
𝛼 : 𝛽 (POS)
𝑤hw : 𝑤hp

CZ-EN
7:2:1
NA
1:9
NA
NA

Other-to-English
DE-EN
ES-EN
FR-EN
3:2:1
7:2:1
3:2:1
3:2:1
NA
3:2:1
9:1
1:9
9:1
9:1
NA
9:1
1:9
NA
9:1

RU-EN
3:2:1
3:2:1
1:1
1:1
1:1

EN-CZ
7:2:1
7:2:1
9:1
9:1
1:9

English-to-other
EN-DE
EN-ES
EN-FR
1:3:7
3:2:1
3:2:1
7:2:1
NA
3:2:1
9:1
9:1
9:1
9:1
NA
9:1
1:9
NA
9:1

EN-RU
3:2:1
3:2:1
1:1
1:1
1:1

Table 8: The number of effective MT systems in WMT13.
Year
WMT13

CS-EN
12

Number of evaluated MT systems
Other-to-English
English-to-other
DE-EN
ES-EN
FR-EN
RU-EN
EN-CS
EN-DE
EN-ES
EN-FR
23
17
19
23
14
21
18
23

EN-RU
19

Table 9: The performances on WMT13 shared tasks using Spearman rank correlation.
Correlation score with human judgments
System
hLEPOR
nLEPOR𝐴
METEOR
BLEU
TER

CS-EN
0.80
0.85
0.96
0.94
0.80

DE-EN
0.93
0.95
0.96
0.90
0.83

Bold fonts mean the best performance.

Other-to-English
ES-EN
FR-EN
0.75
0.95
0.83
0.95
0.98
0.98
0.88
0.99
0.83
0.95

RU-EN
0.79
0.72
0.81
0.67
0.60

Mean
0.84
0.86
0.94
0.88
0.80

EN-CS
0.75
0.82
0.94
0.90
0.86

EN-DE
0.90
0.90
0.88
0.79
0.85

English-to-other
EN-ES
EN-FR
0.84
0.90
0.85
0.92
0.78
0.92
0.76
0.90
0.75
0.91

EN-RU
0.85
0.73
0.57
0.57
0.54

Mean
0.85
0.84
0.82
0.78
0.78
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Table 10: The performances on WMT13 shared tasks using Pearson correlation.
Correlation score with human judgments
System
hLEPOR
nLEPOR𝐴
METEOR
BLEU
TER

CS-EN
0.81
0.80
0.99
0.89
0.77

DE-EN
0.96
0.94
0.96
0.91
0.87

Other-to-English
ES-EN
FR-EN
0.90
0.96
0.94
0.96
0.97
0.98
0.94
0.94
0.91
0.93

RU-EN
0.71
0.69
0.84
0.60
0.80

Mean
0.87
0.87
0.95
0.86
0.80

EN-CS
0.76
0.82
0.82
0.80
0.70

EN-DE
0.94
0.92
0.88
0.82
0.73

English-to-other
EN-ES
EN-FR
0.91
0.91
0.90
0.92
0.88
0.91
0.88
0.90
0.78
0.91

EN-RU
0.77
0.68
0.55
0.62
0.61

Mean
0.86
0.85
0.81
0.80
0.75

Bold fonts mean the best performance.

7.3. Enhanced Model and the Performances. In the previous sections, we have introduced the 𝑛-gram based metric nLEPOR and its performances in both supervised and
unsupervised cases. In this section we will introduce an
enhanced version of the proposed metric, which is called
as hLEPOR (harmonic mean of enhanced length penalty,
precision, 𝑛-gram position difference penalty, and recall).
There are two contributions of this enhanced model. Firstly,
it assigns different weights to three subfactors, which are
tunable according to different language pairs. This property
can help to address the language-bias problem existing in
many current automatic evaluation metrics. Secondly, it is
designed to combine the performances on words and POS
together, and the final score is the combination of them:
hLEPOR =

𝑤LP + 𝑤NPosPenal + 𝑤HPR
,
𝑤LP /LP + 𝑤NPosPenal /NPosPenal + 𝑤HPR /HPR
(14)

where HPR is the harmonic mean of precision and recall as
mentioned above 𝐻(𝛼𝑅𝑛 , 𝛽𝑃𝑛 ). Consider
hLEPORfinal =

1
𝑤hw + 𝑤hp
× (𝑤hw hLEPORword + 𝑤hp hLEPORPOS ) .
(15)

Firstly, we calculate the hLEPOR score on surface
words hLEPORword , that is, the closeness of the hypothesis
translation and the reference translation. Then we calculate the hLEPOR score on the extracted POS sequences
hLEPORPOS , that is, the closeness of the corresponding POS
tags between hypothesis sentence and reference sentence.
The final score hLEPORfinal is the combination of the two
subscores hLEPORword and hLEPORPOS .
We introduce the performances of nLEPOR and hLEPOR in the WMT13 (http://www.statmt.org/wmt13/) shared
evaluation tasks below. Both of the two metrics are trained
on WMT11 corpora. The tuned parameters of hLEPOR are
shown in Table 7, using default values for EN-RU and RUEN. The number of MT systems for each language pair in
WMT13 is shown in Table 8. There is a new language Russian
in WMT13, which leads to the increasing of total number
of corpora into ten. Due to the fact that there is no Russian

language in the past WMT shared tasks, for EN-RU and RUEN corpora, we assign the default values 𝛼 = 1 and 𝛽 = 1 in
nLEPOR.
In the WMT13 shared tasks, both Pearson correlation
coefficient and the Spearman rank correlation coefficient are
used as the evaluation criteria. So we list the official results
in Tables 9 and 10, respectively, by using Spearman rank
correlation and Pearson correlation criteria.
Using the Spearman rank correlation coefficient, the
experiment results on WMT13 in Table 9 show that hLEPOR
yields the highest correlation scores on EN-DE (0.90), ENRU (0.85), and the highest average correlation score (0.85) on
five English-to-other corpora; nLEPOR𝐴 yields the highest
correlation scores on EN-DE (0.90), EN-ES (0.85), and ENFR (0.92) and the second highest average correlation score
(0.84) on five English-to-other corpora.
Using the Pearson correlation coefficient, the experiment
results on WMT13 in Table 10 show that hLEPOR yields the
highest correlation scores on EN-DE (0.94), EN-ES (0.91),
and EN-RU (0.77) and the highest average correlation score
(0.86) on five English-to-other corpora; nLEPOR𝐴 yields the
highest correlation scores on EN-ES (0.82) and EN-FR (0.92)
and the second highest average correlation score (0.85) on five
English-to-other corpora.
On the other hand, METEOR yields the best performances on other-to-English translation evaluation direction.
This is due to the fact that METEOR employs many external
materials including stemming, synonyms vocabulary, paraphrasing resources, and so forth. However, to make the
evaluation model concise, our method nLEPOR only uses
the surface words and hLEPOR only uses the combination of
surface words and POS sequences. This shows the advantages
of our designed methods, that is, concise linguistic feature.
As mentioned previously, the language-bias problem is
presented in the evaluation results of BLEU metric. BLEU
yields the highest Spearman rank correlation score 0.99
on FR-EN; however it never achieves the highest average
correlation score on any translation direction, due to the
very low correlation scores on RU-EN, EN-DE, EN-ES,
and EN-RU corpora. Our metrics LEPOR series address
the language-bias problem by using augmented factors and
tunable parameters.
The evaluation results in Tables 9 and 10 show that
the evaluation on the language pairs with English as the
source language (English-to-other) is the main challenge at
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Table 11

POS
$∗LRB∗
$,

Table 11: Continued.
Frequency
213
4590

$.
∗T1∗

3270
68

∗T2∗
∗T3∗
∗T4∗

11
3
1

ADJA
ADJD

4337
1943

ADV
APPO
APPR

2900
14
5325

APPRART
APZR

1187
29

ART
CARD
FM

7748
1135
172

ITJ
KOKOM

1
166

KON
KOUI
KOUS

1943
136
929

NE
NN
PDAT

4102
15211
340

PDS
PIAT

292
252

PIDAT
PIS
PPER

292
824
1827

PPOSAT
PRELAT

703
38

PRELS
PRF
PROAV

810
471
280

PTKA
PTKANT

37
5

PTKNEG
PTKVZ
PTKZU

393
433
476

PWAT
PWAV

14
240

PWS
TRUNC
VAFIN
VAINF
VAPP
VMFIN

86
18
2197
202
84
417

POS
VMINF
VVFIN
VVIMP
VVINF
VVIZU
VVPP
XY

Frequency
4
3818
18
1051
173
1408
14

system-level performance. Fortunately, the designed evaluation methods of this paper have made some contributions on
this translation evaluation direction.

8. Discussion
The Spearman rank correlation coefficient is commonly used
in the WMT shared tasks as the special case of Pearson
correlation coefficient applied to ranks. However, there is
some information that cannot be reflected by using Spearman
rank correlation coefficient instead of Pearson correlation
coefficient. For example, let us assume there are three auto
→
matic MT systems 𝑀 = {𝑀1 , 𝑀2 , 𝑀3 } and two automatic MT
evaluation systems MTE𝐴 and MTE𝐵 . The evaluation scores
of the two evaluation systems on the three MT systems are
→
→
MTE𝐴 = {0.90, 0.35, 0.40} and MTE𝐵 = {0.46, 0.35, 0.42},
̂coefficient,
respectively. Using the Spearman rank correlation

→
̂
the two
vectors will be first converted into MTE𝐴 = {1, 3, 2}
→
and MTE𝐵 = {1, 3, 2}, respectively, then their correlation with
human rank results (human judgments) will be measured.
Thus, the two evaluation metrics will yield the same Spearman rank correlation score with human judgments no matter
what the manual evaluation results will be. However, the
evaluation systems MTE𝐴 and MTE𝐵 actually tell different
results on the quality of the three MT systems. The evaluation
system MTE𝐴 gives very high score 0.90 on 𝑀1 system and
similar low scores 0.35 and 0.40, respectively, on 𝑀2 and 𝑀3
systems. On the other hand, the evaluation system MTE𝐵
yields similar scores 0.46, 0.35, and 0.42, respectively, on the
three MT systems, which means that all the three automatic
MT systems have low translation quality. Using the Spearman
rank correlation coefficient, the above important information
is lost.
On the other hand, the Pearson correlation coefficient
uses the absolute scores yielded by the automatic MT evaluation systems as shown in (13), without the preconverting
into rank values.

9. Conclusions and Future Works
To avoid the usage of expensive reference translations, this
paper designs a novel unsupervised MT evaluation model
for English to German translation by employing augmented
factors and universal POS tagset. Furthermore, the proposed
unsupervised model yields higher correlation score with
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human judgments as compared to the reference-aware metrics METEOR, BLEU, and AMBER.
The application of the designed algorithms to the traditional supervised evaluation tasks is also explored. To address
the language-bias problem in most of the existing metrics,
tunable parameters are assigned to different subfactors. The
experiment on WMT11 and WMT12 corpora shows that our
designed algorithms yields the highest average correlation
score on eight language pairs as compared to the state-of-theart reference-aware metrics METEOR, BLEU, and TER.
On the other hand, to address the linguistic-extreme
problem (no linguistic information or too many linguistic
features), our method utilizes the optimized linguistic feature
POS sequence, in addition to the surface words, to make the
model concise and easy to repeat.
Last, this paper also makes a contribution to the complementary POS tagset mapping between German and English
in the light of 12 universal tags.
The developed algorithms in this paper are freely available
for research purpose (https://github.com/aaronlifenghan/
aaron-project-lepor). In the future works, to test the robustness of the designed algorithms and models, we will seek
more language pairs, such as the Asian languages Chinese,
Korean, and Japanese, to conduct the experiments, in addition to the official European languages offered by SIGMT
association. Secondly, the experiments using multireferences
will be considered. Thirdly, how to handle the MT evaluation from the aspect of semantic similarity will be further
explored.

Appendix
This appendix offers the POS tags and their occurrences
number in one of WMT2012 German documents containing
3,003 sentences and parsed by Berkeley parser for German
language, that is, trained on German Negra Treebank.
Number of different POS tags in the document is 55.
Detailed POS labels (boldface POSs are not covered in the
original mapping) and their frequencies are given in Table 11.
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The distributed SLAM system has a similar estimation performance and requires only one-fifth of the computation time compared
with centralized particle filter. However, particle impoverishment is inevitably because of the random particles prediction and
resampling applied in generic particle filter, especially in SLAM problem that involves a large number of dimensions. In this paper,
particle filter use in distributed SLAM was improved in two aspects. First, we improved the important function of the local filters
in particle filter. The adaptive values were used to replace a set of constants in the computational process of importance function,
which improved the robustness of the particle filter. Second, an information fusion method was proposed by mixing the innovation
method and the number of effective particles method, which combined the advantages of these two methods. And this paper
extends the previously known convergence results for particle filter to prove that improved particle filter converges to the optimal
filter in mean square as the number of particles goes to infinity. The experiment results show that the proposed algorithm improved
the virtue of the DPF-SLAM system in isolate faults and enabled the system to have a better tolerance and robustness.

1. Introduction
Autonomous localization is a process of determining the
robot’s position without the use of any a priori information
external to the robot except for what the robot senses about its
unknown environment. This is also known as Simultaneous
Localization and Mapping (SLAM), as introduced in [1, 2],
where the robot has a capability for online map building,
while simultaneously using the generated map to estimate
and correct errors in the navigation solution obtained. It
is well known that SLAM using an optimal filter, such as
EKF-SLAM [3, 4], PF-SLAM [5], and FastSLAM [6–8], has
been applied in many systems and solved a lot of pragmatic
problems.
However, SLAM based on single centralized filter must
reconfigure the entire system equation when the feature
points change, which cause an exponential growth in computation quantities and difficulties in isolate potential faults.
To tackle these limitations of centralized filter, Won et al.
proposed a distributed particle filter for implementing visionSLAM [9, 10]. Different from centralized particle filter, the
distribute SLAM divides particle filter to some “feature point

blocks” and some “landmark blocks,” which make it easier to
design the filter and simplify the calculation. The simulation
results showed that the distributed SLAM system has a similar
estimation performance and requires only one-fifth of the
computation time compared with centralized particle filter.
However, particle impoverishment is inevitably induced
because of the random particles prediction and resampling
applied in generic particle filter [11], especially in SLAM
problem that involves a large number of dimensions. If the
generated particles are too far from the likelihood distribution, the particle weights will approach zero with only
a few particles carrying significant weights, making other
particles not efficient to produce accurate estimation results.
In general, there are two types of improved methods for these
problems.
(1) There are many improved resampling methods that
have been discussed, such as binary search [11], systematic resampling [12], and residual resampling [13].
However, these methods are not ideal because the
copied samples are no longer statistically independent
after resampling sample. Therefore the convergence
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result obtained from previous step will be lost, which
is called losing sampling diversity. These problems
caused the same problem in distributed particle filter
used for SLAM problem.

B1

(2) Another improved method was optimizing the proposal distribution using optimal estimation algorithms such as extended Kalman [14], or unscented
Kalman filter [15, 16]. Since these methods, especially
for unscented PF, estimate the proposal distribution
in order to minimize the variance of the importance
weights, which ensure that the weights are upper
bounded. Thus it is not a surprise that unscented
particle filter yields better proposal distribution than
other methods.
In this paper, the improved particle filter was proposed
to estimate the state vector of distributed SLAM. The performance of the particle filter is affected by several factors in
its operation. First, the important function used to calculate
the probability of the particles in local filters. To calculate the
probability of these particles, the variance of these particles
has to be estimated. The precision of the estimation results
will be improved if the estimation variance is close to the
real variance of the particles. By changing the parameter
from a set of constants to a variable, determined by the
variance of the particles in each local filter. Second, the fusion
algorithm is applied to calculate the estimation results in
the master filter. In distributed filter, the estimation results
of each local filter are transmitted to the master filter to
calculating the estimation results by fusion algorithm. There
are two methods for calculate the weights of the local filters:
the precision of the local filter and the number of effective
particles. Both of these methods have their advantages and
drawbacks. Then an improved method which mixed these
two methods was proposed to calculate the weights of the
local filters. In order to test the accuracy and tolerance of
the proposed algorithm, two experiments were carried out.
Experiment results show that the improved particle filter has
better performance in accuracy and tolerance.
The remainder of this paper is organized as follows.
Section 2 explains the SLAM system based on laser sensor
and Section 3 introduced the DPF applied in SLAM system. Section 3 proposes an improved DPF-SLAM system.
Section 3 introduced structure of the improved DPF-SLAM
system. Section 4 presents the results of simulation and
Section 5 states our conclusion.

2. Distributed SLAM System
2.1. The Centralized SLAM System. In SLAM system, although the absolute position of the autonomous robot is not
accessible, it is possible to use the information of indirect
observation to estimate the position of the autonomous robot
and maintain the error in a small range. SLAM, however, is
rarely used alone but is combined mostly with dead reckoning
(DR) or inertial navigation system (INS), because it has a
low update rate for providing navigation information. The
composing of SLAM system is dead reckoning (DR) and laser
system, which is shown in Figure 1.

z(k) = (r, 𝛽)

2

𝛽
xl

B2

yl
𝜙

𝛼
c

xL

Figure 1: Vehicle system.

A SLAM system model combines the robot’s kinematics
model with the feature point model. The state vectors of the
kinematics model represent position and azimuth; those of
the feature point model refer to the feature point position,
which is assumed to be a fixed point and its error is therefore
modeled into a random constant. Equation (1) describes a
system model used in SLAM system as follows:
ẋ= 𝐹x + 𝐺W,

(1)

where
𝑇

x = [x𝑟 m1 m2 ⋅ ⋅ ⋅ m𝑛 ] ,
V𝑐 ⋅ cos (𝜙)
𝑥𝑟̇
[
]
[ ]
[ V𝑐 ⋅ sin (𝜙) ]
[𝑦𝑟̇]
[
] + 𝛾.
ẋ
𝑟 = [ ] = 𝑓 (x) + 𝛾 = [
]
[ ]
V
[
]
𝑐
⋅ tan (𝛼)
𝜙𝑟̇
𝐿
[ ]
[
]

(2)

𝑥𝑟̇, 𝑦𝑟̇, 𝑧̇
𝑟 is the change of the state. 𝐿 is the distance between
wheels. 𝛾 is the of the noise in DR system. m1:𝑛 is feature point
position.
The ranging and bearing of the feature points are utilized
to configure a SLAM system, and these values are determined
by the azimuth of the robot and the relative position between
the robot and feature points. The ranging and bearing noises
can be assumed to be in a simple relationship of summation
so that the observation equation is converted into following
nonlinear equation:
z (𝑘) = ℎ (x𝑟 (𝑘) , m𝑖 (𝑘)) + k (𝑘) ,

(3)

where z, x𝑟 , and m𝑖 stand for the observed value, the
vehicle related state, and the position of the 𝑖th feature point,
respectively. The measurement noise, described as k𝑁(0, 𝑅),
can be assumed to be normal distribution with the covariance
of 𝑅.
The observed value z(𝑘) = (𝑟, 𝛽) received by the laser
sensor is the ranging and bearing information of different

The Scientific World Journal

3

feature points 𝑚𝑖 (𝑖 = 1 . . . 𝑛), where 𝑟 is the distance between
sensor and feature points and 𝛽 is the bearing measured
by the laser sensor in robot coordinate. When multiple
landmarks were observed, the observation vector will be
represented by the following:
ℎ (x𝑟 (𝑘) , m1 )
z1
[z2 ] [ℎ (x𝑟 (𝑘) , m2 )]
]
[ ] [
z = [ .. ] = [
] + k (𝑘) ,
..
]
[.] [
.
[z 𝑛 ]

𝑧2 = ℎ (xV (𝑘) , m2 ) + V2 (𝑘)
..
.

(6)

ẋ
V = 𝑓 (xV ) + 𝛾
𝑧𝑛 = ℎ (xV (𝑘) , m𝑛 ) + V𝑛 (𝑘) .

(4)

[ℎ (x𝑟 (𝑘) , m𝑛 )]

The estimation results were feedback to correct the position
of vehicle.
The system model of the distributed landmarks position
estimation system is described in the following:
ṁ1 = 0

where
√(𝑥𝑖 − 𝑥𝐿 )2 + (𝑦𝑖 − 𝑦𝐿 )2
[
]
[
]
ℎ (x𝑟 (𝑘) , m𝑖 ) = [
] + k (𝑘) .
(𝑦𝑖 − 𝑦𝐿 )
𝜋
[𝑎 tan (
) − 𝜙𝐿 + ]
2
(𝑥𝑖 − 𝑥𝐿 )
[
]
(5)
(𝑥𝑖 , 𝑦𝑖 ) is the coordinate of the 𝑖th feature point, 𝑖 = 1, 2, . . . , 𝑛
is the number of the feature points measured, and 𝑥𝐿 , 𝑦𝐿 , 𝜙𝐿
is the location of the sensor in robot coordinate.
2.2. The Structure of Distributed SLAM System. Based on
the system model in (1), it is evident that is a nonlinear
system. The most widely applied solutions of SLAM system
are EKF, UKF, and PF. However, the SLAM system based
on EKF, UKF, or PF uses only one centralized filter, which
uses a single filter to estimate all states of SLAM system.
With the running of the robot, the number of feature points
which can be observed will change. Therefore, the structure
of centralized SLAM system must be reconfigured whenever
the observation environment of the landmarks changes. On
the other hand, these centralized filters will cause quantum
of calculation to extend with the state vector increasing.
Furthermore, centralized filter is hard to detect and isolate
possible faults.
To tackle the drawbacks of centralized SLAM system,
Won et al. proposed SLAM system based on distributed
particle filter [10], which replaced the single centralized
particle filter with local particle filters and a master filter. This
technique avoids the necessity to change the structure of filter
with the dimension of observation. And each local particle
filter can get its own estimation result separately. Thus, even
if some of the observations of the local filter contain large
errors, it is easy to eliminate its effect.
Won et al. proposed the structure of distributed SLAM
system including feature pint position subsystem and robot’s
position and attitude subsystem. The distributed SLAM
system model of the vehicle’s position estimated system is
described in the following:
ẋ
V = 𝑓 (xV ) + 𝛾
𝑧1 = ℎ (xV (𝑘) , m1 ) + V1 (𝑘)
ẋ
V = 𝑓 (xV ) + 𝛾

𝑧1 = ℎ (xV (𝑘) , m1 ) + V1 (𝑘)
ṁ2 = 0
𝑧2 = ℎ (xV (𝑘) , m2 ) + V2 (𝑘)

(7)

..
.
ṁ2 = 0
𝑧2 = ℎ (xV (𝑘) , m2 ) + V2 (𝑘) .
The estimation results of the feature point position
subsystem are used to update the environment map. And
the estimation results of the robot’s position and attitude
subsystem are transmitted into the master filter, which fused
estimation results from each of the local filters to estimate
robot’s position and attitude. When fusing state vectors from
the local filters, the master filter applies different weights
to each local filter. Here the weights are set based on the
innovation of each local filter.

3. The Improved Distributed Particle Filter
The distributed SLAM reduces the computation quantities
and has similar estimation performance compared with centralized SLAM. However, there are some limitations inherent
in particle filter, such as particle impoverishment and losing
sampling diversity, which will cause divergence of the filter.
In this section, the improved distributed particle filter
was proposed to improve the performance of the distributed
particle filter in two different aspects. First, the improved
important function method in the local particle filters was
proposed by adaptive adjusting of the estimation value of
covariance. Second, an information fusion method was proposed by mixing the innovation and the number of effective
particles methods.
The structure of improved DPF, proposed in this paper to
realize a SLAM system, is described in Figure 2. In Figure 2,
there are two subsystem blocks in the IDPF-SLAM system:
state subsystem block and mapping subsystem block. State
subsystem estimates the state of the robot using the proposed
Improved DPF. Mapping subsystem estimates the position of
the landmarks and updates the map of the environment using
Improved DPF.
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Sensor

State estimation block

Landmarks
extracting

IPF1

Neff

IPF2

Innovation

..
.

Landmarks
matching

Navigation
information

Master filter

Measurement 1

IPF1

Measurement 2

IPF2

Mapping
...
Data association block

..
.

Map updating block

Figure 2: The structure of improved DPF SLAM system.

3.1. The Improved Important Function. Roughly speaking,
particle filters are numerical algorithms to approximate the
conditional distribution by an empirical distribution, constituted by a cloud of particles at each time instant. Thus
one important feature of the particle filter is that a series
(𝑖)
; 𝑖 = 1, . . . , 𝑁}
of particles are generated randomly {𝑥0:𝑡
from posterior distribution which is used to map integrals
to discrete sums. In other words, the posterior can be
approximated by the following empirical estimation:
𝑝̂ (x0:𝑡 | y1:𝑡 ) =

𝑁

1
∑𝛿 (𝑖) (𝑑x0:𝑡 ) ,
𝑁 𝑖=1 𝑥0:𝑡

(8)

where 𝛿𝑥(𝑖) (𝑑x0:𝑡 ) denotes the Dirac delta function.
0:𝑡
Base on (8), (9) can be estimate by (10)
𝐸 (g𝑡 (x0:𝑡 )) = ∫ g𝑡 (x0:𝑡 ) 𝑝 (x0:𝑡 | y1:𝑡 ) 𝑑x0:𝑡
𝐸 (g𝑡 (x0:𝑡 )) =

1 𝑁
∑g (x(𝑖) ) .
𝑁 𝑖=1 𝑡 0:𝑡

(9)

𝑁→∞

of g𝑡 (x0:𝑡 ) is bounded which means. Consider
(11)

𝑁→∞

Thus, if we assumed that the distribution of the particles
obeys gauss distribution, whose mean and variance are
observation, the probability of the particles can be estimated
by (12). This is the most popular used method to generate the
probabilities of the particle filters:
∗

∗

∗

𝑇

∗

(13)

𝑖=1

∗

𝑤𝑘𝑖 =

1

𝑖∗

(2𝜋)𝑛V /2 √det R𝑘

𝑒−(1/2)(z𝑘 −h𝑘 (x𝑘

∗

))𝑇 (R𝑘 )−1 (z𝑘 −h𝑘 (x𝑘𝑖 ))

.

(14)
In the improved method, R𝑘 is substituted by the estimation covariance R𝑘 , which is calculated in each iteration
to improve the robustness of the particle filter. The adaptive
adjustment process of estimation covariance receives a better
weight for the particles by recalculation step. Since R𝑘 is
calculated in every iteration step, the improved particle filter
has a better robustness. Therefore, the improved distributed
particle filter systems are better than the original system in
accuracy and robustness.
3.2. Information Fusion Method. One of the most important
advantages of DPF is that by setting different weights to local
filters in the master filter, which can reduce the probability of
the particle filter with bad performance. From the principle
of information sharing scheme, the weights set to individual
local filter can be described by
𝛽1 + 𝛽2 + ⋅ ⋅ ⋅ + 𝛽𝑛 = 1,

√𝑁 (𝐸 (g𝑡 (x0:𝑡 )) − 𝐸 (g𝑡 (x0:𝑡 )))

𝑤𝑘𝑖 =

𝑁

R𝑘 = √ ∑𝑤𝑘𝑖 (z𝑘 − h𝑘 (x𝑘𝑖 )) (z𝑘 − h𝑘 (x𝑘𝑖 ))

(10)

(𝑖)
are assumed to be independent and
The particles x0:𝑡
identically distributed.
According to the law of large numbers, we have
𝐸(g𝑡 (x0:𝑡 )) → 𝐸(g𝑡 (x0:𝑡 )). And if the posterior variance

→ 𝑁 (0, var𝑝(x0:𝑡 y1:𝑡 ) (g𝑡 (x0:𝑡 ))) .

covariance of the particles, which is an important factor for
the particle filter. And the estimation accuracy of particle
filter will decline when the estimation covariance diverges
from the real particles covariance of the particles.
Generally, R𝑘 is set roughly as a fixed constant to generate
the weights of the particles. But this method has its limitation,
for the particle covariance may vary in iterative process and
will be different in individual local filters. Setting R𝑘 as a fixed
constant will cause R𝑘 to diverge from the real covariance of
the particles.
In this paper, the adaptive calculation method was
proposed to adjust R𝑘 by the covariance of the particles
in iterative process. Firstly, a fixed constant R𝑘 is used to
generate the basic probability of particles. Secondly, the
covariance of these particles is used to generate the new value
R𝑘 by (13). The new value R𝑘 is used to generate the final
weights by (12).

∗
𝑖∗
1
−(1/2)(z𝑘 −h𝑘 (x𝑘𝑖 ))𝑇 R−1
𝑘 (z𝑘 −h𝑘 (x𝑘 ))
𝑒
, (12)
(2𝜋)𝑛V /2 √det R𝑘

where (z−h(x)) is the difference between recursive estimation
and observation. R𝑘 is the estimation value for the real

(15)

where 𝛽𝑛 represents the weights allots to each local filter.
In [10], the weights are allotted based on the innovation
of each local filter and are calculated in (4). In this method,
the innovations (the difference between observation and
estimation) were used to evaluate the performance of the
local filter; a larger innovation represents a worse quality of
the local filter and allotted a lesser weight in master filter.
This method can reduce the affection of the observation noise
uncertainty, but this method will fail when the estimation
results of the local filters are not accurate enough. Therefore,
the weight allocation for individual local filters must consider
the estimation performance of individual local filters.
The number of effective particles (𝑁eff ) represents the
efficiency of the local filter because the value is calculated
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Step 1. Initialization, initialize the position of the
𝑗
robot XV , and the particles X𝑘 in local filters.
for 1 : 𝑛
{
Step 2. Reconstruct the local filters
{
Delete the local filters without input observation
Added local filters for new observation
}
Step 3. Generate the probabilities of the particles
The probabilities of the particles in local filters
are calculated by (∗). The particles closer
to the observation have larger probabilities.
𝑖∗ 𝑇 −1
𝑖∗
1
𝑒−(1/2)(z𝑘 −h𝑘 (x𝑘 )) R𝑘 (z𝑘 −h𝑘 (x𝑘 ))
(∗)
𝑤𝑘𝑖∗ =
𝑛V /2
(2𝜋) √det R𝑘
(a) Update the weights of the particles in time k by (∗).
(b) Calculate the variance of the particles and
use the variance as parameter R𝑘 to
recalculate the w𝑘𝑖∗ by (∗).
(c) Update 𝜔𝑖𝑘 by (∗∗)
(∗∗)
𝜔𝑖𝑘 = 𝜔𝑖𝑘−1 𝑝(z𝑘 | x𝑘𝑖 ) = 𝜔𝑖𝑘−1 w𝑘𝑖∗
Step 4. Evaluate the state in every local filter by (∗ ∗ ∗).
𝑛

𝑥𝑘 = ∑ 𝑥𝑘𝑖 ∗ 𝑤𝑘𝑖
𝑖=1

(∗ ∗ ∗)

Step 5. Calculate the evaluation result of the master filter
The result of evaluation calculated by each local
filter is transformed to the master filter. And the
weight of each local filter is calculated by (17).
Step 6. Save the distribution of the particles in every local filter
The probabilities of the particles in every local filter
are saved to generate the distribution of the particles in next iteration.
Step 7. Resample
Where 𝑁threshold is the threshold of the number of
peffective particle, if the 𝑁eff𝑖 of a local filter lower
than 𝑁threshold , this local filter should be resample.
if (𝑁eff𝑖 < 𝑁threshold )
{
Resample this local filter;
}
}
Algorithm 1: Improved distributed particle filter (Improved DPF).

by the weight of the particles in each local filter, which is
indicated in the following:
𝑁eff𝑗 =

1
∑𝑁
𝑗=1

𝑗 2

(𝑤𝑘 )

,

(16)

𝑗

where 𝑤𝑘 is the weight of the particles in each filter, 𝑗 is the
index of local filters, and 𝑁 is the number of the local filters.
Then the weight, which represents the estimation performance of individual local filter, can be set based on the 𝑁eff of
each local filter and is calculated as
𝛽𝑗 =

𝑁eff𝑗
∑𝑁
𝑗=1 (𝑁eff𝑗 )

.

(17)

In conclusion, we proposed the improved distributed
particle filter given in Algorithm 1 and it is briefly described
in it.
3.3. Theoretical Convergence. For the proposed Improved
DUPF, the convergence of the particle filter with the distributed implementation is an important issue and requires
careful investigation, as it is crucial for the successful
applications. In this section, the proof of the mean square
convergence of the distributed particle filter to the optimal
filter was described. First, the convergence results for particle
filter were extended to prove that distributed particle filter
convergence to the optimal filter in mean square as the
number particles go to infinity.
An extensive treatment of the currently existing mean
square convergence results of particle filter can be found in
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[17] and [18] These convergence results demonstrate that,
under very loose assumptions, convergence of the particle
filter is ensured and that the convergence rate of the method is
independent of dimension of the state space. The convergence
results for particle filter are described as follows.
Let 𝐵(R𝑛 ) be the space of bounded, Borel measurable
functions on R𝑛 and denote ‖𝑓‖ ≜ sup𝑥∈R𝑛 |𝑓(𝑥)|. Then the
following theorem is a consequence result of the convergence
of particle filter.

Thus, the mean square can be calculated in the following:
E [(𝐸̂ (

2

𝑓 (x )
𝑓𝑡 (x0:𝑡 )
) − 𝐸 ( 𝑡 0:𝑡 )) ]
y1:𝑡
y1:𝑡

𝑁
1 𝑚 𝑁eff𝑞
𝑞
𝑖
)
= E [( ∑ 𝑚
∑𝑓𝑡 (x0:𝑡
𝑁 𝑞=1 ∑𝑞=1 𝑁eff𝑞 𝑖=1
[
2

− ∫ 𝑓𝑡 (x0:𝑡 )𝑝(𝑑x0:𝑡 | y1:𝑡 )) ]
]

Theorem 1. If the importance weight
𝑤𝑡 ∝

𝑝 (y𝑡 | x𝑡 ) 𝑝 (x𝑡 | x𝑡−1 )
𝑞 (x𝑡 | x0:𝑡−1 , y1:𝑡 )

1 𝑚 𝑁eff𝑞 𝑁 𝑞 𝑖
= E [( ∑ 𝑚
∑𝑓 (x )
𝑁 𝑞=1 ∑𝑞=1 𝑁eff𝑞 𝑖=1 𝑡 0:𝑡
[

(18)

is upper bounded for any (x𝑡−1 , y𝑡 ), then for all 𝑡 ≥ 0, there
exists 𝑐𝑡 independent of 𝑁 such that for any 𝑓𝑡 ∈ 𝐵(R𝑛 )

The convergence of distributed particle filter is as follows:
for any fixed time instance 𝑡, under what conditions and for
what kind of function 𝑓(𝑥) does the distributed particle filter
approximation converge to the optimal filter? As mentioned
above, distributed particle filter is configured by a number of
local particle filters. Therefore, the convergence of distributed
particle filter can be proved using Theorem 1 and Deduction 1
for the convergence results of particle filter. In the following,
the convergence result for distributed particle filter was
proved based on Theorem 1.
Deduction 1. If all of the local particle filters in distributed
particle filter are convergence, the distributed particle filter is
surely convergence.
Proof. From the mean square convergence, the distributed
particle which filter converges to the optimal filter is the
estimation results approximate to the conditional expectation
𝐸(𝑓𝑡 (x0:𝑡 )/y1:𝑡 ), which can be calculated by
𝐸(

𝑓𝑡 (x0:𝑡 )
) = ∫ 𝑓𝑡 (x0:𝑡 ) 𝑝 (𝑑x0:𝑡 | y1:𝑡 ) .
y1:𝑡

(20)

From Algorithm 1, the conditional expectation estimated by
̂ 𝑡 (x0:𝑡 )/y1:𝑡 ) can be calculated by
distributed particle filter 𝐸(𝑓
𝐸̂ (

𝑁
𝑓𝑡 (x0:𝑡 )
1 𝑁 𝑞 𝑖
1 𝑚
𝑞
𝑖
) = ∑𝑓𝑡 (x0:𝑡
) = ∑ 𝛽𝑚 ∑𝑓𝑡 (x0:𝑡
) , (21)
y1:𝑡
𝑁 𝑖=1
𝑁 𝑞=1 𝑖=1

where, 𝑞 = 1, 2, . . . , 𝑚 is the number of the local filter.

𝑁eff𝑞
𝑚
𝑞=1 ∑𝑞=1 𝑁eff𝑞

∫ 𝑓𝑡 (x0:𝑡 ) 𝑝 (𝑑x0:𝑡 | y1:𝑡 )

𝑁eff𝑞
𝑚
𝑞=1 ∑𝑞=1 𝑁eff𝑞

∫ 𝑓𝑡 (x0:𝑡 ) 𝑝 (𝑑x0:𝑡 | y1:𝑡 )

𝑚

−∑
𝑚

2
 2
𝑓 
1 𝑁
𝑖
[
]
E ( ∑𝑓𝑡 (x0:𝑡 ) − ∫ 𝑓𝑡 (x0:𝑡 )𝑝(𝑑x0:𝑡 | y1:𝑡 )) ≤ 𝑐𝑡  𝑡  .
𝑁 𝑖=1
𝑁
[
]
(19)

(22)

+∑

𝑞

𝑞

2

− ∫ 𝑓𝑡 (x0:𝑡 )𝑝(𝑑x0:𝑡 | y1:𝑡 )) ] ,
]
when 𝑁 → ∞, there is
𝑁eff𝑞
𝑚
𝑞=1 ∑𝑞=1 𝑁eff𝑞
𝑚

∑

𝑞

∫ 𝑓𝑡 (x0:𝑡 ) 𝑝 (𝑑x0:𝑡 | y1:𝑡 )
(23)

− ∫ 𝑓𝑡 (x0:𝑡 ) 𝑝 (𝑑x0:𝑡 | y1:𝑡 ) = 0.
Thus, we have
1 𝑚 𝑁eff𝑞 𝑁 𝑞 𝑖
E [( ∑ 𝑚
∑𝑓 (x )
𝑁 𝑞=1 ∑𝑞=1 𝑁eff𝑞 𝑖=1 𝑡 0:𝑡
[
𝑚

−∑

𝑁eff𝑞

𝑚
𝑞=1 ∑𝑞=1 𝑁eff𝑞

𝑞
∫ 𝑓𝑡 (x0:𝑡 )𝑝(𝑑x0:𝑡

2

| y1:𝑡 )) ]
]

𝑚
𝑁eff𝑞
= E [( ∑ 𝑚
∑ 𝑁
[ 𝑞=1 𝑞=1 eff𝑞
2

1 𝑁 𝑞 𝑖
𝑞
× ( ∑𝑓𝑡 (x0:𝑡
)−∫ 𝑓𝑡 (x0:𝑡 ) 𝑝 (𝑑x0:𝑡 | y1:𝑡 ))) ]
𝑁 𝑖=1
]
𝑁eff𝑞
𝑚
𝑞=1 ∑𝑞=1 𝑁eff𝑞
𝑚

=∑

E
𝑁

2

1
𝑞 𝑖
𝑞
× [(( ∑𝑓𝑡 (x0:𝑡
)−∫ 𝑓𝑡 (x0:𝑡 )𝑝(𝑑x0:𝑡 | y1:𝑡 ))) ] ,
𝑁 𝑖=1
[
]
(24)
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𝑞

7
𝑞

2
𝑖
where, E[(((1/𝑁) ∑𝑁
𝑖=1 𝑓𝑡 (x0:𝑡 ) − ∫ 𝑓𝑡 (x0:𝑡 )𝑝(𝑑x0:𝑡 | y1:𝑡 ))) ]
is the mean square for each local filter. From Theorem 1, the
local filters are convergence; we have
𝑁

2

1
𝑞 𝑖
𝑞
) − ∫ 𝑓𝑡 (x0:𝑡 )𝑝(𝑑x0:𝑡 | y1:𝑡 ))) ]
E [(( ∑𝑓𝑡 (x0:𝑡
𝑁 𝑖=1
] (25)
[
 𝑞 2
𝑓 
≤ 𝑐𝑡  𝑡  .
𝑁
Then, (24) is changed to be
2
1 𝑚 𝑁eff𝑞 𝑁 𝑞 𝑖
E [( ∑ 𝑚
∑𝑓𝑡 (x0:𝑡 )−∫ 𝑓𝑡 (x0:𝑡 )𝑝(𝑑x0:𝑡 | y1:𝑡 )) ]
𝑁 ∑ 𝑁
]
[ 𝑞=1 𝑞=1 eff𝑞 𝑖=1
2
𝑞


𝑚
𝑓 
𝑁eff𝑞
≤∑ 𝑚
𝑐𝑡  𝑡  .
𝑁
𝑞=1 ∑𝑞=1 𝑁eff𝑞

(a)

(26)
It is obvious, from (26), that the distributed particle filter
will converge to the optimal filter when all of the local filters
are convergence.

4. Experiment Results
In this section, the proposed Improved DPF-SLAM system
was tested in three experiments. The first experiment was
used to test the estimation accuracy by comparing it with
DPF-SLAM. The second experiment was used to test the
robustness of the proposed Improved DPF-SLAM by adding
disturbance noise to the estimation process. The third experiment was used to test the tolerance of the Improved DPFSLAM by comparing it with the exiting methods.
These experiments were tested using the experiment data
that come from an experiment that was finished in Victoria
Park in Sydney, Australia [19, 20]. The trees can be considered
one of the most relevant features that a laser range sensor
can identify in this outdoor environment. The algorithm
implemented in [17] was used in this paper, which tracks
the center of the trunk by clustering a number of laser
observations. The extract algorithm was shown in Figures 3
and 4.
Experiment 1. To test the performance of the proposed
improved DPF-SLAM, the experiment was finished to be
compared with DPF-SLAM.
Figure 5 describes the experiment results of Improved
DPF-SLAM and DPF-SLAM. In Figure 5, the straight line
indicates the estimation results of robot’s position from
Improved DPF, and the plus sign indicates the estimation
results of feature points’ position from Improved DPF. Correspondingly, the dashed line indicates the estimation results
of robot’s position from DPF, and the rhombus indicates the
estimation results of feature points’ position from DPF. The
stars indicate the measurement results from GPS, which are
used as the reference information for these experiments.
From Figure 5, it is obvious that the estimation results of
Improved DPF-SLAM are more approximate to the results of

(b)

(c)

Figure 3: Trees with different shape, size and inclination.

GPS than DPF-SLAM, which means that the Improved DPFSLAM has better accuracy than DPF-SLAM.
Table 1 describes the mean value and variance of the
estimation results from these two algorithms. From Table 1,
it is obvious that the estimation results from Improved DPF
are smaller than the estimation results from DPF in mean and
variance, which also means that the Improved DPF-SLAM
has better accuracy than DPF-SLAM.
Experiment 2. To test the robustness of the Improved DPFSLAM, the experiment was finished and the experiment data
used in Experiment 2 were the same as Experiment 1. The
disturbance noise was added into the SLAM system process
from the 1000th step.
Figure 6 describes the estimation results using Improved
DPF-SLAM and DPF-SLAM. In Figure 6, the straight line
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Table 2: The comparison of mean and variance in Experiment 2.
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Figure 5: The comparison of estimation results in Experiment 1.
Table 1: The comparison of mean and variance in Experiment 1.
Algorithm
Improved DPF
DPF

MSE
Mean
2.2367
3.65898

Variance
3.1364
4.75815
3.20737

estimation results of feature points’ position from DPF. The
stars indicate the measurement results from GPS, which are
used the reference information for these experiments.
From Figure 6, it is obvious that the estimation results of
Improved DPF-SLAM are more approximate to the results
from GPS than DPF-SLAM, which means that the Improved
DPF-SLAM has better robustness than DPF-SLAM in disturbance condition.
Table 2 describes the mean value and variance of the
estimation results from these two algorithms. From Table 2,
the estimation results from Improved DPF are obviously
smaller than the estimation results from DPF in mean and
variance, which also means that the Improved DPF-SLAM
has better performance than DPF-SLAM in disturbance
condition.

Figure 4: Tree information and trunk approximation.

−100
−60

MSE
Mean
3.3139
4.65898
3.31508

Laser pings

∗

3.1

Improved DPF
𝑁eff DPF
Ino DPF

∗

∗

Variance
3.18096
4.7737

Table 3: The comparison of mean and variance in Experiment 3.

∗

3.3

MSE
Mean
3.92396
5.41226

Variance
2.2367
3.65898

indicates the estimation results of robot’s position from
Improved DPF, and the plus sign indicates the estimation
results of feature points’ position from Improved DPF. Correspondingly, the dashed line indicates the estimation results
of robot’s position from DPF, and the rhombus indicate the

Experiment 3. To test the tolerance of the Improved DPFSLAM, the experiment was finished and the experiment data
used in Experiment 2 were the same as Experiment 1. The
disturbance noise was added into the SLAM system process
from the 1000th step.
Figure 7 describes the estimation results using Improved
DPF-SLAM and DPF-SLAM. In Figure 7, the straight line
indicates the estimation results of robot’s position from
Improved DPF, and the plus sign indicates the estimation
results of feature points’ position from Improved DPF. Correspondingly, the dashed line indicates the estimation results
of robot’s position from DPF using 𝑁eff method, and the
rhombus indicates the estimation results of feature points’
position from DPF using 𝑁eff method. And the dotted line
indicates the estimation results of robot’s position from DPF
using Innovation method, and the triangles indicate the
estimation results of feature points’ position from DPF using
Innovation method. The stars indicate the measurement
results from GPS, which are used as the reference information
for these experiments.
From Figure 7, it is obvious that the estimation results of
Improved DPF-SLAM are more approximate to the results
from GPS than DPF-SLAM using 𝑁eff method or using
Innovation method, which means that the Improved DPFSLAM has better robustness than these two methods.
Table 3 describes the mean value and variance of the
estimation results from these three algorithms. From Table 3,
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weights of the particles. An optimized variance estimation of
particle distribution will ensure that the particle filter has a
better performance. Instead of a fixed parameter in variance
estimation, the particles variance was adjusted with the
variance estimation adaptively. Secondly, the weight of local
filters in master filter is also an important factor in distributed
particle filter. The information fusion method mixing the 𝑁eff
method and the innovation method were proposed by this
paper. To test the performance of the Improved DPF-SLAM
algorithm, three experiments were designed. The experiment
results show that the improved DPF-SLAM algorithm has
the advantage in robustness and accuracy and has the better
tolerance than the DPF-SLAM algorithm.
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it is obvious that the estimation results from Improved DPF
are smaller than the estimation results from other methods
in mean and variance, which also means that the Improved
DPF-SLAM has better accuracy than other methods.

5. Conclusion
In this paper, we proposed an improved particle filter for
distributed SLAM to generate a map and localize the robot.
Firstly, the variance estimation of particle distribution in
local particle filters is a vital parameter in generating the
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This paper presents a framework for mobile transparent computing. It extends the PC transparent computing to mobile terminals.
Since resources contain different kinds of operating systems and user data that are stored in a remote server, how to manage the
network resources is essential. In this paper, we apply the technologies of quick emulator (QEMU) virtualization and mobile agent
for mobile transparent computing (MTC) to devise a method of managing shared resources and services management (SRSM). It
has three layers: a user layer, a manage layer, and a resource layer. A mobile virtual terminal in the user layer and virtual resource
management in the manage layer cooperate to maintain the SRSM function accurately according to the user’s requirements. An
example of SRSM is used to validate this method. Experiment results show that the strategy is effective and stable.

1. Introduction
Transparent computing was proposed in [1] as a novel
pervasive computing mode that provides centralized services including operating systems with the following several
critical characteristics: that is, lightweight terminal without
installing any operating system in advance, computing in
local terminal and storing in remote servers, and dynamic
loading and running operating system and program from
the network on demand [2, 3]. In addition, the mode has
been partly implemented in PCs with x86 architecture in [4]
providing users the abilities to obtain desired services.
As a combination of transparent computing and mobile
computing, also benefitting from the ubiquitous mobile
networks and advanced transparent computing technology,
mobile transparent computing enables the users to use a variety of operating systems on their own devices and experience
massive cross-operating system applications while keeping
all these data in the server so that the user can get a lot
storage and ensure the safety of their data at the same time.
In such a mode that provides centralized storage and
management of operating systems, user data, applications,
and other resources and offers the users with unified,
transparent, and ubiquitous service through network,

all resources, including operating systems, are saved on
the server of the transparent network permanently [5].
Obviously, the management and scheduling operations on
the server for these networked resources will directly affect
the performance of the whole system.
However, mobile devices are of several conspicuous characteristics like heterogeneous hardware architecture, more
diversified OSs, more closely coupling between hardware
and software, more unreliable network, and so on when
compared to the PCs [6, 7]. Indeed, it brings many new
challenges to improve and implement the methodology of
transparent computing into mobile devices which have been
increasingly popular throughout the world. The unreliable
communication connection over wireless network makes it
more difficult for real-time communication. Furthermore,
the transparent network environment prone to lots problems:
for example, a large number of users request the same
resource simultaneously, network outages during the execution process of applications, resource conflict, and so on.
In order to provide trusted and efficient services to
the end users, an effective resource management method
that provides not only on-demand resource in a frequently
changed mobile network but also seamlessly combination
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between heterogeneous hardware and software programs
(including operating system) is vital.
For the purpose of sharing resources and running multiple OSs on different devices, the use of virtualization
technology is suitable for mobile terminals where different
OSes are hardly supported due to the closely coupling
between hardware and software. QEMU (quick emulator) is
a hosted hypervisor that performs hardware virtualization,
which can be used to provide virtual hosting of several virtual
computers on a single computer. The decoupling between
physical mobile hardware and mobile OS together with other
services provided by the QEMU hypervisor enables resources
and services sharing among multiplatform even with different instruction sets, including x86, MIPS, ARM, PowerPC,
SPARC, ETRAX CRIS, and MicroBlaze. This decoupling also
yields affluent experience of various OSs, which enables a
variety of unmodified guest operating systems to be run on
the RAM by emulating it through dynamic binary translation.
Furthermore, for the purpose of discovering, organizing,
allocating, and managing those shared resources and services
for the MTC environment where the network connection
is not that reliable and the location of mobile terminals are
frequently changed, the mobile agent [8] is introduced. The
use of mobile agent benefits the on-demand resource and
the streaming execution in MTC, since the mobile agents are
able to carry the network resources and store the state while
automatically migrating from a network node to another.
Besides, the agent decides itself where and when to migrate
while performing the management functions, which means
mobile agent can continue working even the device is not
connected, thus to reduce the network usage.
In this paper, we introduce a mobile device suitable
mode namely the mobile transparent computing (MTC)
by extending the methodology of transparent computing
in desktop terminals, and then analyze the requirements
for resource management in MTC. Specially, we present a
kind of shared resources and services management (SRSM)
strategy for MTC based on mobile agents and virtualization
technology. The proposed approach is designed in a threelayered architecture: that is, the user layer that communicates
with the network and submits the requirements on behalf
of a user; the manage layer that acts as the core manager
that discovers and allocates resources in SRSM; the resource
layer that is responsible for shared resource and service
storage in the transparent server. By applying the QEMU
virtualization technology on the user layer, it works well
under multiplatform and multidevice environment in MTC.
Furthermore, the use of mobile agent in the manager layer
deals with the problem of mobility and unreliability of
wireless network connection. Through interactions of mobile
agents in the manging layer, mobile users are able to get their
desired resources and services from anywhere and possibly
via heterogeneous mobile devices.
The remainder of this paper is organized as follows.
Section 2 describes the related works on resource management method. In Section 3, the novel concept of MTC is
given and the requirements for managing service in MTC
environment are listed. Section 4 presents the SRSM method
that we have developed using QEMU and mobile agent in
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MTC environment. Implementation and results are discussed
in Section 5. Finally, Section 6 includes a discussion of our
conclusions and projected future work.

2. Related Works
In MTC, Network resources are distributed, heterogeneous,
autonomous, and dynamic, which make resource management, task response, and performance monitoring the core
issue of MTC. Users simply submit resource requests, while
resource searching, allocation, monitoring, and other operations all will be completed by the server. Existing related
works on resource management could be categorised into two
aspects: one is considered from the server terminal and the
other is from the mobile device.
On resource management of server terminal, cloud based
service management has been an important hot research
topic in recent years. A survey [9] conducted by Rasmi
and Vivek summaries some resource management techniques in cloud environment. The virtualization is a key
technology in enabling managing the resources in cloudbased solutions [10]. In practice, the cloud computing is
done with virtualization of some sort such as Amazon EC2.
The virtualization provides a security mechanism in clouds
and may make it possible to capture valuable information in
ways that are implausible without VMs [11]. A recent study
proposed a framework that allows virtualization-supported
cloud protection across physical hosts over the Internet. It is
based on the security extensions of the Linux Kernel Virtual
Machine (KVM Qumranet), thus to increase the security
of cloud resources [12]. Moreover, within the virtualization
concept, customers are able to get their desired resources
among heterogeneous devices [13]. Existing approach [14]
monitors guest domain and analyzes runtime information
for automating resource allocation based on XEN virtual
machine.
Most methods of managing resources in cloud cannot
be directly applied to mobile computing because mobile
computing contains wide heterogeneity of mobile devices,
strong coupling between hardware and software, unstable
wireless link, etc. Considering the conspicuous characteristics of mobile devices, existing methods [15, 16] also address
the issues of resource management for embedded systems,
which preserves system characteristics despite the presence of
dynamic resource allocation. Mobile agent is used to address
the problem of unreliable wireless network connection when
dynamically allocating resources to wide heterogeneity of
portable access devices [17, 18], for it assures the resource
discovery and performance management in the context of
service-oriented networks. In the previous study [19], mobile
agent is designed into a middleware for it does not need
continuous network connectivity while performing tasks.
And in [20], the mobile agent paradigm was integrated with
genetic algorithm to provide efficient resource allocation
in a multioperator networking environment. Besides, the
mobile agent is often used in solving the problems of network
resource scheduling in clouds [21, 22] for their ability of
cooperation with each other and adaptively migrate among
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the network nodes. The agent based approach can effectively
perform basic management of network resources. That is
why the mobile agent is suitable for resource management in
mobile network.
However, the abovementioned solutions on server terminal and mobile device are not suitable and effective for
resource management in MTC environment, for the special
characters of resources in MTC are not taken into account,
such as allocating the OS image, supporting multiplatform,
and computing in the end-device. Therefore, this paper
proposes the resource management method using virtualization technology and mobile agents for mobile transparent
computing.

3. Framework of Mobile
Transparent Computing
This section provides a basic idea of mobile transparent computing and presents some requirements of shared resources
and services management across multiple mobile devices in
MTC environment.
3.1. Mobile Transparent Computing. As previously noted, the
MTC is defined as a mobile device suitable for computing
mode consisting of mobile computing and transparent computing.
3.1.1. Transparent Computing. In recent years, transparent
computing [1] was proposed as a new pervasive computing
with the goal of providing users with transparent services.
Different from the remote computing and remote storage in
cloud computing, the programs in transparent computing
are executed locally while stored in the remote server. In
addition, in transparent computing, the operating system is
also regarded as a resource that can be loaded and used when
needed, thus to form a new service model: operating as a
service (OaaS). That is to say, users only concern whether they
can get the service or not, but no need to know the underlying
details of the required services.
The transparent computing paradigm consists of transparent clients, transparent network, and transparent server.
In particular, the clients are not proposed to have any
operating system or application software on it for having few
or even no local storage. Numerous OSs and applications are
stored in the remote server and can be streamed to the clients
via transparent network. When a task processed on client is
completed, all data and information will be submitted to the
transparent server (TS).
As all resources are stored in the transparent server,
whether they can be managed and scheduled in a proper
way will directly affect the performance of the whole system.
Ning and Sun have developed a remote resource management
method based on XEN virtual machine [14] to collect the state
of resources and applications on the device and offer resource
management and storage for PC in transparent computing
paradigm. Within the mechanism with a Xen hypervisor
running on PC that not only conducts local monitoring, but
also provides sufficient isolation between host OS and client
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OS that is loaded from a remote server, and the manager
agent that works in each client is able to gather information
and generate messages to the manager center, which runs
in manager server and performs resource scheduling and
service assurance.
However, the above method for resource management did
not consider the situation of mobile devices, such as closely
coupling between hardware and software, wide heterogeneity
in instruction sets, and unreliable wireless access in portable
mobile devices. In order to discover the on-demand resources
and manage a consistence of shared resources for various
mobile users, we develop a mobile transparent computing
architecture by extending the transparent computing to
mobile devices.
3.1.2. Mobile Transparent Computing. As a combination of
transparent computing and mobile computing, the framework of MTC is shown in Figure 1. Under the MTC circumstances, mobile OS (IOS, Android, Windows Phone, etc.),
mobile applications (Facebook, mobile IMs, mobile game,
etc.) and user data are all stored in the transparent server
and are regarded as sequences of execution blocks rather
than a whole, while only few communication protocols and
management processes, which are used to interact with users
and connect with a hot spot or a base station by 3G, WIFI, or
GPRS, are left on the device.
When powered on, the mobile device will connect to
the server through transparent network and request the least
needed blocks to be executed from the server. Thus all execution blocks of any programs, namely, OSes, applications,
and so on, can be streamed to mobile device. When execution
is finished, the results will be saved to the TS, which can be
accessed and continued by any mobile device the next time
you start it.
Since resources are stored in remote server, mobile users
can load and save as much applications and data as possible
without worrying that the limited storage of his own device
will be taken. Moreover, in this way, personal application
programs and data are independent of the device, wherefore
acquiring any requirement at any time and on any device
anywhere is available in ideal conditions including sufficient
network width and homogeneous hardware architecture. Yet,
this calls for a remote resource management method that
provides shared resources and services among heterogeneous
devices in a mobile network.
3.2. Resources in Mobile Transparent Computing. In general, the resources we mean in grid computing or cloud
computing including physical resources (CPU, memory,
storage, network elements, actuators, and so on) and logical resources (including operating system, energy, network
throughput/bandwidth, and so on) [23]. In the process of
handling a cloud service, the manager should attribute the
job (applications or other services) to a relevant server to
execute and reply with the computing results. The problem of
resource management mainly refers to how to manage these
computing resources that can complete the computation
tasks of cloud service users and, at the same time, meet the
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Figure 1: Framework of MTC.

requirement of service provider, whether to minimise the
total cost or maximize the CPU utilization or some other
optimization goals.
While being in mobile transparent computing, the
resources merely refer to application resources including OS,
applications, user data, and customized services; thus the
process of handling a transparent service can be simplified
as the manager searching in the server of the requested
resources and deliver it to the corresponding user through
network. These applications and services are transported to
and executed on the mobile device, rather than on the server
as in cloud computing. Therefore, the management problem
comes as how to manage these application resources in a
safe and efficient way and, simultaneously, reply more mobile
users as soon as possible.
The resources and services in MTC, which are managed
in the transparent server and can be accessed by any mobile
device through network at anytime and anywhere, are virtual
disk files (VDF) to mobile users that can be divided into the
following three types according to the service mode.
Public VDF is shared by all mobile users in the MTC
environment, including mobile OS kernel images, root file
systems, various applications, and all common services. These
files can be accessed by any user.
Private VDF, owned by the particular user with credential, is users’ personal resources, which include user data
(photos, contacts, messages, etc.), customized applications,
and services.
Mixed VDF is owned by user groups, such as a company
and a school. All users belonging to this group are able to
get the shared resources and services, which mainly include
group shared files, news, and software.
In MTC environment, it is vital to gather the overall
resource information in a wireless network and manage all
these resources in the server.

3.3. Requirements for Resource Management in Mobile Transparent Computing. As a core function required for any manmade system, resource management affects the three basic
criteria for system evaluation: performance, functionality,
and cost. In the MTC environment, where changes are
frequent and unpredictable, an efficient resource management strategy is needed to provide continuous service and
performance guarantees. Indeed, the proposed SRSM aims to
provide adequate solutions to the host of shared resource and
service management policies you have to enforce.
The SRSM strategy is designed to manage and schedule
these virtual disk files in a reliable, efficient, and proper way.
Figure 2 depicts the MTC environment with the SRSM center
as the core manager. Therefore, the important characteristics
and requirements for resource management in the MTC
environment should be cleared, which are as follows.
3.3.1. Making Resources and Services Available on Demand.
MTC aims to provide on-demand resource and service,
which means the SRSM has to monitor and listen all requests
in the transparent network, then searches, organizes, and
allocates the resources that are demanded.
3.3.2. Sharing Resources and OSes among Multiplatform
Devices. Mobile devices vary a lot in hardware architecture,
and the coupling between physical hardware and software
makes it difficult to run multi-OS and cross-platform applications on a particular mobile device. However, the SRSM
we proposed is supposed to support resources (including
OS and application) sharing among multi-platform devices.
What’s more, the principle that the client has no preinstalled
operating system locally in MTC makes it more challenging.
3.3.3. Dynamic Scheduling and Streaming Execution. In order
to run huge applications even with limited CPU capability
and storage, the MTC mechanism divides the resource into
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small streaming blocks and is steamed to mobile device
when and only it is called. The SRSM center is responsible
for dynamic scheduling of those blocks rather than the
entire application or other resources, to complete the needed
service.
3.3.4. Flexible Authority Provisioning to Different Resources
and Services. As mentioned before, different users and
groups own different authorities to the shared VDF in the
server; that is, all users share the same public VDF, while each
user owns a private VDF. Some users may in the same group,
thus all users in that group are able to use and share a mixed
VDF. A flexible authority provisioning is needed to ensure the
system performance in a desired pattern.
For the purpose of meeting these requirements and
addressing these challenges, the SRSM is discussed and
designed in the following section.

4. Resource Management Using SRSM
4.1. Shared Resources and Services Management (SRSM)
Overview. Implementing the SRSM (shared resource and
service management) to support MTC environment requires
consideration of virtualization technology and extending
of the mobile agent architecture. In this section, we show
how, by using the technology of virtualization and mobile
agents, the SRSM is designed with the goal of performing the
basic management operations of network resources. We have
developed an agent based resource management method,
which is organized in a three-layered architecture as Figure 3
shows, namely, the user layer, manager layer, and resource
layer.
At the highest level of the SRSM architecture is the user
layer. With QEMU running on various mobile devices and
performing device virtualization, the user agent (UA), which
also runs in the user layer on behalf of the user, is capable of
acquiring the resource information and requirement of various devices with different hardware architectures. The mobile
agent is adopted in the manager layer that offers centrally

management of all distributed resources and services which
are called virtual resource here.
The manage layer lies in the middle acting as the core
manager and is composed of a manager center and several
manager agents, by cooperation of the manager center and
manager agents, the management and allocation of all virtual
resources and services on transparent server can be achieved.
With the mobile agent technology, the manager layer is able
to provide the interfaces to network service and interact with
user agents.
At a lower level of the architecture, the resource layer
centrally stores all resources such as public VDF and private
VDF in MTC resource nodes. The resource layer, as a provider
of all resources and services, should shield the details of
all resources to the manager layer and provide appropriate
services to the user layer.
In particular, the SRSM three-layered architecture consists of three parts, namely, mobile virtual terminal, distributed resource storage, and virtual resource management.
Each of the three parts lies on one layer and will be discussed
in the following sections.
4.2. Mobile Virtual Terminal. The mobile virtual terminal
(MVT) is on the user layer, which is distributed on multiple
mobile devices and supports the SRSM services at different
locations, possibly via heterogeneous mobile devices by using
the QEMU virtualization technology. Figure 4 reveals the
composition of mobile virtual terminal.
The decoupling between physical machine and OSs or
software by using the QEMU hypervisor makes it possible
to support more than a particular OS on multiple mobile
devices, for the QEMU can boot several OSs, such as Linux,
Windows, and Mac OS, on different instruction sets.
Within the QEMU, together with a KVM (kernel based
virtual machine) driver, which can drive some physical device
and present as a whole device to the guest OS, the mobile
device is virtualized. We run a host OS on it, and then any
type of OS can be streamed from the SRSM server and run
as a guest OS on this mobile virtual terminal almost. The
interactions with guest OS and host OS are done through
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the QEMU, thus to enable normal use of guest OS. We run
a user agent (UA) on the host OS to communicate with the
SRSM center and redirect the I/O requirement from MVT
to a remote server. MVT benefits greatly from a UA-based
implementation because of user agents receiving, analyzing,
and processing the requests of resource and services transmitted from the user layer and redirecting those requests to the
SRSM center on behalf of the user without showing the details
of processing those requests in manager layer. In addition, the
UA is responsible for consulting with the manager layer thus
to offer the MVT with most satisfying resources and services.
The resources and services are streamed from the manager layer and executed on the MVT. During the whole
execution, the UA provides monitor services that gather
the state information of the ongoing services. The UA in
MVT can save the state of the application process which will
be synchronized to the SRSM server once the connection
between UA and manager layer is alive. As a result, any MVT
with the completely same authority should continue to access
the needed network resources and services independently of
its location. This kind of service migration from one mobile
device to another embraces a new era of multidevice support
in MTC environment.
4.3. Virtual Resource Management. The virtual resource
management (VRM) is designed based on the mobile agent
technology. As Figure 5 shows, the manager center (MC) and
several manager agents make up the VRM in the manager
layer, in SRSM. The VRM is in charge of managing and
allocating the available virtual resources and services. For
the MVT, VRM acts as a server to acquire the request from
the user and schedule the on-demand resources and services
dynamically. At the same time, VRM provides centrally

maintenance of the properties, location, tags, and other
information of all available resources and services for the
resource layer. The cooperation with the MC and MA allows
the SRSM to perform even complex management in MTC.
The mobile agent based VRM can be used to collect and
manage all the shared resources and services required. The
cooperation of MC and MA facilitates the implementation
of SRSM in an efficient way and helps overcome some of
the challenges we described previously, such challenges may
involve in dynamic scheduling and streaming execution,
resources available on distributed mobile devices in MTC
environment under consideration. In the following, we focus
on the functions of the MC and MA which are all based on
the mobile agent technology.
4.3.1. Manage Center (MC). As the core of the VRM, the
MC is in charge of controlling and coordinating the manager
agents in the entire system to accomplish resource management in MTC. The MC is composed of three functional
modules: resource management agent, resource organizer
agent, and resource information database. Each of the three
modules has different functions in resource manage layer.
The management agent is responsible for the core manager issues such as MA coordination, resource aggregation,
and configuration and, most importantly, the centralized
control of SRSM. The organizer agent is designed to cooperate
with the management agent. It can help dealing with the
issues like resource information collection, resource integration, and organization. The resource information database
is a set of resource information that records the properties,
locations, tags, and other information of the corresponding
resources and services.
For the purpose of matching the correct resource efficiently, a unique name and the corresponding map of its
physical location are also given in the database. All these
information are collected by different manger agents from the
distributed resource layer and are organized by the organizer
agent and then sent and saved to the information database.
The information database is shared and accessible by
both of the management agent and organizer agent, for they
need to know the tags, contents, locations, and concrete
information of all the resources that are managed and stored
in the server.
When a resource request comes from the user layer, is
delivered by the user agent, and is received, the management
agent will first analyze the request by resolving the properties,
tags, and other concrete information of the resource or
service that is requested. Thereafter, the management agent
will search for the corresponding information on the resource
information database and tell the organizer agent to search for
the requested resources in physical resource layer according
to the location and other information that are matched and
approved by the management agent. By arranging some
manager agents to search for the needed resource and service,
the organizer agent is able to gather and organize those
resources and services, which will be transferred to the
resource management agent and finally allocated to the
mobile device through the MTC network.
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Figure 6: Distributed storage of resources and services.

4.3.2. Manager Agent (MA). In order to perform the management of virtual resources and services under the MTC
environment, we develop the following basic types of mobile
agents to work together under the control of the manager
center and accomplish about the resource register, research,
monitoring, allocation, and other actions in SRSM.
Resource Register Agent. When a new resource or service is
added to the resource layer, the register agent (RGA) will
register the resource to the manager center. In addition, the
RGA should be able to establish an available list that described
the information to locate massive resources. The information
will be saved to the resource information database, which
provides a reasonable basis to the subsequent resource
research and scheduling.
Resource Require Agent. The required agent (RQA) receives
the resource and service requirements from various remote
UAs. The resource allocation plan, which will soon be sent to
the MC to be processed, is specified by the RQA according
to user authentication, user requirements, and allocation
rules. The RA, during its working process, interacts with
the distributed user agents for collecting resource request
submitted by them.
Resource Research Agent. The research agent (RSA) realizes
the functionalities of providing an efficient and rational
resource research approach. In general, the RSA searches
the resource layer for the required resources and services
according to the tags provided by the manager center and
then passes the research results to the organizer agent, to

accomplish a research process. If the needed resource is not
found, a report with the information of resources not found
will be produced by the RSA and be passed to the database
through the organized agent. Thus to prevent researching this
unfound resource repeatedly when another request comes
and asks for the same resource, until this exact resource is
registered with its information saved to the resource database.
Resource Monitoring Agent. The resource monitoring agent
acts as a monitor that announces the status of resources
and other mobile agents and then produces a corresponding
report that contributes to the control and regulation actions
of the management agent. Moreover, it also estimates the
delay time of a resource request, which might be useful and
humane for sharing resources and services among remote
mobile devices.
Resource Allocation Agent. The allocation agent (ALA) is
responsible for resource and service allocation under control
of the management agent in MC. The management agent will
produce a resource allocation strategy, according to which,
the ALA assigns the needed resource to the corresponding
user. Through interactions with UA, the ALA is able to
transfer the resource, OS, and other services to the user or,
more exactly, the MVT.
Resource Update Agent. As noted previously that all the
updates, modifications, and changes will be saved to the
remote transparent server, it thus highlights the necessity
of updating the resource information in SRSM. The update
agent (UDA) can update the changes to the resource layer
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under the guidance of manager center. In fact, when the
user asks for some service, the contacts, for example, from
network, they can get the contacts saved before through
cooperation of MC and other mobile agents. And if the user
adds a new contact record to his contacts, this new record
will be checked by the UDA and be written to the where the
original contacts are. With the UDA, all the increased record
of VDF will be updated to the resource layer. At the same
time, the information of its change will be updated to the MC.
4.4. Distributed Resource Storage. In the three-layered architecture of SRSM, the distributed resource storage works on
the resource layer, with the task of storing all shared resources
and services. As Figure 6 shows, the resources and services
are divided into public VDF, private VDF, and mixed VDF
according to the service mode. Respectively, different VDFs
are distributed and stored in a different server, that is, public
resource node, private resource node, mixed resource node,
and other resource nodes, which facilitates the management
a lot.
The distributed VDF is entity that can be accessed and
updated by the owner during a period. Any user in the MTC
transparent network can access the public VDF, while only
the SRSM manager center is allowed to change it. For the
private VDF, which is stored in private resource node, it is
accessible and changeable by the user with the corresponding
authentication. In the same way, the mixed VDF is stored
in mixed resource node and are accessible by the relevant
group members. All distributed resource nodes in SRSM are
connected through Gigabit ethernet connection.
For the purpose of providing fast and efficient service to
users in MTC, the beyond band data transfer mode is taken.
As the visit frequency and times of public VDF are far more
than that of other files, we name the public VDF as metadata
and separate the metadata from file data.
There are dedicated servers that specially manage public
VDF and provide a straight access for metadata. In addition, a scheduler will be used to balance the load of these
management servers, which is also in charge of deciding the
distribution of activated metadata between various servers
and coordinating their operations. While the less visited file
data (private VDF and mixed VDF) such as messages and
photo are managed globally by SRSM.
The distributed resource storage is the provider of shared
resource and services, all the transparent services that are
provided to the mobile users will finally be saved to this
resource layer which seems like a data center that offers
various resources and services to the MTC users.

5. Implementation and Discussion
In this section, we implement the proposed SRSM on some
real mobile devices and demonstrate the field experiments.
Figure 7 shows the real experimental environment. We use
a demo tablet board with the MVT technology as the SRSM
mobile device and an ordinary PC equipped with Ubutu12.04,
together with SRSM center and shared resources and services
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on it as the SRSM server. The sever and client are connected
through a wireless module (marvell 8686).
Users can create user agent in the mobile device and
deliver the resource requirement to the network, while other
mobile agents dispatch it to relevant node to get the desired
resources, whether mobile OSes or applications. Based on the
SRSM strategies we described in the previous sections, we
design three situations that our SRSM may be most helpful
in the MTC environment.
5.1. Operating System as a Service. As we know, the OS
in MTC is regarded as a service and stored in the SRSM
management server rather than directly installed in the
mobile device, which left the device almost a bare hardware
without any mobile OS or data on it.
First, we confirmed that the OSs are stored in the
management server rather than the mobile device and the
service entries are disseminated in the transparent network
by manager agents. The tablet is equipped with our user agent,
through which the desired OS can be loaded as a service from
the management server.
In order to verify the efficiency of the SRSM strategy, we
try to load the Linux 3.0.1 and Android 2.3.4 in succession
to the tablet through network. Figure 8 shows that we are
able to load and boot Linux (Figure 8(a)) and Android
(Figure 8(b)) through the transparent network thanks to the
SRSM strategy.
Furthermore, we compared the OS booting time of
normal boot and net boot within SRSM strategy. The local
boot time of Linux is 26.5 seconds, and 68 seconds for
Android. The latency (as shown in Figure 9) of net boot under
wired connection is close to that of normal boot with the time
of 33.9 s (Linux) and 85.5 s (Android). While being under
wireless condition, the latency is almost two times of wired
connection with the time of 78 s (Linux) and 160 s (Android),
yet still acceptable.
5.2. Centric Resource Management for Local Execution.
Besides the mobile OS, all the public resources, private
resources, and mixed resources are centrally managed and
stored in the SRSM manager center. All these resources are
presented to mobile users as VDF and can be accessed as
normal disk file. Figure 10(a) demonstrates that all resources
that are stored in the resource layer, which is located in the
SRSM server as we stated before, can be accessed by the
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Figure 8: Multi-OS on-demand with SRSM.
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Figure 9: Multi-OS on-demand with SRSM.

mobile agent via transparent network. When we powered on
the mobile device and the contents we got in the tablet are
exactly the same with that on the SRSM server as Figure 10(b)
shows.
With the centric management of the manager layer
in SRSM, these centrally stored resources are available on
demand. In the field experiments, after all network resources
were updated and prepared, the user agent in the demo
tablet board requested the service based on the service list
(as shown in Figure 10(c)) that was shared by all mobile
users and was disseminated by manager agents. Through
the interactions of user agents and manager agents, any
service provided by the SRSM server can be streamed to the
tablet and executed on it. In Figure 10(d) we installed an
application from the transparent network. This application
runs smoothly and stably in our mobile device.
Tables 1 and 2 illustrate the performance of streaming
execution of some applications. We compared the latency
of normal device and mobile virtual terminal within the
proposed method under transparent environment in the following three aspects: file coping, file downloading, and application launching. The results show that all these operations
can be done as normal both in Linux and Android. Though
the response time is not that ideal, it is yet still acceptable. As

all these applications are streamed from the network when
called, the response time mainly depends on the network
condition that is why mobile virtual terminal spends more
time when executing a program. The same conclusion can be
drawn from file coping and file downloading.
However, it is worth mentioning that, with SRSM in
MTC, all the data, applications, and customized services that
the user kept in the tablet will be saved to the server as
private VDF, rather than to the mobile device, thus to enable
any device with the same authentication accessing the same
customized services and provide a limitless storage for users.
In addition, the security of the customized services and data
will be enhanced for the separation of mobile device and user
data ensured the safety and entirety of all resources without
being lost or destroyed in the consequence of unexpected
accidents on the mobile device, such as hacking, damaging,
loss, and so on.
5.3. Sharing Resources among Different Devices. Under the
structure of distributed resource layer in SRSM, the public
VDF is unified managed by the SRSM center. Thus, the users
do not have to worry about the boring issues like firmware
updating, OS changing, software updating, and managing.
When a mobile device is connected to the transparent
network, all these public VDFs will be able to be loaded totally
free. Once a user account is created, all the resources that we
saved from any device will be stored to the SRSM server as
private VDF and can be synchronized to any other device
with the same authentication.
For example, it is possible for one to take photos with
his mobile phone when he is outside while sharing these
beautiful photos with his family from a tablet or another
device whatever is convenient, when he is back home. It is the
same with the applications or other services, for if one installs
an application to his private VDF from one device, he will be
able to use this application from any mobile device whenever
he is in connection with the transparent network.
With the SRSM strategy, we are able to share resources
and services among different devices even with heterogeneous hardware.
In the example in Figure 11, we add a new member in
the contact in device A, and then the newly added member
can be stored to the private VDF in the server that can be
accessed by another device; in this situation we name it device
B. When device B is powered on, it is regarded as a MVT to
the SRSM management server. If the contact is requested, the
UA in device B will ask for the latest saved contact, which
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Table 1: Operation latency in Linux (seconds).
Operation
Copy a file
5M
10 M
50 M
Download a file
5M
10 M
50 M
Launch an App
WEB browser (startup)
Snake (start game)
Video player

Table 2: Operation latency in Android (seconds).

Normal device

Mobile virtual
terminal

2.18
3.98
18.16

3.43
6.99
28.26

7.27
14.19
71.69

9.90
19.13
101.01

3.65
2.28
3.75

2.25
1.89
4.07

includes the newly added member in device A. The result is
demonstrated in Figure 11(b), for the newly added member
is accessible and editable by another device, which means
we can share a same resource even with different devices no
matter where we are or what architectures the devices are.
In short, the above experimental results show the effectiveness and feasibility of the proposed SRSM method. By
combination of QEMU virtualization and mobile agents,
the SRSM strategy succeeded in meeting the requirements
of resource management for mobile transparent computing. It provides multi-OS support for the same hardware,
centric resource management of all users, local execution
of programs, and sharing resources among multiplatforms
and multidevices. Though the performance of SRSM in our

Operation
Copy a file
5M
10 M
50 M
Download a file
5M
10 M
50 M
Launch an App
WEB browser (startup)
Snake (start game)
WPS office (startup)
WPS office (open 1 M file)

Normal device

Mobile virtual
terminal

3.56
7.15
28.41

4.59
9.65
31.29

9.02
17.95
88.56

7.90
18.70
100.46

4.94
1.91
6.76
9.31

6.91
2.50
14.18
18.43

experiment is not that satisfactory, it indeed offers a new perspective of resource management under mobile transparent
environment.

6. Conclusion
The transparent computing mode offers new challenges and
opportunities for researchers interested in service providing
and resource management in the remote server. In this
paper, we introduced a mobile device suitable for transparent
computing architecture in which mobile users are able to
access the desired resources even including operating systems anytime and anywhere by extending the transparent
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Figure 11: Resources in different devices.

computing mode to mobile devices. The typical features of
mobile devices that set it apart from previous work include
diversified hardware and OS, close coupling of hardware and
software, and unreliable wireless network connection. Therefore, we proposed a novel resource management method that
provides operating system as a service for the introduced
mobile transparent computing based on the integration of
QEMU virtualization and mobile agents technology.
With the QEMU running in the end device, all mobile
devices, no matter what architectures they are, are regarded
as MVT to the SRSM center. Thus to realize operating system
as a service from two aspects: supporting different OSs
and applications in the same hardware, sharing the same
resources and services among different devices.
The use of implemented mobile agents is to prove the
effectiveness of SRSM for solving some problems existed in
mobile network. The mobile agent based on SRSM makes it
easier to collect the information of the network resources and
allocate the needed resources to the corresponding device
within an unreliable wireless network connection.
As part of the research, we implement the SRSM in
practical mobile transparent computing environment, and
the results of a comprehensive performance analysis show
that our proposed method is capable of providing operating
system as a service, managing resources on the remote server,
executing programs on the end device and sharing resources
among different devices.
To further improve the performance of our method, the
scheduling algorithm and authentication control are quite
considerable. For a proper algorithm that decides resource
dynamic scheduling will considerably reduce the responding
time and operation latency in our work. So far, the presented
work has not taken the situation that multiusers exist at
exactly the same time into account which often occurs in
facet. Therefor the authentication control in MTC is needed.
Besides, we are planning to develop an algorithm to travel
the mobile agents under the situation of overloaded network
traffic in mobile networks.
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We report current findings when considering video recordings of facial expressions and body movements to provide affective
personalized support in an educational context from an enriched multimodal emotion detection approach. In particular, we
describe an annotation methodology to tag facial expression and body movements that conform to changes in the affective states of
learners while dealing with cognitive tasks in a learning process. The ultimate goal is to combine these annotations with additional
affective information collected during experimental learning sessions from different sources such as qualitative, self-reported,
physiological, and behavioral information. These data altogether are to train data mining algorithms that serve to automatically
identify changes in the learners’ affective states when dealing with cognitive tasks which help to provide emotional personalized
support.

1. Introduction
Adaptive systems can be used to intelligently manage the
affective dimension of the learner in order to foster the
interplay that exists between the cognitive aspects of learning
and affect [1]. In our research, currently framed within
the MAMIPEC project [2], we aim at integrating cognition
with user’s emotions to provide adaptive learning, where a
multimodal approach based on mining several input data
sources (e.g., physiological data, keyboard and mouse interactions, explicit subjective affective information provided
by learners, facial expressions recordings, etc.) is used for
emotions detection [3] and modeling semantically affective
recommendations that are used to deliver emotional personalized support [4].
To progress our research we have carried out a largescale two-week experiment in our laboratory, which aimed
at obtaining a database of emotional data in an educational
context, from where to analyze the viability of inferring
learning emotions. This was our first step to building a user
model that considers student’s emotions, to be used to better

personalize the learner experience. In this paper, we focus on
the emotion detection approach followed to extract affective
information from the facial expressions and body movements
recorded in the aforementioned observational study with the
objective of enhancing the multimodal detection approach.
In particular, we focus on reporting the methodology derived
from a psychoeducational expert involvement in dealing
with the problem of annotating with meaningful predefined
tags changes in the affective states of the participants when
visualizing recorded videos on their performance while
dealing with cognitive tasks in a learning context. This
methodology conforms to the data gathered from the learner
global interaction, including their task performance and selfreported emotional reports. The ultimate goal is to use these
annotations to train a data mining based system that can
automatically identify user’s affective state changes and, from
them, provide the required affective support.
The paper is structured as follows. First, related works are
introduced. Next, the experiment carried out is described.
After that, the data gathered in a large-scale experiment
are reported, which in turns supports the description of
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the methodology followed for the body movement and
facial expressions detection. Following, we discuss the main
challenges and difficulties found. The paper ends with some
conclusions and the outline of future work.

2. Related Works
Humans display their emotions through different channels.
Facial expressions, body movements, and physiological reactions are considered as elements of the nonverbal communication forms [5]. These information sources along with
eye movements, tone of voice, posture, and spatial distance
between two or more people, among others, are considered
in the research field of “affective computing,” which allows
computers to detect and recognize affect [6]. Tracking the
user’s affective state is required by the computing system to
express and recognize affects and ultimately may be used
to offer an adapted learning flow according to user’s needs
and context’s features [7, 8]. In addition, the application of
emotion recognition by analyzing nonverbal communication
like body movements and facial expressions has a great potential for evaluating learners’ states [9], because the emotion
is detected and analyzed unobtrusively and automatically
in real time using a video camera, thereby facilitating an
engaging and optimal learning experience.
Nowadays the study of the analysis of universal facial
expressions is a hot research issue. Different approaches can
be used by observers to measure facial expressions [10]: (i)
judgment-based approaches centered in messages communicated by facial expressions (e.g., a smile is categorized as
happy) that can be analyzed by the observer; and (ii) signbased approaches where the observer describes behavior by
counting types and frequency of movements, such as how
many times the face moves, and how long a movement
lasts (e.g., a smile is categorized as an oblique movement
of the lip corners, with a specific duration). Observers
with a sign-based approach are supposed to function like
machines and typically are referred to as “coders.” Some of
the most relevant studies related to this later approach are
those performed by Ekman and Friesen [11]. Their theory is
based on the existence of six main universal human facial
expressions: happiness, sadness, anger, fear, surprise, and
disgust. These authors developed the Facial Action Coding
System (FACS) to categorize facial expressions [11]. Through
this system the movements on the face are described by a set
of action units (AUs) with a muscular basis. These researchers
analyzed facial expressions by detecting facial gestures and
measuring the amount of facial movements. Other similar
coding systems are EMFACS [12], MAX [13], AFFEX [14], and
CANDIDE-3 [15]. Ekman et al. [16] presented also a database
called FACS Affect Interpretation Dictionary (FACSAID),
which allows translating emotion related FACS scores into
affective meanings. However, according to other works [17],
some of the facial action units included in these systems
may not appear in meaningful facial expressions, as they
describe any visually distinguishable facial action and do not
concentrate on emotional expressions. Moreover, they are
appearance-based and do not consider any information about
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cognitive process (which are very relevant in an educational
scenario) associated with expressions.
More recently, facial expression analysis research has
experienced important changes due to multiple factors
such as the achievements in face detection, tracking and
recognition, and the application of advanced computational
techniques. In particular, many methods have been used for
face tracking, which include measurement of optical flow
[18], face identification, pose recovery and facial expression
[19], models of image motion to recover nonrigid facial
motion [20], active contours [21], robust appearance filter
[22], probabilistic tracking [23], active [24] and adaptive [25]
appearance model, image-based motion extraction [26], and
multiple eigenspaces [27]. As a consequence of this extensive
research work, different algorithms have been applied to
facial expression recognition, such as Hidden Markov Models
[28], Support Vector Machines [29], Neural Networks [30],
Bayesian Network Classifiers [31], using other algorithms as
Principal Component Analysis [32], and Linear Discriminant
Analysis [33] to reduce the dimensionality of the data.
Furthermore, affective computing has undergone relevant changes in the emotions detection and recognition
process regarding body movement and posture. In the last
decade many researchers have revealed that body movement,
posture, and gesture can be considered as indicators of affective states [34] playing a relevant role in the human emotional
states interpretation [35]. There are several methods aimed
to detect emotion showed by actors through body posture
by using photos without 3D information. These photos are
decoded by using low-level visual data [36]. Other researchers
have built a complicated body posture representation system
by capturing the position of different body parts generating
a set of features (i.e., distance and angles between shoulder
and head, etc.) [37]. However, these methods do not include
an automatic process for generating the features needed
to recognize emotions through body posture. None of the
most used gesture emotion detection systems—such as the
VICON system, which takes inputs from 3D positions of
magnetic markers attached around joints and body parts
[38]—apply automatic recognition techniques. There are
different methodologies for coding body movement such as
the Bernese system [39] and the most recent Body Action
and Posture Coding System [40]. Often the researches categorize emotion expressions by making inferences from body
movements but they cannot be replicated by others. In other
cases, measures of movement at muscular level are used but
the devices used limit the participant freedom [41]. Furthermore, video based automatic tracking techniques, which are
considered less obtrusive methods, have a lack of capability
to detect fine body movements [42]. Finally there are a great
number of methods for coding body movement; but up to
now, there is not a theoretical framework establishing which
are the basic units of body movement to be used in emotion
detection through body movement, posture, and gesture [43].
From the above related works follows that emotion
detection through body movements is reduced because there
are not available standard-based coding schemes for body
movement, posture, and gesture expression equivalent to
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the FACS [40]. Another relevant issue to be considered for
further studies is the improvement of the ecological validity.
Ecological validity or external validity refers to whether
or not one can generalize from observed behavior in the
laboratory to natural behavior in the world [44]. Many
studies to date have used static images of facial expressions
and body movements, which do not represent the natural
expressions for the corresponding emotional state showed in
a real interaction context. To ensure ecological validity, it is
essential to study the occurrence and nature of affect displays
in situ, as they occur [45]. Although there exist databases of
recordings dedicated to human emotional experiences [46,
47], these are mostly based on posed expressions and postures
showed by actors or recorded in scripted situations that may
not be entirely relevant in a learning scenario. Nevertheless,
human emotion recognition involves not only facial and
body motion but also other variables such as the cognitive
process (memory, attention, etc.) developed by the subject
and contextual information provided by the environment,
among others [45].
According to this, a complete system for emotion recognition through facial and body movement analysis facilitating affective support during the real learning process
is still an open research issue. This paper’s objective is to
report the methodology derived from a psychoeducational
expert involvement in dealing with the problem of visualizing and annotating—with meaningful predefined tags—
changes in the affective states of learners who were videorecorded during experimental learning sessions. The goal
is to combine these annotations with additional affective
information sources such as qualitative, self-reported, physiological, and behavioral information. These data altogether
will be considered to train data mining algorithms that can
automatically identify changes in the learners’ affective states
when dealing with cognitive tasks. In this way, appropriate
affective personalized support from a multimodal detection
approach can be provided. This system should dynamically
analyze the reactions showed by the users in real learning
and social context and be able to interpret these responses
in terms of emotions, which are to be confirmed with the
emotions reported by them while or just after performing the
cognitive tasks.

3. Experiment Description
To detect emotions from users’ interactions in an e-learning
environment, we have designed a series of large-scale
activities aimed to record multiple measures (qualitative,
self-reported, physiological, and behavioral). Each of the
activities was addressed to a different target audience (general
public, high school kids, high school, and college youth) and
involved different learning styles and difficulties while facing
math problems. Three out of four were designed to be carried
out individually [3]. The other one followed a collaborative
approach [48]. In this paper we focus our analysis on
individual experiments, thereof not considering additional
variables (e.g., interdependence of other people, level of social
competence, anxiety related with being better than others,
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etc.), which should be considered when emotion expressions
are being analyzed in collaborative tasks. Moreover, collaborative scenarios provide information about cognitive
process and strategies specifically involved in social contexts,
which deserve a different analysis [49]. Furthermore, it can
be mentioned that participants with disability were also
involved in the experience [50] but this analysis also deserves
future work since there are differences in the variables to be
considered when people have disabilities (e.g., there might be
morphological or functional alterations that imply that their
facial expressions and/or body movements vary in terms of
intensity, location, or duration; users of screen readers use the
keyboard for browsing interactions, not just typing). All these
experiments took place in the so-called Madrid Science Week
(https://adenu.ia.uned.es/web/es/Proyectos/SemanaCiencia
(in Spanish)). The experiments’ goal was to check if the
emotions elicited during the execution of the designed
cognitive tasks can be detected with the technological
infrastructure prepared and codified accordingly considering
as input the combination of diverse sources for gathering
emotional data from participants, including facial and body
movement recordings with webcam and Kinect devices.
3.1. Description of Experimental Tasks. During the three individual activities (identified as act2, act3, and act4—act1 being
the collaborative experiment), we proposed several tasks for
the participants to be done individually. The structure of
them was similar; the only difference was on the contents of
the problems to better fit the targeted audience (i.e., general
public and students of diverse levels). Additionally, some
previous pilot studies were performed in order to verify the
proper setting of the experiment for the activities, which
included the technological infrastructure required. Sessions
were scheduled every two hours, with a capacity for up to
4 participants at a time. In each experimental stand there
was one researcher in charge of recording measures and
supporting the participant along the session. An additional
researcher was taking notes in an unobtrusively way about
relevant physical movements of the participants. There was
also a researcher guiding the activity in a synchronous way
so all participants were jointly informed about the tasks to
be carried out. However, no interaction within participants
was allowed during the activity as this was designed in an
individual manner. The activity was prepared in the accessible
dotLRN e-learning platform [51]. Along with the physiological and behavioral recordings, participants filled out some
personality trait questionnaires (i.e., Big Five Inventory—
BFI [52], General Self-Efficacy Scale—GSE [53], Positive and
Negative Affect Schedule—PANAS [54]) as these characteristics relate to how students respond to attempts to provide
them affective scaffolding [55]. The data gathered from the
interactions in the learning activity were complemented with
emotional feedback collected directly from learners in terms
of the Self-Assessment Manikin (SAM) scale [56] to measure
emotions in a dimensional space [57], and emotional reports
filled by the participant when the tasks were finished so they
could report about their emotions, difficulties encountered,
and strategies used to solve them.
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3.2. Experiment Phases. Each activity was divided into several phases as described below in the same order as participants carried them out.
3.2.1. Prestudy. In the prestudy, relevant information about
the participants was gathered. Moreover, the required calibration was carried out. Three phases were defined here.
Phase 1 consisted in the welcome introduction to the
participant, explaining in a very general manner (not to
influence the experiment) the activity to be carried out.
After that, the information consent form was given to the
participants to be carefully read and signed if they agree on it.
Here they were informed about the anonymous treatment of
their information as well as their freedom to leave the experiment at any time. This information consent was approved by
the ethical board of our university. All participants agreed
to sign and none of them left the experiment. After the
consent was signed, sensors were attached to the participant.
These sensors consisted of disposable Ag/AgCl electrodes
to get electrocardiogram signal, Pneumograph belt strapped
around the chest, two 8 mm snap button style Ag/AgCl pellet
in contact with index and ring fingers in the nondominant
hand to measure galvanic skin response, and a temperature
sensor attached to the nondominant wrist.
In Phase 2 demographic information was gathered,
namely, gender, age, studies, occupation, illness related
to heart and brain, physical activity, emotional control,
and technological experience. Moreover, personality traits
through the Big Five Inventory (BFI) and the General SelfEfficacy Scale (GSE) were also obtained.
Phase 3 was focused onthe emotions calibration. First,
the physiological sensors baseline was recorded by asking the
participant to relax for 2 minutes. Next, an expectative report
(identified as T0) was filled in by the participants to collect
their expectations for the activity. Here, besides analyzing the
information written by the participants, emotional information can also be computed from their typing behavior as well
as from a sentiment analysis of the text [3]. A polygraph-line
task (identified as T1) was also used to calibrate the elicited
emotional response in advance through a variety of questions
that fluctuate from neutral to very lock-in ones. Finally, emotional images were selected from the International Affective
Picture System (IAPS) [58] database—rated by a normative
sample—covering the emotional dimensional spectrum to
which participants were asked to rate valence (i.e., pleasure)
and arousal (i.e., activation) with the 9 point SAM scale. This
task was identified as T2.
3.2.2. Study. Phase 4 consisted of some mathematical problems. Three groups of problems were given to the participants. The first group (identified as T3) contained simple
mathematical problems to see how each participant reacted
while doing mathematical tasks. The second group of problems (identified as T4) was of an equivalent difficulty level
but participants were told that they were even easier than
previous ones and the time available for their completion was
limited to 3 minutes. Due to implementation issues, when
the time limit was over, the participant was not aware of this
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factor till she moved to the next page (either after submitting
a problem response or a SAM’s score). This implies that the
length in T4 was in average a bit larger than 3 minutes, but
in any case, not sufficient to finish the task and participants
could only finish the action on the current page. The goal here
was to try to elicit a certain level of frustration and stress. The
third group (identified as T5) consisted of simple graphical
logical series to try to elicit a relief feeling from previous tasks
and thus helping the participant finish the whole session with
sensation of joy and happiness.
The structure was the same for each group of problems.
First, a question and four possible answers, with only one
correct answer, were provided. Participant had to select
one alternative and submit the response. Then, they were
provided with explained feedback on the correct answer.
After that, they were asked to fill in the SAM scale, similarly
as done with the images task (i.e., T2). After each group of
problems, participants were asked to write down (typing)
how they had felt when doing the problems, what they
were thinking, what problems did they cope with, and how
did they dealt with them. This self-reporting was asked to
understand and confirm the meaning of the expressions and
movement detected in relation to the emotion felt by the
participant. This was the emotional report assigned to each
study task (identified as ER-T𝑖 , where 𝑖 = 3, 4, 5).
3.2.3. Poststudy. The poststudy was used to collect participants’ feedback after the experience. In Phase 5, the physiological sensors’ baseline was measured again. Participants
were asked as in the beginning to relax themselves for 2
minutes in order to check the recovery of their physiological
variables after the study tasks. Sensors were withdrawn after
that. Subjective feedback from participants was collected with
the Positive and Negative Affect Schedule (PANAS) as well
as from an ad hoc satisfaction questionnaire. After that,
participants were informed about the goals and details of
the experiment, telling them about the purpose of the tasks
carried out, debriefed, and dismissed.
3.3. Technological Devices for the Data Gathering Process.
Focused on getting as much facial and body movements
information as possible from participants, two different
devices were used in order to record all the gestures produced
during the session. First, high definition webcams were used
to capture the participant’s face, located at a distance of about
75 cm from it. The video was recorded with the Logitech
Webcam Software provided with the camera, generating a
Windows Media Video file with a resolution of 1280 × 720
and 15 frames per second (fps). Second, in order to export
some facial information, Microsoft Kinect for Windows was
used. From version 1.5, the Kinect for Windows SDK provides
a face-tracking engine that processes the image capture by
the device and tracks human faces. Two different applications
were used to get data from the Kinect. The first one was
the Kinect Studio, an application included with the Kinect
for Windows SDK that allows recording not only the video
captured by the Kinect, but also the depth information
associated to it (the Kinect device is equipped with an array
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of IR lights that allows it to get a matrix of depth points
that can be associated to the video, generating a kind of 3D
video). The files generated by the Kinect studio containing
video (with a 640 × 480 resolution and 20 fps) and depth
information are stored in an .xed file with an average size
of 1 gb/min. The second application used was a program
developed by a partner in the MAMIPEC project (University
of Valencia, Spain), which exports on the go (when a human
face is detected) all the features extracted by the face tracking
engine, including 100 characteristic points delimiting face,
lips, nose, eyes and eyebrows outlines, and head pose (pitch,
roll, and yaw), six Animation Units, and eleven Shape Units
(which are a subset of the defined in the CANDIDE-3 model
[15], the lines that recreate a 3D mask of the participant’s
face) and the timestamp of the values recorded. All these
data are exported in a Comma Separated Values (.csv) file
that contains several registries per second, having each one
of these registries 1504 values.
Due to the high computational requirements to capture
the video and data from Kinect, a stand-alone computer
per stand was used. The computer where the webcam video
was recorded was also used to obtain all the data from the
physiological sensors (as aforementioned in Section 3). These
sensors were connected to a J&J Engineering I-330-C2 device
and controlled by the software provided with the device,
that is, the J&J Engineering Physiolab. Another computer
per stand was used to monitor the participant’s desktop in
real time with the realVNC software in order to know her
progress during the learning tasks without disturbing her. The
computer used by the participant (this makes 4 computers
per stand) was also recording data. Specifically, a video with
the participant’s desktop (using CamStudio Portable) as well
as the participants’ interactions, running a hidden key-logger
and mouse-tracker that records all the keystrokes, mouse
clicks, and mouse movements during the session with their
corresponding timestamps.
One computer in the lab was also configured as a Simple
Network Time Protocol (SNTP) time server in order to
synchronize the system time from all the computers used
in the experiment to have all the timestamps synchronized,
but the J&J Engineering Physiolab captured data, as the J&J,
did not store the system time with the signals recorded. To
solve this issue, timestamps were taken manually by each
stand researcher to set, into the values, the beginning of the
different tasks done in each session by each participant. The
desktop recordings were useful to reproduce the participants’
interaction with the computer, as commented in Section 4.1.
In turn, collected keyboard and mouse interactions were
processed in order to obtain indicators that correlate with
emotional states [59].
75 participants (including 3 with accessibility requirements) took part in the three individual activities and 4.05
TB of data were collected in the following files for each
participant: (i) a video of the participant’s face recorded by
the webcam, (ii) an .xed file generated by the Kinect studio
containing the video of the participant’s face and the deep
data of that video, (iii) a .csv file containing all face information provided by the Kinect SDK with the timestamp of
each registry generated, (iv) a .csv file with all the keystrokes
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(key press and release) performed by the participant and
another with all the interactions made with the mouse
(button clicks and releases and mouse movements), both
with the time of each interaction in it, (v) an .xls file with
all the physiological signals recorded and the timestamps
added during the experiment, (vi) a video of the participants’
desktop during the experience, (vii) several .csv files with the
participants’ answers to the tasks in the learning platform,
(viii) an .xls file with the outcomes from the personality
questionnaires and gathered demographic data, and lastly (ix)
a spread sheet with the notes taken by the observer about
relevant physical movements of participants.

4. Methodology for Facial Expressions and
Body Movements Detection
As aforementioned, in this paper we focus on reporting
the methodology proposed to detect facial expressions and
body movements associated to emotions elicited during
an individual learning activity, where cognitive processes
(such as decision making and problem solving) are involved.
A psychoeducational expert annotated collected data from
the videos recorded in the experiment with meaningful
predefined tags. She has more than 15 years of experience in
learning disabilities personalized support, as well as in applying learning strategies (including emotions management) to
improve the educational processes.
4.1. Annotation Process. A mixed (judgment and sign based)
approach was followed to codify emotions associated with
facial expressions and body movements. The expert gathered
information about facial expressions and body movements
associated to specific activities by viewing in a synchronized
way two interfaces, (see Figure 1). Interface 1 (Figure 1(b))
shows the participants’ facial expressions and body movements from the video (both image and sound). Interface
2 (Figure 1(a)) shows the current task performed by the
participant in her computer’s desktop.
The videos average length is between 50 and 70 minutes
depending on the time spent by the participant to solve the
proposed tasks. The duration and complexity of the video
annotation process depends on several factors, such as the
number of facial and body movements carried out by the
learner and type of movement (an isolated movement or a
movement involving different body parts such as the face,
shoulder, etc.). Taking into account the complexity of the
annotation process an extensive spreadsheet was designed
and used for collecting the affective information from the two
interfaces about the main features involved in the emotional
expressions while the educational activity was performed.
The corresponding timestamps were assigned to each task.
Another researcher (with less experience on facial emotions recognition) was asked to use this annotation methodology in a random sample of the videos to check that
the coder’s expertise did not bias the affective information
obtained. After comparing the tags given by both experts,
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(a)

(b)

Figure 1: Desktop (a) and face (b) recorded videos for a participant simultaneously played on the experts computer to annotate the facial
expressions detected when participant carried out a specific task. Note that face has been blurred to assure participant’s anonymity as
guaranteed in the signed information consent form.

they tagged the same features. However, as expected, the
expert was able to identify more relevant features than
the nonexpert. After this verification, we felt reasonably
confident about the tagging obtained.
Next, we comment on the relevant emotional features
collected in the spreadsheet, which can be tagged from each
of the two interfaces, as well as from the participants’ global
interaction.
4.1.1. Data Gathered from Interface 1: Participants’ Facial
Expression and Body Movements. In order to categorize
the facial expressions and body movements showed by the
participant, the expert proposed and used the following fields.
(i) Location: a classification is made about specific facial
actions and body movements. The actions are listed
by general location (face, head, shoulders, hands, and
trunk) or more specific locations (eyes, eyebrows,
nose, lips, forehead, and neck) when appropriate.
(ii) Type of movement: different types of movements were
identified in face and body, such as turns, contractions, and deformations.
(iii) Movement direction: coded options were in front,
behind, right, left, up, and down. When several
body parts are involved, a combined movement was
identified instead of the direction.
(iv) Intensity of movement: movements with a medium or
high level of intensity were identified by the expert to
highlight relevant moments where detailed attention
should be put in the data mining analysis.
(v) Repetitions of movement: it is computed in terms of the
number of movements carried out during the length
of the task (obtained from Interface 2).

4.1.2. Data Gathered from Interface 2: Learning Tasks. The
information shown in the learning environment (i.e., participant’ desktop) during the learning tasks was tagged by the
expert as follows.
(i) Task: it is the specific task and mathematical problem
that the participant was solving when the facial
expressions or body movement was detected.
(ii) Result: it is the result obtained by the participant in the
task when a face and/or body movement was detected.
This is qualitative information about the task result,
which is to be enriched with the quantitative data
collected in the learning platform for each of the tasks
carried out. The result of the task is very relevant
for the coding because it relates to the participant’s
cognitive process. Participants can show different
body postures and facial expressions depending on
the results obtained (wrong or right answer). Thus,
this information is useful to categorize the associated
emotion in an educational environment.
(iii) Task duration: the starting and ending time of each
task were written down. In this way, the number of
movements detected can be properly compared when
the lengths of the tasks are not the same.
(iv) Emotional reports: the expert annotates not only
the relevant information facilitated in the emotional
reports by the participant about feelings, difficulties
encountered, and the strategies used to solve them,
but also the way she does the reporting, for instance,
the participant writing speed, if she is thinking about
the answer for a long time, and so forth.
4.1.3. Data Gathered from Participants’ Global Interaction. In
addition to the labeling of the relevant events when visualizing Interfaces 1 and 2, the expert analyzed participants’ global
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interaction throughout the learning activities (including the
information facilitated in the emotional reports provided
after each tasks) aimed to classify them into different categories related to the learning process. Given the lack of
agreement in the community about a single vocabulary of
emotion terms, the expert selected from the W3C Emotion
Markup Language specification (EmotionML) [60] some of
the most suitable categories according to the research activity
described in this paper. A 5-point Likert scale was used to
classify in a global way each participant in all the categories
mentioned. The categories considered were the following.
(i) Excited/Unexcited: participants were categorized as
excited when they showed an arousal state with a high
rate of facial and body movements or they informed
this state in the emotional report filled after the tasks.
(ii) Resolute/Confused: participants were categorized as
resolute when they did not hesitate to give the
response and they did not modify the option chosen
at any time, or they confirmed in the emotional report
that they felt secure when delivering their responses.
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Figure 2: Head pose angles. The angles are expressed in degrees,
with values ranging from −180 degrees to +180 degrees. This figure
has been extracted from the Face Tracking SDK Kinect for Windows
available at http://msdn.microsoft.com/en-us/library/jj130970.aspx.

(iii) Concentrated/Distracted: participants were categorized as concentrated when they were focused on
the task ignoring the possible distracting elements of
the environment (i.e., other participants, researchers,
noises, etc.).
(iv) Worried/Unworried: participants were categorized
as worried when after they finalized a task, they
informed in the emotional report that they were
worried by the obtained results.
(v) Interested/Uninterested: participants were categorized
as interested when they tried to solve all the tasks,
devoting time to looking and taking care of the feedback provided, avoiding random responses, and so
forth. Participants were also included in this category
when they informed in the emotional report about
their interest in the task and their results showed the
behaviors previously described.
(vi) Relaxed/Nervous: participants were categorized as
nervous when they showed a high rate of facial and
body movements related with this emotional state
(i.e., frowning, biting their lips, etc.). They were also
included in this category when they confirmed this
state in the emotional report.
4.2. Emotion Codification Process. Facial expressions and
body movements detected by the expert in each participant
as well as from the emotional reports and tasks carried out
can be codified as discussed below.
4.2.1. Facial Expressions. Information from facial expressions
showed by the participant is codified using the Face Tracking
SDK’s face tracking engine. This tool analyzes input from a
Kinect camera, deduces the head pose and facial expressions,
and makes that information available to an application in real
time. The output of the Face Tracking engine contains the
following information about a tracked user.

Figure 3: AU1—Jaw Lowerer Each AU is expressed as a numeric
weight varying between −1 and +1. This figure has been extracted
from the Face Tracking SDK Kinect for Windows available at
http://msdn.microsoft.com/en-us/library/jj130970.aspx.

(i) 2D points: The Face Tracking SDK tracks 87 2D points
defined in the coordinate space of the RGB image (in
640 × 480 resolution) and returned from the Kinect
sensor.
(ii) 3D head pose: The X, Y, and Z position of the user’s
head are reported based on a right-handed coordinate
system. Translations are in meters. The user’s head
pose is captured by three angles: pitch, roll, and yaw
(see Figure 2).
(iii) Animation and Shape Units: The Face Tracking SDK
results are also expressed in terms of weights of six
Animation Units (AU) (see Figure 3) and 11 Shape
Units (SU), which are a subset of what is defined in the
CANDIDE-3 model. The SU estimate the particular
shape of the user’s head: the neutral position of their
mouth, brows, eyes, and so on. The AU are deltas from
the neutral shape that can be used to morph targets on
animated avatar models so that the avatar acts as the
tracked user does.
4.2.2. Body Movements. Several methods are available for
coding body movement in nonverbal behavior research, but
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as aforementioned in the related works there is no consensus
on a reliable coding system that can be used for the study of
emotion expression [61].
To progress on this issue, the psychoeducational expert
proposed to determine the upper body movements in terms
of posture and gesture, movement direction, and intensity
and frequency. In addition, the expert added information if
a specific gesture and posture are related with an emotional
reaction showed by the participant in a specific moment.
4.2.3. Emotional Reports. The expert analyzed if the information facilitated by the participant is in accordance with the
facial expression and body movements showed during the
task. This is valuable knowledge that can be used to
(a) confront the facial expression detected and categorized by the expert with the real emotion felt by the
participant, and
(b) analyze the difficulties encountered by the participant
and strategies applied to solve them in order to define
the future affective support to be provided in each
situation.
4.3. Analysis of Results from Annotation and Coding Processes.
Up to now, the recordings of all the participants of the first
stand for each of the three individual activities have been
analyzed, which corresponds to 19 participants. A total of 15
hours, 15 minutes, and 55 seconds of video were watched by
the expert for these 19 participants. For the tagging process,
the expert had to stop the video at the relevant moments,
identifying and coding the movement and writing it down
in the predesigned spreadsheet. This has required in average
an amount of time similar to three times the video recording
(about 48 hours, 2 full days nonstop). The expert did not
watch all the set of videos one after the other, but she did
only one per day to keep attention focused. In this way, we
can estimate that 1 minute of video recorded has required
3 minutes for the tagging process. To reduce this time,
and based on the annotation process carried out, we have
designed an annotation tool, as commented later in the future
works section.
During the annotation process, the expert filled out the
spreadsheet with the information described in Section 4.1.
After that, the coding described in Section 4.2 was carried
out. In this section, we report the findings currently identified
regarding the study tasks (i.e., T3, T4, and T5) in Phase
4, which are the ones that properly relate to the cognitive
processes carried out by the participants during the activity.
For the analysis, we have combined the expert annotated data
with the information gathered from the learning platform
regarding the scoring for the tasks as well as the average SAM
values for the valence and arousal dimensions given by the
participants after answering each problem. In this respect
we found a trend in the sense that participants with a large
number of correct problems have higher values in the SAM’s
score for the valence, which suggests that they perceive the
tasks as more pleasant when they answer correctly. This trend
was not detected in arousal.

Table 1: Movements detected per task and task duration, as well as
average per participant.

Movements
Duration (seconds)
Ratio movements/duration
Avg. movements/participant
Avg. duration/participant

T3
385
9944
0.0387
20.26
523.37

T4
180
3697
0.0487
9.47
194.58

T5
184
6505
0.0283
9.68
342.37

From the analysis of these data, several noteworthy
issues were identified that refer the annotated movements’
description to the task duration, task difficulty, and the
codification process.
4.3.1. Task Duration. To start the analysis, we comment on
the amount of movements detected and the length of each
study task. Table 1 shows the amount of movements detected
by the expert in each of the study tasks (row 1) as well
as the total time recorded (in seconds) for each of these
tasks (row 2). With this information, the ratio of movements
per second for each of the tasks can be computed (row 3).
Also, considering that there were 19 participants analyzed,
the average number of movements and task duration can also
be computed (rows 4 and 5). Regarding the average duration
per participant in T4, it has to be recalled (as commented in
Section 3.2.2) that the length of T4 was longer than 3 minutes
(and thus, the average is larger than 180 seconds) due to
implementation issues.
More movements were detected in T3, but in T4 the
ratio is larger. The duration of T4 is shorter because this
task was limited in time to cause frustration and stress
(see Section 3.1). In Figure 4 it can be seen that the rate of
facial expressions and body movements (computed as the
number of movements each participant carried out during
the duration of the task) is larger in T4 (T4 is represented
in the middle column in each group of bars if the figure)
for almost all the participants analyzed. This suggests that
to carry out a task with limited duration aimed to cause
frustration and stress could be considered as a relevant issue
impacting on the amount of facial expressions and body
movement showed by the participants.
From Table 1, T4 and T5 had a similar average of body
movements per participant (i.e., 9.47 and 9.68, resp.) even
though T4 had a T4 had lower average lenght than T5. In
T4 participants were told that they should carry out a set of
mathematical problems with an equivalent difficulty level of
exercise, even easier than previous ones, but the time available
for their completion was limited and insufficient. In our view,
this finding can suggest that limited duration could elicit a
certain level of frustration and stress in the participants and this
emotional state produces a larger amount of facial and body
movements.
4.3.2. Task Difficulty. Regarding the task difficulty level, some
relevant issues can be also commented. Contrary to T3 and
T4, T5 consisted of simple graphical logical series with a
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low difficulty level. The goal was to elicit a relief feeling
from previous tasks and thus helping the participant finish
the whole session with sensation of joy and happiness. In
general, the amount of facial and body movements observed
from the participants in T5 shows a lower rate (0.0283) than
those showed in T3 (0.0387) and T4 (0.0487). This suggests
that the task difficulty level is also a factor impacting on
the facial and body movement rates. Our interpretation here
is that in tasks of medium or high level of difficulty such as
T3 and T4, participants made more facial expressions and
body movements while carrying out more complex cognitive
processes involving, among others, attention and memory.
We have also analyzed the types of face expressions and
body movement and task difficulty level. During the annotation process, the expert noticed that there were some types of
movement carried out by some participants more often than
others. Furthermore the rate of these movements was higher
when these participants were solving T3 and T4 considered

with a medium or high difficulty level. By comparing the
movements per second for each of the movement types in
each of the tasks (see Figure 5), it can be seen that the
movements of eyebrows is clearly larger in T4, the task where
participants were stressed and frustrated due to the time
limitation. It can also be seen that there is a large difference in
the tag “talk.” This tag means that the participants made some
aloud comment spontaneously. Most of these verbalizations
in T4 were due to their surprise for the time being finished,
as the task was limited. In this way, it seems that certain face
expressions such as eyebrows movements and verbalizations
might occur more often when participants are stressed and
frustrated as they are carrying out cognitive tasks with time
limit.
4.3.3. Codification Process. According to the SDK codification system described in Section 4.2.1., the type of movement
detected with a high frequency level was AU0—Upper L,
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AU1—Jaw Lowerer, AU2—Lip Stretcher, AU3—Brow Lowerer, AU4—Lip Corner Depressor, AU5—Outer Brow Raiser,
3D Pose—PITCH, ROLL, and YAW.
Some of these Action Units and 3D head poses such
as those involving eyebrows (frown, raise), mouth (tighten,
opening, biting, twisting sideways, and bowing down) and
head (pitch, yaw, and roll) have been shown more often by
some participants during T4, the task designed to generate
stress and thus has a higher difficulty level and limited duration. From the first studies that try to relate facial expressions
with specific emotional states [11], these expressions and
poses seem related to concentrated, worried, and thinking
states, among others. This supports the previous finding in
the sense that it could be a relation between tasks with a
high difficulty level where relevant cognitive process such
as attention, memory, reasoning are functioning and specific
types of movement mainly facial expressions showed by the
learner while trying to solve the mathematical problems.

5. Discussion
The methodology proposed complies with several points that
need to be addressed when measuring facial expressions and
body movements as reported elsewhere [62]. In particular,
following the proposal made by these authors, we remark
the following issues that have been taken into account in the
annotation methodology presented in this paper.
(i) A separate classification about specific facial actions
and upper body movement has been developed,
as shown by the items involved in the analysis of
Interface 1.
(ii) Only spontaneous facial actions and body movements
have been considered (as they were recorded from
participants doing learning tasks).
(iii) Subjects participating in the research experiment
belong to different population groups (gender, age,
race, and functional diversity) which contributes to
the generality of the approach proposed.
(iv) Experts and beginners on facial emotion recognition
have been included (to show that the emotion is easily
detected and interpreted regardless of the coder’s
experience, culture, etc.).
(v) Facial expressions and body movements have been
reported not only by analyzing the movement dynamically, but also determining their intensity and frequency.
In addition, some problems while gathering facial and
body movements’ information were detected.
(i) Regarding the software infrastructure, the psychoeducational expert analyzed the participant interaction
on two different interfaces. Due to this fact, the data
collection from body movements and facial expressions showed by each participant is a complex and
time consuming process. Difficulties related to synchronization were encountered while she was detecting and extracting emotional information related

with cognitive tasks performance. Synchronization
of data gathered is a critical issue, addressed in the
experimental design with the SNTP server and the
manual labels, but still an open issue.
(ii) Due to the sensitivity of the Kinect device, there are
some factors that should be taken into account to
perform the data collection. Among them, it has to
be ensured that there is at least one meter between
the device and the participants, and anything that can
cover the participant face (her own hands, fringe, etc.)
has to be removed.
(iii) Tall participants had to look down to watch the
monitor; this complicated the facial data collection.
To solve this, the level of the monitor should be
regulated, never forgetting that Kinect and webcam
have to capture the whole face of the participant.
(iv) When participants are people with low vision, usually
they tend to get close to the computer screen. This
makes the video capture more difficult as the face gets
hidden behind the screen and cannot be completely
recorded.
(v) Sometimes the expert informed about a lack of
consistency between (1) the facial expression and
body movements showed by the participant along the
cognitive tasks, and (2) the information reported by
them in the open answer emotional reports.
(vi) Even though video-based techniques for emotion
detection are considered as unobtrusively methods,
some participants reported that they feel discomfort
when a device is recording them.
In our view, the annotations done by experts after analyzing recorded videos in order to detect facial expressions and
body movements and determine relations with the performed
cognitive tasks will enrich other results obtained by the
multimodal framework proposed in MAMIPEC project, such
as those reported elsewhere [63]. In particular, data mining
techniques are to be used to process and combine this
affective labeling from face expressions and body movements
with breath and heart rate measures, body temperature levels,
galvanic skin response, keyboard and mouse interaction,
and the data from the participants’ emotional self-reports.
The purpose here is to take into account the needs of all
users, including those with disabilities [50]. Taking all this
into account, the main objective of our research within the
MAMIPEC project is to facilitate an affective support that
allows learners to perform cognitive tasks by improving their
emotional control strategies. In particular, we have discussed
elsewhere [64] how to capture relevant information from
an intelligent tutoring system that [65] focuses on one of
the most challenging steps in learning algebra, which is the
translation of word problems into symbolic notation, in order
to improve the learner’s competence in solving algebraic word
problems considering learners’ emotional and mental states.
The data analysis on the participants’ behavior can be
carried out in two orthogonal ways. One of them should
focus on identifying relevant patterns within the set of
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information collected for all the participants as a whole. The
other one should carry out a detailed analysis per participant.
In order to select the most relevant participants for the
analysis, we can select those who feature extreme values in
the learning process categories considered in Section 4.1.3
regarding the participants’ global interaction. In particular,
using a radial representation Figure 6 shows the values for
the different participants analyzed here (colored lines) which
form diverse shapes in the figure, and the average value for all
the participants (black line) which almost coincides with the
middle values of the figure.
Additionally, based on the results of our experiments, we
are also focused on following an intrasubject approach, where
an exhaustive data collecting from a single user is to be done
in order to model as precisely as possible this particular user’s
affective states along a large period in time.

6. Conclusions and Future Work
The purpose of this work was not to get conclusive results but
to bear out the main challenges and difficulties involved in
emotion detection from facial expressions and body movements in learning settings, aimed to enrich and support a
multimodal framework for emotions detection in educational
scenarios. In this sense, this paper is aimed at describing
related background and the proposed approach for the annotation process, which includes the reported methodology to
detect facial expressions, body movements, and associated
emotional information when the learner is interacting in a
learning environment involving cognitive tasks.
The annotation methodology that has been proposed
considers data gathered from user’s facial expressions and
body movements (i.e., location, type, direction, intensity, and
repetition); data gathered from the learning tasks (i.e., task,
result, duration, and associated emotional reporting); and
data gathered from participants’ global interaction in terms
of 6 categories (i.e., excited-unexcited, resoluted- confused,

concentrated-distracted, worried-unworried, interesteduninterested, and relaxed-nervous).
The analysis showed that participants’ emotional reactions in a real learning scenario seem to be influenced by the
duration of the task, its difficulty level, and the valence and
arousal levels reported, and this has an impact on the facial
expressions and body movements done when carrying out
learning tasks that involve cognitive process. However, in our
analysis we still need to process and further analyze all the
different sources of emotional data collected, which is part of
our ongoing work. Nevertheless, in our view our current work
has produced some contributions to the state of the art as we
have proposed a methodology to support the annotation process of facial expressions and body movements that appear
when learners carry out learning activities. This annotation methodology considers information about the cognitive
process (which is very relevant in an educational scenario)
associated with facial expressions and body movements. As
far as we are aware, this is not considered in the literature of
emotions detection, as discussed in Section 2. In our view,
this proposal provides evidence on how human emotion
recognition involves not only facial and body motion but
should also consider other variables such as the cognitive
process (memory, attention, etc.) developed by the subject,
the contextual information provided by the environment, and
so forth.
The emotional annotations and further coding obtained
by applying the proposed methodology combined with the
other emotional input data aforementioned in Section 3 is
being used to identify affective recommendations needs in
order to deliver personalized affective support when participants interact within e-learning platforms. Support is being
designed according with the learner’s emotion management
needs and accessibility preferences when she is performing
cognitive tasks with the help of the TORMES recommendations elicitation approach based on the ISO standard 9241210 [66], extended to consider affective information [67].
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A preliminary experiment to evaluate the impact of the
adaptive and personalized affective support delivered to the
learner during the learning experience has been carried
out in 2013 Madrid Science Week [63]. The application of
TORMES methodology has served to produce a scenario
demanding emotional support, covered with 10 affective
recommendations. These recommendations were positively
validated by educational experts. In parallel, the data from
the keyboard and mouse interactions is also being processed to detect behavior variations during the experiment,
showing correlations between the average time between two
mouse button press events or the standard deviation between
two keystrokes and the valence dimension [59]. A further
research, correlating the results from that study with the
indicators extracted from this work needs to be done.
Furthermore, as previously anticipated, a tool that can
help researchers during the manual annotation of the videos
has been proposed by members of the aDeNu research group
and is being developed in conjunction with the GTH research
group (Speech Technologies Group) of the Polytechnic University of Madrid (Spain). Our requirements for this tool are
the following. First, it should take as input the facial features
and body movements extracted from the Kinect device using
Microsoft Visual Studio API. Using the methods provided by
this API, raw data should be codified through CANDIDE-3,
and thereafter processed with the FACS method. The FACS
classification obtained should be shown on the graphical user
interface synchronized with the video and desktop recording,
together with other external sources such as the learner
physiological signals detected at the same time. Available
algorithms for facial expression recognition process such as
those enumerated in the related works section can also be
integrated in this tool if relevant information is obtained. The
tool should also allow the expert to annotate any affective
information (with the methodology proposed here) in those
moments of time that are needed to enrich the affective
information detected.
A future research work will be to analyze the data
collected in the collaborative learning scenarios mentioned in
Section 3, which follow the Collaborative Logical Framework
approach [48]. As aforementioned and detailed in [49],
variables related to emotion expression in social context will
be analyzed (i.e., interdependence of other people, level of
social competence, anxiety related with being better than
others, etc.). Collaborative scenarios are of relevance as they
provide information about cognitive process and strategies
specifically involved in social contexts such as communication, clarification, and handling criticism abilities. Moreover,
in future works we will also analyze the particularities for
the emotions annotation when learners have some kind of
disability.
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[27] L. Marco-Giménez, M. Arevalillo-Herráez, and C. CuhnaPérez, “Eigenexpressions: emotion recognition using multiple eigenspaces,” in Pattern Recognition and Image Analysis,
vol. 7887 of Lecture Notes in Computer Science, pp. 758–765,
Springer, Berlin, Germany, 2013.
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[64] M. Arevalillo-Herráez, S. Moreno-Picot, D. Arnau et al.,
“Towards enriching an ITS with affective support,” in Proceedings of the Personalization Approaches in Learning Environments
(PALE ’13), vol. 997 of CEUR Workshop Proceedings, pp. 5–13,
2013.
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Traditional online shopping platform (OSP), which searches product information by keywords, faces three problems: indirect
search mode, large search space, and inaccuracy in search results. For solving these problems, we discuss and research the
application of similar image retrieval in electronic commerce. Aiming at improving the network customers’ experience and
providing merchants with the accuracy of advertising, we design a reasonable and extensive electronic commerce application
system, which includes three subsystems: image search display subsystem, image search subsystem, and product information
collecting subsystem. This system can provide seamless connection between information platform and OSP, on which consumers
can automatically and directly search similar images according to the pictures from information platform. At the same time, it can
be used to provide accuracy of internet marketing for enterprises. The experiment shows the efficiency of constructing the system.

1. Introduction
With the development of informatization in the small- and
medium-sized enterprises, online marketing becomes a good
choice for these enterprises [1, 2]. Among all kinds of channels
of online marketing, the small- and medium-sized enterprises are more prone to choose the third party B2B online
marketing platform and search engine, which provides the
packaged IT information and commerce services. Research
from iResearch shows [3] the network marketing costs in
China will be up to 8% in 2008 from 0.5% in 2002. And it
predicts that the proportion will rise continually and reach to
11.5% in 2013.
Early OSP generally uses the keyword searching mode. It
is difficult to describe the products with simple word because
of their diverse styles and rich color. Customers cannot
search the needed products directly. Meanwhile, products
update quickly, and labeling so many products artificially is a
tremendous work. The inconsistency of description between
customers and suppliers leads to inaccuracy in search results
and large search space; then it will consume too much time for
customers. Therefore, the existing problems, such as indirect
search, inaccuracy in search results, and long shopping time

from the keywords searching mode, will influence customer
experience on online shopping. On the other hand, from the
trend of internet developing, 80% of customers will browse
information on internet, but among them only 28% will take
part in online shopping. How to lead the internet users from
browsing information to online shopping is a key problem for
electronic commerce advertisers. Traditional advertisement
injects advertisements in the information platform, in which
purchasing pages are linked by advertisements clicking. This
method will lead to low clicks ratio and low actual purchase
ratio for the irrelevance of injecting advertisements and
information and the false clicks of customers. Therefore,
despite electronic commerce customer or electronic commerce suppliers, online shopping needs to combine with
visual, interactional, and functional new image searching
technology.
Starting with solving the problem of traditional online
marketing, we research the application of similar image
retrieval in electronic commerce and promote the corresponding application system design proposal. This system
connects information platform with purchase platform. Customer can automatically search similar image according
to their favorite pictures from information platform by
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Figure 1: The basic framework of similar image retrieval system.

this system. Eventually it will increase the purchase ratio
of customers. The system can also automatically collect
the product information from the other online shopping
platform, provide direct similar image retrieval for customers, and display the search results with the customized
way.

2. Similar Image Retrieval and
Application Analysis
Similar image retrieval [4–6] is a new vision image searching
technology used to solve the above problems. This technology
searches images according to their content and context environment. Firstly, some objective image features are extracted
automatically by computer, such as color, grain, shape, and
spatial relationship. Then the image is indexed in database
based on these features. According to the sample image, the
users retrieve image in database by some similarity measurements, and the system returns similar results to users.
This technology provides a new search mode—searching by
image. The mode of searching by image will help users find
the same or similar image in plenty of internet images. It
relieves the embarrassment of customers, when they face
some image, which is difficult to describe by keywords, or
they do not want search by keywords. The visualization
of searching by image satisfies the customers with higher
searching requirements, helps customers find product information more conveniently, and elevates the online shopping
experience. The vision image searching results by themselves
can make customers buy the product more quickly, and
visual display can increase the click-pursue turnover rate.
Figure 1 is the basic framework of similar image retrieval
system.
Similar image retrieval system includes three components: feature extraction, effective retrieval, and user interface.

2.1. Feature Extraction. Image features include primitive features and semantic features. The primitive features of image,
which are quantitative, include the color, shape, texture, and
spatial relationship. The semantic features of image, which
describe the image content, are qualitative. They are extracted
by artificial way or human-computer interaction.
2.2. Effective Retrieval. Effective retrieval includes indexing
and matching mechanism. Currently, the general index models include 𝑘-d tree, 𝑅-tree and variety 𝑅+ tree, 𝑅∗ tree,
VA-File, and so on [7]. Commonly used matching mechanisms (similarity measurement methods) include Euclidean
distance and histogram interaction distance. Reasonable
indexing and matching mechanism is necessary for image
retrieval.
2.3. User Interface. The searching modes provided by user
interface include query by keyword, query by sketching,
query by example, browsing by categories, feature selection
and weighting, and relevance feedback. Firstly, user delivers
the sample image by query interface;, then system computes
similar measurement according to the image features. At last,
system returns to user the query results according to the rank
of similarity.
In the application of similar image retrieval, some
research institutions have distributed their prototype system
on the internet. Among them, there are QBIC [8] developed
by IBM, VisualSEEK [9] developed by Columbia University, and Virage [10] developed by Virage. Most of these
systems are prototype systems or image retrieval systems
facing some professional field, such as digital library and
face reorganization. It is a new application field to apply
similar image retrieval to electronic commerce for image
searching. And it has considerable commercial value. Its
application prospect is represented in three aspects. (1) On the
trend of internet electronic commerce, pictures are the best
medium to exhibit product and make transactions success.
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Its visual search mode will become the main entry of online
shopping. Searching by image, which is functional and visual,
satisfies users with higher searching requirements, provides
convenience to find product information, and elevates the
experience of electronic commerce online shopping. (2)
Traditional advertisements on the website have too long
linkage from clicking advertisements to purchasing. The
main function of them is to exhibit the product brand. The
actual commodity buying rate is very low. Similar image
retrieval, which is actively done by user, can help user pursue
the commodity more quickly. The visual exhibition can
improve the click-purchase rate. B2C electronic commerce
supplier can realize the accuracy in sales by connecting their
own commodities according to some behavior index such as
similarity and focus degree of searching results. (3) In mobile
electronic commerce, it is inconvenient to input words in
mobile phone. It makes replacing word with image be the
main information carrier of mobile terminal, which leads
to increasing delivering picture information requirements of
users. But the channel of picture delivering between mobile
terminal and pc platform has not opened. How to make
user transfer picture information by mobile terminal to
electronic commerce platform becomes an urgent problem
in the linkage of electronic commerce transaction. Similar
image retrieval helps open the information transformation
channel between mobile terminal and electronic commerce
platform for its characteristics of searching by image. Users
can upload image in real time, search, and then buy the
commodity according to the searching results. It thoroughly
solved the above problem. Huge commodity image database
includes information coming from all kinds of C2C and
B2C platform. It is a natural mobile electronic commerce
platform.
Facing various commodities, customers are often interested in looking for more similar others to compare with their
favorite one. When most of network users browse all kinds of
information website, they may be interested in the goods in
the pictures and wish to find similar clothing on the internet.
But current searching engine cannot help customer realize
it. The blank market has huge commercial value. Applying
similar image retrieval to electronic commerce can fill in
the blank market and provide a convenient way to search
commodities which are difficult to describe by internet users.
At the same time, it will provide a good network marketing
platform. This special searching mode will attract plenty of
users to use this platform. If we use the most acceptable CPS
marketing payment mode, it is predicted that plenty of enterprises will adapt this technology to help introduce their own
products. If we compute the network sales according to 30
billion yuan in 2009, 0.01 percent of clothing online shopping
sales use the platform adapting similar image retrieval to sale,
and provided we receive 10% commission according to the
average proportion of CPS in the clothing market, this project
will realize sales to 308 hundred thousand yuan. The essence
of similar image retrieval makes it be the controller of future
user traffic. It satisfies users with the visual requirements
for image searching. And the accuracy in commerce mode
extremely improves the electronic commerce advertisement
recourse. Similar image retrieval pushes the development of
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electronic commerce in online shopping experience or in
the electronic commerce marketing. At last, it receives double
win between customers and enterprises.
There are limited references about the application of
similar image retrieval to electronic commerce to search
commodity image. Lin et al. [11] promote an integrated
multiple feature and multistage commodity image retrieval
method, which integrated various primitive features such
as color, texture, and shape. For improving the searching
speed, it firstly uses texture to do the primary searching and
then does the integrated searching using various features. In
addition, for improving the searching results, they promote
a multifeature dynamic weight allocating method, which
dynamically allocates weights to different types of primitive
features according to the different image resolution. In 2006,
Like, an online shopping website in America, firstly applies
similar image retrieval to online shopping and provides
visual commodity searching mode [12]. The visual searching
experience in Like is very good, and customer can quickly
find many highly similar commodities. In China, it is a test
phrase to apply similar image retrieval to online shopping.
Taotaosou, an image searching and online shopping website
invested by Alibaba Corporation, is the only practical product
[13]. Although this website has collected plenty of merchant
and image information and users can find similar image by
uploading or using a sample picture, during the process of
using it, the searching needs the user to predefine the classification of commodities and the target area of commodity
image. There are big differences between searching results
and the searching results sometimes are not accurate. The
searching process to find target product consumes too much
time.

3. Electronic Commerce Platform Design with
Similar Image Retrieval System
Similar image retrieval system is a medium between information platform and online shopping platform for realizing
their seamless connection, reinforcing customer experience,
and introducing products to increase the product pursue rate.
The relationship among them is shown in Figure 2.
There are three implementation modes of similar image
searching system: combination, independent, and embedded.
The combination mode needs to add information modular
and payment modular in system to make the system provide
the browsing service and online safety payment function.
The independent mode, as an independent system, needs to
separately provide an interface between information platform
and all kinds of online shopping platforms, while embedded
mode uses the idea of plugin to embed into information
platform. The overall system framework is shown in Figure 3.
We plan to design an integrated multifeature searching
algorithm based on interested regions. As the direct mapping
of the objective world, images are huge and have abundant
objective expressiveness. Integrated multifeature searching
based on interested region is an ensemble technology, including image feature extraction, image feature matching, image
data modeling, high dimensional index, relevance feedback,
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and searching performance evaluation. We plan to use Harris
operator to extract interested point, because Harris operator
[13] is stably facing rotation and translation and the change
of brightness. In feature extraction, we plan to combine
color feature and space feature mentioned in international
standard MPEG-7 of multimedia retrieval. Although global
color feature is easy to compute and provides good discrimination, it is incapable of handling color query related to
the space. The experiments have proved that the proportion
of precision between color, space feature and texture, and
shape feature is 2.5 : 1. We will use the weighted histogram
interaction and L1 distance as the similarity measurement.
The image feature, used in similar matching, can be got by
interacting with users or extracting from the image. User
provides the query to system, and system returns searching
results according to the query. At the same time, user can
use the relevance feedback of searching results to improve
searching results. It is inevitable to face high dimensional
feature for using integrated multifeature searching. We solve
the high dimensional index problem by dimension reduction.
We utilize the characteristic of manifold, which can directly
find implicit low dimensional nonlinear data structure in
observation space to do the nonlinear dimension reduction.
System components are showed as below.
(1) Image retrieval display subsystem: the essence of
this subsystem is a website to provide information
browsing, searching query, and costumed tool and
searching results display service. For conforming to
the idea of “high cohesion, low coupling,” the website
is designed into 3 tiers: display layer (UI), business
layer (BLL), and data access (DAL).
(2) Image retrieval subsystem: the main task of it is to
execute image retrieval algorithm. It includes three
parts. The first one is to extract the commodity image
features and then store them into image feature
database for future query. The second one is to get
query order from image retrieval display subsystem,
execute searching algorithm, and then return the
searching results. The last one is to optimize the

searching results and feedback to display subsystem.
The framework of image retrieval system is different
from traditional retrieval system based on text.
Because the image is indexed by its visual feature not
text description, the query will compute the similarity
according to the image visual features. Users query
by choosing representative sample image, and then
system will search similar image with the sample
image and return to user according to the rank
of similarity. Image feature can be gotten not only
through interaction with user but also from the image
itself, and then are used for similar matching. User
and system are interactive. User can query to system,
system can return query result according to query
requirement, and, meanwhile, user can improve the
searching results by relevance feedback. Figure 4
shows the structure of image searching subsystem.
(3) Product information collecting subsystem: the main
task of this subsystem is to collect the product information in C2C and B2C platform, including product
picture, product name, product price, product introduction, and relevant link. This product information
with the product information released by suppliers
is sent to image database for future requirements of
image retrieval. Before their entering the database,
system will categorize them and recognize and throw
away the duplicate image. Figure 5 gives the structure
of product information collection subsystem.
The advantage of above design is as follows: (1) clear modular structure and (2) independent image retrieval algorithm
process subsystem, which is convenient in optimizing and
elevating system performance.

4. System Implementation and Test
The system implementation adapts J2EE, a widely used and
gradually mature technology, as the technical framework. The
system is developed by the tool below:
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Software Programming: Myeclipse JDK
Interface programming: Macromedia Dreamweaver
MX
Database: NAVICAT Mysql
Web container: Tomcat 6.0
Language programming package: JDK1.6

The functions of the platform have three characteristics.
(1) Searching similar product image according to information
image: customers need not use keyword to describe the
clothing information. The only thing they need to do is
to click their favorite fashion information picture; then
they will get similar clothing pictures and the system will
automatically link with the purchasing site of this clothing.
(2) Automatically collecting and classifying clothing picture
information: system can automatically collect all kinds of
clothing picture information on internet and then classify
and store them for future searching. (3) Optimizing the
search results: it can optimize the rank of search results
according to the requirements of enterprise and the popular
degree of product, which will help enterprise to promote their
products.
Evaluating an image retrieval method needs to choose
a standard image dataset as the test platform. This image
dataset must be reprehensive and large. The image database
in our system includes 1200 images, which includes three
types of Chinese clothing: full dress, daily clothing, and home
clothing; three types of menswear: sports style, business dress
style, and fashion style; three types of women’s clothing:
sports style, romantic style, and city dress style; three types
of children’s clothing: sports style, fashion lovely style, and
adult style. Each type includes 100 similar images, which is of
arbitrary size and less than 50k. Too large image will influence
the speed of image entering database. The format of image is
bmp.
The general two criterions of evaluating searching performance, efficiency and efficacy, separately represent searching
speed and success rate of searching and querying similar
image. The searching efficiency usually uses the system
response time to evaluate. Recall and precision, which are
used in content-based image retrieval, are standard evaluation methods of information retrieval success rate. Among
them, recall [14] is used to test the capability of searching
relevant document. On the contrary, precision [15] is used
to test the capability of excluding the irrelevant document,
They can be defined by the formula below:
Number of relevant searching images
recall =
Number of all relevant images
=

=

5. Conclusion
The online marketing platform based on similar image
retrieval connects information platform with purchase platform. In this platform, customers can search similar image
according to their favorite picture, which will increase the
purchase rate of customers. This platform can also automatically collect the product information from the other
online shopping platform, provide the direct similar image
searching mode, and display searching results by the customized way. The target market of this proposal firstly faces
the clothing field, and then it can be used in the other sales
field, such as electrical equipment business and construction
business. The promotion of this system can accelerate the
development of electronic commerce. So it has a broad
application foreground.
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In the last years, researchers conducted several studies to evaluate the machine translation quality based on the relationship between
word alignments and phrase table. However, existing methods usually employ ad-hoc heuristics without theoretical support. So far,
there is no discussion from the aspect of providing a formula to describe the relationship among word alignments, phrase table,
and machine translation performance. In this paper, on one hand, we focus on formulating such a relationship for estimating the
size of extracted phrase pairs given one or more word alignment points. On the other hand, a corpus-motivated pruning technique
is proposed to prune the default large phrase table. Experiment proves that the deduced formula is feasible, which not only can
be used to predict the size of the phrase table, but also can be a valuable reference for investigating the relationship between the
translation performance and phrase tables based on different links of word alignment. The corpus-motivated pruning results show
that nearly 98% of phrases can be reduced without any significant loss in translation quality.

1. Introduction
One of the best performing translation systems in Statistical
Machine Translation (SMT) nowadays is the phrase-based
model, which takes continual word sequences as translation
units [1, 2].
The fundamental data structure in phrase-based models
is a table of phrase pairs with associated scores which
may come from probability distributions. Until now, several
methods to extract phrase pairs from a parallel corpus have
been proposed, such as using a probabilistic model [3], pattern mining methods [4], matrix factorization [5], heuristicbased method [6–9], MBR-based method [10], and modelbased method [11]. However, most commonly, this table is
acquired from word alignments [12–15], which exhaustively
enumerates all phrases up to a certain length consistent with
the alignment [16].
When talking about the relationship between machine
translation and word alignment or phrase table, researchers
seek for better translation performance from at least two
independent research efforts. On the one hand, different
processes of interfering word alignments were studied for

better translation results. Some researchers have shown that
translation quality depends on word alignment quality [7, 17].
Another group of researchers hold an opposite point of view:
significant decreases AER (alignment error rate) will not
always result in significant increases the translation quality [8,
18, 19]. Recently, researchers in [20] made a systematic study
and pointed out that alignments can improve the translation
performance depending on the SMT systems and the type of
corpus used.
On the other hand, phrase table pruning techniques were
applied for better machine performance without losing the
overall quality. Threshold values are considered to reduce the
phrase table size, which are usually related to absolute scores
of phrase pairs in the phrase table or relative scores between
the phrase tables sharing their source phrases. Authors in [21,
22] proposed a significant testing in order to select only those
phrase pairs which are the more-than-random occurring
ones in the training corpus. References [23, 24] exploited
the same idea for the hierarchical SMT. References [25, 26]
considered usage statistics of phrase pairs from translating
sample data, which are based on how often a phrase pair
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was considered during decoding and how often it was used
in the best translation. In [27, 28], the researchers adapted
triangulation approach to prune the phrase table, which
requires additional bilingual corpora. Authors in [10, 29, 30]
modified the phrase extraction methods in order to reduce
the phrase table size. In [31, 32], they introduced an entropybased pruning criterion to prune the generated phrase tables.
Both studies tried to reduce the spurious results (errors or
redundancies) to investigate the affection to the final translation performance based on different empirical statistics.
In other words, many existing methods usually employ ad
hoc heuristics without theoretical proof. We try to make a
study on the relationship among word alignments, phrase
table, and translation quality originally from a mathematical
perspective proposed in this paper. The equation indicates
that it is necessary to improve the quality of word alignment,
even if the alignment does not explicitly connect to the
translation quality. In particular, by lowering the quality of
alignment, the affection to the translation is very minor. In
this paper, two extreme cases are that the best and the worst
quality of word alignments are used to illustrate the situation.
Experiment results show that the quality of word alignment
will affect the translation performance a lot measured by
BLEU [33].
The contributions of this paper mainly focus on two
aspects: (1) formulating the relationships among word alignment, phrase table, and machine translation; the equations
indicate that the better quality of the word alignment, the
fewer the phrases will be, and the better translation performance both on phrase-level and finer granularity levels; (2)
corpus-motivated pruning techniques to prune the default
large phrase table, which can remove nearly 85% of all
the phrase pairs without hurting the performance of the
translation.
The rest of the paper is organized as follows. Section 2
reviews the related works and background that will be used in
this paper. Section 3 describes the relationship details among
the word alignment, phrase table, and machine translation
from a mathematical perspective. And a corpus-motivated
pruning method is introduced here. Section 4 describes the
conducted experiments and presents the obtained results.
The paper concludes with a summary and discussions of the
results.

2. Related Works and Background
Our work is based on the dominant method to obtain a
phrase table from word alignment, which trained from the
EM (Expectation Maximization) algorithm. To extract the
phrases from the word alignment, EM algorithm will be
utilized to train the bilingual corpus for several iterations,
and then phrase pairs that are consistent with this word
alignment will be extracted. Most of the current Phrase-Based
SMT systems rely on the GIZA++ implementation of the
IBM Models [34] to produce word alignments, running the
algorithm in both directions, source to target and target to
source. Various heuristics can then be applied to obtain a
symmetrized alignment from those two. Most of them, such as
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grow-diag-final-and [8] start from the intersection of the two
word alignments and enrich it with alignment points from
the union.
̃ 𝑒̃) consistent
Suppose a phrase pair is represented by (𝑓,
with an alignment 𝑎, if all words 𝑓1 , . . . , 𝑓𝑗 , . . . , 𝑓𝐽 in 𝑓̃ that
have alignment points in 𝑎 have these with words 𝑒1 , . . . ,
𝑒𝑖 , . . . , 𝑒𝐼 in 𝑒̃ and vice versa. More formal definition of the
consistent with the word alignment can be described as
follows [35].
̃ 𝑒̃) consistent with 𝑎 ⇔
(𝑓,
̃
∀𝑒𝑖 ∈ 𝑒̃ : (𝑒𝑖 , 𝑓𝑖 ) ∈ 𝑎 ⇒ 𝑓𝑖 ∈ 𝑓,
∀𝑓𝑖 ∈ 𝑓̃ : (𝑒𝑖 , 𝑓𝑖 ) ∈ 𝐴 ⇒ 𝑒𝑖 ∈ 𝑒̃,
∃𝑒𝑖 ∈ 𝑒̃,

(1)

𝑓𝑖 ∈ 𝑓̃ : (𝑒𝑖 , 𝑓𝑖 ) ∈ 𝑎.

This algorithm indicates that all the phrases will be
̃ 𝑒̃) alone with their alignment 𝑎
extracted if the biphrases (𝑓,
satisfy the following two conditions [36]:
(i) 𝑒̃ and 𝑓̃ are consecutive word subsequences in the
target sentence 𝑒 and source sentence 𝑓, respectively,
and neither of them is longer than 𝑘 words;
(ii) 𝑎 , the alignment between the words of 𝑓̃ and 𝑒̃
induced by 𝑎, contains at least one link.
For the relationship between phrase table and machine
translation, most researchers talk about the effects based on
different sizes of phrase table, which concerns the phrase
table pruning techniques. There are mainly three pruning
methods: statistical-based, significance testing, and entropybased methods. For more details, there are absolute and
relative pruning methods in the statistical-based method. The
absolute pruning methods rely only on the statistics of a single
̃ 𝑒̃). They may prune all translations of a source
phrase pair (𝑓,
phrase that fall below a threshold according to the count
̃ 𝑒̃) or the probability 𝑝(̃
̃ of the phrase pair (𝑓,
̃ 𝑒̃) as
𝑁(𝑓,
𝑒 | 𝑓)
shown in (2). Hence, they are independent of other phrases
in the phrase table
̃ 𝑒̃) < 𝜏 ,
𝑁 (𝑓,
𝑐
̃ <𝜏 .
𝑝 (̃
𝑒 | 𝑓)
𝑝

(2)

However, the relative pruning methods consider the full
̃ Given a
set of target phrases for a specific source phrase 𝑓.
̃
pruning threshold 𝜏𝑡 , a phrase pair (𝑓, 𝑒̃) is discarded if
̃ .
̃ < 𝜏 max {𝑝 (̃
𝑒 | 𝑓)}
𝑝 (̃
𝑒 | 𝑓)
𝑡
𝑒̃

(3)

Both the significance testing and entropy-based method
are trying to find a threshold 𝜏 to reduce the size of the
generated phrase table.
For the entropy-based approach, in [32], they used conditional Kullback-Leibler divergence [37] to measure the
̃ which is to be as similar as possible to
𝑒 | 𝑓),
pruned model 𝑝 (̃
̃ Then a pruning threshold 𝜏 can
the original model 𝑝(̃
𝑒 | 𝑓).
𝐸
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influence both on performances of phrases table and phrasebased SMT system.

Table 1: Contingency table.
𝑓





𝑒
𝑁 (𝑓, 𝑒)

𝑓 𝑁(𝑒) − 𝑁 (𝑓, 𝑒)
𝑁(𝑒)

𝑒
𝑁 (𝑓) − 𝑁 (𝑓, 𝑒)

𝑁 (𝑓)

𝑁 − 𝑁 (𝑓) − 𝑁(𝑒) − 𝑁 (𝑓, 𝑒)
𝑁 − 𝑁(𝑒)

𝑁 − 𝑁 (𝑓)
𝑁

be chosen and phrase pairs with a contribution to the relative
entropy below that threshold are pruned if
̃ <𝜏 .
̃ [log 𝑝 (̃
̃ − log 𝑝 (̃
𝑒 | 𝑓)]
𝑝 (̃
𝑒 | 𝑓)
𝑒 | 𝑓)
𝐸

(4)

For the significance testing pruning approach, it heavily
depends on a 𝑃-value. The value is calculated from two by two
̃ 𝑒̃), as shown in Table 1, which can
contingency tables, 𝐶𝑇(𝑓,
be used to represent the relationship between 𝑓̃ and 𝑒̃, where
̃ 𝑒̃) is defined as the number of parallel sentences that
the 𝑁(𝑓,
contain one or more occurrences of 𝑓̃ on the source side and
̃ is the number of parallel sentences
𝑒̃ on the target side; 𝑁(𝑓)
that contain one or more occurrences of 𝑓̃ on the source side.
𝑁(̃
𝑒) is the number of parallel sentences that contain one or
more occurrences of 𝑒̃ on the target side; and 𝑁 is the number
of parallel sentences.
Following Fisher’s exact test, the probability of the contingency table via the hyper geometric distribution can be
calculated:
̃
𝑁(𝑓)

𝑝ℎ (𝑘) =

̃
𝑁−𝑁(𝑓)

( 𝑁(𝑓,̃
̃ 𝑒) ) ( 𝑁(̃
̃ 𝑒) )
𝑒)−𝑁(𝑓,̃
𝑁
( 𝑁(̃
𝑒) )

.

(5)

Then the 𝑃-value can be then calculated by summing
̃ 𝑒̃):
probabilities for tables that have a larger 𝑁(𝑓,
̃ 𝑒̃)) =
𝑃-value (𝐶𝑇 (𝑓,

̃
min(𝑁(𝑓),𝑁(̃
𝑒))

∑
̃ 𝑒)
𝑘=𝑁(𝑓,̃

𝑝ℎ (𝑘) .

(6)

A phrase pair will be discarded if the 𝑃-value is greater
than 𝜏𝐹 as shown in (7)
̃ 𝑒̃)) =
𝑃-value (𝐶𝑇 (𝑓,

̃
min(𝑁(𝑓),𝑁(̃
𝑒))

∑
̃ 𝑒)
𝑘=𝑁(𝑓,̃

𝑝ℎ (𝑘) > 𝜏𝐹 .

(7)

Generally speaking, the goal of the entropy-based method
is to remove the redundant phrases, whereas the other
approaches are to try to remove the low-quality or unreliable
phrases.
The knowledge introduced above will be used during
our discussions on the relationships among word alignment,
phase table, and machine translation. More details will be
shown in Section 3.

3. Word Alignment & Phrase Table &
Machine Translation
In this section, we can see from a theoretical aspect that
the quality of the underlying word alignments has a strong

3.1. Word Alignment & Phrase Table. As introduced in the
previous section, there are some direct relationships between
phrase table and word alignments. In this part, the relationship between the word alignments and extracted phrases is
formulated to estimate the size of the target phrase table.
Two different word alignment cases are considered for the
relations. Firstly, the phrases are extracted from the full word
alignment links of parallel sentences, which are the best word
alignments. Secondly, phrases based on a single link of word
alignment will be made an investigation, which can be treated
as the worst alignment information.
3.1.1. Phrases Extraction from Full Word Alignment. Suppose
a source sentence 𝑓1𝐽 = 𝑓1 𝑓2 ⋅ ⋅ ⋅ 𝑓𝐽 will be translated into a
target sentence 𝑒1𝐼 = 𝑒1 𝑒2 ⋅ ⋅ ⋅ 𝑒𝐼 , and only one target word
is allowed to align to one or multiple source words. Where
𝐼 and 𝐽 are the length of the target and source sentences,
respectively; 𝑖 and 𝑗 are the positions of words in the target
and source sentences.
If each target word 𝑒𝑖 has at least one alignment link
against the word in source text, named as full word alignment,
fewest phrase pairs can be extracted.
For the first case, considering the alignment points
in Figure 1, each word 𝑒𝑖 in the target sentence has at
least one alignment point, and there is no crossing word
alignment, which means words are monotonically aligned.
Starting with the first word 𝑒1 in the target sentence,
the phrase pairs with possible extent can be extracted,
for example, (𝑒1 | 𝑓1 ), (𝑒1 𝑒2 | 𝑓1 𝑓2 𝑓3 ), (𝑒1 𝑒2 ⋅ ⋅ ⋅ 𝑒𝑖 |
𝑓1 𝑓2 𝑓3 ⋅ ⋅ ⋅ 𝑓𝑗 ), (𝑒1 𝑒2 ⋅ ⋅ ⋅ 𝑒𝑖 ⋅ ⋅ ⋅ 𝑒𝐼 | 𝑓1 𝑓2 𝑓3 ⋅ ⋅ ⋅ 𝑓𝑗 ⋅ ⋅ ⋅ 𝑓𝐽 ), and so
forth, where the total number of 𝐼 phrase pairs can be
obtained. Starting with the second word 𝑒2 in the target
sentence, 𝐼 − 1 phrase pairs can be extracted, for example,
(𝑒2 | 𝑓2 𝑓3 ), (𝑒2 ⋅ ⋅ ⋅ 𝑒𝑖 | 𝑓2 𝑓3 ⋅ ⋅ ⋅ 𝑓𝑗 ), (𝑒2 ⋅ ⋅ ⋅ 𝑒𝑖 ⋅ ⋅ ⋅ 𝑒𝐼 |
𝑓2 𝑓3 ⋅ ⋅ ⋅ 𝑓𝑗 ⋅ ⋅ ⋅ 𝑓𝐽 ), and so on. Thus, the total number of phrase
pairs that extracted from the fully aligned sentences can be
defined as
𝐼 + (𝐼 − 1) + ⋅ ⋅ ⋅ + 1 =

𝐼 (𝐼 + 1)
.
2

(8)

Actually, the previous alignment type cannot deal with
the word alignment that contains the cross-alignment, as
shown in Figure 2, where the fourth and the fifth Chinese
words are cross-aligned with words in source sentence.
According to (8), there should be 21 possible phrase pairs.
However, only 18 phrases are generated by the conventional
phrase extraction algorithm.
The general form of above alignments is illustrated in
Figure 3, where the cross-alignments take place between the
neighboring words 𝑒𝑖begin and 𝑒𝑖end ; that is, 𝑖end = 𝑖begin + 1. Any
phrase pairs that fall between the bounds of cross-aligned
words cannot be extracted in line with (8). That is, (𝑖begin −
1) + (𝐼 − 𝑖end ) phrases should be excluded:
𝑁ca = (𝑖begin − 1) + (𝐼 − 𝑖end ) .

(9)
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Figure 3: Alignments with a cross link of neighboring words.

Figure 1: Full word alignments.
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Figure 4: Alignments with a cross link involving distant words.

Figure 2: An example of nonmonotonic alignments where alignment links are crossing between parallel sentences.

So if we define the reduced phrases as 𝑁ca (number of
cross-alignments), a more practical equation can be revised
as
𝑁min =

𝐼 (𝐼 + 1)
− 𝑁ca .
2

(10)

If there is more than one cross-alignment as illustrated
in Figure 3, the total number of extracted phrases can be
generalized as
𝑁min =

𝐼 (𝐼 + 1) 𝑚
𝑘
𝑘
)] .
− 1) + (𝐼 − 𝑖end
− ∑ [(𝑖begin
2
𝑘=1

(11)

Reduced phrase pairs are determined by the cross-alig𝑘
nment point, 𝑖begin and 𝑖end . 𝑖begin
represents the start position

𝑘
and 𝑖end
is the last position of the 𝑘th pair words (bounded
by the crossing links), and 𝑚 is the total number of crossalignments.
Figure 3 illustrates the situation that there is not any word
between the crossing dependencies. However, in reality, there
will be any words in between the cross words, as illustrated in
Figure 4.
For the third case, words between 𝑒𝑖begin and 𝑒𝑖end may have
similar alignment situation as that illustrated in (9). Thus, the
following equation can be derived to calculate, 𝑁𝑟 , the exact
number of phrase pairs that cannot be generated. Consider
𝑘
𝑘
𝑚 𝑖end −𝑖end −1

𝑁𝑟 = ∑

∑

𝑘=1 𝛼=0,𝛽=0

𝑘
𝑘
[(𝑖begin
+ 𝛼 − 1) + (𝐼 − 𝑖end
+ 𝛽)] ,

(12)

where 𝛼 indicates the shift word position after the first cross
𝑘
and 𝛽 indicates the word position before the end
word 𝑖begin

𝑘
cross word 𝑖end
. And 𝛼, 𝛽 will not be greater than the number
of words between the first and the end cross word.
Finally, the number of phrase pairs that can be extracted
from the full word alignments measured in the target side can
be described by

𝑁min-𝑡 =

𝐼 (𝐼 + 1)
− 𝑁𝑟 .
2

(13)

The equation shows that the size of the phrase table
is decided by the target length of the given sentence if
the word alignment is the full word alignment, that is, the
best and ideal quality word alignment. It is proven that
the bidirectional training approach for word alignment can
improve the quality of word alignment [8]. If the alignment
is deduced from another direction (source side), similarly, the
extracted phrases from source side can be represented by
𝑁min-𝑠 =

𝐽 (𝐽 + 1)
− 𝑁𝑟 .
2

(14)

Equations (13) and (14) show that the number of phrases
heavily affected by the length of source and target sentences.
Given the best word alignment, if the length in the source
sentence equals the target side (𝐼 = 𝐽), the phrases will
be the minimal numbers (𝑁min-𝑠 or 𝑁min-𝑡 ). If not equal,
the extracted phrases will be larger than this minimal value
(𝑁min-𝑠 and 𝑁min-𝑡 ) after intersection and union operations
during alignment process.
3.1.2. Phrases Extraction from Worst Alignment. Suppose,
only one word 𝑓𝑗 in the source sentence is aligned to a target
word 𝑒𝑖 as shown in Figure 5. Note that unaligned words
near the word 𝑓𝑗 may lead to multiple possibilities, each
proceeding and following words next to it can form a part of
the phrase, and so does the neighboring words of 𝑒𝑖 in target
sentence. In other words, if we know the different extracted
situations in each source and target sentence, and then total
counts of phrase pairs can be derived by the product of the
two numbers. Algorithm 1 describes the different phrases
extraction scenarios according to different positions in the
source sentence.
Obviously, there are total 𝑖 words that can start with
(𝑒1 , 𝑒2 , 𝑒3 , . . . , 𝑒𝑖 ). Now, in target sentence consisting of
odd/even words, the phrase pairs 𝑓(𝑖) in different position
are
𝑓 (𝑖) = 𝑖 (𝐼 − 𝑖 + 1) = 𝑖 (𝐼 − 𝑖) + 𝑖.

(15)

The phrases 𝑔(𝑗) in the source side can be calculated in a
similar way:
𝑔 (𝑗) = 𝑗 (𝐽 − 𝑗 + 1) = 𝑗 (𝐽 − 𝑗) + 𝑗.

(16)
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Figure 5: Sentences with single alignment link.

Based on (15) and (16), the total number of phrase pairs
𝑁max is given by:
𝑁max = [𝑖 (𝐼 − 𝑖) + 𝑖] [𝑗 (𝐽 − 𝑗) + 𝑗] ,

(17)

where, 0 ≤ 𝑖 ≤ 𝐼 − 1 and 0 ≤ 𝑗 ≤ 𝐽 − 1.
Obviously, (15) and (16) accord with symmetric distribution, and the maximal value will be achieved in the middle
position. Given a sentence consisting of 𝐿 words, a formal
description to the middle position in the sentence can be
presented by
1 + 𝐿 odd
{
{
.
wordmid { 𝐿 2
{ even or ( 𝐿 even + 1)
{ 2
2

(18)

We can see that it gives (17) the maximal value in the
middle position in a given sentence; that is, the nearer to the
middle word, the more phrase pairs can be produced. Take
the Figure 2 as an example, there are 18 phrases based on
the full word alignments, while the phrases will be 240 when
only the fifth word (do) in the source sentence aligns to the
third word (做zuo) in the target side. From the view of size
of phrase table, the calculation value from (17) is much larger
than that from (13). That proves that the better quality of the
word alignment, the fewer phrases will be.
Note that there will be some share phrases extracted from
the full word alignment and only single word alignment, which
leads to the phenomenon that there are still some translation
abilities even with only one alignment point under the existing phrase extraction algorithm. For instance, phrase pairs
(𝑒1 𝑒2 ⋅ ⋅ ⋅ 𝑒𝑖 | 𝑓1 𝑓2 𝑓3 ⋅ ⋅ ⋅ 𝑓𝑗 ), (𝑒2 ⋅ ⋅ ⋅ 𝑒𝑖 | 𝑓2 𝑓3 ⋅ ⋅ ⋅ 𝑓𝑗 ), . . . , (𝑒𝑖 | 𝑓𝑗 )
are the share ones, when given a phrase such as 𝑓1 𝑓2 𝑓3 ⋅ ⋅ ⋅ 𝑓𝑗 ,
both the phrase tables generated from both alignment types
can possibly translate it right to 𝑒1 𝑒2 ⋅ ⋅ ⋅ 𝑒𝑖 .
3.2. Phrase Table & Machine Translation. Nowadays, the key
step of the process of phrase-based machine translation
(SMT) involves inferring a large table of phrase pairs that
are translations of each other from a large corpus of aligned
sentences. The set of all phrase pairs, together with estimates
of conditional probabilities and other useful features, is called
Phrase Table (PT), which is applied during the decoding
process [29].
Nevertheless, phrases in the PT are very dependent from
the system that uses them. Some phrases might be present
in the PT but never be used in translations because they are
either ranked too low or erroneous translations, for example.
In other words, there are too many redundant phrases in the
PT. Such situation leads many researches to propose different
techniques to reduce the size of the phrase table. This includes

Entropy

Bilingual-segment

Languages
fr-en
es-en
de-en
fr-en
es-en
de-en
fr-en
es-en
de-en

Pruning rates
64.6%∼85.9%
67.9%∼88.1%
62.7%∼84.1%
85%∼95%
85%∼95%
85%∼95%
—
98%
94%

BLEU (Δ)
−0.1

−1.0

−1.2

the methods as introduced in Section 2. These works can be
treated as the research on the relationship between phrase
table and machine translation.
All the works presented in Section 2 show that the
translation results can be achieved from smaller phrase pairs,
with several times increase in translation speed with little or
no loss in translation accuracy. As reported by [32], countbased and significance-based pruning techniques can result
in larger savings between 70% and 90%, while the entropybased pruning approach can reduce consistently the entries
between 85% to 95% of the phrase table. In [29], they even
pointed out that the pruning rate can reach to 98% using a
bilingual segmentation method with finite state transducers.
More details about the pruning rates and related translation
qualities (measured by BLEU [33]) are shown in Table 2,
where the BLEU column is to record the maximal decrease
(−) rate from the 100% size of phrase table to the maximal
pruning rate of the phrase table.
The pruning rates presented above are counted from an
empirical or experiment result. We can also estimate the
pruning rate from a theoretical aspect. In practice, we also
notice that the phrases extracted from the middle word
alignment point include most of the phrases that are extracted
from the full word alignment. All the phrases excluding the
ones extracted from the full word alignment can be removed.
In other words, a rough pruning rate can be calculated from
the ration of phrases extracted from best alignment (𝑁min )
and worst alignment (𝑁max ):
𝑅pruned = 1 −

𝑁min-𝑡
.
𝑁max

(19)

If we want to quickly estimate how many percentage
of phrases can be pruned in a given corpus, the average
statistics of the given corpus can be used as in (20). This
equation shows that the pruning rate is not only decided by
the sentence length in a parallel corpus but also affected by
the alignment position. Consider
𝑅pruned = 1 −

𝐼average (𝐼average + 1) /2
[𝑖 (𝐼average − 𝑖) + 𝑖] [𝑗 (𝐽average − 𝑗) + 𝑗]

. (20)

In reality, the numerator trends to bigger and the denominator will be smaller, so the pruning rate will be smaller
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Start from 𝑒1 :
𝑁phrases = 𝐼 − 𝑖 + 1;
Start from 𝑒2 :
𝑁phrases = 𝐼 − 𝑖 + 1;
Similarly ∀𝑖 ∈ (𝑖 = 𝑖, . . . , 𝐼) in the target side:
𝑁phrases = 𝐼 − 𝑖 + 1;
Algorithm 1: Phrase extraction based on the only one alignment point: 𝑒𝑖 ↔ 𝑓𝑗 .

Table 3: Training data statistics: WMT 2006.
Language pairs
fr-en
es-en
de-en

Sentences
688,031
730,740
751,088

Ave. source len.
22.67
21.52
20.31

Ave. target len.
20.07
20.83
21.37

than the calculation value. When the alignment position is
in the middle position (middle alignment), there will get
the maximal pruning rates as shown in (21). Based on the
equation, we can estimate the pruning rate range based on
different word alignment position in European corpus [46].
Table 3 shows the statistics of the WMT 2006 and Table 4
compares different pruning rates reported in researchers’
paper [22, 32] and the calculation ranges based on (20). From
which we can see that the calculation result is very close to the
experiment results presented in [32]. The authors concluded
their findings that “the novel entropy-based pruning often
achieves the same Bleu score with only half the number of
phrases”. A very bold assumption is that most phrases (at least
half) can be removed from the original extracted phrases.
Consider
𝑅max = 1 −

Table 4: Comparison between theoretical estimation results and
other pruning techniques results.
Language pairs
fr-en
es-en
de-en

𝑗mid
12.34
11.26
11.16

𝑖mid
11.04
11.42
11.19

𝑅pruned
53.5%∼98.6%
49.3%∼98.4%
44.9%∼98.3%

The basic metrics for phrases that are often used in practice is the frequency that a phrase appears in a monolingual
corpus. The more frequent a phrase appears in a corpus, the
greater possibility the phrase may be used. However, longer
phrase pairs will be removed in this way because of the fact
that those phrases seem to appear rarely in a monolingual
corpus.
The 𝐶-value is a measurement of automatic term recognition which can be used to solve this problem as described
in [40]. The method not only fully considers the frequency
information, such as frequencies of a phrase and a subphrase
appearing in longer phrases, but also is an efficient algorithm.
In this algorithm (as shown in Algorithm 2), 4 factors (𝐿,
𝐹, 𝑆, 𝑁) can be used to determine if a phrase 𝑝 is a key phrase
[38]:
(i) 𝐿(𝑝), the length of 𝑝;

𝐼average (𝐼average + 1)

(ii) 𝐹(𝑝), the frequency that 𝑝 appears in a corpus;

2
(21)

× ([𝑖mid (𝐼average − 𝑖mid ) + 𝑖mid ]
−1

× [𝑗mid (𝐽average − 𝑗mid ) + 𝑗mid ]) .
We have seen that the phrase table pruning rate is strongly
affected by the length and word positions in the source and
target sentences. As reflected in the pruning equation (20),
the phrase table might be more accurately pruned based on
some features (e.g., phrase length, phrase cooccurrence) in
the bilingual and monolingual corpus. The researchers in
[27] reduced the phrase table based on the significance testing
of phrase pair cooccurrence in bilingual corpus, while He
et al. [38, 39] pruned the phrase pairs in terms of phrase
frequency in the source side using key phrases extracted
from a monolingual corpus. We want to make full use of the
advantages of the two approaches: the key phrases can be
used to check whether the extracted phrases are often used
in practice and the significant testing can be used to measure
the quality of the extracted phrase pairs. Our methods want
to consider the features both for the source and target phrase.

(iii) 𝑆(𝑝), the frequency that 𝑝 appears as a substring in
other longer phrases;
(iv) 𝑁(𝑝), the number of phrases that contain 𝑝 as a
substring.
Given a monolingual corpus, key phrases can be extracted
efficiently according to Algorithm 2. Firstly (line 1), all
possible phrases are extracted as candidates of key phrases
(e.g., extracted phrase table from Moses [41]). Secondly (line
3 to 7), for each candidate phrase, 𝐶-value is computed
according to the phrase appearing by itself (line 4) or as a
substring of other long phrases (line 6). The 𝐶-value is in
direct proportion to the phrase length (𝐿) and occurrences
(𝐹, 𝑆), but in inverse proportion to the number of phrases
that contain the phrase as a substring (𝑁). This overcomes the
limitations of frequency measurement. A phrase is regarded
as a key phrase if its 𝐶-value is greater than a threshold 𝜀.
Finally (line 11 to 14), 𝑆(𝑞) and 𝑁(𝑞) are updated for each
substring 𝑞.
The algorithm is originally used for pruning the rule
table extracted from the hierarchical phrase-based SMT [42].
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Input: Monolingual Corpus
(1) Extracted candidate phrases
(2) for all phrases 𝑝 in length descending order do
(3) if 𝑁(𝑝) = 0 then
(4)
𝐶-value = (𝐿(𝑝) − 1) × 𝐹(𝑝)
(5) else
(6)
𝐶-value = (𝐿(𝑝) − 1) × (𝐹(𝑝) − 𝑆(𝑝)/𝑁(𝑝))
(7) end if
(8) if 𝐶-value ≥ 𝜀 then
(9)
add 𝑝 to KP
(10) end if
(11) for all sub-strings 𝑞 of 𝑝 do
(12)
𝑆 (𝑞) = 𝑆(𝑞) + 𝐹(𝑝) − 𝑆(𝑝)
(13)
𝑁(𝑞) = 𝑁(𝑞) + 1
(14) end for
(15) end for
Output: Key Phrase Table KP
Algorithm 2: Key phrase extraction from monolingual corpus.

Input: Bilingual Corpus and KP Table from Algorithm 1
(1) for all phrases 𝑝 in KP do
(2) if − log(𝑃-value(𝑝 )) ≤ 𝜏𝐹 then
(3)
add 𝑝 to 𝑃 PT
(4) end if
(5) end for
Output: Pruned Phrase Table 𝑃 PT
Algorithm 3: Algorithm for key phrase pruning.

However, the idea can be also used for phrase-based SMT
[1, 41] perfectly. After this filter step, a filtered phrase table
called KP will be generated.
The phrases in the phrase table KP are all possibly used
phrases in practice. However, there are still some noises
in the KP table, for example, the source phrase occurring
in source sentences and the target phrase occurring in the
target sentences are not well matched; that is, the phrase
translation is not good enough. To overcome this case, it is
convenient to construct a two by two contingency table that
tabulates the sentence pairs where the two types of matches
occur and do not occur [21, 22, 43]. The calculation result
is also called 𝑃-value as introduced in Section 2. A bilingual
corpus constraint can be added to filter the noise phrases as
presented in Algorithm 3. After this step, a large pruning rate
phrase table (called 𝑃 𝑃𝑇) will be generated.
3.3. Word Alignment & Machine Translation. Based on the
discussion in Sections 3.1 and 3.2, we can find that the size
of phrase table is heavily affected by the quality of word
alignment: the better the word alignment, the smaller size of
the phrase table. Besides this, the machine translation performance is not directly decided by the size of the phrase table;
at least 50% phrases can be removed without hurting the

performance of the machine translation. Experiments show
that the quality of phrase translation plays more important
role to the final translation quality in practice. Therefore, it
is necessary to improve the quality of word alignment under
existing phrase extraction algorithm from word alignment.
Now, it is a little easier to talk about the relationship
between word alignment and machine translation. The translation of sentence is directly derived from the phrase table,
while the phrase table is extracted from word alignment. In
other words, the quality of word alignment will affect the
performance of machine translation through phrase table.
That is to say, the word alignment quality will affect the
translation performance a lot. However, the works listed in
[8, 18, 19] show that there is not always significant affection to
the translation result with improved word alignment quality.
We do not agree with the conclusion. Firstly, either the
training or testing corpus they used in their experiments
is limited in a small size or the improvement of the word
alignment quality is not significant (AER decrease between
0.1 and 0.2). Secondly, we think it is the existing phrase
extraction algorithm that leads to the not obvious result. We
have pointed out in the last part of Section 3.1 that even the
worst alignments are used, the extracted phrase table still
have some ability to translate some input phrases. This is
because of the share phrases extracted from the only one
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Table 5: Statistics of the first 10,000 WMT 2006 corpus.
GIZA++
(aligner)

Bilingual
corpus

Monolingual
corpus

Phrase
extraction

SRILM/IRSTLM
(LM toolkit)

Phrase table

Language model

Languages
fr-en
es-en
de-en

Ave. source len.
22.89
21.71
20.55

Ave. en len.
20.15
20.94
21.42

Table 6: Statistics of test data (3,064 sentences).

Source
text

Moses decoder

Target
text

Languages
fr-en
es-en
de-en

Ave. source len.
32.95
29.94
26.92

Ave. en len.
27.81
27.81
27.81

Figure 6: Moses’ main modules and models.
Table 7: Statistics of CMWT 2013 + UM-Corpus.

alignment link. The only one word alignment can translate
some input phrases or sentences, not mentioning the more
word alignment links.
We will discuss the situation with different word alignment in next section, where the machine translation affected
by the best word alignment and worst word alignment will
be fully surveyed. After that we can see that there are at least
three advantages to improve the quality of word alignment as
follows.
(i) Better alignment will extract fewer phrase pairs and
keep a manageable size of phrase table.
(ii) Better alignment will reduce the decoding time when
searching the most possible translation from the
phrase table.
(iii) Better alignment will produce better quality of word
or phrase level translation.

4. Experiments and Discussions
In order to evaluate the conclusions drawn in the previous
section, some experiments are carried out using Moses toolkit
[41], which provides a complete package of the required
modules for training and generating the translation of texts.
4.1. Experiment Settings. Like other SMT approaches, Moses
toolkit requires two models (as shown in Figure 6): the
Language Model (LM) and the Translation Model (TM). In
Moses, LM is usually created by the external toolkits SRILM
[44] or IRSTLM [45]. In our experiment, the IRSTLM toolkit
is used for the large training corpus. Before training, all
the tokenization for languages in European corpus [46] use
the integrated scripts in Moses, and the segmentation for
Chinese adapts the Stanford Chinese segmenter [47] using
CTB (Chinese Tree Bank) standard [48, 49]. The entire
language model is trained by five-gram models.
The phrases are extracted from the results generated
from GIZA++ [8]. The word alignment was trained with ten
iterations of IBM model 1 and model 4 [34] and six iterations
of the HMM alignment model [50].
To extract all the possible phrases to verify (13) and (17),
the maximal phrases are limited to 30. This can extract most

Languages
English
CharacterCE
CTBCE

Tokens
152,161,233
229,110,265
123,917,395

Average length
19.37
29.16
15.78

Vocabularies
1,655,080
397,442
1,331,505

phrases in terms of word alignments and make us focus on the
relations among word alignment, phrase table, and machine
translation.
In order to better reveal relationships between alignment
and phrase table to the translation quality, leftmost, middle,
and rightmost word alignment are extracted from the original
full alignment in the worst alignment situation (i.e., only
one alignment link). Here the leftmost, middle, and rightmost
word alignment indicate the word alignment link that aligned
to the first, middle, and end word in the source language side.
4.2. Corpus Information. Three language pairs in WMT
2006 shared translation task are chosen as the training
data: French-English (fr-en), German-English (de-en), and
Spanish-English (es-en). These three language pairs are used
to carry out the experiments for proving the equation
deduced in Section 3 and relationship between word alignment and machine translation. Table 3 shows the statistics
of original corpus [46]. However, the number of phrases
extracted from the only one link is too many to be allowed
in our server, so the first 100,000 European corpus sentences
(statistics shown in Table 5) are chosen to prove the availability of the equations between word alignment and phrase table.
Table 6 presents the statistics of 3,064 testing data from WMT
2006 for the same English sentences.
To test our algorithm for pruning the phrase table, a
large Chinese-English parallel corpus is brought in. The large
corpus consists of two parts: 3,289,497 sentences are from
the CWMT 2013 [51] and 4,157,556 sentences are from UMCorpus [52, 53]. After removing repeat and mismatched
sentences in the combined two parts, there are left 7,445,190
sentences and the statistics of the combined parallel corpus
are presented in Table 7. Note that the statistics of Chinese
sentences are counted both in character level (each Chinese
character is treated as one token, CharacterCE in Table 7) and
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Table 8: Statistics of English & Chinese corpora.
Languages
English
Chinese

Tokens
804,584,844
3,007,196,322

Average length
24.64
33.43

Vocabularies
2,357,374
1,533,343

Table 9: Statistics for EC-Corpus testing data.
Languages
English
CharacterCE
CTBCE

Tokens
118,802
153,705
118,499

Average length
23.76
30.74
23.70

word level (segmented by Stanford CTB segmenter, presented
by CTBCE ).
The UM-Corpus also contains English, Chinese, and
Portuguese monolingual corpora. In this experiment, the
English and Chinese corpora are used. There are 35,938,697
English sentences from news domain and more than 70
million Chinese sentences from China portal webpage. The
statistics about the two corpora are shown in Table 8.
The 5000 sentences of test data (named UM-Testing) are
designed according to domains in the UM-Corpus. There
are 1,500 sentences for news, 500 sentences for laws, 500
sentences for novels, 600 sentences for thesis, 700 sentences
for education, 600 sentences for science, and 600 for subtitle.
The statistics of the testing data are shown in Table 9.
4.3. Equation of Word Alignments versus Phrases. The calculation for number of phrases requires the full word alignment
links. Full word alignment, in other words, is the best quality
of word alignment. It is, obviously, very time-consuming
if we manually edit the large word aligned sentences. It is
already observed in the past that generative models used
for statistical word alignment create alignments of increasing
quality as they are exposed to more data [19]. The intuition
behind this is simple; as more cooccurrences of source and
targets words are observed, the word alignments are better.
Following this intuition, if we wish to increase the quality of
a word alignment, we allow the alignment process access to
extra data which is used only during the alignment process
and then removed. If we wish to decrease the quality of a
word alignment, we divide the parallel corpus into pieces
and align the pieces independently of one another and finally
concatenate the results together. In our experiments, we use
the entire WMT 2006 corpus as training data firstly, and
then the first 100,000 alignments are chosen as the full word
alignments.
Also, the leftmost, middle, and rightmost word alignment
point based on the full word alignment are obtained based on
the results generated by GIZA++.
The minimal and maximal sizes of the phrase table
extracted from the full and middle word alignment and the

differential rates are shown in Table 10. The differential rate is
calculated by


𝑁 − 𝑁moses-min 
,
𝑅diff-min =  min
𝑁min


𝑁 − 𝑁moses-max 
,
𝑅diff-max =  max
𝑁max

(22)
(23)

where the 𝑁moses-min and 𝑁moses-max indicate the minimal and
maximal phrases extracted from Moses.
From Table 10 we can see that the actual number of
phrases is close to the calculation result. With the small differential rate, the (13) and (17) can be available to the practical
experiments. The difference may come from two reasons:
(1) the assumption of full word alignment produced from
the GIZA++ may contain too many noises; (2) equations
(13) and (17) do not consider repetitions of the extracted
phrases.
4.4. Phrase Table versus Machine Translation. We have shown
that the there is no direct relationship between the size
of phrase table and machine translation performance. As
reflected in (17) and Table 4, at least half of the phrases can
be removed without hurting too much the performance of
machine translation. In this part, we want to use the large
Chinese-English corpus to test our pruning algorithm based
on monolingual and bilingual corpus.
According to our experience, different thresholds will
generate different size of phrase table and result in different
performance of translation. Therefore, one of the key steps
is to choose the pruning threshold in Algorithms 2 and 3.
Firstly, a baseline threshold is calculated from the logarithm
of sentences of the given corpus (𝑁), that is, log(𝑁). For
the 𝐶-value threshold, the baseline threshold is about 25
(log(3.6 ∗ 107)). For the 𝑃-value threshold, the negative
logarithm will be chosen. Because the probabilities involved
are incredibly tiny, we will work instead with the negative of
the natural logs of the probabilities. For example, instead of
selecting phrase pairs with a 𝑃-value less than exp(−15), we
will select phrase pairs with a negative-log-𝑃-value greater
than 15. The baseline threshold for 𝜏𝐹 is 45 (log(7.4 ∗ 106)).
Secondly, the different thresholds will increase or decrease
than the baseline threshold. The affection to the phrase table
and BLEU scores based on different thresholds is shown in
Table 11.
From Table 11, we can see that nearly 98% phrases can
be discarded with monolingual and bilingual corpora, while
the translation quality does not become worse too much
(only decrease 2.35). Experiments show that about 85% of the
phrase table is reduced and can generate the best translation
quality, which not only again proves the similar results as in
other researchers [3, 21, 32, 38], but also indicates that most
phrases are not needed at all. The best translation can be
achieved on the size of about 15% to 30% of the original phrase
table. That is to say, only a small fraction of phrases are the
essential elements, while major of the extracted phrases are
spurious, and in some sense, they are redundancy and should
be discarded.
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Table 10: Phrases comparison between Moses extraction and calculation result.

Phrase length
Languages
fr-en
es-en
de-en

𝑁moses-min
9,136,283
10,958,551
9,219,921

𝑁min
9,080,307
10,895,266
8,929,095

𝑅diff-min
0.006
0.006
0.033

Table 11: 𝐶-value and 𝑃-value threshold effect on the phrase table
size and BLEU scores.
𝐶-value 𝜀
0
10
25
100
200
400

Thresholds
− log(𝑃-value) 𝜏𝐹
0
20
45
60
100
200

UM-Corpus + CWMT 2013
Phrase table (%)
BLEU (%)
100
28.13
83.6
28.09
52.5
27.98
29.7
28.11
14.3
28.27
2.02
25.78

Table 12: Translation performance on different word alignment
types.
Languages
fr-en
es-en
de-en

𝐴 full
24.80
30.76
21.66

BLEU (3,064 sentences)
𝐴 lmost
𝐴 sure
𝐴 mid
4.48
22.26
9.96
3.12
28.24
11.28
2.30
19.28
9.76

𝐴 rmost
2.48
2.32
2.94

4.5. Word Alignment versus Translation Quality. In order to
investigate the affection to the translation performance based
on different word alignment types and phrase table size, we
selected five different types of word alignments to generate
the phrase table and then measure the translation quality
by BLEU metric: the full word alignment points (𝐴 full ), the
leftmost word alignment (𝐴 𝑙most ), the sure alignment point
(𝐴 sure ), the middle word alignment point (𝐴 mid ), and the
rightmost word alignment point (𝐴 𝑟most ).
Clearly, the 𝐴 full is the best quality of word alignment
and followed by 𝐴 sure , which is the only 1-to-1 alignment.
The 𝐴 𝑙most , 𝐴 mid , and 𝐴 𝑟most are much worse ones, which
is only one alignment link. As mentioned previously, all
these alignment points are obtained after getting the results
generated by GIZA++. The experiment is carried out in
WMT 2006 corpus. Based on the different alignment types,
the number of phrases extracted and the corresponding
translation BLEU are presented in Figure 7 and Table 12
separately.
The histograms show that there is not any direct proportion relationship between the translation performance and
the number of extracted phrases. The numbers in Figure 7
show that German-English language pairs can generate the
most phrases, while the translation quality is not the best.
Although the fewest phrases produced from the SpanishEnglish language pairs, the best translation performance can
be obtained. Explained by (17), more phrases usually lead to

𝐾 = 30
𝑁moses-max
1,541,902,790
1,401,977,185
1,606,176,665

𝑁max
1,544,021,509
1,489,422,170
1,686,043,482

𝑅diff-max
0.001
0.058
0.047

worse word alignment quality or it can be said that there
are too many unaligned words in the produced alignment
results. The results in Figure 7 and Table 12 show that (1) the
full word alignment will contribute most to the translation
performance and there will not be too much decrease when
only the sure alignment is provided; (2) however, the first and
last word alignment will not produce too high translation
quality; (3) although the middle position word alignment
can extract the most phrases, the quality of the translation
is not the best and it seems that middle word alignment can
contribute more to the finally translation.
In fact, the translation from the only one link word
alignment should be higher. After all, the default full word
alignments have too many noises, which trained from a large
training corpus without manual edit.

5. Conclusions
In this paper, some investigations are made about the relationship among word alignment, phrase table, and machine
translation. After deducing a formula for estimating the size
of the phrase table, a maximal phrase pruning ratio can be
calculated based on the average length of the given corpus and
word alignment positions. Finally, translation performance
based on different word alignment types is compared.
Equations (13) and (17) provide a simple way to predict
the size of the phrase table in advance based on the generated
word alignment points. This is beneficial for evaluating how
much hardware resources are required to train the model
when the size of the parallel corpus is huge.
Experiment results show the affection to the translation
performance is significant if the AER decreases or increases
too much. There is no direct proportion relationship between
the translation performance and the number of extracted
phrases. In other words, most of the phrases are not needed at
all, only phrases extracted from the full word alignment are
enough. It can be seen from our corpus-motivated pruning
method that only 15%–30% phrases are needed for the basic
translations and most phrases in the phrase table are noises
to the final translation.
Based on the existing phrase extraction algorithm from
word alignment, better word alignment will be very helpful to
the final translation. There are at least three advantages with
a better quality of word alignment even without the existing
phrase extraction algorithm improved as follows.

(i) Better alignment will extract fewer phrase pairs and
keep a manageable size of phrase table.
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Figure 7: Number of phrases extracted from different word alignment points and their BLEU.

(ii) Better alignment will reduce the decoding time when
searching the most possible translation from the
phrase table.
(iii) Better alignment will produce better quality of word
or phrase level translation.

The next work we want to focus on is to add the corpusmotivated pruning technique into the translation models;
that is, the phrases will be filtered during the training time,
not after generating the phrase table.
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Fuzzy vault scheme (FVS) is one of the most popular biometric cryptosystems for biometric template protection. However, error
correcting code (ECC) proposed in FVS is not appropriate to deal with real-valued biometric intraclass variances. In this paper,
we propose a multidimensional fuzzy vault scheme (MDFVS) in which a general subspace error-tolerant mechanism is designed
and embedded into FVS to handle intraclass variances. Palmprint is one of the most important biometrics; to protect palmprint
templates; a palmprint based MDFVS implementation is also presented. Experimental results show that the proposed scheme not
only can deal with intraclass variances effectively but also could maintain the accuracy and meanwhile enhance security.

1. Introduction
Biometric based authentication taking physiological or
behavioral characteristics of an individual, such as fingerprint, palmprint, face, and voice, for personal identification
is an enhanced authentication mechanism. However, such
authentication technology needs large-scale capture and storage of biometric data which leads to serious concern about
leaking of privacy and identity theft. Unlike password or
token based authentication, biometric characteristics are
inherent to a person; once compromised, it would never be
reissued or refreshed.
Biometric cryptosystems [1] combining cryptography
with biometrics offering provable security are considered to
be a promising solution to above issues.
For a biometric cryptosystem, helper data (also named
secure sketch [2] in some literatures) is generated and stored
instead of biometric template in enrolment phase. Without the genuine user’s biometric traits, the helper data do
not leak any information about the original templates. In
authentication, helper data is used to help regenerate the key.
The key can be used for identification or directly used in
cryptosystems.
Many famous biometric cryptosystems have been proposed such as fuzzy commitment scheme [3], fuzzy extractor
[4], and fuzzy vault scheme (FVS) [5]. Among these schemes,

the fuzzy vault scheme proposed by Juels and Sudan [5] has
become one of the most popular key-binding approaches,
because it provides effective and provable security for biometric template protection [6]. Since the FVS is proposed,
many biometric characteristics have been used to construct
biometric cryptosystems based on FVS, such as fingerprints
[7], iris [8], and face [9].
In essence, FVS is a secret-sharing mechanism. A user
uses unordered set 𝐴 to encrypt the secret to generate the
vault. A large number of chaff points are added into the vault
to protect valid data. If another set 𝐵 provided by another user
is close enough to set 𝐴, the protected secret can be decoded
successfully, where Reed-Solomon code is introduced to
correct variances between two sets.
By applying FVS to design biometric template protection
scheme, the most important aspect is dealing with large
intraclass variances which are inherent to biometric features
due to changing collecting environments such as changes of
pose or illumination. However, as some researchers point out
[8, 9], special use of the Reed-Solomon code in the fuzzy vault
scheme is not appropriate, which results in much extra work
to reduce the intraclass variances, such as Nandakumar et
al. [7] who proposed using high curvature points extracted
from the fingerprint orientation field as helper data to align
the template and query minutiae, Lee et al. [8] who proposed
a shift-matching method for iris alignment, and Liu et al.
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[10] who proposed a 3D fuzzy vault to improve the variance
handling ability.
The issues lie in that the fuzzy vault scheme is designed for
set differences which is often used to measure the similarity of
two sets in finite field [11], while Euclidian distance measuring
two sets in real number field is often used for similarity
measure in biometric techniques. Inspired by the similarity
between template matching in biometric recognition and
valid point filtration from fuzzy vault, in this paper, we propose a more general scheme named multidimensional fuzzy
vault scheme (MDFVS) to deal with real-valued intraclass
variances.
The contributions of this paper are as follows:
(1) a concrete construction of MDFVS is proposed. To
construct variance-tolerant space, first, a metric space
is defined. Second, the input feature vector is mapped
into subvectors to construct a linear subspace in
which intraclass variances can be tolerated. Last, the
vault locking and unlocking algorithms based on such
linear subspace are given;
(2) palmprint based MDFVS implementation is presented. In the implementation, classic linear discriminant analysis (LDA) is used to extract feature vector from palmprints for validating the feasibility of
MDFVS. Experimental results in terms of receiver
operating characteristic (ROC) curves and curve of
genuine accept rate (GAR) versus number of chaff
vectors are given and discussed.
The rest of this paper is organized as follows. Section 2
presents the framework of MDFVS and its locking and
unlocking algorithms. The implementation of palmprint
based MDFVS is presented in Section 3. Section 4 discusses
the experimental results. We summarize our works in Section 5.

2. Multidimensional Fuzzy Vault Scheme
In this section, the concrete construct of MDFVS is elaborated. First, the vault and operating space is defined. Second,
the locking and unlocking algorithms are presented in detail.
2.1. Definition of Vault and Operating Field. The proposed
vault 𝑉 is composed of many vectors 𝑉𝑖 with the same length;
that is, 𝑉 = {𝑉𝑖 }𝑀
𝑖=1 , where 𝑉𝑖 = [V𝑖1 , V𝑖2 , . . . , V𝑖𝑗 , . . . , V𝑖𝑛 ],
𝑖 = 1, 2, . . . , 𝑀, 𝑛 is the length of the vector, and 𝑀 is the total
number of vectors in vault. The vector in the vault generated
from biometric features is named as genuine vectors, and the
vectors generated randomly are named as chaff vectors.
If elements in the vector are from real number field 𝑅 and
Euclidean metric is used to measure the similarity between
two vectors, the metric space becomes a linear space [12]. The
proposed vault locking and unlocking algorithms below are
operating on such linear space.
2.2. Locking Algorithm. The vault locking algorithm is
described in Algorithm 1. The input and output parameters
are as follows.

(1) 𝑋, 𝑉 ← 𝜙;
(2) 𝑠 ← 𝜅;
(3) 𝑝 ← 𝑠;
feature vector

(4) {𝑓V𝑖 }𝑡𝑖=1 ← FV;
mapping

selecting features for

(5) {𝑓𝑖 , 𝑓𝑖 ∈ 𝑓V𝑖 }𝑡𝑖=1 ← {𝑓V𝑖 }𝑡𝑖=1 ;
(6) for 𝑖 = 1 to 𝑡 do

polynomial projection

𝑝

 𝑓𝑖 ;
(7)
𝑝(𝑓𝑖 ) ←
(8)
𝑉 ← 𝑉 ∪ (𝑓V𝑖 , 𝑝(𝑓𝑖 ));
(9) end
(10) 𝐿 = length(𝑓V𝑖 )
(11) for 𝑖 = 𝑡 + 1 to 𝑟 do
(12) 𝑥V𝑖 ∈𝑈 𝑅𝐿+1 ;
(13)
𝑉 ← 𝑉 ∪ 𝑥V𝑖
(14) end
(15) reorder vectors in 𝑉;
(16) output 𝑉;
Algorithm 1: Locking vault.

Input: Parameters 𝑘, 𝑡, and 𝑟 such that 𝑘 ≤ 𝑡 ≤ 𝑟; a cryptographic key 𝜅 ∈ GFSL (2) and biometric feature vector
FV ∈ 𝑅𝑛 .
Output: A vector set 𝑉.
In the input parameters, 𝑘 represents the degree of the
polynomial to be constructed, 𝑡 represents the number of
genuine vectors in the vault which is derived from biometric
feature vector FV, and 𝑟 represents the total number of vectors
in the vault including genuine and chaff vectors.
A cryptographic key 𝜅 ∈ GFSL (2) is a bit string with length
SL. Biometric feature vector FV ∈ 𝑅𝑛 is a real-valued feature
vector extracted from biometric traits using specific feature
extraction method.
There are two important steps in the locking algorithm:
feature vector mapping and genuine vector generation.
(1) Feature Vector Mapping. Enrolling feature vector FV is
mapped into 𝑡 subvectors, that is, {𝑓V𝑖 }𝑡𝑖=1 . These subvectors construct a linear space. This linear space is named
as variance-tolerant space since Euclidean distance can be
applied to measure the similarity between two vectors in this
linear space. Even though there are variances, the genuine
vector can also be recognized by similarity measurement as
long as the query subvector is close enough to the concealed
genuine vector.
Feature vector mapping is used for embedding variancetolerant linear space into fuzzy vault. The variance-tolerant
capability is determined by the mapping method.
(2) Genuine Vector Generation. Feature data in a subvector can
be used to evaluate the polynomial. Given the subvector set
{𝑓V𝑖 }𝑡𝑖=1 obtained in step (1), single feature data 𝑓𝑖 is selected
from each subvector 𝑓V𝑖 for evaluating the polynomial 𝑝 to
get the point set {(𝑓𝑖 , 𝑝(𝑓𝑖 ))}𝑡𝑖=1 . Because the feature data 𝑓𝑖
is already contained in the subvector 𝑓V𝑖 , we pad the 𝑝(𝑓𝑖 )
at the end of 𝑓V𝑖 to form the final vector (𝑓V𝑖 , 𝑝(𝑓𝑖 )) for
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Figure 1: Framework of palmprint based MDFVS.

the vault. The padded vector (𝑓V𝑖 , 𝑝(𝑓𝑖 )) is called genuine
vector. Totally, there are 𝑡 genuine vectors that are generated.
2.3. Unlocking Algorithm. The vault unlocking algorithm is
described in Algorithm 2. The input and output parameters
are as follows.
Input: query feature vector FV , the vault 𝑉, and parameter triple (𝑘, 𝑡, 𝑟).
Output: bit string 𝜅 ∈ GFSL (2) ∪ 𝜙.
The main step of vault unlocking algorithm is genuine
vector filtering.
Based on different algebraic number field that elements
in the vectors belong to, the distance computation can be
Hamming metric, Euclidean metric, set differences, and so
on. In the proposed vault unlocking algorithm, elements in
vectors are from real number field and Euclidean metric is
used to measure the distances between vectors; the genuine
vector recognition can be rewritten as shown in Algorithm 3.
The genuine vector filtering is carried out between
subvector {𝑓V𝑖 }𝑡𝑖=1 and the vault {V𝑗 }𝑟𝑗=1 . For given query
subvector 𝑓V𝑖 , we compute the distances between 𝑓V𝑖 and
each vector in 𝑉. There are 𝑟 − 𝑖 + 1 distances that were
computed. The vector in 𝑉 corresponding to the minimum
distance is considered as the genuine vector. And then these
filtered genuine vectors are concentrated to form a long vector
LV. If the distance between FV and LV is greater than a given
threshold 𝑇, the vault unlocking fails. Otherwise, pairwise
data are extracted from recognized vectors for polynomial
reconstruction, that is, (𝑥𝑖 , 𝑦𝑖 ) ← V𝑖 .
Given degree 𝑘 and points set 𝑄, a polynomial 𝑝 can
be reconstructed. If all points in 𝑄 are genuine points, the
original polynomial can be reconstructed accurately, and the
key can be recovered successfully from the coefficients of the
reconstructed polynomial.

3. Implementation of Palmprint Based MDFVS
Palmprint is one of the most important biometrics, from
which many unique features such as principal lines and

wrinkles can be extracted for personal identification [13].
However, the current palmprint identification systems are
still not secure enough due to many potential attacks and
privacy leaking threats [14]. In this section, we introduce a
secure palmprint identification system based on proposed
MDFVS.
First, the framework of palmprint based MDFVS is illustrated. Second, the implementation of locking and unlocking
algorithms of palmprint based MDFVS is elaborated. In
the interpretation of the two algorithms, we focus on the
implementations.
3.1. Framework of Proposed Palmprint Based MDFVS Implementation. The proposed framework of palmprint based
MDFVS is shown in Figure 1.
There are two inputs for the enrollment: randomly generated key and training palmprints. The output is the vault. In
authentication, the vault is retrieved and taken as the input
of the unlock algorithm. If the extracted feature vector from
query palmprint is close enough to the enrolled one in terms
of Euclidean distance, the protected key can be regenerated
correctly.
3.2. Locking Palmprint Based MDFVS. The flowchart of
implementation of vault locking is shown in Figure 2. In
the following, three main modules including polynomial
construction, genuine vector generation by polynomial projection, and vault generation are described in detail.
(1) Polynomial Construction. The key is transformed to 16 × 𝑛
bits by zero padding method. 16-bit CRC-16 code [15] is
generated for error checking. By appending the 16-bit CRC
code to the end of the key, a (16+1)×𝑛-bit new key is obtained.
The new key is segmented into 𝑛 + 1 segments. Each segment
is regarded as binary representation of a 16-bit number. There
are totally 𝑛 + 1 numbers: 𝑐0 , 𝑐1 , . . . , 𝑐𝑛 .
Because a polynomial with degree greater than eight
is very difficult to be reconstructed accurately, the highest
degree of polynomials we recommend is eight. If (𝑛 + 1) is
greater than nine, multiple eight-degree polynomials can be
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(1) RV ← 𝜙, 𝑄 ← 𝜙;
(2) {𝑓V𝑖 }𝑡𝑖=1

feature vector



← FV ;

(1) 𝐿 = length(𝑓V𝑖 );
(2) for 𝑖 = 1 to 𝑡 do

mapping

(3) for 𝑖 = 1 to 𝑡 do
(4)
V𝑖 = arg min distance(𝑓𝑣𝑖 , V𝑗 )
𝑗=1,...,𝑟−𝑖+1

(5)
RV ← RV ∪ V𝑖 ;
(6) end
(7) RV → LV;
(8) if distance(RV,LV) < 𝑡ℎ𝑟𝑒𝑠ℎ𝑜𝑙𝑑
(9) for 𝑖 = 1 to 𝑡 do
(10)
RV → V𝑖 ;
(11)
(𝑥𝑖 , 𝑦𝑖 ) ← V𝑖 ;
(12)
𝑄 ← 𝑄 ∪ (𝑥𝑖 , 𝑦𝑖 );
(13) end
(14)
𝑠 ← polynomial reconstruction(𝑘, 𝑄)
(15)
𝑠 → 𝜅 ;
(16)
output 𝜅 ;
(17) else
(18)
output 𝜙;
(19) end
Algorithm 2: Unlocking vault.

constructed based on these 16-bit numbers, for example,
𝑝1 (𝑥) = 𝑐0 + ⋅ ⋅ ⋅ + 𝑐8 𝑥8 ; 𝑝2 (𝑥) = 𝑐9 + ⋅ ⋅ ⋅ + 𝑐17 𝑥8 ; . . ..
(2) Genuine Vector Generation by Jointing Projected Values.
To construct the variance-tolerant linear subspace, we simply

(3)

𝐿

V𝑖 = arg min√ ∑ (𝑓V𝑖𝑘 − V𝑗𝑘 )2 ;
𝑗=1,...,𝑟−𝑖+1

(4)
RV ← RV ∪ V𝑖 ;
(5) end

𝑘=1

Algorithm 3: Genuine vector filtering.

segment the feature vector into subvectors with same length.
An appropriate feature {𝑥𝑖 } is selected from subvectors for
polynomial projection. After polynomial projection, the evaluated value {𝑝𝑗 (𝑥𝑖 )} is appended to the end of the subvector
from which the 𝑥𝑖 is selected.
For example, there are two polynomials to be constructed, 𝑝1 (𝑥) and 𝑝2 (𝑥). The number of subvectors after
segmentation is nine. If nine features are selected from nine
subvectors, respectively, for polynomial projection (selecting
one feature from each subvector), the diagrams of genuine
vector generation are shown in Figure 3.
(3) Vault Generation. The chaff vectors are generated randomly. Since the ranges of normalized features and projected
values are in different value range, the random generated
elements in chaff vector with indexes corresponding to
features are normalized to the value range of normalized
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features, and the elements in chaff vectors with indexes
corresponding to projected values are normalized to the value
range of projected values.
After normalization, chaff vectors are combined with
genuine vectors to form the vault. After combination, the
vectors in the union are sorted in ascending order based on
the values of the first columns, and then the vault is stored in
central database or smart card.
3.3. Palmprint Based MDFVS Unlocking. The flowchart of
vault unlocking implementation is shown in Figure 4.
Two main modules, genuine vectors filtering and key
recovering, are described as follows.
(1) Genuine Vectors Filtering from Vault. First, the query
feature vector is segmented into subvectors in the same way
used in vault locking.
Given a query subvector 𝑉𝑖 , Euclidean distance between
𝑉𝑖 and all vectors in the vault is computed.

Because polynomial projection values were appended at
the end of genuine vectors, the length of genuine vector is
longer than the query subvector. In distance computation,
the padded polynomial projection values are removed so as
to keep the same length for Euclidean distance computation.
The vector in vault corresponding to the minimum distance
is considered as genuine vector.
After genuine vectors filtering, these recognized vectors
are reshaped to form a single longer vector, in which all
polynomial projection values are discarded. The Euclidean
distance between reshaped vector and query feature vector is
computed and compared with the predetermined threshold.
If the distance is less than the predetermined threshold, the
unlocking fails; otherwise, the pairwise data for polynomial
reconstruction are extracted from the filtered genuine vectors.
(2) Key Recovering by Polynomial Reconstruction. One or
more polynomials are reconstructed by Lagrange interpolation [16] based on extracted point set. The coefficients of
constructed polynomials are concatenated for CRC error
detection. If no error is detected, the recovered key would be
the same as the original one with probability 1.

4. Experimental Results
4.1. Database and Feature Extraction. The palmprint database used in our experiments is handmetric authentication
Beijing Jiao Tong University database (HA-BJTU) [17], in
which there are 1973 hand images of 98 users, each image
is captured using digital camera. There are two collecting
sessions: 5 samples of each user were captured for the first
time, and, 2 months later, the rest of samples were captured.
The region of interest (ROI) which is named as palmprint
is extracted for experiments. The size of the ROI image is
sampled to 128 ∗ 128. For each user, 5 palmprint are used
as training samples for feature extraction, and the left 1483
palmprints are used for test.
The classic feature extraction algorithm LDA is used to
extract the features from palmprints. Because there are 98
users in the database, a feature vector with 97 coefficients is
extracted to represent each palmprint image.
4.2. Accuracy Evaluation of Proposed System. Genuine accept
rate (GAR) and false accept rate (FAR) are used to evaluate
the accuracy of the proposed implementation. The GAR is
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Table 1: Segmentations of feature vector.
Number of subvectors
2
4
6
8

Length of subvectors
48
24
16
12

0.93
0.92
0.91
GAR

ROC curve in
Figure 5
Figure 6
Figure 7
Figure 8

0.89

1

0.88

0.98

0.87

0.96

0.86

0

0.005

0.01

0.015

0.94

0.9

0.865

0.88

0.86

0.86

0.02
FAR

0.025

0.03

0.035

Figure 6: ROC curve when segmentation is 4 × 24.

0.92

0.855
0

0.05

0.1

0.15

0.2

FAR

Figure 5: ROC curve when segmentation is 2 × 48.

0.85
GAR

GAR

0.9

0.845
0.84
0.835
0.83
0.825
0.82

0

0.5

1

1.5

2

2.5
×10−3

FAR

Figure 7: ROC curve when segmentation is 6 × 16.
0.761
0.76
0.759
0.758
GAR

defined as the percentage that the protected key was regenerated accurately when genuine users attempted to obtain
the key using his or her palmprints and registered vault. The
number of genuine attempts is 1483 in our experiments. The
FAR is defined as the success rate that a genuine user’s key
was regenerated when an imposter attempted to steal any
key using his or her palmprints and the genuine user’s vault.
Impostor attempts were simulated via unlocking a user’s vault
using palmprints of all other users. The times of imposter
attempts in our experiments are 1483 × (98 − 1) = 143851.
The ROC curves shown in Figures 5–8 are obtained
through varying thresholds. Four curves are corresponding
to four kinds of subspace constructions by segmenting LDA
feature vector. These segmentations are shown in Table 1. 800
chaff vectors are added to the vault.
From the four ROC curves we can see the following.
The GARs decrease with the increase of segments.
Because the length of LDA feature vector is constant, more
segments mean less features in each genuine vector, which
leads to weaker capability of resisting disturbance taken in
by chaff vectors in genuine vector identification. At last, the
lower accuracy of genuine vectors filtering results in lower
GAR.
With the increase of segments, The FARs decrease too.
With the decreasing number of features in each genuine
vector, the disturbances taken in by chaff vectors become
stronger. For an imposter, it becomes more difficult to
distinguish genuine and chaff vectors, so the FARs decrease.

0.757
0.756
0.755
0.754
0.753
0.752
0.751

0

1

2

3

4

5

6

FAR

Figure 8: ROC curve when segmentation is 8 × 12.

7
×10−5
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Figure 10: GAR versus number of chaff vectors under segmentation
7 × 13.

Figure 9: Security with different number of genuine vectors.

4.3. Security Analysis. We consider the security of proposed
system under the brute force attack assuming that the attacker
has accessed the database and gotten the vault.
To compute the complexity of the brute force attack that is
finding enough genuine vectors from the vault for polynomial
reconstructions, the min-entropy which was proposed by
Dodis et al. [4] is used in our work.
The min-entropy of filtering a genuine vector set GV
which contains enough genuine vectors for vault unlocking
from vault 𝑉, can be simplified as follows [18]:
𝐻∞ (GV | 𝑉) = − log (

𝐶𝑡𝑘+1
),
𝐶𝑟𝑘+1

(1)

where 𝑟 is the total number of vectors in the vault, 𝑡 is the
number of genuine vectors in the vault, and 𝑘 is the degree of
the polynomial.
In our experiments, to unlock the vault successfully, all
genuine vectors are required to be found out from the vault.
So the expression of the min-entropy can be rewritten as
follows:
𝐻∞ (GV | 𝑉) = − log (

1
).
𝐶𝑟𝑡

(2)

With different segmentations, the number of genuine
vectors 𝑡 is different. In our experiments, 𝑡 are 2, 4, 6, and
8, respectively, and 𝑟 = 800 + 𝑡. The resulted security bits are
18.3 bits, 34.0 bits, 48.4 bits, and 61.9 bits, respectively.
When the number of chaff vectors is fixed, the relation
between the security and the number of genuine vectors is
reflected in Figure 9. From the figure, we can see that, by
increasing the number of genuine vectors that is required
to be filtered out for vault unlocking, the security increases
rapidly. However, more genuine vectors required to be filtered
out for polynomial reconstruction means higher error probability of genuine vector filtration, which will decrease the

system accuracy. To enhance the security, an alternative way is
to increase another variable, for instance, the number of chaff
vectors, which will be discussed in the following section.
4.4. GAR versus the Number of Chaff Vectors. Given constant
number of genuine vectors, the security of the fuzzy vault
system only depends on the number of chaff vectors in the
vault. More chaff vectors means higher security. For traditional fuzzy vault scheme, large number of chaff points will
cause great interferences in filtration of genuine points, which
would decrease the GAR of the system. For the proposed
MDFVS in this paper, this tradeoff can be alleviated.
The relation between GAR and the number of chaff
vectors of proposed MDFVS is shown in Figure 10. From
the figure, we can see that, with the increase of the number
of chaff vectors, the GAR is very stable. The tradeoff issue
is solved. The reason lies in that one randomly generated
element in chaff vector may be close to the feature data in
genuine vector with the same index, but the probability is very
small that all randomly generated elements in chaff vector
are close to the corresponding features in genuine vector.
But the features in legal query feature vector and genuine
vector are always close to each other. Consequently, the
filtration of genuine vectors is less affected and the GAR can
be maintained. This means that the proposed MDFVS can
maintain the system accuracy while enhancing the system
security by adding more chaff vectors.

5. Conclusions
Since ECC used in traditional FVS is not appropriate to
handle real-valued biometric intraclass variances, we have
proposed a new scheme named multidimensional fuzzy
vault scheme, in which a new error-tolerant mechanism was
designed. Given traditional FVS is suitable for protecting
point-set based biometric features such as minutiae of fingerprint, the proposed MDFVS is suitable for protecting realvalued biometric feature vectors. Palmprint based MDFVS
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implementation was also designed in this paper. Experiments
based on classic LDA feature vector demonstrated the validity
of proposed MDFVS in terms of accuracy and security.
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Sentence boundary detection (SBD) system is normally quite sensitive to genres of data that the system is trained on. The genres
of data are often referred to the shifts of text topics and new languages domains. Although new detection models can be retrained
for different languages or new text genres, previous model has to be thrown away and the creation process has to be restarted
from scratch. In this paper, we present a multilingual sentence boundary detection system (iSentenizer-𝜇) for Danish, German,
English, Spanish, Dutch, French, Italian, Portuguese, Greek, Finnish, and Swedish languages. The proposed system is able to detect
the sentence boundaries of a mixture of different text genres and languages with high accuracy. We employ i+ Learning algorithm,
an incremental tree learning architecture, for constructing the system. iSentenizer-𝜇, under the incremental learning framework,
is adaptable to text of different topics and Roman-alphabet languages, by merging new data into existing model to learn the new
knowledge incrementally by revision instead of retraining. The system has been extensively evaluated on different languages and
text genres and has been compared against two state-of-the-art SBD systems, Punkt and MaxEnt. The experimental results show
that the proposed system outperforms the other systems on all datasets.

1. Introduction
The task of sentence boundary detection or sentence boundary disambiguation (SBD) is to identify the sentence elements
within a text. Many natural language processing (NLP) systems generally take a sentence as an input unit—part of
speech (POS) tagging [1], chunking [2], and parsing [3],
machine translation (MT) [4], information retrieval (IR) [5],
and so forth. The SBD, acting as an initial processing step
in most of the NLP applications, seems too simple to get
the attention from the researchers. In fact, it is a nontrivial
task, since the errors of the SBD system propagate into the
subsequent processes when they rely on accurate sentence
segmentation, and the overall system performance is negatively affected.
The isolation of sentences involves resolving the use of
ambiguous punctuations to determine if the current punctuation is a true delimiter [6]. In English, a period “.,” which
is used to signal the end of a sentence, may also be used to
denote an abbreviation, acronym, a decimal point, ellipses,
and separators in e-mail and World Wide Web addresses. This
ambiguity may become serious when the trailing period of an
abbreviation or initial also represents the end of a sentence

(e.g., When I was in Macau S.A.R., I lived on Taipa Island).
Second, the sentence is generally started with capitalized
words. If the word following the period is part of proper
nouns which is always capitalized, we should not denote the
word as the start of the next sentence. All these together
make the disambiguation problem more complicated in SBD.
On the other hand, the ambiguity of the punctuations varies
according to different text genres or specific corpus. In the
Wall Street Journal (WSJ), about 42% of the periods denote
abbreviations and decimal points while the corresponding
percentage for Brown corpus is only 11%. That means if
we simply treat every period as the boundary delimiter
of a sentence, it is able to correctly detect about 58% of
the sentences in the WSJ corpus and about 89% of the
Brown corpus. The colon “:,” semicolon “;,” and comma “,”
can either be a separator of grammatical subsentences or
a delimiter of sentences. About 19% and 14% of colons are
being used as the boundary delimiters of sentences in the
WSJ and Brown corpus, respectively. This brings another
ambiguity of punctuation mark in addition to the period.
While semicolon and comma normally are not considered
as the end of sentence markers. There are only less than
0.5% of sentences ended with a semicolon or a comma in
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the WSJ and Brown corpus, and can be negligible. Other
possible sentence boundary markers are the exclamation “!”
and question “?” marks. They are generally unambiguous in
denoting the end of sentences. Hence, the most ambiguous
punctuation is the period. In order to implement a reliable
SBD model, sophisticated logics and algorithms are required
to tackle the problem.
Various algorithms have been employed to achieve the
sentence boundary detection in different languages. Recent
research works in SBD mainly focus on using machine
learning techniques, such as the decision tree [7], the neural
network [7], the hidden Markov model [8], the maximum
entropy [9], and the conditional random fields [10–12]. They
treat the detection task as a classification problem. Although
these methods are very successful when applied to an individual language and specific corpus, it remains unclear how
well those methods operate if they are applied on a mixture
sample of languages and varieties of text genres. Second,
the suggested algorithms for the SBD tasks are generally
constructed in an offline fashion. Once the model is created,
it cannot be altered. Even when the constructed SBD system
is adapted to the sample of text which is characteristically
different from where it is trained on, it is unable to fine-tune
the configuration of the system. This is very important since,
in the recent years, there has been a dramatic increase in
the collection of online texts for the creation of (multilingual
sentence alignment) parallel corpora [13]. The texts are
usually of a high variety of sources, genres, domains, and
formats over the online content. This poses a special problem
for SBD applications. In this paper, we propose a multilingual
sentence boundary disambiguation system, iSentenizer-𝜇,
as an extension of our previous work [14], based on the
incremental learning framework, i+ Learning principle [15],
to deal with the problem we posed. That is different from the
existing works reported in the literature.

constructed systems, machine learning models are easier
to develop since only annotated training data is required
[17]. The representative systems based on this approach
are Satz [7] and MxTerminator [9]. The Satz uses either
a C4.5 decision tree or a neural network to disambiguate
the role of punctuation mark in a sentence, using the prior
distributions of word class surrounding the possible end-ofsentence punctuation mark as features. While MxTerminator
applies the maximum entropy model to learn the contextual
features of ambiguous punctuations by considering the token
preceding and following a sentence boundary, together with
the heuristic information regarding the abbreviations from
the annotated training corpus. Kiss and Strunk [18] propose
an unsupervised sentence boundary detection system Punkt
that uses collocation information as evidence derived from
unannotated corpora for detecting abbreviations, initials,
and ordinal numbers. The collocation information and other
model parameters are empirically derived from a large
development corpus of the Wall Street Journal. Although the
system based on machine learning approach is easier to construct, once it is built, the system cannot be changed. In particular, when new domains or text genres are introduced that
have different characteristics from its original development
data, all the previously learnt knowledge must be discarded.
Recently, Wong and Chao [14] propose an online adaptive
SBD system to deal with the shifts of text topics on the fly. New
data are incrementally learned and are ready to be detected
by the revised system. However, the suggested method was
tested on two languages only, English and Portuguese. It is
unclear how well the performance is if it is applied on a mixed
data of wider languages and varieties of text genres. In this
research, the proposed system is constructed to detect the
boundaries of multilingual text and is extensively tested on
eleven different languages and different corpora, including
the parallel corpus of Europarl [13].

2. Related Work

3. Proposed Model

In the literature, several sentence boundary detection systems
have been reported, and basically these systems can be categorized into two types according to the different approaches
the systems use. The works of Grefenstette and Tapanainen
[6] and Silla et al. [16] are the representative of rule-based
approach. The systems encode rules as regular expressions
and use set of regular expressions to represent the possible
patterns of nonboundary period that mark abbreviations,
numbers, and other sequences like email and web addresses.
In classification, period in the text is checked and surrounding context is analyzed against the regular expressions. If
any regular expression of which is matched, then the period
is determined as an abbreviation marker; otherwise, it is
considered as a sentence separator. However, rules are never
exhaustive, hard to prevent from conflicts, and not robust to
the text with domains and genre shifts. The second type of
boundary detection systems is based on machine learning
approaches. It treats the detection task as a classification problem, using features of the local context of potential boundary
markers such as spelling of word, capitalization, length of
abbreviation, and part of speech. Compared to manually

The proposed SBD model is constructed based on i+ Learning
algorithm. The i+ Learning stands for intelligent, interactive,
and dynamic learning architecture, which complements the
incremental learning algorithms in terms of performing
knowledge revision in multiple dimensions. The algorithm
grows an on-going decision tree with respect to either the
new incoming instances or attributes in two phases: (1)
primary offline construction of decision tree (POFC-DT): a
fundamental decision tree construction phase in batch mode
that is based on the initial training data and (2) incremental
online revision of decision tree (IONR-DT) as incoming of
the new instances or feature attributes; existing tree model
is revised by incorporating the new knowledge instead of
retraining from scratch.
3.1. Primary Offline Construction of Decision Tree. This is
an ordinary top-down decision tree construction phase that
starts from the root node, using a splitting criterion to divide
classes as “pure” as possible until a stopping criterion is met.
The objective of this phase is to construct an optimal base
tree, in order to have a robust foundation for further tree
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expansion. The binary tree structure is adopted in constructing such base tree. Binary tree has the same representational
power as the nonbinary tree, but it is simpler in structure
and has no loss of the generated knowledge. This is because
the binary decision tree employs a strategy that a complex
problem is divided into simpler subproblems, in which it
divides an attribute space into two subspaces repeatedly, with
the terminal nodes associated with the classes [19].
To build a primitive binary tree, it starts from a root node
𝑑 derived from whichever attribute 𝑎𝑖 in an attribute space
𝐴 that minimizes the impurity measure. A binary partition
can be denoted by a four-tuple representation (𝑑, 𝑇, 𝑑𝐿 , 𝑑𝑅 ),
where 𝑑 is a decision node, 𝑇 is a splitting criterion on 𝑑,
and 𝑑𝐿 and 𝑑𝑅 are the node labels for partitions of the left
and right data sets, respectively. Due to a binary tree which
is a collection of nested binary partitions, thus it can be
represented in the following recursive form:
𝐷 = {(𝑑, 𝑇, 𝑑𝐿 , 𝑑𝑅 ) , 𝐷𝐿 , 𝐷𝑅 } ,

(1)

where 𝐷𝐿 and 𝐷𝑅 denote the left and right subtrees, respectively, which are induced by the partition node 𝑑 [20]. The
Kolmogorov-Smirnoff (KS) distance [21, 22] is employed as
the measure of impurity at node 𝑑, which is denoted by 𝐼KS (𝑑)
and is shown in the equation below:


𝐼KS (𝑑) = max 𝐹𝐿 (V) − 𝐹𝑅 (V) ,
(2)
V∈value(𝑑)
where V denotes either the various values of a nominal
attribute 𝑎 with test criterion 𝑎 = V or a cut-point of a
continuous-valued attribute 𝑎 with test criterion 𝑎 < V; 𝐹𝐿 (V)
and 𝐹𝑅 (V) are two class-conditional cumulative distribution
functions that count the number of instances in the left and
right subtrees, respectively, which is partitioned by a value
V of an attribute 𝑎 at a decision node 𝑑. KS is a well-known
measure for the separability of two distribution functions;
it is especially simple and computationally efficient both in
the training and classification stages. Hence, a best single test
is picked across all attributes by enumerating the possible
tests and selecting the one with the greatest KS distance. A
decision tree grows by means of successive partitions until a
termination criterion is met.
3.2. Incremental Online Revision of Decision Tree. IONRDT phase acts as a central character in the incremental
decision tree algorithm. It embraces the faith that whenever
a new instance and/or a new attribute is coming, this phase
dynamically revises the fundamental tree constructed in
POFC-DT phase without sacrificing the final classification
accuracy and eventually produces a decision tree as same
as possible to those algorithms with all training examples
available at the beginning. IONR-DT phase adopts the tree
transposition mechanism that in ITI [23] as a basis to grow
and revise the base tree. Besides, it preserves the essential
statistical information to manage the decision tree. Such style
of decision tree differs from the batch mode trees, since
it remembers the information of instances regarding the
respective possible values as well as the class label, in order to

Table 1: Four classes of the importance grades.
Grade
High
Medium

Low
None

Action in tree revision
Attribute 𝑎𝑖 should be incorporated into the top
several percentages of important decision nodes.
Attribute 𝑎𝑖 can be incorporated into the decision
nodes above the average importance.
Attribute 𝑎𝑖 may be an irrelevant attribute that is
probably appended closer to the leaf node and later on
pruned or be considered as a supporting attribute to
others.
Attribute 𝑎𝑖 is treated as noise and can be ignored.

process the transposition without rescanning the entire data
set repeatedly.
KS measure is again applied in this phase for evaluating
the goodness of a decision node. Once a set of new instances
is ready to be incorporated with an existing tree, IONR-DT
phase carries out the following several steps. (1) It updates
the statistical information on each node that the new instance
traversed. (2) It merges the new instance into an existing leaf
or grows the tree one level under a leaf. (3) It evaluates the
qualification for the test on each node downwards starting
from the root node. (4) For any attribute test that is no longer
best to be on a node, the pull-up tree transposition process is
called recursively to revise the existing decision tree. And (5)
a new decision tree is revised and ready to perform the next
classification.
3.3. Incremental Learning Regarding Attributes (i+ LRA). If an
instance is available together with an unseen (new) attribute,
except the above general steps, an additional procedure for
incorporating a new attribute appropriately with an existing
decision tree has to be called subsequently. In this algorithm,
every new attribute is assigned with a weight of medium
importance by default, rather than treated as noise in other
learning algorithms [20], although its goodness measurement
might be lower on its first occurrence. This is because,
for a new domain, when a new attribute is considered to
incorporate into the learning process, it should be logically
considered as one of the decision nodes, even though the
evidence is rare and the attribute might be irrelevant from the
statistical point of view.
Further significant, in order to avoid the situation that
an attribute has been appended mistakenly, i+ LRA offers
an alternative way to empirically assign one of the four
predefined importance grades to an attribute. This characteristic enables i+ LRA algorithm to be flexible enough to
deal with the incremental data appropriately. Table 1 lists the
importance grading schema as well as the respective action
being taken during the tree revision process.
3.4. Importance Measure (𝐼KS ). After selecting the importance grade from Table 1 for a new attribute, the crucial step
is to determine a preliminary coefficient W for its impurity
measure (𝐼KS ). This coefficient is vital for a new attribute and
is used as a reference index for its importance measure. It
is computed only once for each importance grade, in order
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to enable the new attribute to compete with its comparable
attributes in being a decision node. This coefficient is decided
as the ratio between the average KS measure of the attributes
in the same rank that the new attribute belongs to and the
KS measure of the new attribute itself. The following equation
illustrates the situation:
W=

mean (∑𝑙𝑖=1 𝐼KS (𝑎𝑖 ))
𝐼KS (𝑎new )

,

(3)

where 𝑎new is a new incoming attribute; 𝑎𝑖 is an attribute of
the same rank with 𝑎new ; and 𝑙 is the total number of such
attributes, which is less than the total number of attributes in
the attribute space 𝐴; that is, 𝑙 ≤ |𝐴|. Once such preliminary
coefficient W for 𝑎new has been worked out, it could be
applied to 𝑎new by multiplying it to the KS measure of 𝑎new ,
to enlarge the importance of 𝑎new according to the given
importance grade automatically. This strategy examines the
initial importance of 𝑎new regardless of its KS measure, which
can prevent an actually important new attribute being treated
as useless due to its newness, and occupies little training data.
Thereupon, a normal tree transposition process is carried
on as usual to properly fit the new attribute 𝑎new to a right
position.

4. Feature Representation
The features we used for constructing the iSentenizer-𝜇 are
derived from the trigram contexts of training corpus. That
includes the words immediately preceding and following the
potential boundary punctuation marks: period, exclamation
mark, colon, semicolon, question mark, quotation marks,
brackets, and dash. Normally, the punctuation marks of
the period and exclamation and question marks are only
considered as the potential sentence boundaries in related
SBD researches [9, 14, 24]. However, there are some cases
(depending on different corpora and text genres) where those
punctuation marks may also denote a sentence boundary.
Second, in order to maximize the adaptability of the system
for wider languages and text genres, the associated features
are encoded as a binary vector V (besides the features representing the length of surrounding words); each component
of V corresponds to a possible feature value 𝑏𝑖 of feature 𝑓𝑖 in
the feature set. The encoded type of features for constructing
the SBD system is therefore independent from specific corpus
and alphabet language since the system does not directly
rely on the orthographic information. In more details, the
information we use consists of the following features.
4.1. Character Features. We first consider the capitalization of
the initial character of the word, including the immediately
preceding word 𝑓1 (𝑤𝑖−1 ) and the following word 𝑓2 (𝑤𝑖+1 ),
based on the following feature function:

of a word gives an important clue to signal the named entities (names of people, places, organizations, artifacts, etc.),
abbreviations (e.g., Dr., Mr.), and acronyms (e.g., S.A.R.).
Different from previous works of [9, 25], we do not include
words prefixes or suffixes in our feature set; consider that affix
uses orthographic information and is not independent of any
specific language.
4.2. Word Features. Under the observation that abbreviations are generally the major source of ambiguities in the
determination of sentence boundaries. They are usually short,
uppercased, and tightly collocated with internal periods
(i.e., acronyms) or a final period (i.e., honorific abbreviations, location name abbreviations, month and measure
unit abbreviations, corporate designators, etc.) In addition
to the capitalized features, we also care about the upper/lowercasing of both the neighboring words, 𝑓3 (𝑤𝑖−1 ) and
𝑓4 (𝑤𝑖+1 ), defined as:
𝑓3,4 (𝑤𝑖 ) = {

1 ∀𝑐𝑖 ∈ C, 𝑤𝑖 = {𝑐1 , 𝑐2 , . . . , 𝑐𝑛 }
0 otherwise.

Features five and six are considered as the length of previous
and next words, that is, 𝑓5 (𝑤𝑖−1 ) and 𝑓6 (𝑤𝑖+1 ), respectively,
and are given by
 
𝑓5,6 (𝑤𝑖 ) = 𝑤𝑖  .

(6)

4.3. Punctuation, Number, and Symbol Features. In previous
works [8, 9, 26], features were designed to use the surrounding context in general. However, in order to maximize
the capability of detecting the boundaries of sentences in
text with different genres and domains, we include also the
nonlexical information as features, that concerning the collocation pattern of punctuations, numbers, and symbols. One
of the widely used corpora for evaluation in natural language
processing tasks is the Wall Street Journal (WSJ) corpus. The
WSJ is a typical journalistic news wire corpus. It consists of
speech and narratives marked by double (single) quotes. The
use of dashes and numeral symbols in the corpus is frequent
also. The collocation of those punctuation marks and symbols
leads to the ambiguities and makes the boundaries detecting
tasks more difficult [27]. Thus, the features that used to
capture this information include 𝑓7 (𝑤𝑖 , 𝑤𝑖+1 ), for detecting
the collocation of colon with dash, period, and semicolon:
1 𝑤𝑖 = colon, 𝑤𝑖+1 ∈ Pdps
𝑓7 (𝑤𝑖 , 𝑤𝑖+1 ) = {
0 otherwise,

(7)

where Pdps = {dash, period, semi colon}. The checking of
dollar sign 𝑓8 (𝑤𝑖 ) and number 𝑓9 (𝑤𝑖 ) is given by

(4)

1 𝑤𝑖 = "$"
𝑓8 (𝑤𝑖 ) = {
0 otherwise,

where C is the collection of capital letters; 𝑐𝑖 ∈ C × L is
a character, and 𝑛 is the word length |𝑤|. The capitalization

1 𝑤𝑖 ∈ N
𝑓9 (𝑤𝑖 ) = {
0 otherwise,

1 𝑐1 ∈ C, 𝑤𝑖 = {𝑐1 , 𝑐2 , . . . , 𝑐𝑛 }
𝑓1,2 (𝑤𝑖 ) = {
0 otherwise,

(5)

(8)
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where N is numeric literals. 𝑓10 (𝑤𝑖 , 𝑤𝑖+1 ) describes the
expression of potential punctuations followed by either dash
or left quotation mark:
𝑓10 (𝑤𝑖 , 𝑤𝑖+1 ) = {

1 𝑤𝑖 ∈ P∗ , 𝑤𝑖+1 ∈ Pdq
0 otherwise.

(9)

P∗ is the potential punctuations that signal the boundaries of
sentences, and Pdq = {dash, left quote}. 𝑓11 (𝑤𝑖 , 𝑤𝑖+1 ), on the
other hand, denotes the expression that excludes left quote
which immediately follows the boundary terminal P∗ and is
defined as
1
𝑓11 (𝑤𝑖 , 𝑤𝑖+1 ) = {
0

𝑤𝑖 ∈ P∗ , 𝑤𝑖+1 ≠P𝑞
otherwise,

. . . an average 8.53% from 8.56%. J. P. Bolduc, vice
chairman of W. R. Grace and Co., which holds
a 83.4% interest . . .
. . . an average 8 ./N 53% from 8 ./N 56% ./Y J
./N P ./N Bolduc ,/N vice chairman of W ./N R ./N
Grace and Co ./N ,/N which holds a 83 ./N 4% interest . . .
Box 1: Sentence labeled with boundary tags.

Context: 8./N 56
Instance: ⟨0, 0, 1, 1, 1, 2, 1, 0, 0, 0, 1, 0, N⟩
Context: %./Y J
Instance: ⟨0, 1, 1, 1, 1, 1, 1, 0, 0, 0, 1, 1, Y⟩

(10)

where P𝑞 = left quote.
4.4. Data Representation. In preparation, the corpora used
for training and testing the model are transformed by labeling
the potential sentence boundaries with Y and N to indicate
the true and false boundaries, respectively, as shown in Box 1.
Instead of feeding the list of sentences into the proposed
system directly, the features of potential punctuation are
translated as an instance and described in a format of vector
⟨𝑏1 , 𝑏2 , . . . , 𝑏11 , 𝑙⟩, where 𝑙 is the label (Y/N) representing if it
is the sentence boundary indicator or not. Box 2 shows the
examples of instances construed based on potential trigram
contexts.

5. Evaluations
5.1. Metrics. In order to evaluate the performance of our
proposed system, we employ two state-of-the-art sentence boundary detection systems, Punkt (we use the
Python version of Punkt provided by the NLTK package
(http://www.nltk.org/)) and MaxEnt (it is an implementation
of MxTerminator released by Apache OpenNLP package
(http://opennlp.apache.org/)), with highest results reported
in the literature, for comparison. We treat them as the benchmarks and evaluate iSentenizer-𝜇 against these standards. For
the performance measure, there are several metrics proposed
to evaluate the detection performance of a BSD system. This
includes the error rate, 𝐹-Score, ROC curve, PR curve, and
DET curve [28, 29]. Basically, all of those metrics interpret the
measure based on the counting of true and false positives and
true and false negatives, as denoted in the confusion matrix
(Table 2).
In this study, instead of measuring the error rate as in
[8], we prefer to use the harmonic mean of precision and
recall; besides, due to its popularity [18, 27], precision and
recall can provide us with better information on what kinds
of errors that our system made. Let 𝑇𝑝 (true positives) be
the number of boundaries in the test data which the system
has correctly detected, let 𝐹𝑛 (false negatives) be the number
of boundaries in the test data which the system has missed,
let 𝐹𝑝 (false positives) be the number of cases that the
system misdetects as the boundaries of sentences, and let
𝑇𝑛 (true negatives) be the number of cases that have been

Context: Co./N,/N
Instance: ⟨1, 0, 0, 1, 2, 1, 1, 0, 0, 0, 1, 0, N⟩
Box 2: Examples of instances represented as feature vectors.
Table 2: A confusion matrix for BSD output. “True” denotes positive
cases, that is, the sentence boundaries.
Test true
Test false

System true
𝑇𝑝 : true Positives
𝐹𝑝 : false positives

System false
𝐹𝑛 : false negatives
𝑇𝑛 : true negatives

determined as nonterminal period. Recall is the proportion
of all candidates belonging to the true boundaries that have
been determined by the evaluated system:
Recall =

𝑇𝑝
𝑇𝑝 + 𝐹𝑛

.

(11)

Precision is the ratio between the number of candidates that
have been correctly detected and the number of all candidates
that have been determined as the boundary markers:
Precision =

𝑇𝑝
𝑇𝑝 + 𝐹𝑝

.

(12)

Hence, the harmonic mean of recall and precision is defined
as
𝐹-Score =

2 × recall × precision
.
recall + precision

(13)

5.2. Corpora Description. In order to verify if the proposed
system is robust and adaptable to varieties of languages and
text genres. We have evaluated the iSentenizer-𝜇 system on
the following corpora.
5.2.1. Brown Corpus and Wall Street Journal (WSJ). Both are
part of the Penn Treebank [30]. They are normally used
for evaluating the SBD tasks. The Brown corpus in general
English and consists of 15 subcorpora of different genres and
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topics, ranging from news wires and scientific contents to
fiction and transcribed speech. Altogether there are about 500
documents. The WSJ corpus is composed of journalistic news
wires and is rich in abbreviations and proper names. There
are about 2,500 articles. Documents in these corpora are
organized in paragraphs and split into sentences. Sentences
are further tokenized into words and annotated with part of
speech (POS) information. However, we do not make use
of this additional annotation information [27] to support
the SBD but extract all necessary data from the splitting
sentences.
5.2.2. The Tycho Brahe Corpus. This is a parsed corpus of
historical Portuguese [31]. It contains 52 articles, about 20,000
sentences, distributed by the Institute of Mathematics and
Statistics of the University of São Paulo. The sentences are
manually tagged with POS and syntactic features at the
University of Campinas in the lines of the Penn-Helsinki
Parse Corpus of Middle English [32]. This corpus represents
quite different text genres from others as the articles were
written by authors between 14th and 19th centuries. We
include this in the evaluation as we want to investigate how
well our system performed on the corpus.
5.2.3. Europarl Corpus. This is a parallel corpus of text in 11
languages of the European Union: Danish (da), German (de),
Greek (el), English (en), Spanish (es), Finnish (fi), French
(fr), Italian (it), Dutch (nl), Portuguese (pt), and Swedish
(sv). The Europarl represents the spoken proceedings of the
European Parliament over a decade. The corpus is originally
created for the research of statistical machine translation
systems [13]. This corpus is very large, and its size is over
30 million words (around 1 million sentences) for each of
the languages. However, we use only part of them for the
evaluation. This corpus provides us with an ideal resource for
evaluating the performance of our BSD system on the cross
domains (multilingual) data.
The relative data size of each of the used corpora both for
training and testing the candidate systems is given in Tables
4 and 5. The test data is held back as unseen samples and is
excluded from the training set, which is 10% of its original
data.
5.3. Features Evaluation. As discussed in Section 4, recognition of abbreviations plays an important role in the SBD task
[6]. Majority of the ambiguities are caused by the abbreviations, and it can be greatly reduced if those abbreviations
are identified. In order to boost the performance of SBD
systems, Mikheev [8] and Kiss and Strunk [18] used a list
of abbreviations as additional resources that were extracted
either by hand from general-purpose dictionaries or automatically from the corpus. In this study instead of using the
enumerated abbreviation list, we specifically constructed an
extra feature 𝑓12 (𝑤𝑖−1 , 𝑤𝑖 , 𝑤𝑖+1 ) to maximize the performance
of our model. This feature is defined as an embedded classifier
within the model:
𝑓12 (𝑤𝑖−1 , 𝑤𝑖 , 𝑤𝑖+1 ) = 𝐶 (⟨𝑓1 , 𝑓2 , . . . , 𝑓𝑘 ⟩) ,

(14)

Table 3: Number of abbreviations in corpora.
Corpus
WSJ corpus
Brown corpus
Tycho Brahe corpus

Number of
abbreviations (train)

Number of
abbreviations (test)

27,960
644
382

3,110
158
8

where 𝐶(⋅) is a binary class classifier and 𝑓 is a vector feature.
It returns 1 if the potential candidate is an abbreviation
indicator; otherwise 0 is returned. Theoretically, this extra
local feature set 𝑓 can be embedded as part of the global
feature set 𝑓, and let the model learn from the training
data. In this study, another classifier is constructed under the
same learning framework to pregenerate the feature values.
To evaluate the effectiveness of the designed features, the
following models are created:
(i) baseline: the model is constructed using the features
described in Section 4; that is, 𝑓1 ∼ 𝑓11 ;
(ii) iSentenizer-𝜇: the model includes also the twelfth
feature in training; that is, 𝑓1 ∼ 𝑓12 .
The number of abbreviations in different corpora is given
in Table 3. Compared with the Brown and Tycho Brahe
corpus, the WSJ corpus has rich abbreviations and proper
nouns. This certainly presents a challenge for the SBD models.
The two models are trained and evaluated on the WSJ, Brown,
and Tycho Brahe corpus, respectively. The evaluation results
of the models are shown in Tables 7 and 8. We found that the
enhanced model iSentenizer-𝜇 gives around 1% improvement
in both the recall and precision and 𝐹-Score, while there
are very little and no improvement at all on the Brown
and Tycho Brahe corpus. It is not surprising that even the
baseline model has achieved a very good performance (𝐹Score: 97.86%). When we look at the classification error of
the abbreviations, as demonstrated in Table 9, we found that
there are significant error reductions of 94% and 67% on test
data of the WSJ and Tycho Brahe corpus, respectively. This
proves the effectiveness of the proposed feature set. On the
subsequent experiments, proposed model will be trained with
these optimized features.
5.4. Standard Systems. The results presented in the previous
section illustrate that iSentenizer-𝜇 is able to achieve a very
good performance on corpora from different domains and
topics. In this section, we want to compare the performance
of it to that of the state-of-the-art SBD systems, that is, Punkt
and MxTerminator, which have the highest results reported
in the literature.
5.4.1. Punkt. It is an unsupervised SBD model proposed
by Kiss and Strunk [18]. They characterize abbreviations as
collocations and employ the log-likelihood ratios (log 𝜆) to
detect abbreviations, initials, and ordinal numbers in terms of
global evidence (type-based) and local context (token-based).
The system does not rely on orthographic information and
heuristic clues.
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Table 4: Size of the Brown, WSJ, and Tycho Brahe corpora.
Corpus
WSJ corpus
Brown corpus
Tycho Brahe corpus

Sentences
Training data
Test data
41,977
4,671
51,599
5,801
38,000
5,102

Tokens
1,153,993
1,155,242
953,080

Danish
German
English
Spanish
Dutch
French
Italian
Portuguese
Greek
Finnish
Swedish

Sentences
Training data
Test Data
30,343
3,375
29,854
3,319
29,774
3,309
33,869
3,765
29,604
3,389
29,887
3,321
27,589
5,067
28,967
2,777
27,687
3,077
29,504
3,309
26,649
2,962

Corpus
Danish

German

Table 5: Information of Europarl corpus.
Language

Table 6: Performance of systems on different languages of Europarl
corpus.

Tokens
917,231
890,176
949,716
1,082,826
688,018
1,098,724
929,042
947,086
888,321
687,804
765,795

English

Spanish

Dutch

French

Italian

5.4.2. MxTerminator. This model, proposed by Reynar and
Ratnaparkhi [9], is constructed based on maximum entropy.
The model learns the contextual features from annotated
corpora. It uses features such as the tokens preceding and
following a potential sentence boundary, and capitalization
information, as well as the affixes of induced abbreviations
from the training corpus.
5.5. Multilingual and Multidomain Evaluation. In this experiment, we train the iSentenizer-𝜇 using the optimized feature set, while the training of Punkt and MxTerminator is
performed using the default settings. All the models are
trained on the corpora described in Tables 4 and 5. There
covers the text in eleven languages and four kinds of text
genres (WSJ, Brown, Tycho Brahe, and Europarl). The results
achieved on different corpora are given in Tables 6 and 10.
The experiments show that iSentenizer-𝜇 outperforms the
other systems on every corpus. It achieves the best 𝐹-Scores.
Although the precisions of iSentenizer-𝜇 on the Tycho Brahe
(−0.11%) and Danish Europarl (−1.25%) corpora are slightly
lower than that of the MxTerminator, the recalls are much
higher, +19.57% and +63.36%, respectively. It is surprising to
note that both the MxTerminator and Punkt models obtain
unexpected low scores on WSJ corpus. The results are quite
different from their reports. The main reason is that the
current models do not provide any additional abbreviation
list, and it is known that the WSJ corpus is richer with
abbreviations and proper nouns.
5.6. Cross Corpora Evaluation. In the previous section, the
results show that iSentenizer-𝜇 is able to achieve a good
performance on several corpora. In this second part of

Portuguese

Greek

Finnish

Swedish

Candidates
iSentenizer
Punkt
MxTerminator
iSentenizer
Punkt
MxTerminator
iSentenizer
Punkt
MxTerminator
iSentenizer
Punkt
MxTerminator
iSentenizer
Punkt
MxTerminator
iSentenizer
Punkt
MxTerminator
iSentenizer
Punkt
MxTerminator
iSentenizer
Punkt
MxTerminator
iSentenizer
Punkt
MxTerminator
iSentenizer
Punkt
MxTerminator
iSentenizer
Punkt
MxTerminator

Recall
98.84%
97.69%
35.48%
97.61%
97.87%
81.00%
98.98%
97.95%
96.09%
99.40%
98.11%
96.67%
99.34%
97.79%
91.95%
98.82%
97.84%
95.04%
98.90%
98.25%
94.96%
99.58%
98.50%
94.88%
97.83%
96.98%
97.24%
98.98%
98.33%
92.46%
95.91%
98.94%
99.49%

Precision
92.88%
79.37%
94.13%
95.77%
87.53%
93.69%
95.79%
93.34%
93.97%
94.21%
89.80%
90.09%
96.24%
92.34%
95.32%
95.77%
91.37%
91.88%
95.99%
93.69%
94.43%
96.60%
95.76%
96.50%
96.44%
95.36%
93.97%
95.76%
92.34%
95.32%
94.30%
89.45%
88.33%

𝐹-Score
95.77%
87.59%
51.54%
97.61%
92.41%
86.89%
97.36%
95.59%
95.02%
96.74%
93.77%
93.26%
97.77%
94.99%
93.61%
97.28%
94.49%
93.44%
97.42%
95.92%
94.70%
98.07%
97.11%
95.68%
97.13%
96.16%
95.58%
97.34%
95.24%
93.87%
95.10%
93.95%
93.57%

Table 7: Classification results of baseline model.
Corpus
WSJ corpus
Brown corpus
Tycho Brahe corpus

Recall
0.9757
0.9955
0.9973

Precision
0.9815
0.9995
0.9983

𝐹-Score
0.9786
0.9975
0.9978

Table 8: Classification results of iSentenizer-𝜇.
Corpus
WSJ corpus
Brown corpus
Tycho Brahe corpus

Recall
0.9843
0.9967
0.9973

Precision
0.9918
0.9995
0.9983

𝐹-Score
0.9880
0.9981
0.9978

the experiment, we want to test if the proposed system is
well suited to process different text genres and domains.
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Table 9: Abbreviations classification error rate.

Baseline
Errors
WSJ corpus
548
Brown corpus
0
Tycho Brahe corpus
6
Corpus

iSentenizer
Errors
34
0
2

Reduced error rate
94% (↓)
0%
67% (↓)

Table 10: Results on the Brown, WSJ, and Tycho Brahe corpus.
Corpus

Candidates
iSentenizer
WSJ corpus
Punkt
MxTerminator
iSentenizer
Brown corpus
Punkt
MxTerminator
iSentenizer
Tycho Brahe corpus
Punkt
MxTerminator

Recall Precision 𝐹-Score
98.48% 99.18% 98.83%
93.08% 57.84% 71.34%
93.08% 60.24% 73.14%
99.41% 99.98% 99.70%
96.30% 99.95% 98.09%
96.30% 99.98% 98.11%
99.40% 99.86% 99.63%
79.83% 99.90% 88.74%
79.83% 99.98% 88.77%

Three different cross corpora evaluations are carried out; (1)
we train the systems on the (English) Brown corpus, and
test them on the (Portuguese) Tycho Brahe corpus; (2) the
experiment is repeated by training the three SBD systems on
the Tycho Brahe corpus and testing them on Brown corpus.
The results presented in Tables 11 and 12 clearly show that
the overall performance (𝐹-Score) of the proposed system
is always better than the benchmark SBD systems on both
settings; and (3) both the iSentenizer-𝜇 and standard systems
are trained on the mixture of Europarl corpora (training data)
covering 11 languages [13] and evaluated on the test data
of those corpora. Once again, the result demonstrates that
iSentenizer-𝜇 can achieve a very good performance (𝐹-Score:
97.47%) in detecting the boundaries of sentences from a high
variety of text domains, as shown in Table 13.
5.7. Incremental Learning Evaluation. For the third part of the
experiment, according to the nature of proposed approach,
iSentenizer-𝜇 is adaptable to the shifts of text genres and new
domains by incrementally learning the new instances that
have not been seen in the training data. Considering that
it is unable to compare against the benchmark systems, in
setting up the experiment, we evaluate the iSententizer- on
different corpora. The experiment is conducted as follows:
(1) the iSentenizer-𝜇 is trained on English data and evaluated
on Danish data of the Europarl corpus (iSent E∧ D); (2)
falsely classified instances are collected and ask iSentenizer𝜇 to learn the new data on the fly and test again on the
Danish data (iSent E+D∧ D); (3) the process is continued
on the German data of the Europarl corpus, namely, testing
on German data (iSent E+D∧ G) and evaluating again after
learning the false data (iSent E+D+G∧ G). As shown in
Table 14, the results are very promising. They give around
4% to 8% improvement in precision and 2% in 𝐹-Score. The
experiments fully demonstrate that the proposed system is

Table 11: Trained on the Brown corpus and tested on the Tycho
Brahe corpus.
Candidates
iSentenizer
Punkt
MxTerminator

Recall
91.35%
71.80%
71.80%

Precision
99.02%
99.90%
100.00%

𝐹-Score
95.03%
83.55%
83.59%

Table 12: Trained on the Tycho Brahe corpus and tested on the
Brown corpus.
Candidates
iSentenizer
Punkt
MxTerminator

Recall
100.0%
95.72%
93.54%

Precision
95.06%
80.07%
93.94%

𝐹-Score
97.47%
87.20%
93.74%

Table 13: Results of cross Europarl corpora evaluation.
Candidates
iSentenizer
Punkt
MxTerminator

Recall
100.00%
98.01%
92.25%

Precision
94.91%
90.11%
95.64%

𝐹-Score
97.39%
93.89%
93.92%

Table 14: Classification results on mixture of Europarl corpora.
Corpus
iSent E∧ D
iSent E + D∧ D
iSent E + D∧ G
iSent E + D + G∧ G

Recall
98.15%
94.12%
96.72%
96.29%

Precision
86.28%
94.59%
89.60%
94.37%

𝐹-Score
91.83%
94.35%
93.02%
95.32%

quite robust and works well across different corpora without
the need of retraining from scratch.

6. Conclusions
In this work, we have presented a multilingual sentence
boundary detection system (iSentenizer-𝜇) for Danish, German, English, Spanish, Dutch, French, Italian, Portuguese,
Greek, Finnish, and Swedish. Different from the related SBD
approaches, iSentenizer-𝜇 is proposed based on the incremental tree learning algorithm, which allows the detection
system to be adaptable across different corpora by easily
incorporating the new data into the model dynamically.
The model does not rely on orthographic information. In
addition, we further introduce an embedded feature set for
detecting abbreviations, one of the most important subtasks
of sentence boundary disambiguation. The experimental
results reveal that the iSentenizer-𝜇 outperforms two state-ofthe-art boundary detection systems used for comparison. The
iSentenizer-𝜇 system (online and offline version) is available
at http://nlp2ct.cis.umac.mo/views/utility.html.
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Principal component analysis or PCA has been traditionally used as one of the feature extraction techniques in face recognition
systems yielding high accuracy when requiring a small number of features. However, the covariance matrix and eigenvalue
decomposition stages cause high computational complexity, especially for a large database. Thus, this research presents an
alternative approach utilizing an Expectation-Maximization algorithm to reduce the determinant matrix manipulation resulting in
the reduction of the stages’ complexity. To improve the computational time, a novel parallel architecture was employed to utilize the
benefits of parallelization of matrix computation during feature extraction and classification stages including parallel preprocessing,
and their combinations, so-called a Parallel Expectation-Maximization PCA architecture. Comparing to a traditional PCA and its
derivatives, the results indicate lower complexity with an insignificant difference in recognition precision leading to high speed face
recognition systems, that is, the speed-up over nine and three times over PCA and Parallel PCA.

1. Introduction
Face recognition has recently brought the extensive attention
to the society for both research and commercial, especially
when several applications have been practically adopted in
several areas, for example, human biometrics, pattern recognitions, and computer visions, within various practical usages
such as access controls, human identifications, robotics,
crowd surveillances, and criminal forensics [1]. In fact, one of
the computational techniques used to automatically identify
and/or verify a human face is facial recognition systems.
Facial recognition systems focus on the unanimated image
of a human’s face. The image can be retrieved either from
a digital picture snapshot or a video frame. Generally, there
are two subsystems: face detection [2] and face recognition
[3, 4]. The first approach is used to identify the face position
before specifically distinguishing the face identity in the
recognition stage. There are a number of researches proposed to achieve high precision of the first subsystem [5–7].
However, although some approaches have been introduced

to resolve the second subsystem, several issues which are
among research community interests still remain. Thus, in
this research, the focus is on the latter.
Consider the face recognition stage. There are many
approaches used to enhance a recognition precision, one
of them is to compare the properly selected facial features’
images to their facial database [8]. In general, a common
image-based face recognition method with feature-based
extraction can be divided into two categories: appearancebased and model-based approaches [9]. Each of which has its
own distinctive characteristic; for instance, the first scheme,
which applies the concept of transformed face data to a face
space analysis problem without using the human knowledge, is designed to support the images with low resolution
and/or poor quality. For the second approach, each standing
point of the actual face structure including face variation
is formed as the face feature model, normally required an
interaction with the human. Aside from a specific face model,
that is, expression and position human images, the first
approach yields high accuracy widely used in the traditional
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image-based face recognition. Thus, many proposals adopted
the appearance-based approaches, for example, Principal
Component Analysis (PCA), Independent Component Analysis (ICA), Linear Discriminant Analysis (LDA), Kernel
Principal Component Analysis (KPCA), and ISOMAP [9].
Consider those approaches; however, PCA and its derivatives are commonly used due to several distinctive features.
For example, PCA is an optimal linear scheme in terms of
mean squared error for compressing a set of high dimensional vectors into a set of lower dimensional vectors. In
addition, the model parameters used in PCA can be directly
computed from the data without additional processing steps.
Moreover, compression and decompression operation complexity is given to the model parameters; in other words,
PCA only requires matrix multiplication. Most importantly,
PCA requires less number of features, which provide the
nonreduction of precision quality, and these advantages result
in high recognition accuracy even with a small data set [4].
Although PCA expresses several distinctive outcomes, one of
the drawbacks is over a high complexity due to larger matrix
operation. A large amount of memory is also required since
the memory requirement grows with the image quality, high
resolution, and the number of training images used for image
matching or classification [10, 11].
With PCA derivations, for years, there are many attempts
to overcome the drawbacks of a traditional PCA to enhance
the performance of PCA recognition scheme, for example,
a symmetrical PCA and two-dimensional PCA [9]. Some
techniques were involved in finding alternative approaches
to lessen the computational complexity of PCA, for example,
applying QR decomposition instead of singular value decomposition (SVD) [11]. Nevertheless, a few of them focus on
the feasibility to absorb the high computational stage, matrix
manipulation, and to optimize the computational stages,
especially utilizing the parallelism to enhance the speed-up
of PCA. More details will be discussed in the related work
section.
With a high computational task, one of the probable
approaches to lessen the serial constraint is the usage of parallelism concepts. Recently, with a rapid increase of computer
chips and advances in integrated circuit technology results
in affordable multicore CPUs and enhanced parallelization
techniques [12], which have risen for a specific computational task, becoming a practical solution. As a result, this
research has also investigated a possibility to improve the face
recognition system, and so our contribution lies in two folds:
first, using Expectation-Maximization (EM) instead of PCA
covariance matrix computation for face feature extractions

and, second, a novel parallel architecture for enhancing
the speed-up on matrix computational operations over our
first optimization called EM-PCA including the enhancement over face classification parallelization. The contribution
forms novel parallel face recognition architecture, so-called a
Parallel Expectation-Maximization PCA architecture (PEMPCA).
This research paper is organized as follows. In Section 2,
background of face recognition systems is briefly revisited
including PCA and its limitation. Then, in Section 3, closely
related works of a traditional PCA, PCA derivations’ optimizations, and a parallel system for PCA face recognitions
are comparatively surveyed. Section 4 presents the parallel
architecture proposal including the first PCA optimization (EM-PCA) and the second parallel face recognition
architecture in three substages (PEM-PCA). After that, in
Section 5, our comparative performance of various proposals
is discussed. Finally, the conclusions and future work are
drawn in Section 6.

2. Background
In general, a face recognition system consists of four components shown in Figure 1. These components are acquisition, preprocessing, feature extractor, and classifier [13].
Additionally, in order to recognize the face identity, there
are two main processes: training and testing. For training
process, given an image acquisition step from various inputs,
for example, captured photos, scanned images, and video
frames (acquisition), face images are fed as inputs into
the preprocessing step, for example, histogram equalization,
background removal, pose adjustment, image size normalization, gray-scale transformation, median filtering, highpass filtering, translation and rotational normalizations, and
illumination normalization, in order to generate normalized
face images. Then, the system extracts the main features of the
images (feature extractor) resulting in feature vectors stored
in a training set.
The testing process is similar to the training process but
with fewer steps. The testing image will be processed in order
to generate proper normalized face images which are ready
for face image classifier (classifier) in order to figure out the
least feature matching distance between testing and trained
features. Normally, there are several techniques of feature
extractor as well as classifier, that is, PCA, ICA, and LDA, as
face image matching, for example, Euclidian distance (ED),
support vector machine (SVM), and K-nearest neighbor [1].
It should be noted that PCA and ED are commonly used due
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to distinctive characteristics, that is, low complexity yielding
high classification speed [14, 15].
Specifically consider PCA [16], one of the well-known
approaches for face recognition systems. PCA applies a line
transformation technique over a sample image to reduce
the set of large images’ variances and then projects their
variances into coordinate axis. In other words, the goal of
PCA is to decrease the high dimensional image data space
into low dimensional feature space [17]. Figure 2 shows an
overview of PCA face recognition system. Here, there are
two main components: PCA Eigenspace Generation and
PCA image identification. Compared to Figure 1, these two
components correspond to two modules: feature extractor
and classifier. Note that normally, before processing the PCA
face recognition stages, it requires a preprocessing step as
shown in Figure 1, and one of the necessities is to load the
input images into an initial matrix, each of which will be
converted from RGB to grayscale and then reshaped into a
common size. This matrix is also generally normalized in
order to reduce the data size leading to the reduction of time
complexity [13].
(1) PCA Eigenspace Generation: there are five submodules in PCA feature extraction computation as follows: (1) estimating the mean vector of trained images;
(2) centering the input data around the mean vector
by finding the difference between the input image
and images’ mean; (3) performing the covariance
matrix calculation and then applying SVD over the
covariance matrix to obtain the eigenvectors and the
eigenvalues; (4) sorting the eigenvector in descending
order and then selecting nonzero eigenvalues; and
finally (5) projecting training images by calculating

the dot product between the trained image and the
ordered eigenvectors.
(2) PCA image identification: there are three submodules as follows: (1) subtracting the testing image by
mean vector; (2) performing Eigenspace projection
by executing dot-product computation; (3) projecting
the testing image and making a comparison between
training and testing images to retrieve the closet
distance.
As discussed previously, applying PCA for face recognition incurs several advantages; however, there are some
limitations; for instance, PCA involves a complex mathematical procedure due to a transformation from a large
number of correlated variables to a smaller number of
uncorrelated ones. Thus, in particular, a high resolution
image in addition to a large number of images produces
high computational complexity, especially during the matrix
manipulation, that is, multiplication, transpose, and division,
among high dimensional vectors [18].

3. Related Work
There are many face recognition proposals employing PCA
[9]. Shamna et al. and Zhao et al. indicated that most of them
used PCA for different purposes and obtained several distinctive features, for example, less memory requirement and
simple computation complexity [5–7, 15, 19–21]. The results of
the survey brought about various PCA derivations including
increasing the recognition rate. For example, in 2010, Gumus
et al. [22] applied a hybrid approach over PCA and wavelets to
extract feature resulting in higher recognition rate. Recently,
some researches have also improved the recognition rate;
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for instance, Bansal and Chawla [23], in 2013, have proposed
normalized principal component analysis (NPCA) which
normalized images to remove the lightening variations and
background effects by applying SVD instead of eigenvalue
decomposition.
Furthermore, in the same year, Yue [24] proposed to
use a radial basis function to construct a kernel matrix by
computing the distance of two different vectors calculated
by the parameter of 2-norm exponential and then applying
a cosine distance to calculate the matching distance leading
to higher recognition rate over a traditional PCA. Similarly,
Min et al. [17] introduced a two-dimensional concept for
PCA (2DPCA) for face feature extraction to maintain the
recognition rate but with lower computational recognition
time. It should be noted that only a few proposals investigated
a computational time complexity.
Consider computational time complexity. In 2011, Chen
et al. [25] proposed a local facial feature framework for still
image and video-based face recognition leveraging Feature
Averaging (FA), Mutual Subspace Method (MSM), Manifold
to Manifold Distance (MMD), and Affine Hull Method
(AHM) resulting in high speed processing, especially for
CCTV surveillance, but with the limitation of lower recognition rate, that is, only 90%. Similarly, however, Pereira
et al. [26] proposed a technique to reduce face dimensions
called class-modular image principal component analysis
(CMIPCA) to extract local and global information to reduce
illumination effects, face expressions, and head-pos changes
resulting in speed-up over PCA. Recently, W. Wang and W.
Wang [16] have also applied K-L transformation for feature
extraction to speed-up recognition rate but still maintaining
recognition precision.
Specifically consider recognition stage complexity.
Roweis [28] generally discussed a possibility to use
Expectation-Maximization or EM algorithm for PCA
to resolve the covariance computation time of PCA-based
problem in general. This technique does not require a sample
covariance computation, and so, a complexity is substantially
reduced when compared to a traditional PCA. In addition,
Ahn and Oh [29] proposed a constrained EM algorithm
to enhance the performance of PCA to resolve the actual
principal components extracting the problem using a couple
probability model derived from single-standard factor
analysis models with isotropic noise structure.
Moreover, in 2010, Chan and Tsai [30] applied EM
algorithm over PCA to identity emotion of facial animations,
but not for realistic human faces. Two years later, Tsai [31]
showed an application of dimensionality reduction techniques for computer facial animation in various techniques,
for example, PCA, EM-PCA, Multidimensional Scaling, and
Locally Linear Embedding. In addition, in 2012, Reel et
al. [32] used EM-PCA to recognize medical images, for
the purpose of computational complexity reduction. A few
months later, they [33] also proposed a similar technique
involving an initial known transformation of predefined
axes’ translation and rotation, and these techniques resulted
in a reduction of inherent dimensionality problem leading
to lower computational complexity. Aiming at distinctive
advantages of EM, note that the EM derivation is our
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promising technique to hybrid with PCA for human face
recognition.
In order to overcome the major limitations of single
core processing, one of the promising approaches to speed
up a computation is parallelism. Several parallel architectures including parallel algorithms and machines have been
investigated. Most of parallel face recognition systems only
applied computer hardware architectures; for example, each
individual computer system is used to run each individual
image or a subset of face images. Additionally, recently in
2013, Cavalcanti et al. [34] proposed a novel method called
(weighted) Modular Image PCA by dividing a single image
into different modules to individually recognize human face
to reduce computational complexity.
Previously, in 2003, Jiang et al. [35] proposed a distributed parallel system for face recognition by dividing
trained face databases into five subdatabases feeding into each
individual computer hardware system and then performed
an individual face recognition algorithm individually in
parallel over TCP/IP socket communication, and after that,
the recognition feedbacks are sent back for making a final
decision at the master. Similarly, Liu and Su [36] modified
a distributed system to support parallel retrieval virtual
machines by allowing multivirtual machines for each slave to
run individual face recognition algorithms.
To improve recognition accuracy, in 2005, Meng et al.
[1] applied a parallel matching algorithm with a multimodal
part face technique. This technique uses five main face
parts on each face that is bare face based on a principal
component analysis and then used for recognition process in
each individual computer hardware system enabling MMX
technology to speed up the matching process. In addition, in
2007, Huiyuan et al. [18] proposed a division of eigenblock in
equal block size and then performed PCA face recognition in
distributed manners. This process can enhance the speed-up;
however, the accuracy is still under consideration.
Due to the advances of multicore-processors within a
single computer system, Wang et al. [37] proposed a parallel
face analysis platform which basically used two-level parallel
computing architecture. The first level is assigned to each
individual core for recognition purpose by dividing testing
and training images in parallel, and the second level is only
to perform the final decision from the results of recognition
processes. In 2010, Numaan and Sibi [38] also discussed a possibility of parallelizing and optimizing PCA with eigenfaces;
however, there is a limitation of memory size.
Notice that all of the approaches discussed above can
achieve sorts of highest degree of parallelisms by only
performing an individual face recognition algorithm either
in multivirtual machines or multicore-processing with the
key limitation on the number of CPU cores, and so, in
general, these approaches do not utilize the parallelism in
each face recognition stage in order to achieve higher degree
of parallelisms, and these are our main focus in this research
to propose a parallel architecture utilizing the parallelism of
face recognition stage.
Aside from the recognition stage, the other two stages,
preprocessing and classification phases, are also important.
For example, consider the first phase. Zhang [20] introduced
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Figure 3: A Parallel EM-PCA Architecture (PEM-PCA).

wavelet transform, discrete cosine transform, and color normalization, as preprocessing methods in face recognition to
achieve better recognition precision. Recently, Kavitha et al.
[39] have also introduced color space transformation (CST)
with fractional Fourier transform (FFT) and local binary
pattern (BP) to increase recognition rate, both of which lack
including the investigation of stage parallelism to further
speed-up.
Consider the classification stage. Many approaches are
introduced, for example, ED, Manhattan distance, Mahalanobis distance, nearest neighbor, and SVM [4, 9, 40]. For
example, in 2013, I. Melnykov and V. Melnykov [41] proposed
the use of Mahalanobis distance for K-mean algorithm to
improve the performance when covariance matrices are not
properly initialized, but with the increase of computational
complexity. Moreover, soft computing-based approaches,
that is, neural networks, are also used to compute the matching distance; for instance, Yue [24] used nearest neighbor
methods to compute the matching distance to improve the
classification precision. Zhou et al. [14] also proposed a
combination of PCA and LDA for image reconstruction
to increase recognition rate and then be classified with
SVM. Similarly, Gumus et al. [22] also applied SVM during
classification steps resulting in higher recognition rate but
higher computational time.
It should be noted that most of the face recognition
systems have applied ED for face classification [2–4, 9, 34]
to achieve simplification and to yield acceptable classification
precision. To emphasize a feasibility of this technique, in
2003, Draper et al. [15] compared Manhattan distance, ED,
and Mahalanobis distance over PCA and then found out
that ED have the highest accuracy rate. In addition, recently,
in 2013, Moon and Pan [42] compared Manhattan distance,
ED, cosine similarity, and Mahalanobis distance over LDA
face recognition in which the results lead to an outstanding
performance of ED. In addition, to further speed up the
computational time, Li et al. [43] proposed ED for matrix

calculation on a large dataset using multiprocessing, which
applied a traditional parallel matrix operation.
To sum up, as discussed above, PCA yields high face
recognition precision together with several derivations;
however, our proposals investigated enclosing ExpectationMaximization (EM) algorithm into PCA to reduce a computational time complexity during covariance calculation.
To further enhance the speed-up of the recognition rate,
although many proposals focus on the parallelism utilization,
our proposal deals with individual stage parallelisms during
matrix manipulation of our first enhancement by rearranging
the matrix manipulation including determinant and orthogonalization processes. Last but not least, the optimization over
parallel classification technique was also investigated. These
three combinations lead to a parallel architecture for face
recognition called Parallel Expectation-Maximization PCA
architecture (PEM-PCA).

4. Parallel Expectation-Maximization PCA
Face Recognition Architecture (PEM-PCA)
An overall architecture of Parallel Expectation-Maximization
PCA (PEM-PCA) generally consists of three parts: parallel face preprocessing, parallel face feature extraction, and
parallel face classification. To illustrate the detailed system,
Figure 3 shows both training and testing processes of PEMPCA in comparison to a traditional face recognition system,
as shown in Figure 1, excluding an acquisition stage. In
this architecture, both training and testing processes will be
performed in parallel. In general, initially, an input image
is divided into pixels and then executed in parallel, that is,
one pixel per thread. During a high matrix computation
complexity, a manipulation process is performed in parallel
by computing one element of a result matrix per thread. It
is observed that the parallel efficacy depends upon a number
of cores and relationships between thread and core usages.
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For example, if there are twenty processes on eight cores,
basically, it performs the first eight processes followed by the
latter once completed iteratively.
4.1. Parallel Face Preprocessing. In general, preprocessing
is one of the major stages used to reduce computational
complexity as well as increase recognition precision for
noise reduction. Although there are several preprocessing
techniques, briefly stated in related work section, here, a
necessary parallel method is considered to aid algorithm
efficiency, that is, gray-scale conversion. Regarding our previous experiment, the recognition precision between color and
gray-scale images is not significantly different but with the
increase of computational time complexity [27]. Thus, in our
proposed architecture, our focus is to parallelly perform grayscale conversions once the input images are shaped into the
same size, that is, 180 × 200 pixels in both training and testing
processes as shown in Figure 4. Note that other probable
preprocessing techniques can also be fit in this architecture
with paralleled modification.
4.2. Parallel Face Feature Extraction. As stated in related
works, several enhanced proposals over PCA for reducing
a number of dimensions have been introduced; however,
some issues are to resolve, for example, outlier and noise
reductions, leading to lower accuracy, and computational
complexity. Thus, here, to lessen the limitation, our first
proposal is to apply Expectation-Maximization (EM) to
figure out the maximum likelihood to estimate proper parameters derived from the covariance computational step [28]
called EM-PCA. Then, to speed up the recognition rate,

several simplified matrix manipulation techniques are to be
proposed called Parallel EM-PCA (PEM-PCA).
4.2.1. Expectation-Maximization PCA Face Recognition (EMPCA). To enhance face recognition rate, Figure 5 illustrates
our hybrid EM-PCA face recognition scheme when applying
EM steps [44] instead of the covariance computational stage
over a traditional PCA face recognition, stated in the second
module of the first component as shown in Figure 2. Here,
there are four substages: EM-Step derivation, orthogonalization, data projection, and PCA Eigenspace Generation.
Before moving to the these stages, there are two more
substages for preprocessing: mean (vector) estimation, 𝜇,
̂ and mean
including centralized input data acquisition, 𝑋,
subtraction used to compute the difference between the input
data and mean. Notice that, with EM-PCA, only a few eigenvectors and eigenvalues are required to be extracted from a
large amount of high dimensional data set. In addition, the
covariance structure of an observed p-dimensional variable
can be captured with the operation less than 𝑝(𝑝 + 1)/2
dimensions compared to 𝑝2 of a traditional PCA with full
covariance matrix computation.
(1) EM-Step derivation: given eigenvector matrix U, this
process is used to estimate input parameters U for
the next stage (orthogonalization). Here, there are
two steps called E-Step and M-Step, illustrated in
(1) and (2), respectively. Note that EM-Step will be
repeatedly performed until the change, epsilon (𝜀),
of the difference between variances is equal or less
than a specific threshold value. It should be also noted
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Input: Matrix x
Output: Matrix eigenvectors (𝑈), eigenvalues (𝜆)
𝑁
(1) Estimate the mean vector: 𝜇 = (1/𝑁) ∑𝑖=1 𝑥𝑖
̂ = 𝑋 − 𝜇1×𝑁
(2) Center the input data around the mean: 𝑋
(3) Set elements of 𝑈 ∈ R𝑀×𝑘 to random values.
(4) repeat
−1
̂
(5)
E-step: 𝐴 = (𝑈𝑇 𝑈) 𝑈𝑇 𝑋
−1
𝑇
𝑇
̂ (𝐴𝐴 )
(6)
M-step: 𝑈 = 𝑋𝐴
̂ ) − VAR(𝐴)) ≤ threshold
(7) until the change of 𝜎2 = (1/(𝑁 − 𝑘)) (VAR(𝑋
(8) Orthogonalize 𝑈
̂
(9) Project input data on 𝑈 : 𝐴 = 𝑈𝑇 𝑋
(10) Perform PCA on 𝐴. Obtain 𝑈 and 𝜆
(11) Rotate 𝑈 for 𝑈 : 𝑈 = 𝑈𝑈
(12) Determine the eigenvalues 𝜆 = 𝜆
Algorithm 1: Expectation-Maximization algorithm.

that, before entering this step, the eigenvector will be
randomly selected as the input:
−1

̂
𝐴 = (𝑈𝑇 𝑈) 𝑈𝑇 𝑋,

−1

̂ 𝑇 (𝐴𝐴𝑇 ) .
𝑈 = 𝑋𝐴

(1)

(2)

(2) Orthogonalization: at this stage, Gram-Schmidt
Orthonormalization [32] was performed. In general,
this process started by normalizing the first vector
and then iteratively transformed the remaining
vectors into weighted normalized vectors. Note
that the detailed description corresponding to our
proposed parallel algorithm will be discussed in next
section.
(3) Data projection: at this stage, the input vector is
projected into a transpose of M-Step matrix manipulation, and then it is multiplied to the result from
mean subtraction step.
(4) PCA Eigenspace Generation: the final stage is performed as a final round using a traditional PCA:
mean estimation, mean subtraction, covariance computation and SVD, eigenvalue selection, and trained
image projection, respectively, as previously shown in
Figure 2.
Consider algorithm complexity. As stated in Algorithm 1,
EM-PCA complexity is in order of 𝑂(𝑘𝑛𝑝) versus 𝑂(𝑛𝑝2 )
for covariance computation used in the traditional PCA
face recognition where 𝑘 is the number of leading trained
eigenvectors (extracted component). It should be noted that
the degree of accuracy of EM-PCA will be also based on the
selection criteria of number of eigenvectors and epsilon (𝜀)
with a time complexity trade-off.
4.2.2. Parallel Expectation-Maximization PCA Face Recognition (PEM-PCA). To further enhance the speed-up, we

propose PEM-PCA which introduces the parallelism in
each computational stage. During EM-PCA face recognition,
based on our observation, there are four different fundamental matrix manipulations: multiplication (matrix/constant),
division (constant), transpose, and subtraction (matrix),
each of which can utilize the parallelism depending on its
distinctive characteristic. In addition to these four, three extra
processes, determinant, cofactor, and orthogonalization, can
also be performed in parallel in our architecture.
For example, for parallel matrix multiplication with
4 × 4 dimension, here, a number of threads can be divided
into four parts in each dimension (𝐴 1,𝑗 × 𝐵𝑘,1 ) or sixteen
threads (𝐴 𝑖,𝑗 × 𝐵𝑘,𝑚 ) to achieve high degree of parallelism.
Nevertheless, there is a trade-off over task distribution and
self-contained computational complexity considering a communication process cost. Similarly to achieve parallel matrix
computation in each process of EM-PCA face recognition,
the degree of parallelism is based on the dimension of matrix
versus a number of computational threads supported. In
general, each computational step is parameterized by an
iteration value and applies with a work-stealing algorithm,
and so the runtime process may reassign a set of iterations
to other available threads, if any.
As discussed previously, our proposal is to hybrid
those two techniques over a traditional PCA (ExpectationMaximization and parallelism). Essentially, each distinctive
matrix manipulation is to investigate the degree of parallelism, that is, during subtraction, multiplication, division,
transpose, determinant, cofactor, and orthogonal, stated in
Algorithm 1, where the parallel algorithm structure is generated as proposed by Blelloch and Maggs [45].
(1) Parallel Subtraction. The subtraction of dimensional
matrix can be performed in parallel to calculate the difference
of each element at the same position stated in (3), and the
algorithm of matrix subtraction is illustrated in Algorithm 2:

𝑐 [𝑖, 𝑗] = 𝑎 [𝑖, 𝑗] − 𝑏 [𝑖, 𝑗] .

(3)
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Input: Matrix left, Matrix right
Output: Matrix result
(1) // Matrix Subtraction
(2) parallel for i from 0 to rows
(3) for j from 0 to cols
(4)
Subtraction: 𝑟𝑒𝑠𝑢𝑙𝑡[𝑖, 𝑗] = 𝑙𝑒𝑓𝑡[𝑖, 𝑗] − 𝑟𝑖𝑔ℎ𝑡[𝑖, 𝑗]
(5)
endfor
(6) endfor
(7)
(8) // Matrix Multiplication
(9) for i from 0 to leftRows
(10) parallel for j from 0 to rightColumns
(11)
for k from 0 to leftColumns
(12)
Calculate sum: 𝑠𝑢𝑚 += 𝑙𝑒𝑓𝑡[𝑖, 𝑘] × 𝑟𝑖𝑔ℎ𝑡[𝑘, 𝑗];
(13)
endfor
(14) 𝑟𝑒𝑠𝑢𝑙𝑡[𝑖, 𝑗] = 𝑠𝑢𝑚;
(15) endfor
(16) endfor
(17)
(18) // Matrix Transpose
(19) parallel for i from 0 to rows
(20) for j from 0 to cols
(21)
Transpose by convert row to column: 𝑟𝑒𝑠𝑢𝑙𝑡[𝑗, 𝑖] = 𝑖𝑛𝑝𝑢𝑡[𝑖, 𝑗];
(22) endfor
(23) endfor
(24) return result;
Algorithm 2: Parallel matrix manipulation with matrix computation.

(2) Parallel Multiplication. There are two types of matrix
multiplication used in our proposal either matrix multiplication by matrix or by constant number. Consider the
first multiplication with matrix. The value of each element
in result matrix can be computed by employing (4), (5),
and (6), respectively. These equations are independent, and
thus, the computation can be performed in parallel as shown
in Algorithm 2. The row dimensions of right matrix or the
multiplier must be equal to the column dimension of the left
one. The row dimension of result matrix is equal to the left
row dimension while the column dimension of result matrix
is equal to the multiplier column dimension. Consider
𝑐 [1, 𝑗] = (𝑎 [1, 1] × 𝑏 [1, 𝑗]) + 𝑎 [1, 2] × 𝑏 [2, 𝑗]
+ 𝑎 [1, 3] × 𝑏 [3, 𝑗] ,
𝑐 [2, 𝑗] = (𝑎 [2, 1] × 𝑏 [1, 𝑗]) + 𝑎 [2, 2] × 𝑏 [2, 𝑗]
+ 𝑎 [2, 3] × 𝑏 [3, 𝑗] ,
𝑐 [3, 𝑗] = (𝑎 [3, 1] × 𝑏 [1, 𝑗]) + 𝑎 [3, 2] × 𝑏 [2, 𝑗]
+ 𝑎 [3, 3] × 𝑏 [3, 𝑗] .

calculations are independent, and so the parallelism can be
achieved as shown in Algorithm 3. Consider
𝑐 [𝑖, 𝑗] = 𝑎 [𝑖, 𝑗] × 𝑏.

(3) Parallel Division. The matrix division calculation can be
also performed in parallel because each calculation step is
independent. The result at one position can be retrieved by
dividing the same position of input matrix by constant values
stated in (8) leading to an equalized dimensional matrix
and the algorithm of parallel matrix division manipulation is
illustrated in Algorithm 3. Consider
𝑐 [𝑖, 𝑗] =

(4)

(5)

(6)

Consider the later multiplication with constant values.
The procedure is multiplying constant number to every
element of the input matrix. The result matrix dimension
will be equal to the input matrix dimension. Each element
value in the result matrix can be computed from (7). These

(7)

𝑎 [𝑖, 𝑗]
.
𝑏

(8)

(4) Parallel Transpose. The matrix transpose procedure is to
convert the rows into columns. For instance, the 1st row of
input matrix becomes the 1st column of result matrix and the
2nd row of input matrix becomes the 2nd column of result
matrix as shown in (9).
Example: 3 × 3 dimension matrix transpose:
𝑇

c1,1 𝑐1,2 𝑐1,3
a1,1 𝑎2,1 𝑎3,1
a1,1 a1,2 a1,3
[𝑎2,1 𝑎2,2 𝑎2,3 ] = [c2,1 𝑐2,2 𝑐2,3 ] = [a1,2 𝑎2,2 𝑎3,2 ] .
[c3,1 𝑐3,2 𝑐3,3 ] [a1,3 𝑎2,3 𝑎3,3 ]
[𝑎3,1 𝑎3,2 𝑎3,3 ]
(9)
Since the transformation from row to column is independent of each other, the parallelism can be utilized by using
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Input: Matrix input, Double constant
Output: Matrix result
(1) // Matrix Multiplication
(2) parallel for i from 0 to rows
(3)
for j from 0 to cols
(4)
Multiplication: 𝑟𝑒𝑠𝑢𝑙𝑡[𝑖, 𝑗] = 𝑖𝑛𝑝𝑢𝑡[𝑖, 𝑗] × 𝑐𝑜𝑛𝑠𝑡𝑎𝑛𝑐𝑒 ;
(5)
endfor
(6) endfor
(7)
(8) //Matrix Division
(9) parallel for i from 0 to rows
(10)
for j from 0 to cols
(11)
Division: 𝑟𝑒𝑠𝑢𝑙𝑡[𝑖, 𝑗] = 𝑖𝑛𝑝𝑢𝑡[𝑖, 𝑗]/𝑐𝑜𝑛𝑠𝑡𝑎𝑛𝑐𝑒 ;
(12)
endfor
(13) endfor
(14) return result;
Algorithm 3: Parallel matrix multiplication with a constant number computation.

(10). The parallel matrix transpose manipulation algorithm is
explained in Algorithm 2. Consider
𝑇

𝑐 [𝑗, 𝑖] = 𝑎 [𝑖, 𝑗] = 𝑎 [𝑗, 𝑖] .

(10)

(5) Parallel Transpose Multiplication. For the matrix with
symmetric and square property, the multiplication of this
matrix with its transpose can be performed in parallel. Due
to the nature of computational matrix in EM-PCA, the
square matrix, one of which is the matrix multiplication
with its transpose, 𝐴 × 𝐴𝑇 , and the calculation process
could be optimized as stated in Algorithm 4 as follows:
first, for diagonal computational elements, traditionally, the
computation can be derived as stated in (11). However, the
original matrix could be reused by removing the transpose

process, for example, accessing and reserving memory, but
performing the square of the original matrix instead:
2

Diag [𝑖, 𝑗] = 𝐴[𝑖, 𝑗] .

Second, since the matrix is symmetry, each element in
the upper-triangular matrix is the same as that in the lowertriangular matrix. (see (13)) leading to lower computational
complexity by half (see (12)). Consider
𝑛 𝑛

Upper = Lower = ∑ ∑𝑎 [𝑖, 𝑗] .
𝑖=0 𝑗=0

𝑎 [0, 0] 𝑎 [0, 1] 𝑎 [0, 2]
𝑎 [0, 0] 𝑎 [1, 0] 𝑎 [2, 0]
[ 𝑎 [1, 0] 𝑎 [1, 1] 𝑎 [1, 2] ] × [ 𝑎 [0, 1] 𝑎 [1, 1] 𝑎 [2, 1] ] .
[ 𝑎 [2, 0] 𝑎 [2, 1] 𝑎 [2, 2] ] [ 𝑎 [0, 2] 𝑎 [1, 2] 𝑎 [2, 2] ]

𝐶𝑖𝑗 = (−1)𝑖+𝑗 𝐴 𝑖𝑗 .

(14)

(12)

Optimized matrix multiplication with its transpose
(upper/lower and diagonal). Consider

𝑎 [0, 0]2 + 𝑎 [0, 1]2 + 𝑎 [0, 2]2
𝐴
𝐶
[
]
𝐵
𝐴
𝑎 [1, 0]2 + 𝑎 [1, 1]2 + 𝑎 [1, 2]2
2
2
2
𝐶
𝐵
𝑎 [2, 0] + 𝑎 [2, 1] + 𝑎 [2, 2] ]
[

(6) Parallel Determinant and Cofactor. The cofactor matrix of
𝐴 is the 𝑛 × 𝑛 matrix C whose (𝑖, 𝑗) entry is the (𝑖, 𝑗) cofactor
of 𝐴 (see (14)):

(11)

(13)

The calculation of each position can be computed at the
same time, and so the parallelism can be utilized as shown in
(15).
Example: 3 × 3 dimension matrix cofactor calculation:

c11 𝑐12 𝑐13
𝑎11 𝑎12 𝑎13
cofactor of [𝑎21 𝑎22 𝑎23 ] = [ 𝑐21 𝑐22 𝑐23 ]
[𝑎31 𝑎32 𝑎33 ] [ 𝑐31 𝑐32 𝑐33 ]
+ ((a × a ) − (a × a )) − ((𝑎 × 𝑎 ) − (𝑎 × 𝑎 )) + ((𝑎 × 𝑎 ) − (𝑎 × 𝑎 ))

22
33
23
32
21
33
23
31
21
32
22
31 


=  − ((𝑎12 × 𝑎33 ) − (𝑎13 × 𝑎32 )) + ((𝑎11 × 𝑎33 ) − (𝑎13 × 𝑎31 )) − ((𝑎11 × 𝑎32 ) − (𝑎12 × 𝑎31 )) .


 + ((𝑎12 × 𝑎23 ) − (𝑎13 × 𝑎22 )) − ((𝑎11 × 𝑎23 ) − (𝑎13 × 𝑎21 )) + ((𝑎11 × 𝑎22 ) − (𝑎12 × 𝑎21 ))

(15)
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Input: Matrix input
Output: Matrix result
(1) for i from 0 to input Rows
(2)
for j from 0 to input Columns
(3)
Calculate Diagonal Value: result [i,i] += (input[i,j] × input[i,j]);
(4)
endfor
(5) endfor
(6) c=0, b=0;
(7) for i from 1 to input Rows
(8)
repeat
(9)
Calculate Non-Diagonal Value: result [i,c] += (input[i,b] × input[c,b]);
(10)
b++;
(11)
if (b>=input Columns)
(12)
c++;
(13)
b=0;
(14)
Copy lower-diagonal value to upper-diagonal value:
(15)
result [c-1,i]= result [i,c-1];
(16)
endif
(17)
until (!((c<i)&&(b< input Columns)))
(18) endfor
(19) c=0;
(20) b=0;
Algorithm 4: Parallel optimized matrix multiplication with its transpose algorithm [27].

It should be noted that the determinant is a function of a
square matrix reduced into a single number. Finding the
determinant of an n-square matrix for 𝑛 > 2 can be done
by recursively deleting rows and columns to create successive
smaller matrices until they are all in 2 × 2 dimensions.
Given the 𝑛 × 𝑛 matrix (𝑎𝑖,𝑗 ), the determinant of 𝐴 can be
written as the sum of the cofactors of any rows or columns
of the matrix multiplied by the entries that generated them.
In other words, the cofactor expansion along the jth column
gives
det (𝐴) = 𝑎1𝑗 𝐶1𝑗 + 𝑎2𝑗 𝐶2𝑗 + 𝑎3𝑗 𝐶3𝑗 + ⋅ ⋅ ⋅ + 𝑎𝑛𝑗 𝐶𝑛𝑗
𝑛

= ∑𝑎𝑖𝑗 𝐶𝑖𝑗 .

(16)

𝑖=1

The cofactor expansion along the ith row gives
det (𝐴) = 𝑎𝑖1 𝐶𝑖1 + 𝑎𝑖2 𝐶𝑖2 + 𝑎𝑖3 𝐶𝑖3 + ⋅ ⋅ ⋅ + 𝑎𝑖𝑛 𝐶𝑖𝑛
𝑛

= ∑𝑎𝑖𝑗 𝐶𝑖𝑗 .
𝑗=1

From (16) and (17), it is noticeable that their summation
can be also in parallel. As shown in (18), the determinant
value at each position can be computed at the same time
because the calculation was independent. Both determinant
and cofactor can be calculated concurrently as shown in
Algorithm 5, and here, the calculation is performed iteratively
until the matrix size equals 2 × 2 matrix.
Example: 3×3 dimension matrix determinant calculation:

d11 𝑑12 𝑑13
𝑎11 𝑎12 𝑎13
determinant of [𝑎21 𝑎22 𝑎23 ] = [𝑑21 𝑑22 𝑑23 ]
[𝑎31 𝑎32 𝑎33 ] [𝑑31 𝑑32 𝑑33 ]
+a × ((a × a ) − (a × a )) −𝑎 × ((𝑎 × 𝑎 ) − (𝑎 × 𝑎 )) +𝑎 × ((𝑎 × 𝑎 ) − (𝑎 × 𝑎 ))
 11
22
33
23
32
12
21
33
23
31
13
21
32
22
31 


=  −𝑎11 × ((𝑎12 × 𝑎33 ) − (𝑎13 × 𝑎32 )) +𝑎12 × ((𝑎11 × 𝑎33 ) − (𝑎13 × 𝑎31 )) −𝑎13 × ((𝑎11 × 𝑎32 ) − (𝑎12 × 𝑎31 )) .


 +𝑎11 × ((𝑎12 × 𝑎23 ) − (𝑎13 × 𝑎22 )) −𝑎12 × ((𝑎11 × 𝑎23 ) − (𝑎13 × 𝑎21 )) +𝑎13 × ((𝑎11 × 𝑎22 ) − (𝑎12 × 𝑎21 ))

(7) Parallel Orthogonal. Gram-Schmidt orthonormalization
is a method for converting a set of vectors into a set of
orthonormal vectors. It basically begins by normalizing
the first vector and iteratively calculating a weight
vector of the remaining vectors and then normalizing

(17)

(18)

them. The matrix can be normalized by first power
every matrix component by two, then summarizes the
result in each column, and finally divides each matrix
component in each column by the square root of the
summary. Notice that the orthogonalization processes
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Input: Matrix input
Output: Double detVal, Matrix cofactor
(1) if matrixSize=2 then
(2)
detVal = (𝑖𝑛𝑝𝑢𝑡 [0, 0] × 𝑖𝑛𝑝𝑢𝑡 [1, 1]) − (𝑖𝑛𝑝𝑢𝑡[0, 1] × 𝑖𝑛𝑝𝑢𝑡[1, 0]);
(3)
result [𝑖, 𝑗] = (−1)𝑖+𝑗 × 𝑑𝑒𝑡𝑒𝑟𝑚𝑖𝑛𝑎𝑛𝑡 (𝑐𝑟𝑒𝑎𝑡𝑒𝑆𝑢𝑏𝑀𝑎𝑡𝑟𝑖𝑥 (𝑟𝑒𝑠𝑢𝑙𝑡 [𝑖, 𝑗]));
(4)
return detVal, cofactor;
(5) else
(6)
parallel for i from 0 to dimension
(7)
for j from 0 to columns
𝑖+𝑗
(8)
detVal = detVal + 𝑖𝑛𝑝𝑢𝑡 [0, 𝑖] × 𝑑𝑒𝑡𝑒𝑟𝑚𝑖𝑛𝑎𝑛𝑡(𝑐𝑟𝑒𝑎𝑡𝑒𝑆𝑢𝑏𝑀𝑎𝑡𝑟𝑖𝑥 (𝑖𝑛𝑝𝑢𝑡, 0, 𝑖)) × (−1)
𝑖+𝑗
(9)
result [𝑖, 𝑗] = (−1) × 𝑑𝑒𝑡𝑒𝑟𝑚𝑖𝑛𝑎𝑛𝑡 (𝑐𝑟𝑒𝑎𝑡𝑒𝑆𝑢𝑏𝑀𝑎𝑡𝑟𝑖𝑥 (𝑟𝑒𝑠𝑢𝑙𝑡 [𝑖, 𝑗]));
(10)
endfor
(11) endfor
(12) return detVal;
(13) endif
Algorithm 5: Parallel matrix determinant and cofactor computation.
Calculate weight of 5th vector
1
⇀
 4 ×⇀
u1
u1 ·⇀

2
⇀
 4 ×⇀
u2 ·⇀
u2

3
⇀
 4 ×⇀
u3 ·⇀
u3

4
⇀
 5 ×⇀
u4 ·⇀
u4

⇀
5 − 1 − 2 − 3 − 4
w5 = ⇀

Normalize w5

Figure 6: Example: weight calculation of the 5th vector.

proposed in most of the previous works [29] performed
modified Gram Schmidt; however, in this research,
a traditional algorithm, classical Gram Schmidt [46],
was selected in order to gain higher degree of parallelisms as
shown in Figure 6 and Algorithm 6.
Algorithms 2 to 6 illustrate our proposed matrix manipulation calculation, and in general, parallel for was applied
[44] in .NET C# to achieve process concurrency. Each of the
computational tasks running over the algorithmis parameterized by an iteration value. It should be noted that, during the
actual implementation, to achieve the process concurrency,
there is a possibility to generate out-of-bound index. In
this case, we applied a delegate function to obscure this
problem over resource allocation. In this proposal, .NET C#
was implemented instead of MATLAB due to the limitation
of computational matrix for huge dimensions over memory
management. Most importantly, in addition, this implementation is suitable for online-processing face recognition.
4.3. Parallel Face Classification. With our proposed parallel architecture face recognition, for testing purposes, our
parallel classification is based on ED to parallelly figure out
the closet distance of face [9] for simplicity purposes while
remaining the recognition precision, especially during the
matrix computation. Traditionally, one of the optimization
techniques proposed in this research is based on Li et al. [43]
by utilizing the input matrix characteristic (one-dimensional

scale) leading to complexity reduction of (o𝑛3 ) to (o𝑛2 ) as
shown in Algorithm 7. Furthermore, to utilize the parallelism
for our parallel face recognition architecture, Figure 7 shows
the feasibility to utilize the degree of parallelisms over our
optimized ED in each ED’s matrixes. The matrixes will be
simultaneously computed in parallel; for example, with four
processes, the computation at 𝑑11 , 𝑑12 , 𝑑13 , and 𝑑21 will be
performed in parallel. It should be noted that other probable
classification techniques can also be fit in this architecture
with paralleled modification.

5. Performance Evaluation
To investigate the performance of our parallel architecture,
in this section, this research comparatively evaluates the
system into three main scenarios in order to illustrate the
optimal number of eigenvectors and epsilon values over EMbased approaches, to state the recognition computational
complexity and precision, and to evaluate the performance
of degree of parallelization.
5.1. Experimental Setup. In general, our testbed is based on
a standard configuration on Windows 7 Ultimate operating
systems (64 bits): CPU Intel(R) Core (TM) i-3770K 8-Cores
3.50 GHz (8 MB L3 Cache), 8192 × 2 MB DDR3-SDAM, and
500 GB 5400 RPM Disk.
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Input: Matrix a
Output: Matrix q
(1) for j from 1 to n
(2) ̃V𝑗 = 𝑎̃𝑗
(3) parallel for i from 1 to (j-1)
(4)
𝑟𝑖𝑗 = 𝑞̃𝑖 × Ṽ𝑗
(5)
Rewrite Vectors: Ṽ𝑗 = Ṽ𝑗 − 𝑟𝑖𝑗 𝑞̃𝑖
(6) endfor
 
(7) Normalize vector: 𝑟𝑗𝑗 = ̃V𝑗 2
(8) Rewrite Remaining Vectors: 𝑞̃𝑗 = ̃V𝑗 /𝑟𝑗𝑗
(9) endfor
Algorithm 6: Proposed parallel matrix orthogonalization computation.

Input: Matrix A, Matrix B
Output: Matrix result
(1) for row from 1 to A Rows
(2) sum = 0.0;
(3) for col from 1 to A Cols
(4)
𝑠𝑢𝑚 += (𝐴 [𝑟𝑜𝑤, 𝑐𝑜𝑙] − 𝐵 [𝑐𝑜𝑙])2 ;
(5) endfor
(6) result[row] = sum;
(7) endfor
(8) return result;
Algorithm 7: Matrix Operation for Generalized Euclidean Distance.

The performance evaluation process was implemented
in .NET C# programming environment in order to emulate
the real-world application and illustrate the computational
time complexity. Public face database from FACE94 and
FACE95 [47] was used for testing purposes. A set of colors
was selected as 24-bits RGB, PNG images, ranging from
100 to 500 images of 180 × 200 pixels. In all evaluations,
there are two main metrics: average (computational time and
accuracy) and standard deviation for varied random loads
(a number of trained images) over five trails [9]. Note that
each evaluation, a classic statistical method was selected, that
is, simple random selection [48], by randomly selecting nine
testing images, four images within the training image dataset
and five from the outside.
Three main scenarios are as follows: first, to illustrate
the optimal number of eigenvectors and epsilon values for
face recognition using EM-PCA and PEM-PCA in practice,
the number of eigenvectors was varied by factor of 0.01,
0.03, 0.05, 0.07, and 0.09, respectively. In addition, various
epsilon values, 1.0𝐸 − 𝑥 in that 𝑥 is in range of 1, 3, 5, 7,
and 9, respectively, were applied in order to figure out the
optimal value yielding the performance improvement over
computational time, and in this scenario, the number of
training images was limited to 500 [47].
Second, the selected optimal number of epsilons and
eigenvectors are based on the outstanding performance in
the first scenario. Then, for scalability purposes in terms of
number of images, to illustrate the outstanding performance
of our PEM-PCA, the evaluation was to comparatively

perform the recognition process over two matrixes. Here, a
traditional PCA, our first enhancement - EM-PCA, Parallel
PCA (P-PCA), and finally our PEM-PCA. Note that the
selected proposal, P-PCA is based on one of the promising
previous works [35] in which divided the training dataset into
modules regarding the number of CPU cores; that is, with
eight cores, the dataset will be divided into eight sub-dataset,
and then perform the recognition in parallel.
Finally, to evaluate the performance of degree of parallelization, especially of PEM-PCA including P-PCA and
EM-PCA, the comparative performance over number of
cores were in range of 1, 2, 4, and 8 cores, respectively. The
computational time and accuracy were measured with 500
training images and 1.0𝐸 − 1 in epsilon and 0.009 in number
of eigens.
5.2. Experimental Results. Consider the first scenario (EMbased approaches). Generally, Figure 8 illustrates that, by
increasing a number of eigenvectors, the results indicated
higher computational time-consuming operations. However,
while increasing of epsilon values leads to lower computational time complexity. Similarly, consider the second
scenario. Figure 9 shows the increasing trend of accuracy
when the eigenvector number is increased. Nevertheless, the
variation of epsilon value has insignificantly affected the
recognition accuracy.
Second, to explicitly show the performance improvement
of PEM-PCA, Figure 10 illustrates the computational speed,
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and especially with 500 images, PEM-PCA outperforms the
other three approaches: PCA, P-PCA, and EM-PCA, by factor
of nine, three, and two, respectively. In addition, by ranging
the number of training images, the computational speed is in
an increasing order. For example, with 100, 200, 300, and 400
images, the speed-up of PEM-PCA over the three approaches
is in order of 3, 2, 2; 4, 2, 2; 5, 2, 2; 7, 2, 2, respectively. Note that
the speed-up of the enhancement also depends on the degree
of parallelisms and the number of cores as well as the number
of working individual threads.
Moreover, consider the recognition precision. Figure 11
shows that the recognition accuracy of PEM-PCA is insignificantly different from the other three. It should be noted that

this behavior of PEM-PCA and EM-PCA is due to the random characteristic when choosing the random eigenvectors.
Finally, to illustrate the scalability when increasing the
number of cores, Figure 12 shows that EM-PCA speed-up has
no significant effect by the increase of cores, and especially
with low number of cores, it incurs higher performance than
P-PCA but not over PEM-PCA. Whenever the number of
cores is accordingly increased, although P-PCA performance
shows the degree of parallelism effect, PEM-PCA still has
outstanding performance over the others, that is, in order
of three and two of P-PCA and EM-PCA, respectively, at
eight cores. In addition, similarly, P-PCA, EM-PCA, and
PEM-PCA produced insignificant different face recognition
precision as shown in Figure 13. Finally, in order to justify
our algorithm implementation, Figure 14 shows comparative
results of Eigenface decomposition among PCA, EM-PCA, PPCA, and PEM-PCA.

6. Conclusions and Future Work
Although a traditional PCA can improve the recognition
accuracy for a face recognition system, however, there exists
a limitation over PCA. Therefore, in this research, several
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issues were evaluated and investigated, especially in terms
of the computational time complexity during the covariance
matrix computation stage. In addition, one of the possibilities
to enhance PCA, Expectation-Maximization (EM) PCA face
recognition, was proposed to enhance the time complexity
when the recognition accuracy remains insignificant difference. Plus, due to the advance of parallelism, novel face recognition architecture was proposed by applying parallelism for
large matrix manipulation including parallel preprocessing,
parallel recognition, and parallel classification, all of which
refer to Parallel Expectation-Maximization PCA or PEMPCA.
Based on our justified parallel algorithm implementation,
PEM-PCA outperforms the others, namely, a traditional
PCA, our first enhancement, EM-PCA, and Parallel PCA by
nine, two, and three, respectively. It should be noted that the

(d)

Figure 14: Eigenface decomposition ((a) traditional PCA, (b) PPCA, (c) EM-PCA, and (d) PEM-PCA).

results also depend on the number of training images with
insignificant difference for recognition precision. Although
the proposed technique can achieve a high degree of speed-up
over PCA, more investigation including intensive evaluations
can be performed, for example, improving preprocessing
stages, enhancing high degree of parallelism aside from
focusing only on matrix manipulation, reducing sensitivity
outliers, and testing a large number of various images.
In addition, to show the efficiency of parallelism usages,
autonomously separating recognition task can be performed
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over message passing interface on each individual machine.
To also fully complete the process of face recognition system,
the other aspects of the system, that is, face detection, can also
be further investigated. They are left for future work.
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In resource-constrained project scheduling (RCPS) problems, ongoing tasks are restricted to utilizing a fixed number of resources.
This paper investigates a dynamic version of the RCPS problem where the number of tasks varies in time. Our previous work
investigated a technique called mapping of task IDs for centroid-based approach with random immigrants (McBAR) that was used
to solve the dynamic problem. However, the solution-searching ability of McBAR was investigated over only a few instances of the
dynamic problem. As a consequence, only a small number of characteristics of McBAR, under the dynamics of the RCPS problem,
were found. Further, only a few techniques were compared to McBAR with respect to its solution-searching ability for solving
the dynamic problem. In this paper, (a) the significance of the subalgorithms of McBAR is investigated by comparing McBAR to
several other techniques; and (b) the scope of investigation in the previous work is extended. In particular, McBAR is compared to
a technique called, Estimation Distribution Algorithm (EDA). As with McBAR, EDA is applied to solve the dynamic problem, an
application that is unique in the literature.

1. Introduction
In executing an air traffic schedule, bad weather or emergencies might occur whereby to-be-executed activities in this
schedule are no longer feasible. Many real-world problems are
set in this type of dynamic scenario where their objectives,
constraints, or even dimensions may change in time [1–
3]. This is particularly true for some resource-constrained
project scheduling (RCPS) problems, a class of problems that
have ongoing tasks restricted to utilizing a limited number
of resources [4]. Some RCPS problems are NP-hard which
are often approached using modern heuristic methods, in
particular, Evolutionary Algorithms (EA) [5].
Many researches [6–9] have investigated scheduling
problems that have fixed dimensions. However, there are
important scheduling problems and each of them has varying
dimensions. For example, suppose that in implementing a
resource-constrained schedule for an edifice construction, a
large buried object is found. As a consequence, a new task

to remove this object must be performed before other tasks
in the schedule can continue or commence. If each variable
in the problem of determining a schedule corresponds to a
task, then the revision of the schedule to accommodate a new
task entails a new problem that may have a greater number of
variables (dimensions) than the original problem.
Many scheduling problems are multiobjective [10–13].
For example, in creating the edifice construction schedule
above, one objective is to reduce the construction duration
which could be accomplished by employing large number of
laborers. However, due to overhead expenses (e.g., hazard fee)
per laborer, the construction cost for many laborers could be
higher than that for a few laborers for the same total manhours. Now, if another objective is to reduce the construction
cost which could be accomplished by hiring fewer laborers,
the construction duration could increase. Thus, in this example, the two conflicting objectives (minimization of construction cost and duration) cannot possibly be achieved simultaneously. A problem that requires simultaneous optimization
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of conflicting objectives is referred to as multiobjective optimization (MOO) problem [1].
Let Φ2 denote the biobjective dynamic RCPS problem
where minimization of the schedule cost and duration are
the conflicting objectives and where the number of tasks
varies in time, a variation that brings about a change in
the dimension of this problem. Our previous work [14]
investigated the performance (solution-searching ability) of
the memory and EA-based technique called mapping of task
IDs for centroid-based adaptation with random immigrants
(McBAR) in solving the Φ2 problem. However, this investigation was performed on few instances of Φ2 . Consequently,
only a few characteristics of McBAR were found under the
dynamics of this problem. Further, only a few techniques were
being compared to McBAR with respect to its performance in
solving the problem.
The major goals of this paper are to
(1) legitimize some subalgorithms constituting McBAR.
Legitimization of a subalgorithm of a technique is to
manifest the decline in the effectiveness of this technique in solving a problem when the subalgorithm is
replaced;
(2) extend the investigations in our previous work [14].
In particular, add the techniques being compared to
McBAR with the technique that utilizes Estimation
Distribution Algorithm (EDA) [15]. As with McBAR,
this additional technique is applied to solve the Φ2
problem. This application is unique in the literature.
This paper is organized as follows. Section 2 explores the
knowledge useful to understand the problems and methods
presented in this paper. Section 3 provides information on the
problems and the methods used to solve these problems. The
results obtained for applying these methods are described and
investigated in Section 4, together with the demonstration of
the way in which the goals above are accomplished. Section 5
presents the conclusion of this work.

2. Background Knowledge
The following five subsections contain general and specific
background knowledge helpful for understanding the techniques and problems discussed in this paper. Section 2.1
investigates some RCPS problems, each with a time-varying
number of tasks, and gives special emphasis to approaches
applied to solve these problems. Section 2.2 presents the
memory-based approach, upon which McBAR is founded.
Section 2.3 provides information on some multiobjective
optimization problems which are related to that of Φ2 . EDA
is presented in Section 2.5 including its application to some
RCPS problems.
2.1. Resource-Constrained Project Scheduling (RCPS).
Scheduling as a solution to any RCPS problem is composed
of tasks obeying some precedence relationship, such as that
exemplified in Figure 1. In this figure, boxed numbers are
IDs of tasks of an RCPS; directed links signify precedence
relationships of these tasks; and labels “S” and “E” correspond

S

2

3

9

1

10

15

14

25

8

6

7

26

11

4

20

24

27

30

19

22

5

13

12

16

17

21

18

23

29

28

E

Figure 1: Original task precedence network.

to starting and ending tasks, respectively. Note that any task
precedence network that will be mentioned from here
onwards is of the form just described. RCPS tasks are
characterized by several attributes such as, duration, starting
time, and required resources, for example, personnel,
materials, and fuel. In RCPS, the number of resources of the
same type utilized by all ongoing tasks are constrained not to
exceed a predefined limit.
A schedule implemented in a dynamic environment can
turn into an infeasible or a low quality one, for example, one
involving a high cost of implementation. Thus, there could
be a need to revise this schedule. However, the following rule
must be taken into account in the revision.
Schedule revision must judiciously be made to avoid
the high cost of altering its in-use components which
thus may be preserved [16].
Given an RCPS problem, let the total number of tasks
be defined as the sum of the number of finished, ongoing,
and to-be-executed tasks at the moment of change in the
dynamic environment that sets this problem. Note that task
cancellation is not considered in this paper. In our previous
work [14, 17] as well as in this paper, we consider three entities
that could change in the environment: resource availability,
task duration, and total number of tasks. The change in the
total number of tasks is given the major emphasis.
2.1.1. Time-Varying Task Number. There had been several
reactive scheduling approaches to revise schedules to cope
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with the effects of the time-varying number of tasks. For
example, in the job-shop scheduling problem in [18], during
the EA process of evolving a population of schedules, genes
which correspond to new/old jobs that arrived/finished are
inserted/removed to/from genotypes which correspond to
the schedules. The resulting population is then evolved further to search for new high-quality schedules. It is worth noting that despite the genotype alteration, significant improvement on the EA’s search convergence and solutions/schedules
quality was found [16, 19–21]. In [22], tasks in processors
of a distributed computing system arrive randomly and are
put on queue. These tasks are then processed by batch
that has varying number of tasks. This process follows
a schedule created through Genetic Algorithm to obtain
minimal combined execution time of tasks in every batch.
In [23], genes that correspond to new tasks are also inserted
into genotypes which are then processed by EA to obtain a
new high-quality schedule for multiresource scheduling with
cumulative constraints. In this EA process, lateness of the
new schedule is minimized and at the same time, important
properties of the original schedule are preserved. EDA was
applied to solve a non-RCPS problem whose dimension
changes in time [24, 25]. However, the objective functions
utilized in this application were simple. More techniques in
revising schedules, to cope with the variation of the number
of tasks in the environments that set these schedules, can be
found in [4].
2.1.2. Schedule Generation. We now discuss a process of
generating schedules referred to as serial schedule generation
scheme (SSGS). SSGS is also a popular method to form initial
populations used to solve RCPS problems through EA [26].
Before proceeding, some terms will be defined. Let a genotype
be viewed as an ordered set of slots to which IDs, of tasks
that comprise a schedule, will be filled in consecutively (e.g.,
from leftmost slot to the right). Consider a genotype devoid
of IDs. Once an ID is filled in, its corresponding task will be
called a scheduled task. A root task is defined as the task from
which all other tasks succeed, for instance, the task labeled
“S” in Figure 1. The root task is considered as a scheduled
task even though its ID is not filled in to the genotype.
Eligible tasks have IDs not yet filled in to the genotype and
are the immediate successors of scheduled tasks and/or the
root task. For example, given the task precedence in Figure 1,
if scheduled tasks have IDs 1, 2 and “S,” the set of eligible tasks
have IDs in set 𝐸𝑡 = {5, 10, 14} ∪ {6, 7, 12} ∪ {3} whose subsets
(indicated by { }) contain ID/s of task/s. These tasks are the
immediate successors to their corresponding (based on the
figure) scheduled and root tasks.
A version of the SSGS algorithm to create a resourceconstrained schedule is depicted in Algorithm 1. It starts by
determining the set 𝐸𝑡 of IDs of eligible tasks not yet with any
scheduled task, except the root task. This implies that, at the
start, 𝐸𝑡 is composed of IDs of tasks immediately succeeding
the root task. In the last example, the set of eligible tasks at
this stage is 𝐸𝑡 = {1, 2, 3}. Let 𝑁 be the number of tasks
to be scheduled. A loop is then executed 𝑁 times to fill all
slots of the genotype utilized in this algorithm. In each cycle,
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Procedure SSGS
Begin
Determine a set 𝐸𝑡 of eligible tasks
For 𝑔 = 1 to 𝑁
Randomly select a task ID 𝑗 ∈ 𝐸𝑡
Put this ID at genotype location 𝑔
Find 𝑡 = max {0, max {st𝑖 + 𝑑𝑖𝑟 | 𝑖 ∈ Pred (𝑗)}}
Schedule task with ID 𝑗 at the earliest precedence
and resource-feasible start time 𝑡 > 𝑡

Set st𝑗 = 𝑡
Update 𝐸𝑡
End
End
Algorithm 1: Serial Schedule Generation Scheme (SSGS) Algorithm.

indexed 𝑔 of this loop a task ID 𝑗 is selected randomly from
𝐸𝑡 and placed to the genotype at slot indexed 𝑔. Then set the
starting time st𝑗 of the task that corresponds to this ID to be
the earliest time 𝑡 later than the maximum end time—start
time st𝑖 plus duration 𝑑𝑖𝑟 —of all its predecessors whose IDs
are in the set Pred(𝑗). Further, the starting time st𝑗 is such
that there are enough available resources, for task with ID 𝑗,
to utilize over the entire execution period of this task. Note
that some resources an RCPS environment could already
been allocated to some scheduled tasks and hence could be
unavailable. Task with ID 𝑗 is now considered scheduled. And
the last step in the loop is to update 𝐸𝑡 . After 𝑁 cycles, the
genotype is completely filled and the starting times of tasks
that correspond to IDs in the genotype are determined. Thus,
a schedule is formed.
2.2. Memory-Based Approaches. EA techniques which utilize
memory record relevant information that corresponds to
previous problems they had solved or to past evolutionary
generations they had gone through. This information is
retrieved to assist in solving a current problem or a problem
at a current evolutionary generation [27]. Suppose that a
previous planning problem 𝑃prev and a current problem 𝑃curr
are close, based on a certain measure. It could then be
expected that the fitness landscapes that correspond to these
problems are also close, by a different measure. Thus, the
solutions to these problems could also be close, based on
another measure. By this proximity, few EA cycles could be
required to evolve an initial population, containing solutions
or representative of solutions to 𝑃prev , to become solutions
to 𝑃curr [6, 28]. This expectation underlies several memorybased approaches in EA [6, 28–30].
Performances (solution-searching abilities) of memorybased EA approaches are highly dependent on the diversity
of population which they create and then evolve [31]. They
can be undertaken either in explicit or implicit styles.
2.2.1. Explicit Memory-Based Approach. Explicit memorybased Approach defines how information produced by EA
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in solving problems and/or information about environments
that set these problems is stored and retrieved [32]. The combination of competitive learning [33] and explicit memorybased EA approach was applied in [29, 32] to solve some
problems in an artificial dynamic environment. An explicit
memory-based EA approach in [34] is based from the human
immune system. For each previous form of a dynamic
knapsack problem that has analogues of antigens (molecules
foreign to the immune system), a representative of the analogues of the pathogens in the system is kept in a memory and
is used for solving a current form of the problem. The basic
approach in [35] was to search for and then store to memory
solutions suitable for many considered environmental states.
Based on some mathematical measures, one of the solutions
measured as being the most suitable was retrieved from the
memory and then implemented on a current environmental
state. However, if none of these solutions was measured as
being suitable, a new optimal solution was searched. In [18],
a prioritized list of categories of scheduling task properties
was created and stored in a memory. Tasks to be executed
had their properties matched to the categories to produce a
prioritized list of tasks from which an initial population was
formed and then evolved to determine the schedule of the
tasks. The system in [28] continuously learns of changes in
an environment to dynamically update its knowledge base of
pairs of environmental properties and solutions to problem
set in this environment. A pair that contained environmental
properties that match, based on a mathematical measure,
those of the current environmental state was retrieved from
the knowledge base. The solutions contained in the retrieved
pairs were then utilized to form an initial population which
was evolved through EA to search for optimal solutions to
a problem set in the current state of the environment. A
system in [30], closely related to that in [28], was applied to
some dynamic resource allocation problem in a command
and control environment. This allocation problem considered
risk and cost in a project implementation, factors which were
lumped into one objective function.
2.2.2. Implicit Memory-Based Approach. Implicit memorybased approach defines the way in which representatives of
information produced by EA for solving problems are stored
and retrieved [32]. As in explicit style, this information may
or may not be added to the information on the environment
that sets the problems. In the scheduling domain, implicit
style has advantage over explicit style because, in a dynamic
scenario, the schedule produced by explicit style will swiftly
become irrelevant due to variation in the priority and precedence order of schedule components [18].
Multistranded chromosome (polyploidy) was utilized in
[36–38] to store representatives of information that correspond to past environmental changes. This utilization was
shown to be useful in searching solutions, through Genetic
Algorithm, to some problems in a dynamic environment.
Chromosomes utilized in [39] have a multilevel genetic
structure which serve as long-term memory and facilitate
quick adaptation of a function optimizer to environmental
changes.
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2.3. Multiobjective Optimization (MOO). Let us now explore
some important features of the MOO problem. Let x =
{𝑥1 , 𝑥2 , . . . , 𝑥𝑀} ∈ C𝑀 be referred to as decision vector
(e.g., genotype) of decision variables 𝑥𝑖 (e.g., ID of task in
a schedule) and 𝑓𝑘 (x) as the 𝑘th objective function which
relates a decision vector to the 𝑘th objective value (e.g., cost
to implement an entire schedule). The objective vector f(x)
for a 𝐾-objective problem is denoted by
f (x) = ⟨𝑓1 (x) , 𝑓2 (x) , . . . , 𝑓𝑘 (x) , . . . , 𝑓𝐾 (x)⟩ .

(1)

The concept of dominance of a solution is relevant for
comparing the quality of this solution to another solution of
the same MOO problem. To explain this concept, consider
two sets of indices, 𝐶 = {𝑖1 , 𝑖2 , . . . , 𝑖𝐿 } and 𝐷 = {𝑗1 , 𝑗2 , . . . , 𝑗𝐸 }
where 𝐿 + 𝐸 = 𝐾, 𝐶 ∩ 𝐷 = 0, and 𝐶 ∪ 𝐷 = {1, 2, . . . , 𝐾}. Let
the indices be those of the objective functions 𝑓𝑘 contained
in the expression of f(x) in (1). A solution x1 dominates
another x2 , denoted by x1 ⪯ x2 , if ∃ a nonempty set 𝐶 where
𝑓𝑖 (x1 ) < 𝑓𝑖 (x2 ) ∀𝑖 ∈ 𝐶 and 𝑓𝑗 (x1 ) = 𝑓𝑗 (x2 ) ∀𝑗 ∈ 𝐷, that is, if
there is one or more of the objective functions each yielding
objective value at x1 less than that at x2 and if the rest of the
objective functions each yielding objective value at x1 equaled
that at x2 . This definition is applicable when objectives are to
be minimized. Otherwise, the inequality sign will be reversed
and “greater than” will be used instead of “lesser than” in the
definition of dominance.
For example, suppose that there are two conflicting
objectives to minimize, schedule duration and cost, which
correspond to objective functions 𝑓1 (x) and 𝑓2 (x), respectively, where x is a schedule. If the cost in implementing
schedule x1 is lesser than that of schedule x2 , that is, 𝑓1 (x1 ) <
𝑓1 (x2 ) and the duration in accomplishing schedule x1 is
shorter than that of schedule x2 , that is, 𝑓2 (x1 ) < 𝑓2 (x2 ), then
x1 ⪯ x2 ; that is, schedule x1 is of better quality than x2 . In
this example, the sets of indices 𝐶 and 𝐷 in the definition of
dominance above are equal to {1, 2} and 0, respectively.
If x1 does not dominate x2 and x2 also does not dominate
x1 , they are referred to as nondominated. A set of nondominated solutions is called nondominated set (NDS). There
could be many solutions to a MOO problem. At least one
of them may constitute an NDS [40]. In practice, guided
by his/her experience and intuition, a decision maker may
choose one solution from an NDS to implement in his/her
field of interest. From here onwards, let the chosen solution
be referred to as chosen schedule if it is in the context of
scheduling.
One way to compare the quality of the set 𝐴 of solutions,
obtained by the method 𝑇𝐴 , to another set 𝐵 of solutions,
obtained by another method 𝑇𝐵 , is through the set coverage.
Let 𝐷(𝐴, 𝐵) be the set containing elements of 𝐵 which are
dominated by an element in 𝐴,
𝐷 (𝐴, 𝐵) = {𝑏 ∈ 𝐵 | ∃ 𝑎 ∈ 𝐴 : 𝑎 ⪯ 𝑏} .

(2)

The set coverage is defined as
SC (𝐴, 𝐵) =

|𝐷 (𝐴, 𝐵)|
,
|𝐵|

(3)
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where | | is the set cardinality. This definition can also be
applied to monoobjective optimization.
Based on (3), the set coverage has a range of 0 ≤
SC(𝐴, 𝐵) ≤ 1. It will be convenient for later discussions
to have a set coverage-related quantity that has a range
symmetric around zero. For this purpose, we define
dSC (𝐴, 𝐵) = SC (𝐴, 𝐵) − SC (𝐵, 𝐴) ,

(4)

where dSC(𝐴, 𝐵) is referred to as differential set coverage
which is antisymmetric on its arguments. Assuming that
|𝐴| = |𝐵| and based on (4), dSC(𝐴, 𝐵) has a range of values,
−1 ≤ dSC (𝐴, 𝐵) ≤ 1.

(5)

We then take the following.
Suppose that 𝐴 and 𝐵 are sets of solutions computed,
respectively, by techniques 𝑇𝐴 and 𝑇𝐵 under similar
conditions. Technique 𝑇𝐴 performs better than technique 𝑇𝐵 under these conditions if dSC(𝐴, 𝐵) > 0.
2.4. Multiobjective Evolutionary Algorithm (MOEA). As was
pointed out in the Introduction, some RCPS problems which
are NP-hard are often solved using EA. Further, recall also
that Φ2 is an RCPS problem compounded by multiobjectivity.
A class of EA-based methods suitable to solve multiobjective
NP-hard problems is referred to as Multiobjective Evolutionary Algorithm (MOEA). A popular member of MOEA
is the Nondominated Sorting Genetic Algorithm-II (NSGAII) [41]. Being a type of EA, NSGA-II has an evolutionary
process which starts on an initial population. Further, given
an evolutionary stage, the selection process in NSGA-II gives
preference to individuals (solutions) far from crowded individuals in the search space associated with the problem being
solved through NSGA-II. This preference helps diversify
offspring existing into the next evolutionary cycle [41].
Selection. The selection mechanism of NSGA-II is described
as follows: at each evolutionary cycle of NSGA-II, fast
nondominated sorting is applied to population 𝑃, and as a
consequence, each individual in 𝑃 is endowed with integral
Pareto rank 𝑘 > 0 and crowding distance [41]. Let 𝑆𝑘 ⊆ 𝑃 be a
set of individuals each having a Pareto rank of 𝑘. Further, let
𝑃sel be the population of selected individuals. Starting from
𝑆1 , each 𝑆𝑘 is included in ascending rank 𝑘 to 𝑃sel which
starts from empty. This inclusion will stop before including
𝑆𝑞 which will result in |𝑃sel | > 𝑁sel , the number of individuals
to be selected. If at the moment of stopping |𝑃sel | < 𝑁sel , then
individuals in 𝑆𝑞 will be sorted in descending order of their
crowding distances, thereby 𝑆𝑞 becomes an ordered set 𝑆𝑟𝑡𝑞 .
Then 𝑆𝑓𝑖𝑟𝑠𝑡, the set of first 𝑁sel − |𝑃sel | elements of 𝑆𝑟𝑡𝑞 , will
be included in 𝑃sel . Thereby, 𝑃sel have exactly 𝑁sel elements. As
exemplified in Figure 2, if 𝑆3 is included in 𝑃sel , |𝑃sel | > 𝑁sel ,
such that only its subset is included to 𝑃sel . Now, if at the
moment of stopping, 𝑃sel has 𝑁sel number of elements already,
then there is no need to include any element of 𝑆𝑞 .
2.5. Estimation Distribution Algorithm (EDA). Estimation
Distribution Algorithm (EDA) is an evolutionary heuristic

Procedure EDA
Begin
(1) Set entries of the probability matrix Pm𝑖 , 𝑖 = 0,
to equal probability
While stopping condition not meet
(2) Create 𝑁 genotypes by sampling Pm𝑖
to form a set 𝐺𝑖 of genotypes
(3) Select 𝜌𝑁 genotypes from 𝐺𝑖 using
a fitness measure
(4) 𝑖 ← 𝑖 + 1
(5) Estimate Pm𝑖 from the 𝜌𝑁 of genotypes
End
End
Algorithm 2: Estimation of Distribution Algorithm.
Nsel

NP

S1

S1

S2

S2

S3
Psel
S4
S5
P

Figure 2: NSGA-II selection.

which, instead of using EA operators, makes use of sampling
and estimation of probability density functions (PDFs) to
create its next-generation population [15]. It is a heuristic
that has the ability to detect and preserve good quality
building blocks of chromosomes [42], an ability that could be
important in some applications [15]. It has not been applied to
solve the Φ2 problem. Its application to solve these problems
is unique in the literature.
Before discussing a particular algorithm of EDA, let
us describe Figure 3. Suppose that genes in genotypes that
correspond to individuals in a given population are task IDs.
Each color block in this figure signifies the density of the
genotypes that have task ID equal to the task ID in the vertical
axis at gene index in the horizontal axis. Let the matrix of
density depicted in the figure be referred to as the probability
matrix.
Algorithm 2 presents a particular EDA algorithm. Beginning at its first generation 𝑖 = 0, EDA creates a probability
matrix Pm𝑖 with equal entries. This probability matrix is then
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Figure 3: Sample task ID distribution.

sampled to form a set of genotypes 𝐺𝑖 , sized 𝑁. Genotypes in
𝐺𝑖 are then selected to form another set 𝐺sub𝑖 of genotypes,
sized ⌈𝜌𝑁⌉, where ⌈⋅⌉ is a round-up operator and 0 < 𝜌 ≤
1 is a constant. Their selection is based on the fitness of
their corresponding phenotypes. A new probability matrix
Pm𝑖+1 is then estimated from 𝐺sub𝑖 . The cycle of estimation,
sampling, and selection is repeated until a stopping condition
is met.
Based on elementary statistics, the probability of a
genotype in 𝐺𝑖 , for some 𝑖, to be in the next generation
(𝑖 ← 𝑖 + 1) after sampling Pm𝑖 is derivable from Pm𝑖 . If a
prospective genotype of high quality (e.g., fitness value) has
less probability of persisting to the next generation, it is less
likely to be in the next generation. This EDA drawback was
remedied in [43]. Another drawback of EDA is that after
several generations, diversity of genotypes in 𝐺𝑖 , for large 𝑖,
will be lost; a drawback is remedied in [44].
In Figure 3, there is consideration of the visually detected
high (of blue hue) probability block of genes indexed 15 to 17
with task IDs 5, 15, and 17, respectively. During the sampling
of the probability matrix depicted in the figure, task IDs that
correspond to these high probability blocks are more likely
to appear at gene indices of the offspring genotypes that
correspond to the blocks, thereby preserving the blocks.
2.5.1. EDA in Scheduling. In [9, 45], EDA was applied to
solve an RCPS problem in a static environment with tasks on
various execution modes. The authors utilized a probability
matrix
Pm𝑖 = [𝜆 𝑗, 𝑘 ] ,

(6)

where 𝑗 is the task index, 𝑘 is the gene index of genotype used
in EDA, and 𝑖 is the EDA generation/cycle count resembling
that in Algorithm 2. Before the start of the first generation
(𝑖 = 0) in the applied EDA, all entries of Pm0 were set to
1/𝑁 where 𝑁 is the number of tasks in the environment
and is the genotype length. This implies that all of the tasks
have equal probability of being placed into any gene location
in any genotype formed during sampling of Pm0 at the first
generation.
A copy 𝑃𝑐𝑝𝑖 of Pm𝑖 was used to generate a genotype as
follows: the 𝑘th column of 𝑃𝑐𝑝𝑖 , that is, 𝑃𝑐𝑝𝑖 (:, 𝑘) ≡ {𝜆 𝑗,𝑘 |
1 ≤ 𝑗 ≤ 𝑁} is sampled to obtain a task that can be assigned to
the gene indexed 𝑘 of the genotype. However, it could happen
that not all tasks with nonzero corresponding probability in
𝑃𝑐𝑝𝑖 (:, 𝑘) are eligible for the assignment due to the task
precedence constraint in the RCPS problem. To remedy this,
let 𝐸𝑘 be a set of indices of eligible tasks with nonzero
corresponding probability in 𝑃𝑐𝑝𝑖 (:, 𝑘). Corresponding probabilities of these eligible tasks are provisionally revised to
̂ =
𝜆
𝑗,𝑘

𝜆 𝑗,𝑘
∑𝑗∈𝐸𝑘 𝜆 𝑗,𝑘

,

(7)

not for updating entries of 𝑃𝑐𝑝𝑖 , where 𝑗 ∈ 𝐸𝑘 . The provisional
̂ | 𝑗 ∈ 𝐸 } is then sampled to obtain
probability matrix {𝜆
𝑗,𝑘
𝑘
a task that will be assigned to gene indexed 𝑘. After this
assignment, all entries of row 𝑗 of 𝑃𝑐𝑝𝑖 are set to zero to
avoid reassigning the obtained task thereafter. Further, each
column of 𝑃𝑐𝑝𝑖 is renormalized. The steps described in this
paragraph enable the assignment of a task to one gene only.
They are repeated for each gene, from first (𝑘 = 1) gene to last
(𝑘 = 𝑁), consecutively, thereby creating one genotype in the
next generation genotype set 𝐺𝑖+1 (step 2 of Algorithm 2).
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To produce other genotypes in 𝐺𝑖+1 , the steps described in
the last paragraph are repeated but starting with a fresh copy
𝑃𝑐𝑝𝑖 of 𝑃𝑚𝑖 . The remaining steps in Algorithm 2 are executed
to complete one cycle.
2.5.2. Other EDA Applications. EDA was applied in [46] to
improve the performance of a technique, based on reinforcement learning (RL) [47], for solving a multiobjective problem.
In this work, a probability matrix was revised every time
the technique’s RL system dynamically interacted with an
environment. EDA was applied to classify tissues at molecular
level in [48]. The selection of genotypes (an implementation
of step 3 in Algorithm 2) in this work is based on the Pareto
ranks and crowding distances [41] of their corresponding
phenotypes.
EDA was applied in the optimization of a simple function
with time-varying dimension in [24, 25]. In this application, the utilized probability matrix was a mixed Gaussian
model whose number of clusters was determined through
the Bayesian information condition. EDA was applied to
other dynamic optimization problems with fixed dimensions
[44, 49, 50]. In [49], some parameters of the current state
of a dynamic environment were used to retrieve, from a
memory, parameters of probability matrix utilized for solving
a problem set in a previous state of the environment. These
retrieved parameters were utilized to form the probability
matrix of an EDA process that solved the problem set in the
current state of the environment. Correction to population
diversity loss in the EDA process was applied.
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that sets problem Φ2 is simply referred to as the environment
or the dynamic environment (to stress its variability).
3.1.1. Notation. Consider the dynamic environment in which
a snapshot is taken of its original state and at every moment
it changes state. For example, a snapshot is taken of the
environment that involves a valley occupied by rebels that
pose a certain scheduling problem. Then, the next snapshot
is taken when the environment changes to a state that, in
addition to its last state, has a road-blocking landslide which
hampers transport of logistics from a depot to the battlefield
in the environment. This next snapshot poses a different
scheduling problem. Note that a snapshot of the dynamic
environment is a static environment.
Let 𝜙𝑖2 be a biobjective RCPS problem where schedule
cost and duration are the conflicting objectives to minimize.
Further, let this problem be set in a snapshot of a dynamic
environment changing state for the 𝑖th time. Note that since a
snapshot is a static environment, then 𝜙𝑖2 is a static problem.
Let the integral-valued index 𝑖 in 𝜙𝑖2 denote the sequential
order of state alteration (SOSA) of the dynamic environment.
For instance, third SOSA denotes the third moment the
environment is changing state. Let zeroth SOSA correspond
to the original state of the environment. Considering that the
snapshot of the dynamic environment is taken immediately
after this environment changes state, then the sequential
order of taking the snapshot is similar to SOSA.
The dynamic RCPS problem Φ2 is viewed as a sequence
of static problems 𝜙𝑖2 ; that is,
Φ2 = ⟨𝜙02 , 𝜙12 , . . . , 𝜙𝑖2 , . . . , 𝜙𝐿2 ⟩ ,

3. Materials and Methods
This section presents a test environment that sets some
instances of the Φ2 problem solved by each technique in
T. Further, it explores these techniques. Section 3.1 provides
information on the intuitive descriptions of the Φ2 problem.
The formal definition of this problem is in Appendix A.
Section 3.2 describes the various instances of the Φ2 problem
from which the dynamics of McBAR’s performance for solving these instances are demonstrated. Section 3.3 presents the
technique referred to as centroid-based adaptation with random immigrant (CBAR) which is the precursor of McBAR.
Section 3.4 provides information on McBAR. Section 3.5
elaborates our approach in applying EDA to the Φ2 problem.
Further, it describes other techniques used to achieve goal 1
in the Introduction.
3.1. Intuitive Description of the Φ2 Problem. The selection of
Φ2 as the test problem in this paper is based on the popularity
of RCPS in the study of adaptation in dynamic environments [4]. The problem Φ2 is set in a military operation
environment such that it is referred to as the military mission
scheduling (MMS) problem. MMS is a process by which the
goals of a commanding officer will reach fruition. For an
extensive review on MMS, one may refer to the work of [6].
Intuitive descriptions of Φ2 are given in this section with
examples. In this section, the military operation environment

(8)

where ⟨ ⟩ denotes ordered set; subscripts 𝑖 denote SOSA; and
𝐿 denotes the number of moments at which the environment
changes state. From here onwards, 𝜙𝑖2 will be referred to as
subproblem of Φ2 . In addition, the index 𝑖 in 𝜙𝑖2 has the
range 0 ≤ 𝑖 ≤ 𝐿, assumed from here onwards. Intuitive
descriptions of the 𝜙𝑖2 subproblem are given first before
its formal definitions, found in Appendix A. These intuitive
descriptions are as follows.
3.1.2. Inputs. Tasks in the environment are characterized by
the following.
(1) task ID,
(2) type of performed activity,
(3) duration,
(4) status,
(5) number of items of a specified type of resource
utilized,
(6) precedence relationship to other tasks,
(7) starting time.
The status of each of the tasks can either be ongoing,
finished, or not yet executed. Canceled unexecuted tasks are
not considered in this paper. The input information to the
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Table 1: Properties of tasks.

Task ID
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15
16
17
18
19
20
21
22
23
24
25
26
27
28
29
30
31
32
33
34
35
36
37
38
39
40

Duration
18
13
16
23
18
15
19
12
17
19
22
16
23
19
10
16
15
23
17
22
27
22
13
13
17
18
23
17
20
20
12
17
19
16
15
23
18
23
17
20

𝑅1 ≤ 16
4
10
0
3
0
4
0
6
0
0
0
4
0
3
0
0
0
0
0
0
2
3
0
4
0
0
0
0
0
0
6
0
0
0
0
0
0
0
0
0

𝑅2 ≤ 17
0
0
0
0
0
0
1
0
0
5
7
0
8
0
0
0
0
1
10
0
0
0
9
0
0
0
8
7
7
0
0
0
5
0
0
0
0
8
7
7

𝑅3 ≤ 5
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0
0
4
0
0
0
0
2
0
0
0
0
0
0
0
0
0
0

𝑅4 ≤ 16
0
0
3
0
8
0
0
0
1
0
0
0
0
0
5
8
7
0
0
6
0
0
0
0
0
7
0
0
0
0
0
1
0
8
7
0
7
0
0
0

𝜙𝑖2 subproblem is items 1 to 6 of each of the tasks in the
environment. Some features of the tasks in the environment
are found in Table 1. The first and second columns in this table
are task IDs and durations, respectively.
The precedence relationships of tasks can be expressed as
a network of nodes, which represent tasks, and arcs, which
represent precedence relationships. An example network is
illustrated in Figure 1. Now, suppose that, in Table 1, task
2 is to transport weapons and ammunition, task 16 is to
interrogate prisoners of war (POWs), and task 17 is to clear

a bombed area. Thus, the network in Figure 1 expresses the
concept that the bombing of enemies must be done after
the transportation of weapons and ammunitions and before
clearing the bombed area and the interrogation of POWs.
Resources such as soldiers, fuel, and weapons are assets
that can be utilized for a system to function. In RCPS, each
type of resource has a limited number of items, a number that
is input information to the 𝜙𝑖2 subproblem. The third to the
last columns of in Table 1, respectively, are the resources 𝑅1
to 𝑅4 utilized by the tasks with IDs in the first columns. For
instance, task 12 is to bomb enemies for 16 time units and to
utilize at most four light mortar batteries (𝑅1 ).
After one task is finished, resource items it had utilized
are transferred to another task that will utilize all or some
of the items or are returned to a depot called central base.
Another input to the 𝜙𝑖2 subproblem is the cost of moving
each resource item from one task location to the next. Task
activity location is identified by the ID of the task. For
instance, location 7 in a battlefield is where the task with ID
7, for example, to care for refugees by one infantry company,
is executed. Central base has a location label of zero.
The transfer status of resource item can either be moved
or unmoved. And, the availability-to-task status of resource
item can either be available, broken/dead, or occupied (meaning utilized by a task). Additional inputs to the 𝜙𝑖2 subproblem
are items’ transfer and the availability status of resource items
and the execution locations of tasks.
3.1.3. Objective Functions. Minimization of schedule cost and
duration are the two objectives in 𝜙𝑖2 . They are mathematically
defined in Appendix A. As pointed out in Introduction, these
objectives are conflicting.
3.1.4. Constraints. One constraint in the 𝜙𝑖2 subproblem is
implied by the precedence network of tasks in the environment; namely, the starting time of any task in this network
must be later than or equal to the longest end time of
its predecessors. For example, based on Table 1, task 3 has
duration of 16 time units. Based on Figure 1, if task 3 starts
at five time units then, to satisfy the constraint, task 8 must
start on or after 21 time units.
As mentioned above, 𝜙𝑖2 is an RCPS type of subproblem.
Thus, in 𝜙𝑖2 , the number of items of any type of resource utilized by all ongoing tasks in the environment is constrained.
For example, there must be at most five C130 airplanes (𝑅3
resource type) that can be used simultaneously at any instant
during the military operation in the environment. This constraint is denoted by the column heading 𝑅3 ≤ 5 of Table 1.
3.1.5. Output. Some computational products of solving the 𝜙𝑖2
subproblem are genotypes, each expressed as an ordered set
𝐼 = ⟨𝐼1 , 𝐼2 , . . . , 𝐼𝑘 , . . . , 𝐼𝑁⟩ ,

(9)

where 𝐼𝑖 s are the ID of tasks in the environment, 𝑘 is the gene
index, and 𝑁 is the genotype length. Note that any genotype
mentioned from here onwards has a form similar to that in
(9). The ordering of IDs in the genotype is based on a given
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Sample schedules are depicted in Figures 5(a) and 5(b)
where the horizontal axis is time; filled rectangles represent
tasks whose task IDs are the labels of the rectangles; and
the lengths of the rectangles denote the duration of the
tasks that correspond to them. All rectangles inside the
region labeled 𝑅𝑖 correspond to tasks that utilize resources
of similar label 𝑅𝑖 . All tasks in the schedules obey the task
precedence relationship enshrined in Figure 4. For instance,
in Figure 5(a), task 2 ends at 13 time units and task 7 starts
at that similar time. Hence, task 7 succeeds task 2, thereby
maintaining the task precedence relationship. More details of
Figures 5(a) and 5(b) will be given in the next section.
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3.1.6. Dynamic Factors of Φ2 . Sections 3.1.2 to 3.1.5 described
the static subproblem 𝜙𝑖2 of Φ2 . Let us now describe the
features of the dynamic Φ2 . In the above-mentioned military
mission environment that sets Φ2 , it could happen that the
estimated completion duration of a military task will not be
obeyed due to difficulties in terminating enemies. Thus, the
task completion duration could vary from one snapshot of
the environment to the next. The dynamic duration 𝑑𝑗 of any
task with ID 𝑗 in the environment is modeled as

16

𝑑𝑗 = 𝑁𝑚 (𝑑𝑗 , 𝛿) + 𝛿,

23

28

E

Figure 4: New task precedence labeled TNIS 𝑇4 .

task precedence network. The ordering rule is the following:
any ID 𝐼𝑘 in the genotype must correspond to a task whose
successors do not have IDs 𝐼𝑗 where 𝑗 < 𝑘. For example, the
section ⟨1, 14, 2, 7, 3, 9⟩ of a genotype satisfies the ordering
rule based on Figure 4. Any genotype which satisfies the
ordering rule is characterized as task-precedence feasible.
Genotypes are generated either through SSGS (explained in
Section 2.1.2) or by some other means, such as described in
Section 3.3.
Some more computational products of solving 𝜙𝑖2 are the
starting times of tasks in the environment. These starting
times are determined either through SSGS or by some other
means, such as described in Section 3.3.4. Any solution to the
𝜙𝑖2 subproblem is an ordered set of the tasks with determined
starting times and is referred to as a schedule,
𝑆 = ⟨𝑇1 , 𝑇2 , . . . , 𝑇𝑘 , . . . , 𝑇𝑁⟩ ,

(10)

where task 𝑇𝑘 has ID 𝐼𝑘 in (9). Based on the above-mentioned
ordering rule of IDs in any genotype, every task 𝑇𝑘 in (10)
must not have successor 𝑇𝑗 where 𝑗 < 𝑘.

(11)

where 𝑁𝑚 is the normal distribution with the mean as the
predefined task duration 𝑑𝑗 (e.g., those listed in Table 1) and
𝛿 as the standard deviation.
It could also happen that the availability status of
resources in the environment will change due to such factors
as the fatigue of soldiers, the breakdown of equipment, and
the delay in logistics. Further, it could also transpire that
enemies retreat to recuperate and then attack at some later
time. Consequently, new tasks, not accounted for in an
original plan (a plan prior to any change in the environment),
could be elicited. Thus, the total number of different tasks in
the environment can change. The total number of tasks can
only increase or be constant. Further, the number of finished
tasks does not reduce the total number of tasks and there are
no canceled unexecuted tasks.
To recapitulate, the availability status of resources used,
duration, and total number of tasks are the dynamic factors
in Φ2 . To exemplify certain dynamics of Φ2 , consider Figures
5(a) and 5(b) again. The schedule depicted in Figure 5(a) is
one of the solutions to the 𝜙52 subproblem set in the snapshot
taken at the fifth SOSA of the environment and at 13 time
units. The schedule depicted in Figure 5(b) is one of the
solutions to the 𝜙62 subproblem set in the snapshot taken at
the sixth SOSA of the environment and at 16 time units. Each
task in the schedule depicted in Figure 5(b) has a duration
that is an alteration, following (11), of the duration of its pair
task of similar IDs in the schedule depicted in Figure 5(a). The
starting times of the pair of tasks are identical but their durations may not be so due to the dynamics of the environment.
This is true for all pairs of tasks from the figures with similar
IDs. The four tasks, with IDs 31 to 34, had already been added
to the 30 tasks, with IDs 1 to 30, in the original plan.
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Figure 5: Solution to the subproblem set in the (a) fifth (b) sixth snapshot.

In Figures 5(a) and 5(b), the darkest-background (redbackground) rectangles correspond to finished task, for
example, task 2; lightest-background (yellow) to ongoing
tasks, for example, tasks 1 and 7; and the other colored
rectangles to tasks yet to be executed. Based on Table 1 and
on the task precedence in Figure 4, at 13 time units (which
corresponds to Figure 5(a)), tasks 1, 3, and 7 are still ongoing,
task 2 is finished, and the rest are yet to be executed. Further,
at 16 time units (which corresponds to Figure 5(b)), tasks 1
and 7 are still ongoing, tasks 2 and 3 are finished, and the rest
are yet to be executed.
3.2. Subproblem Instances 𝑃𝑖2 . Section 3.1 provides an intuitive description of the general features of the Φ2 problem,
while Appendix A presents specific details of these features.

This section provides information on the parametric values
and categorical types of the features. Let problem Φ2 with
concrete features be referred to as a problem instance.
Different problem instances of Φ2 could be set in different
environments, for example, scheduling problems for sea and
land battles being expectedly different.
Section 3.2.1 provides information on problem instances
of Φ2 , information such as the types of resources utilized
by the tasks and the number of new tasks at every SOSA of
an environment. Section 3.2.2 defines the functions used to
obtain the concrete features of a problem instance given some
parameters. Section 3.2.3 gives details of the several computer
simulations of the instances of Φ2 . Section 3.2.4 defines
averages useful for describing the dynamic performances and
for solving the problem instances, of techniques in T (defined
in Section 3.5.2).
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3.2.1. Instances of Φ2 Problem. Problem instance 𝑃2 of Φ2 is
expressed as
2

𝑃 =

⟨𝑃02 , 𝑃12 , . . . , 𝑃𝑖2 , . . . , 𝑃𝐿2 ⟩ ,

(12)

where 𝑃𝑖2 is an instance of 𝜙𝑖2 which, based on (8), is a
subproblem of Φ2 set in the 𝑖th snapshot of an environment
that has 𝐿 number of moments of changes. Note that there
could be several simultaneous changes in the environment
at a single moment of changes. As a sample notation of subproblem instance, 1227 denotes a subproblem of the instance,
labeled 12, of problem Φ2 set in the seventh snapshot of the
environment. Based on the ordered set ⟨⋅⟩ in (12), 1227 also
denotes the seventh subproblem of instance labeled 12 of
problem Φ2 . Any environment mentioned in this section is
one that sets the 𝑃2 problem instance and will be referred to
as the environment.
Each task in the environment utilizes only one of the
following four types of resources:
(i) light mortar batteries (𝑅1 ) ≤ 16;
(ii) infantry companies (𝑅2 ) ≤ 17;
(iii) C130s (𝑅3 ) ≤ 5;
(iv) Apache helicopters (𝑅4 ) ≤ 16.
The constraint on the number of items of any listed resources
that can be utilized by all ongoing tasks in the environment
is indicated beside the resource label 𝑅𝑖 . Note that the availability status (defined in Section 3.1.2) of any of the resources
can change from available to occupied (e.g., mortars firing)
or vice versa (e.g., mortars returned from combat to depot)
in the course of executing a schedule, that is, without the
effects of the environmental dynamics. The only effect of the
environment on the availability status, being proposed in this
paper, is to change this status to broken (e.g., killed infantry
soldier) from being available or occupied.
As mentioned in Section 3.1.2, properties of the tasks in
the environment are found in Table 1. The environment has
30 original tasks (existing in the environment before it is
changed) that have precedence relationship as depicted in
Figure 1. A total of ten new tasks are added to the original
tasks during the entire dynamics of the environment. New
𝑑𝑁 tasks, that occur in a particular SOSA of the environment,
have IDs 𝐼, 𝑙 < 𝐼 ≤ 𝑙 + 𝑑𝑁, where 𝑙 is the maximum task
ID prior to this SOSA. For example, if, at the last SOSA, the
maximum task ID is 30 and there are four new tasks added at
the current SOSA, then these new added tasks will have IDs
31 to 34.
The considered types of changes in the environment are
listed in Table 2. The first column contains labels of types of
changes, and the second contains the parameters that change
simultaneously. For example, type 6 of the changes is a type
of change involving changes in the environment where task
duration, total number of tasks, and resource availability
change simultaneously.
The types of changes are chained to form a sequence of
changes. Each type of sequence of changes (TSC) is presented
as a column, labeled 𝑆𝑖 , in Table 3. The first and last column

Table 2: Types of environmental changes.
Type
0
1
2

Parameter
Task duration
Resource availability
Total number of tasks
Task duration
Total number of tasks
Task duration
Resource availability
Total number of tasks
Resource availability
Task duration
Total number of tasks
Resource availability

3
4
5
6

Table 3: Types of sequence of changes.
SOSA
1
2
3
4
5
6
7
8
9
10
11
12

𝑆1
0
0
0
2
0
6
1
4
0
5
3
0

𝑆2
0
0
2
1
0
3
0
4
6
5
0
0

𝑆3
0
0
6
0
4
0
0
5
1
2
0
3

Time
4
6
8
12
13
16
19
23
26
30
33
37

of this table contain, respectively, the SOSAs and times at
which specific type of changes occur. For example, sequence
𝑆3 begins and followed by changes in task duration only (type
0 in Table 2). The next type of change in this sequence is
simultaneous changes in task duration, total number of tasks,
and resource availability (type 6 in Table 2) that occur at the
third SOSA of the environment. The number of moments at
which the environment changes state is 𝐿 = 12.
Some components of each TSC are types of changes that
involve an increase in the total number of tasks. For example,
𝑆3 has types of changes 6, 5, 2, and 3 that occur, respectively,
at third, eighth, tenth, and 12th SOSAs of the environment
and all involve an increase in the total number of tasks, based
on Table 2. Task number increase sequence (TNIS), labeled
as 𝑇𝑘 in Table 4, is a sequence of the numbers of new tasks
that appear at some SOSAs of the environment. The sequence
order of these numbers is the order of appearance of the
batches of new tasks. Using the example above, if 𝑆3 has TNIS
of 𝑇5 , there will be five, three, one, and one new tasks that
appear at the third, eighth, tenth, and 12th SOSAs of the
environment, respectively, based on Table 4. The first column
of Table 4 is the order at which the batch of new tasks appear.
Note that even with similar TSC but with different TNIS the
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Table 4: Types of task number increase sequence (TNIS).

Order
1
2
3
4

𝑇3
3
2
2
3

𝑇4
4
4
1
1

𝑇5
5
3
1
1

𝑇6
6
2
1
1

𝑇7
7
1
1
1

Table 5: Types of instances.
𝑆1
1
7
13
19
25

𝛿 = 3.0
𝑆2
2
8
14
20
26

𝑆3
3
9
15
21
27

𝑇3
𝑇4
𝑇5
𝑇6
𝑇7

𝑆1
4
10
16
22
28

𝛿 = 6.0
𝑆2
5
11
17
23
29

𝑆3
6
12
18
24
30

number of new tasks, in a given SOSA of the environment,
could be different.
Task precedence networks that correspond to TNIS of
𝑇3 , 𝑇5 , 𝑇6 , and 𝑇7 are illustrated in Figures 6(a) to 6(d),
respectively, while that of 𝑇4 is in Figure 4. They are formed
by placing the new tasks that appear in the environment to
the original task precedence network, illustrated in Figure 1,
and differing in their forms by the locations in which the new
tasks are placed.
Some components of the sequences of changes in Table 3
involve change in task duration. The amount of change in task
duration is modeled by (11) whose 𝛿 has to be specified. To
recapitulate, a 𝜙2 instance is defined by a particular sequence
(e.g., 𝑆3 ) of changes in the environment, subsequence (e.g.,
𝑇5 ) of increases in the total number of tasks in the sequence,
and the value of 𝛿 in (11).
Table 5 lists instances of Φ2 labeled from 1 to 30. With
the column of types of TNIS as the reference column, the
instances with labels at the left and right correspond to 𝛿 =
3.0 and 𝛿 = 6.0, respectively; instances with labels under 𝑆𝑖
have TSC of 𝑆𝑖 ; and instances with labels at the same row as
𝑇𝑘 have TNIS of 𝑇𝑘 . For example, instance 25 has TSC of 𝑆1 ,
TNIS of 𝑇7 , and task duration changes modeled by (11) with
𝛿 of 3.0.
3.2.2. Tables as Functions. Let us define some functions that
yield values in Tables 2 and 4 and which are useful in the
succeeding sections. Given a problem instance labeled 𝑁𝑠, a
TSC 𝑆𝑖 can be obtained using Table 5. Given an SOSA 𝑆 of an
environment that sets 𝑁𝑠, a change type label 𝐶type can be
determined using 𝑆𝑖 in Table 3. Thus, Tables 5 and 3 serve as
a function 𝐶𝑡,
𝐶type = 𝐶𝑡 (𝑁𝑠, 𝑆) .

(13)

Using 𝐶type in Table 2, the environmental attributes that
change simultaneously can be determined. For example,
instance 3 has TSC of 𝑆3 , based on Table 5. Based on the 𝑆3
column of Table 3, the change type at the eighth SOSA of
the environment is 5; that is, 𝐶𝑡(3, 8) = 5. Based on Table 2,

type 5 of changes signifies simultaneous changes in resource
availability and the total number of tasks in the environment.
Table 5 serves as a function 𝑁type to map an instance
label to type of task-precedence network,
𝑁type = 𝑃𝑡 (𝑁𝑠) .

(14)

Note that, based on the 𝑆3 column of Table 3, the total number
of tasks increases for the 3rd occasion at the eighth SOSA of
the environment. Further, 𝑇3 = 𝑃𝑡(3); that is, instance 3 has
TNIS of 𝑇3 . The intersection of the third row, which is the
third occasion order, and 𝑇3 column in Table 4 is two, the
number of new tasks appearing at the eighth SOSA of the
environment. Thus, the set of Tables 2, 4, and 5 serve as a
function 𝑁𝑡 to determine the number of new tasks,
𝑁tasks = 𝑁𝑡 (𝑁𝑠, 𝑆) .

(15)

This function is applicable only when 𝐶𝑡(𝑁𝑠, 𝑆) yields a type
of changes that is 2, 3, 5, or 6 which, based on Table 2, all
involve an increase in the total number of tasks. Otherwise,
there is no new task at a given 𝑆th SOSA of the environment.
For convenience in the succeeding discussions, let the
functions 𝑁𝑡, 𝑃𝑡, and 𝐶𝑡 be distributive to vector elements;
that is, if 𝑁𝑠 = ⟨𝑥1 , 𝑥2 , . . . , 𝑥𝑛 ⟩,
𝐶type = 𝐶𝑡 (⟨𝑥1 , 𝑥2 , . . . , 𝑥𝑛 ⟩ , 𝑆)
= ⟨𝐶𝑡 (𝑥1 , 𝑆) , 𝐶𝑡 (𝑥2 , 𝑆) , . . . , 𝐶𝑡 (𝑥𝑛 , 𝑆)⟩ ,
𝑁tasks = 𝑁𝑡 (⟨𝑥1 , 𝑥2 , . . . , 𝑥𝑛 ⟩ , 𝑆)
= ⟨𝑁𝑡 (𝑥1 , 𝑆) , 𝑁𝑡 (𝑥2 , 𝑆) , . . . , 𝑁𝑡 (𝑥𝑛 , 𝑆)⟩ ,
𝑁type = 𝑃𝑡 (⟨𝑥1 , 𝑥2 , . . . , 𝑥𝑛 ⟩)
= ⟨𝑃𝑡 (𝑥1 ) , 𝑃𝑡 (𝑥2 ) , . . . , 𝑃𝑡 (𝑥𝑛 )⟩ .

(16)

(17)

(18)

For example, for an ordered set of instance labels
⟨1, 7, 13, 19, 25⟩, 𝐶𝑡(⟨1, 7, 13, 19, 25⟩, 4) = ⟨2, 2, 2, 2, 2⟩.
3.2.3. Simulations. The environment is computer simulated
whereby, to reflect a real-life scenario, its resources may be
moved from one location of its task to another (e.g., tanks
are moved from base camp to a valley); the status of its tasks
and resources (enumerated in Section 3.1.2) may be altered
(e.g., soldiers killed); and its type of dynamics (e.g., 𝑆2 ) is
implemented. The environment is simulated for several times
where, in each simulation,
(1) the original (before any change in the environment)
durations of unfinished tasks in the environment are
added with random samples of the model in (11).
Consequently, an unfinished task in the snapshot
taken at the 𝑖th SOSA of one environment simulation
could differ from the duration of the task with same
ID in the snapshot taken at the same SOSA of other
environment simulations. For example, if task 43, in
the fifth snapshot of the second environment simulation, has a duration of 16 time units, its duration
can be 25 time units in the fifth snapshot of the ninth
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Figure 6: TNIS for (a) 𝑇3 (b) 𝑇5 (c) 𝑇6 (d) 𝑇7 .
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environment simulation. The difference could be true
for all unfinished tasks in all snapshots taken from the
first to the 𝐿th SOSA of all environment simulations.
All other features (e.g., number of in-use resources)
of the environment are identical across simulations;
(2) subproblem instances are sequentially solved (e.g.,
from 𝑃02 to 𝑃𝐿2 ) independently by every technique in
T. Further, the environment is simulated, at its 𝑖th
SOSA, before solving the subproblem instance 𝑃𝑖2 (𝑃
could be any given instance label) set in this environment. Note that despite differences between elements
of a set of the subproblem instance simulations (due
to the addition of different random values to duration
of tasks in different simulations), each technique in
T solves this same set. This approach will reduce
the number of variables to consider in comparing the
techniques;
(3) The random seed used, by the evolutionary processes
of techniques in T, to solve 𝑃𝑖2 subproblem, 0 ≤ 𝑖 ≤ 𝐿,
set in a simulation of the environment, could differ
from that of the other simulations of the environment.

3.2.4. Averages. Let us discuss the types of averages utilized
to analyze the performances of techniques in T. The average
E𝛿𝑑 [dSC(𝐴, 𝐵)] differential set coverage of technique 𝐴 over
technique 𝐵 will be used to compare the performances of
these techniques in solving subproblem instances of Φ2 , at
different values 𝑑 of 𝛿. The parameter 𝛿 is found in (11) which
models the change in duration of tasks in environments that
set the instances. The average E𝛿𝑑 [dSC(𝐴, 𝐵)] is defined as
𝑁𝑠

1 𝑁𝑐 1
E𝛿𝑑 [dSC (𝐴, 𝐵)] = ∑ ∑
∑
𝑖=1 𝑁𝑠 𝑗=1 𝑁𝑐 𝑘∈In(𝛿)

(19)

1
dSC (𝐴, 𝐵, 𝑖, 𝑗, 𝑘) ,
|In (𝛿)|
where dSC(𝐴, 𝐵, 𝑖, 𝑗, 𝑘) is the differential set coverage
dSC(𝐴, 𝐵) (defined in (4)) of technique 𝐴 over technique
𝐵 determined for subproblem instance 𝑘𝑗2 (in instance
with label 𝑘 in Table 5) and at the 𝑖th simulation of this
instance. Further, 𝑁𝑠 is the number of simulations and
𝑁𝑐 is the number of subproblems in Φ2 , including 𝜙02 .
Furthermore, In(𝛿) is a set of labels of instances in Table 5
that utilize a given value of 𝛿; for example, based on Table 5,
In(3.0) = {1, 2, 3, 7, 8, 9, 13, 14, 15, 19, 20, 21, 25, 26, 27}.
The average E𝜏𝑡 [dSC(𝐴, 𝐵)] differential set coverage of
technique 𝐴 over technique 𝐵 will be used to compare the
performances of these techniques at different types 𝑡 of
changes listed in Table 2. It is defined as
E𝜏𝑡 [dSC (𝐴, 𝐵)]
𝑁𝑠

dSC (𝐴, 𝐵, 𝑖, 𝑗, 𝑘)
1 𝑁𝑛 1
∑
∑
 ,

𝑁𝑠
𝑁𝑛
Soc (𝑗, 𝜏)
𝑖=1
𝑘=1
𝑗∈Soc(𝑘,𝜏)

=∑

(20)

where 𝑁𝑛 = 30 is the number of all instances in Table 5;
Soc(𝑘, 𝜏) is the set of SOSAs of the environment that sets

instance labeled 𝑘 at which type 𝜏 of changes occurs. To exemplify, consider instance labeled 1 which, based on Table 5, has
TSC 𝑆1 . In this TSC, SOSAs with type 𝜏 = 0 of changes
(task duration change only, based on Table 2) are in the set
Soc(1, 0) = {1, 2, 3, 5, 9, 12}, based on Table 3. Note that
zeroth SOSA is excluded in the definition of the averages.
The average E𝜎𝑗,𝑘 [dSC(𝐴, 𝐵)] differential set coverage of
technique 𝐴 over technique 𝐵 will be used to compare the
performances of these techniques at different simulations of
subproblem instances of Φ2 . It is defined as
∑𝑁𝑠
𝑖=1 dSC (𝐴, 𝐵, 𝑖, 𝑗, 𝑘)
(21)
,
𝑁𝑠
where all indices are already defined in this subsection.
Note that all of the averages are derived from differential
set coverage which, as mentioned in Section 2.3, is a measure
of the performance of one technique over another. We then
take the following: if any of the averages is greater than
zero, then technique 𝐴 performs better than technique 𝐵,
in determining solutions to instances of Φ2 listed in Table 5,
over the domain at which this average is taken.
E𝜎𝑗,𝑘 [dSC (𝐴, 𝐵)] =

3.3. Centroid-Based Adaptation with Random Immigrants
(CBAR). McBAR is an extension of the memory-based EA
technique referred to as centroid-based adaptation with random immigrant (CBAR). CBAR was applied in [6] to solve a
class Γ2 of biobjective dynamic RCPS problems with a fixed
total number of tasks. Γ2 is viewed as a sequence of the
static RCPS subproblems 𝛾𝑖2 and each has schedule cost and
duration as objectives to minimize
Γ2 = ⟨𝛾02 , 𝛾12 , . . . , 𝛾𝑖2 , . . . , 𝛾𝐿2 ⟩ ,

(22)

where 𝑖, as in Section 3.1.1, is the index of a snapshot taken
at the 𝑖th SOSA of an environment that sets Γ2 . From this
point to Section 3.3.6, the environment that sets Γ2 is simply
referred to as the environment or the dynamic environment.
Being an implicit memory-based technique (explained in
Section 2.2), CBAR utilizes representatives of sets of solutions
to past subproblems 𝛾𝑛2 to compute the solutions to the
current subproblem 𝛾𝑐2 , where 𝑛 < 𝑐. Each representative is
the centroid of genotypes that correspond to nondominated
solutions to the 𝛾𝑛2 problem. A centroid 𝐶(𝑡) is a genotype
whose 𝑘th gene is [6]
[
]
[ 1
]
𝑗
𝑐𝑘 (𝑡) = [
𝑥𝑘 (𝑡)] ,
(23)
∑
𝑁𝑑 𝑥𝑗 (𝑡)∈Gnds(𝑡)
[
]
where 𝑘 = 1, . . . , 𝑁𝑡 ; 𝑁𝑡 is the total number of tasks in
the snapshot taken at the 𝑡th SOSA of the environment;
𝑥𝑗 (𝑡) is a genotype that corresponds to a schedule as a
𝑗
solution to the 𝛾𝑡2 problem; 𝑥𝑘 (𝑡) is the 𝑘th gene/ID in
the 𝑥𝑗 (𝑡) genotype (defined in (9)); Gnds(𝑡) is a population
of genotypes that have one-to-one correspondence to all
solutions in the nondominated set Pnds(𝑡) of solutions to the
𝛾𝑡2 subproblem; and ⌊⋅⌋ is the operator to round its real-value
argument to an integer. Note in (23) that the equally-weighted
𝑗
average (mean) of IDs 𝑥𝑘 (𝑡) forms centroid genes.
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3.3.1. Centroid Repair. Centroid 𝐶 formed through (23) may
not necessarily be task-precedence-feasible, as defined in
Section 3.1.5. If this is so, it will be repaired. Before explaining
the repair process, a definition will be presented. Given a
genotype 𝑅, its complementary genotype 𝑅𝑐 is 𝐶 less the
elements of 𝑅. For example, let the genotype 𝑅 = ⟨2, 1⟩ and
the centroid
𝐶 = ⟨14, 1, 2, 7, 9, 3, . . .⟩ ,

(24)

where numbers to the right of 3 are fixed but not shown for
brevity. Thus, 𝑅𝑐 = ⟨14, 7, 9, 3, . . .⟩. The repair of centroid
𝐶 is undertaken by successively appending (to be described
below) IDs to a genotype 𝑅 which starts from empty. The ID
𝜌 from 𝐶 will be appended to 𝑅 if it satisfies the following
appending rule: the appending of ID 𝜌 should result in a new
𝑅 whose corresponding complementary genotype 𝑅𝑐 has IDs
of tasks that are not predecessors of the task with ID 𝜌 and
𝜌 should not be found in the former 𝑅. However, if 𝜌 does
not satisfy the appending rule, a different ID 𝜌 is randomly
picked, which satisfies the appending rule from 𝑅𝑐 and then
appended to the former 𝑅. Note that the complementary
genotype used in checking the satisfiability of 𝜌 to the
appending rule is different from 𝑅𝑐 where 𝜌 is picked.
At the start of the repair of centroid 𝐶, the first element
of 𝐶 is attempted to be appended to an empty genotype
𝑅 following the process of appending described previously.
Note that based on the explanation above, the element or a
different element may be appended to 𝑅. Next, the second
element of 𝐶 is attempted to be appended to 𝑅 (which has one
element at this stage). This repair process is continued until
the last element of 𝐶 is attempted to be appended to 𝑅. After
this stage, 𝑅 is the repaired version of 𝐶. The following three
paragraphs will provide examples of this repair process.
Consider the centroid 𝐶 in (24) whose repair will be
based on the task-precedence network in Figure 4. The abovementioned repair process starts by attempting to append
the first gene/ID 14 of 𝐶 to an empty genotype 𝑅. So let
the new 𝑅 = ⟨14⟩ whose complementary genotype 𝑅𝑐 =
⟨1, 2, 7, 9, 3, . . .⟩. However, ID 1 in 𝑅𝑐 is the ID of the task that
is the predecessor (based in Figure 4) of task with ID 14. Thus,
the above-mentioned appending rule is violated. A random
pick of ID, say 1, from 𝑅𝑐 is then undertaken. If 1 is appended
to the former 𝑅 (which is empty), the new 𝑅 becomes ⟨1⟩
whose complementary genotype 𝑅𝑐 = ⟨14, 2, 7, 9, 3, . . .⟩.
Now, no task with ID in the new 𝑅𝑐 is a predecessor (based in
Figure 4) to the task with ID 1. Thus, the appending of 1 to 𝑅
is allowed, thereby obtaining 𝑅 = ⟨1⟩. Notice that, based on
Section 3.1.5, the obtained 𝑅 is task-precedence feasible.
The next step to the repair process is to attempt to append
the second gene/ID 1 of the centroid 𝐶 to 𝑅. Note that 1 is
already present in 𝑅 = ⟨1⟩ whose complementary genotype
𝑅𝑐 = ⟨14, 2, 7, 9, 3, . . .⟩. Thus, based on the above appending
rule, a randomly chosen ID, say 14, is randomly picked from
𝑅𝑐 . It is then appended to 𝑅 to obtain 𝑅 = ⟨1, 14⟩ whose
complementary genotype 𝑅𝑐 = ⟨2, 7, 9, 3, . . .⟩. Now, no task
with ID in the last 𝑅𝑐 is a predecessor to the task with ID 14.
Thus, the appending of ID 14 is allowed, thereby obtaining
𝑅 = ⟨1, 14⟩. Again, notice that this obtained 𝑅 is taskprecedence feasible.

Consider now the third gene/ID 2 of 𝐶. When it is
appended to 𝑅 = ⟨1, 14⟩ yields 𝑅 = ⟨1, 14, 2⟩ whose
complementary genotype is 𝑅𝑐 = ⟨7, 9, 3, . . .⟩. Now, no
task with ID in 𝑅𝑐 is a predecessor to the task with ID 2.
Thus, the appending of 2 is permitted. Again, notice that
the obtained 𝑅 = ⟨1, 14, 2⟩ is task-precedence feasible.
The repair process is continued until the last gene of 𝐶 is
attempted to be appended to 𝑅. Based on this sample repair
process, the resulting 𝑅 at each appending cycle is taskprecedence feasible. It is straightforward to prove that after
𝑅 is completely appended, it is task-precedence feasible.
Consider the expressions of the completely appended
𝑅(𝑡) = ⟨𝑟1,𝑡 , 𝑟2,𝑡 , . . . , 𝑟𝑗,𝑡 , . . . , 𝑟𝑁𝑡 ,𝑡 ⟩ and the centroid 𝐶(𝑡) =
⟨𝑐1,𝑡 , 𝑐2,𝑡 , . . . , 𝑐𝑗,𝑡 , . . . , 𝑐𝑁𝑡 ,𝑡 ⟩, where 𝑁𝑡 is defined in connection
with (23) and 𝑡 is a SOSA of the environment. The element 𝑟𝑗,𝑡
of 𝑅(𝑡) could be viewed as the result of mapping the element
𝑐𝑗,𝑡 of 𝐶(𝑡). Let this mapping be denoted by R and be referred
to as random repairer. Formally stating the repair,
𝑐 (𝑡)
𝑐𝑗 (𝑡) satisfies append rule
𝑟𝑗 (𝑡) = { 𝑗
R (𝑐𝑗 (𝑡)) otherwise,

(25)

where 𝑐𝑖 (𝑡) is defined in (23).
3.3.2. Initial Population. One subalgorithm of CBAR is the
creation of an initial population which CBAR evolves to
obtain solutions to the 𝛾𝑡2 , 𝑡 ≥ 0, subproblem (defined in (22))
set in the 𝑡th snapshot of the environment. For 𝑡 = 0, this
initial population is a set of 𝑁 SSGS-generated genotypes. For
𝑡 > 0, it is expressed as
𝐺0 (𝑡) ≡ 𝐶 (𝑡) ∪ Rnd (𝑡) ∪ Ichs (𝑡 − 1) ,

(26)

where
(1) 𝐶(𝑡) is a set of centroids,
𝑡−1

𝐶 (𝑡) = ⋃ 𝑅 (𝑘) ;

(27)

𝑘=𝑡𝑜 (𝑡)

(2) 𝑅(𝑘) is the repaired centroid of the population
Gnds(𝑘) of genotypes that corresponded to all the
nondominated solutions to the 𝛾𝑘2 subproblem;
(3) The starting index of population 𝑅(𝑘) is
𝑡𝑜 (𝑡) = max {𝑡 − 𝑁𝑐 , 0} ;

(28)

(4) 𝑁𝑐 is a given maximum number of centroids in any
initial population;
(5) Rnd(𝑡) is a set of SSGS-generated genotypes,
|Rnd(𝑡)| = 𝑁 − |𝐶(𝑡)| − 1;
(6) 𝑁 is a fixed size of the initial population;
(7) Ichs(𝑡 − 1) is the chosen genotype in Gnds(𝑡 − 1).
Note that the definition of 𝑡𝑜 (𝑡) in (28) restricts the maximum
number of centroids in 𝐶(𝑡) to 𝑁𝑐 . Recall from Section 2.1.2
that SSGS randomly selects IDs of eligible tasks, in a given
RCPS environment, to form genotypes. Hence, these genotypes have a stochastic facet. Thus, the SSGS-generated set
Rnd(𝑡) in (26) constitutes the random/diversifying component of the initial population 𝐺0 (𝑡).
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3.3.3. Genetic Operators. Being an EA-based technique,
CBAR has an evolutionary process. The crossover and mutation operators in this process are designed to suit our system.
The designed crossover operator has the following algorithm.
Consider two parent genotypes 𝐺1 and 𝐺2 for crossover from
whom two offspring genotypes 𝑂1 and 𝑂2 are generated.
Each of the parent genotypes is broken into three parts at
two randomly selected crossing points labeled 𝐿 and 𝑅. The
crossing point 𝐿 is between gene locations 𝑙 and 𝑙 + 1 and the
crossing point 𝑅 is between gene locations 𝑟 and 𝑟 + 1, where
1 < 𝑙 < 𝑟 < 𝑁 and 𝑁 is the length of the parent and offspring
genotypes. These crossing points are similar for both parents.
First, offspring 𝑂1 inherits the first part of parent 𝐺2 . Second,
it inherits the genes of parent 𝐺1 and consecutively places
these genes at its gene locations 𝑙 + 1 to 𝑟. Suppose that the
𝑘th gene location of 𝑂1 is to be filled with a gene, where
𝑙 < 𝑘 ≤ 𝑟. The genes of parent 𝐺1 , located from one to 𝑟, are
consecutively searched for a gene different to all genes in 𝑂1
located before location 𝑘. Once found, the search is stopped
and the different gene is placed at location 𝑘 of 𝑂1 . Third, the
second step is repeated with genes of 𝑂1 , located from 𝑟 + 1
to 𝑁, inheriting from 𝐺2 where the search process is applied
to all genes of parent 𝐺2 . The three parts of 𝑂2 are inherited
by consecutively using parents 𝐺1 , 𝐺2 , and 𝐺1 in the first to
the third steps, respectively. The presented inheriting process
has similarities to the PMX crossover [51]. The mutation of a
genotype swaps two of its consecutive genes, at a randomly
selected gene location with predefined probability, provided
that the resulting genotype is task-precedence feasible, as
defined in Section 3.1.5.
3.3.4. Schedule Formation. Let us discuss a method, referred
to as Schedule Formation, for determining a schedule from
a genotype. Given the genotype 𝐺 = ⟨𝑔1 , 𝑔2 , . . . , 𝑔𝑘 , . . . , 𝑔𝑁⟩
of length 𝑁 as described in Section 3.1.5, its corresponding
schedule is formed through the following scheme. Each
gene/ID in this genotype is used consecutively, from first to
last, to determine the starting time of the task with this ID. At
the stage of using the gene/ID 𝑔𝑘 , the starting time 𝑡 of task
with this ID is set to the earliest time later than or equal to
𝑡 = max {0, max {st𝑖 + 𝑑𝑖 | 𝑖 ∈ Pred (𝑗)}} ,

(29)

where all terms in this equation are defined in Section 2.1.2,
except 𝑡. After the consecutive usage of genes, the starting
times of all tasks with IDs in the genotype are all determined.
Based on the definition of schedule in Section 3.1.5, the
schedule that corresponds to the genotype is obtained. The
cost to implement this schedule is determined through (A.8)
and its makespan is the end time of its last task to finish.
3.3.5. The Algorithm of CBAR. Static subproblems in the
dynamic problem Γ2 (expressed in (22)) are solved by CBAR
sequentially, from 𝛾02 to 𝛾𝐿2 , where 𝐿 is the number of
SOSAs of the environment. To determine solutions to the
subproblem 𝛾02 (set in the original state of the environment),
CBAR simply executes SSGS (explained in Section 2.1.2) to
generate an initial population 𝐺0 (0) of genotypes. CBAR
then evolves 𝐺0 (0) to obtain the population 𝐺(0) of evolved

genotypes. Then by using the genotypes in 𝐺(0) for the
Schedule Formation method described in Section 3.3.4, the
population 𝑃(0) of baseline schedules is then determined.
These schedules are solutions to the 𝛾02 subproblem.
The evolutionary process of CBAR is performed through
NSGA-II. In each cycle of this process, NSGA-II creates
an offspring genotype population from a parent genotype
population. We let NSGA-II use the revised genetic operators described in Section 3.3.3 to create the offspring. The
offspring genotypes are feed to the Schedule Formation
method to obtain the cost and duration of the schedules that
correspond to these genotypes. The Pareto rank and crowding
distance for each of these schedules are determined based
on its cost and duration [41]. Following the explanation in
Section 2.4, NSGA-II uses the Pareto ranks and crowding
distances of the schedules in its selection process to obtain
its next generation genotype and schedule populations.
To determine solutions to the subproblem 𝛾𝑡2 , 𝑡 > 0,
CBAR starts by determining the centroid 𝐶(𝑡−1) of genotypes
that correspond to the nondominated solutions to the sub2
(set in the last snapshot before the 𝑡th snapshot
problem 𝛾𝑡−1
of the environment) through (23) then repairs this centroid
using R (explained in Section 3.3.1), followed by forming an
initial population 𝐺0 (𝑡) through (26), and then evolves this
initial population using NSGA-II as described above. The
schedules that correspond to the evolved genotypes are the
solutions to the subproblem 𝛾𝑡2 and form a population 𝑃(𝑡).
From here onwards, CBAR is designated as the one
which generates the initial population 𝐺0 (0) and the SSGSgenerated genotype population Rnd(𝑡 − 1) in (26), at any
𝑡 > 0, by having the SSGS algorithm as the generator of
these genotypes and as the one which evolves the initial
populations described in this section by having NSGA-II as
its evolutionary engine.
3.3.6. Chosen Schedule. After CBAR has computed the population 𝑃(𝑡) of solutions to the 𝛾𝑡2 subproblem, a schedule 𝐶
is chosen from 𝑃(𝑡). This chosen schedule is utilized in the
simulation of the environment. When, in this simulation, the
environment changes state for the (𝑡 + 1)th SOSA, CBAR
evolves an initial population 𝐺0 (𝑡 + 1) to obtain the solutions
2
subproblem set in this state of the environment.
to the 𝛾𝑡+1
The initial population contains, based on (26), the chosen
genotype Ichs that corresponds to the chosen schedule 𝐶.
Consider the tasks, of a schedule that corresponds to a
genotype in 𝐺0 (𝑡 + 1) different to Ichs, whose IDs are similar
to either on-going or finished tasks of the chosen schedule
(corresponds to Ichs) at the instant of the (𝑡 + 1)th SOSA of
the environment. The starting time of each of these tasks is
set equal to its counterpart (task of same ID) in the chosen
schedule. This process is performed on all schedules that
correspond to genotypes in 𝐺0 (𝑡 + 1) different to Ichs and
also on offspring genotypes in every cycle of the evolutionary
process of NSGA-II. At the end of the evolutionary process of
NSGA-II, the evolved schedules have copies of the ongoing
or finished tasks of the chosen schedule. Note that these
2
subproblem (set
evolved schedules, as solutions to the 𝛾𝑡+1
in the current state of the environment), are revisions of the
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Figure 7: The SOSA of the environment at which genes are inserted.

chosen schedule Ichs which is one of the solutions to the 𝛾𝑡2
subproblem (set in the last state of the environment). Thus,
the preservation (copying) of the ongoing and finished tasks
on the revised schedules demonstrates CBAR to abide by the
schedule revision rule described in Section 2.1.

a length of 𝑁𝑡 . Considering that CBAR does not increase the
length of each of the genotypes as it evolves them, then it
cannot evolve 𝐺0 (𝜏) (whose genotypes have the length 𝑁𝑡 )
to produce 𝐺(𝜏) whose genotypes each must have the length
𝑁𝜏 > 𝑁𝑡 .

3.3.7. Inapplicability of CBAR. Let us now discuss how CBAR
becomes inapplicable for solving the dynamic problem Φ2
which involves change in total number of tasks. Suppose that
a static subproblem 𝜙02 in Φ2 is set in an environment snapshot that has 𝑁𝑡 total number of tasks. For this subproblem,
a sample task precedence network is depicted in Figure 4
where original tasks (the only tasks found in the original state
of the environment) and additional tasks are represented by
numbered rectangles and circles, respectively.
Suppose that the total number of tasks is increased for the
first time to 𝑁𝜏 = 𝑁𝑡 +𝑑𝑁 at the 𝜏th SOSA of an environment
that sets the 𝜙02 subproblem; 𝜏 > 0. When 𝑑𝑁 or more tasks
are finished at the 𝜏th SOSA of the environment, IDs of new
𝑑𝑁 tasks can be placed instead of the IDs of 𝑑𝑁 finished
tasks in each genotype in the initial population 𝐺0 (𝜏) used
to solve the 𝜙𝜏2 subproblem through CBAR. Thereby, the need
to change genotype length may be avoided. However, in the
case where there is no task finished at the 𝜏th SOSA of the
environment, the genotype must have a sufficient number of
genes to accommodate IDs of 𝑁𝑡 original and 𝑑𝑁 new tasks.
Thus, this condition requires the genotype to be implemented
with 𝑁𝜏 number of genes. Therefore, the nondominated set of
solutions (schedules) to the 𝜙𝜏2 subproblem must correspond
to genotypes—forming the set 𝐺(𝜏)—each of length 𝑁𝜏 .
Before continuing our discussion, let us take the notation,

3.4. Mapping of Task ID for Centroid-Based Adaptation with
Random Immigrants (McBAR). Let us now consider how
CBAR is revised to overcome its unsuitability to solve the
dynamic problem Φ2 (defined in (8)). Let any environment
mentioned in this section be the one that sets the Φ2 problem
and be referred to as the environment or the dynamic
environment. Now, suppose that new tasks (not found in the
original state of the environment) appear for the first time
at the 𝜏th SOSA of the environment. Following [23], the
partial remedy for the unsuitability is to insert new genes, that
correspond to the new tasks, to each genotype in the population 𝐺(𝑘) which correspond to the nondominated set 𝑃(𝑘)
of solutions to the static subproblem 𝜙𝑘2 where 𝑡𝑜 (𝜏) ≤ 𝑘 < 𝜏
with 𝑡𝑜 (𝜏) as defined in (28). The insertions of the new genes
to genotypes in populations 𝐺(𝑡𝑜 (𝜏)) to 𝐺(𝜏 − 1) are depicted
in Figure 7 as downward-pointing arrows. In this figure, the
horizontal line is the SOSA of the environment. Further, the
𝑘th SOSA at which arrow point corresponds to subproblem
𝜙𝑘2 whose nondominated solutions have corresponding genotypes that are being inserted with the new genes. Based on the
range of 𝑘, subproblems encountered in the gene-insertion
2
. These subproblems are set in the
process are 𝜙𝑡2𝑜 (𝜏) to 𝜙𝜏−1
snapshots of the environment taken, respectively, from 𝑡𝑜 (𝜏)
until before the first increase in the total number of tasks.
After the insertion of new genes into each genotype of
𝐺(𝑘), 𝑡𝑜 (𝜏) ≤ 𝑘 < 𝜏, the initial population in (26) is formed
and then evolved by CBAR. The evolved genotypes are
inputted to the Schedule Formation scheme in Section 3.3.4
to obtain the solutions to subproblem 𝜙𝜏2 . The technique
referred to as gene-inserting CBAR (GIBAR) is CBAR that
includes executing the gene-insertion process every time new
tasks appear in the environment. This nomenclature will be
useful in Section 3.5.2.
Now, our previous work [14] showed the performance
(solution-searching ability) of CBAR to be degraded by the
gene insertion. The adopted resolution of this side effect is to
map task IDs in each of the gene-inserted genotypes in 𝐴(𝑘)
to reduce the discontinuity of IDs along each genotype, where
𝐴(𝑘) is the population of all gene-inserted genotypes of 𝐺(𝑘).
The mapping process is applied for each 𝐴(𝑘), 𝑡𝑜 (𝜏) ≤ 𝑘 < 𝜏.
To facilitate ease in succeeding discussions, let 𝐵(𝑘) be the

𝑡−1

𝐺 [𝑡] = ⋃ 𝐺 (𝑘) ,

(30)

𝑘=𝑡𝑜 (𝑡)

to denote the combined genotype populations that correspond to the nondominated sets of solutions to static
2
, where 𝑡𝑜 (𝑡) is defined in (28). Based on
problems 𝜙𝑡2𝑜 to 𝜙𝑡−1
the definition of 𝑡𝑜 (𝑡) and on (30), the number of genotype
populations combined to form 𝐺[𝑡] is limited at most to 𝑁𝑐 ,
the maximum number of centroids used in (28).
Suppose that there is no finished task prior to the
𝜏th SOSA of an environment that sets the dynamic Φ2
problem, where 0 < 𝜏 < 𝑁𝑐 . Thus, each genotype in the
combined populations 𝐺[𝜏] has 𝑁𝑡 number of genes. Based
on (26), repaired centroids and chosen genotype in the initial
population 𝐺0 (𝜏) are derived from 𝐺[𝜏]. Thus, they each have
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set of all ID-mapped gene-inserted genotypes of 𝐴(𝑘). Note
that 𝐵(𝑘) is derived from 𝐺(𝑘) which is a set of genotypes
that correspond to the nondominated solutions of the 𝜙𝑘2
subproblem. Further, let the combined population be
𝜏−1

𝐵 [𝜏] = ⋃ 𝐵 (𝑘) .

(31)

𝑘=𝑡𝑜 (𝜏)

In addition to the gene-insertion and mapping operation,
the centroid repair R in CBAR is revised to further increase
the performance of CBAR. The resulting CBAR evolves (as
explained in Section 3.3.5) an initial population derived from
the ID-mapped genotypes in 𝐵[𝜏].
Let S be the computing system used to solve the 𝜙𝑖2
subproblem, 0 ≤ 𝑖 ≤ 𝐿, where 𝐿 is a given value. One
attribute of any resource in the environment is the ID of
task that utilizes it. Thus, in system S, IDs are part of the
information about (a) resources, (b) genotypes used in the
evolutionary process of CBAR to solve the subproblem, (c)
and task-precedence network of tasks in the environment.
The insertion of new genes into each genotype in 𝐺(𝑘)
mentioned above is accompanied by the insertion of new
nodes, with IDs of the new tasks, into the precedence network
of tasks. The mapping of IDs in each gene-inserted genotype
in 𝐴(𝑘) mentioned above is accompanied by the mapping of
IDs in the node-inserted precedence network of tasks and in
the resources utilized by these tasks. When all IDs in system
S are transformed by the mapping, system S is referred to as
being in a mapped mode.
Under system S in mapped mode, in each cycle of the
evolutionary process of CBAR, the ID-mapped genotypes
in the 𝐵[𝜏]-derived initial population are inputted to the
Schedule Formation method. This method then uses the
mapped tasks IDs in resources and the precedence network of
tasks in the (𝑡 − 1)th snapshot of the environment, to obtain
schedules with mapped IDs. At the end of the evolutionary
process, evolved genotypes have corresponding schedules,
with mapped IDs, as solutions to 𝜙𝜏2 . Let 𝐵(𝜏) be the set of
evolved genotypes which correspond to the nondominated
solutions (schedules) to 𝜙𝜏2 .
Now, copies of the ID-mapped genotypes in 𝐵(𝜏) and
the node-inserted ID-mapped task precedence network are
made. Then IDs in each of the copies are unmapped. The IDunmapped genotypes in 𝐵(𝜏) are processed in the Schedule
Formation method that utilizes the ID-unmapped nodeinserted task precedence network. Thereby, solutions to
subproblem 𝜙𝜏2 are produced. This production is referred to
as solution production.
The copying and the subsequent unmapping of the
ID-mapped genotypes are only performed when required,
for example, for a decision maker, to view the solutions
(schedules) to subproblem 𝜙𝜏2 . However, the evolved IDmapped genotypes in 𝐵(𝜏) are utilized for finding solutions
to problems set in the snapshots taken after the 𝜏th SOSA of
the environment. The gene-insertion, mapping/unmapping,
initial population of gene-inserted genotypes, and the revision of the centroid repair R are fully described in Sections
3.4.1 to 3.4.4 below, respectively.

Suppose that no new tasks appear from the (𝜏 + 1)th to
the 𝜎th SOSA of the environment, where 𝜏 < 𝜎 < 𝜐 and
that the second batch of new tasks occurs at the 𝜐th SOSA
of the environment. Recall from the above discussion that
gene insertion is performed only due to the occurrence of
new tasks. Thus, there is no need to insert genes to each
genotype in the populations 𝐵(𝜏 + 1) to 𝐵(𝜎 − 1) which
2
correspond to the nondominated sets of solutions to the 𝜙𝜏+1
2
to 𝜙𝜎−1 , respectively. The non-insertion of genes is depicted in
Figure 7 as no arrows being pointed towards the SOSAs. Now,
although the population 𝐵(𝜏) of genotypes that correspond
to the nondominated solutions to 𝜙𝜏2 is evolved from the
initial population derived from the gene-inserted genotype
populations in (31), genotypes in 𝐵(𝜏) had not undergone
gene-insertion process. Thus, there is no downward-pointing
arrow at 𝜏th SOSA in the figure.
To solve the subproblem 𝜙𝜎2 , first, an initial population is
formed using the populations in
𝜎−1

𝐵 [𝜎] = ⋃ 𝐵 (𝑘) ,

(32)

𝑘=𝑡𝑜 (𝜎)

where 𝑡𝑜 (𝜎) is defined in (28); 𝐵(𝑘) could be a population
of evolved ID-mapped gene-inserted genotypes—if 𝑡𝑜 (𝜎) ≤
𝑘 < 𝜏—or a population of evolved ID-mapped uninserted
genotypes—if 𝜏 < 𝑘 < 𝜎. Note that the insertion or
noninsertion is depicted in Figure 7. Further, for 𝑡𝑜 (𝜎) ≤ 𝑘 <
𝜎, 𝐵(𝑘) is the population of genotypes that correspond to
nondominated solutions (schedules) to the 𝜙𝑘2 subproblem.
Furthermore, 𝐵[𝜎] is a mix of populations of inserted and
uninserted genotypes. Next, the initial population derived
from 𝐵[𝜎] is evolved by CBAR to obtain a population 𝐸(𝜎)
of evolved genotypes. Let 𝐵(𝜎) ⊆ 𝐸(𝜎) be a set of evolved
genotypes that if fed to the solution production yield all
the nondominated solutions to the subproblem 𝜙𝜎2 . Note
that system S is at mapped mode during this evolutionary
process.
Let us now consider the 𝜐th SOSA of the environment
where the second batch of new tasks occurs. Let 𝐵[𝜐] be a
set of populations 𝐵(𝑘), where 𝑡𝑜 (𝜐) ≤ 𝑘 < 𝜐 and each
could contain either ID-mapped gene-inserted genotypes
or ID-mapped gene uninserted genotypes, a composition
similar to that of (32). To solve subproblem 𝜙𝜐2 , first, the
ID-mapped genotypes in 𝐵[𝜐] are unmapped to obtain a
collection 𝐷[𝜐] of populations 𝐷(𝑘), 𝑡𝑜 (𝜐) ≤ 𝑘 < 𝜐, of
ID-unmapped genotypes. ID unmapping is also applied to
task IDs in resources and in the precedence network of tasks
in the (𝜐 − 1)th snapshot of the environment. Thus, system
S is restored to unmapped mode. Second, new genes that
correspond to the second batch of new tasks are inserted into
the unmapped genotypes in 𝐷[𝜐] to obtain a collection 𝐸[𝜐]
of populations 𝐸(𝑘), 𝑡𝑜 (𝜐) ≤ 𝑘 < 𝜐 of ID-unmapped geneinserted genotypes. This second batch of gene insertion is
depicted in Figure 7 as upward-pointing arrows. New nodes,
which correspond to the new tasks, are placed into the
ID-unmapped task-precedence network. Third, a different
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mapping function is applied to IDs in each genotype in 𝐸[𝜐]
to obtain
𝜐−1

𝐹 [𝜐] = ⋃ 𝐹 (𝑘) ,

(33)

𝑘=𝑡𝑜 (𝜐)

which is a collection of populations 𝐹(𝑘), 𝑡𝑜 (𝜐) ≤ 𝑘 < 𝜐, of IDunmapped gene-inserted then ID-remapped genotypes. This
mapping is also applied to the task IDs in resources and in
the precedence network of tasks in the (𝜐 − 1)th snapshot of
the environment. Thus, system S is restored to mapped mode
once again. Fourth, the collection 𝐹[𝜐] of population is used
to form an initial population which is then evolved by CBAR
to obtain the population 𝐶(𝜐) of evolved genotypes which
has mapped IDs. Note again that system S is in mapped
mode during the evolution of the initial population. Fifth,
when required, the evolved genotypes in 𝐶(𝜐) are used in the
solution production to obtain the non-dominated solutions
(schedules) to the 𝜙𝜐2 subproblem. The successive processes
of (a) restoring system S to unmapped mode; (b) insertion
of new genes that correspond to new tasks; and (c) reverting
S to mapped mode, are repeated every time a batch of new
tasks appear in the environment after the first batch.
Based on the discussions until this point, system S is
always in mapped mode when CBAR evolves initial populations to determine solutions to subproblems set at or after
the snapshot of the environment where the first batch of
new tasks are found. In addition, the formation of the initial
population uses the genotype populations that correspond to
sets of nondominated solutions.
CBAR that undergoes all of the above-mentioned innovations is labeled as McBAR. In summary, McBAR is comprised
of the following subalgorithms used to solve subproblem 𝜙𝑡2
set in the 𝑡th SOSA of the environment:
(1) gene insertion,
(2) ID mapping operation F,
(3) minimal repair M of centroid,
(4) initial population defined in (34) below,
(5) NSGA-II (explained in Section 3.3.5) used to evolve
the initial population,
(6) maintenance of system S at mapped mode,
(7) preservation of ongoing and finished tasks in a chosen
schedule (described in Section 3.3.6),
(8) SSGS to form 𝐺0 (0) and Rnd(𝑡) in (26).
Items (1) to (4) are fully discussed in Sections 3.4.1 to 3.4.3,
respectively. The algorithm of McBAR is similar to that of
CBAR (described in Section 3.3.5), except that items (1) to
(4) are applied to form an initial population and that system
S is maintained at mapped mode, that is, item (6). Based
on the definition of performance in Section 2.3, McBAR was
demonstrated in [14] to perform better than CBAR when the
environment undergoes an increase in total number of tasks.
3.4.1. Gene Insertion. Suppose that new tasks appeared at the
𝜏th SOSA of the environment and consider also a genotype 𝐺
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Figure 8: Sample gene insertion.

in a collection 𝐺[𝜏] (e.g., defined in (30) to (33)) of genotype
populations. The new gene that corresponds to a new task
is inserted to the right of and as near as possible to the
gene, currently in 𝐺, that corresponds to the immediate
predecessor of the new task. This gene insertion abides by
the gene ordering rule (mentioned in Section 3.1.5) of genes
in any genotype. It is performed for each of the new tasks.
The complete insertion process of the new genes is applied to
every genotype in 𝐺[𝜏]. Sample gene insertion is illustrated
in Figure 8 where genes are represented by boxed numbers.
Genes/IDs 31 to 33 correspond to the new tasks and the rest
of IDs to those of original tasks (the only tasks found in the
original state of the environment). The gene arrangement in
this figure abides by the gene ordering rule that uses the taskprecedence network in Figure 4 with circles that represent
tasks 34 to 40 replaced with arcs.
Empirical investigations in [14] showed gene insertion
to degrade the performance (as defined in Section 2.3) of
McBAR. In the research of [16, 19–21], gene insertion was
shown to be beneficial for searching for high quality solutions
to some problems. However, there is no centroid (as defined
in (23)) utilized in their strategies, such that the benefit does
not necessarily apply to the performance of McBAR.
Let us describe a possible cause of the degradation in
the performance of McBAR. It is possible that new tasks in
the environment cannot be anticipated; this could happen
in practice. It is then sensible to label original tasks in the
environment with IDs from one to 𝑁, the number of original
tasks. In this set-up, new genes that correspond to the new
tasks must have task IDs (e.g., 31 to 33 in Figure 8) greater
than 𝑁. Now, as exemplified in Figure 8, the insertion of
the new genes brings about a large discontinuity of task ID
values along a gene-inserted genotype. As demonstrated in
[14], this large discontinuity is a factor in the degradation of
the performance of McBAR; that is, the large ID discontinuity
is a gene insertion side effect.
3.4.2. Resolution of Effects. Before proceeding to discuss the
resolution of the gene insertion side effect, let us define
the precedence order of a task. This order is the maximum
number of directed links that connect the task to the start
of a given task precedence network following the reversed
direction of the links. For instance, task 16 in Figure 4 is of
seventh precedence order.
The insertion side effect was resolved in [14] by mapping
IDs of tasks, that belong to a similar precedence order, to
unique values that are as close to each other as possible.
Let the function F(𝐼𝑑 ) represent the ID-mapping operation,
where 𝐼𝑑 is the ID to be mapped. For example, second
precedence ordered tasks in Figure 4 such as 4, 6, 7, 8, 9, 10,
12, 14, and 38 are mapped to themselves, except task 38 which
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is mapped to 15. As empirically demonstrated in [14], the
mapping F reduces, with high likelihood, the abrupt change
of IDs along a gene-inserted genotype.
Note that although a task ID may be transformed, the
task that it represents remains the same. For example, the
starting time of and the type of resource utilized by the task
are not affected by F, except the task ID in the utilized
resource. Further, aside from mapping task IDs in genotypes
and resources, node IDs in an associated task precedence
network are also mapped by F.
3.4.3. Initial Population for a Current Static Subproblem. The
subproblem 𝜙02 set in the original state of the environment is
solved by McBAR by evolving an initial population composed
of 𝑁 SSGS-generated genotypes. The initial population used
to determine the solutions to subproblem 𝜙𝑡2 , where 𝑡 > 0,
is formed as follows. Suppose that new tasks first appear at
the 𝜏th SOSA of the environment. Let 𝐵[𝑡] be a collection of
genotype populations 𝐵(𝑘), 𝑡𝑜 (𝑡) ≤ 𝑘 < 𝑡, where 𝑡 ≥ 𝜏 and
𝑡𝑜 (𝑡) is defined in (28). 𝐵(𝑘) could be a population of geneinserted ID-mapped genotypes (e.g., 𝐵(𝑘)s in (31) or 𝐹(𝑘)s
in (33)) or a population of uninserted ID-mapped genotypes
(e.g., 𝐵(𝑘)s in (32)). As mentioned above, genotypes in 𝐵(𝑘)
correspond to the nondominated solutions to the 𝜙𝑘2 subproblem. The collection 𝐵[𝑡] is used to form an initial population,
𝑀0 (𝑡) = 𝐶 (𝑡) ∪ Rnd (𝑡) ∪ Mchs (𝑡 − 1) ,

(34)

where
(1) 𝐶(𝑡) is a set of centroids,
𝑡−1

𝐶 (𝑡) = ⋃ 𝑅 (𝑘) ;

(35)

𝑘=𝑡𝑜 (𝑡)

(2) 𝑅(𝑘) is the M-repaired (described below) centroid of
𝐵(𝑘) ∈ 𝐵[𝑡];
(3) Rnd(𝑡) is the set of genotypes generated through SSGS
which utilizes the ID-mapped and could be nodeinserted precedence network of tasks in the (𝑡 − 1)th
snapshot of the environment. |Rnd(𝑡)| = 𝑁 − |𝐶(𝑡)| −
1. Being produced through SSGS (which endows
stochasticity to its produced genotypes), the elements
of Rnd(𝑡) are referred to as random immigrants. As
noted in Section 2.2, memory-based EA approaches
need to diversify the solutions at some stages of their
evolutionary cycles. In McBAR, this diversification
is implemented through the random immigrants,
thereby justifying the inclusion of Rnd(𝑡) in (34);
(4) 𝑁 is a fixed size of the initial population;
(5) Mchs(𝑡−1) is the ID-mapped chosen genotype in 𝐵(𝑡−
1) which corresponds to the chosen schedule from the
population 𝑃(𝑡 − 1) of nondominated solutions to the
2
subproblem.
𝜙𝑡−1
Based on the enumerated definitions above, all components
of the initial population 𝑀0 (𝑡) have genotypes with mapped
IDs. This initial population is then evolved (as explained

in Section 3.3.5) by McBAR to determine an ID-mapped
evolved population. When necessary, this evolved population
is fed to the solution production method to obtain a set 𝑃(𝑡)
of schedules as solutions to the 𝜙𝑡2 problem.
3.4.4. Centroid Repair. The centroid components of (35)
could be task-precedence infeasible based on the ID-mapped
node-inserted precedence network of tasks in the (𝑡 −
1)th snapshot of the environment. McBAR repairs taskprecedence infeasible centroids using a function M different
to R of CBAR. The M centroid repair function perturbs the
centroids as little as possible such that, intuitively, their being
centroids will diminish least.
Recall from Section 3.3.1 that the ID 𝜌 of a centroid 𝐶
is allowed to be appended to a genotype 𝑅 if it satisfies
the appending rule. Otherwise, the function R of CBAR
randomly picks a different ID 𝜌 , that satisfies the appending
rule, from 𝑅𝑐 = 𝐶 − 𝑅 and then appends this to 𝑅, where
𝑅𝑐 is the complementary genotype of 𝑅. Now, the function
M of McBAR differs from R in the following. Instead of
randomly picking an element of 𝑅𝑐 , the element of 𝑅𝑐 that
is nearest in value to 𝜌, and satisfies the appending rule, is the
one appended to 𝑅. If two IDs from 𝑅𝑐 are equidistant to 𝜌 and
satisfy the appending rule, one of these is randomly picked for
appending to 𝑅. The appending rule uses the node-inserted
ID-mapped precedence network of tasks in the (𝑡 − 1)th
snapshot of the environment if 𝑡 in (34) is greater than or
equal to 𝜏 which is the SOSA of the environment at which
new tasks appear for the first time. If < 𝜏, the appending rule
uses the precedence network of original tasks.
As an example, consider the centroid 𝐶
=
⟨14, 1, 2, 7, 9, 3, . . .⟩; its first gene/ID 14; the current 𝑅 = 0; and
𝑅𝑐 = 𝐶. As mentioned in Section 3.3.1, ID 14 does not satisfy
the appending rule. However, the ID 3 from 𝑅𝑐 satisfies the
appending rule and is nearest to 14. Consequently, 𝑅 = ⟨3⟩
and 𝑅𝑐 becomes ⟨14, 1, 2, 7, 9, . . .⟩. The ID 1 of 𝐶 is considered
for appending to 𝑅 next. It satisfies the appending rule such
that 𝑅 = ⟨3, 1⟩. The ID 2 of 𝐶 is considered next and also
satisfies the appending rule, such that 𝑅 = ⟨3, 1, 2⟩.
Let the first three genes of 𝐶 form the vector 𝑉 = ⟨14, 1, 2⟩
and the last 𝑅 be treated as vector. The last 𝑅, produced
through the M function, has a distance of 11 to 𝑉, while
𝑅 = ⟨1, 14, 2⟩, produced (as mentioned in Section 3.3.1)
through the R function, has a distance of 18.38 to 𝑉. This
result supports the lesser perturbation effected by M than by
R on repairing centroids.
3.4.5. Using the Median. The centroid expressed in (23) is
computed using the mean which is one type of tendency in
statistics [52]. It is of interest to determine the performance
of McBAR when the centroid is computed using a median, in
which case the centroid is renamed as medoid and McBAR as
MedianBAR. The 𝑖th gene of a medoid is
𝑀+1
{𝑠𝑖 (𝑡)
{
{
{
𝑀𝑖 (𝑡) = { 𝑠𝑖𝑀 (𝑡) + 𝑠𝑖𝑀+1 (𝑡)
{
⌋
⌊
{
{
2
{

𝑁 is odd
𝑁 is even,

(36)
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𝑗

𝑗

where 𝑠𝑖𝑘 is an element of the ordered set 𝑆(𝑡) = ⟨𝑠1 (𝑡), 𝑠2 (𝑡),
𝑗
𝑗
𝑗
𝑗
. . . , 𝑠𝑁(𝑡)⟩; 𝑆(𝑡) = sort(𝑋(𝑡)); 𝑋(𝑡) = {𝑥1 (𝑡), 𝑥2 (𝑡), . . . , 𝑥𝑁(𝑡)};
𝑗
sort is a sorting operation; 𝑥𝑖 (𝑡) is the task ID in the 𝑖th gene
of the 𝑗th genotype in a population of size 𝑁; and 𝑀 = ⌊𝑁/2⌋.

where 0 < 𝜆 ≤ 1 is a chosen value and is referred to as
a learning rate. This equation allows the information,
embedded in Pm𝑖 (𝑡), from the last cycle to be carried
over (learned) to the next EDA cycle. This step is
related to step 5 in Algorithm 2.

3.5. Other Techniques. This section provides information on
techniques, other than CBAR, McBAR, and MedianBAR, that
are utilized to legitimize some components of McBAR, that is,
to achieve goal 1 in the Introduction.

(8) Steps 2 to 7 are repeated for a fixed number 𝑁cyc
of generations, except at the last generation where
only steps 2 and 3 are executed successively. The
generation index 𝑖 is incremented at every end of
the generations. At the last generation, where 𝑖 =
𝑁cyc, the evolved population 𝐺𝑁cyc (𝑡) is utilized in
the schedule formation scheme in Section 3.3.4 to
form a set 𝑆𝑁cyc (𝑡) of schedules as solutions to the
subproblem 𝜙𝑡2 . Let 𝑆𝑁cyc (𝑡) and 𝐺𝑁cyc (𝑡) be relabeled
as 𝑃(𝑡) and 𝐺(𝑡), respectively.

3.5.1. EDA on Φ2 Problem. The EDA algorithm described in
Section 2.5 is innovated, in order to solve problem Φ2 , and
consequently labeled as EDA/Φ2 . Recall from Section 3.1.1
that subproblem 𝜙02 is set in the original state of a dynamic
environment. With 𝑡 = 0, EDA/Φ2 determines a set of
solutions to 𝜙𝑡2 through the following steps, starting with EDA
cycle 𝑖 = 0.
(1) The probability matrix in (6) is relabeled as Pm𝑖 (𝑡) to
indicate the 𝑡th SOSA of the environment that sets the
problem which it is being used to solve. It is set to have
equal entries of 1/𝑁𝑡; that is, Pm𝑖 (𝑡) = [1/𝑁𝑡], where
𝑁𝑡 is the total number of tasks at the 𝑡th snapshot
of the environment. This step is the equivalent of
EDA/Φ2 to step 1 in Algorithm 2.
(2) The probability matrix Pm𝑖 (𝑡) is then sampled, following the sampling scheme in Section 2.5, to form
a population 𝐺𝑖 (𝑡) of 𝑁 genotypes. This step is related
to step 2 in Algorithm 2.
(3) From 𝐺𝑖 (𝑡), a set 𝑆𝑖 (𝑡) of schedules is formed
through the schedule formation scheme described in
Section 3.3.4.
(4) Costs and makespans of schedules in 𝑆𝑖 (𝑡) are utilized
in NSGA-II’s fast nondominated sorting to obtain
each schedule’s Pareto rank and crowding distance
[40].
(5) 𝑁sel = ⌈𝜌𝑁⌉ genotypes are selected from 𝐺𝑖 (𝑡),
where ⌈⋅⌉ is a round-up operator; 0 < 𝜌 ≤ 1; and
𝜌 is a predefined constant referred to as percent of
population. This selection is performed following the
scheme described in Section 2.4 and is based on the
Pareto rank and crowding distance of schedules in
𝑆𝑖 (𝑡). This step is related to step 3 in Algorithm 2.
(6) These 𝑁sel selected genotypes are included to 𝑁 −
𝑁sel SSGS-generated genotypes to form a new population 𝐺𝑖+1 (𝑡) of size 𝑁. Note that, as explained in
Section 3.3.2, SSGS-generated genotypes add diversity to the population in which they are included.
The inclusion of the SSGS-generated genotypes is
intended to remedy the loss of diversity of the population produced by EDA as the evolutionary cycles
of EDA progress [44].
(7) A new probability matrix Pm𝑖+1 (𝑡) is estimated from
the new population 𝐺𝑖+1 (𝑡). Following [43], the probability matrix to be used in the next step is
Pm𝑖+1 (𝑡) ← 𝜆Pm𝑖+1 (𝑡) + (1 − 𝜆) Pm𝑖 (𝑡) ,

(37)

Steps 6 and 1 are revised to determine solutions to
subproblem 𝜙𝑡2 with 𝑡 > 0. Step 6 is replaced as follows.
The 𝑁sel selected genotypes are included with 𝑁 − 𝑁sel − 1
SSGS-generated genotypes and with a chosen genotype to
complete a population 𝐺𝑖+1 (𝑡) of size 𝑁. The chosen genotype
corresponds to the chosen schedule randomly picked from
the set Pnds(𝑡 − 1) of nondominated solutions in 𝑃(𝑡 −
1). The finished and ongoing tasks in the chosen schedule
are preserved (as explained in Section 3.3.6) in the evolved
schedules as solutions to the subproblem 𝜙𝑡2 .
When there is no increase in the total number of tasks at
the 𝑡th SOSA of the environment, 𝑡 > 0, step 1 is replaced as
follows. Let
𝜏−1

𝐺 [𝑡] = ⋃ Gnds (𝑘) ,

(38)

𝑘=𝑡𝑜 (𝑡)

where 𝑡𝑜 (𝑡) is defined in (28) and Gnds(𝑘) is a set of genotypes
that correspond to all nondominated solutions in the set 𝑃(𝑘)
of solutions to subproblem 𝜙𝑘2 . From 𝐺[𝑡], the probability
matrix Pm𝑖 (𝑡) is estimated. In this way, solutions (e.g.,
Gnds(𝑘)) to subproblems set in past snapshots are utilized
to search for solutions to the current (𝑡th) snapshot of the
environment.
If there is an increase in the total number of tasks, say at
the 𝑡𝑛 th SOSA of the environment, 𝑡𝑛 > 0, step 1 is replaced
as follows. New genes that correspond to new tasks which
appear at the 𝑡𝑛 th SOSA are inserted into all genotypes in 𝐺[𝑡]
of (38) following the scheme in Section 3.4.1. From the geneinserted [𝑡], the 𝑁𝑡 × 𝑁𝑡 probability matrix Pm𝑖 (𝑡) is estimated, where 𝑁𝑡 is the total number of tasks at the 𝑡𝑛 th SOSA.
The algorithm of EDA/Φ2 above implies that any genotype it processed has a fixed length during its evolutionary
process. Thus, following the discussion in Section 3.3.7, the
gene insertion is a legitimate step.
3.5.2. Techniques. As mentioned in Introduction, goal 1 in
this paper is to legitimize some subalgorithms of McBAR.
These subalgorithms are items 2 to 5 of those enumerated
in Section 3.4. The legitimization is based on the idea that
if technique 𝐴 differs from technique 𝐵 in regard to some
components, and if, in general, 𝐴 performs better than 𝐵
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in solving a given set of problems, then the components of
𝐴 distinct from 𝐵 are legitimate for 𝐴 to solve this set of
problems. Consider a sample case of the legitimization. Both
McBAR and EDA/Φ2 (described in Section 3.5.1) individually solve some instances of problem Φ2 . Note that McBAR
uses EA operators while EDA/Φ2 uses distribution sampling
to produce offspring. If in solving most of these instances,
McBAR performs better than EDA/Φ2 , then the EA operators
utilized in McBAR are legitimate components of McBAR to
solve these instances. To accomplish the legitimization goal,
a set T of techniques is formed comprised of McBAR and
other techniques utilized to legitimize some subalgorithms of
McBAR. These other techniques are as follows.
(1) Centroid-based adaptation with minimal repair
(CBAM) differs from GIBAR (described in Section 3.4) only
in using M instead of R to repair centroids. Based on the
descriptions in Sections 3.3 and 3.4 of the subalgorithms of
CBAR and McBAR, respectively, GIBAR differs from McBAR
in using R, in the mapping F of task IDs in genotypes,
and in the maintenance of system S at mapped mode.
Considering that CBAM differs from GIBAR by using M
which is also used by McBAR, then it differs from McBAR
in the mapping F and in the maintenance of system S at
mapped mode. Implied in Section 3.4, the application of the
mapping F causes the maintenance of the system at mapped
mode. Considering this catalysis, the fundamental difference
between CBAM and McBAR is only in regard to F. This
difference will be used as the basis of legitimizing the F in
McBAR.
(2) Mapping of task IDs for centroid-based adaptation
with stochastic repair (McBAS) differs from McBAR only
in using random centroid repair R instead of the minimal
centroid repair M. This difference will be used as the basis of
legitimizing the M in McBAR.
(3) Mapping of task IDs for centroid-based adaptation
(McBA) differs from McBAR in randomly selecting genotypes from the set Gnds(𝑡 − 1) of genotypes that correspond
2
,
to the nondominated solutions to the last subproblem 𝜙𝑡−1
instead of generating genotypes through SSGS, to form the
Rnd(𝑡) component of the initial population in (34), where
𝑡 corresponds to the current subproblem 𝜙𝑡2 being solved.
This difference will be used as the basis of legitimizing the
random immigrant component (SSGS-generated genotypes)
in McBAR.
(4) Mapping of task IDs for centroid-based adaptation
with medoids (MedianBAR) differs from McBAR only in
using the median (defined in (36)) instead of the mean to
compute for the centroid 𝑅(𝑘) in (34). This difference will
be used as the basis of legitimizing the process of taking the
mean in McBAR.
(5) EDA/Φ2 is defined in Section 3.5.1 and differs from
McBAR in its use of sampling and the estimation of a
probability matrix (described in Section 2.5), instead of using
mutation and crossover operators, to form the next generation offspring in its evolutionary process. Note that, based
on Section 3.5.1, EDA/Φ2 does not apply the mapping F
function, maintain system S in mapped mode, and repair the
centroid using M. Based on Section 3.4, these subalgorithms
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Table 6: Optimal EA parameters.
(a)

Technique Population size
RI
100
NDLPOP
96
GIBAR
76
CBAM
76
McBA
100
McBAR
76
McBAS
100
MedianBAR
112

Crossover rate
0.9295
0.8892
0.6813
0.6786
0.7295
0.7558
0.7282
0.9775

Mutation rate
0.7
0.7
0.8
0.8
0.8
0.7
0.7
0.8

(b)

Technique
EDA/Φ2

Learning rate
0.8

Percentage population
0.8

of McBAR are devised due to the use of centroids as memory
in McBAR. On the other hand, EDA/Φ2 uses the probability
matrix as memory, based on the revised step 1 in Section 3.5.1.
Thus, McBAR fundamentally differs from EDA/Φ2 in the use
of EA operators and the centroid. These differences will be
used as the basis of legitimizing the use of the EA operators
and the centroid in McBAR.
(6) NDS of last population (NDLPOP) differs from
GIBAR in randomly selecting genotypes, from the abovementioned set of genotypes Gnds(𝑡 − 1), to form the 𝐶(𝑡)
component of the initial population in (26). Note that the
resulting 𝐶(𝑡) is no longer a set of centroids but rather of
genotypes of Gnds(𝑡−1). Thus, NDLPOP differs from McBAR
in being an explicit memory-based approach. This difference
will be used as the basis of legitimizing the implicit memorybased approach of McBAR.
It is also of interest to compare the performance of
McBAR and the previously enumerated techniques to those
of the following techniques.
(7) Random immigrants (RI) creates an initial population
for NSGA-II to evolve through SSGS. The length of each
genotype in this initial population is equal to the total number
of tasks right after the environmental change of state. This
technique differs from other techniques in T in applying no
rule in creating its initial population, except the rules followed
by SSGS.
(8) Gene-inserting CBAR (GIBAR) is described in
Section 3.4.
Techniques that apply the mapping function F, such as
McBAS, McBA, McBAR, and MedianBAR, are classified as
variants (of McBAR) and the rest of techniques in T as
nonvariants.
The parametric values of EDA/Φ2 and other techniques
in T are listed in Tables 6(b) and 6(a), respectively. These
values enable each of the techniques to yield high quality
solutions to a significant problem instance of Φ2 and are
determined through an approach, described in our other
work [53, 54]. In our preliminary investigations, the performances of the techniques in T other than EDA/Φ2 are high
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4. Results and Discussions
Let us explore the results of solving problem instances of
Φ2 , whose labels are listed in Table 5, by each technique in
T (defined in Section 3.5.2). Section 4.1 presents the results
of determining some performance-enhancing parametric
values of EDA/Φ2 . Note that some EA-parametric values of
techniques in T other than EDA/Φ2 were determined in
our other work [53, 54]. Section 4.2 provides information
on the relative performances of the techniques with respect
to the parameter 𝛿 of the amount of change in duration
of tasks in environments that set the instances. Based on
these relative performances, the subalgorithms of McBAR are
legitimized in Section 4.3. Section 4.4 presents the relative
performances of the techniques with respect to the type of
changes that occur in the environments. Section 4.5 discusses
the dynamics of the relative performances with respect to the
SOSA of the environments. For brevity, let the environments
that set the instances of Φ2 whose labels are listed in Table 5
be referred in this section as the environments.
4.1. 𝐸𝐷𝐴/Φ2 Parametric Values. The values of the learning
rate 𝜆 (defined in item 7) and the percentage 𝜌 (defined in
Item 5) at which the performance of EDA/Φ2 is boosted are
determined as follows. The parameters 𝜆 and 𝜌 are restricted
to take values in the range 0.1 to 0.9 with a 0.1 interval. For
each pair of permissible 𝜆 and 𝜌 values, EDA/Φ2 solves a
significant instance of Φ2 defined in our other work [53, 54].
Then a performance as defined in terms of hypervolume [55]
is computed from the solutions obtained by EDA/Φ2 that
uses the pair in solving the instance. The performances that
correspond to all of the pairs are plotted in Figure 9. This
figure illustrates that the performances are generally high at
𝜆 greater than 0.6 and 𝜌 greater than 0.4. Among the pairs,
EDA/Φ2 performs best at 𝜆 and 𝜌 each being 0.8.
4.2. Relative Performance with respect to Task Duration
Change. Let us now discuss the influence of task duration
changes on the average E𝛿𝑡 [⋅] (defined in (19)) relative performances of techniques in T in solving problem instances
of Φ2 . For brevity, let the average E𝛿𝑡 [⋅] be referred simply as
performance in this and the next subsection.
Table 7(a) presents the performances E𝛿𝑡 [dSC(𝐴, 𝐵)] of
technique 𝐴 over technique 𝐵 which are found in the
first column and first row of this table, respectively. These
performances are derived from the solutions determined
by the techniques in solving problem instances of Φ2 that
have task duration changes parameterized by 𝛿 = 3.0
through (11). Referring to the second row of this table,

×105

1

9.27
0.9
9.26

0.8

9.25

0.7
Population (%)

with evolutionary processes that have selection rate of 0.5.
Further, the performances of all techniques in T are found to
stabilize before the 300th generation of the evolutionary processes in these techniques. Thus, the evolutionary processes
in the techniques are terminated at this value. The approach
to determine the tabulated parametric values of EDA/Φ2 is
explained in Section 4.1.
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Figure 9: Performance of EDA/Φ2 at various values of its parameters.

E𝛿3.0 [dSC(GIBAR, 𝑇)] > 0 only when technique 𝑇 is either
NDLPOP, RI, or EDA/Φ2 . Thus, GIBAR performs better than
NDLPOP, RI, and EDA/Φ2 . Note that the degree of performance is based on the definition in Section 3.2.4. Succeeding
rows in this table demonstrate that the performance of CBAM
is inferior only to that of variants (defined in Section 3.5.2);
the performance of NDLPOP is superior only to that of
EDA/Φ2 and RI; the performance of RI is superior only to
that of EDA/Φ2 ; the performance of EDA/Φ2 is inferior to
all other techniques; the performance of McBA is inferior
to that of other variants and superior to that of nonvariants;
the performance of McBAR is inferior to that of MedianBAR
only; the performance of McBAS is inferior to that of McBAR
and MedianBAR only; and the performance of MedianBAR
is superior to that of all other techniques. Note however
that the degree of MedianBAR’s superiority to McBAR is
small, E𝛿3.0 [dSC(McBAR, MedianBAR)] = 0.01, that is, near
zero. Data in this table showed variants to be superior to
nonvariants.
Table 7(b) presents the performances of technique 𝐴 over
technique 𝐵 which are found at the first column and first
row of this table, respectively. This average is determined by
the techniques in solving problem instances of Φ2 that have
task duration changes parameterized by 𝛿 = 6.0 through
(11). Table 7(b) illustrates that the performances between
the techniques are generally similar to those of Table 7(a),
except that the performance of McBAR is superior to all
other techniques, especially on MedianBAR, and that the
performance of MedianBAR is inferior by a small degree to
that of McBAR, E𝛿6.0 [dSC(MedianBAR, McBAR)] = −0.01. In
view of these findings and considering that Tables 7(a) and
7(b) correspond to 𝛿 = 3.0 and 𝛿 = 6.0, respectively, the
performances of techniques in both tables are generally not
affected by the two values of 𝛿.
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Table 7: Average differential set coverage E[dSC𝛿] with (a) 𝛿 = 3.0 (b) 𝛿 = 6.0.
(a)

Techniques
GIBAR
CBAM
NDLPOP
RI
EDA/Φ2
McBA
McBAR
McBAS
MedianBAR

GIBAR
N/A
0.54
−0.56
−0.37
−0.99
0.64
0.63
0.61
0.65

CBAM
−0.54
N/A
−0.01
−0.23
−0.99
0.35
0.36
0.33
0.38

NDLPOP
0.56
0.01
N/A
−0.24
−1.00
0.34
0.36
0.33
0.37

RI
0.37
0.23
0.24
N/A
−1.00
0.47
0.49
0.45
0.50

EDA/Φ2
0.99
0.99
1.00
1.00
N/A
1.00
1.00
1.00
1.00

McBA
−0.64
−0.35
−0.34
−0.47
−1.00
N/A
0.07
0.01
0.09

McBAR
−0.63
−0.36
−0.36
−0.49
−1.00
−0.07
N/A
−0.07
0.01

McBAS
−0.61
−0.33
−0.33
−0.45
−1.00
−0.01
0.07
N/A
0.08

MedianBAR
−0.65
−0.38
−0.37
−0.50
−1.00
−0.09
−0.01
−0.08
N/A

EDA/Φ2
0.99
1.00
1.00
1.00
N/A
1.00
1.00
1.00
1.00

McBA
−0.65
−0.34
−0.37
−0.50
−1.00
N/A
0.09
0.00
0.08

McBAR
−0.66
−0.36
−0.39
−0.51
−1.00
−0.09
N/A
−0.11
−0.01

McBAS
−0.62
−0.31
−0.35
−0.46
−1.00
0.00
0.11
N/A
0.07

MedianBAR
−0.67
−0.37
−0.38
−0.51
−1.00
−0.08
0.01
−0.07
N/A

(b)

Technique
GIBAR
CBAM
NDLPOP
RI
EDA/Φ2
McBA
McBAR
McBAS
MedianBAR

GIBAR
N/A
0.58
−0.56
−0.37
−0.99
0.65
0.66
0.62
0.67

CBAM
−0.58
N/A
−0.05
−0.28
−1.00
0.34
0.36
0.31
0.37

NDLPOP
0.56
0.05
N/A
−0.25
−1.00
0.37
0.39
0.35
0.38

RI
0.37
0.28
0.25
N/A
−1.00
0.50
0.51
0.46
0.51

Let the rank of superiority in performance of a technique
over other techniques in T be the number of these other
techniques on both tables to which it is superior. The
techniques in T arranged in descending order of superiority
are McBAR, MedianBAR, McBAS, McBA, CBAM, GIBAR,
NDLPOP, RI, and EDA/Φ2 whose performances are superior
to 15, 15, 12, ten, eight, six, four, two, and zero techniques in
the tables, respectively.
4.3. Legitimization. Let us now legitimize subalgorithms
of McBAR using, the legitimization principle presented in
Section 3.5.2, the above results and the differences of McBAR
to other techniques described in Section 3.5.2. Note that item
numbers cited in this subsection refer to items in the enumeration in Section 3.5.2. Based on the legitimization principle,
the superiority of McBAR to CBAM (Item 1) legitimizes its
use of mapping F since, as discussed in Section 3.5.2, it
fundamentally differs from CBAM on this subalgorithm. Its
superiority in performance to McBAS legitimizes its use of
the minimum centroid repair M since it differs from McBAS
on this mapping only. Its superiority in performance to McBA
(Item 3) legitimizes its use of the random immigrant component 𝑆(𝑡) in (34) since it differs from McBA by this component
only. As noted in Section 3.3.2, random immigrants can
diversify an initial population that includes them. Thus, the
superiority of McBAR over McBA supports the finding in
[31] on the relevance of diversification of population in some
EA evolutionary processes. The approximately equal performance of McBAR to MedianBAR (Item 4) does not legitimize
its use of the mean to compute the centroid through (23).

Table 8: Average execution time.
Technique
GIBAR
CBAM
NDLPOP
RI
EDA/Φ2
McBA
McBAR
McBAS
MedianBAR

𝛿 = 3.0
5.025𝐸 + 10
5.018𝐸 + 10
4.645𝐸 + 10
4.282𝐸 + 10
4.820𝐸 + 10
5.285𝐸 + 10
5.428𝐸 + 10
5.055𝐸 + 10
6.608𝐸 + 10

𝛿 = 6.0
5.104𝐸 + 10
5.082𝐸 + 10
4.714𝐸 + 10
4.456𝐸 + 10
4.921𝐸 + 10
5.330𝐸 + 10
5.465𝐸 + 10
5.123𝐸 + 10
6.721𝐸 + 10

The superiority in performance of McBAR to NDLPOP (Item
6) legitimizes its use of an implicit memory-based approach
since it differs from NDLPOP on this type of approach. Its
superiority in performance to EDA/Φ2 (Item 5) legitimizes
its combined use of EA operators and centroids since it
fundamentally differs from EDA/Φ2 on these components.
Table 8 lists the average number of CPU cycles, on
identical computing machines, required by techniques in T
to determine solutions to Φ2 problem instances whose labels
are listed in Table 5. This average is taken over a similar
domain as in the average E𝛿𝑑 [⋅] in (19). Based on the column
with the heading 𝛿 = 3.0, nonvariants require lesser CPU
cycles to determine the solutions than variants. Among the
variants, MedianBAR requires the most number of CPU
cycles to determine the solutions. This last result is expected
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Table 9: Average E𝜏𝑡 [⋅] performance under change types 0 to 2.

Type

0

1

2

Technique
GIBAR
CBAM
NDLPOP
RI
EDA/Φ2
McBA
McBAR
McBAS
MedianBAR
GIBAR
CBAM
NDLPOP
RI
EDA/Φ2
McBA
McBAR
McBAS
MedianBAR
GIBAR
CBAM
NDLPOP
RI
EDA/Φ2
McBA
McBAR
McBAS
MedianBAR

GIBAR
N/A
0.55
−0.56
−0.34
−0.99
0.59
0.58
0.57
0.61
N/A
0.59
−0.57
−0.40
−1.00
0.73
0.72
0.66
0.74
N/A
0.53
−0.51
−0.19
−0.99
0.82
0.84
0.82
0.84

CBAM
−0.55
N/A
−0.03
−0.29
−0.99
0.25
0.23
0.21
0.25
−0.59
N/A
−0.05
−0.26
−1.00
0.43
0.48
0.43
0.49
−0.53
N/A
−0.03
−0.28
−0.99
0.71
0.73
0.69
0.74

NDLPOP
0.56
0.03
N/A
−0.29
−0.99
0.25
0.25
0.22
0.25
0.57
0.05
N/A
−0.23
−1.00
0.44
0.48
0.44
0.50
0.51
0.03
N/A
−0.24
−0.99
0.74
0.75
0.72
0.75

RI
0.34
0.29
0.29
N/A
−0.99
0.43
0.42
0.38
0.43
0.40
0.26
0.23
N/A
−1.00
0.55
0.58
0.53
0.60
0.19
0.28
0.24
N/A
−0.99
0.78
0.79
0.77
0.79

since the computation of the median is more algorithmically
complex than the computation of the mean based on (36)
and (23), respectively. The relationships of the numbers of
CPU cycles for the column heading 𝛿 = 3.0 are also true for
the column heading 𝛿 = 6.0. Thus, the relationships are not
affected by the two values of 𝛿.
McBAR requires less computational expense than MedianBAR to determine the solutions to all problem instances
in Table 5; it has superior (as illustrated in Table 7(b))
performance to MedianBAR in solving problem instances in
Table 5 whose task duration changes are parameterized by
𝛿 = 6.0 and it has superior (as illustrated in both Tables
7(a) and 7(b)) performance to all techniques, other than
itself and MedianBAR. Despite the inferior (as illustrated in
Table 7(a)) performance of McBAR to MedianBAR in solving
problem instances in Table 5 whose task duration changes are
parameterized by 𝛿 = 3.0, these findings show McBAR to be
the most versatile technique among all the techniques in T.
4.4. Relative Performance with respect to Type of Changes.
Let us now explore the influence of the type of changes
in the environment on the average E𝜏𝑡 [⋅] (defined in (20))
relative performances of techniques in T in solving problem
instances of Φ2 set in the environment. For brevity, let the

EDA/Φ2
0.99
0.99
0.99
0.99
N/A
0.99
1.00
1.00
1.00
1.00
1.00
1.00
1.00
N/A
1.00
1.00
1.00
1.00
0.99
0.99
0.99
0.99
N/A
1.00
1.00
1.00
1.00

McBA
−0.59
−0.25
−0.25
−0.43
−0.99
N/A
0.04
−0.01
0.05
−0.73
−0.43
−0.44
−0.55
−1.00
N/A
0.16
0.06
0.15
−0.82
−0.71
−0.74
−0.78
−1.00
N/A
0.01
−0.02
0.04

McBAR
−0.58
−0.23
−0.25
−0.42
−1.00
−0.04
N/A
−0.05
0.02
−0.72
−0.48
−0.48
−0.58
−1.00
−0.16
N/A
−0.11
−0.04
−0.84
−0.73
−0.75
−0.79
−1.00
−0.01
N/A
−0.09
0.07

McBAS
−0.57
−0.21
−0.22
−0.38
−1.00
0.01
0.05
N/A
0.07
−0.66
−0.43
−0.44
−0.53
−1.00
−0.06
0.11
N/A
0.08
−0.82
−0.69
−0.72
−0.77
−1.00
0.02
0.09
N/A
0.08

MedianBAR
−0.61
−0.25
−0.25
−0.43
−1.00
−0.05
−0.02
−0.07
N/A
−0.74
−0.49
−0.50
−0.60
−1.00
−0.15
0.04
−0.08
N/A
−0.84
−0.74
−0.75
−0.79
−1.00
−0.04
−0.07
−0.08
N/A

average E𝜏𝑡 [⋅] be referred to simply as performance in this
subsection.
Tables 9 to 11 present the performances E𝜏𝑡 [dSC(𝐴, 𝐵)]
where 𝐴 is the technique name under the column heading “technique” and 𝐵 is the technique name in the table
heading. Further, the integer under the column heading
“type” is the change type label 𝑡 enumerated in Table 2.
In the first row of Table 9, E𝜏0 [dSC(CBAM, McBA)] =
−0.25, E𝜏0 [dSC(CBAM, McBAR)] = −0.23, E𝜏0 [dSC(CBAM,
McBAS)] = −0.21, and E𝜏0 [dSC(CBAM, MedianBAR)] =
−0.25. Thus, GIBAR performs more poorly than all variants
when the environment changes in task duration only (type 0
in Table 2). CBAM, NDLPOP, and RI also perform worse than
variants at change type 0 based, respectively, on the second to
the fourth rows of the type 0 group of rows.
The performance of the nonvariants, in the type 5 group
of rows in Table 10, is inferior to that of the variants when the
change in the environment is of type 5 (simultaneous changes
in task duration and number). The degree of inferiority
is of an approximately similar degree as to that which is
found when the change in the environment is of type 0.
The performance of nonvariants, in type 1 group of rows in
Table 9, is inferior to that of variants when the change in the
environment is of type 1 (change in resource availability). This
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Table 10: Average E𝜏𝑡 [⋅] performance under change types 3 to 5.

Type

3

4

5

Technique
GIBAR
CBAM
NDLPOP
RI
EDA/Φ2
McBA
McBAR
McBAS
MedianBAR
GIBAR
CBAM
NDLPOP
RI
EDA/Φ2
McBA
McBAR
McBAS
MedianBAR
GIBAR
CBAM
NDLPOP
RI
EDA/Φ2
McBA
McBAR
McBAS
MedianBAR

GIBAR
N/A
0.62
−0.58
−0.14
−1.00
0.90
0.92
0.89
0.92
N/A
0.57
−0.58
−0.40
−1.00
0.21
0.27
0.21
0.26
N/A
0.60
−0.59
−0.09
−1.00
0.68
0.68
0.64
0.68

CBAM
−0.62
N/A
−0.07
−0.24
−1.00
0.68
0.76
0.70
0.75
−0.57
N/A
−0.02
−0.24
−1.00
−0.16
−0.09
−0.15
−0.09
−0.60
N/A
−0.03
−0.18
−1.00
0.36
0.42
0.35
0.40

NDLPOP
0.58
0.07
N/A
−0.16
−1.00
0.71
0.78
0.73
0.76
0.58
0.02
N/A
−0.24
−1.00
−0.16
−0.07
−0.11
−0.08
0.59
0.03
N/A
−0.15
−1.00
0.39
0.43
0.38
0.42

RI
0.14
0.24
0.16
N/A
−1.00
0.78
0.82
0.78
0.82
0.40
0.24
0.24
N/A
−1.00
−0.03
0.06
−0.01
0.03
0.09
0.18
0.15
N/A
−1.00
0.46
0.50
0.45
0.49

EDA/Φ2
1.00
1.00
1.00
1.00
N/A
1.00
1.00
1.00
1.00
1.00
1.00
1.00
1.00
N/A
1.00
1.00
1.00
1.00
1.00
1.00
1.00
1.00
N/A
1.00
1.00
1.00
1.00

McBA
−0.90
−0.68
−0.71
−0.78
−1.00
N/A
0.24
0.10
0.20
−0.21
0.16
0.16
0.03
−1.00
N/A
0.09
−0.01
0.10
−0.68
−0.36
−0.39
−0.46
−1.00
N/A
0.11
0.01
0.10

McBAR
−0.92
−0.76
−0.78
−0.82
−1.00
−0.24
N/A
−0.14
−0.05
−0.27
0.09
0.07
−0.06
−1.00
−0.09
N/A
−0.10
0.01
−0.68
−0.42
−0.43
−0.50
−1.00
−0.11
N/A
−0.14
−0.02

McBAS
−0.89
−0.70
−0.73
−0.78
−1.00
−0.10
0.14
N/A
0.06
−0.21
0.15
0.11
0.01
−1.00
0.01
0.10
N/A
0.07
−0.64
−0.35
−0.38
−0.45
−1.00
−0.01
0.14
N/A
0.11

MedianBAR
−0.92
−0.75
−0.76
−0.82
−1.00
−0.20
0.05
−0.06
N/A
−0.26
0.09
0.08
−0.03
−1.00
−0.10
−0.01
−0.07
N/A
−0.68
−0.40
−0.42
−0.49
−1.00
−0.10
0.02
−0.11
N/A

McBAR
−0.84
−0.65
−0.65
−0.73
−1.00
−0.15
N/A
−0.14
−0.07

McBAS
−0.81
−0.59
−0.60
−0.68
−1.00
−0.02
0.14
N/A
0.07

MedianBAR
−0.85
−0.64
−0.65
−0.73
−1.00
−0.11
0.07
−0.07
N/A

Table 11: Average E𝜏𝑡 [⋅] performance under change type 6.
Type

6

Technique
GIBAR
CBAM
NDLPOP
RI
EDA/Φ2
McBA
McBAR
McBAS
MedianBAR

GIBAR
N/A
0.54
−0.53
−0.11
−1.00
0.85
0.84
0.81
0.85

CBAM
−0.54
N/A
−0.03
−0.19
−1.00
0.63
0.65
0.59
0.64

NDLPOP
0.53
0.03
N/A
−0.18
−1.00
0.63
0.65
0.60
0.65

RI
0.11
0.19
0.18
N/A
−1.00
0.72
0.73
0.68
0.73

inferiority is of higher degree when the change in the environment is of type 0; for example, E𝜏0 [dSC(CBAM, McBAS)] <
E𝜏1 [dSC(CBAM, McBAS)].
The type 2 group of rows in Table 9, type 3 group of rows
in Table 10, and type 6 group of rows in Table 11 demonstrate
that the performance of the nonvariants is inferior to that
of the variants when the changes in the environment are of
types 2, 3, and 6, respectively. This inferiority is greater when
the change in the environment is of type 1. Note that change
types 2, 3, and 6, based on Table 2, involve change in the total

EDA/Φ2
1.00
1.00
1.00
1.00
N/A
1.00
1.00
1.00
1.00

McBA
−0.85
−0.63
−0.63
−0.72
−1.00
N/A
0.15
0.02
0.11

number of tasks. The above results manifest the superiority of
variants over nonvariants when the changes in the environment involve change in total number of tasks, that is, change
types 2, 3, 5, and 6. However, the variants in the type 4 group
of rows in Table 9 perform less well than CBAM, NDLPOP,
and RI when the change in the environment is of type 4
which, according to Table 2, denotes simultaneous changes
in task duration and resource availability, for example, a type
of changes that does not involve change in the total number
of tasks. Tables 9 to 11 illustrate the inferior performance of
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Figure 10: Dynamics of E𝜎𝑗,𝑘 [⋅] with 𝛿 = 3.0 with (a) McBAR, (b) McBA, and (c) McBAS as basis techniques.

EDA/Φ2 to all other techniques in T with any type of changes
in the environment. Further, they manifest the approximately
similar performances of McBAR and MedianBAR compared
to other techniques in T.
4.5. Dynamic Performance. Let us now investigate the influence of the dynamics of the environment on the average
E𝜎𝑗,𝑘 [⋅] (defined in (21)) relative performances of techniques in
T in solving problem instances of Φ2 set in the environment.
As mentioned above, the performance of EDA/Φ2 on average
is inferior to all other techniques in T in solving the
problem instances. Further, McBAR and MedianBAR have
approximately similar performances, on another average,
relative to other techniques in T. Not shown, the dynamics
of performances, based on the E𝜎𝑗,𝑘 [⋅] average, of GIBAR
and CBAM relative to other techniques in T are not significantly different. By these observations EDA/Φ2 , GIBAR,
and MedianBAR are excluded from the following discussions.
The included techniques are NDLPOP, RI, McBA, McBAR,
McBAS, and CBAM.
For brevity, let the average E𝜎𝑗,𝑘 [dSC(𝐴, 𝐵)] be referred
to simply as the performance in the remaining portion of
this section. Before further discussion, let us describe a

certain figure format crucial in presenting the dynamics of
the performances of the included techniques.
4.5.1. Figure Arrangement. The average E𝜎𝑗,𝑘 [dSC(𝑇, 𝑆)] is
illustrated in Figures 10 and 11 for some combinations of
its indices 𝑗 and 𝑘, related as 𝑗th subproblem of instance
𝑘 listed in Table 5, where 0 ≤ 𝑗 ≤ 𝐿 and 𝐿 is defined
in Section 3.2.1. In Figure 10(a), the heading of the block of
white colored small squares is the name of technique 𝑇, called
basis technique (e.g., McBAR). Further, the headings over
colored blocks are names of techniques denoted by 𝑆. For
example, the middle block of Figure 10(a) under the heading
McBAS corresponds to averages E𝜎𝑗,𝑘 [dSC(McBAR, McBAS)],
for various combinations of indices 𝑗 and 𝑘. This techniqueheading correspondence applies to all other subfigures of
Figures 10 and 11.
In Figure 10(a), row of blocks at similar level as the label 𝑆𝑖
at the left of this figure correspond to TSC 𝑆𝑖 listed in Table 5,
where 1 ≤ 𝑖 ≤ 3. For example, the middle blocks correspond
to 𝑆2 . A colored block in the figure is denoted by the 𝑆𝑖 label
which is of similar level as this block and by the heading under
which this block is found. For example, 𝑆2 -RI block is the
middle block under the RI column heading. Blocks at the
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Figure 11: Dynamics of E𝜎𝑗,𝑘 [⋅] with 𝛿 = 6.0 with (a) McBAR, (b) McBA, and (c) McBAS as basis techniques.

same level as the 𝑆𝑖 label also correspond to an ordered set
𝑁𝑖3.0 of Φ2 instances listed in Table 5 where
𝑁13.0 = ⟨1, 7, 13, 19, 25⟩ ,

(39)

𝑁23.0 = ⟨2, 8, 14, 20, 26⟩ ,

(40)

𝑁33.0 = ⟨3, 9, 15, 21, 27⟩ .

(41)

For example, the middle blocks correspond to 𝑁23.0 . Inside a
block at the same level as the 𝑆𝑖 label, the rows from bottom to
top correspond to elements of 𝑁𝑖3.0 , respectively. For example,
the bottom to top rows of 𝑆2 -RI block correspond to instances
2, 8, 14, 20, and 26, respectively.
The horizontal coordinate of each small square in each
block corresponds to the 𝑗th SOSA of the environment that
sets problem instance in 𝑁𝑖3.0 . Continuing the example, the
fourth small square from the left on the third row of the 𝑆2 RI block corresponds to the fourth SOSA of the environment
that sets instance 14 (the third element of 𝑁23.0 ); that is, it
corresponds to problem instance 1442 (refer to Section 3.2.1
for notation). The colorbar at the furthest right of the figure
maps colors in the squares to values. In the example, the color
of the small square that corresponds to problem instance 1442

represents E𝜎4,14 [dSC(McBAR, McBAS)]. As E𝜎𝑗,𝑘 [dSC(𝑇, 𝑆)]
denotes performance, each row in a block expresses the
dynamics of the performance of a basis technique 𝑇 over
another 𝑆.
In the 𝑆2 -RI block, the bottom to top rows of the vertical
strip of small squares at the fourth SOSA correspond to
subproblem instances 224 , 824 , 1442 , 2024 , and 2642 (based from
𝑁23.0 = ⟨2, 8, 14, 20, 26⟩). The types of changes in the
environments that set these subproblem instances are the
elements of the vector,
𝑉 = ⟨𝐶𝑡 (2, 4) , 𝐶𝑡 (8, 4) , 𝐶𝑡 (14, 4) , 𝐶𝑡 (20, 4) , 𝐶𝑡 (26, 4)⟩
= ⟨2, 2, 2, 2, 2⟩ ,
(42)
where (13) is used to obtain the last line. This result implies
that the rows in the vertical strip all correspond to change
type 2 which, based on Table 2, denotes an increase in number
of tasks. Now, using (16) and (40), we obtain a compact form,
𝑉 = 𝐶𝑡 (⟨2, 8, 14, 20, 26⟩, 4) = 𝐶𝑡 (𝑁23.0 , 4) .

(43)

Following a similar approach and using (17),
𝑁𝑡(𝑁23.0 , 4) = ⟨3, 4, 5, 6, 7⟩. In general, given a vertical
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strip at SOSA 𝑗 in a block at 𝑆𝑖 level, the types of changes and
size of increase in the total number of tasks in environments
that correspond to the bottom to top rows of this strip can
be determined from 𝐶𝑡(𝑁𝑖3.0 , 𝑗) and 𝑁𝑡(𝑁𝑖3.0 , 𝑗), respectively.
Using (18), 𝑃𝑡(𝑁𝑖3.0 ) = ⟨𝑇3 , 𝑇4 , 𝑇5 , 𝑇6 , 𝑇7 ⟩ which implies
that the bottom to top rows correspond to the subproblems
constrained by the task-precedence networks 𝑇3 to 𝑇7 ,
respectively.
Figures 10(b) and 10(c) differ from Figure 10(a) only on
their corresponding basis techniques, which are McBA and
McBAS, respectively. For example, the fifth small square
on the second row of the 𝑆3 -McBAR block in Figure 10(b)
corresponds to E𝜎5,9 [dSC(McBA, McBAR)] where index 9 is
the instance label that corresponds to the second row, that is,
the second element of 𝑁33.0 . Note that, based on Table 5, all of
Φ2 instances in 𝑁13.0 , 𝑁23.0 , and 𝑁33.0 correspond to 𝛿 = 3.0
such that representation format of E𝜎𝑗,𝑘 [⋅] in these figures is
called the 𝐹3.0 format.
The representation format of E𝜎𝑗,𝑘 [⋅] in Figures 11(a) to
11(c) only differs from that in Figures 10(a) to 10(c) by using
𝑁16.0 = {4, 10, 16, 22, 28} ,

(44)

𝑁26.0 = {5, 11, 17, 23, 29} ,

(45)

𝑁36.0 = {6, 12, 18, 24, 30}

(46)

instead of 𝑁13.0 , 𝑁23.0 , and 𝑁33.0 , respectively. Note that the rows
from the bottom to the top in blocks of Figure 11(a) to 11(c)
correspond to Φ2 instance labels in 𝑁16.0 to 𝑁36.0 , respectively.
Based on Table 5, all of Φ2 instances in sets 𝑁16.0 to 𝑁36.0
correspond to 𝛿 = 6.0, such that the representation format
of E𝜎𝑗,𝑘 [⋅] in Figures 11(a) to 11(c) is called the 𝐹6.0 format.
4.5.2. 𝑆1 -NDLPOP Block. As mentioned above, the techniques to be analyzed below are NDLPOP, RI, McBA,
McBAR, McBAS, and CBAM. Let us now discuss their
performances in solving problems set in a dynamic environment. In Figure 10(a), the color of the first square from
the left of the bottom row of 𝑆1 -NDLPOP block denotes
E𝜎1,1 [dSC(McBAR, NDLPOP)] > 0. Note that by (13),
𝐶𝑡(1, 1) = 0 which denotes a type of change in the
environment that only involves a change in task duration,
based on Table 2. This result implies that McBAR performs
better than NDLPOP in solving the first subproblem of
instance 1 set in the environment that undergoes only changes
in task duration at its first SOSA.
The first to third vertical strips from the left of 𝑆1 NDLPOP block show that E𝜎𝑆,𝑁𝑠 [dSC(McBAR, NDLPOP)] >
0, ∀𝑆, 1 ≤ 𝑆 ≤ 3, and ∀𝑁𝑠 ∈ 𝑁13.0 (which corresponds to
one vertical strip as explained above). This result implies that
McBAR performs better than NDLPOP in solving each of the
first to third subproblems of instances in 𝑁13.0 . Considering
that 𝐶𝑡(𝑁𝑠, 𝑆) = 0, ∀𝑆, 1 ≤ 𝑆 ≤ 3, and ∀𝑁𝑠 ∈ 𝑁13.0 , then
the instances are set in environments that undergo changes
in task duration at each of their first to third SOSA.

The fourth vertical strip of the 𝑆1 -NDLPOP block
expresses an abrupt increase in the superiority of performance of McBAR over NDLPOP in solving the fourth
subproblems of instances 𝑁𝑠 ∈ 𝑁13.0 . As 𝐶𝑡(𝑁𝑠, 4) = 2, based
on Table 2, the instances are set in environments that undergo
changes in the total number of tasks at their fourth. The fifth
to seventh vertical strips of the block show that the superiority
of McBAR over NDLPOP generally continues till the seventh
subproblems of instances in 𝑁13.0 .
However, the first and third rows from the bottom of
the eighth vertical strip of the 𝑆1 -NDLPOP block show
that McBAR is inferior to NDLPOP in solving the eighth
subproblems of instances 1 and 13 (which correspond to first
and third rows, resp.). As 𝐶𝑡(1, 8) = 4 and 𝐶𝑡(13, 8) = 4
(based on Table 2) the instances are set in environments that
undergo simultaneous changes in task duration and resource
availabilities at their eighth SOSA. The first and third rows
from the bottom of the ninth vertical strip of the block show
that the inferiority continues to the ninth subproblems of
instances 1 and 13 set in environments that undergo changes
(types 0 = 𝐶𝑡(1, 9) and 0 = 𝐶𝑡(13, 9)) in task duration at their
ninth SOSA.
As implied above, McBAR is superior in performance
to NDLPOP in solving the first to third subproblems of
instances 1 and 13 set in environments that undergo only
changes in task duration at each of their first to third SOSA.
Thus, McBAR cannot be expected to be inferior to NDLPOP
in solving the ninth subproblems of instances 1 and 13 set
in the environments that similarly undergo changes in task
duration at their ninth SOSA. However, despite the similarity
in the type of changes, the inferiority continues from the
eighth to the ninth SOSAs of the environments. This suggests
inertia in the performance of McBAR.
In contrast, the second, fourth, and fifth rows from
the bottom of the eighth and ninth vertical strips of 𝑆1 NDLPOP block express the continuity of superiority in the
performance of McBAR against NDLPOP in solving the
eighth to the ninth subproblems of instances 7, 19, and 25
(which correspond to the rows, resp.) set in environments
that undergo simultaneous changes in resource availability
and task duration (at the eighth SOSA) and sole change in
task duration (at the ninth SOSA), respectively.
Based on the tenth to the 12th vertical strips of 𝑆1 NDLPOP block, McBAR is generally superior in performance
to NDLPOP in solving the tenth to the 12th subproblems of
all instances 𝑁𝑠 ∈ 𝑁13.0 . Each of the environments that set
the instances undergoes changes (types 5 = 𝐶𝑡(𝑁𝑠, 10) and
3 = 𝐶𝑡(𝑁𝑠, 11)) that involve an increase in its total number
of tasks at its tenth and 11th SOSA and undergoes changes
(type 0 = 𝐶𝑡(𝑁𝑠, 12)) in task duration at its 12th SOSA.
Referring back to the fourth vertical strip of the 𝑆1 NDLPOP block, the small squares from bottom to top of
this strip correspond, respectively, to fourth subproblems of
instances in ⟨1, 7, 13, 19, 25⟩ (= 𝑁13.0 ) set in environments
that undergo, at their fourth, increases in the total number
of tasks by ⟨3, 4, 5, 6, 7⟩ (= 𝑁𝑡(𝑁13.0 , 3)), respectively. Based
on the colors in the strip and their corresponding increases
in the total number of tasks, the superiority in performance
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of McBAR over NDLPOP in solving the subproblems is
not affected by the size of the increase in the total number
of tasks at the fourth of the environments that set the
instances in 𝑁13.0 . Based on the discussions in Section 3.2.1,
the subproblems are constrained by task precedence networks
illustrated in Figures 6(a), 4, and 6(b) to 6(d), respectively.
Thus, the superiority in performance of McBAR to NDLPOP
is not affected by the type of network that constrained the
subproblems. An analogous conclusion can be drawn from
the sixth vertical strip of the block, whose bottom to top rows
correspond to ⟨2, 4, 3, 2, 1⟩ (= 𝑁𝑡(𝑁13.0 , 6)) increases in the
total number of tasks, respectively, and from the tenth vertical
strip whose bottom to top rows correspond to ⟨2, 1, 1, 1, 1⟩
(= 𝑁𝑡(𝑁13.0 , 10)) increases in the total number of tasks,
respectively. Note, however, that the networks are related
by being derived from the original network (illustrated in
Figure 1) as explained in Section 3.2.1.
4.5.3. 𝑆2 -NDLPOP Block. The first and second vertical strips
of the 𝑆2 -NDLPOP block illustrate that E𝜎𝑆,𝑁𝑠 [dSC(McBAR,
NDLPOP)] > 0, ∀𝑆, 1 ≤ 𝑆 ≤ 2, and ∀𝑁𝑠 ∈ 𝑁23.0 =
⟨2, 8, 14, 20, 26⟩ from which 𝐶𝑡(𝑁𝑠, 𝑆) = 0. This implies that
McBAR performs better than NDLPOP in solving each of
the first and second subproblems of instances in 𝑁23.0 set in
environments that undergo changes (type 0 = 𝐶𝑡(𝑁𝑠, 𝑆)) in
task duration at each of their first and second SOSAs.
Unlike the case of the 𝑆1 -NDLPOP block, the abrupt
increase in the superiority in performance of McBAR to
NDLPOP is expressed by the third vertical strip of the
𝑆2 -NDLPOP block. The bottom to top rows of this strip
correspond (as explained in Section 4.5.1) to the instances
in 𝑁23.0 , respectively, set in the environments that undergo
increases in the total number of tasks at their third SOSA.
Based on the rows of the eighth vertical strip of the 𝑆2 NDLPOP block, McBAR is generally inferior in performance
to NDLPOP in solving the eighth subproblem of all instances
𝑁𝑠 ∈ 𝑁23.0 . Each of the environments that set the instances
undergoes simultaneous changes (type 4 = 𝐶𝑡(𝑁𝑠, 8)) in
resource availability and duration of tasks at its eighth SOSA.
Unlike the case of the 𝑆1 -NDLPOP block, based on the ninth
vertical strip of 𝑆2 -NDLPOP block, this inferiority is not
continued to the next (ninth) SOSA of the environments;
each undergoes changes (type 6 = 𝐶𝑡(𝑁𝑠, 9)) that involve an
increase in the total number of tasks. Based on the ninth to
12th vertical strips, McBAR remains superior in performance
to NDLPOP at the ninth to 12th SOSAs of the environments.
In the 3rd vertical strip of the 𝑆2 -NDLPOP block, the
small squares from bottom to top correspond, respectively, to
3rd subproblem of instances in ⟨2, 8, 14, 20, 26⟩ (= 𝑁23.0 ) set
in environments that undergo, at their 3rd SOSA, increases
in the total number of tasks by ⟨3, 4, 5, 6, 7⟩ (= 𝑁𝑡(𝑁23.0 , 6)),
respectively. Based on the colors in the strip and their
corresponding increases in the total number of tasks, the
superiority in performance of McBAR over NDLPOP in
solving the subproblems is almost constant with respect to
the size of the increase in the total number of tasks. Following
the explanation in the last subsection, this superiority is
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also almost constant with respect to the types of task precedence networks that constrain the subproblems. Analogous
conclusions can be drawn from the sixth, ninth, and tenth
vertical strips of the 𝑆2 -NDLPOP block.
4.5.4. 𝑆3 -NDLPOP Block. The first two vertical strips of the
𝑆3 -NDLPOP block express the dynamics, of the superiority
in performance of McBAR over NDLPOP, similar to that
expressed by the first two vertical strips of the 𝑆2 -NDLPOP
block. The third to fifth rows from the bottom of the fifth
vertical strip of the 𝑆3 -NDLPOP block illustrate that McBAR
is inferior to NDLPOP in solving the fifth subproblems of
instances 15, 21, and 27 set in environments that undergo
change types ⟨4, 4, 4⟩ = 𝐶𝑡(⟨15, 21, 27⟩, 5) which are simultaneous changes in task duration and resource availabilities
(based on Table 2) at their fifth SOSA. This inferiority
continues to be expressed at the third to the fifth rows from
the bottom of the sixth and seventh vertical strips of the 𝑆3 NDLPOP block where, correspondingly, the environments
undergo change types (⟨0, 0, 0⟩ = 𝐶𝑡(⟨15, 21, 27⟩, 6) and
⟨0, 0, 0⟩ = 𝐶𝑡(⟨15, 21, 27⟩, 7)) which are changes in task
durations at their sixth and seventh SOSAs, respectively. This
result suggests inertia on the performance of McBAR over
NDLPOP.
The bottom row of the eighth vertical strip of the 𝑆3 NDLPOP block also shows the inferiority in performance of
McBAR over NDLPOP in solving the subproblem of instance
3 set in the environment that undergoes, at its eighth SOSA,
simultaneous changes (𝐶𝑡(3, 8) = 5) in resource availability
and the total number of tasks. The bottom rows of the ninth
to 11th vertical strips express the continuity of this inferiority
in solving the ninth to 11th subproblems of instance 3. All
other unaccounted squares in the 𝑆3 -NDLPOP block shows
the superiority in performance of McBAR over NDLPOP in
solving subproblems that correspond to these squares.
In the third vertical strip of the 𝑆3 -NDLPOP block, the
small squares from bottom to top correspond, respectively,
to the third subproblems of instances in 𝑁33.0 set in environments that undergo, at their third SOSA, increases in
the total number of tasks by ⟨3, 4, 5, 6, 7⟩ (= 𝑁𝑡(𝑁23.0 , 6)),
respectively. Based on the colors in the strip and their
corresponding increases in the total number of tasks, the
superiority in performance of McBAR over NDLPOP in
solving the subproblems is almost constant with respect to
the size of the increase in the total number of tasks. Based on
the explanation in Section 4.5.2, this superiority is also almost
constant with respect to the types of task precedence network
that constrain the subproblems. Analogous conclusions can
be drawn from the 12th vertical strips of the 𝑆3 -NDLPOP
block.
4.5.5. Other Blocks. Let us now consider the remaining
colored blocks in Figure 10(a). The 𝑆1 , 𝑆2 , and 𝑆3 -RI blocks
are generally similar in color profiles to those of the 𝑆1 , 𝑆2 , and
𝑆3 -NDLPOP blocks, respectively. Likewise, the 𝑆1 , 𝑆2 , and 𝑆3 CBAM blocks are generally similar in color profiles to those of
the 𝑆1 , 𝑆2 , and 𝑆3 -NDLPOP blocks, respectively. This implies
that the dynamics of McBAR’s superiority over RI and CBMA
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are generally similar to the dynamics of McBAR’s superiority
over NDLPOP.
The notable exemptions to the last conclusion are as
follows. The small squares from the bottom to the top of
the first and second vertical strips of the 𝑆2 -CBAM, 𝑆3 CBAM, 𝑆2 -NDLPOP, 𝑆3 -NDLPOP, 𝑆2 -RI, and 𝑆3 -RI blocks
show McBAR as equally, slightly, and highly superior over
CBAM, NDLPOP, and RI, respectively. A similar exemption
can be drawn on the performances of McBAR over CBAM,
NDLPOP, and RI at the small squares from the bottom to the
top of the first to the third vertical strips of the 𝑆1 -CBAM, 𝑆1 NDLPOP, and 𝑆1 -RI blocks, respectively. Following similar
reasoning as in Section 4.5.2, the types of changes that
correspond to the squares are only on task durations.
The small squares from bottom to top, in the first vertical
strip of the 𝑆1 -McBA block, show slight superiority in the
performance of McBAR over McBA in respectively solving
the first subproblems of instances in 𝑁13.0 set in environments
that undergo, at their first SOSA, change types ⟨0, 0, 0, 0, 0⟩ =
𝑁𝑡(𝑁13.0 , 1) which are changes in task duration. Analogous
conclusions can be drawn from the second and third vertical
strips of the 𝑆1 -McBA block.
The fourth to the last vertical strips of the 𝑆1 -McBA block
generally express the superiority in performance of McBAR
over McBA in solving subproblems that correspond to the
squares in these strips. Recall from Section 3.5.2 that McBAR
differs from McBA in its random immigrant component only.
The superiority of McBAR to McBA suggests the effectiveness
of this component. Based on their color profile, generally
similar performance dynamics are expressed in the 𝑆2 and
𝑆3 -McBA blocks. Further, the dynamics of McBAR’s performance over McBAS expressed in the 𝑆1 , 𝑆2 , and 𝑆3 -McBAS
blocks are generally similar to the dynamics of McBAR’s
performance over McBA expressed in the 𝑆1 , 𝑆2 , and 𝑆3 McBA blocks, except that McBAR’s performance over McBAS
is higher than its performance over McBA.
4.5.6. Other Figures. Let us now discuss performance dynamics, expressed in Figures 10(b) and 10(c), of the NDLPOP, RI,
McBA, McBAR, McBAS, and CBAM (included) techniques.
Note first that the blank block in Figure 10(b) is under the
heading McBA. Thus, as explained in Section 4.5.1, McBA
is the basis technique in this figure. The color profiles
between blocks under NDLPOP, RI, CBAM, and McBAS
headings in Figure 10(a) and blocks under similar headings in
Figure 10(b) are, respectively, generally similar which implies
that the dynamics of performance, expressed in these blocks,
of McBA (the basis technique) over NDLPOP, RI, CBAM, and
McBAS are generally similar to those of McBAR. Note that
although the dynamics are generally similar, the magnitudes
in these dynamics are generally different.
Note that the basis technique in Figure 10(c) is McBAS.
The color profiles between blocks under NDLPOP, RI, and
CBAM headings in Figure 10(a) and blocks under similar
headings in Figure 10(c) are, respectively, generally similar
which implies that the dynamics of performance, expressed
in these blocks, of McBAS over NDLPOP, RI, and CBAM are
generally similar to those of McBAR.
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Note that as the differential set coverage dSC(𝐴, 𝐵)
in (4) is antisymmetric with respect to its arguments 𝐴
and 𝐵, so does the average E𝜎𝑆,𝑁𝑠 [dSC(𝐴, 𝐵)]. For example, E𝜎𝑆,𝑁𝑠 [dSC(McBAR, McBA)] = −E𝜎𝑆,𝑁𝑠 [dSC(McBA,
McBAR)]. The dynamics of the performance of McBAR
over McBA expressed in 𝑆1 , 𝑆2 , and 𝑆3 -McBAR blocks of
Figure 10(a) are, respectively, opposite (due to the antisymmetry of E𝜎𝑆,𝑁𝑠 [⋅]) to the dynamics of the performance of
McBA over McBAR expressed in 𝑆1 , 𝑆2 , and 𝑆3 -McBA blocks
of Figure 10(b). A similar relationship holds between McBAR
and McBAS.
The dynamics of performances expressed in blocks of
Figure 10 are, respectively, generally similar to those
expressed in blocks of Figure 11. Considering that instances
corresponding to rows in blocks of Figures 10 and 11
correspond, respectively, to 𝛿 = 3.0 and 𝛿 = 6.0, as discussed
in Section 4.5.1, then the dynamics of the performances of
the included techniques are generally similar on the two
amounts of 𝛿.

5. Conclusion and Future Work
In this paper, we investigated multiobjective dynamic
resource-constrained project scheduling problems involving
an increasing number of tasks. We presented an innovative
Evolutionary Algorithm-based approach, called mapping of
task ID for centroid-based adaptation with random immigrants (McBAR), and applied this to search for optimal
schedules as solutions to the problems. We also presented
techniques, other than McBAR, to legitimize subalgorithms
of McBAR based on the quality of solutions they obtained in
solving the problems.
Compared to the other techniques, McBAR was found to
obtain a generally better quality of solutions to the problems.
This superiority generally prevails over various types of
changes in the environment in which the problems are set.
We also supported the legitimacy of several subalgorithms of
McBAR through this superiority.
We investigated the dynamics of the performance of
McBAR and the other techniques in determining solutions
to the problems influenced by various types and sequences
of environmental changes. McBAR is found to be generally
superior in performance to the other techniques after the first
increase in the number of tasks in the environment. Its performance becomes inferior to some of the other techniques
when there are simultaneous changes in resources availability
and task duration in the environment. This inferiority is
generally continued, but diminishing, on few the succeeding
environmental changes that do not involve simultaneous
changes in resources availability and task duration. This
dynamics manifests inertia in McBAR’s performance under
the influence of environmental dynamics. McBAR’s performance does not manifest dependency on the number of new
tasks in the environment and on the placement of these
new tasks in the task precedence network that constrains
the problems. This general stability of McBAR’s performances
demonstrates the relevance of McBAR for solving the types of
dynamical problems investigated in this paper.
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Appendices

(e) The previous location of 𝑅𝑖 ’s 𝑗th items at time 𝑡 is
𝑝
𝑝
denoted by 𝑙𝑖,𝑗,𝑡 . Their collection is denoted by l𝑖,𝑡 =
𝑝
{𝑙𝑖,𝑗,𝑡 }. 𝑗 = 0 means that the item was at the central
base (𝑇0 ).

A. Mathematical Formulation of
the Static 𝜙𝑖2 Subproblem

(f) The state of 𝑅𝑖 ’s 𝑗th items being moved or not at time
V
. Their collection is denoted by
𝑡 is denoted by 𝑚𝑖,𝑗,𝑡
V
V
m𝑖,𝑡 = {𝑚𝑖,𝑗,𝑡 }:

In the future, we plan to model McBAR’s performance in
solving the problems through design of experiments.

The intuitively described subproblem 𝜙𝑖2 in Section 3.1 will
now formally be defined, a definition mostly copied from [6].
Note that the index 𝑖 in 𝜙𝑖2 has the range, 0 ≤ 𝑖 ≤ 𝐿 where 𝐿 is
given.

1
V
={
𝑚𝑖,𝑗,𝑡
0

𝑝

𝑐
≠
𝑙𝑖,𝑗,𝑡
𝑙𝑖,𝑗,𝑡
otherwise.

(A.4)

A.2. Constraints
A.1. Inputs

(a) Time constraint: if task 𝑖 is a predecessor of task 𝑗,
then it needs to be completed before starting task 𝑗,

(a) There are a set 𝑇 of non-pre-emptive tasks
𝑇 = {𝑇0 , 𝑇1 , 𝑇2 , . . . , 𝑇𝑁𝑡 , 𝑇𝑁𝑡 +1 } ,

(i) a duration 𝑑𝑖 listed in Table 1;
(ii) a vector R = {𝑅𝑖 } of required resources by
𝑇𝑖 : 𝑅𝑖 = {𝑟𝑖,𝑗 } with 𝑖 = 1, . . . , 𝑁𝑟𝑡 ; 𝑁𝑟𝑡 is the
number of resource types; 𝑗 = 1, . . . , 𝑁𝑖𝑡 ; 𝑁𝑖𝑡 is
the number of items per type; and 𝑟𝑖,𝑗 is the 𝑗th
item of resource 𝑅𝑖 such as that indicated at the
header of Table 1;
(b) a network 𝑁𝑡𝑤 of tasks where nodes and arcs represent
the tasks and the precedence relations, respectively,
(A.2)

where 𝐴 𝑟𝑐 is a set of directed arcs. Pred(𝑗) defines a
set of direct predecessors, while Succ(𝑗) is the set of
direct successors of the task 𝑗. Each task 𝑇𝑖 ∈ 𝑇 has a
vector 𝑆𝑖 = {𝑠𝑖,𝑗 } where
1
𝑠𝑖,𝑗 = {
0

task 𝑗 succeeds 𝑖
otherwise.

(A.5)

∀𝑗, and ∀𝑖 ∈ Prec(𝑗)

where 𝑇0 and 𝑇𝑁𝑡 +1 are not tasks but, respectively,
central base and ending locations and 𝑁𝑡 as the
total number of executable tasks. In the foregoing
discussion, tasks refer to executable tasks only, except
when explicitly stated. Each task 𝑇𝑖 will have

𝑁𝑡𝑤 = (𝑇, 𝐴 𝑟𝑐 ) ,

st𝑖 + 𝑑𝑖 ≤ st𝑗 ,

(A.1)

(A.3)

(c) A matrix of operational costs 𝐶 = {𝑐𝑖,𝑗,𝑘 }, 𝑖 = 0, . . . , 𝑁𝑡 ;
𝑗 = 0, . . . , 𝑁𝑡 , and 𝑘 = 1, . . . , 𝑁𝑟𝑡 . Here 𝑐𝑖,𝑗,𝑘 is the cost
of moving resource type 𝑘 from task 𝑖 to task 𝑗. 𝑐𝑖,0,𝑘 =
0∀𝑖, 𝑘; that is, no cost is imposed on the return of items
to base (the starting point 𝑇0 ).
(d) The current location of 𝑅𝑖 ’s 𝑗th items at time 𝑡 is
𝑐
. Their collection is denoted by l𝑐𝑖,𝑡 =
denoted by 𝑙𝑖,𝑗,𝑡
𝑐
{𝑙𝑖,𝑗,𝑡 }, 𝑗 = 0, . . . , 𝑁𝑖𝑡 . 𝑗 = 0 means that the item is at
the central base (𝑇0 ).

(b) Resource constraint: the amount of being used
resources cannot exceed the total amount,
𝑟𝑖,𝑡 ≤ 𝑅𝑖 ,

(A.6)

∀𝑖 and ∀𝑡, where 𝑟𝑖,𝑡 is the total number of being used
items of resource type 𝑅𝑖 at time 𝑡.
A.3. Objective Functions
(a) Makespan (𝑓𝑚𝑠 ) is the time needed to execute an
entire schedule, that is, equal to the end time of the
last task to be accomplished,
𝑓𝑚𝑠 = st𝑙 + 𝑑𝑙 ,

(A.7)

where st𝑙 and 𝑑𝑙 are the starting time and the duration
of the last task, respectively.
(b) Cost of resource operations (𝑓𝑐𝑠 ): cost of moving
resources between locations of tasks
𝑓𝑐𝑠 =

∑

∑

V
× 𝑐𝑙𝑝
∑ 𝑚𝑗𝑘𝑡

𝑡=1 → 𝑇max 𝑗=1 → 𝑁𝑟𝑡 𝑘=1 → 𝑁𝑖𝑡

,𝑙𝑐 ,𝑗
𝑗𝑘𝑡 𝑗𝑘𝑡

.

(A.8)

A.4. Outputs. The products in determining solutions to the
𝜙𝑖2 subproblem are as follows.
(a) A vector of start time st = {st𝑖 }, with 𝑖 = 1, . . . , 𝑁𝑡 and
st𝑖 as the starting time of task 𝑇𝑖 .
(b) The genotype of task IDs is defined in (9).
(c) The solution to the 𝜙𝑖2 subproblem is a schedule
defined in (10).

B. Mathematical Descriptions of
the Dynamic Φ2 Problem
Changes in problem factors, due to environmental dynamics,
occur at times denoted by 𝜏.
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B.1. Duration. The dynamic duration of a task 𝑇𝑖 is defined as
𝑑𝑖 (𝜏) = 𝑁𝑚 (𝑑𝑖 , 𝛿) + 𝛿,

(B.1)

where 𝑑𝑖 is the predefined duration of task with ID 𝑖; 𝑁𝑚
is a normal distribution; and 𝛿 is the standard deviation.
Note that this equation is also used to generate different task
duration across simulations of the 𝜙𝑖2 subproblem. Constraint
expression (A.5) is rewritten as follows;
st𝑖 + 𝑑𝑖 (𝜏) ≤ st𝑗 .

(B.2)

B.2. Availability of Resources. We use a function 𝐴(𝜏)V to
indicate the availability of resources,
𝑐
,
𝐴 𝑖,𝑗,𝜏 = sign (𝜏) ∗ 𝑙𝑖,𝑗,𝜏

(B.3)

where 𝐴(𝜏)V is one, zero, or negative one which correspond
to resource being available, broken, or unavailable but at the
𝑐
|.
location |𝑙𝑖,𝑗,𝜏
B.3. Number of Tasks. Φ2 only has an increase in the total
number of tasks. The function representing this increase is
𝑝

𝑐
= Γtask (𝑇𝑝 , 𝐴𝑝𝑟𝑐 , 𝑁𝑡 , 𝑁𝑡𝑐 ) ,
𝑁𝑡𝑤

(B.4)

𝑝

where 𝑇𝑠,𝑝 , 𝐴𝑝𝑟𝑐 , and 𝑁𝑡 are the sets of tasks and arcs, and the
total number of tasks from the previous change, respectively.
𝑐
and 𝑁𝑡𝑐 are the new network and the current
Further, 𝑁𝑡𝑤
total number of tasks, respectively.
B.4. Parameters after a Change. Change is applied to the
indices of tasks 𝐼 = ⟨𝐼1 , 𝐼2 , . . . , 𝐼𝑁𝑡𝑐 ⟩ after any type of change.
𝑐
of (B.4) and the
However, change is applied to network 𝑁𝑡𝑤
𝑝
𝑐
V
structures of l𝑖,𝑡 , l𝑖,𝑡 , and m𝑖,𝑡 (defined in items (d) to (f) in
Section A.1, resp.) only when there is a change in the total
number of tasks.
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Mathematical morphology has been an area of intensive research over the last few years. Although many remarkable advances
have been achieved throughout these years, there is still a great interest in accelerating morphological operations in order for
them to be implemented in real-time systems. In this work, we present a new model for computing mathematical morphology
operations, the so-called morphological trajectory model (MTM), in which a morphological filter will be divided into a sequence
of basic operations. Then, a trajectory-based morphological operation (such as dilation, and erosion) is defined as the set of points
resulting from the ordered application of the instant basic operations. The MTM approach allows working with different structuring
elements, such as disks, and from the experiments, it can be extracted that our method is independent of the structuring element
size and can be easily applied to industrial systems and high-resolution images.

1. Introduction
During the last 10–15 years, many different improvements
have been proposed in order to implement morphological
operations in a more efficient way than the original Serra’s
algorithm [1]. The methods for increasing the speed of
morphological operators can be divided into two main
groups: (i) algorithms that reduce the computation time of
the morphological filters through the decomposition of the
structuring element into smaller sets and (ii) algorithms that
eliminate the inherent redundancies in the calculation of the
morphological operations, achieving, as a consequence, an
increase in the processing speed of such operations.
To a large extent, the most popular morphological methods to achieve this speed enhancement are within the first
group. One of the most important ones is the van Herk and
Gil-Werman’s (HGW) algorithm [2, 3], which is among the
fastest methods in order to implement erosions and dilations
in gray-tone images, having a computational complexity
independent of the size of the structuring element. In general

terms, this method is designed for 1D elements and works
with linear structuring elements composed of horizontal
and/or vertical segments. Its main strength comes from
the fact that only 3 comparisons are needed to obtain the
output pixel. In [4] an improvement of this algorithm was
made, achieving only 1.5 comparisons per output pixel but
increasing significantly the computational complexity of the
method, since it implies the generation of ordered lists.
HGW’s method has had a great impact since it was first
proposed and, up to now, a great amount of works continue to
develop new improvements of this algorithm, many of them
include some kind of hardware optimization [5–7].
In [8], authors extended the HGW’s model to the case of
using lines with arbitrary orientations. In addition, in their
work from 2001 [9], they improved their model so that twodimensional structuring elements are also taken into account,
making use of recursion. An interesting set of extensions were
also presented in this paper, among which they include a
method to approximate discrete disks by using cascades of
dilations with periodic lines.

2
On the other hand, an algorithm for calculating grayscale
morphological operations with flat, arbitrary-shaped structuring elements was presented in [10]. Their approach is
independent of both the image content and the number
of necessary gray levels. The use of arbitrary elements is
interesting, particularly in cases where a structuring element
cannot be decomposed into smaller ones. Essentially, the
algorithm decomposes a structuring element into a series
of chords that can be understood as a series of pixels of
maximum extent and considers each chord as a horizontal
structuring element. It also uses a look-up table to store the
minimum intensity values of the pixels belonging to each
chord. The experiments were performed with a wide variety
of elements and showed that this method improves many
others that were developed to decompose some specific types
of structuring elements. It also allows working with floating
point data.
Another improvement in the decomposition of arbitraryshaped structuring elements has been proposed in [11]. The
decomposition method is recursive and is optimized by
using genetic algorithms, thus improving the results of other
well-known decomposition approaches based on genetic
algorithms, such as the ones described in [12–14].
In relation to this, a mathematical morphology algorithm
for spatially variant square structuring elements was developed in [15], achieving very low temporal cost and memory
requirements. In addition, they proposed an efficient hardware implementation of morphological operations based on
this type of structuring elements; this hardware architecture
is presented as a hardware accelerator for the dilation and
erosion operations in embedded systems.
Recently, in [16] a method for the development of morphological filters that runs in linear time with respect to
the image size and is constant in time with respect to the
size of the structuring element was proposed. It is based
on the decomposition of a rectangular structuring element
into one-dimensional segments, then it eliminates redundant
values and, finally, the result is encoded by calculating the
distance between every change of the value. The authors claim
that it is possible for this method to achieve an efficient
real-time implementation, having also very small memory
requirements and supporting floating-point data.
Regarding the algorithms to eliminate redundancies,
the one proposed by [17] is particularly interesting, which
introduced the concept of anchor, defined as the position
in which a signal 𝑓 is not affected by the application of a
certain operator Ψ. Their approach is based on the search
for anchors for the erosion and the closing, and it allows a
morphological operation to run with one-dimensional structuring elements about 30% faster than previous methods.
However, the main drawback is that this method requires
the use of histograms, so that its extension to two and three
dimensions is not straightforward and the improvement in
computation speed is therefore minimized. In addition, the
algorithm depends greatly on the image content. Another significant work is described in [18], which is focused on image
binarization using morphological operators. To do this, the
so-called quick-closing and quick-opening are defined; these
operations have reduced computational cost and remove
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the redundant comparisons in the neighborhood of every
pixel. The method works efficiently, but only for squareshaped structuring elements.
To sum up, from this revision two conclusions emerge:
first of all, there is still a great interest from many research
groups in order to accelerate morphological operations, both
for improving the basic morphological algorithms and for
their hardware implementation; on the other hand, most of
these investigations are based on optimizing morphological
filters for those cases where there is a dependence on the
shape of the structuring element, with the square/rectangular
elements being the ones that get better results in terms of
optimization. While there are several studies to work with
arbitrary-shaped elements, there is still much work to do in
this field, and some interesting structuring elements, such
as disks or ellipses, are difficult to decompose or to be
approximated by polygons.
As a consequence, in this work, we show a new mathematical morphology approach, the morphological trajectory
model (MTM), which takes into account the trajectory in
which a morphological operation is applied. As it will be
shown, our method is independent from the structuring element size and can be easily applied to industrial systems and
high-resolution images. To complete our task, in Section 2
we shall define the so-called trajectory-based morphological operators. Then, in Section 3, the computation of the
trajectory-based filters is shown and, afterwards, Section 4
considers some of the experiments completed to verify
that our system behaves properly. Finally, some important
remarks to our work, as well as some future research tasks,
are summarized in Section 5.

2. The Morphological Trajectory Model
The classical morphological model has a nondeterministic
nature, as it is defined over elements of a set without order
restrictions in the access to these elements. In our new
approach, the morphologic operations will be restricted to
support an order. The order of the morphology operation is
important because it will represent the structuring element
trajectory. As a result, in this section an order relation
between the elements in a set will be included, so that a
sequence of operations could be established and, therefore, a
deterministic component will be added to the morphological
paradigm. Let us define some terms first.
2.1. Preliminary Definitions. Let 𝐸 be the domain where the
sets to be treated are defined. Let us assume that, in general,
𝐸 ≡ 𝑅𝑛 . Let 𝑋 ⊆ 𝐸 be a subset of 𝐸. Thus, in the
case of two-dimensional objects 𝐸 ≡ 𝑅2 and for threedimensional objects 𝐸 ≡ 𝑅3 and, consequently, 𝑋 would be
a two-dimensional or three-dimensional object, respectively.
Notice that the domain is defined in a real space, so the
method is suitable for any continuous domain. Images can be
considered a particular case, where the domain is discretized.
Let In(𝑋) be a function that obtains the inner part of
a set (i.e., an object); that is, its result is object 𝑋 without
its borders. This function is defined as the set of positions of
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Figure 1: Examples of several possible representations of structuring elements. The leftmost figures show the analytical expressions of SEs;
on the right, the corresponding classical SEs are shown.
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Figure 2: Geometric description of an instant basic operation.
(a) Initial position. (b) Transformation of object 𝑋. (c) Distance
computing.

the center of a solid 𝑛-ball of radius 𝜀 so that the ball is inside
the object:
In (𝑋) = {𝑥 ∈

𝐸
> 0 : 𝐵 (𝑥, 𝜀) ⊂ 𝐴} ,
∃𝜀

(1)

where 𝐵(𝑥, 𝜀) is a solid 𝑛-ball of center 𝑥 and radius 𝜀.
On the other hand, let Fr(𝑋) be a function relating a set
to its border, so that all the points belonging to the object
contour are obtained:
Fr (𝑋) = 𝑋 − In (𝑋) .

(2)

As mentioned before, structuring elements are an essential tool to develop morphological operators. For methods
that use classical mathematical morphology, the structuring
element (SE) can be seen as a group of pixels. However,
in our trajectory-based approach, the structuring element
will be defined on the basis of the geometric definition of
its frontier, so that any representation of the SE that allows
the extraction of its frontier is valid for our method. An
especially interesting case is the use of analytical expressions
to define the SE, because this continuous representation
gives, as a result, an adaptive precision and a more efficient
computation than classical SE definitions, as it will be shown
in the following sections. Figure 1 illustrates this concept with
two cases of analytical SEs (left) and classical SEs (right).
For instance, the first row shows a circular SE, which can
be analytically expressed as (𝑥 − 𝑐𝑥 )2 + (𝑦 − 𝑐𝑦 )2 = 𝑟2 ,
corresponding to a circumference centered on point (𝑐𝑥 , 𝑐𝑦 )
of radius 𝑟, instead of the classical neighborhood of pixels
defined by the area of the circle, as shown on the right. This
fact can be also extended to three-dimensional SEs, as shown
on the second row in Figure 1.

This equation-based definition for the structuring element is used here for simplicity, but notice that our approach
can be extended to any other frontier-based definition.
Though the use of analytical or classical SEs in our model does
not add any restriction for computing the trajectory-based
morphological operators (as it will be shown, the method is
based on a distance calculation), the analytical expression is
preferable for efficiency and precision reasons.
2.2. Instant Basic Operations. A morphological operation will
be divided into a sequence of unitary or basic operations.
This sequence will guarantee the resulting order of the whole
operation. Since every basic operation will correspond to a
particular position of a structuring element along a trajectory
that is performed during a period of time, we call them instant
basic operations.
Let us define the instant basic operator ⊙Γ(𝑘) , for any given
instant 𝑘, as follows:
𝑋⊙Γ(𝑘) 𝐵 = 𝑝 ∈ 𝐸 : 𝑝 = distV⃗(𝐵, 𝑋 ∙ Γ (𝑘)) ⋅ V⃗∧ 𝐵𝑝 ∩ 𝑋 ≠Ø,
(3)
where 𝑋 is the target object, 𝐵 the structuring element, 𝐵𝑝
are copies of the structuring element centered at every point 𝑝
when it touches the boundary of 𝑋, 𝐸 ≡ 𝑅𝑛 , Γ(𝑘) represents an
homogeneous transformation matrix in 𝑅𝑛+1 × 𝑅𝑛+1 obtained
for a particular real value 𝑘, and distV⃗is the Euclidean distance
between the structuring element and the transformation of
the object 𝑋-obtained by postmultiplying every element of
the set 𝑋 by the homogeneous transformation matrix Γ(𝑘)computed in the direction addressed by vector V.⃗ In other
words, this operation obtains the structuring element center
when it touches the boundary 𝑋 following direction V.⃗
A graphical example of this operator is shown in Figure 2.
Thus, an object 𝑋 is transformed applying a 2D rotation
matrix over its center 𝑐. For this case, 𝑘 could represent
the number of degrees in that transformation matrix, so its
values are in the [0, 2𝜋) range. Once the object is transformed
(Figure 2(c)), the distance between 𝐵 and 𝑋 in the direction
V⃗is applied to the center of 𝐵 in order to obtain the result
of the instant basic operation (i.e., point 𝑝). For different
and ordered real 𝑘 values (using the < relation in 𝑅), we will
obtain a new set of structuring element centers 𝐵𝑝 that touch
the boundary of 𝑋. These centers will also be ordered in the
geometric space due to the use of different rotation matrixes.

4
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The calculation of function distV⃗ is the most timeconsuming operation in (2). Here, the description of the
structuring element plays a crucial role. We propose three
methods for obtaining the distance distV⃗ between the
structuring element and the target object in the direction
addressed by vector V⃗
(i) In the case of having an analytical description for both
the SE and the target object, an analytical expression
may be obtained for calculating the distance, as well.
This way, the distance calculation is straightforward
and its computation time will be low.
(ii) When no object can be described using an analytical
expression (neither the SE nor the target object), the
distance is obtained using a discrete method: both
objects must be discretized to obtain the points in
their boundaries and the distance is obtained pointto-point. This is the worst case, and the computational
cost depends on the discretization precision.
(iii) Finally, a mixed method is proposed when only one
object (the SE or the target object) can be described
using an analytical expression. In this case, the distance is obtained between the points in the surface of
the discretized object and the other object as a whole,
using its analytical description. The computational
cost is much lower than for the purely discrete
method.
2.3. Trajectory-Based Morphological Operators. In this section, the instant basic operator ⊙Γ(𝑘) is applied in order to
achieve a whole morphologic operation. We are particularly
interested in defining the two fundamental operations in the
morphologic paradigm: the dilation and the erosion. Due
to the fact that frontiers of objects and structuring elements
are only taken into account to compute the instant basic
operations, the goal is to obtain only the boundary of dilation
and erosion.
2.3.1. Dilation. In general terms, this operation is classically
defined as the place of the center positions of the structuring
element 𝐵 when it touches a set 𝑋 [18]:
𝑋 ⊕ 𝐵 = {𝑥 ∈ 𝐸, 𝐵𝑥 ∩ 𝑋 ≠Ø} .

(4)

In this expression, 𝐵𝑥 is the translation of 𝐵 so as to have
its origin in point 𝑥 ∈ 𝐸.
In our context, we are interested only in the dilation of the
boundary, Fr(𝑋⊕𝐵), which is the place of the center positions
that touch the boundary 𝑋:
Fr (𝑋 ⊕ 𝐵) = {𝑥 ∈ 𝐸, 𝐵𝑥 ∩ 𝑋 ≠Ø ∧ 𝐵𝑥 ∩ In (𝑋) ≠Ø} . (5)
Derived from (3) and (5), we define the instant basic
dilation, which specifies a center position touching the
boundary of a set 𝑋, but from the outside:
𝑋⊕Γ(𝑘) 𝐵 = 𝑝 ∈ 𝐸
: 𝑝 = distV⃗(𝐵, 𝑋 ∙ Γ (𝑘)) ⋅ V⃗∧ 𝐵𝑝 ∩ 𝑋 ≠Ø ∧ 𝐵𝑝 ∩ In (𝑋) ≠Ø.
(6)

Using the instant basic dilation, we define the trajectorybased dilation, 𝑋⊕Γ 𝐵, as the set of points resulting from
the repeated and ordered application of the instant basic
dilation, for the normalized 𝑘 range [0, . . . , 1]. The trajectory,
defined by Γ(𝑘), must cover all the surface of the object
in the normalized range. Note that only boundary points
are computed and that the frontier of the trajectory-based
dilation is expressed in (6):
𝑋⊕Γ 𝐵 =

⋃
𝑘∈[0,...,1]

(𝑋⊕Γ(𝑘) 𝐵)
(7)

= {𝑥 ∈ 𝐸, 𝐵𝑥 ∩ 𝑋 ≠Ø ∧ 𝐵𝑥 ∩ In (𝑋) = Ø} .
Trajectory-based dilation can orientate the structuring
element in any position on the object boundary by means of
homogeneous transformations, which are a combination of
translations and rotations. This feature is not supported by
classical dilations. In addition, partial dilations of objects are
now also possible when a subrange of 𝑘 is chosen.
2.3.2. Erosion. Classically, this operation—which is commonly used for image filtering—is defined as the place of the
center positions of the structuring element 𝐵 when it is forced
to be inside a set 𝑋:
𝑋Θ𝐵 = {𝑥 ∈ 𝐸, 𝐵𝑥 ⊆ In (𝑋)} .

(8)

In our context, we are interested only in the erosion
boundary, which is the place of the center positions that touch
the frontier of set 𝑋 from the inside:
Fr (𝑋Θ𝐵) = {𝑥 ∈ 𝐸, 𝐵𝑥 ⊆ In (𝑋) ∧ 𝐵𝑥 ∩ Fr (𝑋) ≠Ø} . (9)
Derived from (3) and (9), we define the instant basic erosion, which specifies a center position touching the boundary
of a set 𝑋, but from the inside:
𝑋ΘΓ(𝑘) 𝐵 = 𝑝 ∈ 𝐸
̸
: 𝑝 = distV⃗(𝐵, 𝑋 ∙ Γ (𝑘)) ⋅ V⃗∧ 𝐵𝑝 ⊆ In (𝑋) ∧ 𝐵𝑝 ∩ Fr (𝑋) =Ø.
(10)
Consequently, we define the trajectory-based erosion,
𝑋ΘΓ(𝑘) 𝐵, as the set of points resulting from the repeated
and ordered application of the instant basic erosion for the
normalized 𝑘 range [0, . . . , 1]. As in the case of dilation, the
trajectory, defined by Γ(𝑘), must cover all the surface of the
object in the normalized range. The frontier of the trajectorybased erosion is
𝑋ΘΓ 𝐵 =

⋃
𝑘∈[0,...,1]

(𝑋ΘΓ(𝑘) 𝐵)
(11)

= {𝑥 ∈ 𝐸, 𝐵𝑥 ⊆ In (𝑋) ∧ 𝐵𝑥 ∩ Fr (𝑋) = Ø} .
Figure 3 shows an example of dilation and erosion applied
to a 2D image. The black part corresponds to the classical
operation result. The frontier is computed by means of the
associated trajectory-based operator.
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Original object boundaries
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Figure 3: Classical morphological operations on 2D images. On the left, a morphological dilation. On the right, a morphological erosion.
The structuring element (SE)—a circle of 20 pixels in radius—is shown at the top left corner.
Table 1: Characteristics of the algorithms based on classical mathematical morphology versus the morphological trajectory model.

Application space

Classical morphology
Finite group of pixels as a discretization of
Euclidean space

Morphological trajectory model
2D Euclidean space (extensible to 𝑛-D Euclidean
space)
Based on the boundary of each object
(discrete/continuous)

Objects

Based on a complete image

SEs

Group of pixels
On each pixel it operates in a neighborhood
environment defined by the SE

Geometric representation of the frontier
The minimum distance of the SE center is calculated
in a direction V⃗on a trajectory defined by Γ(𝑘)

Erosion/dilation as group of pixels

Frontier points of the erosion/dilation operation

Method
Result

3. Morphological Trajectory Computation

Figure 4: Partial morphological erosion as a subset of the complete
erosion (over the subrange defined by the dotted line).

As with dilation, trajectory-based erosion can orientate
the structuring element in any position on the object boundary, and define partial erosion of objects when a subrange of
𝑘 is chosen (see Figure 4).
Table 1 summarizes the main differences between the
methods described in this section. In classical mathematical
morphology, the calculation is made on a complete image;
that is, the morphological operation does not distinguish
whether the pixels belong to a specific object or not; it simply
applies a calculation operation of supremum or infimum in a
neighborhood environment. In the morphological trajectory
model (MTM), it is necessary to differentiate between the
objects given in the space, since each object has a different
geometric representation. Furthermore, this representation
defines the frontier of the object and not its interior. Another
important difference is the representation of the structuring
element, whereas in traditional morphology it is treated as
a subgroup of points (which is discretized for the case of
working with images), the MTM considers the geometric
function of the points that make up its frontier, without
being necessary to carry out a discretization of the structuring
element.

In this section, the computation of the erosion for the MTM
is presented. The algorithm becomes straightforward if the
morphological erosion concept defined in [1] is applied. First
of all, the boundary curve 𝐶 of object 𝑋 is represented as
a set of ordered points 𝑝 organized in collinear segments 𝑠.
For every point, we compute the structuring element center
position (𝑝 ) that touches each point in the direction of a
certain vector V⃗𝑝 , which must be perpendicular from inside
object 𝑋. The center 𝑝 will be valid only if the structuring
element placed at 𝑝 is inside the shape (i.e., it will not collide
with the curve 𝐶). Note that for the dilation operation the
procedure will be the same, but in this case the element
will touch the boundary from the outside. A pseudo code
algorithm for the erosion is presented in Algorithm 1.
If a point 𝑝 presents a discontinuity in the first derivative,
we generate a set of new vectors in order to cover the gap (see
Figure 5). From that new set we also compute new possible
structuring element centers.
Let us analyze now the computational cost of the MTM
algorithm in terms of the problem size. The operator used is
𝑂 to determine an upper limit of the computation cost. As
shown in Algorithm 1, the algorithm essentially consists of
an external loop, which is used to have access to every point
of the shape and two main function calls. Let’s call 𝑛 to the
number of points that represent the shape 𝐶 once it has been
discretized. If we use a constant step factor 𝑠 and the total
length of 𝐶 is 𝐿, then 𝑛 will be 𝐿/𝑠 points.
The function ObtainSECenter computes the center of the
structuring element when it touches a point 𝑝 in the direction
addressed by vector V⃗𝑝 . So, this function depends on the SE
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(1) For every 𝑝𝑖 ∈ 𝐶 do
(2) 𝑝𝑖 = ObtainSECenter(𝑝𝑖 ,V𝑝𝑖 );
(3) If not CollideSE(𝑝𝑖 , 𝐶) then AddTrajectory(𝑝𝑖 )
(4) Endfor
Algorithm 1: Basic pseudo-code algorithm for the morphological trajectory erosion.
Table 2: Equations to calculate the intersection between a circle and a 2D segment.
Segment function
𝑥 = 𝑥1 + (𝑥2 − 𝑥1 ) ⋅ 𝑡
𝑦 = 𝑦1 + (𝑦2 − 𝑦1 ) ⋅ 𝑡
𝑡 ∈ [0, . . . , 1]

S5

Segment-Circle intersection equation on 𝑡

𝑥2 + 𝑦2 = 𝑅2

(𝑥1 + (𝑥2 − 𝑥1 ) ⋅ 𝑡)2 + (𝑦1 + (𝑦2 − 𝑦1 ) ⋅ 𝑡)2 = 𝑅2

(𝑥1 , 𝑦1 ) and (𝑥2 , 𝑦2 ) for a normalized range 𝑡 [0, . . . , 1]. As
a conclusion, a double solution for variable 𝑡 in the range
[0, . . . , 1] will cause a true return in the function CollideSE,
otherwise the next segment will be analyzed.
Finally, the third function, called AddTrajectory, adds the
new center 𝑝 to the list of successful centers at a constant
time, so it is not considered for evaluating the cost.
As a conclusion, let us analyze the whole algorithm in
order to obtain an upper limit for the computational cost. The
next expression evaluates this cost:

S2

S1
p

Circle function

pi

p i

SE
pi+1
pd
S3

S4

lim (𝑛 ⋅ (𝑐𝑡 + 𝑚)) = 𝑂 (𝑛 ⋅ 𝑚) .

𝑛,𝑚 → ∞

(13)

Figure 5: Analysis of segments 𝑆1 and 𝑆2 of a five-segment shape 𝐶.
Dark-grey SE positions are discarded due to shape collision. Note
that discontinuity at 𝑝𝑑 is solved by a vector swept generation.

We must remark that after completing our experiments,
𝑚 ≪ 𝑛 in most cases, since a usual value for 𝑚 takes values of
hundreds. The computation times for some examples of the
MTM operations will be shown in the following section.

geometry. For simple SEs, such as circles, rectangles, and
triangles, the function can be evaluated in a constant time ct.
Equation (12) shows this function for a circular SE of radius
𝑅:

4. Experiments

ObtainSECenter (𝑝, V⃗𝑝 ) = 𝑝 + 𝑅 ⋅ V⃗𝑝 .

(12)

The next function, called CollideSE(𝑝 , 𝐶), is true if the
SE centered at point 𝑝 is not completely inside shape 𝐶 and
returns false otherwise. In order to evaluate this condition,
this function computes the intersection of the SE geometry
and shape 𝐶. The cost of this function depends on the
representation of 𝐶. For the experiments, we have organized
the shape into a set of contiguous segments that represents
the shape. Then, every segment is tested (at a constant time)
and if a segment produces two or more intersections in the
SE geometry then the function returns a true value. Note
that, in this case, the discretization of shape 𝐶 will not be the
same as the one we used to determine the center positions
in the shape. For shapes with a high degree of colinearity, the
number of segments will be reduced slightly. Let us call 𝑚 that
number of segments.
The expressions in Table 2 show the quadratic equation
used to determine the intersection between a circle centered at the origin and a 2D segment defined between points

In this section, we present some experiments in order to test
the trajectory-based operations. The first one compares two
versions of the classical dilation versus the trajectory-based
one. In Algorithm 2, we show the classical version algorithms
used in the tests.
The algorithm called MM1 corresponds to a classical
morphological dilation, whereas the MM2 refers to that
classical version operating only on the boundary of the
object. Note that MM2 does not perform a valid dilation.
It was only developed to test the frontier effect, that is, the
advantage that MTM has since it only processes boundary
pixels. The trajectory-based version was called MTM for the
experiments. The images were evaluated on an Intel Pentium
Dual Core processor @ 2.8 GHz and 2 GB in RAM. They were
obtained on a Windows based platform.
Several tests and experiments were carried out in order to
obtain the computing time under different input conditions.
Both the size of the object and the size of the structuring
element were varied, as well as the parameters that took part
in the morphological operation.
Figure 6 shows the behavior of the algorithms resulting
from the variation of the size of the structuring element and
the size of the object, respectively. As a consequence, from
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Figure 6: Morphological dilation tests. On the left, influence of the size of the structuring element. On the right, influence on the size of
objects.

MM1 dilation
(1) For 𝑝 ∈ 𝑋 do
(2) For 𝑒 ∈ SE do
(3)
Image(𝑝 + 𝑒) = 1;
(4) Endfor
(5) Endfor
MM2 dilation
(1) For 𝑝 ∈ Fr(𝑋) do
(2) For 𝑒 ∈ SE do
(3)
Image(𝑝 + 𝑒) = 1;
(4) Endfor
(5) Endfor
Algorithm 2: Pseudo-code used for the 2D experiments.

these experiments we can see that the computing time of
the morphological trajectory model remains almost constant
against the variations in the size of the structuring element;
this is logical due to the fact that we use its geometric
representation instead of its content, as opposed to MM1
and MM2. The difference between MM2 and MM1 arises
from the fact that the former only expands the structuring
element for the pixels in the object boundary and, therefore,
its computing time decreases an order of magnitude with
respect to MM1.
With regard to the variation in the size of the objects,
in this experiment the MTM gives better results than MM2
and much better than MM1. Since MM2 works only on the
object boundary, the difference with the MTM arises from
the size chosen for the SE: if this size is small enough, MM2
will employ less time than the MTM as it has a simpler
computational logic (see Algorithm 2). The radius of the
structuring element chosen for this test was 40 pixels, which
is equivalent to an area of 5025 points. In order to determine
the effect of the increase of the size of the structuring element

on a group of objects, the experiments described below were
carried out.
The experiment shown in Figure 7 compares the execution times of the MTM and MM2 for different radii of the SE.
It may be seen that the increase in the structuring element size
causes a crossing point between MM2 and MTM, for object
sizes of about 5000 pixels.
Furthermore, Figure 7 shows that there is no significant
increase in the computation time for the MTM when the size
of the structuring element is increased, since this variation is
minimal compared to the classical morphological methods.
The small increase comes from the number of pixels of the
object where the distance function is defined. Thus, if the size
of the SE increases, this number is greater, and this causes the
need to make new calculations on the new points.
On the other hand, Figure 8 shows different results of
the application of the morphological filters. Specifically, it is
shown how the MTM obtains the frontier of the morphological operation made by MM1.
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Finally, in Figure 9 we present some images related to
other erosion experiments using several structuring element
geometries, where the result is presented in green.
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Figure 7: Morphologic dilation. Comparative study between MM2
and MTM models for SE sizes of 20, 40, and 80 pixels.
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Figure 8: Morphological dilation and erosion. Results of different
morphological operations used for the experiments. In the upper
part, two erosions and in the lower part, two dilations. The boundary
of the original object is represented in green and the result of MM1
operation in black, with the MTM result in red.

In this paper, we have developed a topological system, resulting from applying the conventional morphological model,
by means of trajectory-based morphological operations; to
do this, we introduced a new feature, consisting of ordering the morphological primitives. As shown, the proposed
operations are especially useful when large images need to be
processed.
The morphological trajectory model offers an effective
alternative to traditional methods for computing morphological primitives. This alternative is justified if the number of
points of the objects and that of the structuring elements are
high. The independency from the structuring element size
could be interesting to apply morphological operations on
high definition images or 3D image reconstruction. Due to
the fact that the number of the group points is directly related
to the dimension of the space in which the object and the
structuring element are defined, the importance of the MTM
is more relevant when the dimension of the representation
space is increased (3D, 4D,. . .). In the two dimensional
space, the application of the MTM may be justified for highresolution images where large size operators are applied.
Other trajectory-based operations, such as openings,
closings, and skeletons, are defined in [18]. We are interested
in demonstrating their utility and efficiency by means of this
trajectory optimization.
The new model has been presented for binary 2D images.
However, the new paradigm is extensible for any number of
dimensions of the Euclidean space. In [19–21], new versions
of the morphological model for color images were presented.
These models consider the color as a third coordinate and the
computation is made in the 3D space. Future works will be
focused on extending the model in order to support efficient
filtering of color images or real 3D images.
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One of the critical issues for facial expression recognition is to eliminate the negative effect caused by variant poses and
illuminations. In this paper a two-stage illumination estimation framework is proposed based on three-dimensional representative
face and clustering, which can estimate illumination directions under a series of poses. First, 256 training 3D face models are
adaptively categorized into a certain amount of facial structure types by 𝑘-means clustering to group people with similar facial
appearance into clusters. Then the representative face of each cluster is generated to represent the facial appearance type of that
cluster. Our training set is obtained by rotating all representative faces to a certain pose, illuminating them with a series of different
illumination conditions, and then projecting them into two-dimensional images. Finally the saltire-over-cross feature is selected to
train a group of SVM classifiers and satisfactory performance is achieved when estimating a number of test sets including images
generated from 64 3D face models kept for testing, CAS-PEAL face database, CMU PIE database, and a small test set created by
ourselves. Compared with other related works, our method is subject independent and has less computational complexity 𝑂(𝐶×𝑁)
without 3D facial reconstruction.

1. Introduction
In the last few years, with the rapid progress of humancomputer intelligent interaction (HCII), automatic facial
expression recognition has become a very active topic in
machine vision community. Although recognition on frontal
face with indoor lighting is already relatively mature, the
performance among different PI is still far from satisfactory
[1, 2]. So it is currently a key issue to eliminate the negative
effect caused by variant PI in expression recognition.
In order to eliminate the negative effects of variant PI in
expression recognition, we have to estimate them first. The
estimation of PI can be done in 2 steps and since it is easier to
get illumination-invariant descriptors, the first step should be
pose estimation [3–5]. In this paper, we aim at the estimation
of illumination conditions under certain poses. That is, if the
pose of an input image is known, our method can estimate
the illumination directions of that pose.
There are many state-of-the-art works related to illumination estimation for face recognition which can be roughly
categorized into two categories, namely, the traditional 2D

based methods [6–10] and the current popular 3D reconstruction based method [11–17]. As is indicated in [11], when
PI conditions vary, the intensity of 2D face image changes
greatly, so 2D appearance based techniques cannot work.
Though some 2D methods based on multiview [6] can handle
PI changes to some extent, we can say that only by relying on
3D information to ameliorate 2D image appearance we can
solve this problem in nature.
However, there are 3 main problems with 3D reconstruction based method: (1) generalization problem—all 3D
reconstruction based methods require that the subject to
be recognized be also in the training set, which is suitable
for face recognition. But this requirement cannot be met
in subject-independent expression recognition. (2) The 3D
reconstruction process (e.g., 3D morphable model) itself is
computationally expensive [13]; (3) in order to estimate the
illumination of an input image, we need to match the input
image with all the lighting images of 𝑀 training samples’
3D reconstructed face models. Suppose that there are totally
𝑁 kinds of illumination conditions; then, the computational
complexity will be 𝑂(𝑀 × 𝑁).
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Figure 1: System overview.

In this paper, we propose a subject-independent illumination estimation method, which can solve the generalization
problem by RF and clustering technique with a complexity
of 𝑂(𝐶 × 𝑁), where 𝐶, as a constant, is the number of
clusters. First, all 256 training 3D face models are adaptively
categorized into a certain amount of facial structure types
by 𝑘-means clustering, so people with the similar facial
appearance are clustered together; then the RF of each cluster
is generated to represent the typical facial appearance of that
cluster. By rotating all RFs to a certain pose, illuminating
them with a series of illumination conditions, and projecting
them to 2D, we get all the lighting face images as our training
set. Finally, we select the most discriminative saltire-overcross features to train a group of SVM classifiers and get
satisfactory estimation accuracy when estimating a number
of test sets including images generated from 64 3D face
models kept for testing, CAS-PEAL face database, and CMU
PIE database, as well as a small test set created by ourselves.
Figure 1 gives an overview of our RF and clustering based
system.
The rest of the paper is organized as follows. In the
next section, we give a brief introduction of the dataset
we utilized and the preprocessing method. In Section 3, we
apply adaptive 𝑘-means clustering to solve the generalization
problem. Section 4 presents the concept of 3D representative
face, namely, RF. In Section 5, we introduce the saltire-overcross feature and the SVM classifier we used in illumination
estimation. In Section 6, we show the experimental results on
several face databases and proposed a two-stage classification
framework to promote the recognition accuracy on CASPEAL database. Conclusions are given in Section 7.

2. Dataset and Preprocessing
2.1. BJUT-3D Face Database. The dataset used to generate
RFs in our experiments is BJUT-3D Face Database [18], in
which each 3D face model consists of 50000–80000 vertices
and more than one hundred thousand triangular patches.
Each vertex has its texture information, described in RGB
format, as formulated below, for the 𝑖th face model. Consider
the following.

Shape vector consists of 𝑛𝑖 vertices:
𝑇

𝑆𝑖 = (𝑋𝑖1 , 𝑌𝑖1 , 𝑍𝑖1 , . . . , 𝑋𝑖𝑛𝑖 , 𝑌𝑖𝑛𝑖 , 𝑍𝑖𝑛𝑖 ) .

(1)

Texture vector represents the color of the 𝑛𝑖 vertices:
𝑇

𝑇𝑖 = (𝑅𝑖1 , 𝐺𝑖1 , 𝐵𝑖1 , . . . , 𝑅𝑖𝑛𝑖 , 𝐺𝑖𝑛𝑖 , 𝐵𝑖𝑛𝑖 ) .

(2)

Triangular patch vector represents the 𝑚𝑖 triangular
patches:
TP𝑖 = (𝑉𝑖𝑙1 , 𝑉𝑖𝑙2 , 𝑉𝑖𝑙3 , . . . , 𝑉𝑖𝑚𝑖1 , 𝑉𝑖𝑚𝑖2 , 𝑉𝑖𝑚𝑖3 ) .

(3)

We randomly select 400 subjects, 199 males and 201
females in the beginning, but, due to the inner problem of
some models (burr and triangular patch relation error), we
just keep 320 good models in the end as the dataset for our
experiments; Figure 2(a) shows an example face model.
The training set should contain as many types of facial
appearance as possible in order to make our RF and clustering
based method work well. So a relative large number of 3D face
models are required to generate the training set. All the 320
3D face models are divided into 2 parts randomly; 256 models
are used to generate the representative faces for training.
The other 64 models are kept to generate test images with
variant illuminations for testing the generalization ability of
our method.
2.2. Mesh Simplification and Pixel-Wise Correspondence. As
described in Section 2.1, the original 3D face model has very
high precision, which is unnecessary and also brings huge
difficulty in computing. Many related researches have shown
that precision of 7000–10000 vertices is appropriate [11, 19]
for automatic face analysis. So, in this paper, all models are
simplified to 8000 vertices (as shown in Figure 2(b)) using
Garland’s mesh simplification algorithm [20] to make a tradeoff between computational complexity and model precision.
Another useful step to make 3D face vectors computable
is pixel-wise correspondence, which is necessary for generating RF in Section 4. In this paper, resampling based method
is used for pixel-wise correspondence [21, 22].
After mesh simplification and pixel-wise correspondence,
the shape and texture information of the 𝑖th 3D face model
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(a)

(b)

Figure 2: 3D face model (a) before mesh simplification and (b) after mesh simplification.

can be formulated using two 3 × 8000-dimension vectors, 𝑆𝑖
and 𝑇𝑖 :
𝑇

𝑆𝑖 = (𝑋𝑖1 , 𝑌𝑖1 , 𝑍𝑖1 , . . . , 𝑋𝑖𝑛 , 𝑌𝑖𝑛 , 𝑍𝑖𝑛 ) ,
𝑇

(4)

𝑇𝑖 = (𝑅𝑖1 , 𝐺𝑖1 , 𝐵𝑖1 , . . . , 𝑅𝑖𝑛 , 𝐺𝑖𝑛 , 𝐵𝑖𝑛 ) ,
where 𝑛 = 8000.
The triangular patches can be computed using the Delaunay triangulation algorithm [23, 24] according to the face
model’s vertices information.

3. Adaptive 3D Face Clustering
It is the subject’s 3D facial structure that determines the
appearance (intensity distribution) of his/her photo under
various illuminations, and facial organs such as eyes, nose,
and mouth are the main cause of 3D structure difference
among different people. Though people’s facial appearances
differ in thousands of ways, their facial structures can be
classified into some main types according to the positions
and shapes of their facial organs. By clustering all 256 3D
face models according to the coordinates of their main facial
organs, we actually cluster them into a number of facial
structure types; namely, faces in one cluster are alike and each
cluster represents a facial structure type (as shown in Figure 5,
RFs of 6 clusters represent 6 different facial structure types).

3.1. Normalization. Before clustering, we must obtain the
coordinates of 4 facial fiducial points—two eyes, nose tip, and
upper-lip tip—whose detection in a 3D face model is much
easier than in a 2D image. The point with the greatest 𝑧 value
is nose tip, below which the first 𝑧 peak value indicates the
position of upper-lip tip. By projecting frontal 3D model to
2D image, we can detect the 𝑥-𝑦 coordinates of two eyes
using gray-level projection method [25, 26] and get their 𝑧
values back in the 3D model. Figure 3 gives an illustration of
4 fiducial points detected in a face model.
Whether two subjects are alike has nothing to do with
their head size and pose in an image. So our clustering
algorithm should be scale and rotation invariant. Each model
in the database undergoes a 3D transformation with a vertical
stretch to map its 4 fiducial points to the same destination set
of fiducial points. Mathematically, the four 3D fiducial points
, 𝑛2⃗
, 𝑛3⃗
, 𝑛4⃗
), for each model, are mapped to a destination set
(𝑛1⃗
of 3D fiducial points (𝑚1⃗, 𝑚2⃗, 𝑚3⃗, 𝑚4⃗). This mapping is given
in
𝑛𝑖𝑥 }
{
{
{𝑚𝑖𝑥 }
}
{𝑛𝑖𝑦 }
{𝑚𝑖𝑦 } = 𝑇 {
},
𝑛
{
}
{ 𝑖𝑧 }
{𝑚𝑖𝑧 }
{1}

𝑖 = 1, 2, 3, 4,

where matrix 𝑇 is defined as follows:

−𝑠 (cos 𝜃𝑦 sin 𝜃𝑧 )
𝑠 (sin 𝜃𝑦 )
𝑡𝑥 }
𝑠 (cos 𝜃𝑦 cos 𝜃𝑧 )
{
}
{
}
{
𝑇 = {𝑠 (cos 𝜃𝑧 sin 𝜃𝑥 sin 𝜃𝑦 + cos 𝜃𝑥 sin 𝜃𝑧 ) 𝑠 (cos 𝜃𝑥 cos 𝜃𝑧 − sin 𝜃𝑥 sin 𝜃𝑦 sin 𝜃𝑧 ) −𝑠 (cos 𝜃𝑦 sin 𝜃𝑥 ) 𝑡𝑦 } .
}
{
}
{
𝑠
(sin
𝜃
sin
𝜃
−
cos
𝜃
cos
𝜃
sin
𝜃
)
𝑠
(cos
𝜃
sin
𝜃
+
cos
𝜃
sin
𝜃
sin
𝜃
)
𝑠
(cos
𝜃
cos
𝜃
)
𝑡
𝑥
𝑧
𝑥
𝑧
𝑦
𝑧
𝑥
𝑥
𝑦
𝑧
𝑥
𝑦
𝑧}
{
Here, 𝑚⃗
𝑖 is the mean of 𝑛𝑖⃗for all the 𝑀 face models
𝑚⃗
𝑖 =

𝑀

1
, 𝑖 = 1, 2, 3, 4.
∑Face𝑗 ⋅ 𝑛𝑖⃗
𝑀 𝑗=1

(7)

(5)

(6)

Using 256 3D models, the best transformation matrix is
found by optimizing the 7 parameters (𝑡𝑥 , 𝑡𝑦 , 𝑡𝑧 , 𝜃𝑥 , 𝜃𝑦 , 𝜃𝑧 , 𝑠)
to minimize the fitting error, 𝐸fit , as defined below. There
are 3 translation parameters (𝑡𝑥 , 𝑡𝑦 , 𝑡𝑧 ), 3 rotation parameters

4
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individual faces belonging to its facial structure type. So we
generate an average face for each of the 31 clusters to represent
31 types of facial structures.
The average face can be computed as follows:

80

60
40
20

avgFace ⋅ Shape =

0
−20

avgFace ⋅ Texture =

−40

−80
−50

0

50

100

Figure 3: Four fiducial points.

(𝜃𝑥 , 𝜃𝑦 , 𝜃𝑧 ), and one stretch parameter 𝑠:
4

2

2

2

𝐸fit = ∑√ (𝑛𝑖𝑥 − 𝑚𝑖𝑥 ) + (𝑛𝑖𝑦 − 𝑚𝑖𝑦 ) + (𝑛𝑖𝑧 − 𝑚𝑖𝑧 ) .

(8)

𝑖=1

Then, we have all models’ nose tips aligned to a base
point (𝑥0 , 𝑦0 , 𝑧0 ). Now, the coordinates of the remaining three
fiducial points are used as features for a facial structure. They
are then arranged into a vector V:⃗
9

V⃗= (𝑥1 𝑦1 𝑧1 𝑥2 𝑦2 𝑧2 𝑥3 𝑦3 𝑧3 ) .

𝑀

,

(∑𝑀
𝑖=1 𝑇𝑖 )
𝑀

(10)
,

where 𝑆𝑖 and 𝑇𝑖 are the shape and texture vectors of the 𝑖th 3D
face model, respectively.
The triangular patches can be computed using the Delaunay triangulation algorithm [23, 24] according to the average
face’s vertices information.
We refer to [27] to generate the average 3D face. For
each cluster, we generate an average 3D face, namely, RF,
to represent the facial structure type of that cluster. For
illustration, Figure 5 shows 6 RFs out of a total of 31.

−60

−100

(∑𝑀
𝑖=1 𝑆𝑖 )

(9)

3.2. Adaptive 𝑘-Means Clustering. It is difficult to decide an
appropriate cluster number for 𝑘-means clustering algorithm
without a good understanding of the inner structure of the
data. Usually a better choice of cluster number is crucial to the
clustering result. In this paper, we adaptively get the cluster
number between 15 and 35 following the maximum mean silhouette value principle. During clustering, we repeat 5 times
with different starting points in the case of local minima.
Finally, we get the cluster number 31 as shown in Figure 4(a).
To have an idea of how well separated the resulting clusters are, see Figure 4(b) for a silhouette plot. The silhouette
plot displays a measure of how close each point in one
cluster is to points in the neighboring clusters. This measure
ranges from +1, indicating points that are very distant from
neighboring clusters, through 0, indicating points that are not
distinctly in one cluster or another, to −1, indicating points
that are probably assigned to the wrong cluster.

4. Generating RF
Now, we have 31 clusters. Faces within each cluster are alike
and each cluster represents a facial structure type. The next
step is to find a representative face that can represent its
cluster’s facial structure type.
A 3D average face represents a kind of 3D stable structure
hidden behind all individual faces that contribute in computing it. We believe that, for the need of illumination estimation,
it is stable and representative enough to approximate all

5. Feature Selection and Classification
5.1. Generating Training Set. The training set is generated
from the 31 RFs by rotating them to certain poses and
illuminating them with certain lights. For instance, 13 kinds of
illuminations are defined in the experiments of Section 6.1 as
shown in Figure 8. First, we rotate all 31 RFs to a certain pose
and illuminate each of them with the 13 kinds of illuminations
defined in Figure 8. Then, we map all 31 × 13 illuminated RFs
into 2D to get the training images for our 13-class problem.
Each class has 31 training sample images. For a new test
sample, we can always expect that there is a facial structure
type it belongs to in our 31 RFs, and so each class has a training
sample from that facial structure type, from which we get
the generalization ability. This is the essential of our RF and
clustering based method.
Figure 6 gives an illustration of some training images
generated from one RF under 13 illuminations with frontal
view.
5.2. Saltire-over-Cross Feature. In a pattern recognition problem, it is of great significance to get the most discriminative
feature for classification. In this paper, we select pixels which
are most sensitive to illumination changes as feature. We call it
“saltire-over-cross feature” because its shape is like the symbol
on a Union Jack.
As illustrated in Figure 7, four continuous lines form
the saltire-over-cross symbol. We select 22 pixel lines (4
continuous lines plus 18 dashed lines) of 4 directions from
2D training images:
(1) horizontal (7 pixel lines),
(2) vertical (5 pixel lines),
(3) +45 degree diagonal (5 pixel lines),
(4) −45 degree diagonal (5 pixel lines).
Using general face detection algorithms to locate face
region in an image, get the centroid of the region as
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Figure 4: (a) Choice of clusters numbers and (b) silhouette value for 31 clusters.

Figure 5: Six RFs of six clusters representing six different facial structure types.

the middle of the “saltire-over-cross” (continuous line in
Figure 7). Split its upper, nether, left, and right region into
several parts equally as illustrated in Figure 7. Resample
corresponding pixel lines of different faces to make them the
same dimension. At last, we arrange these 22 pixel lines to
form one feature vector.
We also try using all pixels within the facial region and
the concatenated histograms of image partitions [28, 29] as

features. As shown in Table 1, compared with the regional feature and partitioned histogram feature, our saltire-over-cross
feature can get better recognition accuracy when estimating
the generated test set with frontal view in spite of its much
lower dimension.
5.3. Support Vector Machines. Unlike many traditional classifiers that aim at minimizing the Empirical Risk, SVM [30,

6
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Figure 6: A representative face under 13 illuminations.
Table 1: Comparison of different features.
Feature

Dimension

Accuracy

Saltire-over-cross feature
Saltire-over-cross feature

2825
5649

96.27
96.94

Regional feature

2856

94.47

Regional feature

5820

94.95

Partitioned histogram

11520

89.78

Description
The downsampled saltire-over-cross feature.
The original saltire-over-cross feature.
Select pixels of the whole facial region as feature, and resample the
feature vector to 2856-dimension.
Select pixels of the whole facial region as feature, and resample the
feature vector to 5820-dimension.
Partition the whole facial region into some blocks, extract histogram
from each block, and concatenate all histograms to form a feature
vector.

31] approaches the classification problem as an approximate
implementation of the structural risk minimization (SRM)
induction principle [32, 33], which may mean better generalization ability.
In this paper, C-SVM with the radial basis function (RBF)
kernel is used as our classifier. There are two parameters with
C-SVM with RBF kernels, 𝐶 and 𝛾, where 𝐶 > 0 is the penalty
parameter of the error term and 𝛾 is the parameter for the RBF
kernel; consider the following:
2

𝐾 (𝑥𝑖 , 𝑥𝑗 ) = exp (−𝛾𝑥𝑖 − 𝑥𝑗  ) ,

𝛾 > 0.

(11)

Fivefold cross-validation and the grid-search technique
described in [34] are used here to find the best 𝐶 and 𝛾 for
our problem and it is when 𝐶 = 8 and 𝛾 = 0.0001220703125
that the best estimation accuracy can be achieved.
5.4. Multiclass Classification. SVM, as explained above, is
suitable only for binary classification, while our illumination
estimation is an 𝑁-class problem, where 𝑀 is the number of illuminations. However, there are many techniques
that can extend SVM to handle a multiclass problem. In
our experiment, we have tried three techniques including
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Figure 8: Positions of the 13 lamp-houses.

Tilt angle = −40

Figure 7: Saltire-over-cross feature—the gray values of pixels in the
22 pixel lines are selected as features.

Y

X

Pan angle = −60

Pan angle = 60
Z

(1) “one-against-one” voting strategy [35]; (2) “one-againstone” eliminating strategy [36]; and (3) error-correcting output codes (ECOC) [37].
In a voting strategy, each binary classification is considered to be a vote where votes can be cast for all data points—at
the end, a point is designated to be in a class with maximum
number of votes, while, in an eliminating strategy, the margin
size of each dichotomy is regarded as the classification
confidence of that dichotomy. All dichotomies are sorted by
their confidence, and, in each binary classification, one class
is eliminated (see the paper in [36] for a detailed description).
When we use the “one-against-one” approach [36] in
which 𝑁(𝑁 − 1)/2 classifiers are constructed and each one
trains data from two different classes, satisfactory results
can be obtained with both voting strategy and eliminating
strategy with the performance of eliminating strategy being
a little higher than the one of the voting strategy (96.88%
versus 96.75% when estimating illuminations with frontal
view in the experiments of Section 6.1). In our opinion, this
may be due to the reason that with voting strategy in each
binary classification the only information we can get is yes
or no (+1 or −1), while with the eliminating strategy a real
value between −1 and +1 (yes if > 0, no if < 0) is given as
the confidence of that classification. Though this brings no
difference in a 2-class problem, more information is provided
for a multiclassification. However, the expected results are not
obtained using ECOC.

6. Experimental Evaluation and Analysis
To test the validity of our illumination estimation method,
several experiments are conducted on different datasets, such
as images generated from the 64 3D face models kept for

Tilt angle = 40

Figure 9: Tilt angle and pan angle in pose definition.

testing, CAS-PEAL face database, and CMU PIE database, as
well as a small test set created by ourselves.
6.1. Illumination Estimation on Generated Test Set. In this
experiment, we define 13 lamp-house positions each for an
illumination class. As shown in Figure 8, the farther the lamphouse is, the less impact it has on image intensity; the number
of lamp-houses decreases as distance increases. All lighting
images under a series of poses with pan angle spanning from
−60∘ to 60∘ and tilt angle spanning from −40∘ to 40∘ are tested.
See Figure 9 for illustration.
For each test, two estimation results are given; one is for
the 3D face models participating in the generation of RFs,
which are projected with 13 illuminations into 2D to form
256 × 13 images, called group-I, and the other is for the
64 × 13 test images, called group-II. Some typical results are
outlined in Table 2. Data are formatted as group-I/group-II.
We omit the results when pan angle is −30∘ or −60∘ because
of symmetry.
From the estimation results shown in Table 2, it can be
observed that both accuracies of group-I and group-II are satisfactory. When estimating samples in group-I, the accuracy
is a little higher, which supports our first argumentation—
it is a person’s 3D facial structure that determines the
appearance (intensity distribution) of his/her photo under
variant illuminations and RF can represent the 3D facial
structure of all 3D face models contributing to computing it
perfectly.
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Table 2: Illumination estimation performance under certain poses
(1st row indicates pan angle; 1st column indicates tilt angle).
Angle
−40∘
−20∘
0∘
20∘
40∘

0∘
92.22%/91.59%
94.35%/92.67%
97.39%/96.88%
90.53%/89.54%
82.48%/82.57%

30∘
93.60%/94.23%
92.07%/93.60%
96.94%/96.51%
90.99%/90.87%
80.38%/81.01%

60∘
92.01%/90.38%
93.90%/92.07%
95.10%/93.99%
88.43%/88.46%
73.23%/72.84%

Y

M −90

M −45

6.2. Illumination Estimation on CAS-PEAL Face Database.
In the experiments of Section 6.1, the test set consisted of
2D lighting images generated from 3D models, in which the
imaging conditions are the same as the training set, while
these generated images are different from those illuminated
photos taken from real scene.
To further enhance the robustness of our system, we
conduct experiments on CAS-PEAL face database from the
Chinese Academy of Sciences [38]. The large-scale CASPEAL face database consists of 99450 facial images of 1040
Chinese individuals with four principal variations of pose,
expression, accessory, lighting, and so forth. In this experiment, we select 150 facial images of more than 10 people, each
with 15 or less lighting conditions (some subjects have less
than 15 lighting images).
Since the illumination positions of images in CAS-PEAL
face database are different from those we set in Section 6.1,
we rearrange 15 lamp-house positions located in three planes
(𝑈, 𝑀, and 𝐷) to be consistent with the CAS-PEAL test set,
as illustrated in Figure 10.
To be consistent with the sample images from training set,
we interactively select the face regions and normalize all face
images to uniform size as shown in Figure 11.
Finally, a 57.33% recognition accuracy is achieved when
estimating 15 illumination conditions with our 3D representative face and clustering based method. To analyze experimental results, we print the 15 × 15 error matrix ErrMat as
shown in Table 5, in which ErrMat(𝑖, 𝑗) stands for the number
of misclassified samples from class-𝑖 to class-𝑗. Consider the
following.
As can be seen, elements in the right part of ErrMat
(column index > 10) have higher values, which indicates that
some lamp-houses of the 𝑈 and 𝑀 planes are misclassified
to lamp-houses of 𝐷 plane. Furthermore, the misclassified
class labels have the same 𝑋-𝑍 coordinates with the correct
labels, only different in 𝑌 values. The main reason is that there

D −90

U +00
Z
M +00

Though test images in group-II have nothing to do with
the generation of RF, we achieve comparable results when
estimating samples in group-II. Actually, the accuracy of
group-II is only a little bit lower than that of group-I in the
large (sometimes even a little bit higher), which supports our
second argumentation—there are some main types of facial
structures, and the clustering technique does provide our
illumination estimation system with a good generalization
ability.

U −90

U −45

D −45
U +45
U +90

D +00
M +45

X
M +90

D +45
D +90

Figure 10: Lamp-house positions of CAS-PEAL face database.

Figure 11: Normalized facial images from CAS-PEAL face database.

are significant differences between the test images from CASPEAL database and the training set generated from 3D face
models, as summarized below.
(1) All individuals in training set have their hair covered
during the image acquisition, so no hair is shown in
the training images, while most subjects in the images
of test set have their forehead masked by hair, which
results in low intensity in the upper area of image, and
it seems like the lamp-house is in the nether 𝐷 plane.
(2) No accouterments can be found in training images,
while some individuals in test set are wearing some
accouterments, such as glasses.
6.3. Improvements with Two-Stage Classification. A two-stage
recognition framework is presented to further promote the
recognition performance on the test set from CAS-PEAL
database in this paper. In the first stage, we use saltireover-cross features discussed in Section 5.2 to distinguish
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Table 3: Average estimation error with varying illumination under a
series of poses. ±90∘ , I-2-H, indicates horizontal (H) (V for vertical)
changes from −90∘ to 90∘ with 2∘ increments (I).
Pose range

Illumination
range

Average error

Standard
deviation

±90∘ , I-10-H
±90∘ , I-20-H
±45∘ , I-10-V

±45∘ , I-4-H
±45∘ , I-10-H
±45∘ , I-10-V

6.41∘ /7.32∘
9.74∘ /8.27∘
2.03∘ /9.12∘

6.32∘ /6.36∘
13.53∘ /7.19∘
3.07∘ /10.40∘

Table 4: Estimation accuracy by computing the relative horizontal
angles for different flashes. Camera numbers are 5, 27, and 34.
Illumination numbers are 9, 11, and 21. The last column (computed
values) is calculated from geometric information provided in the
database.
Average
estimation
Illumination: 11 ⇔ 9 8.46∘ /10.28∘
Illumination: 9 ⇔ 21 2.12∘ /1.89∘

Standard
deviation

Computed
values

34.52∘ /20.04∘
7.28∘ /5.63∘

16.53∘
4.30∘

1
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Figure 12: Accuracy comparison for each illumination class.

Table 5: The error matrix.
0
1
0
0
0
1
0
ErrMat = 0
0
0
0
0
0
0
0

1
0
0
0
0
0
0
0
0
0
0
0
0
0
0

0
0
0
1
0
0
0
1
0
0
0
0
0
0
0

0
0
0
0
0
0
0
0
0
0
0
0
0
0
0

0
0
0
0
0
0
0
0
0
1
0
0
0
0
0

1
0
0
0
0
0
1
0
0
0
0
0
0
0
0

0
0
0
0
0
1
0
0
0
0
0
1
0
0
0

0
0
0
0
0
0
1
0
1
0
0
0
0
0
0

0
0
0
0
0
0
0
1
0
1
0
0
0
1
0

0
0
0
0
0
0
0
0
0
0
0
0
0
0
0

3
1
0
0
0
3
1
0
0
0
0
0
0
0
0

1
4
1
0
0
1
4
1
0
0
1
0
1
0
0

0
1
4
2
0
0
0
2
0
0
0
0
0
1
0

0
0
0
3
1
0
0
0
2
1
0
0
0
0
1

0
0
0
0
4
0
0
0
1
3
0
0
0
1
0

horizontal positions of lamp-houses. In the second stage, we
use the 5 vertical pixel lines of saltire-over-cross feature to
further classify vertical positions of lamp-houses. The final
decision 𝐶 is formulated as follows:
𝐶 = (𝐶1 mod 𝑚) + (𝐶2 − 1) ∗ 𝑚,

(12)

where 𝐶1 is the output class label of the first stage, 𝐶2 is
the computed class label of the second stage, and 𝑚 is the
number of horizontal lamp-house positions per plane. In our
experiments, in Section 6.2, 𝑚 equals 5.
Since the total number of classes is reduced greatly (only
three vertical lamp-house positions) in the second stage,
the classifier has more margin to distinguish one class from
another. In this way, the vertical angle of the lamp-house
positions can be estimated more accurately.
It can be observed in this experiment that the performance on CAS-PEAL database can be promoted greatly
with two-stage classification. The overall accuracy can be

Figure 13: Example images from the small dataset collected by
ourselves.

promoted from 57.33% to 78.67%. As illustrated in Figure 12,
recognition accuracy for each illumination class is compared
with the results in Section 6.2.
6.4. Illumination Estimation on Small Image Set with Expressions. Neither CAS-PEAL nor CMU PIE face database provides images with both illumination and expression variations at the same time. Therefore, we create a small set of
images by ourselves in this experiment, which contains more
than 40 images of 5 people posing several expressions under
some illuminations defined in Figure 10; see Figure 13 for
illustration.
In experiments, 72% recognition accuracy is achieved on
the small image set by our two-stage illumination estimation
framework based on 3D RF and clustering.
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Figure 14: Example cropped images from the CMU PIE face
database.

6.5. Comparing with Related Works. In [17], Huang et al.
proposed a 3D reconstruction based method, which gives an
estimation of illumination directions using angles rather than
class labels. In order to compare with their work, we also
define 2 test sets: (1) face images with certain pose and illumination generated from the 64 3D face models kept for testing
with the pose changing from −90∘ to +90∘ horizontally and
from −45∘ to +45∘ vertically and the illumination direction
changing from −45∘ to +45∘ horizontally and from −45∘ to
+45∘ vertically and (2) a portion of CMU PIE database [39]
which contains face images captured from 3 cameras (camera
index: 34, 27, and 05) under 3 illumination directions (flash
index: 09, 11, and 21).
We set head pose and lighting directions the same as in
Huang et al. experiments [17] in both training and testing
but only estimate illuminations; Table 3 shows the estimation
results on test set (1) of our method versus Huang et al.,
formatted as ours/Huang et al., given by mean value and
standard deviation of estimation error in angles.
It turns out that our method achieves comparable performance when estimating horizontal illumination changes
without 3D reconstruction. Meanwhile it outperforms Huang
et al. method [17] prominently when estimating vertical
changes.
In Table 4, we show the estimation results on test set (2)
of our method versus Huang et al.’s, formatted as ours/Huang
et al.’s. The original face images are cropped and normalized
to uniform size to be consistent with the sample images from
the training set, as shown in Figure 14.
As shown in Table 4, the RF and clustering based
approach presented in this paper achieve comparable results
with Huang et al.’s method, while saving the trouble of 3D
reconstruction and reducing classification complexity from
𝑂(𝑀 × 𝑁) to 𝑂(𝐶 × 𝑁).

7. Conclusions and Future Works
In this paper, a subject-independent illumination estimation
method is proposed, which can solve the generalization
problem by using RF and clustering technique with a complexity of 𝑂(𝐶 × 𝑁). Satisfactory performance has been
achieved when we conduct experiments on several datasets,
including images generated from 64 3D face models kept for
testing, CAS-PEAL face database, and CMU PIE database,
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as well as a small test set created by ourselves. A twostage classification framework is introduced when estimating
illuminations of real scene images from CAS-PEAL database.
When estimating test images with expression variations
(e.g., Section 6.4), the performance is inferior to those without expression variations (e.g., Section 6.3). This is due to the
fact that our training images generated by 3D face models are
all with neutral expression. So our future work will be to make
sure that there is a training image with the same expression as
the input testing image, and this can be done by performing
expression synthesis [40–42] during the generation of the
training set.
The illumination estimation algorithm presented in this
paper can be applied to a broad range of applications in
face recognition and expression recognition to estimate the
illumination conditions as long as the objects to be classified
are at similar location, orientation, and scale in both the
training and the test images. So, in experiments, we need to
manually crop and normalize the test images. However, if the
system is used in conjunction with appropriate segmentation
and rectification algorithms, then these constraints can be
removed.
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The recommendation algorithm based on bipartite network is superior to traditional methods on accuracy and diversity, which
proves that considering the network topology of recommendation systems could help us to improve recommendation results.
However, existing algorithms mainly focus on the overall topology structure and those local characteristics could also play an
important role in collaborative recommend processing. Therefore, on account of data characteristics and application requirements
of collaborative recommend systems, we proposed a link community partitioning algorithm based on the label propagation and
a collaborative recommendation algorithm based on the bipartite community. Then we designed numerical experiments to verify
the algorithm validity under benchmark and real database.

1. Introduction
Collaborative recommend technology is one of the most
effective approaches in dealing with information overload. It
has drawn great attention. However, with the development of
network technologies, collaborative recommend has present
complex dynamic characteristics and its key issues are still
outstanding, such as data sparsity, scalable, and the shift of
user interest.
In recent years, the study of complex networks has
become a hot issue, and many theoretical models and analytical methods have been proposed. It provides new ideas and
methods to solve those key problems. The bipartite network
is an important manifestation of the complex network [1,
2], which could well portray collaborative recommendation
system’s topology. Therefore, scholars have begun to utilize
these topologies to deal with the problems on collaborative
recommendation [3–9]. These approaches could capture the
global structure and the relation between the various basic
elements, which avoid the impacts of ordinary objects, such as
the popular resources and active users, and further improve
the recommended results. In addition, these approaches
could reduce requirements of original data. For privacy

factors, available raw data is not rich, such as rating data
and personal information. And analyzing text contents such
as some comments is difficult, while those operating data,
such as clicks and web retention time, are relatively readily
available.
However, current research on collaborative recommend
based on bipartite topology is just starting and mainly focuses
on the global structure. It also contains a clustering based on
certain pattern of users and resources, such as users’ common
interests and similar resources’ theme. This local feature,
known as the community structure in complex networks, is
very beneficial to collaborative recommendation, including
the following three points.
(1) The communities are forming naturally and their
size are controllable. Using them as nearest neighbourhoods can guarantee the relations between the
object and its neighbours and enable the size of nearest neighbourhood to be dynamic. Compared with
traditional methods, collaborative recommendation
based on bipartite community can reduce influences
of mistaken nearest neighbours. On the other hand,
processing on local community structures can alleviate the scalability issues to a certain extent.

2

The Scientific World Journal
(2) Structural properties of communities, such as overlap
and hierarchy, could enrich the available information
for collaborative recommend system. Studying on the
inherent relationship between those structural properties and collaborative recommend process can bring
new breakthroughs in data sparse and interpretability
problems.
(3) Research on community structure evolution can also
grasp the dynamic nature of the recommendation
system and reflect the behaviour of the continuous interactive and user feedback. So we can also
discover certain patterns and predict the tendency
of community structure, which could intelligentize
collaborative recommend process.

Thus, we first proposed a bipartite community partitioning algorithm according to the real data environment
of collaborative recommendation. And then we proposed a
novel collaborative recommendation algorithm using these
bipartite communities. Finally, we verify the validity of
the algorithms by numerical experiments and analysed the
phenomenon and reasons of the experimental results.

2. Related Research
2.1. Dynamic Nearest Neighbourhood Algorithm. In order to
handle large-scale data set, the traditional researches are
mainly focused on kNN methods, which predict recommendations by those historical choices of the target user’s
𝑘 similar users. But fixed value of 𝑘 cannot satisfy different
users’ requirements. For example, if the number of similar
users is less than 𝑘, the user neighbourhoods generated from
traditional methods will include unsimilar individuals, which
could affect the recommend accuracy. Therefore, the size of
the neighbourhoods should have a dynamic adaptability.
Reference [10] proposed collaborative recommendation algorithm based on indeterminacy neighbourhood. It
selected neighbourhoods and trust subgroups by setting
some thresholds and introduces a harmonic parameter to
integrate user-based and resource-based collaborative recommendation. On this basis, reference [11] introduced opinion mining technology and adds semantic similarity measure
for comments dimensions.
Reference [12] first corrects the similarity between the
target users and their nearest neighbour by an improved
overlap factor and the attribute of target resource class. Then
it predicted resources’ scores to certain target user after
rearranging the sequence of neatest neighbours. Finally it
recommended resources by sorting these scores.
The above algorithms both adopted the idea of dynamic
nearest neighbourhoods. The former focused on the neighbourhood scale which is suitable for the target user’s forecast
scenarios, while the latter’s concern is the modification of
neighbourhood based on the attribute of resource class. In
addition, the former integrated user-based and resourcebased collaborative recommendation. These algorithms overcome the limitations of traditional methods with fixed nearest
neighbourhood and single dimension measure. But there are
still some defects. The former needs to set a large number of

parameters artificially, while the optimal value of parameter
is difficult to determine under different scenarios, which will
affect the algorithm stability. And resource class attribute
introduced by the latter algorithm is too objective to reflect
the rich content of users’ subjective behaviour.
2.2. Bipartite Community Division. The division of bipartite
community is the process of identify bipartite network
community. It has important theoretical significance and
practical value on network structure analysis, functional evolution, and prediction. In General, we can get the structure
of bipartite community by project bipartite network for a
common network of one kind nodes and execute existing
community division algorithms. However, the projection
process will result in loss of information and other issues.
Therefore, many scholars directly divide bipartite community
against the original bipartite network structure. Existing
bipartite community methods generally fall into three categories: modular-based methods, clique-based methods, and
propagation-based methods.
There are two main policies in modular-based methods.
One is regarding the modular as the target function for
optimization [13–16]; the other is regarding modular as a stop
condition in the hierarchical clustering [17]. On one hand,
the modular depends on global network and has a resolution
limitation problem. On the other hand, heuristic searching
is relatively complex and time consuming. Therefore, with
high computational and time complexity, modular-based
algorithms are not appropriate for large-scale real networks.
In addition, the above algorithms are restricted to nonoverlap
communities.
Clique-based methods divide overlapping bipartite communities. Reference [18] extended the 𝑘-clique community
division algorithm in common network. It defined bipartite
clique 𝐾𝑎,𝑏 as fully connected bipartite subgroup which
consists of 𝑎 𝑋 nodes and 𝑏 𝑌 nodes. And it defined the
structure of bipartite clique community as a union of a series
of adjacent bipartite clique which share 𝑎-1 𝑋 nodes and 𝑏-1
𝑌 nodes at least. Then it implemented community division by
the clique seepage. Reference [19] defined bipartite core subclique and executed the clustering method. Communities
obtained by the above algorithms contain two kinds of nodes
and have no heterogeneity.
Propagation-based methods are easy to implement parallel with a linear time complexity and without prior knowledge. Reference [20] introduced an improved label propagation algorithm for the bipartite network. It merely assigned
different label to one certain kind of nodes at first, and then
repeatedly synchronously updated the labels based on their
heterogeneous neighbours in each iteration until a stable
state was reached. However, this method is also restricted to
nonoverlap communities.
2.3. Link Community Division. For users and resources are
different objects, the bipartite communities under collaborative recommendation environment should be able to distinguish between heterogeneous nodes in order to guarantee
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interpretability. At the same time, due to the common phenomenon of milt-interested users and milt-theme resources,
the overlap and hierarchy of bipartite communities should be
allowed. The division of link community is an effective way
to achieve the above targets. However, current researches on
link community division are mainly in common network.
Reference [21] provided a general framework of link
community division. The basic idea was to build a weighted
edge graph for the bipartite network and then directly use
existing community division algorithms. The method could
adapt to the existing algorithms but needs extra time and
memory consumptions for the edge graph. In addition, the
edge graph of bipartite networks will produce two types of
edges.
Reference [22] defined a similarity measure based on
nonsharing vertexes of a pair of edges and utilized the simple
hierarchical clustering to obtain a dendrogram of link communities. However, the clustering process and measurement
are both depending on global information. On the other
hand, the dendrogram consumed large storage space, and
many of its levels did not have practical significance. Otherwise, link communities on different levels of the dendrogram
is not in the general sense of multiscale but just a process of
merging or splitting communities layer-by-layer.
According to the collaborative recommend systems’ environments and requirements, our community division algorithm needs to implement the following goals except for the
accuracy: (1) low complexity, computational complexity, and
parallelizability for the large-scale data, (2) adaptability for
dynamic updating data, and (3) overlapping, hierarchical,
and related community structures for the multiple content
data. Therefore, we draw on the idea of label propagation to
divide link communities into bipartite network.

3. Methods
Without loss of generality, defining a bipartite network as 𝐺 =
(𝑉𝑋 , 𝑉𝑌 , 𝐸), where 𝑉𝑋 = {𝑥1 , 𝑥2 , . . . , 𝑥𝑛𝑋 } is a set of nodes of
kind 𝑋, 𝑛𝑥 is the number of 𝑋 nodes and 𝑉𝑌 = {𝑦1 , 𝑦2 , . . . ,
𝑦𝑛𝑌 } is a set of nodes of kind 𝑌, 𝑛𝑌 is the number of 𝑌 nodes
and 𝑉𝑋 ∩ 𝑉𝑌 = 0, 𝐸 ⊆ (𝑉𝑋 × 𝑉𝑌 ). We note that the set of
all nodes is 𝑉 = 𝑉𝑋 ∪ 𝑉𝑌 , 𝑛 is the number of nodes, and 𝑚
is the number of links. We call the nodes of the same type
as homogeneous nodes and those of the different types as
heterogeneous nodes.
For a given node 𝑖 ∈ 𝑉(𝑖), we define its heterogeneous
neighbour collection as 𝑁(𝑖) = {𝑗 | (𝑖, 𝑗) ∈ 𝐸, 𝑗 ∈ 𝑉 −
𝑉(𝑖)}, which is a collection of nodes which directly connected to node 𝑖. Accordingly, it is the homogeneous neighbour collection a set of homogeneous nodes which shared
heterogeneous neighbor with 𝑖, defined as Γ(𝑖) = {𝑗 | 𝑁(𝑖) ∩
𝑁(𝑗) ≠𝜑, 𝑗 ∈ 𝑉(𝑖), 𝑗 ≠𝑖}.
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neighbor is the indirect property of a node, because a
node and its homogeneous neighbors contact with each
other through those common heterogeneous neighbors. This
interconnection is referred to as “cross linking,” and bipartite
networks is exactly a cross-linked network. A Cross-linked
structure is the basic unit of bipartite networks consisting of
a pair of homogeneous nodes and common heterogeneous
nodes. The formal definition is as follows.
Definition 1. In a given bipartite network 𝐺, nodes 𝑖, 𝑗, 𝑘 form
a cross-linked structure, if and only if they satisfy (𝑖, 𝑘) ∈
𝐸(𝐺) ∩ (𝑗, 𝑘) ∈ 𝐸(𝐺). All the cross-linked structures which
contain nodes 𝑖 and 𝑗 compose a cross-linked set (𝑖, 𝑗). In
other words, set (𝑖, 𝑗) consisted of 𝑖,𝑗 and their common
heterogeneous neighbors.
There is a certain correlation between a pair of homogeneous nodes in a cross-linked structure. For example, a
cocitation relation means that literature articles are more
or less similar to some degree if they have the same
quotations. Therefore, reference [8] characterizes relations
between homogeneous nodes by giving them cognitive ability
and distinguishes their different position in the cross-linked
structure. In this way, it completed the network projection
and implemented collaborative recommendation based on
the projection network. Combining with Definition 1, relevant formal definition is as follows.
Definition 2. Given a cross-linked structure 𝐶𝑟𝑜𝑠𝑠𝐿𝑖𝑛𝑘
𝑆𝑡𝑟𝑢𝑐𝑡𝑢𝑟𝑒⟨𝑖,𝑗⟩ (𝑘), node 𝑘 is referred to as the intermediary
node, while node, 𝑖 and 𝑗 are referred to as subjective
target node and objective target node, respectively. So, the 𝑘intermediary cross-linked correlation that node 𝑖 acts on 𝑗 is
𝐶𝐿 𝐶𝑜𝑟𝑟𝑒𝑙𝑎𝑡𝑖𝑜𝑛⟨𝑖,𝑗⟩ (𝑘) = 𝑓𝑑𝑒𝑠 (𝑘) 𝑓𝑖𝑛𝑑 (𝑖) 𝑓Δ (𝑗) ,

(1)

where these three functions and their forms are defined as
(1) the description ability of the intermediate node: 𝑓𝑑𝑒𝑠 (𝑘) =
1/𝑘𝑘 ; (2) the independence of the subjective target node:
𝑓𝑖𝑛𝑑 (𝑖) = 1/𝑘𝑖 ; (3) the exclusiveness of the subjective target
node to the object one: 𝑓Δ (𝑗) = 1/(𝑘𝑗 − 𝑚 + 1)𝛼 , where 𝛼
is a parameter indicating degree of the contribution that the
exclusiveness makes on the correlation and 𝑚 = |𝑁(𝑖)∩𝑁(𝑗)|.
By accumulating the all correlations in cross-linked set
(𝑖, 𝑗), we can compute the correlation between target node 𝑖
and its homogeneous neighbor 𝑗, expressed as ⟨𝑖, 𝑗⟩ correlation. After normalization on all ⟨𝑖, 𝑗⟩ correlations, we can
obtain the importance probability ⟨𝑖, 𝑗⟩ which means how
important the node 𝑗 is to node 𝑖. Relevant formal definitions
are as follows.
Definition 3. Given a node 𝑖 and one of its homogeneous
neighbor node 𝑗, the ⟨𝑖, 𝑗⟩ correlation is denoted as

3.1. Correlation Measurement
3.1.1. Vertex Correlation. The heterogeneous neighbor is the
direct property of a node; the degree of a node is the number
of its heterogeneous neighbors, while the homogeneous

𝑐𝑙𝑐𝑜𝑟𝑟⟨𝑖,𝑗⟩ = 𝑓𝑖𝑛𝑑 (𝑖) 𝑓Δ (𝑗)

∑

𝑓𝑑𝑒𝑠 (𝑘) .

𝑘∈𝑁(𝑖)∩𝑁(𝑗)

(2)
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Figure 1: An example of calculating vertex correlations. The left-hand figure is the structure of a bipartite network and the right-hand one
shows correlation matrixes.

Definition 4. Given a node 𝑖 and one of its homogeneous
neighbor node 𝑗, the importance probability of 𝑗 in the view
of 𝑖 is denoted as
∑ 𝑆𝑖𝑔⟨𝑖,𝑗⟩ = ∑ 𝜏 ⋅ 𝑐𝑙𝑐𝑜𝑟𝑟⟨𝑖,𝑗⟩ = 1,

𝑗∈Γ(𝑖)

𝑗∈Γ(𝑖)

(3)

where 𝜏 is normalization factor.
Figure 1 shows an example on calculating vertex correlations according to the above definitions where the value of 𝛼
is 1.
3.1.2. Edge Adjacent Structure. In a common network, we
generally say that two edges sharing the same endpoint are
adjacent, because these edges clearly have higher similarity
than those without common endpoint. But the common
endpoint is unable to provide useful information for the
similarity measure, and the higher its degree is, the more
similar the edges are. Therefore, Ahn et al. [22] used the
modified Jaccard index based on nonshared endpoints to
measure the similarity of adjacent edges.
However, an edge exists in a pair of heterogeneous nodes
in bipartite network. So, the common nodes of adjacent edges
are different types.
For example, in Figure 1 adjacent edges of edge (𝑥1 , 𝑦1 )
are (𝑥1 , 𝑦2 ), (𝑥1 , 𝑦3 ), and (𝑥2 , 𝑦1 ). The common node shared
by (𝑥1 , 𝑦1 ) and the former two edges are of type 𝑋, while the
node which (𝑥1 , 𝑦1 ) shared with the last one is of type 𝑌. If we
follow Ahn’s similarity measure, the similarity between edge
(𝑥1 , 𝑦1 ) (𝑥1 , 𝑦2 ) and (𝑥1 , 𝑦3 ) is represented by the similarity
between 𝑌 nodes 𝑦1 (𝑦2 ) and 𝑦3 , while the similarity between
edges (𝑥1 , 𝑦1 ) and (𝑥2 , 𝑦1 ) is represented by the similarity
between 𝑋 nodes 𝑥1 and 𝑥2 . This results in the inconsistent
similarity measure, and we can judge which one of the
adjacent edges is more related to (𝑥1 , 𝑦1 ).
Therefore, for a given edge, we define another edge as
its adjacent edge if and only if the edge has no common
endpoints with it and each pair of homogeneous endpoints
of them has common heterogeneous neighbors. This could

unify the correlation of both dimensions, and we could measure it by the correlations of the two pairs of homogeneous
nodes. For example, in Figure 1 the set of adjacent edges of
edge (𝑥1 , 𝑦1 ) is {(𝑥2 , 𝑥4 ), (𝑥4 , 𝑋2 ), (𝑥4 , 𝑥3 ), (𝑥4 , 𝑥4 )}, relevant
formal definition is as follows.
Definition 5. Two edges are adjacent if and only if they
have no common endpoints and each pair of homogeneous
endpoints shares common heterogeneous neighbors. For a
given edge (𝑖, 𝑙), its adjacent edges set is
𝑁𝑒 (𝑖, 𝑙) = {(𝑗, 𝑚) | 𝑖 ≠𝑗, 𝑙 ≠𝑚, 𝑁 (𝑖) ∩ 𝑁 (𝑗) ≠0,
𝑁 (𝑙) ∩ 𝑁 (𝑚) ≠0} .

(4)

Corollary 6. If edge (𝑖, 𝑙) is adjacent to (𝑗, 𝑚), then common
homogeneous neighbors of node 𝑙 and 𝑚 are containing
common heterogeneous neighbors of node 𝑖 and 𝑗, meaning
(𝑖) ∩ 𝑁(𝑗) ⊆ Γ(𝑙) ∩ Γ(𝑚).
3.1.3. Edge Correlation. The property of an edge is determined by its endpoints. Therefore, we can measure the
correlation of adjacent edges through indirectly multiplying
the correlations of homogeneous endpoints. Relevant formal
definition is as follows.
Definition 7. Given a pair of adjacent edges (𝑖, 𝑙) and (𝑗, 𝑚),
their correlation under (𝑖, 𝑙)’s perspective is denoted as
𝑒𝑐𝑜𝑟𝑟⟨𝑒𝑖𝑙 ,𝑒𝑗𝑚 ⟩ = 𝑆𝑖𝑔⟨𝑖,𝑗⟩ ⋅ 𝑆𝑖𝑔⟨𝑙,𝑚⟩ .

(5)

The above definition uses the correlation between two
pairs of homogeneous neighbor nodes independently. When
calculating Sig ⟨𝑖, 𝑗⟩, each intermediary node of nodes 𝑖 and
𝑗 contributes to the correlation equally. Corollary 6 shows
that intermediary nodes are also the common homogeneous
neighbors of nodes 𝑖 and 𝑚. Therefore, for an intermediary
node, its ability to depict the correlation of the pair of
homogeneous endpoints 𝐼 and 𝑗 becomes greater, if and only
if the correlation between 𝑙 and it is closer to the one between
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𝑚 and it. After modifying the description ability of intermediate nodes, we could obtain the correlation ⟨𝑖, 𝑗 | 𝑙, 𝑚⟩;
the amended definition is as follows.
Definition 8. For a given pair of adjacent edges (𝑖, 𝑙) and
(𝑗, 𝑚), their correlation under (𝑖, 𝑙)’s perspective is
𝑒𝑐𝑜𝑟𝑟⟨𝑒𝑖𝑙 ,𝑒𝑗𝑚 ⟩ = 𝐶𝑜𝑟𝑟⟨𝑖,𝑗⟩ (𝑙, 𝑚) ⋅ 𝐶𝑜𝑟𝑟⟨𝑙,𝑚⟩ (𝑖, 𝑗) ,

(6)

where 𝐶𝑜𝑟𝑟⟨𝑖,𝑗⟩ (𝑙, 𝑚) represents the ⟨𝑖, 𝑗 | 𝑙, 𝑚⟩ correlation,
and it satisfies
𝐶𝑜𝑟𝑟⟨𝑖,𝑗⟩ (𝑙, 𝑚)
=

∑
𝑘∈𝑁(𝑖)∩𝑁(𝑗)

𝑆𝑖𝑚 (𝑆𝑖𝑔⟨𝑙,𝑘⟩ , 𝑆𝑖𝑔⟨𝑚,𝑘⟩ ) 𝐶𝐿 𝐶𝑜𝑟𝑟𝑒𝑙𝑎𝑡𝑖𝑜𝑛⟨𝑖,𝑗⟩ (𝑘) ,

(7)

where 𝑆𝑖𝑚(𝑆𝑖𝑔⟨𝑙,𝑘⟩ , 𝑆𝑖𝑔⟨𝑚,𝑘⟩ ) represents the correction factor
denoting how much the contribution intermediary node 𝑘
in cross-linked structure (𝑖, 𝑗) made to the ⟨𝑖, 𝑗 | 𝑙, 𝑚⟩
correlation, and it satisfies
∑
𝑘∈𝑁(𝑖)∩𝑁(𝑗)

𝑆𝑖𝑚 (𝑆𝑖𝑔⟨𝑙,𝑘⟩ , 𝑆𝑖𝑔⟨𝑚,𝑘⟩ )

1
= 1.
=
∑ 𝜏 ⋅ 

𝑆𝑖𝑔
−
𝑆𝑖𝑔

⟨𝑚,𝑘⟩  + 1
 ⟨𝑙,𝑘⟩
𝑘∈𝑁(𝑖)∩𝑁(𝑗)

(8)

If the intermediary node 𝑘 is exactly one endpoint of the
edge, the correction factor is 1. It is like that people think their
own ideas most important.
Table 1 shows an example of calculating correlations
among adjacent edges.
3.2. Bipartite Community Division Algorithm Based on Propagation. In the real world, people often follow others’ behaviors. For example, they will buy the same goods that their
friends have bought. The edge correlation measure proposed
in last section could be interpreted as to how a behavior
depends on another one. Here, we propose a link community
division algorithm based on label propagation (BELPA).
3.2.1. Algorithm Design. The basic idea of BELPA is assigning
unique labels to each edge at first and then repeatedly
updating labels until they converge to a steady state. At last,
edges with the same label belong to the same community. This
process is equivalent to label propagation on a directed and
weighted network where nodes are corresponding to edges
in the bipartite network and the directed and weighted edges
are corresponding to the correlation between adjacent edges.
We need to solve three key problems: how to allocate initial
labels, how to update labels, and when to stop the iterative
process.
First of all, we select one kind of node sets as the starting
set and then give the same label for edges ending up with each
node in the node set. For example, if starting from the set of
𝑋 nodes, the label assigned to each edge is the identification
of the edge’s 𝑋 endpoint. This process is consistent with the
idea in [19], because it is equivalent to the idea that 𝑌 nodes
can also receive the labels from 𝑋 nodes.

After initial allocation, the label updating strategy
includes following aspects.
(1) Label selection strategy. At the 𝑡th iteration, we
weight the correlation between a given edge 𝛼 and its
adjacent edges and update its own label by adjacent
label with the highest correlations. The label updating
function is
𝐶𝛼 (𝑡) = arg max ∑ 𝑒𝑐𝑜𝑟𝑟⟨𝛼,𝛽⟩ [𝐶𝛽 (𝑡 − 1) == 𝐶] .
𝐶

𝛽∈𝑁𝑒(𝛼)

(9)

(2) Tie treatment strategy. When the above function
returns more than one maximum labels, we will
maintain the label of edge 𝛼 if it is one of them,
otherwise we select one of them randomly.
(3) Updating execution strategy. We execute label updating synchronously, that is, the new label of each
edge is independent of other edges in the current
iteration and just relies on the adjacent labels in the
last iteration. So we can obtain more stable results and
make the algorithm parallel and practical.
Finally, in 𝑡th iteration, if one of the following conditions
is achieved, we will stop the algorithm:
(1) no edge updates label, namely, 𝐶 (𝑡) = 𝐶(𝑡 − 1);
(2) after updating, labels satisfy the condition 𝐶 (𝑡) =
𝐶(𝑡 − 2);
(3) the maximum iteration is reached, namely, 𝑡 > 𝑇; 𝑇 is
set previously.
According to the above steps, we execute the edge label
propagation on the bipartite network shown in Figure 1, and
the process is shown in Table 2.
In the initial iteration (iteration zero), the labels are
identifiers of 𝑋 nodes. Finally we can obtain two 𝑋 communities: {𝑥1 , 𝑥2 } and {𝑥2 , 𝑥3 , 𝑥4 }, and two 𝑌 communities:
{𝑦1 , 𝑦2 , 𝑦3 , 𝑦5 } and {𝑦2 , 𝑦4 , 𝑦6 , 𝑦3 }. Node 𝑥2 is the overlap
section in 𝑋 communities, and both forms of its community
membership are 0.5. Nodes 𝑦2 and 𝑦3 are the overlap section
in 𝑌 communities, and both forms of their community membership are also 0.5. Furthermore, community identifiers are
1 and 4, respectively, which are initial labels reserved at last.
Nodes 𝑥1 and 𝑥4 have higher degree and could make stronger
influence on others so they become the community core and
the initial label from them was reserved. On the contrary,
nodes 𝑥2 , 𝑦2 , and 𝑦3 are all connecting the heterogeneous
nodes with high degree, so they are receiving comparative
attractions from two communities and become community
border.
3.2.2. Algorithm Expansion. Radicchi et al. [23] proposed the
comparative definition of community dividing community
into strong community and weak community. The strong
community focuses on each node in it, while the weak one
focuses on the whole community. On the other hand, the
definition is still based on link density, namely, that links are
dense in communities and are sparse among communities.
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Table 1: An example of calculating the correlations among adjacent edges, where 𝛼 is 0.5. Elements in this figure are normalized results.

(1, 1)
(1, 2)
(1, 3)
(1, 5)
(2, 1)
(2, 4)
(3, 4)
(4, 2)
(4, 3)
(4, 4)
(4, 6)

(1, 1)
—
0
0
0
0
0.289
0
0.158
0.158
0.158
0

(1, 2)
0
—
0
0
0.095
0.221
0
0
0.410
0.170
0.401

(1, 3)
0
0
—
0
0.095
0.221
0
0.410
0
0.170
0.401

(1, 5)
0
0
0
—
0.151
0
0
0.248
0.248
0
0

(2, 1)
0
0.673
0.673
0.175
—
0
0.501
0.097
0.097
0.092
0

(2, 4)
0.141
0.099
0.099
0
0
—
0
0.033
0.033
0
0.077

(3, 4)
0
0
0
0
0.272
0
—
0.053
0.053
0
0.121

(4, 2)
0.174
0
0.415
0.413
0.139
0.118
0.140
—
0
0
0

(4, 3)
0.174
0.415
0
0.413
0.139
0.076
0.140
0
—
0
0

(4, 4)
0.510
0.140
0.140
0
0.107
0
0
0
0
—
0

(4, 6)
0
0.278
0.278
0
0
0.118
0.219
0
0
0
—

Table 2: An example of edge label propagation. The row numbers express edges, the column numbers express iteration times, and elements
express edge label identifier.

0
1
2
3
4

(1, 1)
1
4
1
4
1

(1, 2)
1
4
1
4
1

(1, 3)
1
4
1
4
1

(1, 5)
1
4
1
4
1

(2, 1)
2
4
1
4
1

Table 3: An example of getting different-scale communities by
adjusting 𝛾 with step length 0.1.
𝛾
0∼0.4
0.5∼1.0

𝑋 style community
{1, 2}, {2, 3, 4}
{2, 4}, {2}, {3}, {1}

𝑌 style community
{1, 2, 3, 5}, {2, 3, 4, 6}
{1, 2, 3, 5}, {2, 3, 4, 6}, {1}, {4}

In bipartite networks, link pattern is more appropriate,
because no links exist in and among homogeneous communities and meaningful bipartite community only contains
homogeneous nodes. Because the correlation measure in
upper section is calculated indirectly according to the network topology, which is equivalent to be obtained based
on some kind of link pattern, it will be effective to divide
community by our correlation definition.
The hierarchical clustering algorithm [21] deals with
edges in the whole network layer-by-layer and then gets
different-scale communities by cutting the dendrogram.
Communities on different levels of the dendrogram constitute the community hierarchy. The closer to the top level of
the dendrogramis, the larger community will be obtained.
However, this hierarchy is exactly equivalent to the different
period during the merging and disintegrating communities;
the optimal value will appear on a certain level of the dendrogram under the rule of cutting to meet biggest modular. So we
take example by the definition of strong and weak community
and introduce a parameter to control the label propagation
process so that we can get a community of different scale.
That the given edge completes its label updating is
equivalent to saying that the edge has joined into a link
community with its new label. And this change will make an

(2, 4)
2
1
4
1
4

(3, 4)
3
2
1
4
1

(4, 2)
4
1
4
1
4

(4, 3)
4
1
4
1
4

(4, 4)
4
1
4
1
4

(4, 6)
4
1
4
1
4

effect on the original link community, because the correlation
between adjacent edges is bidirectional. For example, the
whole correlation in the link community will be weakened, if
the correlations between original edges inside and the given
edge are very weak. This is similar to the access permission of
some organizations in real life, such as some people who will
be rejected to join in. Therefore, we modify formula (9) as
𝐶𝑎 (𝑡) = arg max (
𝐶(𝑡−1)

∑

𝑒𝑐𝑜𝑟𝑟⟨𝛼,𝛽⟩

𝑒𝛽 ∈𝐸𝑁(𝑒𝛼 )

−𝛾 ⋅ (𝑒𝑐𝑜𝑟𝑟⟨𝛼,𝛽⟩ − 𝑒𝑐𝑜𝑟𝑟⟨𝛽,𝛼⟩ ) ) .
(10)
Here, parameter 𝛾 denotes a factor of influence of how
many members in the community will accept others out of the
community. When 𝛾 = 0, it is just considering correlations
under the view of the given edge itself. When 𝛾 = 1, it
goes to the other extreme, namely considering correlations
under the view of adjacent edges only. We can get differentscale communities by adjusting value of 𝛾 and Table 3 shows
a simple example. From the table, we can see that some
smaller communities are recognized when the parameter
grows, which will be helpful to find out nested structures.
3.3. Recommend Algorithm Based on Bipartite Community.
We utilize BELPA algorithm to obtain the user and resource
community and then forecast the value of resources which
are not chosen by target users according to the community
membership and corresponding relationship between communities to realize collaborative recommendation.
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3.3.1. Related Concepts. Firstly, we take user and resource
community as users’ and resources’ nearest neighbourhood,
respectively, and call those community members as users’ and
resources’ community neighbors, respectively. For a given
user 𝑢 and a given resource 𝑟, the formal definitions of their
community neighbors are Γ𝐶𝑈(𝑢) = {V | V ∈ 𝐶(𝑢)} and
Γ𝐶𝑅 (𝑟) = {𝑘 | 𝑘 ∈ 𝐶(𝑟)}, where 𝐶(𝑢) and 𝐶(𝑟) represent the
community to which user 𝑢 and resource 𝑟 are belonging.
Secondly, we call those heterogeneous communities with
same community label as corresponding community; that is,
for any node V ∈ 𝑉(𝑢), if it belongs to the community 𝐶𝑖𝑉(𝑢) ,
its corresponding community is 𝐶𝑖𝑉−𝑉(𝑢) . In particular, we
define 𝐶𝑢𝑟 as the corresponding community for user 𝑢 and
resource 𝑟. Thus it can be seen that the membership of node
𝑢 in community 𝐶𝑖 has two meanings: one is the participative
extent of user 𝑢 in community 𝐶𝑖𝑉(𝑢) and the other is the
extent of how important community 𝐶𝑖𝑉−𝑉(𝑢) is to user 𝑢. So,
we take the community memberships as:
(1) a weighting coefficient which is used to calculate
correlations between a given user or resource and
their community neighbors;
(2) an initial score that a given user gives to his selected
resource.
Finally, we use cosine theorem to calculate the similarity
based on the community membership. The formal definition
is as follows.
Definition 9. The similarity based on community membership of given node 𝑢, V ∈ 𝑉𝑈 ∪ 𝑢, V ∈ 𝑉𝑅 is
𝑐𝑏𝑠𝑖𝑚 (𝑢, V)

(1) determining the user community neighbourhood
Γ𝐶𝑈(𝑢) for 𝑢;
(2) for ∀V ∈ Γ𝐶𝑈(𝑢), adding the resources which have
been chosen by V but not been selected by 𝑢 to 𝑟𝑙, and
accumulating their scores brought from V. The score
of resource 𝑟 brought from user V is defined as
𝑠𝑐𝑜𝑟𝑒V (𝑟) = 𝑐𝑏𝑐𝑜𝑟𝑟⟨𝑢,V⟩ ⋅ V.𝑚𝑒𝑚 (𝐶V𝑟 ) ,

2

2

√∑𝐶 ∈𝐶(𝑢) 𝑢.𝑚𝑒𝑚(𝐶𝑖 ) ⋅ √∑𝐶 ∈𝐶(V) V.𝑚𝑒𝑚(𝐶𝑖 )
𝑖
𝑖

,
(11)

where 𝑢.mem (𝐶𝑖 ) and V.mem (𝐶𝑖 ) represent membership of
nodes 𝑢 and V in community 𝐶𝑖 , respectively.
Combining with the above definition, we use larger value
strategy to modify the correlation measure between target
object and its community neighbor, and weighting by its
community membership. So, the correlation between given
object and its community neighbor is defined as follows
Definition 10. The correlation between given node 𝑢 and its
community neighbors is defined as
∑ 𝑐𝑏𝑐𝑜𝑟𝑟⟨𝑢,V⟩

V∈Γ𝐶 (𝑢)

= ∑ 𝜏 ⋅ [ max (𝑐𝑏𝑠𝑖𝑚 (𝑢, V) , 𝑐𝑙𝑐𝑜𝑟𝑟⟨𝑢,V⟩ )
V∈Γ𝐶 (𝑢)

𝑢.𝑚𝑒𝑚 (𝐶𝑖 )] = 1.
𝐶𝑖 ∈𝐶(𝑢)∩𝐶(V)
]

⋅

∑

(12)

(13)

where V.𝑚𝑒𝑚(𝐶V𝑟 ) denotes the initial score of
resource 𝑟 rated by user V;
(3) sorting resources in the 𝑟𝑙 according to their scores.
Similarly, the steps of resource-community-based collaborative recommend (RCBCR) algorithm is as follows:
(1) for ∀𝑘 ∈ 𝑁(𝑢), determining the resource community
neighborhood Γ𝐶𝑅 (𝑘) for 𝑘;
(2) adding resources in Γ𝐶𝑅 (𝑘) which have not been
selected by 𝑢 to 𝑟𝑙 and accumulating their scores
brought from community neighbor 𝑘. The score of
resource 𝑟 brought from resource 𝑘 is defined as
𝑠𝑐𝑜𝑟𝑒𝑘 (𝑟) = 𝑐𝑏𝑐𝑜𝑟𝑟⟨𝑘,𝑟⟩ ⋅ 𝑢.𝑚𝑒𝑚 (𝐶𝑢𝑘 ) ,

∑𝐶𝑖 ∈𝐶(𝑢)∩𝐶(V) 𝑢.𝑚𝑒𝑚 (𝐶𝑖 ) ⋅ V.𝑚𝑒𝑚 (𝐶𝑖 )

=

3.3.2. Algorithm Design. We maintain a recommended list
𝑟𝑙 for a target user 𝑢; the element in the list consists of the
resource identifier and the score that user 𝑢 may rate in the
resource. The resource with the higher score will be prior to
be recommended to users. The recommended list is empty
initially.
For a target user 𝑢, the steps of user-community-based
collaborative recommend (UCBCR) algorithm is as follows:

(14)

where 𝑢.𝑚𝑒𝑚(𝐶𝑢𝑘 ) denotes the initial score of
resource 𝑘 rated by 𝑢;
(3) sorting resources in the 𝑟𝑙 according to their scores.

4. Numerical Experiments
4.1. Experiments of Community Division Algorithm. Standard
data set. We used Southern Women data set to verify the
validity of BELPA algorithm in this section. This data set
describes the participation of 18 women in 14 social events.
Many social scientists have divided 18 women into two
groups: woman from 1 to 9 and woman from 10 to 18. Some
other social scientists think that woman 9 belongs to both
groups. Generally, the real women community partition of
this data set is expressed by {1 ∼ 9} and {10 to 18}.
Table 4 shows different results of related algorithms. We
can see that the algorithm results of Guimerà et al. [13] are
the optimal compared with the real partition. The algorithm
results of Barber [14] misclassify woman 8, and algorithm
results of Murata [15] and Suzuki and Wakita [16] contain
many isolated small communities, especially Suzuki’s. These
differences are due to the format of bipartite modularity,
especially that Murata and Suzuki both design modularity to
find communities with many-to-many relationships. It also
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Table 4: Results of related algorithm.
Women community
{1∼9}, {10∼18}
{1∼7, 9}, {8, 10∼18}
{1∼6}, {7, 9, 10}, {8, 16∼18}, {11∼14}
{1∼7}, {8}, {9}, {16}, {17, 18}, {10∼14}

Guimerà
Barber
Murata
Suzuki

Table 5: The result of BELPA algorithm starting from women set
with 0.1 as the step length of parameter 𝛾.
Γ
0∼0.4
0.5
0.6∼0.7
0.8∼1.0

Women community
{1∼9, 16}, {10∼18}
{1∼9}, {10∼18}
{1∼9}, {8, 10∼18}
{1∼9}, {8∼18}

Events community
{1∼9}, {6∼14}
{1∼9}, {6∼14}
{1∼9}, {6∼14}
{1∼9}, {6∼14}

can be speculation that the origin of these differences is the
different positions of nodes in bipartite network.
Therefore, we deem that the reasonable result contains
two parts: the foundation partition which consists of two
communities {1 ∼ 9} and {10 ∼ 18} and other small
communities which are overlaps among communities, such
as {8}, {9}, and {16}. What is more, members in the overlaps
should be more affiliated to its foundation partition. For
instance, communities {8}, {9} should be more affiliated to the
community {1 ∼ 9} and {16} should be more affiliated to the
community {10 ∼ 18}. This reasonable result will be more
credible and has practical significance in the real world.
Table 5 shows the result of BELPA algorithm. When 𝛾 is
ranging from 0 to 0.4, woman 16 is the overlap in women
communities and its membership of community {10 ∼ 18}
is 0.5. When 𝛾 reaches 0.5, we can get the same result with
the real partition. When 𝛾 is ranging from 0.6 to 1, woman 8
is the overlap and its membership of community {1 ∼ 9} is
2/3. When 𝛾 is ranging from 0.8 to 1, woman 9 is the overlap
and its membership community of {1 ∼ 9} is 3/4.
We can also see that the final community label is 1 and
13, because the two women 1 and 13 have high frequency
to participate in social events and they become the core of
communities. Then, women 16, 8, and 9 nodes in overlaps all
have lower frequentness of participating in social events, 2, 3,
and 4, respectively, and they all have taken part in two social
events, 8 and 9, in which many women have participated. So
they are pulled by two communities and become community
border.
The above experiments show that BELPA could obtain
reasonable results consistent with the real partition under
different parameter values. What is more, BELPA could
identify the cores and borders of communities which are representatives of communities and bridges connecting different
communities, respectively. This will play an important role in
the practical applications.
Only meaningful communities in the real world can be
further used of to achieve collaborative recommendation.

Events community
{1∼8}, {9∼14}
{1∼8}, {9∼14}
{1∼6}, {7, 8}, {9, 11}, {10∼14}
{1∼6}, {7}, {8}, {9, 11}, {10, 12∼14}

Therefore, in this section we use MovieLens data set to
verify the validity of BELPA algorithm. In order to test
the recommendation algorithms afterwards, we extract some
data in a random time slot from the original data set and
divide it into two parts on the basis of time sequence; the
training set contains 80% of it and the test set contains 20%
of it.
The data set in this experiment contains 113 user nodes
and 1024 resource nodes. The average degree of user nodes
is 70 and the average degree of resource nodes is 7.8. If we
choose resource nodes as the starting set, we can finally
obtain the result shown in Figure 2. We can get the following
conclusions.
(1) Basic community structure. With the growth of
parameter 𝛾, the data set was divided into three
basic communities and the number of communities increased slightly along with the appearance of
some small communities. Some community identifiers changed, which showed that internal structure
of community including its core and border was
changing. The 181 and 335 community are two rather
stable communities among them. The 181 resource has
high degree, so it becomes the core of community
and has great influence on other nodes. This kind
of resource often becomes the main focus in the
real world. On the other hand, the degree of 335
resource is 2 and it connects 130 user whose degree is
1, which results in the edge between them having no
adjacent edges and becoming an isolated community.
In addition, some nodes with medium degree become
the core of communities alternately, such as 204, 56,
79, and 185.
(2) Nested community structure. With the growth of
parameter 𝛾, some small communities are separated,
such as 816, 1213, and 619. Because the degrees of these
resource nodes are all 2 and they are connected to two
user nodes with higher degree, which makes them
be pulled by the two link communities having comparative attraction at the same time, those resource
nodes will be finally separated as special bordered
structure of community. In other words, these small
communities are not the isolated structures but the
nested structures, which is meaningful in practical
applications. It is like that there always exist smaller
groups with closer relationships in a large group.
(3) Overlapping degree. The length of solid vertical lines
beyond the dotted horizontal line shows the overlapping degree of communities. So we can see that
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Figure 2: The community division result of MovieLens data set starting from resource nodes. The abscissa and ordinate denote the parameter
value and community scale, respectively. Figure at left shows user communities and the one at right shows resource communities. The
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Figure 3: The community division result of MovieLens data set starting from user nodes. Related instructions are shown in Figure 2.

the overlapping degree of user community is bigger
than the one of resource community, because the
average degree of user node is bigger, namely, that
user nodes ending up with more edges will be more
likely to belong to different communities.
Starting from user nodes, we can finally obtain the results
shown in Figure 3. Comparing results in Figures 2 and 3, we
can get the following conclusions.
(1) There are slight differences in both the number and
size of communities between basic partitions of them.
And there is also a certain correspondence between

them. For example, 130 community is separated
because it is connected to 335 resource.
(2) The former user communities are more overlapped
than the latter ones, while the former resource communities are less overlapped than the latter ones.
In the first iteration, nodes in the staring set can
gain only one initial community label, while nodes
in the receiving set can get more than one label
through edges of different labels. Finally the former
user communities with user nodes as receivers are
more overlapped than the latter ones with user nodes
as senders and so does the situation of rescores nodes.
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(3) The former nested community structures are slightly
more than the latter ones with the growth of the
parameter value, because the scale of resources in
this experimental data set is larger than the scale of
users, which makes the former number of initial labels
slightly more bigger and nested community be easier
to separate.

users. Therefore, the smaller the average degree is, the more
personalized the recommendation results are.
Hamming distance can measure difference degree
between recommend lists. It is defined as

Above all, BELPA algorithm can get bipartite communities in the real data set. What’s more, it can identify cores
borders and of communities and some nested structures,
which will play an important role in collaborative recommendation systems. For instance, we can use community cores
to ease cold start-up problem or use community borders and
nested structures to improve the recommendation diversity.
Moreover, by comparing the results of different initial label
distribution strategy, we found that the results of BELPA
algorithm are relatively stable. But specific initial label distribution strategy and data structure will both affect the division
results indeed.

where 𝐿 is length of the recommendation list and 𝑄𝑖𝑗 is the
number of common resources between recommend list of
user 𝑖 and 𝑗. The diversity is just the average of the hamming
distance on all recommended results, and the greater the
average hamming distance is value, the greater the diversity
is.

4.2. Experiment of Collaborative Recommend Algorithm
4.2.1. Evaluating Measures. Measures of collaborative recommendation contain accuracy and individualization. The
former is the degree of correspondence between recommend
results and users’ preferences, and the latter is the difference
degree between recommend results of different users.
We use rank accuracy and hitting rate to measure the
accuracy. Rank accuracy is the mean of ranking score, which
is defined as
𝑟𝑖 =

𝐿𝑖
,
𝑁

(15)

where 𝑖 is a resource in the testing set, 𝑁 is the number of
resources which is not chosen by a certain user in the training
set, and 𝐿 𝑖 is the position of resource 𝑖 in the recommendation
list. Smaller the 𝑟𝑖 value is, higher the chosen resource is likely
to rank in the list of recommendation, in brief, more accurate
of algorithm.
In fact, users only concern resources at the front of
recommend lists, so we use hitting rate to measure the
percentage that the number of resources chose by the target
user to a certain list length with certain length list. The hitting
rate is defined as
ℎ𝑖 =

𝐿𝑐
,
𝐿

(16)

where 𝐿 is length of recommend list and 𝐿 𝑐 is the number
of resources that appear in both the testing set and the
recommendation list. The higher the hitting rate is, higher the
algorithm accuracy is.
We use popularity and diversity to measure the individualization degree of algorithm. The popularity is measured
by average degree. In the real world, if the recommended
results contain many popular resources which are chosen
by many users, the accuracy could be guaranteed, while
the individualization perhaps could be weakened, because
the popular resource may not meet the individual needs of

𝐻𝑖𝑗 = 1 −

𝑄𝑖𝑗
𝐿

,

(17)

4.2.2. Numerical Results. In this section we used the above
measures to estimate our collaborative recommend algorithm
based on communities in Figures 2 and 3. The results
of UCBCR and RCBCR are shown in Figures 4 and 5,
respectively.
Looking at the overall trend of different indexes in the
figures, we can get the following conclusions.
(1) Each value of different measures under different
parameter values presented a gentle change, which
verified that the basic partition changed both on size
and number of communities as we have mentioned
before.
(2) The variation tend of these measure values keeps
basic consistent with the one of both the overlapping
degree of community structure and separation degree
of nested structure in Figures 4 and 5. This shows that
the greater the overlapping degree is or the more the
nested structures are, the better the recommend effect
is.
Different initial label assignment strategy results in different community partition. Therefore, observing results of
illustrations 𝑢 and 𝑟 in Figures 4 and 5, we can get the
following conclusions.
(1) As a whole, the effects of UCBCR and RCBCR
algorithm based on communities obtained by BELPA
starting from user nodes are superior to the ones
based on communities obtained by BELPA starting
from resource nodes.
(2) When the length of list is separately 10, 50, and 100, the
hitting rate of RCBCR algorithm based on communities obtained by BELPA starting from resource nodes
is higher than the one based on communities obtained
by BELPA starting from user nodes. However, the
diversity and popularity index is still slightly optimal
in RCBCR algorithm based on communities obtained
by BELPA starting from resource nodes.
As mentioned before, both user and resource communities obtained by BELPA starting from resource nodes are
more meticulous, but the overlapping degree of resources
communities is slightly lower than those obtained by BELPA
starting from user nodes. Therefore, the above phenomenon
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Figure 4: Results of UCBCR. It successively reports the rank accuracy, hitting rate, popularity, and diversity base on different length of
recommend lists and different community structures under each parameter values. Illustrations 𝑢 and 𝑟 express the results base on user
communities in Figures 2 and 3, respectively.

can also explain that, the higher overlapping degree and
the more apparent nested structure are helpful to improve
recommend accuracy on the whole and guarantee individuation of algorithm at the same time.
In addition, there is an obvious inflection point on the
curve of the illustration 𝑢 in Figures 4 and 5 when parameter 𝛾
reaches 1, and each index value has a significant improvement.
From Figure 5, we can find that, at this time, overlapping
degrees of user communities and resources communities and
the number of nested structures were obviously increased.
This phenomenon again proves that the high overlap degree
and apparent nested structure could improve the recommend
effects on the whole.
The above analysis shows the relationship between effects
of collaborative recommend algorithms and community
characters, including the overlapping degree and the separation degree of nested structures. The reasons are mainly the
following two points.

(1) Because our collaborative recommend algorithms
adopt the similarity based on the community membership, the higher the overlapping degree of communities is, the more abundant the information of
nodes’ community membership is. And we can depict
the scale of neatest neighborhood and the correlations
among the neighbors much more accurately.
(2) The separation of nested structures comes down to
find out those nodes as the community borders,
which are bridges between different communities.
They can expand the scope of the nearest neighborhoods by introducing other possible related objects,
which could ensure both algorithms accuracy and
recommend diversity, especially the latter.
Finally, we compared metrics of our collaborative recommend algorithms ( UCBCR and RCBCR) with those of
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Figure 5: Results of RCBCR. Related instructions are shown in Figure 4.

algorithms (RCNCR and UCNCR) as benchmark algorithms
in [8]. The results are shown in Figure 6.
Analyzing the above results, we can get the following
conclusions.
(1) Compared with benchmark algorithms, each measure of UCBCR and RCBCR algorithms improved.
Our algorithms ensured the algorithm accuracy and
showed an obvious advantage in the recommend
diversity individuation. It also proved that those user
and resource communities could effectively represent
the nearest neighborhood, which could verify the
validity of BELPA algorithm at the same time. On the
other hand, the community neighbors could break
limits from cross-linked structure, which played an
important role to raise the novelty of collaborative
recommendations.
(2) Comparing the results of different algorithms under
different community divisions, the improvements
of the algorithms UCBCR and RCBCR are more

apparent than the ones of the algorithms UCNCR (U)
and RCBCR (U), which we have mentioned before.
(3) Comparing the results of different measures, on the
algorithm accuracy, the improvement of the algorithm UCBCR is more apparent than the algorithm
RCBCR, which verifies the importance of the community overlapping degree to improve recommend
effects. On the recommend diversity, the improvement of algorithm RCBCR is very apparent, because
the number of resources community is larger and the
resources nodes in the community border can introduce new objects from other communities, so more
community neighbors could become recommended
objects. Another possibility is that if the overlapping
degree is too high, it may reduce the recommend
diversity.

5. Conclusion
In order to use local characters of the topology structure of
collaborative recommend systems, we put forward a bipartite
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Figure 6: Results of different algorithms under some typical list lengths. (a), (b), (c), and (d) report the ranking accuracy, hitting rate,
popularity, and diversity, respectively. The illustrations of RCBCR and UCBCR show the mean of all metrics UCBCR and RCBCR algorithms
based on communities in Figure 4. And the illustrations of RCBCR (U) and UCBCR (U) show those results based on communities in Figure 5.

link community division algorithm based on the label propagation (BELPA). We redefined the structure of adjacent edges
and the edge correlation measure by making full use of the
properties of endpoints on the edge. Then we gave a label
to each edge and synchronously updated labels according to
edge correlations until steady state was reached. Those edges
with the same label comprise a community. Taking example
by the idea of defining strength and weak community, we
expanded the basic algorithm by adjusting the label updating
function to make the scale of community variable. Finally,
we designed numerical experiments on relevant data sets to
verify the algorithm validity.
We proposed a collaborative recommendation algorithm
based on the bipartite community obtained by BELPA. In
detail, we used the overlaps and corresponding relationship
of the user resource communities to realize the dynamic
nearest neighbourhood. At last, by the numerical experiment
and the analysis of experimental results, we prove that
our recommend algorithms could effectively improve the
recommended accuracy and individuation.
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Due to the budgetary deadlines and time to market constraints, it is essential to prioritize software requirements. The outcome of
requirements prioritization is an ordering of requirements which need to be considered first during the software development
process. To achieve a high quality software system, both functional and nonfunctional requirements must be taken into
consideration during the prioritization process. Although several requirements prioritization methods have been proposed so
far, no particular method or approach is presented to consider both functional and nonfunctional requirements during the
prioritization stage. In this paper, we propose an approach which aims to integrate the process of prioritizing functional and
nonfunctional requirements. The outcome of applying the proposed approach produces two separate prioritized lists of functional
and non-functional requirements. The effectiveness of the proposed approach has been evaluated through an empirical experiment
aimed at comparing the approach with the two state-of-the-art-based approaches, analytic hierarchy process (AHP) and hybrid
assessment method (HAM). Results show that our proposed approach outperforms AHP and HAM in terms of actual timeconsumption while preserving the quality of the results obtained by our proposed approach at a high level of agreement in
comparison with the results produced by the other two approaches.

1. Introduction
The ultimate goal of developing any software system is to
satisfy various stakeholders’ needs [1]. Hence, managing the
software requirements process plays a critical role towards the
success of a software development project [2]. Requirements
engineering, as a first step in the software development
process, and its underlying activities can help practitioners
to understand stakeholders’ needs and develop high quality
software in an economic manner.
However, due to the budgetary deadlines and time to
market constraints, it could be a challenge for requirements
engineers to decide which requirements lead to high stakeholder satisfaction and need to be considered first. To address
this concern and in order to reduce the cost and duration of
a software project as well, it is essential to address the highpriority requirements before considering the low-priority
ones [2–4]. Requirements prioritization can help to identify
the most important requirements for a software system [5]

and then proceed to develop the software according to these
requirements. Hence, requirements prioritization has been
recognized as one of the most important decision making
processes during the software development process [1, 6, 7].
The requirements engineering community has classified
the requirements of a software system into two main categories: functional requirements and nonfunctional requirements [8]. Functional requirements describe the functional
behavior of the system whereas nonfunctional requirements
express how good a system should work. It has been widely
acknowledged that a quality attribute such as reliability,
modifiability, performance, or usability is a nonfunctional
requirement of a software system [8–10]. Although functional
and nonfunctional requirements are very different, they have
a serious impact on each other. Several studies, for example,
[11–15], stated that the achievement of nonfunctional requirements along with functional requirements is critical to the
success of a software system. Hence, prioritizing these two
types of requirements entirely together or separately might
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not be the best solution [16]. For example, if there is one
functional requirement about a specific function and one
nonfunctional requirement regarding availability, it could be
hard to prioritize between them since they are not at the same
abstraction level. So, it is not an efficient way to prioritize both
types of requirements together. In such cases, one may decide
to prioritize them separately. Clearly, it is also not a good
choice since both types of requirements have an impression
on each other.
Numerous methods on requirements prioritization have
been introduced in recent years, the most widely known
of which being analytic hierarchy process (AHP) [17], costvalue approach [1], Wieger’s method [18], and value-oriented
requirements prioritization (VOP) [19], and more recently
there is a method which applied interactive genetic algorithm
to prioritize requirements [20]. Although these methods have
contributed a lot to software development process and can
be used with both kinds of requirements separately (these
methods have mostly been adopted just with functional
requirements [14, 21]), there is a need for proposing an
approach in which prioritization of functional and nonfunctional requirements could be integrated. This paper is
primarily concerned with providing such an approach.
In this paper, we introduce integrated prioritization
approach (IPA), an approach which prioritizes both functional and nonfunctional requirements simultaneously, producing two prioritized lists of functional requirements and
nonfunctional requirements separately. The key contribution
of IPA over existing work is to provide a requirements
prioritization framework which considers both functional
and nonfunctional requirements during the prioritization
process. One major characteristic of IPA is that it requires
only one decision matrix to perform the prioritization task.
In this paper, we have used the term nonfunctional requirements and quality attributes interchangeably to mean the
same. Furthermore, in this paper, we describe an empirical
study which has been conducted to compare the IPA with
the two state-of-the-art-based approaches, analytic hierarchy
process (AHP) and hybrid assessment method (HAM).
The remainder of this paper is organized as follows.
Requirements prioritization methods from the literature
are introduced in Section 2. The proposed approach for
integrating the prioritization of functional and nonfunctional
requirements and its supporting tool along with an illustrative
example are presented in Section 3. The detailed description
of the experiment which has been carried out during this
study is presented in Section 4. Finally, Section 5 concludes
and outlines future work.

2. Related Work
As the complexity of software systems increases, practitioners
are forced to make trade-offs between conflicting requirements in order to complete projects on predefined schedule.
Priority assessment of requirements is one of the techniques which can be useful to assist practitioners to resolve
trade-offs. Thus, requirements prioritization has become an
increasingly important part of ensuring the success of a
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project, and, consequently, various works pointed out the
importance of the problem of requirements prioritization in
the software engineering domain.
Even though prioritization techniques have mostly been
adopted with respect to functional requirements [14, 21],
several studies have shown the significance of nonfunctional
requirements in software projects [22–25], and not correctly
taking nonfunctional requirements into consideration is
identified as one of the ten biggest risks in requirements engineering [26]. Therefore, nonfunctional requirements need
to be considered throughout the first phase of the software
development process (i.e., requirements engineering phase)
and it has been acknowledged that the achievement of nonfunctional requirements along with functional requirements
is critical to the success of a software system [11–15]. All these
reasons motivated us to concentrate on both functional and
nonfunctional requirements in this study and propose an
approach which considers these two types of requirements
simultaneously during the prioritization process.
A rich literature on requirements prioritization is available in the research literature. It includes studies that investigate the requirements prioritization role in software development processes, proposing a number of approaches to carry
out requirements prioritization and a growing set of empirical
studies dedicated to evaluations giving an account of the
benefits and drawbacks of applying a particular approach.
Focusing on requirements prioritization approaches, they can
be split into two categories, depending on the order relation
they ultimately produced. The rank assigned to requirements
by a prioritization approach may define either a total ordering
of the requirements or a partial ordering. Having a total
ordering could simplify the allocation of requirements to the
next release. Our work belongs to the first category. In the
following, some of the important ones are explained briefly.
One of the powerful and flexible techniques which has
been widely used to prioritize requirements is the analytic
hierarchy process (AHP), first introduced by Saaty [17]. In
AHP, all pairs of requirements are compared together to
determine the priority level of one requirement over another
requirement. By applying AHP, all requirements are first put
in the rows and columns of a matrix. Then, the user specifies
his/her priority to each pair of requirements by assigning a
preference value which is between 1 and 9, where 1 expresses
equal value while 9 indicates extreme value. After that, AHP
converts these scales to numerical values, and, consequently,
a numerical priority is derived for each requirement. There
are also some variations of AHP that have been proposed
by researchers, such as case-based ranking (CBRank) [27]
which adopts a preference elicitation process that combines
sets of preferences elicited from human decision makers with
sets of constraints which are automatically computed through
machine learning techniques. It also exploits knowledge
about partial rankings of the requirements that may be
encoded in the description of the requirements themselves as
requirement attributes (e.g., priorities or preferences). Costvalue approach [1] is another AHP-based approach which
prioritizes requirements based on two aspects: importance
of requirement to customers and cost of implementing each
requirement. In the research work presented in [15], the
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other AHP-based approach has been proposed to prioritize
nonfunctional requirements, contentrating on the internal
relationships which exist among the candidate list of nonfunctional requirements.
In [18], Wiegers presents a framework in which requirements are prioritized based on four criteria defined as benefit,
penalty, cost, and risk. The input values of these criteria are
assessed on a scale from 1 (minimum) to 9 (maximum). The
customer representative determines the benefit and penalty
values whereas the development representative provides the
cost and risk values associated with each requirement. Then,
by using a formula, the relative importance value of each
requirement is calculated. Azar et al. [19] describe a valueoriented prioritization (VOP) framework where requirements are linked to business values and prioritized based
on the stakeholder ratings. VOP uses the relationships that
exist between core business values to assess and prioritize
relative relationships among those values and requirements
and ensure their traceability. Company executives identify the
core business values and use a simple ordinal scale to weight
them according to their importance to the organization.
Based on the data, a prioritization matrix is then constructed.
In [4], a correlation-based priority assessment is proposed
which prioritizes software process requirements gathered
from multiple stakeholders by incorporating interperspective
relationships of requirements. In [3], a technique is presented
for partially automating the prioritization of requirements
and raw feature requests in large-scale elicitation processes.
Another approach in [20] applied genetic algorithm for prioritizing requirements in order to make prioritization scalable
by reducing the number of pairwise comparisons. However,
no particular method or approach has been proposed for
integrating the prioritization of functional and nonfunctional
requirements.

3. The Proposed Approach
Our approach for prioritizing functional and nonfunctional
requirements assists practitioners to obtain a prioritized
list of nonfunctional requirements (NFRs) along with a
prioritized list of functional requirements (FRs). According
to Berander and Andrews [16], nonfunctional requirements
affect several functional requirements, from one to all FRs
of a software system. Inspired by this point, we try to find
out the extent in which each NFR may affect a given FR. By
determining such a value (i.e., the importance degree of an
NFR for a given FR), our approach intends to prioritize FRs
and NFRs simultaneously, using only one decision matrix.
The framework produces a prioritized list of NFRs by
calculating the total importance degree of each NFR with
respect to all FRs. In other words, it means that an NFR
which achieves the greatest total importance degree among
all FRs may be assigned as a high-priority NFR with respect
to all FRs. Furthermore, it provides a prioritized list of FRs
according to the importance degrees of NFRs.
3.1. Integrated Prioritization Approach (IPA). In order to
integrate the prioritization of functional and nonfunctional

3
Table 1: Steps of IPA for integrating the prioritization of FRs and
NFRs.
Step
number

Description

1

Determine candidate FRs and NFRs

2

Construct the decision matrix

3

Elicit the importance degree of each NFR with respect
to each FR

4

Calculate NFRs final ranking with respect to all FRs
using triangular fuzzy numbers and alpha cut approach

5

Compute FRs final ranking using weighted average
decision matrix and weights determined in Step 4

requirements, we proposed an approach, namely, integrated
prioritization approach (IPA), consisting of five steps, as
shown in Table 1. The first step is to elicit functional requirements as well as nonfunctional requirements. The second
step is to set up the 𝑛 functional requirements and the 𝑚
nonfunctional requirements in the rows and columns of an
𝑛 × 𝑚 decision matrix, respectively. The third step performs
the elicitation of the importance degree of each NFR with
respect to each FR. This step is the only step that requires
the decision maker input. The fourth step is an aggregation
process to determine the prioritization of NFRs ranking
with respect to all FRs using triangular fuzzy numbers and
alpha cut approach. This step provides a decision maker
with a prioritized list of NFRs with respect to all FRs. The
fifth and final step concludes our process by calculating the
FRs priority vector and the respective normalized weights.
Figure 1 depicts the overall process.
As can be observed in Table 1, using IPA to prioritize
FRs and NFRs involves five steps. The detailed explanation
of these steps is illustrated in the following.
Step 1 (determine candidate FRs and NFRs). The first step
of IPA is to identify the FRs and NFRs which are required
to be prioritized for inclusion in a software system. Let 𝑛 be
the number of candidate FRs and 𝑚 the number of candidate
NFRs. For demonstration of the process, we assume that
there are four candidate functional requirements: FR1, FR2,
FR3, and FR4, and three nonfunctional requirements: NFR1,
NFR2, and NFR3, which need to be ranked using IPA.
Step 2 (construct the decision matrix). The second step is to
generate an 𝑛 × 𝑚 decision matrix, namely, 𝐷, and insert
the 𝑛 functional requirements along with 𝑚 nonfunctional
requirements in the rows and columns of the decision matrix,
respectively. Following the example stated in the previous
step, a 4 × 3 matrix is constructed, as shown in (1). The
instructions on how to fill up the elements of the matrix 𝐷
will be described in Step 3
FR1
𝐷 = FR2
FR3
FR4

NFR1 NFR2 NFR3
−
−
−
−
−
−
−
−
−
−
−
−

(1)

4
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1
2
3
4
5

[No]
Select a pair
(FR versus NFR)

Collect the
importance
degree of an NFR
for a given FR

All pairs
collected?

Process of
prioritizing
NFRs
[Yes]

Generating the
decision matrix

Process of
prioritizing
FRs

6

6

Prioritized list of NFRs

FRs NFRs

1
2
3
4
5

Prioritized list
of FRs

Steps 4 to 5

Steps 1 to 3

Figure 1: The integrated process of generating the prioritized lists of functional and nonfunctional requirements.

Step 3 (elicit the importance degree of each NFR with
respect to each FR). The third step elicits the decision maker
judgements for determining the importance degree of each
NFR for a given FR. To elicit such an extent, the IPA uses
two scales: nominal scale and actual scale. Nominal scale is
an interface scale which is utilized in order to enhance the
user-friendliness of IPA for interacting with decision makers
so that the decision maker does not have to know details
about the actual scale. On the other side, the actual scale is a
numerical scale which is used for internal calculations within
IPA. In fact, IPA exploits a five-point scale as actual scale.
Table 2 demonstrates these scales.
Given a pair of FR and NFR (selected from rows and
columns of matrix 𝐷, resp.), the decision maker performs
a set of activities aiming at determining the importance
degree of each NFR for achieving each associated FR (see
activities “select a pair” and “collect the importance degree
of an NFR for a given FR” in Figure 1). Each pair (i.e.,
FR and NFR) is assigned a value belonging to the IPA
nominal scale (see left column of Table 2) which represents
a qualitative measure of importance relation between the
corresponding requirements. So, for all 𝑖 and 𝑗, with 1 ≤
𝑖 ≤ 𝑛 and 1 ≤ 𝑗 ≤ 𝑚, the importance degree of the 𝑗th
nonfunctional requirement for achieving the 𝑖th functional
requirement would be assessed by a decision maker, leading
to the value 𝐷𝑖𝑗 using Table 2 (e.g., if the value of 𝐷23 = “very
high importance,” it means that the decision maker believed
that the nonfunctional requirement NFR3 has “very high
importance” degree for achieving functional requirement
FR2).
Step 4 (calculate NFRs final ranking with respect to all FRs
using triangular fuzzy numbers and alpha cut approach).
When all pairs have been evaluated, IPA carries out the
priority assessment of NFRs with respect to all FRs, which
represents the weights for Step 5, using triangular fuzzy
numbers and alpha cut approach. In fact, during this step,
IPA creates a prioritized list of NFRs through calculating the
total importance degree of each NFR with respect to all FRs.
The rational behind this idea is that an NFR which achieves

Table 2: IPA nominal scale and IPA actual scale.
IPA nominal scale
Very high importance (VHI)
High importance (HI)
Low importance (LI)
Very low importance (VLI)
No importance (NI)

IPA actual scale
1
0.75
0.5
0.25
0.001

the highest total importance degree among all FRs could be
assigned as being a high-priority NFR. The following substeps
illustrate a stepwise process of computing the priority vector
of NFRs.
Substep 1 (convert the elements of matrix 𝐷 into numerical
values). First, IPA converts all values of the decision matrix
𝐷, which were specified according to the nominal scale, into
corresponding actual scales, resulting in the matrix 𝐷.́
Substep 2 (set up triangular fuzzy number). In order to
aggregate the different importance degrees of each NFR for
different FRs, the triangular fuzzy number (TFN) is calculated. TFN is capable of aggregating the subjective opinions
of a decision maker through fuzzy set theory. In this study, we
applied TFN since it is the most popular fuzzy number among
the various shapes of fuzzy numbers. The triangular fuzzy
number 𝑇𝑥𝑖 is represented using the following equations:
𝑇𝑥𝑖 = (𝐿 𝑥𝑖 , 𝑀𝑥𝑖 , 𝐻𝑥𝑖 ) ,
𝑖 = 1, . . . , 𝑚,

𝐿 𝑥𝑖 , 𝑀𝑥𝑖 , 𝐻𝑥𝑖 ∈ [0.001, 1]

𝑛
𝑀𝑥𝑖 = √𝐷
𝑥𝑖 𝑎 ⋅ 𝐷𝑥𝑖 𝑏 ⋅ 𝐷𝑥𝑖 𝑐 ⋅ ⋅ ⋅ 𝐷𝑥𝑖 𝑛 ,

(2)

(3)

where 𝑇𝑥𝑖 indicates the triangular fuzzy number of nonfunctional requirement “𝑥𝑖 ”; 𝐿 𝑥𝑖 and 𝐻𝑥𝑖 represent the lowest and
highest value of nonfunctional requirement “𝑥𝑖 ,” respectively;
𝑀𝑥𝑖 is generated by calculating the geometric mean of all
values belonging to the nonfunctional requirement “𝑥𝑖 ”; 𝑚
is the total number of NFRs; 𝑛 is the total number of FRs;

The Scientific World Journal
x1
Tx1

x2
Tx2

5
xm
Tx𝑚

···
···

Figure 2: Fuzzy priority vector, 𝐹̃𝑥 .

and 𝐷𝑥𝑖 𝑎 specifies an opinion of a decision maker toward the
importance degree of the nonfunctional requirement “𝑥𝑖 ” for
achieving the functional requirement “𝑎.”

The aggregation method to determine the prioritization
of functional requirements in the fifth step of the IPA process
is again the calculation of the geometric means but using the
obtained normalized priority vector of NFRs (see Substep 4)
for its weights, leading to the priority vector 𝑅, as represented
using the following equation:
𝑚

𝑅𝑖 = ∏𝐷́𝑖𝑗

NW𝑗

,

𝑖 = 1, . . . , 𝑛.

(6)

1

Substep 3 (constructing the fuzzy priority vector). After
calculating the TFN value for each NFR, the fuzzy priority
vector, namely, 𝐹̃𝑥 , is generated, as illustrated in Figure 2.
Notice that the values of 𝐹̃𝑥 are derived from (2).
Substep 4 (defuzzification process). IPA exploits the alpha cut
approach, proposed by Lious and Wang [28], as shown in (4),
to perform the defuzzification process. The defuzzification is
accomplished in order to convert the calculated TFN values
into quantifiable values, leading to the priority vector 𝑊
𝜇𝛼,𝛽 (𝐹̃𝑥𝑖 ) = [𝛽 × 𝑓𝛼 (𝐿 𝑥𝑖 ) + (1 − 𝛽) × 𝑓𝛼 (𝐻𝑥𝑖 )] ,
0 ≤ 𝛼,

𝛽 ≤ 1,

(4)

where 𝑓𝛼 (𝐿 𝑥𝑖 ) = (𝑀𝑥𝑖 − 𝐿 𝑥𝑖 ) × 𝛼 + 𝐿 𝑥𝑖 , which represents the
left-end boundary value of alpha cut for 𝐹̃𝑥𝑖 , and 𝑓𝛼 (𝐻𝑥𝑖 ) =
𝐻𝑥𝑖 − (𝐻𝑥𝑖 − 𝑀𝑥𝑖 ) × 𝛼, which indicates right-end boundary
value of alpha cut for 𝐹̃𝑥𝑖 .
In this context, 𝛼 and 𝛽 carry the meaning of preferences
and risk tolerance of decision maker, respectively. These two
values range between 0 and 1, in such a way that a lesser
value indicates greater uncertainty in decision making. Since
preferences and risk tolerance are not the focus of this paper,
a value of 0.5 is used for both 𝛼 and 𝛽 to represent a
balance environment. This indicates that the decision maker
is neither extremely optimistic nor pessimistic about his/her
judgments.
Finally, by normalizing the calculated priority vector, 𝑊,
the vector NW of normalized weights is obtained using the
following equation:
NW𝑗 =

𝑊𝑗

∑𝑚
𝑗=1 𝑊𝑗

.

(5)

By applying the steps stated above, a decision maker is
provided with a prioritized list of NFRs along with their
corresponding importance values with respect to all existing
FRs.
Step 5 (compute FRs final ranking using weighted average
decision matrix and weights determined in Step 4). During
the previous steps, we obtained the priority value of each NFR
with respect to all FRs (i.e., NW in Step 4). Furthermore, the
importance degree of each NFR regarding every individual
́ By gathering
FR was elicited (i.e., elements of the matrix 𝐷).
such data, the weighted average decision matrix, as indicated
in Table 3, is generated in order to assist the process of
calculating the priority vector of FRs (according to their
relations with NFRs).

Then, the obtained vector 𝑅 is normalized, giving the normalized priority vector of functional requirements, NR, to ensure
that the final ranking values will be between 0 and 1:
NR𝑖 =

𝑟𝑖
.
∑ 𝑟𝑖

(7)

The decreasing ordered functional requirements indicate
the final ranking, where the most important functional
requirement is the one with the highest NR value.
3.2. Example. An intuitive comprehension of the proposed
approach can be achieved by applying the IPA to an example,
step by step, to demonstrate how the five steps of the IPA
could be utilized for a prioritization problem.
Step 1. Let us consider a prioritization problem defined over
a set of four functional requirements FRs = {FR1, FR2, FR3,
FR4} and three nonfunctional requirements NFRs = {NFR1,
NFR2, NFR3}, as well.
Step 2. In this step, a decision matrix of 4 × 3 is constructed
where the rows correspond to functional requirements and
the columns correspond to nonfunctional requirements.
Step 3. To fill up the elements of the decision matrix, the
judgments of a decision maker are elicited and inserted into
the matrix, as indicated in (8). In the following, the decision
matrix is filled up with nominal scale values:
NFR1
FR1 VHI
𝐷 = FR2 HI
FR3 LI
FR4 HI

NFR2 NFR3
HI
VLI
VLI VLI
VHI
HI
VHI
HI

(8)

Step 4. To calculate the priority vector of NFRs with respect
to all FRs, the elements of matrix 𝐷 are converted to
actual scales (Substep 1), the TFN is calculated for each
NFR (Substep 2), the fuzzy priority vector is constructed
(Substep 3), and the defuzzification is done in order to
achieve the priority vectors 𝑊 and NW (Substep 4). Table 4
shows this process where the elements of matrix 𝐷 with actual
scales are indicated on the left side while the values of 𝐹̃𝑥 ,
𝑊 (4), and NW (5) related to each NFR are represented on
the right side of Table 4. By calculating the priority vector
NW, we are provided with a prioritized list of NFRs (numbers
within parenthesis represent the priority of each NFR for
considering during the development process).
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Table 3: Weighted average decision matrix for priority assessment of FRs.

NFRs weights
FR1
FR2
..
.
FR𝑛

NW1
NFR1
𝐷11́
𝐷21́
..
.
𝐷𝑛1́

Step 5. In this phase, the ratings (6) and the normalized
ratings (7) for each FR are calculated (see Table 5), using
the values of 𝐷́ as well as NW which was achieved in
Table 4. This step applies a classical weighted average matrix,
where rows depict functional requirements while columns
depict nonfunctional requirements. By performing this step,
the prioritized list of FRs is also achieved (numbers within
parenthesis represent the priority of each FR).
3.3. Tool-Supported IPA (TIPA). The IPA approach is supported by a software tool called tool-supported integrated
prioritization approach (TIPA) which allows automating the
steps of the IPA process shown in Figure 1. The tool guides the
user to apply his/her judgments between all possible pairs of
functional and nonfunctional requirements in a similar way
as the IPA approach. Figure 3 shows a snapshot of the TIPA
graphical user interface.
The tool supports the user in the whole elicitation process.
In particular, after the authentication, TIPA presents the
user with an agenda of elicitations. The user can analyze
the description of requirements for each pair (i.e., FR and
NFR) and specify the preference value in terms of the
importance degree of every nonfunctional requirement for
achieving each functional requirement, by selecting one of
the radio buttons indicated in Figure 3. When the user
clicks “Submit,” the next pair of requirements is displayed.
Finally, once all the evaluations have been performed, the
system is able to compute and show the prioritized list of
functional requirements, nonfunctional requirements, and
their respective priority values.
The tool was developed in Microsoft Visual Studio 2008
and. NET Framework 3.5 using C♯ programming language to
implement the IPA algorithm. Furthermore, for backing-up
the data generated by TIPA, Microsoft SQL Server 2008 R2
was utilized.

4. The Experiment
Here, we describe in detail the experiment which we carried
out during this study. Table 6 summarizes the key components of the experiment. They are characterized in terms
of the main goal of the experiment, independent variables,
dependent variables, empirical evaluation approach, and
other factors, following empirical study terminology [29].
The main goal of this experiment is to investigate the
actual time-consumption property while using the IPA (see
Section 4.1 for more details). Moreover, for the comparative evaluations, we also introduce two other prioritization

NW2
NFR2
𝐷12́
𝐷22́
..
.
𝐷𝑛2́

NW3
NFR3
𝐷13́
𝐷23́
..
.
𝐷𝑛3́

NW𝑚
NFR𝑚
́
𝐷1𝑚
́
𝐷2𝑚
..
.
́
𝐷𝑛𝑚

Table 4: Example of computing NFRs priority vector with respect
to all FRs.
(a)

FR1
𝐷́= FR2
FR3
FR4

NFR1 NFR2 NFR3
1
0.75 0.25
0.75 0.25 0.25
0.5
1
0.75
0.75
1
0.75
(b)

NFR1
NFR2
NFR3

𝐹̃𝑥
(0.5, 0.728, 1)
(0.25, 0.6588, 1)
(0.25, 0.433, 0.75)

𝑊
0.74
0.64
0.47

NW
0.4 (1)
0.346 (2)
0.254 (3)

Figure 3: A snapshot of the graphical user interface showing a pair
of requirements (availability and withdraw money) under evaluation
in TIPA.

approaches: an AHP-based prioritization approach (simply
refer to AHP in the rest of the paper) and hybrid assessment
method (HAM from now on). The former is described in
Section 4.2 whereas the latter is illustrated in Section 4.3.
The purpose of the comparative evaluations is to find out the
answers to the following questions:
RQ1: which approach between IPA and AHP-based
approach is less time-consuming in performing the
whole prioritization task?
RQ2: are ranks obtained by IPA and AHP similar?
RQ3: which approach between IPA and HAM is less timeconsuming in performing the whole prioritization
task?
RQ4: are ranks obtained by IPA and HAM similar?
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Table 5: Example of computing FRs priority vector.

NFRs weights
FR1
FR2
FR3
FR4

0.4
NFR1
1
0.75
0.5
0.75

0.346
NFR2
0.75
0.25
1
1

0.254
NFR3
0.25
0.25
0.75
0.75

𝑅

NR

0.637
0.388
0.704
0.828

0.249 (3)
0.152 (4)
0.275 (2)
0.324 (1)

Table 6: Overview of empirical assessment performed on IPA.
Goal

Analyze the actual time-consumption property of three different prioritization approaches: IPA, AHP-based,
and HAM

Independent variable

Prioritization approaches: IPA; AHP-based, and HAM

Dependent variable
and measure

Actual time-consumption (measured as computing the difference between start and end time of the
prioritization task); results quality (measured in terms of agreement)

Empirical study
approach

Simulated case study with real subject: banking software system; 20 requirements including 15 functional
requirements and 5 nonfunctional requirements

The ultimate goal is to collect evidence whether IPA
outperforms the two state-of-the-art-based approaches with
respect to the actual time-consumption property.
4.1. Measuring Properties. To perform an effective assessment
of a requirement prioritization approach, a key issue is to
decide which approches’ properties need to be measured
[30] as well as how to measure them. In our study, timeconsumption property is evaluated while using the IPA, AHP,
and HAM. Following the definition presented by Perini et
al. [30], the time-consumption of a prioritization process is
defined as the time interval between the time we get the final
ranking (end time of the prioritization task) and the time the
user starts prioritizing (start time of the prioritization task).
Time-consumption can be measured by monitoring start and
end time automatically and then compute their difference (we
call it actual time-consumption). Computing the actual timeconsumption is useful for answering the research questions,
RQ1 and RQ3.
Furthermore, in order to have a measure of the difference
between the rankings produced by IPA and the rankings
generated by AHP as well as HAM, we use the agreement
measure which has been proposed in [31]. This measure is
defined as the ratio of the number of common requirements
in the first 𝑘 positions of the two ranks 𝑟1 and 𝑟2 over the
number of positions, that is, 𝑘. It should be noted that the
relative order of the common requirements in the ranks is
not taken into consideration. In other words, if ncr𝑟1 ,𝑟2 (𝑘) is
the number of common requirements in the two ranks from
the first to the 𝑘th position, the agreement at position 𝑘 is
defined as agreement𝑟1 ,𝑟2 (𝑘) = ncr𝑟1 ,𝑟2 (𝑘)/𝑘 (e.g., considering
two ranks 𝑟1 : 𝑎 > 𝑏 > 𝑐 > 𝑑 and 𝑟2 : 𝑏 > 𝑎 > 𝑑 > 𝑐,
the agreement at 3th position is agreement𝑟1 ,𝑟2 (3) = 0.66).
Notice that agreement𝑟1 ,𝑟2 (𝑘) = 1.0 means that the same set
of requirements has been ordered in the first 𝑘 positions by
two ranks, but these requirements may appear in a different
relative order in the two rankings. Evaluating this measure

can help us to find out the answers to research questions, RQ2
and RQ4.

4.2. An AHP-Based Prioritization Approach. To be able to
perform a comparative evaluation of IPA, we present here
another prioritization approach which aims to prioritize
functional requirements and nonfunctional requirements
separately using a state-of-the-art method such as AHP
[17]. AHP method has been applied in our study since it
plays a pivotal role in empirical evaluations of prioritization
methods; its properties have been studied deeply, and it has
been widely considered as a reference method in several
studies in software engineering domain.
The analytic hierarchy process (AHP) [17] is a multiple
criteria decision-making method exploited pairwise comparison strategy, allowing comparison of all the possible
pairs of requirements together to determine the priority level
of one requirement over another requirement. Given a set
of 𝑛 requirements specified by a decision maker, the first
step in AHP is to construct an 𝑛 × 𝑛 matrix whose rows
and columns represent the candidate requirements. Then,
the decision maker specifies his/her judgment to each pair
of requirements by assigning a preference value which is
between 1 and 9, where 1 expresses the equal value while
9 indicates extreme value. In fact, the decision maker has
to perform 𝑛 ∗ (𝑛 − 1)/2 pairwise comparisons totally. The
fundamental values used for this purpose are presented in
Table 7, which represents a qualitative measure of preference
relation between a given pair of requirements. Once all the
pairs have been assessed, a ranking is calculated through
the computation of the principal eigenvector of the matrix
(i.e., the eigenvector with the highest eigenvalue norm). Each
element of the principal eigenvector represents the rank of
each requirement.
In our case, to obtain the prioritized lists of functional and
nonfunctional requirements, two tasks should be performed
separately, applying the AHP method on the candidate list of
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Table 7: Possible scales used for AHP’s pairwise comparison [1].

Relative intensity

Definition

Explanation

1
3
5

Of equal value
Slightly more value
Essential or strong value

7

Very strong value

9

Extreme value

Two requirements are of equal value
Experience slightly favors one requirement over another
Experience strongly favors one requirement over another
A requirement is strongly favored and its dominance is
demonstrated in practice
The evidence favoring one over another is of the highest
possible order of affirmation

2, 4, 6, 8

Intermediate values between two
When comprise is needed
adjacent judgments
If requirement i has one of the above numbers assigned to it when compared with
requirement j, then j has the reciprocal value when compared with i

Reciprocals

Figure 4: A snapshot of the graphical user interface showing a pair
of requirements (withdraw money, check balance) under evaluation
in CAHP.

functional requirements and also applying the AHP method
on the candidate list of nonfunctional requirements.
4.2.1. Tool Support. This section describes the tool that was
developed within our study for applying the AHP method
named Csharp analytic hierarchy process (CAHP) which
allows automating the steps of the AHP method described
in Section 4.2. The tool guides the user to apply pairwise
comparisons between all possible pairs of requirements.
Figure 4 indicates a snapshot of the CAHP graphical user
interface where the user can choose the value of the relative
importance between the two requirements.
The tool supports the whole evaluation process. In particular, after the authentication, the tool presents the user with
an agenda of 𝑛 ∗ (𝑛 − 1)/2 pairwise comparisons. The user
can analyze the description for each pair of requirements and
specify the value of his/her preference in terms of the relative
importance of one requirement with respect to the other, by
selecting one of the radio buttons shown in Figure 4. When
the user clicks “Submit,” the next pair of requirements is
displayed. Finally, once the user completed all the evaluations,
the system computes the final ranking of the requirements
along with their priority values using AHP algorithm.
Analogously to TIPA, the CAHP was developed in
Microsoft Visual Studio 2008 and .NET Framework 3.5 using
C♯ programming language to implement the AHP algorithm.
For backing-up the data generated by the tool, Microsoft SQL
Server 2008 R2 was applied.

4.3. Hybrid Assessment Method (HAM). In this section,
we describe briefly the hybrid assessment method (HAM),
proposed by Ribeiro et al. [32], which is used in our study
in order to be compared with IPA.
HAM is an integrated multiple criteria decision-making
method that combines one pairwise comparison matrix with
one classical multicriteria decision matrix to support the
process of prioritizing a set of alternatives based on a set
of criteria. In fact, HAM is a two-phase method which
begins the prioritization task by eliciting the criteria and the
alternatives. The second step performs trade-offs between
criteria using pairwise comparisons. The third step is to
calculate the criteria priority vector, normalize the respective
weights, and calculate the consistency ratio. These three
steps belong to Phase 1 of the HAM and correspond to an
automated determination of weights for the decision matrix.
Phase 2 starts in step four, which elicits the contributions
of each alternative with respect to each criterion, using a
classical weighted average decision matrix. The fifth and final
step is an aggregation process to determine the prioritization of alternatives (ranking) using a geometric aggregation
operator. This step concludes HAM’s process by providing the
ratings for each alternative. Interested readers may refer to
[32] for more details.
In this study, we used the HAM with the goal of
integrating the prioritization of functional and nonfunctional requirements. In such case, we consider nonfunctional
requirements and functional requirements as the criteria and
the alternatives of HAM’s process, respectively. Therefore,
Phase 1 of HAM’s process is applied in order to obtain
the prioritized list of nonfunctional requirements while the
second phase is performed to produce the prioritized list of
functional requirements. The following section illustrates the
tool that implements the desired tasks.
4.3.1. Tool Support. This section explains the software tool
that was developed within our research for implementing the
HAM method, namely, Csharp hybrid assessment method
(CHAM), aiming at automating the steps of the HAM method
explained in Section 4.3. The tool assists the user to apply
pairwise comparisons between all possible pairs of nonfunctional requirements as well as determining his/her judgments
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Figure 5: A snapshot of the graphical user interface showing a
pair of nonfunctional requirements (availability, security) under
evaluation in CHAM.

Figure 6: A snapshot of the graphical user interface showing a
pair of nonfunctional and functional requirements (availability,
withdraw money) under evaluation in CHAM.

between all possible pairs of functional and nonfunctional
requirements in a similar way as the HAM method. The tool’s
main windows are displayed in Figures 5 and 6.
The tool supports the whole prioritization process. In
particular, after the authentication, CHAM displays to the
user an agenda of pairwise comparisons of nonfunctional
requirements (see Figure 5). The user can analyze the
description for each pair of nonfunctional requirements and
specify the value of his/her preference in terms of the relative
importance of one nonfunctional requirement in comparison
with the other, by selecting one of the radio buttons shown
in Figure 5. When the user clicks “Submit,” the next pair of
requirements is displayed. Finally, once the user completed
all the evaluations, the system computes the final ranking
of the nonfunctional requirements along with their priority
values using HAM method. In fact, at this point, Phase 1
of HAM’s process is finished and the process for Phase 2 is
started by presenting the user with an agenda of determining
the importance degree of every nonfunctional requirement
for achieving each functional requirement (see Figure 6).
Finally, once all the evaluations have been carried out, Phase
2 of HAM’s process is terminated and the system is capable
of computing the prioritized list of functional requirements
according to the HAM method.
The tool was developed in Microsoft Visual Studio 2008
and .NET Framework 3.5 using C♯ programming language to
implement the HAM algorithm. Furthermore, for backing-up
the data generated by CHAM, Microsoft SQL Server 2008 R2
was utilized.
4.4. Experiment Definition. We are interested in giving experimental evidence of the capability of the IPA to reduce
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the actual time-consumption of the prioritization task while
preserving the results quality.
For this purpose, during this study, we carried out
the experiment aims at investigating the actual timeconsumption property of the proposed approach, IPA,
in comparison with the other two state-of-the-art-based
approaches such as AHP and HAM. Moreover, to analyze
the quality of the results produced as output by the IPA
approach, we compared IPA’s results (i.e., the prioritized
lists of functional and nonfunctional requirements) with
the results obtained by AHP and HAM. To achieve the
desired goals, we evaluated two variables called actual timeconsumption and results quality throughout this experiment.
To evaluate the actual time-consumption property, we monitored automatically the start time as well as the end time of
the prioritization task while using the IPA, AHP, and HAM. In
addition, in order to assess the quality of the results produced
by IPA in comparison with AHP and HAM, we used the
agreement measure which has been described in Section 4.1.
The outline of the experiment is given in the following.
The twenty requirements used during our experiment were
the requirements of a simulated banking software system,
which were divided into two different categories: 15 functional requirements and 5 nonfunctional requirements. These
requirements were high level and rather independent requirements that have been selected taking into consideration that
they have to be clear enough even for novice users. All
requirements were represented as simple textual descriptions.
The prioritization was performed without taking into account
dependencies among requirements. The subject involved in
the experiment is a researcher who has a Ph.D. degree with
experience in industrial and research projects and currently
has been served as Postdoc at Wisma R&D, University
of Malaya, Kuala Lumpur, Malaysia. He has also a good
knowledge about different types of software requirements,
programming languages, and software engineering domain
since he has got his B.S., M.S., and Ph.D. degrees in software
engineering. So, we believe that the selected subject for
our experiment can be considered not far from industrial
developer/analyst.
4.5. Experiment Execution. Before running the experiment,
we provided a brief presentation to the subject who participated in our experiment with the purpose of giving an
introduction on the requirements, prioritization problem and
on available methods, IPA, AHP, and HAM, as well as the
simulated banking software system. Examples of functional
and nonfunctional requirements of the banking software
system were explained in order to clarify them. Moreover,
we provided a short training on the tools, TIPA, CAHP,
and CHAM. Those tools were also tested on a small set of
requirements.
The experiment took place in a research laboratory room
equipped with computers. A computer with access to TIPA,
CAHP, and CHAM has been provided to the subject. The
twenty requirements, including 15 functional requirements
and 5 nonfunctional requirements, were inserted in advance
to the software tools. Given the same set of functional and
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Table 8: Actual time-consumption for the prioritization.

Actual time-consumption
%

IPA
944 sec (15.7 min)
—

Difference (AHP − IPA)
481 sec (8 min)
34%

AHP
1425 sec (23.7 min)
—

Table 9: Actual time-consumption for the prioritization.
IPA
944 sec (15.7 min)
—

nonfunctional requirements, the subject executed the three
prioritization tasks sequentially. The order of executions was
assigned randomly in order to minimize the effect of the
order. The experiment took more than 2 hours, including
introductory presentation and training on the tools, as well
as the short break of 8 minutes between the two prioritization
tasks.
4.6. Experiment Results. This section describes the main
results obtained from the experiment we conducted. The
analysis was performed using Microsoft Excel.

Difference (HAM − IPA)
111 sec (1.8 min)
11%

HAM
1055 sec (17.5 min)
—

Actual time-consumption (s)

Actual time-consumption
%

1600

1400
1200
1000
800
600
400
200
0
IPA

AHP
Method

RQ2: Are Ranks Obtained by IPA and AHP Similar? In
order to have a measure of the difference between the
rankings produced by the IPA and the rankings generated
by AHP, we used the agreement measure which has been
introduced in Section 4.1. Figure 8 indicates the agreement
level of IPA and AHP for the prioritized list of functional
requirements produced by these two methods. The horizontal
axis represents the positions of functional requirements in
the ranking while the vertical axis shows the value of the
agreement of the functional requirements rankings generated
by the two methods. As can be seen in Figure 8, there is a
good agreement between the two ranks. For example, at the
6th position of the two ranks, we have a very high agreement,
close to 0.7, that confirms the results from the analysis of
the different ranks. This value increases to 1.0 for higher
positions. Figure 9 shows the same analysis regarding the
rankings of nonfunctional requirements produced by these
two methods. There is also a good agreement between the two

Figure 7: The actual time-consumption for each prioritization
task, derived from start/end times recording automatically by the
prioritization tools.

Agreement

RQ1: Which Approach between IPA and AHP-Based Approach
Is Less Time-Consuming in Performing the Whole Prioritization Task? Some insights can be obtained by looking at the
results indicated in Table 8 and the chart sketched in Figure 7,
which compares the actual time-consumption to perform
the prioritization task using IPA and AHP, resulting from
start/end times recorded automatically by the prioritization
tools. It is clear that the time needed to perform the prioritization task is smaller with IPA than with AHP. As Table 8
shows, the difference in time between the two methods is 481
seconds which corresponds to a reduction of 34%. This is also
shown in Figure 7 where the difference in time between the
two methods is remarkable.
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Figure 8: Agreement between the IPA and AHP rankings of
functional requirements.

ranks: they have an agreement of 0.5 for the second position
which increases to 1.0 for higher positions.
RQ3: Which Approach between IPA and HAM Is Less TimeConsuming in Performing the Whole Prioritization Task? The
valuable information regarding the comparison between IPA
and HAM in terms of the actual time-consumption of the
whole prioritization task can be found easily by looking at
Table 9 and Figure 10. We can figure out that the time required
to complete the prioritization task is smaller with IPA than
with HAM since the difference in time between the two
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Figure 9: Agreement between the IPA and AHP rankings of
nonfunctional requirements.
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Figure 11: Agreement between the IPA and HAM rankings of
functional requirements.

HAM

IPA
Method

Figure 10: The actual time-consumption for each prioritization task,
derived from start/end times recording automatically by TIPA and
CHAM.

methods is 111 seconds which corresponds to a reduction
of 11%. This can also be observed in Figure 10 where the
difference in time between the two methods is evident.
RQ4: Are Ranks Obtained by IPA and HAM Similar? As
can be seen in Figure 11, there is a high level of agreement
between IPA and HAM for the prioritized list of functional
requirements generated by these two methods where we can
find that, for the 93% of the positions, the minimum value of
the agreement is 0.85 (i.e., at 7th position) while the maximum value is 1.0 which indicates that the similarity between
the results obtained by the IPA and HAM for prioritizing
functional requirements is remarkable. Analogously to the
results obtained for RQ2, there is also a good agreement level
between IPA and HAM, as depicted in Figure 12, for the
prioritized list of nonfunctional requirements produced by
these two methods. In this case, the agreement value is 0.5
for the second position while it increases to 1.0 for higher
positions.
4.7. Discussion. The observations concerning the actual timeconsumption of the three prioritization approaches, IPA,
AHP, and HAM, indicate that our proposed approach, IPA,
outperforms the other two state-of-the-art-based approaches
while at the same time the analysis of the agreement of the
rankings produced by these approaches for both functional
and nonfunctional requirements shows that IPA preserves
the quality of the results obtained by this approach at a high
level of agreement in comparison with the results produced
by the other two approaches (i.e., AHP and HAM). Regarding
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Figure 12: Agreement between the IPA and HAM rankings of
nonfunctional requirements.

the actual time-consumption, the difference between the
three approaches seems to depend mainly on the number
of comparisons requested to the subject by these approaches
where it is 115 for AHP, 85 for HAM, and 75 for IPA.
Furthermore, the different range of the values used for
expressing a preference applied by the three approaches could
have contributed to this difference in time-consumption.
As a final observation, the results point out that IPA
should be preferred to AHP and HAM in the prioritization
problems with the following characteristics: in those problems, the prioritization of both functional and nonfunctional
requirements is needed early in the life cycle meanwhile the
time-consumption is a main issue within those problems for
performing the prioritization tasks.
We believe that the analysis of the specific results for
actual time-consumption and the level of agreement may be
used as a pilot study for identifying trends before conducting
a study in industry since it gives useful information to guide
the selection of the most appropriate approach when deciding
which prioritization approach to use for a given project in an
organization.

5. Conclusions
In this paper, we presented a detailed description of the IPA
approach for software requirements prioritization.
The software engineering community has been criticizing
the lack of an approach which enables practitioners to
integrate the prioritization of functional and nonfunctional
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requirements [16, 21]. We believe that the approach introduced in this paper is a useful first step toward filling this
need. The IPA allows the practitioners to prioritize both
functional and nonfunctional requirements simultaneously,
producing the prioritized lists of functional and nonfunctional requirements separately. The main contribution of the
IPA over existing work is to provide a requirement prioritization framework which considers both functional and
nonfunctional requirements jointly during the prioritization
process. The results of applying the IPA for a given software
project, which are an ordered list of functional requirements
as well as a prioritized list of nonfunctional requirements,
may assist software developers to concentrate on the most
important functional requirements as the key component of
the implementation phase early in the life cycle rather than
later in the life cycle when modifications are often difficult
and impractical to accomplish. It can also help software
architects to consider the most significant nonfunctional
requirements as the main driver to design the system’s software architecture and also simplify the selection of suitable
guidelines for achieving the desired quality attributes.
The effectiveness of the proposed approach has been evaluated through an empirical experiment aimed at comparing
the IPA with the two state-of-the-art-based approaches, AHP
and HAM. We focused mainly on two measures: the actual
time-consumption and the results quality. The experiment
has been conducted on a simulated case study which consists of twenty requirements including 15 functional and 5
nonfunctional requirements. The main conclusion that can
be drawn from the results of the experiment is that the IPA is
superior to both AHP and HAM regarding the actual timeconsumption while the results produced by IPA are very
similar to the results obtained by the other two approaches.
Although the generalization of the presented experiment to
industrial practice is not straightforward, the results are an
important basis for the planning of industrial case studies.
We are currently conducting the same experiment with
the one performed in this study but with the participation of
more subjects to get a larger data set and thereby to find a
stronger basis for our conclusions. As part of the future work,
it would be of interest to carry out a controlled experiment in
a real industrial setting to see how similar are the results with
our findings.
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and A. Wesslén, Experimentation in Software Engineering: An
Introduction, Kluwer Academic Publishers, 2000.
[30] A. Perini, F. Ricca, and A. Susi, “Tool-supported requirements
prioritization: comparing the AHP and CBRank methods,”
Information and Software Technology, vol. 51, no. 6, pp. 1021–
1032, 2009.
[31] A. Perini, F. Ricca, A. Susi, and C. Bazzanella, “An empirical study to compare the accuracy of AHP and CBRanking
techniques for requirements prioritization,” in Proceedings of
the 5th International Workshops on Comparative Evaluation in
Requirements Engineering (CERE ’07), pp. 23–34, October 2007.
[32] R. A. Ribeiro, A. M. Moreira, P. Van Den Broek, and A.
Pimentel, “Hybrid assessment method for software engineering
decisions,” Decision Support Systems, vol. 51, no. 1, pp. 208–219,
2011.

13

Hindawi Publishing Corporation
e Scientiﬁc World Journal
Volume 2014, Article ID 165694, 7 pages
http://dx.doi.org/10.1155/2014/165694

Research Article
Research on Dynamic Routing Mechanisms in
Wireless Sensor Networks
A. Q. Zhao,1 Y. N. Weng,2 Y. Lu,2 and C. Y. Liu1
1
2

School of Computer and Information Technology, Beijing Jiaotong University, Beijing, China
Beijing Subway Operation Technology Centre, Beijing, China

Correspondence should be addressed to A. Q. Zhao; aqzhao@bjtu.edu.cn
Received 28 August 2013; Accepted 9 March 2014; Published 10 April 2014
Academic Editors: J. Shu and F. Yu
Copyright © 2014 A. Q. Zhao et al. This is an open access article distributed under the Creative Commons Attribution License,
which permits unrestricted use, distribution, and reproduction in any medium, provided the original work is properly cited.
WirelessHART is the most widely applied standard in wireless sensor networks nowadays. However, it does not provide any dynamic
routing mechanism, which is important for the reliability and robustness of the wireless network applications. In this paper,
a collection tree protocol based, dynamic routing mechanism was proposed for WirelessHART network. The dynamic routing
mechanism was evaluated through several simulation experiments in three aspects: time for generating the topology, link quality,
and stability of network. Besides, the data transmission efficiency of this routing mechanism was analyzed. The simulation and
evaluation results show that this mechanism can act as a dynamic routing mechanism for the TDMA-based wireless sensor network.

1. Introduction
In recent years, with the rapid progress of the WSN (wireless
sensor network) [1, 2], wireless devices have been widely
deployed in industrial environments to improve the efficiency of the industrial process. The corresponding wireless
networking standards and protocols have also emerged one
after the other. The most widely applied standard in WSN is
the WirelessHART (highway addressable remote transducer)
[3, 4] which is a variant of HART with a simple, reliable,
and secure communication between wireless devices for an
industrial automated process. However, WirelessHART does
not provide a clear strategy in relation to dynamic routing,
which is important for the reliability and robustness of the
industrial wireless network applications. In the graph routing
protocol applied in WirelessHART, each node only has two
parents. If these two parents are both blocked, the node will
be totally separated from the network which has been proved
to be an embarrassment.
In this paper, a dynamic routing strategy is proposed by
evaluating and improving the CTP (collection tree protocol)
[5, 6] to make it work as a solution to the dynamic routing
mechanism for IWSN (industrial wireless sensor network).
The evaluation of this mechanism is mainly concerned with
three aspects: the time relating to generating topology, the

link quality, and the stability of the topology. Through these
three aspects, the rationality of this design is apparent.

2. Related Work
2.1. WirelessHART. A wireless sensor network consists of
autonomous sensors used to collect information and to
cooperatively pass their data through the network to a main
location. WirelessHART is a sensor mesh communication
system which operates in the 2.4 GHz ISM (industrial scientific medical) band at the physical layer and uses the TDMA
(time division multiple access) at the data link layer. In the
WirelessHART data link layer, time is separated into equal
time slots and a certain number of slots constitute a super
frame. In order to avoid conflict, each connection is arranged
into a certain time slot with the help of TDMA technology.
2.2. Collection Tree Protocol. CTP is a tree-based protocol
which is designed for relatively low traffic rates in WSN. Some
nodes in a network can advertise themselves as the tree roots
of this network. Other nodes generate routes to roots using a
routing gradient.
CTP uses ETX (expected transmissions) as the routing
gradient [7, 8]. The ETX of a root is 0. The ETX of a node
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is the ETX of its parent plus the ETX of the link to its parent.
A node should always choose the node as its parent with the
lowest ETX.
In the CTP, each node maintains a neighbor table with a
size of 10. Each node broadcasts beacon packets periodically
which contain their own routing information such as the ETX
and parent to do the routing job. If a node finds that its parent
is congested or there is a better parent, it will evict the current
parent and choose the best neighbor in the neighbor table
as its new parent. In the CTP, there is a parameter named
ETX Threshold which is used to work as a threshold when
choosing the best neighbor. A neighbor with a link ETX value
larger than the ETX Threshold cannot be chosen as the best
neighbor.
2.3. Trickle Algorithm. Trickle is a self-regulating algorithm
for the propagation and maintenance of the code updates in
a wireless sensor network [9, 10]. Propagation should be as
quick as possible, while the maintenance cost should be as
small as possible. The basic mechanism of the Trickle Algorithm is that, periodically, a node transmits its information
if it has not heard other nodes transmit the same thing for a
certain length of time in a manner similar to “polite gossip”
[11, 12]. Instead of flooding the network with packets, Trickle
Algorithm controls the sending rate to reduce the amount of
packets in the network.
Formally, each node maintains a counter 𝑐, a threshold 𝑘,
and a constant time point 𝑡 in the range of [0, 𝜏]. When a node
hears metadata, which is the same as its own, it increases 𝑐. At
time 𝑡, the node broadcasts a summary of its own program if
𝑐 < 𝑘. When the interval of 𝜏 expires, 𝑐 is reset to zero and 𝑡
is set to a new random value in the range of [0, 𝜏].
Parameter 𝜏 in Trickle Algorithm which is applied in the
CTP is in the range of [𝜏𝐿, 𝜏𝐻]. When nodes hear nothing
new, they double the interval 𝜏.

3. Dynamic Routing Mechanisms
A dynamic routing protocol is important for the network’s
reliability and robustness which is essential in industrial wireless sensor networks. However, the existing routing protocols
such as graph routing in WirelessHART do not provide a
dynamic routing mechanism. In this paper, two possible
mechanisms are proposed as optional solutions for dynamic
routing in IWSN.
The main method of the dynamic routing mechanism
involves adding a CSMA (carrier sense multiple access)
period into the TDMA by occupying one or several time slots
in the TDMA. The reason why a CSMA period has been
added into the TDMA is that a distributed period is required
in order to complete some jobs, which prove not to be possible
within the TDMA period. In the TDMA, everything has
already been fixed. Every node knows its parent and which
time slot is assigned to which link. However, the TDMA is
unable to determine whether there are an unknown number
of devices and thus the requirement for a distributed competing period to complete, for example, the synchronization and
topology generation.
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Figure 2: Dynamic routing mechanism with setup period.

Generating and maintaining topology and dissemination
are performed by broadcasting beacon packets in a CSMA
period. While in the TDMA period, the nodes stop broadcasting beacon packets and transmit data packets. Thus, the
CSMA period is required to be as short as possible and, at the
same time, the link quality should be as good as possible.
If the CTP can generate a topology with relatively good
link quality in a short period of time, the dynamic routing
mechanism shown in Figure 1 can be chosen; that is, only several time slots of each super frame are needed to be assigned
to the CSMA period in order to generate and maintain the
topology.
If the CTP cannot generate a sufficiently good topology in
a short period of time, then a setup period should be added
which is based on the initial CSMA so as to generate the
topology and disseminate the link scheduling information.
In the next super frames, several time slots are assigned to
the CSMA period in order to maintain the topology. This
mechanism is based on an assumption that the topology
generated in the setup period is relatively stable which means
that the nodes will not change their parents frequently.
Figure 2 shows the dynamic routing mechanism with a setup
period.

4. Simulations and Evaluation
In this section, the CTP-based dynamic routing mechanisms
were simulated with simulator TOSSIM [13, 14] and then they
were evaluated in relation to multiple aspects. According to
the evaluation result, a better mechanism from two possible
mechanisms was chosen and this was proposed as a solution
to the dynamic routing strategy for an IWSN based on the
WirelessHART standard.
TOSSIM is a discrete event simulator for TinyOS sensor
networks [15, 16]. It incorporates realistic signal propagation
and a noise model derived from real-world deployments.
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𝑇 = 𝑓 (𝜏𝐿, 𝐸𝑇𝑋 𝑇ℎ𝑟𝑒𝑠ℎ𝑜𝑙𝑑) ,

(1)

𝑄 = 𝑔 (𝐸𝑇𝑋 𝑇ℎ𝑟𝑒𝑠ℎ𝑜𝑙𝑑) .

(2)

Thus, the parameters 𝜏𝐿 and ETX Threshold will be changed
to seek a balance between the time of generating the topology
and the link quality.
The stability of the network will determine whether the
mechanism, with a setup period, can be applied. If there are
too many parent changes after the topology is generated, the
CSMA period should, correspondingly, be sufficiently long
for the broadcasting of the beacon packets. In that case, it
is not possible to apply the mechanism as a solution to the
dynamic routing in the IWSN.
4.1. Time of Generating the Topology. Firstly, the definitions
about when it is possible to identify that a node has joined
into the topology and when the whole topology has been
generated should be provided. It is considered that a node
has joined into the topology the first time it finds its parent.
When all of the nodes have found their parents, the topology
is considered to have been generated.
The time of generating the topology is mainly affected
by a parameter 𝜏𝐿 maintained in the Trickle Algorithm. The
𝜏𝐿 applied in the original CTP is quite large because, in the
original CTP, the beacon packets and the data packets are
transmitted at the same time. In order to guarantee the packet
delivery ratio of the data packets, the CTP has to slow down
the sending rate of the beacon packets in order to reduce
the number of conflicts and to save the bandwidth. However,
in the design of dynamic routing mechanisms, the CSMA
period is only used to transmit the beacon packets. The
demand in this case is to generate the topology as rapidly as
possible regardless of the sending rate of the beacon packets.
Thus, the 𝜏𝐿 is changed to small values to determine how fast
the topology can be generated.
Two kinds of simulation experiments are presented in
this section. The first is to find the 𝜏𝐿 with which CTP can
generate topology in the shortest time; that is, in the case

1600
Topology generation time (ms)

TinyOS is the first open-source operating system which is
specially designed for wireless sensors and which is lightweight and makes the building of a wireless sensor network
easier.
In the simulations, a uniform topology with 100 nodes in
a 10 × 10 square has been adopted and a Meyer-short noise
has been added into the topology [17]. After the simulation
results have been output into the data log file, MATLAB can
be used to process the data and to enable a visualization of the
results to be made.
The evaluation of the CTP-based dynamic routing mechanisms will be based on three aspects: the time for generating
the topology, link quality, and stability of the network. The
parameter 𝜏𝐿 in the Trickle Algorithm applied in the CTP
affects the time of generating the topology. The parameter
ETX Threshold in the CTP affects the link quality and also
the time for generating the topology. If 𝑇 and 𝑄 are used to
represent the time of generating the topology and the link
quality, respectively, then
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Figure 3: Time of generating the topology.

of a fixed ETX Threshold in (1), the optimal 𝜏𝐿 is found out
to let 𝑇 be minimal. Secondly, the time for generating the
topology is determined and consideration is given to the link
quality obtained with the constant 𝜏𝐿; that is, in the case of the
optimal 𝜏𝐿 in (1), the range of ETX Threshold is found out to
let 𝑇 be reasonable.
In the first experiment, the ETX Threshold was set to a
constant value and the 𝜏𝐿 was chosen to be 128 ms, 64 ms,
32 ms, 16 ms, 8 ms, and 4 ms. For each value, the experiment
was repeated 100 times. The results are shown in Figure 3.
As can be seen in Figure 3, the 𝑥-axis represents the value
of 𝜏𝐿 and the 𝑦-axis represents the time in which the topology
is generated in 95% of the cases. It is obvious that when
the value of 𝜏𝐿 is 16 ms, the CTP can generate the topology
the fastest. The reason why it takes a long time to generate
the topology with a large 𝜏𝐿 is because the beacon packets
are transmitted once during a long time and the routing
information cannot be updated quickly. When the 𝜏𝐿 is too
small, too many beacon packets are transmitted in a certain
time which will lead to a large number of conflicts. Thus this
causes the nodes to be unable to hear each other. This is the
reason why the time for generating the topology is longer
when the 𝜏𝐿 is smaller.
The same experiments were repeated in the case of
changing the value of parameter ETX Threshold. The results
show that when ETX Threshold is set to a different value, the
shortest time for generating the topology will change, but the
condition resulting in the shortest time will not change, that
is, when the parameter 𝜏𝐿 is set to 16 ms.
In this experiment, the time of generating the topology
is 385 ms. It is quite a small value because the ETX Threshold
was set to be a very large value which may cause a very bad
link quality. Next, we will study the time of generating the
topology on the base of the link quality.
In the second experiment, the value of the ETX Threshold
was now changed in order to find the time for generating the
topology when 𝜏𝐿 is a constant, namely, 16 ms. The value of
the ETX Threshold will be changed within the range (50, 40,
30, 20) to determine the minimum time for generating the
topology with a relatively good link quality. For each value,
the experiment was repeated 100 times.
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Table 1: Time of generating topology with different ETX Threshold
values.
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Figure 4: Distribution of time of generating topology when
ETX Threshold = 50.

The ETX Threshold can affect the time of generating the
topology because when a node initially chooses the best
neighbour as its parent, the ETX Threshold places constraints
in relation to the choice of the best neighbour. A larger
ETX Threshold may cause a node to find its best neighbour
in its neighbour table more rapidly.
Figure 4 shows the time for generating the topology 100
times when the ETX Threshold is 50. The 𝑥-axis represents
the time for generating the topology, and the 𝑦-axis represents the percentage of the experiment. As can be seen
in Figure 4, in 95% of the cases, the CTP can generate the
topology in 1176 ms.
For the next few experiments when the ETX Threshold is
40, 30, and 20, the same method is applied. The experiment
results are shown in Table 1.
As can be seen from the results of the experiments above,
the time for generating the topology is too long when the
ETX Threshold is 20 and 30. It is not possible to have such
a long time for the IWSN and thus some experiments must
now be conducted for the values 40 and 50.
4.2. Link Quality. As is described in the related work, the CTP
uses ETX as the routing gradient to estimate the link quality.
By determining the relationship between ETX and PDR
(packet delivery ratio), this will provide a clearer visualisation
with regard to link quality. At the present time, no document
exists which explains the relationship between ETX and PDR.
In this paper, a method is designed to calculate the ETX
according to the PDR. The ETX is calculated by means of

the PDR using an equation named EWMA (exponential
weighted moving average) [18] more times. The detailed
process is as follows.
When the total number of transmitted packets represented as data total reaches a fixed window size, data total
and the number of successfully received packets represented
as data success are used to update the measured value of ETX
represented as M ETX. The equation is
𝑀 𝐸𝑇𝑋𝑖 = (

𝑑𝑎𝑡𝑎 𝑡𝑜𝑡𝑎𝑙𝑖
− 1) ∗ 10.
𝑑𝑎𝑡𝑎 𝑠𝑢𝑐𝑐𝑒𝑠𝑠𝑖

(3)

In order to reduce the jitter of link quality, EWMA is applied
to calculate the estimated value of ETX represented as E ETX.
The equation is
𝐸 𝐸𝑇𝑋𝑖 = 𝛼 ∗ 𝐸 𝐸𝑇𝑋𝑖−1 + (1 − 𝛼) ∗ 𝑀 𝐸𝑇𝑋𝑖 .

(4)

In this experiment the 𝜏𝐿 was set to 16 ms and the
ETX Threshold was changed to between 40 and 50 to compare
the link quality.
Figure 5 shows the link quality of the 100 nodes when
the ETX Threshold is 50 and 40. The 𝑥-axis represents the
node ETX, and the 𝑦-axis represents the percentage of nodes.
In Figure 5, the blue curve represents the experiment results
when ETX Threshold = 50. The experiment results when
ETX Threshold = 40 are shown also in Figure 5 as red curve.
As can be seen in Figure 5, the link quality is a little
better when the ETX Threshold is 40. However, the time of
generating the topology is shorter when the ETX Threshold is
50 as shown in Table 1. The time for generating the topology
is 353 ms longer when the ETX Threshold is 40 and this value
is acceptable so the value of the parameter ETX Threshold
should be 40.
However, a problem now arises, namely, that the time
for generating the topology at 1529 ms is too long for a
super frame. Thus, this mechanism without a setup period
has to be abandoned. Thus, the mechanism with a setup
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Figure 7: Simulation result of dynamic routing mechanism 1.

period was chosen as the solution for the dynamic routing
mechanism for the IWSN. However, this mechanism is based
on an assumption that the topology generated in the setup
period is relatively stable which means that the nodes will not
frequently change their parent. Next, some experiments will
be carried out in order to evaluate the stability of the network.
4.3. Stability of Network. Reasonable values have been
obtained for the parameter 𝜏𝐿 and the ETX Threshold from
the above simulations. In this experiment, the stability of
the network is to be tested when the 𝜏𝐿 is 16 ms and the
ETX Threshold is 40. The simulation is run for 90 seconds and
the parent changes for each node recorded after the topology
has been generated. The result is shown in Figure 6.
As can be seen in Figure 6, the nodes initially change
their parents quite frequently but, with the passage of time,
the network tends to become stable. Frequent changes occur
initially as the nodes discover new links and neighbors and
fewer changes once the network has selected high quality
routes. However, even initially after the topology has been
generated, the number of parent changes is no more than 20
times in 1000 ms. This is quite a small number for a 100-node
network.
It is now possible to state that it is possible for a dynamic
routing mechanism with a setup period to be applied in an
IWSN.

5. Efficiency of Dynamic Routing Mechanism
According to the evaluation results obtained in the previous
section, it can be determined that the routing mechanism
with a setup period can be applied as the dynamic routing
mechanism for the TDMA-based IWSN. And the optimal
values for the parameters 𝜏𝐿 and ETX Threshold are 16 ms
and 40, respectively. The reason is that the time for generating
the topology with a reasonable link quality is much too long
for a super frame. Another reason is that the topology is
relatively stable after it has been generated and thus it would
be wasteful to assign a long time for the CSAM period for
topology maintenance.

Figure 8: Simulation result of dynamic routing mechanism 2.

The dynamic routing mechanism with a setup period
is implemented on TOSSIM and the simulation has been
carried out in a network with 100 nodes under the above
optimal parameter values. The simulation results are shown
in Figures 7 and 8.
As can be seen from Figure 7, the nodes transmit beacon
packets in the first 1688 ms which implies that it is in a
CSMA stage. After 1688 ms, the nodes stop transmiting
beacon packets which implies that it is in a TDMA data
transmission stage until 2608 ms. After 2608 ms, the nodes
start to transmit beacon packets again which implies that the
second super frame arrives. As can be seen from Figure 8, in
the second super frame period, the nodes start to transmit
beacon packets at 2608 ms and in the CSMA stage. They stop
transmiting beacon packets at 2700 ms and enter the TDMA
data transmission stage. After 3608 ms the nodes start to
transmit beacon packets again which implies that the third
super frame arrives. This process loops on and on.
According to the above simulation results, the total time
of a super frame 𝑡Frame , the time of the CSMA stage in a super
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Textual stream classification has become a realistic and challenging issue since large-scale, high-dimensional, and non-stationary
streams with class imbalance have been widely used in various real-life applications. According to the characters of textual streams,
it is technically difficult to deal with the classification of textual stream, especially in imbalanced environment. In this paper, we
propose a new ensemble framework, clustering forest, for learning from the textual imbalanced stream with concept drift (CFIM).
The CFIM is based on ensemble learning by integrating a set of clustering trees (CTs). An adaptive selection method, which flexibly
chooses the useful CTs by the property of the stream, is presented in CFIM. In particular, to deal with the problem of class imbalance,
we collect and reuse both rare-class instances and misclassified instances from the historical chunks. Compared to most existing
approaches, it is worth pointing out that our approach assumes that both majority class and rareclass may suffer from concept
drift. Thus the distribution of resampled instances is similar to the current concept. The effectiveness of CFIM is examined in five
real-world textual streams under an imbalanced nonstationary environment. Experimental results demonstrate that CFIM achieves
better performance than four state-of-the-art ensemble models.

1. Introduction
Delivering emails and forums, providing chatting rooms, and
publishing blogs are making textual streams dynamic and
large scale. It is a big challenge for the textual stream classification because of many interesting characteristics of a textual
stream. First, a textual stream with large-scale data instances
is of high-dimensional and imbalanced distribution. Highdimensional feature distribution is a persistent problem in
general data classification contexts. In addition, skewed class
distributions can be seen in many data stream applications,
such as credit card transactions and intrusion detection. In
these cases, the instances in some classes (rare classes), which
gain more attention and are of more importance in most
of the real-world application, are much more difficult to
be gathered than the other classes. In traditional existing
classification models, imbalanced distribution may cause
performance degradation since building these models mainly
relies on instances in majority classes, ignoring the importance of the rare class. Therefore, most existing data stream
classification methods fail to tackle the textual stream due to

both its high-dimensional feature space [1] and imbalanced
class distribution. Second, concept drift may occur in the
period of time. This property requires the current classifier to
fit up-to-date concepts. For instance, the customers’ buying
preferences and patterns may change with time. This drives
us to develop an adaptive model to meet the current buying
preferences and patterns of customers.
Ensemble methods, which are regarded as promising
methods to deal with textual streams, aim at integrating
several individual submodels to form a final prediction [2]. It
is easy to obtain training set for each submodel since a stream
can naturally be divided into several individual chunks. In
this paper, we propose a new ensemble model, clustering
forest, to classify textual stream with imbalanced and drifting
stream (CFIM). CFIM aims at integrating a number of
clustering trees (CTs) by an efficient and adaptive method.
It is worth noting that CT, a clustering-based classification
algorithm [3], is suitable for large high-dimensional sparse
textual data [3]. Besides the current chunk for training the
submodels, we collect another two new subsets, rare-class
subset and misclassified subset, to tackle the imbalanced
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problem. These two new subsets are aggregated from the
historical chunks with the same feature distribution. It
is worth pointing out that compared with other existing
imbalanced stream classification approaches, which assume
that the distribution of rare class is not changed [4], the
assumption of our model is that all the instances in the
stream may suffer from concept drift and change their
feature distribution. A suitable number of CTs are combined automatically to accomplish the optimal prediction
result. During the ensemble process, we propose an adaptive
selection method. A dynamic threshold is used to measure
whether the CT fits a new concept. The threshold is defined
according to the accuracy weight of a CT rather than using the
random prediction accuracy by most of the existing models
[5, 6]. The performance of CFIM is experimented on several
textual stream datasets on Massive Online Analysis (MOA)
platform [7]. Compared with other four state-of-art ensemble
approaches, experimental results show that CFIM delivers the
promising performance regarding the average accuracy, the
plotting accuracy, and the kappa statistic.
The previous works related to our study are reviewed in
Section 2; we then present the overall framework of CFIM in
Section 3. In Section 4, we propose the sampling method to
form training set. The adaptive selection method and voting
method are proposed in Section 5. Experimental results are
analyzed in Section 6. In Section 7, we summarize the whole
paper and give suggestions on future work.

2. Related Work
2.1. Textual Stream with Class Imbalance. In various real-life
applications, textual stream is characterized by having the
high-dimensional feature space, a large number of instances
with imbalanced distribution and the concept drift. Many
researches of ensemble learning focus on textual stream classification with concept drift [6, 8–11]. For example, the Conceptual Clustering and Prediction (CCP) [11] framework has
been proposed to classify the textual stream with recurring
concept. Incremental subclassifiers in CCP were constructed
and updated when new training instances arrived. A new
subclassifier was built when a new concept was detected.
Thus one concept corresponded to only one incremental
subclassifier. In this sense, it was not an ensemble approach
in the period of one concept. Moreover, a semisupervised
approach, PU Learning by Extracting Likely Positive and
Negative Microclusters (LELC) [9], aimed at dealing with
positive and unlabeled textual stream problems. The extension research of LELC, Voted LELC [12], was then presented.
This method allocated a voting weight to each representative
instance. The voting weight represented the belongingness
of an instance towards its corresponding class. Then VotedLELC combined all SVM-based subclassifiers (built by voted
representative instances) into global prediction result using
the AWE ensemble model. To overcome some drawbacks
of AWE, this method applied active learning to classify
unknown textual instances. Similar approach to one-class
classification of textual streams was proposed by Zhang et al.
[10].
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Besides the concept drift, many researches aimed at overcoming another issue, class imbalance. A framework [13, 14]
based on collecting rare-class examples has been proposed.
All the instances in the rare class should be gathered into
the training chunk, while the instances belonging to the
majority class were sampled into the training set according
to a distribution radio. This approach implicitly assumed that
the distribution of rare class is not drifting over time [4].
Likewise, Chen and He [15] have proposed SERA algorithm,
which selected the “best” rare-class instances according to
the Mahalanobis distance, instead of using all old instances
in some algorithms, such as [13, 14]. However, the algorithm
may not be able to track drift in rare-class instances. Another
research based on [13, 14] has been proposed by Lichtenwalter
and Chawla [16]. In their paper, besides collecting rareclass instances, they also collected the misclassified majority
class instances. In addition, Learn++.NIE (for learning in
nonstationary and imbalanced environments) [4, 17, 18] has
been proposed to deal with class imbalance. Compared with
the original Learn++.NSE algorithm, a step using the bagging
algorithm was added to handle the imbalance problem.
2.2. Features of Our Approach. Our new ensemble approach,
CFIM is proposed to handle textual streams with class
imbalance and concept drift. CFIM is different with other
traditional ensemble models from the following aspects.
(i) According to the adaptive selection method, CFIM
changes the number of selected submodels along with
the variation of the up-to-date concept. It is more
flexible to select suitable submodels in comparison
to many existing methods with the fixed number of
selecting the submodels.
(ii) We accumulate rare-class instances and misclassified
instances from the historical chunks with the same
feature distribution to better define the boundary
between the classes. It is worth mentioning that our
CFIM assumes that both majority class instances
and rare-class instances may suffer from concept
drift. Therefore, the instances in rare-class subset
and misclassified subset should be sampled from the
historical chunks, whose distributions are as similar
as the latest chunk. Moreover, based on the sample
method in our CFIM, the majority class instances
should be sampled at a proper radio to form balanced
training set.

3. Clustering Forest for Imbalanced
and Drifting Stream (CFIM)
In this paper, we propose a new ensemble model, CFIM, for
imbalanced and drifting textual stream. The framework of
our model is shown in Figure 1. CFIM includes four steps:
(i) Resample step, which is to form the training chunk by
combining the new chunk with misclassified subset 𝐸
and rare-class subset 𝑅 according to sample method.
(ii) Training step, which is to train the submodels, CTs.
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Figure 1: Framework of clustering forest (CFIM).

(iii) Verifying step, which is to adaptively select the CTs
and form the misclassified subset 𝐸 and rare-class
subset 𝑅.
(iv) Testing step, which is to predict the labels of the
incoming testing instances.
The verifying step consists of three substeps.
(1) Compute the accuracy weight of each CT.
(2) Adaptively select the CTs to integrate the optimal CF.
(3) Form the misclassified subset 𝐸 and rare-class subset
𝑅 by accuracy weight.
The testing step consists of two substeps.
(1) Predict the labels of incoming testing instances by
each CT in CFIM.
(2) Integrate the CTs and obtain the global prediction
according to accuracy weight.
We would like to clarify the framework of CFIM as
follows (the details of CFIM are shown in Algorithm 1).
(i) Form the training set. The training set consists of
new training chunk 𝐷𝑡 , the misclassified subset 𝐸𝑡 ,
and the rare-class subset 𝑅𝑡 . We would like to define
the radio 𝑝𝑅 which is the size of rare-class subset

as a proportion of the training chunk 𝐷𝑡train , 𝑝𝑅 =
|𝑅|/|𝐷𝑡train |. The threshold 𝑝𝜃𝑅 is introduced to control
the number of majority class instances. At the 𝑡th
time stamp, if 𝑝𝑡𝑅 < 𝑝𝜃𝑅 , that means the number of
rare class is too small to influence the construction
of submodel. So all the instances in rare class should
be added in the training set at this time stamp.
Meanwhile, we should undersample the incoming
chunk 𝐷𝑡 and select several ((1 − 𝑝𝜃𝑅 )|𝐷𝑡 |) majority
class instances to balance the number of rare class and
majority class.
(ii) Build CTs to integrate the original clustering forest
(CF). Since the submodels have time limited effectiveness, 𝑀max should be defined to ensure the time
efficacy and to control the scale of our ensemble
model. At the 𝑡th time stamp, a new CT should be
built with the training set based on Step 1. Meanwhile,
the “old enough” CTs should not be discarded.
(iii) Adaptively select the CTs. An accuracy weight of each
CT is computed. We then select the CTs based on an
adaptive selection method to achieve the optimal CF.
(iv) Constitute the misclassified subset 𝐸 and rare-class
subset 𝑅. According to accuracy weight, we select the
misclassified instances and rare-class instances from
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Output: Class label of the testing instance 𝑥
Input: 𝐷𝑡 : The data chunk at each time stamp
 
𝑀: The number of CTs in CF𝑓𝐸 
 
𝑀max : The maximum number of CTs selected in the clustering forest 𝑓𝐸 max
𝐸
𝑓 : The current ensemble model
𝐸𝑡 : Misclassified subset at the 𝑡-th time stamp
𝑅𝑡 : Rare-class subset at the 𝑡-th time stamp.
𝑃𝑡𝑅 : The Rare-class subset as a proportion of the training chunk; 𝑝𝜃𝑅 : The threshold of 𝑝𝑅
(1) at the 𝑡-th time stamp
(2) built the training set by Algorithm 2
(2) create a new CT 𝑓𝑡 using 𝐷𝑡train
(3) if 𝑡 < 𝑀max
(4) 𝑓𝐸 ← 𝑓𝐸 ∪ 𝑓𝑡
(5) Endif
(6) if 𝑡 > 𝑀max
(7) 𝑓𝐸 ← 𝑓𝑡−𝑀max +1 ∪ ⋅ ⋅ ⋅ ∪ 𝑓𝑡
(8) Endif
(9) compute the accuracy weight of each clustering tree
(10) UPDATE(𝑓𝐸 ) based on the adaptive selection method
(11) obtain the misclassified subset 𝐸𝑡 and the rare-class subset 𝑅𝑡
(12) for each testing instance 𝑥 do:
(13) PREDICT(𝑥) by the voting method.
(14) Endfor.
Algorithm 1: Clustering forest.

the old chunks, whose distributions are similar to the
testing chunk.
(v) Classify incoming instances by each CT.
(vi) Vote and obtain the ensemble prediction label. For
each testing instance 𝑥, we obtain the ensemble
prediction result by using a voting method, which is
based on the accuracy weight.
Our proposed CFIM contains the following key methods.
(i) Sample method.
We should collect the misclassified instances and
rare-class instances from the “old” chunks which
have the similar distribution as the current chunk.
According to accuracy weight, we choose the “old”
but “useful” chunks to help the training. Misclassified instances are used to reinforce learning of the
submodel and construct the strong classifiers. Rareclass instances are used to balance the size of majority
class and the rare class. If the size of the rare-class
set is too small, we should resample the instants in
current chunk to reduce the scale of majority class.
𝑃𝜃𝑅 is defined as the threshold to ensure the rare-class
instances are the proportion of the current chunk. It
is especially interesting in our sample method that we
choose the chunks with the same distribution as the
current chunk to form the above two sets according
to accuracy weight in the concept drift environment.
Therefore, this method makes full use of the “old”
chunks but discards the “useless” chunks.

(ii) Adaptive selection method.
A new accuracy weight for selection of CTs has been
defined to dynamically select “good enough” experts
(i.e., CTs) into the optimal CF. Unlike most existing
models (e.g., AWE and AUE) where the number of
submodels is fixed, the number of CTs in our strategy
is varied according to the changes of concepts (see
Section 5.2).
(iii) Voting method.
According to the accuracy weight, we utilize the historical information of the training data to ensure the
ensemble prediction capabilities of the submodels.

4. Sampling Method
In this section, we propose the sample method of our CFIM.
According to sample method, we combine the instances from
misclassified instances 𝐸𝑡 , rare-class instances 𝑅𝑡 , and the
current chunk 𝐷𝑡 into the training chunk 𝐷𝑡train at each
time stamp. The key procedures of sampling method are to
build the misclassified set and rare-class set. The detailed
information is shown in Algorithm 2 and Figure 2.
4.1. Misclassified Set. To obtain the higher accuracy from the
CFIM, we should incrementally emphasize distinguishable
ability of the submodels. The instances that previous models
misclassified contain more information to enhance the classification accuracy than the accurately classified instances.
Therefore, we collect all the instances which are given the
false labels into the misclassified set 𝐸𝑡 and add 𝐸𝑡 into
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Output: The optimal CF
Input: 𝐷𝑡 : The data chunk at each time stamp
𝑀: The number of CTs
𝐿: the prediction of x
𝐸𝑡 : Misclassified subset at the 𝑡-th time stamp
𝑅𝑡 : Rare-class subset at the 𝑡-th time stamp.
𝑦𝑅 : The label of rare-class
(1) At the 𝑡-th time stamp:
(2) Obtain the 𝑓𝐸 by Algorithm 1.
(3) For all 𝑥𝑘𝑗 ∈ 𝐷𝑘 , where 𝐷𝑘 is the training chunk of 𝑓𝑘 (𝑓𝑘 ∈ 𝑓𝐸 );
(4) Obtain the label 𝐿 𝑘𝑗 by 𝑓𝐸
(5) If 𝐿 𝑘𝑗 ≠
𝑦𝑘𝑗 :
(6) 𝐸𝑡 ← 𝐸𝑡 ∪ 𝑥𝑘𝑗 ;
(7) Endif
(8) If 𝑦𝑘𝑗 ∈ 𝑦𝑅
(9) 𝑅𝑡 ← 𝑅𝑡 ∪ 𝑥𝑘𝑗 ;
(10) Endif.
(11) Endfor.
(12) if 𝑝𝑡𝑅 < 𝑝𝜃𝑅 :
(13) 𝐷𝑡 ← RESAMPLE(𝐷𝑡 ) at the percentage (1 − 𝑝𝑅𝜃 )
(14) 𝐷𝑡train ← 𝐷𝑡 ∪ 𝐸𝑡 ∪ 𝑅𝑡 ;
(15) Else
(16) 𝐷𝑡train ← 𝐷𝑡 ∪ 𝐸𝑡 ∪ 𝑅𝑡 ;
(17) Endif.
(18) Create a new CT 𝑓𝑡 using 𝐷𝑡train relying on Algorithm 1;
(19) UPDATE(𝑓𝐸 )

Algorithm 2: Sample method.

the current training chunk 𝐷𝑡train . It is worth pointing out that
according to accuracy weight in CFIM, all the misclassified
instances in 𝐸𝑡 are considered to have the similar distribution
as the current chunk. If a historical submodel obtains higher
accuracy weight than the threshold of accuracy weight
(𝜔𝑖 > 𝜔𝜃 ), its corresponding chunk 𝐷𝑖 is considered to have
the similar distribution as the current chunk. So we
accumulate the instances that are misclassified by 𝑓𝐸 in
data chunk 𝐷𝑖 . According to 𝐸𝑡 , most informative data
should be gathered to build the new submodel. Meanwhile, the data related to “old” concept should be discarded.
4.2. Rare-Class Set. The number of rare-class instances in the
most recent chunk is far from sufficient to train a model with
high accuracy in the imbalanced stream environment. The
traditional model, ignoring the imbalanced problem, would
perform poorly on the rare class. All rare-class instances in
the previous chunks associating with the current concept
should be accumulated into the training set. In particular, if
the proportion of the rare-class instances in the training is
too small to build the high-accuracy submodel (𝑝𝑡𝑅 < 𝑝𝜃𝑅 ),
we should undersample the majority class instances from the
current chunk 𝐷𝑡 to balance the class distribution. Figures
2(a) and 2(b) show the process of forming the training set at
the recent time stamp under two situations (𝑝𝑡𝑅 > 𝑝𝜃𝑅 and
𝑝𝑡𝑅 < 𝑝𝜃𝑅 ), respectively.

5. Adaptive Selection Method and Voting
Method
In this section, we outline another two important methods
of our CFIM framework: an adaptive selection method and
voting method.
5.1. Adaptive Selection Method. Adaptive selection method in
our framework seeks to select suitable CTs to organize the
optimal CFIM. The CTs related to the current concept are
considered as the useful CTs to predict the testing instances.
The number of CTs increases when the concept is not
changed. However, if the concept drift is detected, most of
the old CTs do not represent the new concept, so they are not
useful to classify the new testing instances. Only the “useful”
CTs can participate in classification.
Algorithm 3 illustrates the adaptive selection method in
CFIM. We estimate the accuracy weight 𝜔𝑖 of all the CTs by
the new chunk. We then use all the selected CTs (𝜔𝑖 > 𝜔𝜃 ) to
classify the testing instance. More remarkably, our method is
based on the assumption that the latest CT always participates
in prediction.
The following equation is used to compute the accuracy
weight:
𝜔𝑖 =

𝜑𝑖

∑𝑀
𝑖=1

(𝜑𝑖 )

,

(1)
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Figure 2: Process of forming the training set.

where 𝑀 is the total number of CTs, 𝜑𝑖 is the accuracy of
each CT. We define the threshold 𝜔𝜃 which is used to decide
whether each CT is suitable or not. The threshold 𝜔𝜃 is given
by
1
{
{max (min 𝜑𝑖 − 𝜏, )
2
𝜔𝜃 = {
{max (𝜑, 1 )
2
{

𝜑 − min 𝜑𝑖 ≤ 𝜀
𝜑 − min 𝜑𝑖 > 𝜀.

(2)

Here, the concept drift is detected by the difference
between the average accuracy 𝜑 and the minimum accuracy
min 𝜑𝑖 (𝜑 − min 𝜑) in the original CF. If concept drift does
not occur (i.e., 𝜑 − min 𝜑𝑖 ≤ 𝜀), each CT takes part in
classifying the incoming instances. The parameter 𝜏 is the
minimum value to ensure that all selected CTs can participate
in the ensemble model. Otherwise, if the concept drift is
detected (i.e., 𝜑 − min 𝜑𝑖 > 𝜀), only some “useful” trees with
their accuracies higher than max(𝜑, 1/2) can participate in
classification.
5.2. Voting Method. We may construct a voting method
related to the accuracy weight to integrate results of subclassifiers into an ensemble result. We may use the accuracy weight
for each CT as the final voting weight. That is,
V𝑖 (x𝑗 ) = 𝜔𝑖 ,

(3)

where 𝜔𝑖 is the accuracy weight of each CT.
The ensemble prediction label 𝐿 𝑗 of the testing instants
x𝑗 can be set to the maximum value of ensemble function
𝑓𝐸 (x𝑗 ).

6.1. Datasets. At present, lack of benchmark datasets for
textual stream with imbalance class is the problem of classification performance evaluation. In fact, as collecting largescale real-world textual streams needs to consume huge time
and manpower to manually label a mass of instances, it is hard
to construct such textual streams. Thus, in order to evaluate
the performance of CFIM, we have compiled five imbalanced
stream datasets with concept drift. The detailed description is
seen in Table 1.
The Spam Assassin Collection (Spam for short) [11] is
used as the real-world textual stream. This collection consists
of 9,324 instances in Spam class and ham class, and each
instance contains 500 attributes. The imbalanced radio of this
corpus is 3 : 1. All the instances are arranged in the arrival
order. The previous studies [11] show that the attributes of
emails gradually change over time.
We construct a new large-scale textual stream (called
Spam-Enron stream for short) by the Spam Assassin Collection and Enron Email Dataset with 33,702 instances.
This dataset is chronologically collected with 17,157 instances
belonging to the Spam class, while other 16,545 ones belonging to the ham class. We use the sigmoid function to
formulate a weighted integration of two real-world streams
in order to characterize the target concepts in a concept drift
environment [7]. Based on this process, we construct the
Spam-Enron stream with 100,000 instances, each of which
contains 2,044 attributes.
The third stream is collected by the Spam Assassin
Collection and a benchmark dataset, Reuters. We sample the
instances which belong to the first class and the seventh class
in Reuters in order to construct the imbalanced stream (1 : 10).
According to the sigmoid function, we create a new stream
(called Reuters-Spam stream) with 10,000 instances, each of
which contains 19,433 attributes.
Table 1 shows that the Spam Assassin stream and SpamEnron stream are two imbalanced streams where the proportion of two classes is approximately 3 : 1. We add another
imbalanced stream with 1,187 instances in one class and
6,937 instances in the other one to evaluate whether CFIM
is suitable for the imbalanced stream. This stream (Spam1
for short) is generated from the Spam Assassin stream by
sampling a certain number of instances in the Spam class. The
ratio of the number of instances in two classes is approximate
to 6 : 1 in the imbalanced Spam Assassin stream.
Similarly, another imbalanced textual stream generated
from Spam Assassin stream is collected. This textual stream
(Spam2 for short) contains 6,920 instances in one class and
280 instances in another one. The ratio of the number of
instances in two classes is approximated to 25 : 1.
6.2. Evaluation Procedure. The evaluation procedure is used
to arrange the training instances and the testing instances.
The basic assumption is that the testing chunk is basically
similar to the most recent chunk in the stable period, while
the distribution of the testing chunk is changed when a
concept drifts. Interleaved chunk method [19] is considered
as the evaluation procedure in our paper.
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Output: The optimal CF
Input: 𝐷𝑡 : The data chunk at each time stamp
𝑀: The number of CTs in CF
(1) At the 𝑡-th time stamp:
(2) Obtain current original clustering forest 𝑓𝐸 relying on Algorithm 1;
(3) For 𝑓𝑖 ∈ 𝑓𝐸 do:
(4) Estimate the accuracy of 𝑓𝑖 using 𝐷𝑡 ;
(5) Compute the accuracy weight 𝜔𝑖 of 𝑓𝑖 with (1);
(6) If 𝜔𝑖 > 𝜔𝜃 :
(7) REMOVE(𝑓𝑖 );
UPDATE(𝑓𝐸 );
(8) Endif
Algorithm 3: Adaptive selection method.

Table 1: The properties of textual streams.

Spam Assassin
Enron Email
Spam-Enron
Spam1
Spam2
Reuters-Spam

Spam
2,387
17,157
25,000
1,187
280
956

The number of instances
Legitimate
Total
6,937
9,324
16,545
33,702
75,000
100,000
6,937
8,100
6,920
7,200
9,044
10,000

Interleaved chunk combines Holdout and Interleaved
Test-Then-Train evaluation methods [19]. The procedure is as
follows.
(i) Collect incoming samples to form a data chunk.
(ii) Test this data chunk to evaluate the latest model.
(iii) Train this data chunk again to update the classification model.
The Spam Assassin stream, Spam1 stream, and Spam2
stream use the interleaved chunk procedure by collecting
300 instances as a textual chunk for one time stamp in a
proper sequence. Therefore, Spam Assassin stream, Spam1
stream, and Spam2 stream include 30 time stamps, 26 time
stamps, and 23 time stamps, respectively. Similarly, SpamEnron stream and Reuters-Spam stream, which collect 500
instances as a chunk, include 200 time stamps and 19 time
stamps, respectively.
6.3. Evaluation Measures. Two important evaluation measures regarding accuracy are used in our paper. To evaluate
the overall performance of a learning algorithm, we employ
average accuracy. To represent the “accuracy” at each time
stamp in an evolving environment, the plotting accuracy is
of great importance. The calculations of the average accuracy
and the plotting accuracy can be found in [20].
However, the average accuracy and plotting accuracy
are not suitable for evaluating the performance of classifiers
for an imbalanced data set. The number of instances in

Imbalanced radio

Size of attribute

Size of each chunk

1:3
1:1
1:3
1:6
1 : 25
1 : 10

500
1,545
2,044
500
500
19,433

300
—
500
300
300
500

the small classes is too small to apparently have effect on the
percentage of accuracy. An alternative measure to evaluate
the classification error in an imbalanced environment is the
kappa statistic [21], which is used to compute the agreement
between observed proportion and the expected proportion.
The detailed calculation method for kappa statistic is shown
in [21].
6.4. Compared Models. For comparing the performance, our
model has been compared with four state-of-the-art ensemble models, which are much related to our work. These models are Accuracy Weighted Ensemble (AWE) [5], Accuracy
Updated Ensemble (AUE) [22], Leveraging Bag (LB) [23], and
OzaBagAdwin (OZA) [2]. AWE as a popular method uses
the weighted ensemble classifier; AUE extends AWE by using
incremental submodels and updating them according to the
prediction accuracy; LB combines the Adwin algorithm and
the Leveraging Bagging algorithms by using Random Output
Codes (ROC). OZA detects and estimates the change by the
Adwin algorithm for providing the ensemble weights. In our
experiment, we choose Random Tree (RT), Random Forest
(RF), libSVM (SVM for short) as basic learners. Since all
these three basic learners are used in AUE, AWE, LB, and
OZA, respectively, 12 comparative methods take part in the
experiments. All these tested algorithms are implemented in
the Massive Online Analysis (MOA) platform [7]. We assign
the cost function of SVM 𝑐 = 1. The maximum number of
subclassifiers in all tested ensemble models to 𝑀max = 15 in
the Spam-Enron stream and to 𝑀max = 5 in the other streams.
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Table 2: Average accuracy of different algorithms on all streams.

CFIM
AUE-RT
AUE-RF
AUE-SVM
AWE-RT
AWE-RF
AWE-SVM
LB-RT
LB-RF
LB-SVM
OZA-RT
OZA-RF
OZA-SVM

Spam
88.68
81.73
86.59
85.33
77.24
82.45
81.11
64.68
63.47
76.09
54.34
67.80
70.88

Spam-Enron
88.37
81.37
87.28
85.86
75.71
78.91
72.50
74.65
79.30
72.68
80.74
81.56
72.50

Spam1
91.78
82.24
89.75
85.94
70.69
75.54
71.38
73.42
84.27
50.69
75.19
79.39
78.28

Spam2
93.67
88.26
89.68
89.33
46.74
57.84
54.52
87.92
88.70
88.66
74.59
74.07
74.33

Reuters-Spam
88.70
80.40
85.72
85.74
78.31
84.94
85.27
85.26
85.27
85.27
85.27
85.27
85.27

Spam2
32.81
31.86
29.85
23.12
4.90
3.94
3.03
17.70
0.79
0.00
6.09
5.92
6.29

Reuters-Spam
3.89
3.21
0.38
0.00
3.24
1.88
0.00
0.01
0.00
0.00
0.00
0.00
0.00

Table 3: Kappa statistic of different algorithms on all streams.
Spam
70.54
55.07
65.64
62.41
47.05
58.00
54.77
27.50
24.99
45.29
14.70
31.44
36.42

Spam-Enron
62.66
43.67
55.96
41.77
42.13
55.45
35.46
49.10
61.44
46.78
56.09
58.76
53.38

6.5. Results. We experiment in 5 textual streams with concept
drift under an imbalanced environment. The measures in the
comparative experiment involve averaged accuracy, plotting
accuracy, and kappa statistic. We outline the experimental
results of different approaches regarding the average accuracy
for all streams in Table 2. As observed from Table 2, CFIM
achieves the highest average accuracy in comparison to all
the algorithms in all the streams. Moreover, in five real-world
streams under an imbalanced environment, average kappa
statistic of the tested approaches in Table 3 shows that CFIM
keeps the higher performance in terms of kappa statistic in
most streams. We analyze the detailed experimental results
in the five textual streams in the following paragraphs.
In Spam stream, the average accuracy produced by each
algorithm is summarized in Table 2. Compared with AUERF, which is the second best algorithm, CFIM achieves 2.09%
accuracy improvement. As seen in Figure 3, the curve of
plotting accuracy about CFIM is always above the other two
curves related to the algorithms with the second and the third
highest average accuracy, respectively. At the 3rd time stamp,
a large change may have occurred. The curves of all three

Spam1
62.31
50.92
62.91
51.37
32.43
42.36
33.21
39.36
60.54
16.30
43.89
54.45
47.32

100
Accuracy (%)

CFIM
AUE-RT
AUE-RF
AUE-SVM
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AWE-RF
AWE-SVM
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LB-RF
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OZA-RT
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OZA-SVM
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Figure 3: Plotting accuracies in the Spam Assassin stream.

algorithms tend to gradual increase and are relatively stable
after the 3rd time stamp.
The average accuracy of CFIM in Table 2 is higher
than other comparative algorithms in Spam-Enron dataset.
Figure 4 describes the best three algorithms’ (CFIM, AUE-RF,
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Figure 6: Plotting accuracies in the Spam2 stream.

Figure 4: Plotting accuracies in the Spam-Enron stream.
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Figure 5: Plotting accuracies in the Spam1 stream.

and AUE-SVM) plotting accuracies for Spam-Enron dataset.
It is worth pointing out that CFIM accomplishes the better
performance compared with the other two algorithms, as the
fluctuation of accuracy curve in CFIM is the smallest. For
example, plotting accuracy curve of AUE-RF fluctuates in a
range of (16.6%, 100%) while the curve of CFIM is limited in
the range of (49%, 100%). When a concept changes drastically,
curves of AUE-SVM and AUE-RF fall down even below the
level of CFIM’s curve. In the periods of rebuilding concept,
all of the three algorithms rebuild the model and tend to be
stable. CFIM with a quick substitution of components creates
a quick response for new concept, but the plotting accuracy
of AUE-SVM grows slowly. This indicates that AUE-SVM is
difficult to react to new concepts, especially after a sudden
concept drift.
The average accuracy in the Spam1 stream is shown in
Table 2. CFIM gives the best result (91.78%), while AUE-RF
(89.75%) is the second best method. The average accuracy of
CFIM is 5.84% higher than the third best algorithm, AUESVM. The plotting accuracies of three algorithms in the
Spam1 stream in Figure 5 show that the curve of CFIM is
always above the other two curves. In comparison to the
curve of AUE-SVM with the dramatical decrement at the
2nd time stamp, the trends of curves produced by CFIM
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Figure 7: Plotting accuracies in the Reuters-Spam stream.

and AUE-RF seem to be similar. The plotting accuracy is
increasing during the first six time stamps. After a slight drop
at the 8th time stamp, the curves increase steadily from the
8th time stamp to the 26th time stamp.
Likewise, owing to both the highest accuracy and the
quick response to sudden drifts, CFIM delivers the best
performance in the Spam2 stream as presented in Table 2
and Figure 6. After the accuracies of all the models decrease
at the 2th time stamp, all the models tend to ascend their
accuracies by rebuilding themselves.
High-dimensional stream with concept drift is generated
from Reuters. As shown in Table 2, CFIM gains the highest
average accuracy (88.70%) over all the compared algorithms;
AUE-SVM and AUE-RF are the second best algorithms by
achieving similar accuracy. Figure 7 describes the classification results of the Reuters-Spam stream. CFIM shows a strong
ability to deal with the concept drift by rebuilding the model
quickly with high plotting accuracy.
The kappa statistic results are shown in Table 3. CFIM
obtains the highest kappa statistic (70.54%) of all 13 algorithms in the Spam stream. AUE-RF with 65.64% kappa
statistic and AUE-SVM with 62.41% kappa statistic are ranked
in the second and the third place. Meanwhile, in the Spam1
stream, CFIM, AUE-RF, and LB-RF achieve the highest level
of kappa statistic. Though CFIM outperforms the other 12
algorithms with respect to average accuracy, it gains slightly
lower (0.6%) kappa statistic than AUE-RF but gains 1.77%
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higher than LB-RF in the Spam1 stream. Compared with
the 12 tested algorithms in the Spam-Enron stream in terms
of kappa statistic, CFIM gains the highest performance
(62.66%). The similar experimental results are observed
in Spam2 stream and Reuters-Spam stream. According to
three measures (average accuracy, plotting accuracy, and
kappa statistic) to evaluate three imbalanced streams, we
can observe that CFIM accomplishes promising performance
compared with the other 12 tested algorithms.

7. Conclusion
In this paper, we present a new ensemble approach, CFIM, to
handle the textual stream classification with class imbalance.
This work involves the following aspects.
(i) We design an adaptive selection method to select the
useful CTs and design a voting method depending on
the accuracy weight to obtain the ensemble prediction
result.
(ii) We construct the training set by sampling the
instances from rare-class subset, misclassified subset,
and the incoming chunks at a proper radio.
(iii) Experiments on real-world streams are carried out to
evaluate the performances of the CFIM, AUE, AWE,
LB, and OZA ensemble models based on three evaluation metrics: average accuracy, plotting accuracy, and
kappa statistic. The experimental results illustrate that
our CFIM approach is more effective than other tested
algorithms in most of the streams.
In the future work, we further extend our work in several
aspects. First, it is interesting to improve our proposed
algorithm by redesigning the structure of CT for multilabel
stream classification. Second, we will extend our approach
to semisupervised stream classification. Third, we plan to
improve our work to design a dynamic streaming clustering
tree by an incremental method in order to save the running
time.
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Modeling background and segmenting moving objects are significant techniques for computer vision applications. Mixture-ofGaussians (MoG) background model is commonly used in foreground extraction in video steam. However considering the case
that the objects enter the scenery and stay for a while, the foreground extraction would fail as the objects stay still and gradually
merge into the background. In this paper, we adopt a blob tracking method to cope with this situation. To construct the MoG model
more quickly, we add frame difference method to the foreground extracted from MoG for very crowded situations. What is more,
a new shadow removal method based on RGB color space is proposed.

1. Introduction
Detection and segmentation of moving objects in video
streams are the first relevant step of information extraction in many computer vision applications, such as video
surveillance, traffic monitoring, crowd counting, and people
tracking. Mixture-of-Gaussians (MoG) background model is
widely used in such application to segment moving foreground for its effectiveness in dealing with gradual lighting
changes and repetitive motion of leaves.
However, the MoG method has two apparent shortages:
one is slow construction of background model at the beginning and the other is that it cannot cope with the case that
the objects enter the scenery, stay for quite a while, and
leave, which often happens in subway, bus station, railway
station, and so forth. When the objects stay longer, they would
gradually merge into the background, which would affect
the follow-up application, such as crowd counting or event
analysis. Our objective is to find a method to solve these two
crucial problems.
1.1. Related Work. Segmenting moving objects from video
stream has been researched for a long time. The traditional
method of averaging the image pixels over time to create a
background is only effective in situations where the background is visible in a large proportion of the time.

Cucchiara et al. [1] proposed the median method, finding
the median value for each pixel in certain nearest frames and
the recorded median value as to eliminate the short peak
values which affect the mean value a lot. However it has large
time and space complexity.
The mixture-of-Gaussians approach [2] has gained
tremendous popularity due to its capability to model multimodel backgrounds. It can deal with gradual lighting
changes, repetitive motion of leaves, and so forth. It models
each pixel as a mixture of Gaussian distributions but has a
slow speed of background construction. KaewTraKulPong
and Bowden [3] adopt an online K-means method approximation to update the model. They set different updating rate
in background construction period and stationary period.
At the beginning the updating rate is the reciprocal of
frame number so as to speed up the establishment of MoG.
Then after certain number of frames (100) the rate is set
to a small value, such as 0.01, to ensure its stability. The
updating rate of Gaussians in stationary period decides
how fast it would adapt to illumination changes or a new
background. The Gaussian distributions of the constructed
background model are sorted according to their weights to
determine which are most likely to be the background. The
pixels which do not match the Gaussian distributions are
regarded as foreground and a new Gaussian distribution with
mean value of the pixel is established to replace the lowest
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Figure 1: Flow chart of the proposed method.

weight distribution. Commonly speaking, 3 to 5 Gaussian
distributions are adopted.
Wang et al. [4], Zongbin [5], and Yuan et al. [6] use
different ways to improve the MoG method. Considering
the effect of large areas of illumination changes, Wang et
al. [4] replace the most probable Gaussian distribution with
current pixel value when the foreground pixel numbers
count for more than 60 percent of area of the whole image.
Zongbin [5] divides the extracted foreground from MoG
into moving objects and false positive pixels according to
difference between current frame and the former frame.
It updates the MoG model faster for false positive pixels
which have lower frame difference while updating the moving
objects slower which have large frame difference. It can adapt
faster to sudden lighting changes for it updates the low
frame difference pixels of the foreground which are caused
by the changed lighting condition faster. Yuan et al. [6] use
the similarity of interframe gradient to decide whether it
is foreground or background for the gradient information
varies slightly while the illumination changes. They propose
a relevant function to calculate the similarity of gradient
between current frame and former frames of certain gap.
If the time of similarity is larger than a certain number,
it would be added into the background. Zongbin [5] and
Yuan [6] both effectively improve the performance of MoG
in sudden lighting changes condition but they still ignore a
commonly happening situation that a person came in, stayed
for a while, and left. As the person stays longer, the person
will be gradually merged into the background and could
not be detected which may be undesirable for foreground
extraction. If the person left, a “ghost” would be detected and
last for a period of time.
Cuevas et al. [7–9] use a nonparametric modeling and
a particle filter tracking for moving object detection. The
background is modeled using only color information and
the foreground combines both color and spatial information.

The application of a particle filter allows the update of the
spatial information and provides a priori information about
the areas to analyze in the following images, enabling an
important reduction in the computational requirements and
improving the segmentation results. Cuevas et al. [10] apply
the algorithm to a general purpose graphics processing unit
(GPGPU), which provides real-time and high-quality results
in a great variety of scenarios.
1.2. System Overview. As shown in Figure 1, we use frame
difference method and the traditional MoG method to extract
foreground for each frame. Then a shadow removal method
based on RGB color space is adopted to detect shadow.
And then we use a morphological method to connect the
separate part of one object. A method based on texture
similarity and intensity cross-correlation method is used to
detect illumination change. We use a blob tracking method
to predict successive blob in next frame and merge it into the
MoG method to help speed up modeling. Finally we acquire
the extracted foreground.
Our background modeling algorithm provides the following contributions.
(i) We add frame difference to MoG method to speed up
the initial construction of MoG model.
(ii) We use blob tracking to help MoG method to cope
with the situation that the objects come in, stay for a
while, and leave.
(iii) We propose a simple sole blob extraction method.

2. Adding Frame Difference to MoG in
Crowded Situation
MoG method needs several frames to construct a stable background at the beginning. Usually in uncrowded situation,

The Scientific World Journal

3

(a)

(b)

(c)

(d)

(e)

(f)

(g)

(h)

Figure 2: Two frames and the results with shadow removal. (a) and (e) are the frames (numbers 065 and 038) from the PETS2009 S1L1 with
crowded people, (b) and (f) are the results of MoG method with frame difference, (c) and (g) are the detected shadows, and (d) and (h) are
the results after removing the shadow.

A

extracted from MoG to obtain the right foreground much
faster. Median filtering is used to remove the unnecessary
noise points. And with the following blob tracking method,
we construct the right background model in MoG fast.

A

A

Figure 3: Example of blob prediction from the matched blob in the
previous two frames.

10 to 20 frames are enough in a 10 fps video. However, in
very crowded situations, the background could hardly be
seen; it will last much longer to form the right background
model using the original MoG method. Sometimes as the
background is shaded by the walking people in most of the
time, the constructed background is not complete and the
foreground would be badly extracted.
Thus we consider a three-frame difference method [11]
as the compensation for foreground extraction especially in
crowded situation where the objects moving slowly in the
distance or the background could hardly be seen for most
of the time. Surely we notice that if we do so, every object
in foreground will be thicker. Thus we use a shadow removal
technique to reduce the surrounded unnecessary pixels.
We first calculate the difference image between every
three successive frames, using a certain threshold to get a
binary, black-and-white image to have a coarse detection
of foreground. Then we add the result to the foreground

3. Shadow Removal in RGB Color Space
We use a new way to detect shadow in RGB color space,
inspired by the method in HSV color space by Cucchiara
et al. [12, 13]. We notice the green component of a shadowed
point is a bit lower than that of the background, so we first
set two thresholds for the rate of pixels between current
image and background image. What is more, the red and
blue components of a pixel do not change significantly when
a shadow is cast and the blue component is lowered in
shadowed points. Consequently, the decision process is based
on the following equation:
{
{
1
{
{
{
{
{
{
{
{
{
{
{
{
{
𝑆𝑘 (𝑥, 𝑦) = {
{
{
{
{
{
{
{
{
{
{
{
{
{
{
{0

if 𝛼 ≤

𝐼𝑘𝐺 (𝑥, 𝑦)
≤𝛽
𝐵𝑘𝐺 (𝑥, 𝑦)



∧ 𝐼𝑘𝑅 (𝑥, 𝑦) − 𝐵𝑘𝑅 (𝑥, 𝑦) < 𝛾



∧ 𝐼𝑘𝐵 (𝑥, 𝑦) − 𝐵𝑘𝐵 (𝑥, 𝑦) < 𝛾

(1)

∧𝐼𝑘𝐵 (𝑥, 𝑦) < 𝐵𝑘𝐵 (𝑥, 𝑦)
otherwise,

where 𝐼𝑘 (𝑥, 𝑦) are the pixel values for the extracted foreground and 𝐵𝑘 (𝑥, 𝑦) for the background. If 𝑆𝑘 (𝑥, 𝑦) = 1
the pixel is assumed to be covered by a shadow. 𝛼 should be
adjusted according to the strength of the light source causing
the shadows, 𝛽 is needed to cope with certain aspects of noise,
and 𝛾 is a threshold which decide how large the difference
in red and blue component can be. We choose 𝛼 = 0.75,
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Initialization: the first white pixel 𝑝[𝑖][𝑗], 𝑝 as the point of image data.
(1) leftmost = 𝑗;
while 𝑗 + 1 < width of image and
(𝑝[𝑖][𝑗] ∈ foreground or 𝑝[𝑖][𝑗 + 1] ∈ foreground)
𝑗 add 1
end while
rightmost = 𝑗 − 1;
(2) flag = 1; //searching line by line from leftmost to rightmost //until no white pixel exists
while 𝑖 + 1 < height and flag = 1
flag = 0;
for 𝑚 from leftmost to rightmost
if 𝑚 + 1 < width of image and
(𝑝[𝑖 + 1][𝑚 + 1]) ∈ foreground or
𝑝[𝑖 + 1][𝑚 + 2]) ∈ foreground)
flag = 1;
end if
end for
m = leftmost;
while 𝑚 − 1 >= 0 and (𝑝[𝑖 + 1][𝑚]) ∈ foreground or
𝑝[𝑖 + 1][𝑚 − 1]) ∈ foreground)
Flag = 1;
𝑚 minus 1;
end while
update leftmost position
m = rightmost;
while 𝑚 + 1 < width of image and
(𝑝[𝑖 + 1][𝑚 + 1]) ∈ foreground or
𝑝[𝑖 + 1][𝑚 + 2]) ∈ foreground)
flag = 1;
𝑚 add 1;
end while
update rightmost position
if new rightmost > rightmost + 2
search upward line by line until no white
pixel exist;
if new leftmost < leftmost − 2
search upward by line until no white pixel exist;
𝑖 add 1
end while
Algorithm 1: Pseudocode for sole blob extraction.

𝛽 = 0.98, and 𝛾 = 50 in our experiments. The shadow result
is showed in Figure 2(c) for example.
A morphological close operation is adopted to connect
the separated parts and fill small holes inside the foreground
caused by RGB shadow removal. We use a 5x1 structural
element for it may connect the upper and lower body of a
person and avoid connecting two adjacent persons.

4. Texture and Intensity Integration for
Quick Lighting Changes
The mixture-of-Gaussians method generates large areas of
false positive foreground when there are quick lighting
changes (Figure 2(f)). To make the mixture-of-Gaussians
method work for quick lighting changes, we adopt the
method by Tian et al. [14], integrating the texture information
to the foreground mask for removing the false positive

areas. The basic idea is that the texture in the false positive
foreground areas which is caused by lighting changes should
be similar to the texture in the background. The erroneously
detected foregrounds from texture similarity are shown in
Figure 2(g).
The intensity information is employed instead of color
information in shadow removal. The normalized crosscorrelation of the intensities is calculated at each pixel of
the foreground region between the current frame and the
background image by Tian et al. [14]. The detected shadows
are showed in Figure 2(h), which is a good compensation of
texture similarity detection.

5. Blob Tracking Method
The original and improved MoG methods [2, 3] update the
background models for every pixel in a frame. Apparently, the
foreground pixels are useless in background modeling and if
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the foreground pixels stay longer, it would be merged into the
background, causing the missing detection. And then if the
foreground pixels leave their original position, it would cause
“ghost” in the extracted foreground for quite a long time.
In this paper, we use blob tracking method to solve the
problem. First we could get diverse blobs of foreground in
video streams for the former two frames using the original
MoG method. Then we try to find matches in blobs between
the two frames and use the matching information to predict
the blob’s position in the current frame. We combine all the
predicted blobs to form a prediction of the current frame.
Then we greatly slow down the updating speed in MoG
in pixels of the predicted frame, which means we give a
very low learning rate for weights, means, and variances of
MoG of those pixels to prevent them from merging into the
background.

To match blobs 𝐵𝑡,𝑚 and 𝐵𝑡+1,𝑛 , it is necessary to ensure
sufficient overlap

5.1. Sole Blob Extraction in Foreground. We scan line by line
to find the first white pixel and then search right if the right
pixel or the second right pixel is white. Each time we reach
a searching position, we make it black to prevent it from
repetitive searching. We store the leftmost and rightmost
position, and search the white pixel in the next line from
leftmost to rightmost, and search left and right more as above
until it reaches the new leftmost and rightmost position. If the
new rightmost position is bigger than the last line for more
than two pixels, we will search upward line by line for the
exceeded pixels and also search left and right more until we
meet a line with no white pixel. The new leftmost position
would do the same way. Using this method, we may easily get
the sole blob from the foreground. The pseudocodes are as in
Algorithm 1.

Any blob pair (𝑚, 𝑛) which satisfies conditions (4)-(5) is
considered as a match. The threshold values 𝑇min and 𝑇max
are used to filter out the false matches. The values 𝑇min = 0.5
and 𝑇max = 0.2 were selected.
Then we use the two matched blobs (one in each frame)
to predict the current position of this blob (Figure 3). We only

⇀
need calculate the approximate move vector 𝑀 = 𝐶𝐴 − 𝐶𝐴 ,
where 𝐶𝐴 and 𝐶𝐴 mean the center coordinates of blob 𝐴

⇀
and 𝐴 . And then we move the blob 𝐴 along 𝑀 to get


the predicted position of blob 𝐴 , which is 𝐴 as shown in
Figure 3.
Our method may sharply reduce the updating rate to
prevent the moving blob from merging into the background,
which will surely keep the right background much longer.
Especially if we encountered a person who entered the scene,
stayed for quite a while, and left, our method has an excellent
performance.
Then, we explain the new updating strategy of weights,
means, and variances of MoG models.
The original weights of K Gaussian distributions at time
𝑡, 𝑤𝑘,𝑡 , are adjusted as follows:

5.2. Blob Tracking Method. After saving all the blobs in the
former two frames, the “direct match method” [15] is adapted
to detect direct matches between overlapping blobs in the
former two frames.
We use the saved coordinates to calculate the center of
each blob and compare the distances of centers between blobs
in two frames with a certain threshold. The two blobs whose
distances are under the threshold, which means they are very
close, will be considered in the overlapping judgment.
Given regions 𝐴 and B, let 𝑂(𝐴, 𝐵) denote the fraction of
region 𝐴 that overlaps B:
𝑂 (𝐴, 𝐵) =

|𝐴 ∩ 𝐵|
.
|𝐴|

(2)

𝐹𝑡 (𝑚, 𝑛) ≥ 𝑇min ,

(4)

𝑅𝑡 (𝑚, 𝑛) ≥ 𝑇min .

To distinguish a match from the split or merge events,
this overlap should be mostly exclusive to 𝐵𝑡,𝑚 and 𝐵𝑡+1,𝑛 .
Therefore, the following requirements are also needed:
𝐹𝑡 (𝑖, 𝑛) ≥ 𝑇max

∀𝑖 ≠
𝑚,

𝑅𝑡 (𝑖, 𝑛) ≥ 𝑇max

∀𝑖 ≠
𝑚,

𝐹𝑡 (𝑚, 𝑗) ≥ 𝑇max

∀𝑖 ≠
𝑛,

𝑅𝑡 (𝑚, 𝑗) ≥ 𝑇max

∀𝑖 ≠
𝑛.

(5)

𝑤𝑘,𝑡 = (1 − 𝛼) 𝑤𝑘,𝑡−1 + 𝛼 (𝑀𝑘,𝑡 ) ,

(6)

where 𝛼 is the learning rate and 𝑀𝑘,𝑡 is 1 for the model which
matched and 0 for the remaining models.
Now we change it to
𝑤𝑘,𝑡 = (1 − 𝛼 ) 𝑤𝑘,𝑡−1 + 𝛼 (𝑀𝑘,𝑡 ) ,

𝛼 =

𝛼
𝐶

(7)

Let 𝐵𝑡,𝑚 denote the 𝑚th blob in frame 𝑡. Blobs are compared
between frame 𝑡 and 𝑡 + 1 in order to attempt the matching
of blob 𝐵𝑡,𝑚 to blob 𝐵𝑡+1,𝑛 . This is done by calculating
two overlaps: forward overlap 𝐹𝑡 (𝑚, 𝑛) and reverse overlap
𝑅𝑡 (𝑚, 𝑛) which are calculated by

for the predicted region of the current frame and 𝐶 is a
constant as 50 or larger.
The 𝜇 and 𝜎 parameters, which represent mean and
variance of Gaussian, are unchanged for unmatched distributions. The pixels which match the new observation are
updated as follows:

𝐹𝑡 (𝑚, 𝑛) = 𝑂 (𝐵𝑡,𝑚 , 𝐵𝑡+1,𝑛 ) ,

𝜇𝑡 = (1 − 𝜌 ) 𝜇𝑡−1 + 𝜌 𝑋𝑡 ,

𝑅𝑡 (𝑚, 𝑛) = 𝑂 (𝐵𝑡+1,𝑛 , 𝐵𝑡,𝑚 ) .

(3)

𝑇

2
+ 𝜌 (𝑋𝑡 − 𝜇𝑡 ) (𝑋𝑡 − 𝜇𝑡 ) ,
𝜎𝑡2 = (1 − 𝜌 ) 𝜎𝑡−1

(8)
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(a)

(b)

(d)

(c)

(e)

(f)

Figure 4: Comparison of MOG and “MOG with blob tracking”: (a) a frame (number 094) from the video with crowded people, (b) result of
original MoG, (c) result of MoG with blob tracking, and (d), (e), and (f) in the bottom are the detail of center part of the above images.

(a)

(f)

(b)

(g)

(c)

(h)

(d)

(i)

(e)

(j)

Figure 5: Comparison of “MoG with frame difference” and “MoG with blob tracking and frame difference”: (a) a frame (number 050) from
the video with crowded people, (b) result of original MoG with frame difference, (c) result of MoG with blob tracking and frame difference,
(d) and (e) results after a close operation of (b) and (c) separately, and (f), (g), (h), (i), and (j) in the bottom are the detail of center part of the
above images.

where 𝜌 = 𝜌/𝐶. 𝜌, the updating rate, is set to 0.01 (or 0.005)
after 100 (or 200) frames. 𝑋𝑡 is the current pixel value at time
𝑡.
Thus we can remove the unnecessary pixels of moving
objects from merging into the background effectively, when
the moving object stays for a while, and avoid the “ghost” after
its leaving.
What is more, our method can help in constructing the
background much faster when dealing with very crowded

situation for it has cut down lots of unnecessary moving blobs
to join the background of MoG which count a lot at the
beginning period of modeling.

6. Experimental Results
We use PETS2009 database [16] to test our algorithm for the
people in the sceneries which are more crowded. And then

The Scientific World Journal
Frame number

7
The original

MoG

Proposed

Ground truth

10

25

40

55

70

85

Figure 6: Examples of foreground segmentation results comparing the proposed method with the original MoG.

we use a video of our own to test the situation that one comes
into the scenery and stay for a while.
6.1. Comparison in Crowded Situation in the Distance. In the
crowded situation, our method only needs about 30 frames to
form a stable background.
In Figure 4, we compare the original MoG with the MoG
combining blob tracking (both without frame difference). It is
obvious that the method with blob tracking gets much better
performance in the extracted foreground for we exclude lots
of unnecessary moving points in background updating.
In Figure 5, we compare the original MoG with the MoG
combining the blob tracking (both with frame difference). We
can see that the blob tracking helps to extract the moving
objects more completely than the original MoG with frame
difference, even after a close operation. Figures 5(i) and 5(j)
are the images resulting after a close operation to connect the
adjacent components to form a whole blob. As we can see,

results from the MoG only with frame difference have big
holes inside which are not easy to fill while our method has
very small leave-outs and acquires much better results after
the close operation.
6.2. Comparison for One’s Stay for a While. In indoor
sequences we do not need frame difference to help construct
the background but only the tracking method.
We recorded a video to test the foreground extraction
in the “came into the spot, stayed for a while, and left”
situation. In the video one person walked from one side to
the other side of the room and then walked back, remaining
in the middle of the room for 3-4 seconds. Its frame rate is
10 fps. For the first 10 frames we only use MoG to get the
initial background. After that, we add blob tracking to MoG
method. The initial FNRs and FPRs of foreground extraction
are shown in Table 1 and several foreground segmentation
results in Figure 6. We can see that people’s staying for a

8

The Scientific World Journal

References

Table 1: FNRs and FPRs (%).
Method

MoG
MoG + blob
tracking

My video
Foreground after 60
Foreground after 100
frames
frames
FNR
FPR
FNR
FPR
61.8

0.2

56.3

0.6

13.1

0.6

12.7

0.8

while affects the foreground a lot especially at the initial
construction period which has high updating rate of Gaussian
model. After the initial construction period, people’s stay will
cause less and slower influence, depending on the updating
rate but the extracted foreground will also decrease as one’s
prolonged stay.
At the initial construction period, only 3-4 seconds’ stay
of people would cause loss of large area of foreground in the
original MoG, such as 40th frame of MoG in Figure 6. It
can be seen that spurious foreground regions disappear after
only about 3 seconds’ stay. However in our method, most
parts of moving person are preserved almost along the whole
modeling procedure. After simple morphological processing,
recovering some missing parts caused by the color similarity
of foreground to the background, our method’s segmented
foregrounds are very close to the ground truth foreground.

7. Conclusion
The algorithm performs nearly real time. Our method needs
0.15 s averagely for each frame (nearly 7 frames a second) with
a 2.4 GHz CPU in Win7. Our method successively solved the
problem of person’s “came in, stayed for a while, and left” in a
video sequence, which is quite common in public sceneries.
And with the blob tracking method, we could construct
the background much more soon and extract more accurate
foreground.
The proposed method performs much better than the
original MoG method. However, we should also notice that it
could not cope with the situation that objects in background
from the start are later moved away, which will cause a
ghost subsequently. When dealing with fast moving objects,
such as moving cars, the blob tracking method should be
replaced by a speed insensitive method. The simplization of
the MoG method to satisfy real-time application also needs
to be considered later.
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Nature-inspired algorithms attract many researchers worldwide for solving the hardest optimization problems. One of the newest
members of this extensive family is the bat algorithm. To date, many variants of this algorithm have emerged for solving continuous
as well as combinatorial problems. One of the more promising variants, a self-adaptive bat algorithm, has recently been proposed
that enables a self-adaptation of its control parameters. In this paper, we have hybridized this algorithm using different DE strategies
and applied these as a local search heuristics for improving the current best solution directing the swarm of a solution towards the
better regions within a search space. The results of exhaustive experiments were promising and have encouraged us to invest more
efforts into developing in this direction.

1. Introduction
Optimization has become more and more important, especially during these times of recession. It has been established
throughout practically all spheres of human activities, for
example, finances, industries, sport, pharmacy, and so forth.
In each of these spheres, a goal of the optimization is to find
the optimal input parameters according to known outcomes
and a known model. This model represents a problem to be
solved and transforms input parameters to output outcomes.
Essentially, the optimal input parameters must be properly
evaluated in order to determine the quality of a solution.
Indeed, an objective function is used that mathematically
describes this quality. In the praxis, the value of the objective
function can be either minimized or maximized. For example, when buying a car either the minimum cost min(𝑓(𝑥))
or maximum comfort max(𝑓(𝑥)) is interesting objective
for a potential buyer, where 𝑓(𝑥) denotes the objective
function. Using the equation min(𝑓(𝑥)) = max(−𝑓(𝑥)),
the maximization problem can be transformed into a minimization one, and vice versa. The function expressed in
this way is also named as fitness function in evolutionary
computation community. In place of the objective function,
the minimization of the fitness function is assumed in this
paper.

Most of the problems arising in practice today are NPhard. This means that the time complexity of an exhaustive
search algorithm running on a digital computer which checks
all solutions within a search space increases exponentially by
increasing the instance size as determined by the number
of input parameters. In some situations, when the number
of input parameters increases to a certain limit, it can
be expected that a user never obtains the results from
the optimization. As a result, algorithms solving the NPproblems approximately have arisen in the past. Although
these algorithms do not find the exact optimal solution,
in general, their solutions are good enough in practice.
For instance, the well-known algorithms for approximately
solving the hardest problems today are
(i) artificial bee colony (ABC) [1],
(ii) bat algorithm (BA) [2],
(iii) cuckoo search (CS) [3],
(iv) differential evolution (DE) [4],
(v) firefly algorithm (FA) [5, 6],
(vi) particle swarm optimization (PSO) [7],
(vii) many more [8].

2
The developers of the above-mentioned algorithms were
typically inspired by nature in a development phase. Namely,
each nature-inspired algorithm mimics the natural behaviors
of specific biological, chemical, or physical systems in order
to solve particular problems using a digital computer. Most
of the inspiration from nature emanates from biology. The
greatest lasting impression on the developers has been left by
Darwin’s evolution [9]. Darwin observed that nature is not
static and therefore the fitter individuals have more chances
of surviving within the changing environments. Holland in
[10] connected this adaptive behavior of the natural systems
to artificial systems that simulate their behavior by solving
the particular problems (also optimization problems) on the
digital computers.
Optimization algorithms are controlled by algorithm
parameters that can be changed deterministically, adaptively,
and self-adaptively [11]. Deterministic parameters are altered
by using some deterministic rules (e.g., Rechenberg’s 1/5
success rule [12]). In contrast, adaptively controlled parameters are subject to feedback from the search process that
serves as an input to the mechanism used which determines
the direction and magnitude of the change [11]. Finally,
the self-adaptively controlled parameters are encoded into
a representation of the solution and undergo the actions of
variation operators [13].
This paper focuses on the adaptation and hybridization
of a swarm intelligence algorithm. Swarm intelligence (SI)
belongs to an artificial intelligence discipline (AI) which first
became popular over the last decade and still is [14]. It is
inspired by the collective behavior of social swarms of ants,
termites, bees, and worms, flock of birds, and schools of fish
[15]. Although these swarms consist of relatively unsophisticated individuals, they exhibit coordinated behavior that
directs the swarms towards their desired goals. This usually
results in the self-organizing behavior of the whole system,
and collective intelligence or swarm intelligence is in essence
the self-organization of such multiagent systems, based on
simple interaction rules.
The bat algorithm (BA) is one of the younger members of
this family which was developed by Yang [16]. It is inspired
by the microbats that use an echolocation for orientation
and prey seeking. The original bat algorithm employs two
strategy parameters: the pulse rate and the loudness. The
former regulates an improvement of the best solution, while
the latter influences an acceptance of the best solution. Both
mentioned parameters are fixed during the execution of the
original bat algorithm. In the self-adaptive bat algorithm
(SABA) developed by Fister et al. [17] these parameters are
self-adaptive. The aim of this self-adaptation is twofold. On
the one hand, it is very difficult to guess the valid value of
the parameter at the beginning of the algorithm. On the
other hand, this value depends on the phase in which the
search process is. This means that the parameter setting at
the beginning of the search process can be changed when this
process reaches maturity. In this paper, a further step forward
has been taken.
Hybridization with local search heuristics has now been
applied in order to further improve the results of the SABA
algorithm. Domain-specific knowledge can be incorporated
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using the local search. Although the local search is as yet an
ingredient of the original bat algorithm it can be replaced by
different DE strategies [18]. Indeed, the further improvement
of the current best solution is expected which would direct the
swarm intelligence search towards the more promising areas
of the search space. As a result, the hybrid self-adaptive bat
algorithm (HSABA) that was applied to a benchmark suite
consisting of ten well-known functions from the literature
was developed. The results of HSABA obtained during
extensive experiments showed that the HSABA improved the
results of both the original BA and the SABA. Moreover,
the results were also comparable with the other well-known
algorithms, like firefly (FA) [5], differential evolution (DE)
[19], and artificial bee colony (ABC) [20].
The structure of this paper is as follows. Section 2 presents
an evolution of the bat algorithms from the original BA via
the self-adaptive SABA to the hybrid self-adaptive HSABA
algorithm. Section 3 describes the experimental work, while
Section 4 illustrates the obtained results in detail. The paper
concludes by summarizing the performed work and outlines
directions for the further development.

2. Evolution of Bat Algorithms
The results of experiments regarding the original bat algorithm showed that this algorithm is efficient especially when
optimizing the problems of lower dimensions. In line with
this, Eiben and Smith in [11] asserted that 2-dimensional
functions are not suitable for solving with the populationbased stochastic algorithms (like evolutionary algorithms and
swarm intelligence), because these can be solved optimally
using traditional methods. On the other hand, these kinds
of algorithms could play a role as general problem solvers,
because they share the same performances when averaged
over all the discrete problems. This fact is the essence of the
so-called No-Free Lunch (NFL) theorem [21]. In order for this
theorem to prevail, there are almost two typical mechanisms
for improving the performance of the population-based
algorithms as follows:
(i) self-adaptation of control parameters,
(ii) hybridization.
The former enables the control parameters to be changed during the search process in order to better suit the exploration
and exploitation components of this search process [22],
while the latter incorporates the problem-specific knowledge
within it.
In the rest of this paper, firstly the original BA algorithm
is presented in detail, followed by describing the application of a self-adaptive mechanism within the original BA
algorithm which leads to the emergence of a self-adaptive
BA algorithm SABA. Finally, a hybridization of the SABA
algorithm is broadly discussed which obtains a hybridized
SABA algorithm named the HSABA.
2.1. The Original Bat Algorithm. The original BA is a
population-based algorithm, where each particle within the
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Input: Bat population xi = (𝑥𝑖1 , . . . , 𝑥𝑖𝐷 )𝑇 for 𝑖 = 1, . . . , 𝑁𝑝, MAX FE.
Output: The best solution xbest and its corresponding value 𝑓min = min (𝑓 (x)).
(1) init bat();
(2) eval = evaluate the new population;
(3) 𝑓min = find best solution(xbest ); {initialization}
(4) while termination condition not meet do
(5) for 𝑖 = 1 to 𝑁𝑝 do
(6)
y = generate new solution(x𝑖 );
(7)
if rand(0, 1) > 𝑟𝑖 then
(8)
y = improve the best solution(xbest )
(9)
end if {local search}
(10)
if 𝑓new = evaluate new solution(y);
(11)
eval = eval + 1;
(12)
if 𝑓new ≤ 𝑓𝑖 and 𝑁(0, 1) < 𝐴 𝑖 then
(13)
x𝑖 = y; 𝑓𝑖 = 𝑓new ;
(14)
end if {simulated annealing}
(15)
𝑓min = find the best solution(xbest );
(16) end for
(17) end while
Algorithm 1: Pseudocode of the original bat algorithm.

bat population represents the candidate solution. The candidate solutions are represented as vectors xi = (𝑥𝑖1 , . . . , 𝑥𝑖𝐷)𝑇
for 𝑖 = 1 ⋅ ⋅ ⋅ 𝑁𝑝 with real-valued elements 𝑥𝑖𝑗 , where each
element is drawn from interval 𝑥𝑖𝑗 ∈ [𝑥𝑙𝑏 ⋅ ⋅ ⋅ 𝑥𝑢𝑏 ]. Thus, 𝑥𝑙𝑏
and 𝑥𝑢𝑏 denote the corresponding lower and upper bounds,
and 𝑁𝑝 determines a population size.
This algorithm consists of the following main components:
(i) an initialization,
(ii) a variation operation,

and/or it comprises more lines. In line with this, the initialization comprises lines 1–3 in Algorithm 1, the variation
operation line 6 (function generate new solution), the local
search lines 7–9, the evaluation of the solution (function
evaluate new solution in line 10), and the replacement lines
12–14. In addition, the current best solution is determined in
each generation (function find best solution in line 15).
The variation operation which is implemented in function generate new solution moves the virtual bats towards
the best current bat’s position according to the following
equations:

(iii) a local search,

𝑄𝑖(𝑡) = 𝑄min + (𝑄max − 𝑄min ) 𝑁 (0, 1) ,

(iv) an evaluation of a solution,

k𝑖(𝑡+1) = k𝑖𝑡 + (x𝑖𝑡 − best) 𝑄𝑖(𝑡) ,

(v) a replacement.
In the initialization, the algorithm parameters are initialized, then, the initial population is generated randomly, next,
this population is evaluated, and finally, the best solution in
this initial population is determined. The variation operator
moves the virtual bats in the search space according to
the physical rules of bat echolocation. In the local search,
the current best solution is improved by the random walk
direct exploitation heuristics (RWDE) [23]. The quality of
a solution is determined during the evaluation of solution.
The replacement replaces the current solution with the newly
generated solution regarding the some probability. This
component is similar to the simulated annealing [24], where
the new solution is accepted by the acceptance probability
function which simulates the physical rules of annealing. The
pseudocode of this algorithm is presented in Algorithm 1.
In Algorithm 1 the particular component of the BA algorithm is denoted either by function name when it comprises
one line or by a comment between two curly brackets when
the components are written within a structured statement

(1)

x𝑖(𝑡+1) = x𝑖(𝑡) + k𝑖(𝑡+1) ,
where 𝑁(0, 1) is a random number drawn from a Gaussian
distribution with zero mean and a standard deviation of
one. A RWDE heuristics [23] implemented in the function
improve the best solution modifies the current best solution
according to the following equation:
x(t) = best + 𝜖𝐴(𝑡)
𝑖 𝑁 (0, 1) ,

(2)

where 𝑁(0, 1) denotes the random number drawn from
a Gaussian distribution with zero mean and a standard
deviation of one, 𝜖 being the scaling factor and 𝐴(𝑡)
𝑖 the
loudness.
A local search is launched with the probability of pulse
rate 𝑟𝑖 . As already stated, the probability of accepting the new
best solution in the component save the best solution conditionaly depends on loudness 𝐴 𝑖 . Actually, the original BA
algorithm is controlled by two algorithm parameters: the
pulse rate 𝑟𝑖 and the loudness 𝐴 𝑖 . Typically, the rate of
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pulse emission 𝑟𝑖 increases and the loudness 𝐴 𝑖 decreases
when the population draws nearer to the local optimum.
Both characteristics imitate natural bats, where the rate of
pulse emission increases and the loudness decreases when
a bat finds a prey. Mathematically, these characteristics are
captured using the following equations:
= 𝛼𝐴(𝑡)
𝐴(𝑡+1)
𝑖
𝑖 ,

𝑟𝑖(𝑡) = 𝑟𝑖(0) [1 − exp (−𝛾𝜖)] ,

(3)

where 𝛼 and 𝛾 are constants. Actually, the 𝛼 parameter
controls the convergence rate of the bat algorithm and
therefore plays a similar role as the cooling factor in the
simulated annealing algorithm.
In summary, the original BA algorithm is based on a PSO
algorithm [7] which is hybridized with RWDE and simulated
annealing heuristics. The former represents the local search
that directs the bat search process towards improving the
best solution, while the latter takes care of the population
diversity. In other words, the local search can be connected
with exploitation, while simulated annealing uses the exploration component of the bat search process. The exploitation
is controlled by the parameter 𝑟 and exploration by the
parameter 𝐴. As a result, the BA algorithm is able to explicitly
control the exploration and exploitation components within
its search process.
2.2. The Self-Adaptive Bat Algorithm. Almost two advantages
can be expected when the self-adaptation of control parameters is applied to a population-based algorithm [11]:
(i) control parameters need not be set before the algorithm’s run,
(ii) the control parameters are adapted during the run to
the fitness landscape defined by the positions of the
candidate solutions within the search space and their
corresponding fitness values [25].
Normally, the self-adaptation is realized by encoding the
control parameters into representation of candidate solutions
and letting them undergo an operation of the variation
operators. In this way, the self-adaptation of the BA control
parameters (the loudness and the pulse rate) is considered.
This means that the existing representation of the candidate solutions consisting of problem variables x𝑖(𝑡) =
(𝑡)
(𝑡)
(𝑥𝑖1
, . . . , 𝑥𝑖𝐷
) is widened by the control parameters 𝐴(𝑡+1) and
(𝑡+1)
to
𝑟
𝑇

(𝑡)
(𝑡)
, . . . , 𝑥𝑖𝐷
, 𝐴(𝑡) , 𝑟(𝑡) ) ,
x𝑖(𝑡) = (𝑥𝑖1

for 𝑖 = 1 ⋅ ⋅ ⋅ 𝑁𝑝,

(4)

where 𝑁𝑝 denotes the population size. The control parameters are modified according to the following equations:
(𝑡)
(𝑡)
𝐴(𝑡)
𝑙𝑏 + rand0 (𝐴 𝑢𝑏 − 𝐴 𝑙𝑏 ) if rand1 < 𝜏1 ,
𝐴(𝑡+1) = { (𝑡)
𝐴
otherwise,

(5)

(𝑡)
− 𝑟𝑙𝑏(𝑡) ) if rand3 < 𝜏2 ,
𝑟(𝑡) + rand2 (𝑟𝑢𝑏
𝑟(𝑡+1) = { 𝑙𝑏(𝑡)
𝑟
otherwise.

(6)

Note that the parameters 𝜏0 and 𝜏1 denote the learning
rates that were set, as 𝜏0 = 𝜏1 = 0.1, while rand𝑖 for 𝑖 = 1 ⋅ ⋅ ⋅ 4
designate the randomly generated value from interval [0, 1].
The self-adapting part of the SABA algorithm is performed by the generate the new solution function (line 6 in
Algorithm 1). Note that the control parameters are modified
in this function according to the learning rates 𝜏0 and 𝜏1 .
In the case 𝜏0 = 𝜏1 = 0.1, each 10th candidate solution
is modified on average. The modified parameters influence
the application of the local search and the probability of
the replacement. The replacement function preserves the
problem variables as well as the control parameters.
This self-adapting function was inspired by Brest et al. [4]
who proposed the self-adaptive version of DE, better known
as jDE. This self-adaptive algorithm improves the results of
the original DE significantly by continuous optimization.
2.3. The Hybrid Self-Adaptive Bat Algorithm. The populationbased algorithms, like evolutionary algorithms and swarm
intelligence, can be seen as some kind of general problem
solvers, because they are applicable for all classes of optimization problems. Thus, their results confirm the so-called NoFree Lunch (NFL) theorem by Wolpert and Macready [21].
According to this theorem any two optimization algorithms
are equivalent when their performances are averaged across
all possible problems.
In order to circumvent the NFL theorem by solving
a specific problem, domain-specific knowledge must be
incorporated within the algorithm for solving it. The domainspecific knowledge can be incorporated by the bat algorithm
within each of its components, that is, an initialization, a
variation operator, a local search, an evaluation function, and
a replacement.
Although the SABA algorithm significantly outperformed the results of the original BA algorithm, it suffers
from a lack of incorporated domain-specific knowledge of
the problem to be solved. This paper focuses on hybridizing
the SABA using a novel local search heuristics that better
exploits the self-adaptation mechanism of this algorithm.
The standard “rand/1/bin” DE strategy and three other DE
strategies focusing on the improvement of the current best
solution were used for this purpose, where the modification
of the local search in a hybrid self-adaptive BA algorithm
(HSABA) is illustrated in Algorithm 2.
The local search is launched according to a threshold
determined by the self-adapted pulse rate 𝑟𝑖 (line 1). This
parameter is modified by each 10th virtual bat, on average.
The local search is an implementation of the operators
crossover and mutation borrowed from DE [19]. Firstly,
the four virtual bats are selected randomly from the bat
population (line 2) and the random position is chosen within
the virtual bat (line 3). Then, the appropriate DE strategy
modifies the trial solution (lines 4–9) as follows:
DE Strategy,
𝑦𝑛 = { (𝑡)
𝑥in

if rand (0, 1) ≤ CR ∨ 𝑛 = 𝐷,
otherwise,

(7)

where the DE Strategy is launched according to the probability of crossover CR. The term 𝑛 = 𝐷 ensures that almost

The Scientific World Journal

5

𝑇

Input: Population xi = (𝑥𝑖1 , . . . , 𝑥𝑖𝐷 , 𝐴, 𝑟) for 𝑖 = 1, . . . , 𝑁𝑝.
𝑇
Output: Trial solution y = (𝑦1 , . . . , 𝑦𝐷 , 𝐴, 𝑟) .
(1) if rand(0, 1) > 𝑟𝑖 then
(2) 𝑟𝑖=1,...,4 = ⌊rand(0, 1) ∗ 𝑁𝑝 + 1⌋ ∧ 𝑟1 ≠𝑟2 ≠𝑟3 ≠𝑟4 ;
(3) 𝑛 = rand(1, 𝐷);
(4) for 𝑖 = 1 to 𝐷 do
(5)
if ((rand (0, 1) < CR) || (𝑛 == 𝐷)) then
(6)
𝑦𝑛 = DE Strategy(𝑛, 𝑖, 𝑟1 , 𝑟2 , 𝑟3 , 𝑟4 );
(7)
end if
(8)
𝑛 = (𝑛 + 1)%(𝐷 + 1);
(9) end for {DE Strategies}
(10) end if
Algorithm 2: Modification in hybrid self-adaptive BA algorithm
(HSABA).
Table 1: Used DE strategies in the HSABA algorithm.
DE/rand/1/bin

𝑦𝑗 = 𝑥𝑟1,𝑗 + 𝐹 ⋅ (𝑥𝑟2,𝑗 − 𝑥𝑟3,𝑗 )

DE/randToBest/1/bin

𝑦𝑗 = 𝑥𝑖,𝑗 +𝐹⋅(best𝑗 −𝑥𝑖,𝑗 )−𝐹⋅(𝑥𝑟1,𝑗 −𝑥𝑟2,𝑗 )

DE/best/2/bin

𝑦𝑗 = best𝑗 + 𝐹 ⋅ (𝑥𝑟1,𝑗 + 𝑥𝑟2,𝑗 − 𝑥𝑟3,𝑗 − 𝑥𝑟4,𝑗 )

DE/best/1/bin

𝑦𝑗 = best𝑗 + 𝐹 ⋅ (𝑥𝑟1,𝑗 − 𝑥𝑟2,𝑗 )

one modification is performed on the trial solution. The
DE Strategy function is presented in Algorithm 3.
Although more different DE strategies exist today, we
have focused mainly on those that include the current best
solution in the modification of the trial solution. These
strategies are presented in Table 1. Note that the suitable DE
strategy is selected using the global parameter strategy.
The strategies illustrated in the table that use the best
solution in the modification operations, that is, “randToBest/1/bin,” “best/2/bin,” and “best/1/bin,” typically direct
the virtual bats towards the current best solution. Thus, it
is expected that the new best solution is found when the
virtual bats move across the search space directed by the best
solution. The “rand/1/bin” represents one of the most popular
DE strategies today that introduces an additional randomness
into a search process. Obviously, it was used also in this study.

3. Experiments
The goal of our experimental work was to show that the
HSABA outperforms the results of the original BA as well
as the self-adaptive SABA algorithms, on the one hand,
and that these results were comparable with the results of
other well-known algorithms, like firefly (FA) [5], differential
evolution (DE) [19], and artificial bee colony (ABC) [20]. All
the mentioned algorithms were applied to a function optimization that belongs to a class of combinatorial optimization
problems.
Function optimization is formally defined as follows. Let
us assume a fitness function 𝑓(x), where x = (𝑥1 , . . . , 𝑥𝐷)
denotes a vector of 𝐷 design variables from a decision space
𝑥𝑗 ∈ 𝑆. The values of the design variables are drawn from the
interval 𝑥𝑗 ∈ [𝑙𝑏𝑗 , 𝑢𝑏𝑗 ], where 𝑙𝑏𝑗 ∈ R and 𝑢𝑏𝑗 ∈ R are their

corresponding lower and upper bounds, respectively. Then,
the task of function optimization is to find the minimum of
this objective function.
In the remainder of this paper, the benchmark function
suite is presented, then the experimental setup is described,
and finally, the configuration of the personal computer (PC)
on which the tests were conducted is clarified in detail.
3.1. Benchmark Suite. The benchmark suite was composed of
ten well-known functions selected from various publications.
The reader is invited to check deeper details about test functions in the state-of-the-art reviews [26–28]. The definitions
of the benchmark functions are summarized in Table 2 which
consists of three columns denoting the function tag 𝑓, the
function name, and the function definition.
Each function from the table is tagged with its sequence
number from 𝑓1 to 𝑓10 . Typically, the problem becomes
heavier to solve when the dimensionality of the benchmark
functions is increased. Therefore, benchmark functions of
more dimensions needed to be optimized during the experimental work.
The properties of the benchmark functions can be seen
in Table 3 which consists of five columns: the function tag 𝑓,
the value of the optimal solution 𝑓∗ = 𝑓(𝑥∗ ), the optimal
solution 𝑥∗ , the function characteristics, and domain. One
of the more important characteristics of the functions is
the number of local and global optima. According to this
characteristic the functions are divided into either unimodal
or multimodal. The former type of functions has only one
global optimum, while the latter is able to have more local and
global optima throughout the whole search space. Parameter domain limits the values of parameters to the interval
between their lower and upper bounds. As a matter of fact,
these bounds determine the size of the search space. In order
to make the problems heavier to solve, the parameter domains
were more widely selected in this paper than those prescribed
in the standard publications.
3.2. Experimental Setup. The characteristics of the HSABA
were observed during this experimental study. Then, the best
parameter setting was determined. Finally, the results of the
HSABA were compared with the results of the original BA
and self-adaptive SABA algorithms. The results of the other
well-known algorithms, like FA, DE, and ABC, were also
added to this comparative study. Note that the best parameter
settings for each particular algorithm were used in the tests,
except BA algorithms, where the same setup was employed
in order to make the comparison as fair as possible. All the
parameter settings were found after extensive testing.
During the tests, the BA parameters were set as follows:
the loudness 𝐴 0 = 0.5, the pulse rate 𝑟0 = 0.5, minimum
frequency 𝑄max = 0.0, and maximum frequency 𝑄max =
2.0. The same initial values for 𝑟0 and 𝐴 0 were also applied
by SABA and HSABA, while the frequency was captured
from the same interval 𝑄 ∈ [0.0, 2.0] as by the original
bat algorithm. Thus, the values for loudness are drawn
from the interval 𝐴(𝑡) ∈ [0.9, 1.0] and the pulse rate from
the interval 𝑟(𝑡) ∈ [0.001, 0.1]. The additional parameters
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Input: 𝑛th position in the trial solution, indexes of virtual bats 𝑖, 𝑟1 , 𝑟2 , 𝑟3 , 𝑟4 .
𝑇
Global: Population xi = (𝑥𝑖1 , . . . , 𝑥𝑖𝐷 , 𝐴, 𝑟) for 𝑖 = 1, . . . , 𝑁𝑝, STRATEGY.
Output: Modified value of the trial solution 𝑧.
(1) switch (STRATEGY)
(2) case DE/rand/1/bin:
(3) 𝑧 = 𝑥𝑟1,𝑛 + 𝐹 ∗ (𝑥𝑟2,𝑛 − 𝑥𝑟3,𝑛 );
(4) case DE/randToBest/1/bin:
(5) 𝑧 = 𝑥𝑖,𝑛 + 𝐹 ∗ (best𝑛 − 𝑥𝑖,𝑛 ) − 𝐹 ∗ (𝑥𝑟1,𝑛 − 𝑥𝑟2,𝑛 );
(6) case DE/best/2/bin:
(7) 𝑧 = best𝑛 + 𝐹 ∗ (𝑥𝑟1,𝑛 + 𝑥𝑟2,𝑛 − 𝑥𝑟3,𝑛 − 𝑥𝑟4,𝑛 );
(8) case DE/best/1/bin:
(9) 𝑧 = best𝑛 + 𝐹 ∗ (𝑥𝑟1,𝑛 − 𝑥𝑟2,𝑛 );
(10) end switch
(11) return 𝑧;
Algorithm 3: DE Strategy function.
Table 2: Definitions of benchmark functions.
𝑓

Function name

Definition
𝑛

𝑓1

Griewangk’s function

𝑓2

Rastrigin’s function

𝑓 (x) = −∏ cos (
𝑖=1

𝑛

𝑓(x) = 𝑛 ∗ 10 + ∑(𝑥𝑖2 − 10 cos(2𝜋𝑥𝑖 ))
𝑖=1

𝑛−1

𝑓3

𝑖=1

𝑛−1

Ackley’s function

𝑓5

Schwefel’s function

2

𝑓(x) = ∑ 100 (𝑥𝑖+1 − 𝑥𝑖2 ) + (𝑥𝑖 − 1)2

Rosenbrock’s function

𝑓4

𝑛
𝑥2
𝑥𝑖
)+∑ 𝑖 +1
√𝑖
𝑖=1 4000

2 +𝑥2 )
−20 −0.2√0.5(𝑥𝑖+1
𝑖

𝑓(x) = ∑ (20 + 𝑒

𝐷

 
𝑓(x)= 418.9829 ∗ 𝐷 − ∑ 𝑥𝑖 sin (√𝑥𝑖 )
𝐷

𝑓6

Easom’s function

𝑖=1

𝑓(x) = ∑ 𝑥𝑖2

De Jong’s sphere function

𝑓7

− 𝑒0.5(cos(2𝜋𝑥𝑖+1 )+cos(2𝜋𝑥𝑖 )) )

𝑒

𝑖=1

𝐷

𝐷

𝑖=1

𝐷

2

𝑖=1
𝐷

𝑓8

Michalewicz’s function

𝑓9

Xin-She Yang’s function

𝑖=1
2⋅10

𝑖𝑥2
𝑓(x) = − ∑ sin(𝑥𝑖 )[sin ( 𝑖 )]
𝜋
𝑖=1
𝐷

Zakharov’s function

𝐷

 
𝑓(x) = (∑ 𝑥𝑖 ) exp [− ∑ sin (𝑥𝑖2 )]
𝑖=1

𝑓10

2

𝑓(x) = −(−1) (∏cos (𝑥𝑖 )) exp [−∑(𝑥𝑖 − 𝜋) ]

𝑓(x) =

𝐷

∑ 𝑥𝑖2
𝑖=1

2

𝑖=1

1 𝐷
1 𝐷
+ ( ∑ 𝑖𝑥𝑖 ) + ( ∑ 𝑖𝑥𝑖 )
2 𝑖=1
2 𝑖=1

4

Table 3: Properties of benchmark functions.
𝑓
𝑓1
𝑓2
𝑓3
𝑓4
𝑓5
𝑓6
𝑓7
𝑓8
𝑓9
𝑓10

1

∗

𝑓
0.0000
0.0000
0.0000
0.0000
0.0000
0.0000
−1.0000
−1.80131
0.0000
0.0000

Valid for 2-dimensional parameter space.

𝑥∗
(0, 0, . . . , 0)
(0, 0, . . . , 0)
(1, 1, . . . , 1)
(0, 0, . . . , 0)
(0, 0, . . . , 0)
(0, 0, . . . , 0)
(𝜋, 𝜋, . . . , 𝜋)
(2.20319, 1.57049)1
(0, 0, . . . , 0)
(0, 0, . . . , 0)

Characteristics
Highly multimodal
Highly multimodal
Several local optima
Highly multimodal
Highly multimodal
Unimodal, convex
Several local optima
Several local optima
Several local optima
Unimodal

Domain
[−600, 600]
[−15, 15]
[−15, 15]
[−32.768, 32.768]
[−500, 500]
[−600, 600]
[−2𝜋, 2𝜋]
[0, 𝜋]
[−2𝜋, 2𝜋]
[−5, 10]
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controlling behavior of DE strategies were set as 𝐹 = 0.01
and CR = 1.0. Both parameters had a great influence on the
results of the HSABA algorithm, while this setting initiated
the best performance by the self-adaptive SABA framework
hybridized with DE strategies.
FA ran with the following set of parameters: 𝛼 = 0.1,
𝛽 = 0.2, and 𝛾 = 0.9, while DE was configured as follows: the
amplification factor of the difference vector 𝐹 = 0.5 and the
crossover control parameter CR = 0.9. In the ABC algorithm,
the onlooker bees represented 50% of the whole colony, while
the other 50% of the colony was reserved for the employed
bees. On the other hand, the scout bee was generated when
its value had not improved in 100 generations. In other words,
the parameter 𝑙𝑖𝑚𝑖𝑡𝑠 was set to the value 100.
Each algorithm in the tests was run with a population size
of 100. Each algorithm was launched 25 times. The obtained
results of these algorithms were aggregated according to their
best, the worst, the mean, the standard deviation, and the
median values reached during 25 runs.
3.3. PC Configuration. All runs were made on HP Compaq
with the following configurations.
(1) Processor: Intel Core i7-2600 3.4 (3.8) GHz.

7
that were implemented within the HSABA algorithm were
observed. The outcome of this experiment had an impact
on the further tests, because all the tests that followed
were performed with the most promising DE strategy found
during the experiment. In line with this, each of the DE strategies, that is, “rand/1/bin,” “randToBest/1/bin,” “best/2/bin,”
and “best/1/bin,” was tested by optimizing the benchmark
function suite. The results of function optimization were
averaged after 25 runs and are illustrated in Figure 1.
This figure is divided into six diagrams, two for each
observed dimension of the function. Each diagram represents the progress of the optimization in percent on the
𝑥-axis, where 100% denotes the corresponding number of
fitness function evaluations (e.g., 10,000 for 10-dimensional
functions), while the value of the fitness function is placed
alongside the 𝑦-axis.
In summary, the “best/2/bin” strategy achieved the best
result when compared with the other three strategies, on
average. Interestingly, the “rand/1/bin” strategy was the most
successful when optimizing the function 𝑓4 of dimension
𝐷 = 10. This behavior was in accordance with the characteristics of this function, because highly multimodal functions
demand more randomness during the exploration of the
search space.

(2) RAM: 4 GB DDR3.
(3) Operating system: Linux Mint 12.
Additionally, all the tested algorithms were implemented
within the Eclipse Indigo CDT framework.

4. The Results
Our experimental work consisted of conducting the four
experiments, in which the following characteristics of the
HSABA were tested:
(i) an influence of using the different DE strategies,
(ii) an influence of the number of evaluations,
(iii) an influence of the dimensionality of problems,
(iv) a comparative study.
In the first test, searching was performed for the most
appropriate DE strategy incorporated within the HSABA
algorithm. This strategy was then used in all the other experiments that followed. The aim of the second experiment was
to show how the results of the HSABA converge according
to the number of fitness function evaluations. Dependence
of the results on the dimensionality of the functions to be
optimized is presented in the third experiment. Finally, the
results of the HSABA were compared with the original BA
and self-adaptive SABA algorithms as well as the other wellknown algorithms, like FA, DE, and ABC.
In the remainder of this paper, the results of the experiments are presented in detail.
4.1. Influences of Using the Different DE Strategies. In this
experiment, the qualities of four different DE strategies

4.2. Influence of the Number of Evaluations. A long-term lack
of improvement regarding the best result during the run was
one of the most reliable indicators of the stagnation. If the
fitness value did not improve over a number of generations,
this probably means that the search process got stuck within
a local optimum. In order to detect this undesirable situation
during the run of HSABA, the fitness values were tracked at
three different phases of the search process, that is, at 1/25,
at 1/5, and at the final fitness evaluation. Thus, HSABA runs
with the “best/2/bin” strategy and parameters as presented in
Section 3.2. The results of this test are collated in Table 4.
It can be seen from Table 4 that HSABA successfully
progressed towards the global optimum according to all
benchmark functions, except 𝑓7 which fell into a local
optimum very quickly and did not find any way of further
improving the result.
4.3. Influence of the Dimensionality of the Problem. The aim
of this experiment is to discover how the quality of the results
depends on the dimension of the problem, in other words, the
dimensionality of the functions to be optimized. In line with
this, three different dimensions of the benchmark functions
𝐷 = 10, 𝐷 = 30, and 𝐷 = 50 were taken into account. The
results of the tests according to five measures are presented in
Table 5.
In this experiment, it was expected that the functions
of the higher dimensions would be harder to optimize and
therefore the obtained results would be worse. The results in
Table 5 show that our assumption held for the average fitness
values in general, except for function 𝑓9 , where optimizing
this function of dimension 𝐷 = 10 returned the worst fitness
value as by functions of dimensions 𝐷 = 30 and 𝐷 = 50.
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Figure 1: Impact of DE strategies on the results of optimization.
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Table 4: Detailed results (𝐷 = 10).

Evals.

4.00𝐸 + 02

2.00𝐸 + 03

1.00𝐸 + 04

Evals.

4.00𝐸 + 02

2.00𝐸 + 03

1.00𝐸 + 04

Meas.
Best
Worst
Mean
StDev
Mean
Best
Worst
Mean
StDev
Mean
Best
Worst
Mean
StDev
Mean
Meas.
Best
Worst
Mean
StDev
Mean
Best
Worst
Mean
StDev
Mean
Best
Worst
Mean
StDev
Mean

𝑓1
1.62𝐸 − 005
1.03𝐸 + 00
4.05𝐸 − 01
2.27𝐸 − 01
3.81𝐸 − 01
7.90𝐸 − 06
2.18𝐸 − 01
2.91𝐸 − 02
1.52𝐸 − 02
5.36𝐸 − 02
4.87𝐸 − 07
1.19𝐸 − 01
9.35𝐸 − 03
1.88𝐸 − 04
2.41𝐸 − 02
𝑓6
7.07𝐸 − 05
3.28𝐸 + 00
6.98𝐸 − 01
2.62𝐸 − 01
9.46𝐸 − 01
8.13𝐸 − 06
4.49𝐸 − 02
4.75𝐸 − 03
2.18𝐸 − 03
9.10𝐸 − 03
1.01𝐸 − 09
6.85𝐸 − 03
8.92𝐸 − 04
8.47𝐸 − 06
1.76𝐸 − 03

𝑓2
8.02𝐸 − 003
3.14𝐸 + 02
8.99𝐸 + 01
5.87𝐸 + 01
8.06𝐸 + 01
6.77𝐸 − 03
8.96𝐸 + 01
1.54𝐸 + 01
1.00𝐸 + 01
2.19𝐸 + 01
7.33𝐸 − 07
2.22𝐸 + 01
5.81𝐸 + 00
9.71𝐸 + 00
6.07𝐸 + 00
𝑓7
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00

4.4. Comparative Study. The true value of each algorithm
is shown for only when we compared it with the other
algorithms solving the same problems. Therefore, the HSABA
was compared with algorithms such as BA, SABA, FA, DE,
and ABC. All the algorithms were solved using the same
benchmark functions as proposed in Section 3.1 and used the
parameter setting as explained in Section 3.2. The results of
this comparative study obtained by optimizing the functions
of dimension 𝐷 = 30 are illustrated in Table 6. The best
results in these tables are presented as bold.
It can be seen from Table 6 that the HSABA outperformed
the results of the other algorithms sixfold (i.e., by 𝑓1 , 𝑓2 , 𝑓3 ,
𝑓5 , 𝑓9 , and 𝑓10 ), DE twice (i.e., by 𝑓4 and 𝑓7 ), while the other
algorithms once (i.e., SABA by 𝑓6 and ABC by 𝑓8 ). BA and
FA did not outperform any other algorithm in the test.
In order to evaluate the quality of the results statistically,
Friedman tests [29, 30] were conducted to compare the
average ranks of the compared algorithms. Thus, a null
hypothesis is placed that states the following: two algorithms
are equivalent and therefore their ranks should be equal.

𝑓3
1.47𝐸 + 000
3.58𝐸 + 005
1.75𝐸 + 004
7.10𝐸 + 001
7.14𝐸 + 004
2.32𝐸 − 002
2.47𝐸 + 001
5.00𝐸 + 000
2.01𝐸 + 000
6.12𝐸 + 000
5.51𝐸 − 004
8.82𝐸 + 000
7.13𝐸 − 001
8.03𝐸 − 003
2.43𝐸 + 000
𝑓8
−4.84𝐸 + 000
−2.14𝐸 + 000
−3.18𝐸 + 000
−3.02𝐸 + 000
7.59𝐸 − 001
−6.51𝐸 + 000
−3.46𝐸 + 000
−4.70𝐸 + 000
−4.66𝐸 + 000
8.55𝐸 − 001
−7.48𝐸 + 000
−3.92𝐸 + 000
−5.39𝐸 + 000
−5.19𝐸 + 000
9.49𝐸 − 001

𝑓4
1.33𝐸 + 001
2.00𝐸 + 001
1.84𝐸 + 001
2.00𝐸 + 001
2.47𝐸 + 000
8.39𝐸 − 003
2.00𝐸 + 001
1.01𝐸 + 001
9.49𝐸 + 000
7.09𝐸 + 000
1.05𝐸 − 003
2.00𝐸 + 001
7.14𝐸 + 000
6.56𝐸 + 000
6.22𝐸 + 000
𝑓9
5.67𝐸 − 04
3.37𝐸 − 03
9.45𝐸 − 04
6.70𝐸 − 04
7.50𝐸 − 04
5.66𝐸 − 04
6.20𝐸 − 04
5.74𝐸 − 04
5.68𝐸 − 04
1.32𝐸 − 05
5.66𝐸 − 04
5.71𝐸 − 04
5.67𝐸 − 04
5.66𝐸 − 04
1.29𝐸 − 06

𝑓5
1.63𝐸 + 000
1.42𝐸 + 003
3.94𝐸 + 002
1.68𝐸 + 002
4.64𝐸 + 002
4.56𝐸 − 003
7.77𝐸 + 001
1.52𝐸 + 001
7.34𝐸 + 000
1.79𝐸 + 001
1.75𝐸 − 004
1.65𝐸 + 001
2.52𝐸 + 000
5.65𝐸 − 002
4.88𝐸 + 000
𝑓10
6.26𝐸 − 02
9.55𝐸 + 01
1.45𝐸 + 01
2.20𝐸 + 00
2.35𝐸 + 01
6.18𝐸 − 05
4.33𝐸 + 00
3.52𝐸 − 01
8.12𝐸 − 02
8.74𝐸 − 01
2.31𝐸 − 06
7.67𝐸 − 01
8.35𝐸 − 02
2.79𝐸 − 02
1.84𝐸 − 01

When the null hypothesis is rejected, the Bonferroni-Dunn
test [31] is performed. In this test, the critical difference is calculated between the average ranks of those two algorithms. If
the statistical difference is higher than the critical difference,
the algorithms are significantly different.
Three Friedman tests (Figure 2) were performed regarding data obtained by optimizing ten functions of three
different dimensions according to five measures. As a result,
each algorithm during the tests (also the classifier) was
compared with regard to the 10 functions × 5 measures;
this means 50 different variables. The tests were conducted at the significance level 0.05. The results of the
Friedman nonparametric test can be seen in Figure 1 that
is divided into three diagrams. Each diagram shows the
ranks and confidence intervals (critical differences) for the
algorithms under consideration with regard to the dimensions of the functions. Note that the significant difference
between two algorithms is observed if their confidence
intervals denoted by thickened lines in Figure 1 do not
overlap.
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Table 5: Results according to dimensions.

𝐷

𝑓1
4.87𝐸 − 07
1.19𝐸 − 01
9.35𝐸 − 03
1.88𝐸 − 04
2.41𝐸 − 02
6.68𝐸 − 05
5.58𝐸 − 01
7.71𝐸 − 02
2.85𝐸 − 02
1.26𝐸 − 01
7.16𝐸 − 05
8.81𝐸 − 01
1.70𝐸 − 01
8.47𝐸 − 02
2.29𝐸 − 01
𝑓6
1.01𝐸 − 09
6.85𝐸 − 03
8.92𝐸 − 04
8.47𝐸 − 06
1.76𝐸 − 03
1.96𝐸 − 08
2.17𝐸 − 01
2.63𝐸 − 02
1.29𝐸 − 03
4.82𝐸 − 02
4.72𝐸 − 05
9.88𝐸 + 00
5.59𝐸 − 01
1.24𝐸 − 02
1.97𝐸 + 00

Meas.
Best
Worst
Mean
StDev
Mean
Best
Worst
Mean
StDev
Median
Best
Worst
Mean
StDev
Mean
Meas.
Best
Worst
Mean
StDev
Mean
Best
Worst
Mean
StDev
Mean
Best
Worst
Mean
StDev
Mean

10

30

50

Evals.

10

30

50

𝑓2
7.33𝐸 − 07
2.22𝐸 + 01
5.81𝐸 + 00
9.71𝐸 + 00
6.07𝐸 + 00
8.48𝐸 − 04
2.69𝐸 + 02
4.63𝐸 + 01
2.99𝐸 + 01
7.42𝐸 + 01
2.03𝐸 − 02
4.48𝐸 + 02
9.88𝐸 + 01
5.02𝐸 + 01
1.27𝐸 + 02
𝑓7
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00
0.00𝐸 + 00

𝑓3
5.51𝐸 − 04
8.82𝐸 + 00
7.13𝐸 − 01
8.03𝐸 − 03
2.43𝐸 + 00
1.19𝐸 − 03
1.57𝐸 + 03
1.02𝐸 + 02
1.41𝐸 + 01
3.18𝐸 + 02
5.77𝐸 − 05
8.08𝐸 + 02
7.07𝐸 + 01
4.45𝐸 + 00
1.89𝐸 + 02
𝑓8
−7.48𝐸 + 00
−3.92𝐸 + 00
−5.39𝐸 + 00
−5.19𝐸 + 00
9.49𝐸 − 01
−1.76𝐸 + 01
−7.09𝐸 + 00
−1.30𝐸 + 01
−1.36𝐸 + 01
2.10𝐸 + 00
−2.83𝐸 + 01
−1.40𝐸 + 01
−1.95𝐸 + 01
−1.91𝐸 + 01
3.25𝐸 + 00

𝑓4
1.05𝐸 − 03
2.00𝐸 + 01
7.14𝐸 + 00
6.56𝐸 + 00
6.22𝐸 + 00
1.73𝐸 − 01
2.00𝐸 + 01
9.44𝐸 + 00
6.62𝐸 + 00
6.63𝐸 + 00
1.71𝐸 − 03
2.00𝐸 + 01
1.11𝐸 + 01
1.20𝐸 + 01
8.59𝐸 + 00
𝑓9
5.66𝐸 − 04
5.71𝐸 − 04
5.67𝐸 − 04
5.66𝐸 − 04
1.29𝐸 − 06
3.51𝐸 − 12
2.02𝐸 − 11
6.06𝐸 − 12
3.85𝐸 − 12
4.16𝐸 − 12
1.21𝐸 − 20
9.57𝐸 − 20
2.44𝐸 − 20
1.63𝐸 − 20
1.99𝐸 − 20

𝑓5
1.75𝐸 − 04
1.65𝐸 + 01
2.52𝐸 + 00
5.65𝐸 − 02
4.88𝐸 + 00
6.94𝐸 − 03
3.57𝐸 + 03
2.70𝐸 + 02
3.06𝐸 + 01
7.85𝐸 + 02
3.06𝐸 − 02
7.47𝐸 + 03
9.00𝐸 + 02
1.26𝐸 + 02
2.12𝐸 + 03
𝑓10
2.31𝐸 − 06
7.67𝐸 − 01
8.35𝐸 − 02
2.79𝐸 − 02
1.84𝐸 − 01
8.10𝐸 − 04
1.22𝐸 + 02
2.72𝐸 + 01
1.37𝐸 + 00
3.90𝐸 + 01
4.57𝐸 − 01
7.43𝐸 + 02
2.34𝐸 + 02
2.35𝐸 + 02
2.04𝐸 + 02

ABC
DE
FA
HSABA
SABA
BA

1

2

3

Average rank (D = 10)

4

1

2

3

Average rank (D = 30)

4

1

2

3

4

Average rank (D = 50)

Figure 2: Results of the Friedman nonparametric test on the specific large-scale graph instances.

The first two diagrams in Figure 1 show that the HSABA
significantly outperforms the results of the other algorithms
by solving the benchmark functions with dimensions 𝐷 =
10 and 𝐷 = 30. Although the other algorithms are not
significantly different between each other the algorithms
DE, SABA, and ABC are substantially better than the BA

and FA. The third diagram shows that the HSABA remains
significantly better than the ABC, FA, and BA, while the
critical difference between DE and SABA was reduced and
therefore becomes insignificant. On the other hand, this
reduction caused the difference between DE and the other
algorithms in the test, except SABA, to become significant.
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Table 6: Obtained results of algorithms (𝐷 = 30).

𝐹
𝑓1
𝑓2
𝑓3
𝑓4
𝑓5
𝑓6
𝑓7
𝑓8
𝑓9
𝑓10

Meas.
Mean
StDev
Mean
StDev
Mean
StDev
Mean
StDev
Mean
StDev
Mean
StDev
Mean
StDev
Mean
StDev
Mean
StDev
Mean
StDev

BA
1.16𝐸 + 00
1.15𝐸 + 00
9.28𝐸 + 02
8.90𝐸 + 02
2.84𝐸 + 06
2.95𝐸 + 06
2.00𝐸 + 01
2.00𝐸 + 01
9.45𝐸 + 03
9.52𝐸 + 03
5.87𝐸 − 02
6.53𝐸 − 05
0.00𝐸 + 00
0.00𝐸 + 00
−8.62𝐸 + 00
−8.39𝐸 + 00
1.57𝐸 − 11
1.03𝐸 − 11
2.76𝐸 + 02
2.82𝐸 + 02

SABA
1.03𝐸 + 00
1.04𝐸 + 00
7.02𝐸 + 02
6.80𝐸 + 02
3.67𝐸 + 05
2.61𝐸 + 05
2.00𝐸 + 01
2.00𝐸 + 01
9.13𝐸 + 03
9.14𝐸 + 03
1.45E − 05
1.46𝐸 − 05
0.00𝐸 + 00
0.00𝐸 + 00
−8.51𝐸 + 00
−8.36𝐸 + 00
1.41𝐸 − 11
1.08𝐸 − 11
2.04𝐸 + 02
2.17𝐸 + 02

HSABA
7.71E − 02
2.85𝐸 − 02
4.63E + 01
2.99𝐸 + 01
1.02E + 02
1.41𝐸 + 01
9.44𝐸 + 00
6.62𝐸 + 00
2.70E + 02
3.06𝐸 + 01
2.63𝐸 − 02
1.29𝐸 − 03
0.00𝐸 + 00
0.00𝐸 + 00
−1.30𝐸 + 01
−1.36𝐸 + 01
6.06E − 12
3.85𝐸 − 12
2.72E + 01
1.37𝐸 + 00

FA
6.65𝐸 − 01
6.40𝐸 − 01
2.44𝐸 + 02
2.35𝐸 + 02
1.12𝐸 + 02
1.01𝐸 + 02
2.11𝐸 + 01
2.11𝐸 + 01
6.78𝐸 + 03
6.75𝐸 + 03
5.19𝐸 + 00
5.14𝐸 + 00
−3.81𝐸 − 30
−3.73𝐸 − 30
−5.15𝐸 + 00
−5.35𝐸 + 00
1.70𝐸 − 04
4.72𝐸 − 05
1.32𝐸 + 04
1.32𝐸 + 04

DE
1.05𝐸 + 00
2.22𝐸 − 02
2.28𝐸 + 02
1.33𝐸 + 01
4.57𝐸 + 02
2.27𝐸 + 02
1.77E + 00
3.17𝐸 − 01
7.57𝐸 + 03
4.40𝐸 + 02
1.77𝐸 + 02
7.12𝐸 + 01
−2.76E − 175
0.00𝐸 + 00
−1.07𝐸 + 01
6.70𝐸 − 01
2.46𝐸 − 11
1.20𝐸 − 12
3.78𝐸 + 01
8.74𝐸 + 00

ABC
1.09𝐸 + 00
1.23𝐸 − 01
7.33𝐸 + 01
2.24𝐸 + 01
5.18𝐸 + 02
4.72𝐸 + 02
7.17𝐸 + 00
1.03𝐸 + 00
2.64𝐸 + 03
3.30𝐸 + 02
1.63𝐸 + 02
1.96𝐸 + 02
−1.76𝐸 − 136
8.79𝐸 − 136
−2.30E + 01
6.98𝐸 − 01
1.10𝐸 − 11
1.91𝐸 − 12
2.53𝐸 + 02
3.15𝐸 + 01

5. Conclusion

Conflict of Interests

The original BA algorithm gained better results by optimizing
the lower-dimensional problems. When this algorithm was
tackled with the harder problems of higher dimensions the
results became poorer. In order to improve performance
on high dimensional problems, almost two mechanisms
are proposed in the publications: firstly, self-adaptation of
control parameters and secondly hybridization of the original
algorithm with problem-specific knowledge in the form of
local search.
In this paper, both mechanisms were incorporated within
the original BA algorithm in order to obtain the hybrid selfadaptive HSABA. Thus, the self-adaptive mechanism was
borrowed from the self-adaptive jDE, while four different DE
strategies were used as a local search. Finally, the evolution of
the original BA via self-adaptive SABA and finally to hybrid
HSABA is presented in detail.
On the one hand, the experimental work focuses on
discovering the characteristics of the HSABA, while on the
other hand, it focuses on the comparative study, in which the
HSABA was compared with its predecessors BA and SABA
as well as with other well-known algorithms, like FA, DE,
and ABC. The results of this extensive work showed that
the HSABA significantly outperformed the results of all the
other algorithms in the tests. Therefore, the assumption taken
from publications that self-adaptation and hybridization
are appropriate mechanisms for improving the results of
population-based algorithms was confirmed.
In the future work, this started work will be continued
with experiments on the large-scale global optimization
problems.
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This paper investigates the recognition of unknown words in Chinese parsing. Two methods are proposed to handle this problem.
One is the modification of a character-based model. We model the emission probability of an unknown word using the first and
last characters in the word. It aims to reduce the POS tag ambiguities of unknown words to improve the parsing performance. In
addition, a novel method, using graph-based semisupervised learning (SSL), is proposed to improve the syntax parsing of unknown
words. Its goal is to discover additional lexical knowledge from a large amount of unlabeled data to help the syntax parsing. The
method is mainly to propagate lexical emission probabilities to unknown words by building the similarity graphs over the words of
labeled and unlabeled data. The derived distributions are incorporated into the parsing process. The proposed methods are effective
in dealing with the unknown words to improve the parsing. Empirical results for Penn Chinese Treebank and TCT Treebank
revealed its effectiveness.

1. Introduction
Parsing plays an important role in natural language processing. In recent years, Chinese parsing has received a great deal
of attention, and lots of researchers have presented many of
Chinese parsing models [1–3]. Nevertheless, as pointed out in
[4], the improved performance around 84% 𝐹-measure that
still falls far short of performance on English. This leaves a
large space for the further improvement of Chinese parsing.
As far as we know, there is a large portion of fixed
errors coming from unknown words in Chinese parsing.
Therefore, a robust parser must have a mechanism of processing unknown words, where it discovers the POS tag and
features information about unknown words during parsing.
A number of researches design hand-crafted rules or make
use of rich morphological features to handle them. It is well
known that Chinese words tend to have greater POS tag
ambiguities than English and the morphological properties
of Chinese words are complicated to be predicted of POS
type for unknown words. For this reason, we present a more
effective character-based model to handle unknown words
according to [5]. The method mainly used an exponential
function to represent the distance between the head character
and other characters in an unknown word and use the

geometric average to estimate the emission probability of it.
Besides, we present a novel method to deal with unknown
words by using graph-based semisupervised learning. Graphbased label propagation methods have made a remarkable
improvement in several natural language processing tasks,
for example, knowledge acquisition [6], Chinese word segmentation, POS tagging [7], and Chunking [8]. In this paper,
this approach is used to propagate POS tag and derive
the emission probabilities to the large amount of unlabeled
data by utilizing the limited resource (e.g., POS information
from the labeled data, i.e., Penn Chinese Treebank and
lexical emission probability learned by the PCFG-LA model).
Then the derived unlabeled information generated by graphbased knowledge will be incorporated into the parser. In
fact, this method explores a new way to exploit the use of
unlabeled data to strengthen the supervised model in parsing,
building on the technique presented in [9], which strengthens
the lexical model by using a graph-based lexical expansion
approach.
This paper is structured as follows. Section 2 reviews the
background of the lexical model in the Berkeley PCFG-LA
model. Section 3 describes the modification of the characterbased model in this study. Section 4 presents the details of
the proposed approach based on graph-based semisupervised
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learning. Section 5 makes comparisons with other unknown
word recognition models. Experiments setup and result
analysis are reported in Section 6. The last section draws the
conclusion.

(OD) (by checking if the word contains character, such as
“第”), or proper noun (NR) (by checking if the word contains
character, such as “∙”) preferentially.

3. Modification of Character-Based Model

2. Background
The Berkeley parser [3, 10] is an efficient and effective parser
that introduces latent annotations to learn high accurate
context-free grammar (CFG) directly from a Treebank. Nevertheless, the lexical model of grammar is not well designed to
effectively handle the out-of-vocabulary (OOV) words (a.k.a.
unknown words) universally and the OOV model of Berkeley
parser has proved to be more suitable for English in [4, 11].
The built-in treatment to unseen words of Berkeley parser can
be concluded as utilizing the estimation of rare words (in the
newest version of Berkeley parser, words with frequency less
than 10 will be regarded as rare words acquiescently) to reflect
the appearance likelihood of OOV words.
In order to get the more refined and accurate grammar,
Petrov et al. [10] developed a simple split-merge-smooth
training procedure. In order to counteract overfitting problem, they introduced a linear smoothing method to smooth
the lexical emission probabilities:
𝑃=

1
∑𝑃 (𝑤𝑡𝑥 ) ,
|𝑡| 𝑥 𝜃

𝑃𝜃 (𝑤 | 𝑡𝑥 ) ← 𝜀𝑃 + (1 − 𝜀) 𝑃𝜃 (𝑤 | 𝑡𝑥 ) ,

(1)
(2)

where |𝑡| denotes the number of latent tags from 𝑡 and 𝑡𝑥
means a set of latent subcategories {𝑡𝑥 | 𝑥 = 1, . . . , |𝑡|}. In (1),
𝜃 is the model parameters which can be optimized by EMalgorithm. In (2), 𝜀 is a smoothing parameter.
Since the lexical model can only generate words observed
in the training data, a separate module is needed to handle
the OOV words that appear in the test sentences. There are
two ways to estimate an OOV word 𝑤 based on a specific
latent tag 𝑡𝑥 . One is assigning the probability of generating
rare words in the training data by 𝑡𝑥 : 𝑃𝜃 (𝑟𝑎𝑟𝑒 | 𝑡𝑥 ); another
is, suggested by the Berkeley parser as Sophisticated Lexicon,
to calculate the emission probability through analysing the
morphological features of the OOV words. In the Berkeley
parser, English words are classified into a set of signatures
based on the presence of characters, especially on a list of
inherent suffixes (e.g., -ed, -ing); then the estimation of 𝑤/𝑡𝑥
pair is
𝑃𝜃 (𝑤 | 𝑡𝑥 ) ∝ 𝑃𝜃 (𝑠 | 𝑡𝑥 ) ,

(3)

where 𝑠 is the OOV signature for 𝑤 and 𝑃𝜃 (𝑠 | 𝑡𝑥 ) is computed
by 𝑒𝑡𝑥 ,𝑠 /𝑒𝑡𝑥 .
Nevertheless, the features applied to Chinese word are
simpler than English. Only the last character of word will
be taken into account in estimating emission probabilities of
rare word. Before applying such model, OOV words will be
checked if they belong to temporal noun (NT) (by checking if
the word contains characters like “年” (year), “月” (month),
or “日” “号” (day)), cardinal number (CD) (by checking if
the word contains character of number), ordinal number

In this study, we make the modification deriving from two
reasons. First of all, the Berkeley parser is adequate for
English and only a limited number of classes of unknown
words are handled for Chinese. In parsing phase, if the
unknown words belong to the categories of digit or date,
the Berkeley parser has some inbuilt ability to handle them.
For words excluded from these classes, the parser ignores
character level information and decides these word categories
only on the rare word POS tag statistics. Let 𝑡 denote the tag,
and let 𝑤 denote the word. The model for estimation of the
unknown word probability somehow can be written in this
format: 𝑃(𝑤 | 𝑡). Besides, we know that the Chinese words
formation process can be quite complex differing from the
English process. The characters in any position (prefix, infix,
or suffix) can be predictive of the POS type for Chinese word.
Therefore, in our study, we employ a more effective method,
which is similar to but more detailed than the work of Huang
et al. [5], to compute the word emission probability to build
up our new Chinese unknown word model. The geometric
average of the emission probability of the characters in the
word is applied. We use 𝑐𝑘 to denote 𝑘th character in the word.
Since some of the characters in 𝑤𝑖 may not have appeared
in any word tagged as 𝑡𝑖 in that context in the training data,
only characters that are mentioned in the context are included
in the estimate of the geometric average; then 𝑃(𝑐𝑘 | 𝑡𝑖 ) is
achieved:
𝑃 (𝑤𝑖 | 𝑡𝑖 ) = ∑√𝜃

𝜃𝑘

𝑃(𝑐𝑘 | 𝑡𝑖𝑘 ) ,

∏

𝑐𝑘∈𝑤𝑖 , 𝑝(𝑐𝑘 |𝑡𝑖

𝑘

(4)

) ≠
0

where


𝑛 = {𝑐𝑘 ∈ 𝑤𝑖 | 𝑃 (𝑐𝑘 | 𝑡𝑖𝑘 ) ≠0} ,
𝜃𝑘 = exp (−dis (𝑐𝑘 )) .

(5)

In (4), we use 𝜃𝑘 to assign a weight to the emission probability
of each character 𝑐𝑘 . We determine the head character and
use an exponential function to represent the distance between
the head character and another character. In our experiment,
we use the first character and the last character as the
head character, respectively, and try out which position in a
Chinese word is most important.
As we can see in Table 1, the modified character-based
model improves performance on both recall and precision
compared to the Berkeley baseline model when evaluated on
TCT [12].

4. Graph-Based OOV Model
4.1. The Background of Graph-Based Label Propagation.
Graph-based label propagation, a critical subclass of semisupervised learning (SSL), has been widely used and shown to
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Table 1: The effect of the character-based model on TCT.

Baseline
Character-based

Length
All
≤40
All
≤40

𝑅
80.97
83.56
82.76
84.96

𝑃
80.99
83.55
82.47
85.08

𝐹
80.98
83.55
82.83
85.02

outperform other SSL methods [13]. Most of these algorithms
are transductive (transductive learning is used to contrast
inductive learning; a learner is transductive if he only works
on the labeled and unlabeled training data and cannot handle
unseen data) in nature, so they cannot be used to predict an
unseen test example in the future [14]. Typically, graph-based
label propagation algorithms are run in two main steps: graph
construction and label propagation. The graph construction
provides a natural way to represent data in a variety of target
domains. One constructs a graph whose vertices consist of
labeled and unlabeled data. Pairs of vertices are connected by
weighted edges which encode the degree to which they are
expected to have the same label [15]. The great importance
of graph construction methods leads to a number of graph
construction algorithms in the past years. Popular graph
construction methods include 𝑘-nearest neighbors (𝑘-NN),
e-neighborhood, and local reconstruction. In this paper, the
𝑘-NN method is used to construct the graph. Besides, label
propagation operates on the constructed graph. Its primary
objective is to propagate labels from a few labeled vertices
to the entire graph by optimizing a loss function based
on the constraints or properties derived from the graph,
for example, smoothness [15–17] or sparsity [18]. State-ofthe-art label propagation algorithms include LP-ZGL [15],
Adsorption [19], MAD [17], and Sparsity-Inducing Penalties
[18]. The Sparsity-Inducing Penalties algorithm is used in this
study.
4.2. The Proposed Method. The emphasis of this paper is
on presenting a method to recognize Chinese unknown
words by using two different kinds of data sources, for
example, labeled texts and unlabeled texts, to construct a
specific similarity graph. In essence, this problem can be
treated as incorporating gainful information, for example,
prior knowledge or label constraints, of unlabeled data into
the supervised model. In our approach, we employ a transductive graph-based label propagation method to achieve
such gainful information; for example, label distributions are
inferred from a similarity graph constructed over labeled
and unlabeled data. Then, the derived label distributions
are regarded as “soft evidence” to augment the parsing of
Chinese unknown words based on a new learning objective
function. The algorithm contains the following two stages
(see Algorithm 1). Firstly, given labeled data and unlabeled
data, that is, 𝑇𝑙 = {𝑤𝑖 }𝑙𝑖=1 with 𝑙 labeled words and 𝑇𝑢 =
{𝑤𝑖 }𝑙+𝑢
𝑖=𝑙+1 with 𝑢 unlabeled words, a specific similarity graph
{𝐺} representing 𝑇𝑙 and 𝑇𝑢 is constructed (POS tag graph). In
this stage, we construct one graph over all of labeled data and
unlabeled data and propagate one POS tag for each unlabeled

word (see Section 4.2.1). Secondly, probabilities of latent tag
𝑃𝜃 (𝑤 | 𝑡𝑥 ) are estimated subsequently. In this application,
we will generate 𝑁 graphs, where 𝑁 stands for the number
of POS type; each graph is aimed at propagating latent tag
for the unlabeled words in their most probable POS tag,
which can be determined from the graph in first stage (see
Section 4.2.2).
4.2.1. Assigning POS Tags to Unlabeled Words. In this stage
(corresponding to procedures 1–3 in Algorithm 1), the common practice is to construct a similarity graph for the labeled
data and unlabeled data and aims at assigning a POS tag to
unlabeled data in a vertex constructing and label propagation
tradition. The effect of the label propagation depends heavily
on the quality of the graph. Thus graph construction plays a
central role in graph-based label propagation [15].
In this stage, we represent vertices by all of the word trigrams with occurrences in labeled and unlabeled sentences to
construct the first graph. The graph construction is nontrivial.
As Das and Petrov [20] mentioned, taking individual words
as the vertices would result in various ambiguities and the
similarity measurement is still challenging. Therefore, in this
paper, we follow the same intuitions of graph construction
from [21] by using trigram and the objective focuses on the
center word in each vertex. Formally, we are given a set of
labeled texts 𝑇𝑙 = {𝑤𝑖 }𝑙𝑖=1 and a set of unlabeled texts 𝑇𝑢 =
{𝑤𝑖 }𝑙+𝑢
𝑖=𝑙+1 . The goal is to form an undirected weighted graph
𝐺 = (𝑉, 𝐸), in which 𝑉 is the set of vertices, which covers all
trigrams extracted from 𝑇𝑙 and 𝑇𝑢 . Here 𝑉 = 𝑉𝑙 ∪𝑉𝑢 , where 𝑉𝑙
refers to trigrams that occur at least once in labeled data and
𝑉𝑢 refers to trigrams that occur only in the unlabeled data.
The edge 𝐸 ∈ 𝑉 × 𝑉. In our case, we make use of the 𝑘-nearest
neighbors (𝑘-NN) (𝑘 = 5) method to construct the graph
and the edge weights are measured by a symmetric similarity
function as follows:
sim (𝑥𝑖 , 𝑥𝑗 ) , if 𝑗 ∈ 𝐾 (𝑖) or 𝑖 ∈ 𝐾 (𝑗)
𝑤𝑖,𝑗 = {
0,
otherwise,

(6)

where 𝑥 denotes one vertex in the graph, 𝐾(𝑖) is the 𝑘nearest neighbors of 𝑥𝑖 (|𝐾(𝑖) = 𝑘, ∀𝑖|), and sim(𝑥𝑖 , 𝑥𝑗 ) is
a symmetric similarity measure between two vertices. The
similarity function is computed based on the cooccurrence
statistics over the features shown in Table 2.
To induce label distributions of unlabeled word from
labeled vertices to entire graph, the label propagation algorithm Sparsity-Inducing Penalties (Sparsity) proposed by [18]
is employed in this study. The following convex objective
function is optimized in our case:
arg min
𝑞
s.t.

𝑙

2
∑𝑞𝑗 − 𝑟𝑗  + 𝜇

𝑗=1

𝑞 ≥ 0,

𝑚

∑

𝑖=1,𝑘∈𝑁(𝑖)

∀𝑖 ∈ 𝑉,

𝑚


2
𝑤𝑖𝑘 𝑞𝑖 − 𝑞𝑘  + 𝜆∑𝑞𝑖 2

 
𝑞𝑖 1 = 1,

𝑖=1

(7)

where 𝑟𝑗 denotes empirical label distributions of labeled
vertices and 𝑞𝑖 denotes unnormalized estimate measures in
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Input:
(i) 𝑇𝑙 = {𝑤𝑖 }𝑙𝑖=1 : labeled texts
(ii) 𝑇𝑢 = {𝑤𝑖 }𝑙+𝑢
𝑖=𝑙+1 : unlabeled texts
(iii) 𝐸𝑙 = {𝑃𝜃 (𝑤𝑖 , 𝑡𝑖 )}𝑖=1,...,𝑙 : emission probabilities trained by Berkeley parser
Run:
(1) {𝐺} = construct POSTagGraph(𝑇𝑙 , 𝑇𝑢 )
(2) {𝑄} = propagate POSTagProbability({𝐺} , 𝐸𝑙 )
(3) {𝐷𝑙 , 𝐷𝑢 } = propagate POSTag({𝑄} , 𝐸𝑙 , 𝑇𝑢 )
(4) For 𝑖 = 1, 2, . . . , 𝑁
(5) {𝑔𝑖 } = construct latentGraph(𝐷𝑙 , 𝐷𝑢 )
(6) {𝑞𝑖 } = propagate latentTagProbability({𝑔𝑖 })
𝑁
(7) 𝐸𝑢 = combine({𝑞𝑖 }𝑖=1 )
Output:
𝐸𝑢 = {𝑃𝜃 (𝑤𝑖 , 𝑡𝑖 )}𝑖=1,...,𝑢 : emission probabilities of unknown words
End
Algorithm 1: Words label propagation algorithm.

Table 2: Features employed to measure the similarity between two
vertices, in a given text example “他非常专业” (I am very happy),
where the trigram is “非常专”.
Feature
Trigram + Context
Trigram
Left Context
Right Context
Center Word
Left Word + Right Word
Left Word + Right Context
Left Context + Right Word

Example
他非常专业
非常专
他非
专业
常
非专
非专业
他非专

every vertex. The 𝑤𝑖𝑘 refers to the similarity between trigram
𝑖 and trigram 𝑘, and 𝑁(𝑖) is a set of neighbors of trigram
𝑖. 𝜇 and 𝜆 are two hyperparameters. The squared-loss (e.g.,
‖𝑝‖2 = ∑𝑦 𝑝2 (𝑦), which can be seen as a multiclass extension
of the quadratic cost criterion Bengio et al. [22] or as a variant
of one of the objectives in Zhu et al. [23]) criterion is used to
formulate the objective function. The first term in (7) is the
seed match loss which penalizes 𝑞𝑗 if they go too far away
from the empirical labeled distribution 𝑟𝑗 . The second term is
the edge smoothness loss that requires 𝑞𝑖 to be smoothed with
respect to the graph, such that two vertices connected by an
edge with high weight should be assigned similar labels. The
final term is a regularizer to incorporate the prior knowledge,
for example, uniform distributions used in [20, 21].
The estimated label distribution 𝑞𝑖 in (7) is relaxed to be
unnormalized, which simplifies the optimization. Therefore,
the objective function in (7) can be optimized by LBFGS-B
[24], a generic quasi-Newton gradient-based optimizer.
Mathematically, the problem of label propagation is to
get the optimal emission label distribution 𝑞𝑖 of every labeled
vertex. Integrating the similarity between every two vertices,
we can project the most probable POS (selection from the 𝑞𝑖 )
tag to the unlabeled words.

Through the construction of similarity graph and propagation of labels in this stage, each unlabeled word will get a
POS tag.
4.2.2. Generating Latent Tag and Emission Probability to
Unlabeled Words. In this stage (corresponding to procedures
4–7 in Algorithm 1), we mainly construct another type of
graph {𝑔} to generate latent tag and emission probability to
unlabeled words. As mentioned, each unlabeled word gets
only one POS tag in stage one. Consequently, we build a graph
for each type POS tag, respectively, in order to obtain an
optimal emission probability distribution for each unlabeled
word at this stage. When constructing the similarity graph,
each vertex represents a word instead of a trigram because
we only need to consider this word’s latent tags and emission
probability distribution based on its POS tag generated in
stage one. The graph construction and label propagation
procedures are similar to those of the previous stage. It is
worth noting that ‖𝑞𝑖 ‖1 ≠1 in (6) which differs from the
previous stage. The emission distribution 𝑞𝑖 is generated from
all possible vertices with the same POS tag in a similarity
graph instead of all of possible POS types of a vertex. Finally,
the label distributions can be propagated to the unlabeled
words, and the label distribution content is the same as the
Berkeley lexicon (contains the respective rule scores and
words) trained by Berkeley parser.
4.3. Incorporation. After the former steps, we can get a lexicon of unlabeled words with label distribution. The lexicon is
treated as an OOV lexicon which covers most of OOV words
that appear in testing data but not in the training data in our
system. Then this OOV lexicon should be incorporated into
the Berkeley parser. Our strategy of insertion is that when
an OOV word is detected, it should be firstly examined if
the OOV lexicon contains such word; then corresponding
estimation will be used; otherwise, the built-in OOV word
model (mentioned in Section 2) will be used. During the
parameter tuning phase, we try to use linear incorporation to
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inspect the impact of our OOV model on the whole parsing
model:
𝛼𝜃𝑜 + (1 − 𝛼) 𝜃𝑏

s.t. 0 ≤ 𝛼 ≤ 1,

(8)

Table 3: The statistics summary of data in CTB-5.0.

#Sentence
#Word
#OOV

where 𝜃𝑜 , 𝜃𝑏 denote the estimation generated by our proposed
OOV model and the Berkeley model, respectively.

5. Comparison with Other OOV Recognition
Models
The proposed approaches in this paper differ from previous OOV recognition models. Collins [25] assigned the
UNKNOWN token to unknown words, and any tag/word
pairs not seen in training data would give a zero of estimation.
Klein and Manning [1] designed a simple method to estimate
the emission probability of an unknown word based on how
likely it is that the subcategory generates a rare word in the
training data. For each of these categories, they took the
maximum-likelihood estimation of 𝑃(𝑡𝑎𝑔 | 𝑤𝑜𝑟𝑑𝑐𝑙𝑎𝑠𝑠) and
add a parameter 𝑘 to smooth and accommodate unknown
words. In [10], they mainly utilized the estimation of rare
words to reflect the appearance likelihood of OOV words
and the details of the method have been mentioned in
Section 2. Inspired by [11, 13], we improved Chinese unknown
word parsing performance by using the geometric average
of emission probabilities of first character and last character
in the word. Furthermore, differing from these concerns,
we make use of a new perspective to employ unlabeled
data to augment the supervised model and to handle the
OOV word by graph-based semisupervised learning. Our
emphasis is to learn the semisupervised model by smoothing the label distributions that are derived from a specific
graph constructed with labeled and unlabeled data. Though
graph-based knowledge, the OOV label distribution can be
generated. It is worth noting that the selection of unlabeled
data should cover OOV words as much as possible because
this approach is mainly used to assign a POS tag and
emission probabilities to each unlabeled data according to the
similarity between any two vertices in a graph constructing
among labeled data and unlabeled data. If all of OOV words
are found in the unlabeled data, then each OOV word would
be recognized by our model. When we construct a graph
where a portion of vertices correspond to labeled instances,
and the rest is unlabeled. Pairs of vertices are connected by
a weighted edge denoting the similarity between the pair.
In this process, optimization of a loss function based on
smoothness properties of the graph is performed to propagate
labels from the labeled vertices to the unlabeled ones. Overall,
this method differs in three important aspects: firstly, the
existing resource (e.g., annotated Treebank and the latent
variable grammars induced by Berkeley parsing model) is
well utilized; secondly, the training procedure is simpler than
that of [26]; thirdly, the derived label information from the
graph is smoothed into the model by optimizing a modified
objective function.

Train
17,785
485,230
—

Unlabeled
19,075
1,110,947
—

Dev
352
6,821
382

Test
348
8,008
263

Table 4: The statistics summary of data in TCT.

#Sentence
#Word
#OOV

Train
14,045
377,303
—

Unlabeled
19,075
1,110,947
—

Dev
1,755
47,836
1,928

Test
1,758
48,449
1,916

Table 5: POS and parsing accuracy on TCT in character-based
model.

Baseline
TCT

Length
All
≤40
All
≤40

𝑅
80.97
83.56
82.76
84.96

𝑃
80.99
83.55
82.47
85.08

𝐹
80.98
83.55
82.83
85.02

POS
94.51
94.56
94.80
94.76

6. Experiment
6.1. Data Sets. The experimental data are mainly taken from
the Chinese Treebank (CTB-5.0) and TCT Treebank [12].
CTB-5.0 consists of about 507,222 words of annotated and
parsed text from newswire. It is a segmented, POS tagged, and
fully bracketed corpus. TCT contains 17,558 sentences and
about 480,000 Chinese words. The Treebank uses a doubletagging annotation scheme, for example, (zj-XX (fj-LS (dj (nP
江泽民) (v 指出)) (dj-RT (wP ,) (dj (vp (v 搞好) (np (n 物
价) (n 工作))) (vp (dD 极) (vp (v 为) (a 重要)))))) (wE 。)).
In this sentence, zj, dj, np, and so forth are the syntactic tags
and LS and RT are grammatical relation tags. In order to
adopt the same evaluation metric with the CTB Treebank,
we remove the grammatical relation tags and only retain the
syntactic tags in the experimental data. Besides, the Peking
University Corpus in Second International Chinese Word
Segmentation Bakeoff (http://www.sighan.org/bakeoff2005/)
is utilized as unlabeled data 𝑇𝑢 for our graph-based OOV
model. The corresponding statistic information on these two
Treebanks is shown in Tables 3 and 4, respectively. EVALB
[27] is used for the evaluation.
6.2. Results and Analysis. We firstly run the experiment
on the TCT Treebank with the character-based model. The
model has an overall POS tags accuracy of 94.80%, which
is slightly higher than the Berkeley baseline model. This
may be because the proposed model cannot well extract
the features from the unknown words to improve the POS
tagging. However, the parsing result is 82.83% that has a
great improvement over the baseline accuracy of 80.98%. The
detailed result is showed in Table 5.
Next, we use the CTB-5.0 Treebank and TCT Treebank
to do the experiments in the graph-based OOV model
separately. In our model, the parameter 𝛼 is smoothed to
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Table 6: POS and parsing accuracy on CTB in graph-based OOV
model.

Baseline
CTB

Length
All
≤40
All
≤40

𝑅
78.34
81.78
78.90
82.38

𝑃
82.68
85.63
83.20
86.34

𝐹
80.45
83.66
80.99
84.31

POS
94.88
95.58
95.77
96.31

Table 7: POS and parsing accuracy on TCT in graph-based OOV
model.

Baseline
TCT

Length
All
≤40
All
≤40

𝑅
80.97
83.56
81.30
83.92

𝑃
80.99
83.55
81.32
83.91

𝐹
80.98
83.55
81.31
83.92

POS
94.51
94.56
95.51
95.60

accommodate OOV model used in (8). When 𝛼 = 0, the
model uses only the lexical model estimation. While 𝛼 = 1, it
uses only the graph-based OOV model prediction of words.
It is interesting to note that the combination model results in
improvement over the baseline lexical model in terms of 𝐹score and OOV accuracy on CTB-5.0 and TCT. When 𝛼 = 1,
the estimation performs the best result. This strongly reveals
that the knowledge derived from the similarity graph does
effectively strengthen the model. Tables 6 and 7 demonstrate
the parsing results on the testing set in these two Treebanks.
The best improvements in POS tagging and parsing are
0.89% and 0.65%, respectively, in CTB Treebank. In the
TCT Treebank, the OOV model contributes to 1.04% and
0.33% improvement on the accuracy of POS tagging and
syntax parsing. From the result, we can see that our model
outperforms the baseline by incorporating unlabeled data
to boost the supervised model. The main reason is that
unlabeled data lack information; we use transductive graphbased label distributions derived from labeled data. The
derived label information is considered as prior knowledge
relative to unlabeled data, thereby enriching the training data.
Most importantly, the similarity graph can also be allowed
to propagate the label distributions for unknown words to
augment their parsing.

7. Conclusion
In this paper, we try to use the modified character-based
model to improve the performance of a PCFG-LA parser.
Simultaneously, we show for the first time that the graphbased semisupervised learning is able to improve the performance of a PCFG-LA parser on OOV words. The approach
mainly uses a 𝑘-nearest neighbor algorithm to construct a
similarity graph based on labeled and unlabeled data and then
incorporates the graph knowledge into the Berkeley parser.
Experimental comparisons on the CTB and TCT corpus
indicate that the proposed approaches are better than the
baseline model.
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Ship detection in static UAV aerial images is a fundamental challenge in sea target detection and precise positioning. In this
paper, an improved universal background model based on Grabcut algorithm is proposed to segment foreground objects from
sea automatically. First, a sea template library including images in different natural conditions is built to provide an initial template
to the model. Then the background trimap is obtained by combing some templates matching with region growing algorithm. The
output trimap initializes Grabcut background instead of manual intervention and the process of segmentation without iteration.
The effectiveness of our proposed model is demonstrated by extensive experiments on a certain area of real UAV aerial images by an
airborne Canon 5D Mark. The proposed algorithm is not only adaptive but also with good segmentation. Furthermore, the model
in this paper can be well applied in the automated processing of industrial images for related researches.

1. Introduction
With the application of unmanned aerial vehicles (UAV) in
the supervision of ships, forestry, and natural resources [1],
the use of UAV in positioning of vessels and management
of fishery activities is confirmed [2]. UAV, according to the
target task, can carry different devices such as synthetic
aperture radar (SAR) systems and high-resolution optical
camera aerial system. Compared with SAR images, UAV
aerial images have several advantages, including high resolution and definition, and measurable character [3]. Due to the
large amount of big-data images acquired during one flight,
classical manual or semisupervised image processing method
is no longer suitable or applicable for some specific conditions
and surroundings. Therefore, automatic object identification
method is crucial to industrial images processing. Since
automated processing often loses recognition accuracy, object
recognition and localization have become a hot issue in aerial
images on the premise of ensuring high accuracy. For these
reasons, we consider that the problem can also be regarded
as separation of sea foreground and background. Because
the background of the sea varies greatly with the natural
conditions such as illumination, weather, and wind speed,

building a generic background model for high-accuracy
automatic target recognition is of great significance.
Considering the problems mentioned above, we design
and propose an improved universal background model based
on Grabcut algorithm to separate and identify ship candidate region automatically and quickly. Meanwhile, pyramid
multiresolving can be applied for the lowest level images
as the advanced processing. Not only can the background
model guarantee the recognition rate for surface extraction,
but also it covers the shortage that Grabcut algorithm in the
image segmentation process cannot automatically obtain the
background results.
This paper is arranged as follows. Section 2 is a brief
introduction to ship identification methods and development
of the Grabcut algorithm. Section 3 is the details of our
proposed algorithm. Discussion and analysis of experiments
and results are shown in Section 4.

2. Related Work
At present, the recognition for ship identification in the UAV
aerial images is still an important field; yet it is a hot issue for

2
research on SAR images and inverse synthetic aperture radar
(ISAR) images to identity the ship target.
Ship identification methods are mainly divided into
three parts, which are the coarse-segmentation-based feature
extraction, the statistic-model-based constant false alarm
rate (CFAR) algorithm, and the direct image segmentation
method. First of all, the coarse-segmentation-based feature
extraction methods include single feature and multifeatures.
The single feature is common, such as building a composite
distribution to simulate the characteristic of the various types
of sea surface [4] and applying texture descriptors to extract
feature to build statistical matrix [5]. The multifeatures
method is different, for example, some multifeatures can
be obtained from the combination of the aspect ratio and
the number of target pixels [6]. These kinds of recognition
methods are limited by the feature library completeness and
features selection and some even rely on a priori parameters
or previous segmentation.
CFAR based on the statistical model is the most widely
used algorithm in SAR image target detection, and some fast
algorithms based on it increase the unsatisfactory calculation speed [7], such as the Gama-CFAR [8] and weighted
Parzen window clustering algorithm [9]. Even though fast
algorithms improve the processing speed, its prescreening
results are not rejoined, and it cannot ensure high detection
accuracy [7].
The direct image segmentation method consists of traditional approaches and some combine specific theories and
models. Traditional ones are mainly region based and edge
based; model-based methods are such as triplet Markov
fields [10], the layer set method [11], and snake model [12];
theory-based methods are such as fuzzy c-means clustering
algorithm [13] and fuzzy logic [14]; graph-based methods are
such as graph cut [15, 16], Grabcut [17], and normalized cut
[18, 19]. Nevertheless, model-based methodology is usually
suitable for single-object segmentation; edge-based approach
is not strong in noise adaptability; region-based mechanism
relies on interaction or a priori conditions. Method based on
graph theory requires human interaction; however, its high
accuracy meets the processing demands of the aerial image
perfectly.
Because of its major advantage, graph cut algorithm is
widely used in kinds of fields, such as the myocardium image
segmentation [20], accurate segmentation of mural images
[21], buildings in optical satellite images [22], and the SAR
image change detection [23]. SAR image target segmentation
[24] uses combination of Grabcut algorithm and neighborhood growing algorithm. While ships in UAV aerial images
have different sizes and variable direction characteristics,
most of the methods may omit some small fishing boats as
spot which affect the whole and final recognition rate.
Currently Grabcut-based image segmentation methods
mainly make improvements in energy minimization function
and minimizing the objective function. Global energy minimization methods include simulated annealing, dynamic
programming, and graph theory; local energy minimization
methods include variation and ICM methods [25]. Sometimes, it is essential to construct a good initial model for
this sensitive processing. For example, it is impossible to
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offer an optimal trimap manually [26]. In order to solve
the problems of the initialization, the adaptive shape prior
method provides a priori trimap to Graphcut [27], which is
particular for specific shapes so that this kind of model lacks
the generality and ability to detect various shapes of vessels.
In response to this situation, we propose a universal
background model to initialize and optimize the Grabcut
algorithm. The improved algorithm is adaptable and suitable
to kinds of sea surfaces, which is robust to different shapes
and sizes of ships. The novelty of our approach lies first in this
universal background model. We apply a sea template library
to enhance the generality by randomly selecting pixel points
of the sea as the feature image and automatically acquiring
the new generated template. Secondly, template matching
algorithm is designed to find a certain sea seed point
which can grow out optimal background area and generate
background trimap. Finally, we use the trimap to optimize
and improve Grabcut and to segment the foreground objects.

3. Universal Background Model with Grabcut
In the present paper, the proposed algorithm is divided into
two main sections: building a background model and improving Grabcut segmentation. Background model consists of
three parts. Firstly, we use the sum of squared difference
(SSD) [28] template matching based on selected sea template
to acquire seed point. Secondly, we apply the neighborhood
growing algorithm based on the seed point to carry out the
growth of the sea surface background and to get background
mask image. Finally, we transform the mask image and
generate background trimap images. Since trimap initializes
the Grabcut background model, there is one process that can
obtain higher accurate results.
3.1. Automatic Selection of Sea Template
3.1.1. Template Library Building. The sea template library
includes samples from different sea areas, season, weather,
and natural conditions. The size of samples is 26 ∗ 16 and
the number is 1000. Partial template samples are shown in
Figure 1, including collection in cloudy day, foggy day, rainy
day, sunny day, and night.
3.1.2. Automatic Template Selection. We assume that the
number of background pixels is much larger than the number
of foreground pixels. The parameter 𝑚 is the number of
feature samples. 𝑚 blocks of pixels are randomly selected
from the image to be segmented with size of 10 ∗ 5. Each
pixel block is called a feature image sample. Respectively, the
characteristics of the image can be calculated as the mean
gray value 𝐺(𝑝), the mean brightness 𝑉(𝑝), and the mean
hue 𝐻(𝑝). Equation (1) is to calculate the whole characteristic
value of the image as follows:
𝑀 (𝑝) = 𝛼𝐺 (𝑝) + 𝛽𝑉 (𝑝) + (1 − 𝛼 − 𝛽) 𝐻 (𝑝) ,

(1)

where 𝑀(𝑝) is the characteristic value of the feature sample.
𝛼 and 𝛽 are the positive weights of 𝛼, 𝛽 ∈ (0, 1) and 𝛼+𝛽 < 1.
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Figure 2: The selected template from the initial template library.

Figure 1: Part of sea template library. The first two rows represent the
cloudy condition, the next two rows represent the foggy condition,
the fifth and the sixth rows represent the night condition, the seventh
and the eighth rows represent the rainy condition, and the last two
rows represent the sunny condition.

3.2.1. SSD Template Matching Algorithm. Sum of squared
difference (SSD) [28] is one of template matching methods
defined as (4). As we know that the best matching value is 0,
because the larger the value is, the worse the match will be.
Consider
2

SSD (𝑥, 𝑦) =
After that the obtained characteristic value can be calculated
and matched with all of the templates, which is defined as


𝛿𝑖𝑗 = 𝑀𝑖 (𝑝𝑖 ) − 𝑀𝑗 (𝑞𝑗 ) ,

(2)

where ∈ (1, 𝑚) and 𝑗 ∈ (1, 𝑛). We assign 𝑚 = 20 and 𝑛 = 1000
in this paper. The feature sample set 𝑃 = (𝑝1 , . . . , 𝑝𝑖 , . . . , 𝑝𝑚 )
has 𝑚 samples, and 𝑝𝑖 is the 𝑖th feature sample. The template
library 𝑄 = (𝑞1 , . . . , 𝑞𝑗 , . . . , 𝑞𝑛 ) has 𝑛 samples, and 𝑞𝑗 is the 𝑗th
template. Evidently, 𝛿𝑖𝑗 represents the degree of differences
between the feature sample and some template samples.
Then, a function 𝐶(𝛿𝑖𝑗 ) is defined to sum up the number
of different 𝛿𝑖𝑗 , and the voting method shown in (3) is adopted
to find out the most similar template as 𝑗
𝑗 := arg max𝐶 (𝛿𝑖𝑗 ) .
𝑖=1,𝑚
𝑗=1,𝑛

(3)

The task is to make sure that a suitable template will be
selected to seek seed point and to initialize the background
model.
3.2. Automatic Trimap by Background Model. According to
the analysis mentioned above, trimap is specified as 𝑇 =
{𝑇𝐵 , 𝑇𝐹 , 𝑇𝑈} in which background regions 𝑇𝐵 and foreground
regions 𝑇𝐹 are marked by Grabcut algorithm [17]. To get more
reasonable results, unknown regions 𝑇𝑈 in trimap should
be as little as possible. The reason is that color and mark
information of the adjacent pixels is used to estimate and to
identify whether the unknown region pixels are background
or foreground. If there are too many unknown regions or the
regions are too far away from the marked area, it will greatly
reduce the accuracy of sampling-based assessment and even
get error results. Intuitively, some regions are not divided or
processed.
This section describes the parts of trimap modeling automatically, which is mainly divided into three steps: finding
a better seed point by SSD template matching algorithm,
growing an optimal background mask with the seed point,
and generating background trimap.

∑𝑥 ,𝑦 [𝑄 (𝑥 , 𝑦 ) − 𝐼 (𝑥 + 𝑥 , 𝑦 + 𝑦 )]

√∑𝑥 𝑦 𝑄(𝑥 , 𝑦 )2 ∑𝑥 𝑦 𝐼(𝑥 + 𝑥 , 𝑦 + 𝑦 )2

,
(4)

where 𝑄 is the sea template image and 𝐼 is the input target
image. 𝑥 ∈ (0, 𝑤 − 1) and 𝑦 ∈ (0, ℎ − 1); 𝑤 is the width
of 𝑄 and ℎ is the height of 𝑄. According to (4), the position
point (𝑥, 𝑦) with the minimum SSD can be selected as the
seed value.
3.2.2. Optimal Background Growth. The obtained seed point
from the previous section is passed to the neighborhood
growing algorithm as the growth starting point. And the
optimal background should be identified for more than 90 of
the total image background. The region growing algorithm
process is described in Algorithm 1.
In the optimal algorithm, the prior threshold value is set
to be 0.07, which is obtained by a large number of tests on
the sea images. Obviously, the threshold value depends on the
resolution of the target images.
3.2.3. Trimap via Background Mask. The background region
obtained from the growth of the growing algorithm scatters
to be punctate; however, it is not the target trimap image.
This mask has three channels with RGB color. We can map
it to a single channel of gray-scale image which is the result
trimap. The mask image is 𝐿 = (𝑙1 , . . . , 𝑙𝑛 , . . . , 𝑙𝑁), and the map
function is shown as
𝑇𝑛 = {

0 𝑙𝑛 (1) = 0,
3 𝑙𝑛 (1) ≠
0,

(5)

where 𝑙𝑛 (𝑖) presents the value of the 𝑖th dimension of the pixel
𝑙𝑛 and 𝑇𝑛 is the pixel of trimap.
Compared to the trimap described as 𝑇 = {𝑇𝐵 , 𝑇𝐹 , 𝑇𝑈}
[17], we redefine the trimap as 𝑇 = {𝑇𝐵 , 𝑇PF }, where 𝑇𝐵 still
represents the background and 𝑇PF represents the possible
foreground. In this paper, we assume that 𝑇PF = 3, and it is a
further refinement calibration to 𝑇𝑈, which means a greater
possibility of the pixel belonging to the foreground. The initial
value of 𝑇𝐵 and 𝑇𝐹 in trimap is set to be fixable, while 𝑇𝑈 is
allocated by the Gaussian mixture models (GMM). There are
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(a)

(b)

(c)

(d)

Figure 3: Results of Grabcut based on background model. (a) Original image; (b) result image; (c) output trimap of the background model;
(d) red areas of significant show of trimap.

(a)

(b)

Figure 4: Results of Grabcut algorithm and manual rectangle. (a) Green rectangle is the manual rectangle; (b) result of the 15th iteration.
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(a) Original

(b) Grabcut

(c) BgCut

(d) Original

(e) Grabcut

(f) BgCut

Figure 5: Scenario of Part of the Ship on the Edge of the Image. Results of Grabcut and BgCut.

two types of connections in GMM model including 𝑁-Links
and 𝑇-Links [29]. 𝑁-Links connect the neighboring pixels,
which describes the cost of division boundary between adjacent pixels. 𝑇-Links connect the nodes of the background and
foreground, which describes the possibility of unknown pixel
belonging to the foreground or background. As we know, Tlink weights can be upgraded by GMM [29]. Therefore, 𝑇PF is
applied, and its initial value will be reallocated after the GMM
model recalculation.
This model can obtain the sea background mask automatically, and the mask image is the optimal result. For
some reason, the optimal model should combine Grabcut
algorithm in the further processing step, if high-precision
region segmentation is wanted. Grabcut will make a scattered
background mask connection and even achieve high precise
extraction for foreground target area.

is necessary to improve the original algorithm by initializing
background model automatically. Therefore, the new and
improved processing flow of Grabcut is shown in Algorithm
of BgCut.
Algorithm of BgCut-improved Grabcut algorithm. Input:
Trimap, 𝑇𝐵 = 0, 𝑇PF = 3.
(i) Establish the initial segmentation from Trimap.
Assign pixels in 𝑇𝐵 to TrimBackground which is
the set of background points; assign pixels in 𝑇PF
to TrimForeground which is the set of foreground
points.
(ii) Initialize 𝛼𝑚 = 0 for 𝑚 ∈ 𝑇𝐵 and 𝛼𝑚 = 3 for 𝑚 ∈ 𝑇PF ,
where 𝛼𝑚 is the opacity value of the pixel 𝑚, which is
used to donate the initial trimap 𝑇.
(iii) Use the initial segmentation to obtain GMMs parameters.

3.3. Grabcut Algorithm Based on Background Model. In order
to achieve automatic target foreground segmentation, the
key issue is how to design the combination of the improved
algorithm of Grabcut background model. From the view
of characteristics of the original Grabcut algorithm, it can
achieve high precise segmentation of foreground from
background; however, it needs human intervention and
interaction. Considering the industrial image processing, it

𝑁-Links between pixel 𝑚 and pixel 𝑛 are shown as
follows:
𝑁 (𝑚, 𝑛) =

Aplha −𝛽‖𝑧𝑚 −𝑧𝑛 ‖2
,
𝑒
dist (𝑚, 𝑛)

(6)

where Alpha is a prior parameter, and its value is
usually set to be 50. dist() is the Euclidean distance
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(a) Original

(b) Grabcut

(c) BgCut

(d) Original

(e) Grabcut

(f) BgCut

Figure 6: Scenario of Ship with Different Sizes. Results of Grabcut and BgCut.

between pixel 𝑚 and pixel 𝑛, and 𝑧𝑚 and 𝑧𝑛 are the
color values [29].
𝑇-Links for pixel 𝑚, the similar to 𝑁-Links, are shown
as follows:
𝐷 (𝑚)
((1/2)[𝑧𝑚 −𝜇(𝛼𝑚 ,𝑖)]𝑇 ∑(𝛼𝑚 ,𝑖)−1 )[𝑧𝑚 −𝜇(𝛼𝑚 ,𝑖)]

[ 𝜋 (𝛼𝑚 , 𝑖) ∗ 𝑒
= − log [
[

√det ∑ (𝛼𝑚 , 𝑖)

]
],
]
(7)

where 𝜋() is the mixture weighting coefficient and
mean 𝜇 and covariance Σ are of the GMM components for the background and foreground distribution. It is a restatement of 𝑇-Links in reference [17].
Consider
𝜃 := arg min 𝑈 (𝛼, 𝑘, 𝜃, 𝑧) ,

(8)

where 𝑘 ∈ {1, . . . , 𝐾} is a vector and 𝐾 is the number
of GMM background and foreground components.
𝜃 is the parameter of GMM which is learned from
data 𝑧.

(iv) Build new GMMs after the iteration and calculation.
Calculate the minimum value of Gibbs energy function: 𝐸(𝛼, 𝑘, 𝜃, 𝑧) and then obtain the min cut:
𝐸 (𝑚, 𝑛) = 𝑈 (𝑚) + 𝑁 (𝑚, 𝑛) ,

(9)

where 𝑈(𝑚) = ∑𝑘 𝐷(𝑚), which is data items
of the Color GMM and depends on the GMM
components 𝑘.
(v) Apply border matting.
Improved Grabcut algorithm based on background
model can achieve background trimap automatically, and it
will meet the demand for automatic segmentation of big-data
image. In this paper, the Gibbs is applied as energy function,
and the application of the maximized flow can be used to
minimum the cut method, which guarantees the accuracy of
the segmentation. Above all, our proposed model upgrades
the initialization process and the quality of background
trimap, and it will achieve more accurate identification results
for sea target.

4. Experiment
Experiments are conducted to evaluate the proposed algorithm with the real UAV aerial images for the purpose of automatic foreground target segmentation. All the experimental
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(a) Original

(b) Grabcut

(c) BgCut

(d) Original

(e) Grabcut

(f) BgCut

Figure 7: Scenario of Image Blur and Low Resolution. Results of Grabcut and BgCut.

Input: Coordinates (𝑥, 𝑦) of the seed point.
Step: Create the adjacency list of the seed point.
For: Add new pixels into the segmented region; recalculate the mean
value of the distance between the latest added pixels and the whole
region; if the mean distance value is less than the given threshold, goto
Step i; else, goto Output.
Step i: Take the seed point as the center, and traverse the four pixels
around it.
If the coordinate of the adjacent pixels is in the segmentation region,
while still not belonging to the part of the segmentation region, it will be
added to the background region.
Step ii: Add the pixel whose intensity is closest to the average value
to the region and mark it with label. After that, remove it from the
adjacent list.
Output: Background mask image.
Algorithm 1: Optimal background region growing flowchart.

images are collected and obtained from a certain area of
the East China Sea in 2012. Canon 5D Mark is used as the
camera on the UAV with the flying height of 800 m, and
the resolution of the image is 0.1 m. All the images have
been preprocessed such as defogging and uniforming light.
Then the big-data images are stored in kmz format which are

compressed by pyramid hierarchy mechanism. Experiment
is performed on the 8th layer, which is the bottom layer
of images after decompression so as to verify the improved
BgCut model in this paper.
The condition of modeling and calculation is CPU 2 GHz
and memory is 2 GB. And the seed point can be calculated
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(a) Original

(b) Grabcut

(c) BgCut

(d) Original

(e) Grabcut

(f) BgCut

Figure 8: Scenario of Reef Edge and Shore Removed Incompletely. Results of Grabcut and BgCut.

by the OpenCV library, which can be downloaded from
“http://sourceforge.net/projects/opencvlibrary/files/.”
4.1. Results and Conclusions. For our proposed algorithm
BgCut for the experiment, it is a graphical improved modeling and segmenting approach which can realize the whole
task automatically. Experimental process can be designed as
follows. Firstly, we input test images to background model,
and a template is selected from the library; secondly, a trimap
is obtained from the output of the calculating model; finally,
we apply the trimap to initialize Grabcut background model,
and the target region can be obtained after the segmentation.
Figure 2 shows the most similar template which is
selected from the initial template library. And Figure 3 shows
the UAV aerial image and the results of the proposed
algorithm on the real world image. With the high resolution
of the image, the shape of boats and mariculture zones can
be seen clearly. In the result image, 29 candidate regions are
detected, wherein there are 18 boat candidates (18 boats), 5 sea
debris regions, and 6 mariculture zones. Small bright spots
in the image are surface debris which has no effect on the
detection of boats. The distance threshold value of template
matching algorithm is assigned as 0.07 and only one iteration
of Grabcut. The false alarm rate is 17.24%.

On the contrast, the original Grabcut is used to perform
on the same image, and the manual rectangle and the results
are shown in Figure 4. It can be seen that the calculation is
convergent at the end of the 7th iteration, and the results
of the 7th and the 15th are almost the same. In Figure 4,
we cannot calculate the false alarm rate, because there is no
ship being segmented from the background by the Grabcut
method.
Since the templates in the library have different conditions, we can get better segmentation results for different
sea images. Furthermore, one template is not only limited
to one kind of image condition. The following experiments
are carried on different scenarios. For each scenario, both
Grabcut [29] method and our improved method BgCut are
applied to the target image, respectively. And the Grabcut
representation is the final iteration result.
4.1.1. Scenario: Part of the Ship on the Edge of the Image. In
practice, the single ship image is segmented from the whole
image based on pyramid multiresolving. Consequently, parts
of the ships appear on the edge of the image, and the
comparison results are shown in Figure 5. It can be seen
that the Grabcut algorithm can segment some of ships, while
our proposed algorithm can segment more ships and achieve
more accurate segmentation results.
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(a) Original

(b) Grabcut

(c) BgCut

Figure 9: Scenario of Ships Concentration Areas. Results of Grabcut and BgCut.

(a)

(b)

Figure 10: Ships Detection. (a) Original image; (b) detection result: ships in green and mariculture zone in red.

4.1.2. Scenario: Ship with Different Sizes. There are many
kinds of ship on the ocean such as vessels and fishing
boats. If the ship sizes vary widely, it has a great influence
on segmentation. Some smaller ships are often identified
as the background, because these ships are similar to the
background. The comparison results are shown in Figure 6.
The results show that our algorithm can almost identify all
the ships under the premise of sacrificing some accurate edge
segmentation.
4.1.3. Scenario: Image Blur and Low Resolution. Because of
the impact of external distraction factors and jitter of UAV
during the data collection, it is easy to make the image blur.
Obviously, fuzzy edge has a great influence on unknown
pixels classification and identification. The results of Grabcut
and BgCut are shown in Figure 7. In this scenario, Grabcut
algorithm may have smoother edge segmentation if the ships
are not near to the edge of the image. Our BgCut algorithm
may have some noise for the sea surface.

4.1.4. Scenario: Reef Edge and Shore Removed Incompletely.
Reef edge or the shore removed incompletely can also appear
in the target image. For this situation, the interference also has
a great impact on the split. The results of Grabcut and BgCut
are shown in Figure 8. Our algorithm has a better effect on
processing this kind of image. And the results show that the
reef edge and shore will not interfere with the segmentation.
4.1.5. Scenario: Ships Concentration Areas. There are some
ships much closer to the mariculture zone than to the reef
area. According to the specific conditions, ships tend to gather
in designated area. And in the areas of large ships gathered,
accurate detection of ship number and the location of the ship
are difficult for fishery activities. Figure 9 shows the results of
ship that were identified by Grabcut and BgCut. It is indicated
that Grabcut has a good effect on processing ships in gathered
area, while our BgCut algorithm has a higher accuracy rate.
4.1.6. BgCut Detection Results of Ships and Mariculture Zone.
Finally, we will give the BgCut detection results of ships and
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mariculture zone. The candidate regions are almost full of
ships, which provide a good foundation for the realistic ship
detection. What we should do is just applying shape texture
feature library or some information that can be suitable for
detecting ships. As shown in Figure 10 we use a specific
threshold to distinguish and filter the shape feature. At last,
the ships and mariculture zone are circled by our BgCut
algorithm: the fishing boats in green circle and mariculture
zone in red circle.

5. Conclusion
This paper proposes and designs an effective and efficient
approach to automatic ship detection from industrial UAV
images. A universal background model based on Grabcut
algorithm is introduced to initialize Grabcut and obtain
better segmentation results. The proposed algorithm does
not need manual interaction during the whole process. It
can get accurate ship candidate regions and make the bigdata image processing to be an automatic flow. The results
of segmentation are precise and the recognition is accurate.
Experimental results for aerial images obtained from the
East China Sea indicate that out improved BgCut model
can perform well and meet the needs of practical industrial
conditions. The future work will focus on more in-depth
learning to increase accuracy of ship detection and make the
parameter of region grow more adaptive.
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Due to the rapid development of flash memory, SSD is considered to be the replacement of HDD in the storage market. Although
SSD retains several promising characteristics, such as high random I/O performance and nonvolatility, its high expense per capacity
is the main obstacle in replacing HDD in all storage solutions. An alternative is to provide a hybrid structure where a small portion
of SSD address space is combined with the much larger HDD address space. In such a structure, maximizing the space utilization
of SSD in a cost-effective way is extremely important to generate high I/O performance. We developed ReHypar (recursive hybrid
chunk partitioning) that enables improving the space utilization of SSD in the hybrid structure. The first objective of ReHypar
is to mitigate the fragmentation overhead of SSD address space, by reusing the remaining free space of I/O units as much as
possible. Furthermore, ReHypar allows defining several, logical data sections in SSD address space, with each of those sections being
configured with the different I/O unit. We integrated ReHypar with ext2 and ext4 and evaluated it using two public benchmarks
including IOzone and Postmark.

1. Introduction
Over decades, the file system researches have been concentrated on reducing the mechanical positioning overhead of
hard disks, such as seek time. However, as the technology
of flash memory is growing these days, the storage market
is being attracted to SSD (solid-state device) due to its
promising characters, such as nonvolatility, reliability, and
absence of seek time. However, besides the high expense ratio
per storage capacity as compared to HDD [1, 2], SSD suffers
from the serious weaknesses in replacing HDD to build the
large-scale storage solutions.
The drawbacks of SSD include the erase overhead before
write operations [3, 4] and wear-leveling to evenly distribute
I/O requests among flash blocks [5–7]. Several researches
have been performed to alleviate such SSD weaknesses either
by implementing flash memory-specific file systems [8–13] or

by utilizing the inside SSD structure such as FTL [5, 14, 15].
Among them, most flash memory-specific file systems or FTL
have adopted the sequential log structure that was originated
from the log-structured file system [16], to reduce the erase
overhead of flash memory.
Although the file update behavior of the log-structured
file system is appropriate for flash memories, its sequential log
structure can cause the significant performance overhead in
locating valid blocks [11]. Also, the optimization using SSD
data structures or modules can contribute to reducing its
semiconductor overhead, but such a method cannot easily
be used in the commercial SSDs because most SSD providers
rarely reveal SSD internals.
In this paper, we present a new form of hybrid data
allocation scheme, called ReHypar (recursive hybrid chunk
partitioning), which can be used in the hybrid structure
whose address space is organized by integrating a small
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portion of NAND-flash SSD partition with the much larger
HDD partition. In ReHypar, file accesses in SSD partition are
executed on extent-basis and also file updates are performed
in-place, which differs from log-structured file systems.
Furthermore, ReHypar does not require using SSD internal
data structures or modules, except for flash block size. The
contribution of ReHypar is as follows.
(i) ReHypar uses the flexible data layout in such a way
that SSD address space is partitioned into multiple,
logical data sections, with each of those data sections
being composed of the different extent size. Such
a space configuration enables mapping files to the
appropriate data sections, according to file size and
usage, without affecting the directory hierarchy.
(ii) ReHypar uses the chunk partitioning to allocate files
in a fine-grained way. In the partitioning, extents are
divided into a set of chunks and the remaining free
spaces in the chunks after file allocations are further
partitioned into the lower level. As a result, such
free spaces can be reused for file allocations, while
alleviating extent fragmentation overhead.
(iii) Unlike the data collection using logs on FTL layer
[5] or LRU-like data replacement on top of FTL [17,
18], the data coalescing scheme of ReHypar does not
require having accesses to SSD internals. Given that
the flash block size is known to users, ReHypar can
align the extent size with flash block boundaries on
top of VFS layer, in order to reduce the write and erase
costs in flash memory.
This paper is organized as follows. In Section 2, we discuss
the related studies. In Section 3, we describe the overall
structure and I/O optimizations of ReHypar. In Section 4,
we present the performance measurements of ReHypar while
comparing them to those of ext2, ext4, and xfs. Finally, in
Section 5, we conclude with a summary.

2. Related Studies
Recently, many studies have been performed to overcome
SSD disadvantages. Although SSD has several promising
potentials including high random I/O performance, its erasebefore-write behavior is the main obstacle in producing good
I/O bandwidth, because the time for erasing a flash block is
several orders of magnitude higher than that for I/O. Also,
repeatedly erasing flash blocks causes the worn-out blocks,
resulting in the data loss. Therefore, evenly distributing the
write requests among flash blocks is inevitable to prolong the
lifetime of SSD (100 K for SLC, 10 K for MLC [19]).
Several researches have been performed to reduce
the erase-before-write overhead, either by using LRU-like
replacement in SSD internal memory or by introducing the
new form of FTL. In SSD, I/O operations are performed per
page and the mapping between logical address and physical
address can be performed in blocks or pages. Although the
page mapping [20, 21] is faster than the block mapping, it
requires having the larger mapping table. On the contrary,

the time for mapping with blocks is slower because of pagecopy operations. In the mapping using log blocks [18], several
log blocks are prepared to merge write operations to the
same location, to avoid repeatedly writing data to the same
position. However, due to its small number of log blocks to
be reserved, it can cause the frequent update of the flash block
and low space utilization.
The fully associative section translation [22] tried to
overcome the disadvantages of log block-based mapping,
allowing log blocks to be used by pages belonging to any
data blocks. However, it still suffers from the significant erase
overhead in random write operations. Also, several LRU-like
algorithms have been implemented to reduce the write cost
to flash memory, by delaying write operations to flash blocks.
For example, CFLRU [23] maintained the LRU-like page
linked list in memory. Before writing to flash memory, the
modified page is inserted into the linked list until it is selected
as a victim. Also, the selection for a victim is first performed
in the clean-first region to reduce the erase cost. LRU-WSR
[24] is much like the second-chance replacement algorithm
in which the flush-out to flash memory is performed by
checking the cold-flag. Delaying write operations to flash
memory is postponed by clearing the cold-flag, while moving
dirty pages to MRU position to give them the second chance
before writing to flash memory.
On the other hand, FAB [25] and BPLRU [17] are all
worked per block for the eviction from memory. For example,
FAB selects a block containing the large number of pages as
a victim, expecting to switch the entire pages of a data block
to the new ones in flash memory. BPLRU is also worked in
block while choosing a block maintaining the large number of
pages in LRU list. However, it is optimized for random write
operations by using the write buffer inside SSD.
Most methods mentioned require using SSD internals,
such as FTL or replacement buffer containing page or block
information. However, such information is rarely available to
users in the commercial SSDs. Our method does not need to
access SSD data structure or modules, except for flash block
size if available.
Several researches have been performed to optimize the
erase cost by introducing the log-structured concept in the
file system level. The out-of-place I/O behavior in the logstructured file system differs from the in-place I/O behavior
in legacy file systems such as ext2/4. Since such an out-ofplace I/O behavior is appropriate for flash memory, most flash
file systems introduced the log-structured method in their
concept. For example, JFFS2 [12] used logs to be organized
in variable-length nodes, to merge dirty data. Each node
maintains file metadata including file name, inode number,
and a range of data. Also, YAFFS [9] used logs in the fixed-size
chunks. The head chunk with chunk number zero includes
file metadata. However, both file systems need to scan the
entire logs to organize the directory hierarchy at file mount
time.
Conquest [26] and FlexFS [27] are all hybrid file systems
where the address space of Conquest is constructed by
integrating RAM with hard disk. However, the RAM used
in Conquest does not require being erased before writing;
therefore there is no need to consider the data alignment
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Figure 1: The chunk partitioning of ReHypar.

with blocks. On the contrary, the address space of FlexFS
is organized by using only two kinds of SSDs: SLC and
MLC. DFS [10] uses fusion-ioDrive [28] to provide the
virtualized flash storage layer where the traditional block
device is combined with FTL. The layer enables providing the
direct data path between file system and the controller, while
providing the thin software layer. However, such a layer can
cause higher expenses than HDD and also porting the layer
to other file systems may be difficult since it is tightly coupled
with DFS.
ReHypar differs from flash-specific file systems in such
a way that I/Os in ReHypar occur in-place. Also, it enables
dividing SSD address space into several data sections, with
each being configured with the different extent size.

3. Implementation Details
This section presents the overall structure and I/O optimizations of ReHypar.

to their length, access pattern, and usage. Finally, given that
the flash block size is known to ReHypar, the extent size
enables being aligned with flash block boundaries on VFS
layer, which might contribute to reducing the erase overhead
on SSD partition without requiring the knowledge about SSD
internals.
Definition 1 (extent structure). ReHypar divides SSD partition into multiple data sections, with each of them being
configured with the different extent size. Let 𝐸 be the extent
of a data section. Then, 𝐸 is composed of (𝑠, V, 𝐿, 𝐶, 𝜙).
(1) 𝑠 = 2𝑛 (𝑛 > 1) is the size of 𝐸 in blocks.
(2) V is the threshold value in blocks.
(3) 𝐿 is the partitioning level.
(4) 𝐶 = {𝑐𝐿𝑖 | (𝐻 = −1) ≤ 𝑖 < log2 𝑠, 𝐿 ≥ 0} is a set of
chunks at level 𝐿. The 𝑖 denotes the chunk index. If
𝑖 = 𝐻, then it implies the head chunk.
(5) 𝜙 is the partitioning function such that

3.1. Chunk Partitioning. ReHypar is the hybrid block allocation mechanism whose objective is to provide better storage
utilization of the hybrid structure whose address space is
constructed by integrating a small portion of SSD partition
with the much larger HDD partition. In order to do that,
ReHypar attempts to reduce the space fragmentation of SSD
partition by reordering the remaining free space of I/O units
(extents). The free space of an extent is recursively partitioned
after file allocations, until either it is fully occupied with file
data or the reordering time to be given to the extent is expired.
Furthermore, in ReHypar, SSD partition can be divided
into several data sections. Each extent size of the data sections
enables being configured with the different length so that files
can be mapped into the appropriate data section according

(log2 𝑠)−1

𝜙 (𝑏, 𝐸) = {𝑐0𝐻, 𝑐00 , 𝑐01 , . . . , 𝑐0

},

if 𝐿 = 0

(1)

𝐻
0
𝑖−1
𝜙(start(𝑐𝐿𝑖 ), 𝑐𝐿𝑖 ) = {𝑐𝐿+1
, 𝑐𝐿+1
, . . . , 𝑐𝐿+1
}, if 𝐿 > 0 and 𝑖 ≥ log2 V.

In 𝜙(𝑏, 𝐸), 𝑏 denotes the block position where the partitioning begins.
At the partitioning level zero, 𝐸 is partitioned into
(log2 𝑠) + 1 chunks. If the size of chunks is larger than or
equal to V (chunk index is log2 V), then chunks are recursively
partitioned into the subsequent level until their size becomes
smaller than V. Figure 1 shows an example of the chunk
partitioning. Also, let start(𝑐𝐿𝑖 ) and |𝑐𝐿𝑖 | be the starting block
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𝜙(96, c15 ) = {c2H , c20 , . . . , c24 }

New file (g)

Split(c15 , 107) = c23
96

0

c2H

···

97

98

c20

104
···

107

112

c23

127
c24

Figure 2: An example of chunk mapping.

position and the size in blocks of chunk 𝑖 at level 𝐿. Then,
start(𝑐𝐿𝑖 ) and |𝑐𝐿𝑖 | are defined as follows:

one whose length is at least V; therefore, the partitioning step
is applied to 𝑐25 :
level 1

 
𝐿 = 0:
= 0, 𝑐0𝐻 = 1
 𝑗
𝑗
𝑗
∀𝑐0 ∈ 𝜙 (𝑏, 𝐸) , start (𝑐0 ) = 2𝑗 , 𝑐0  = 2𝑗 if (𝑗 > 𝐻)
start (𝑐0𝐻)

𝑖
𝑖
) , 𝑐𝐿−1
),
𝐿 > 0: ∀𝑐𝐿𝑘 ∈ 𝜙 (start (𝑐𝐿−1
𝑖
),
start (𝑐𝐿𝐻) = start (𝑐𝐿−1

start (𝑐𝐿𝑘 ) = start (𝑐𝐿𝐻) + 2𝑘 ,

level 2

𝜙 (160, 𝑐15 ) → {𝑐2𝐻, 𝑐20 , 𝑐21 , . . . , 𝑐24 } ,
level 2

𝜙 (192, 𝑐16 ) → {𝑐2𝐻, 𝑐20 , 𝑐21 , . . . , 𝑐25 } ,

(3)

level 3

𝜙 (224, 𝑐25 ) → {𝑐3𝐻, 𝑐30 , 𝑐31 , . . . , 𝑐34 } .

 𝐻
𝑐𝐿  = 1
 

 𝑘 
𝑐𝐿  = 2𝑘
 

𝜙 (128, 𝑐07 ) → {𝑐1𝐻, 𝑐10 , 𝑐11 , . . . , 𝑐16 } ,

if (𝑘 > 𝐻) .
(2)

The starting block position and the length of the head
chunk at level zero are 0 and 1, respectively. On the other
hand, the starting block position of the head chunk 𝑐𝐿𝐻 at level
𝑖
𝐿 (> 0) is the same as that of the parent 𝑐𝐿−1
, where the head
chunk is partitioned into. The length of each chunk at a level
is the multiple of two, except for the head chunk whose length
is of one. As a result, the starting block position of each chunk
becomes the starting block position of the head chunk plus its
length in blocks.
Figure 1 shows an example of the chunk partitioning of
ReHypar on an extent of size 256 in blocks. The threshold
value V is set to 32; therefore if the length of a chunk is no less
than 32, then the partitioning takes place in the subsequent
level to reduce the extent fragmentation.
In Figure 1, chunk 𝑐07 of the level zero is partitioned into
8 chunks in level one, starting from 𝑐1𝐻 to 𝑐16 . The starting
block position and the length are calculated as 128. Similarly,
chunks 𝑐15 and 𝑐16 are further divided in the level two, due
to their length larger than or equal to V. The starting block
position of 𝑐15 is the one of the head chunk 𝑐1𝐻 plus its length
32. In level two, the chunk 𝑐25 originated from 𝑐16 is the only

3.2. Chunk Mapping. In this section, we describe how the
new file is mapped into the chunk to be stored in SSD
partition. We designed the mapping scheme to reduce the
fragmentation overhead, by reusing the remaining space of
extents as much as possible. Also, by adopting the simple
calculation to the mapping scheme, we tried to minimize the
computation overhead in the chunk mapping.
Definition 2 (chunk mapping). Let pos be the block position
of 𝐸. Then, for all 𝑐𝐿𝑖 (𝑖 ≥ log2 V), function split is defined as
follows:
𝑘
,
split (𝑐𝐿𝑖 , pos) = 𝑐𝐿+1

where 2𝑘 ≤ pos − start (𝑐𝐿𝑖 ) < 2𝑘+1 .
(4)

Let pos be the last block position of a file 𝑓 allocated in 𝐸.
If the remaining space of 𝐸 is larger than or equal to V, then
𝐸 is reused for further file allocations. Let 𝑔 be the next file to
be allocated in 𝐸. To calculate the starting block position of 𝑔
on 𝐸, split is recursively executed at each level. Suppose that
pos is mapped to 𝑐𝐿𝑖 at level 𝐿 and the size of 𝑐𝐿𝑖 is not smaller
than V. Then, split is executed on the chunk to go down to
𝑘
level 𝐿 + 1. If pos is mapped 𝑐𝐿+1
at 𝐿 + 1 partitioned from 𝑐𝐿𝑖
𝑘
and the size of 𝑐𝐿+1
is less than V, then 𝑔 is allocated from the
𝑘+1
next chunk 𝑐𝐿+1 .
Figure 2 shows an example of the chunk mapping on an
extent 𝐸. Assume that a file was allocated from 0 to 107 block
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ALLOCATE (input: a new file 𝑓)
 
(1) if (𝑓≥ s) {
 
(2)
assign m (𝑓 /𝑠) number of clean extents to 𝑓;
(3)
// let 𝐸 be the last extent allocated to 𝑓 and pos be the last block position.
(4)
call MAP(pos);
(5)
// let 𝑖 and 𝐿 be the chunk index and level where the next file allocation takes place.
(6)
connect 𝐸 to the linked list associated to chunk 𝑖 in 𝐿
(7) }
(8) else {
(9)
𝑆 = the first extent connected to each linked list in 𝐿;
(10) among extents in 𝑆, choose an extent 𝐸 in which the unused space beginning
 
from chunk 𝑖 is at least 𝑓 and the ratio of 𝑑 to 𝑡 is the minimum;
(11) assign 𝑓 to 𝐸, starting from chunk 𝑖;
(12) call MAP to calculate the next chunk where the next file allocation occurs;
(13) // let 𝑖 and 𝐿 be the outputs of MAP.
(14) connect 𝐸 to the linked list associated to chunk 𝑖 in 𝐿;
(15) }
MAP (input: the last block position pos allocated on E)
(1) compute 𝑘 such that 2𝑘 ≤ pos < 2𝑘+1 ; 𝐿 = 0;
(2) if (𝑘 < log2 V) {
(3)
// return the next chunk index and partitioning level.
(4)
𝑖 = 𝑘 + 1; return
(5) }
(6) while (𝑘 ≥ log2 V) {
(7)
L++;
(8)
find 𝑗 such that 2𝑗 ≤ pos − start(𝑐𝐿𝐻 )< 2𝑗+1 ;
(9)
if (𝑗 < log2 V) {
(10)
// return the next chunk index and partitioning level.
(11)
𝑖 = 𝑗 + 1; return
(12) }
(13) 𝑘 = 𝑗;
(14) }
Algorithm 1: The procedure for the file allocation in ReHypar.

position. Applying split function on 𝐸 produces 𝑐06 that is the
last chunk to be used for the allocation. Since the length of 𝑐06
is larger than V(32), 𝑐06 is partitioned to 𝑐1𝐻, 𝑐10 , . . . , 𝑐15 at level
one and calculating split function with 𝑐06 gives us 𝑐15 , which
needs one more partitioning step to level two. The chunk 𝑐23
where 107 is mapped is small than V; therefore no more chunk
partitioning is needed. Also, the new file is allocated from 𝑐24 .
Consider the following:
𝐿 = 0:
𝐿 = 1:
𝐿 = 2:

𝜙 (0, 𝐸) = {𝑐0𝐻, 𝑐00 , 𝑐01 , . . . , 𝑐06 }
= 𝑐06 , 26 ≤ 107 − start (𝑐0𝐻) < 27

split (𝑐0𝐻, 107)

𝜙 (64, 𝑐06 ) = {𝑐1𝐻, 𝑐10 , 𝑐11 , . . . , 𝑐15 }
split (𝑐06 , 107) = 𝑐15 , 25 ≤ 107 − start (𝑐06 ) < 26
𝜙 (96, 𝑐15 ) = {𝑐2𝐻, 𝑐20 , 𝑐21 , . . . , 𝑐24 }
= 𝑐23 , 23 ≤ 107 − start (𝑐15 ) < 24 .

split (𝑐15 , 107)

(5)
3.3. Allocation Algorithm. In ReHypar, each partitioning
level 𝐿 maintains a linked list of extents that contains a free
space beginning from chunk 𝑐𝐿𝑖 , in the decreasing order of the

unused space size. At file system mount, ReHypar preserves
a set of clean extents that are not yet used for file allocation.
When clean extents are used for file allocation while leaving
the unused space of at least V/2, the extent is connected to
the appropriate linked list, according to the chunk index of
free space. After either the entire chunks of extents are filled
with data or the time for which extents are allowed to stay
at memory for reuse is expired, the extent is written to SSD
partition. If there are multiple extents available for reuse, then
ReHypar chooses the extent that has been in memory the
longest (𝑡) and the distance (𝑑) between the new file and files
allocated to the extent is the closest.
Algorithm 1 shows the steps involved in the file allocation
on extents. Let |𝑓| be the size of a new file 𝑓 and let 𝑠 be the
size of extents in blocks. In case that |𝑓| ≥ 𝑠, choosing 𝑚 clean
extents in step 2 takes 𝑂(𝑚). In step 4, the time complexity
for calling MAP to reuse the last extent 𝐸 is 𝑂(log2 𝑠). Also,
in step 6, connecting 𝐸 to the appropriate linked list of 𝑛
elements based on the chunk index of free space is 𝑂(𝑛).
Therefore, if the file size is at least the size of extent, then the
time complexity for ALLOCATE is 𝑂(𝑚 + 𝑛 + log2 𝑠).
If the file size is less than the size of extent, then the file
allocation is first performed to reuse extents in memory. In
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Table 1: Extent structure based on threshold (v).

Extent size

Threshold (v)

Chunk partitioning

8

𝜙 (0, 𝐸) → {𝑐0𝐻 , 𝑐00 , 𝑐01 , . . . , 𝑐05 }

level 0

level 𝐿

𝐻
0
𝑖−1
∀𝑐𝐿𝑖 (𝑖 ≥ 3, 0 ≤ 𝐿 ≤ 2) , 𝜙 (start (𝑐𝐿𝑖 ) , 𝑐𝐿𝑖 ) → {𝑐𝐿+1
, 𝑐𝐿+1
, . . . , 𝑐𝐿+1
}

64 KB

level 0

𝜙 (0, 𝐸) → {𝑐0𝐻 , 𝑐00 , 𝑐01 , . . . , 𝑐05 }

32

level 𝐿

𝐻
0
𝑘−1
∀𝑐𝐿𝑘 (𝑘 ≥ 5, 𝐿 = 0) , 𝜙 (start (𝑐𝐿𝑘 ) , 𝑐𝐿𝑘 ) → {𝑐𝐿+1
, 𝑐𝐿+1
, . . . , 𝑐𝐿+1
}
level 0

𝜙 (0, 𝐸) → {𝑐0𝐻 , 𝑐00 , 𝑐01 , . . . , 𝑐07 }

8

level 𝐿

𝐻
0
𝑖−1
∀𝑐𝐿𝑖 (𝑖 ≥ 3, 0 ≤ 𝐿 ≤ 4) , 𝜙 (start (𝑐𝐿𝑖 ) , 𝑐𝐿𝑖 ) → {𝑐𝐿+1
, 𝑐𝐿+1
, . . . , 𝑐𝐿+1
}

256 KB

level 0

𝜙 (0, 𝐸) → {𝑐0𝐻 , 𝑐00 , 𝑐01 , . . . , 𝑐07 }
level 𝐿

𝐻
0
𝑘−1
, 𝑐𝐿+1
, . . . , 𝑐𝐿+1
}
∀𝑐𝐿𝑘 (𝑘 ≥ 5, 0 ≤ 𝐿 ≤ 2) , 𝜙 (start (𝑐𝐿𝑘 ) , 𝑐𝐿𝑘 ) → {𝑐𝐿+1
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xfs (SSD)
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ex2 (HDD)

(b) Bandwidth using 256 KB of extent size

Figure 3: ReHypar write bandwidth as compared to ext2 and xfs.

step 10, the algorithm checks the first extent of each linked list
to see if there is an extent whose free space is large enough
to allocate 𝑓. Since there are log2 (𝑠/V) levels and each level
has (log2 𝑠) + 1 chunks, the time for choosing an extent is
𝑂((log2 𝑠)2 ). Since, in step 14, connecting 𝐸 to the linked list of
𝑛 elements takes 𝑂(𝑛), the time complexity for ALLOCATE
is 𝑂(𝑛 + (log2 𝑠)2 ).

In ReHypar, the extents with 64 KB of size are partitioned
into seven chunks from 𝑐0𝐻 to 𝑐05 at level zero. On the other
hand, the extents with 256 KB of size are partitioned into nine
chunks from 𝑐0𝐻 to 𝑐07 . With V = 8 in ReHypar (64 : 8) and
ReHypar (256 : 8), the chunk partitioning to the lower level
takes place in the case that a file is mapped from 𝑐03 . With V =
32, the partitioning occurs from 𝑐05 . Table 1 shows the chunk
partitioning on both extent sizes. The block size is 1 KB.

4. Performance Evaluation

4.1. IOzone Experiments. We used IOzone benchmark with
8 KB of record size and −𝑒 option to invoke fsync(). Figures
3(a) and 3(b) show the write bandwidth of xfs, ext2, and
ReHypar integrated with ext2. In Figure 3(a), the extent size
is set to 64 KB and in Figure 3(b) the extent size is set to
256 KB. The figures show that ReHypar produces the higher
I/O bandwidth over ext2 and xfs installed on HDD due to its
hybrid structure.
In the figures, there are two aspects to be pointed out.
First, due to the fact that ReHypar uses the large I/O
granularity, it produces better I/O bandwidth as compared

We evaluated ReHypar on a server equipped with a 3 GHz
quad-core Intel Xeon, 16 GB of main memory, two 720 GB
of Seagate disk, and 80 GB of fusion-ioSSD ioDrive [28]. The
operating system was CentOS release 6.2 with a 2.6.32 kernel.
In ReHypar, we divided SSD partition into two data sections
composed of 64 KB and 256 KB of extent sizes and mapped
files to those data sections. To observe the effect of the chunk
partitioning of ReHypar, we changed the threshold value (V)
between 8 and 32.
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Figure 5: ReHypar transaction rates as compared to ext2 and xfs.

to ext2 and xfs installed on SSD. For example, with 256 MB
of file sizes, ReHypar composed of 64 KB and 256 KB extent
sizes gives 10% and 14% of performance speedup, respectively,
over ext2 installed on SSD.
Second, changing the threshold value V from 8 to 32
does not affect I/O performance of ReHypar. For example,
with 1 MB of file size, setting V from 8 to 32 does not
show the noticeable change in both extent sizes. However,
with 256 KB of extent size on top of 256 MB of file size,
changing V from 8 to 32 gives about 3% of performance
improvement. This denotes that the computation overhead
for the chunk partitioning of ReHypar is negligible. However,
if the threshold value is too small, then the partitioning to
the lower level can be noticeable due to the computation
overhead in I/O operations.
Figures 4(a) and 4(b) show I/O bandwidth of ReHypar
combined with ext4, while comparing it to ext4 installed on

SSD. Although ReHypar generates the better I/O bandwidth
as compared to ext4 on SSD, the improvement ratio is smaller
than that in ext2. For example, on top of 256 MB of file size,
applying 256 KB of extent size to ext2 gives 14% of speedup as
compared to ext2 on SSD, whereas applying the same extent
size to ext4 results in 11% of speedup as compared to ext4 on
SSD.
Also, similar to Figures 3(a) and 3(b), ReHypar with ext4
does not show performance difference between two threshold
values; therefore reusing the remaining free space by marking
the appropriate threshold value can effectively be executed in
the chunk partitioning of ReHypar.
4.2. Postmark Experiments. We used Postmark where
100,000 transactions were executed. The number of files
increases from 1,000 to 20,000 whose file sizes are varied
between 500 B and 10 KB. Figures 5(a) and 5(b) show
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Figure 6: ReHypar transaction rates as compared to ext4.

the transaction rates of xfs and ext2, while comparing to
ReHypar integrated with ext2. We set the ratio of read to
append operations to (5,5) where read and append operations
equally occur.
In the figures, on top of ext2, the performance difference
between SSD and HDD is much smaller than that in IOzone
write operations. This is because the performance superiority
of SSD is offset by generating a large number of small files.
In this case, converting into the large I/O granularity on
VFS layer can contribute to increase of I/O throughput. For
example, with 1,000 files in ReHypar, using 256 KB of extent
size generates about 12% higher bandwidth than using 64 KB
of extent size. However, the more the files are created, the less
the transaction rates are produced because the larger number
of inodes is allocated in the same directory, resulting in the
memory pressure.
In ReHypar, the effect of the threshold value for the chunk
partitioning becomes large with the large-size extent. For
example, with 1000 files using 256 KB of extent size, marking
V as 32 generates about 4% of performance speedup as
compared to marking V as 8, due to the reduced partitioning
overhead.
Figures 6(a) and 6(b) show I/O bandwidth of ReHypar
combined with ext4, while comparing to ext4 installed on
SSD and HDD. As with ReHypar in Figures 5(a) and 5(b),
using the large I/O granularity generates 14% speedup with
1,000 files. Also, the performance difference due to the
threshold value is not noticeable, implying that the overhead
of the chunk partitioning becomes small in ext4.

much larger HDD address space. In such a structure, utilizing
SSD storage capacity to the maximum extent possible is very
important to obtain high I/O performance. Our first objective
in developing ReHypar (recursive hybrid chunk partitioning)
is to improve the space utilization of SSD partition in the
hybrid structure, by reusing the remaining space of I/O units
(extents) as much as possible. In order to reuse the unused
free space, ReHypar recursively divides the free space using
the chunk partitioning method to the lower level and maps
the new files to be allocated. Also, ReHypar allows defining
several, logical data sections whose extent enables being
configured with the different size, to map files to data sections
according to file size, usage and access pattern.
We evaluated ReHypar integrated with ext2 and ext4 by
using IOzone and Postmark. In those experiments, converting I/O into the large granularity by adopting the large-size
extents generates high I/O bandwidth as compared to ext2
and ext4 installed on SSD. Also, the computation overhead
to execute the chunk partitioning in ReHypar is negligible;
therefore the remaining free space of I/O units can effectively
be reused for further file allocations. As a future work, we will
verify the effectiveness of the chunk partitioning in ReHypar
by using various applications.
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Recommending news stories to users, based on their preferences, has long been a favourite domain for recommender systems
research. Traditional systems strive to satisfy their user by tracing users’ reading history and choosing the proper candidate news
articles to recommend. However, most of news websites hardly require any user to register before reading news. Besides, the
latent relations between news and microblog, the popularity of particular news, and the news organization are not addressed or
solved efficiently in previous approaches. In order to solve these issues, we propose an effective personalized news recommendation
method based on microblog user profile building and sub class popularity prediction, in which we propose a news organization
method using hybrid classification and clustering, implement a sub class popularity prediction method, and construct user profile
according to our actual situation. We had designed several experiments compared to the state-of-the-art approaches on a real world
dataset, and the experimental results demonstrate that our system significantly improves the accuracy and diversity in mass text
data.

1. Introduction
With the rapid development of Internet, more and more
people prefer reading news online or by mobile phone rather
than buying the newspaper. However, massive news and blogs
online also bring the users information overload problem.
With a large amount of news articles, a very important issue
of online news services is how to help users get interesting
news that match the users’ preference as much as possible,
which is the problem of personalized news recommendation.
Microblog has become a famous network application for
the past several years [1]. Therefore, how to use microblog
to recommend items (i.e., news, product, or advertisement)
becomes a hot research topic for website providers.
Despite some recent advances [1–4], personalized news
recommendation is facing at least three problems. First, fast
and real-time processing is needed for the mass news articles
every day; that is, how to classify or cluster the news articles
rapidly with mass data crawled by spider swarming into the
system. Second, the reading context must be considered.
For instance, popular news articles would likely be more
attractive for the users. Third, the popularity and freshness
of news is changing dramatically over time. These three
problems exist in the recommender system for other items,

such as movie, music, and product. However, many critical
issues of news recommendation have not been solved in
previous studies.
In this paper, to address the issues mentioned above,
we try to solve these in news recommendation system and
propose NEMAH, an effective personalized news recommendation system based on microblog user profile building
and hot subclass popularity prediction. We explore intrinsic
relation between user and news, through users’ interest,
subclass popularity factor, and freshness. In summary, the
three main contributions of our paper are as follows.
(i) A Novel Framework for News Partition (See Section 4).
News classification and subclass clustering are important steps in news recommendation processing. We
propose 2-stage news partition framework. First,
the news articles are divided into several categories
using our proposed hybrid classification method (see
Section 4.2). Then, we cluster the articles in a given
class into several clusters to represent news subclasses
(see Section 4.3). Such representation can help news
recommendation system easily build and update news
database rapidly.
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(ii) A Subclass Popularity Prediction Method for News
Recommender System (See Section 5). Users not only
like reading the news articles they are interested in,
but also like the hot news, and by this phenomenon
we can call the users’ social preference. In general, a
real-time news recommendation system is difficult to
instantly obtain the statistical information of global
users’ attention on a specific piece of news or subclass.
Therefore, we synthetically analyze the historical data
crawled from web and propose a news subclass popularity prediction model based on spectral analysis of
time series.
(iii) A Novel Application Using Microblog for User Profile
Construction (See Section 6). Microblog is the most
mainstream form of grassroots media, where users
can express their views and retweet the information
they agreed on or are interested in. In this paper, we
propose a user profile construction method based on
microblog content and user behavior.

The rest of this paper is organized as follows. Section 2
covers related work relevant to personalized news recommendation. Section 3 describes the recommendation framework of NEMAH. Section 4 presents the classification and
subclass clustering methods we design. In Section 5, the news
subclass popularity prediction model will be introduced.
Section 6 reports the user profile construction method we put
forward and Section 7 introduces the recommending model.
Extensive experimental results are reported in Section 8.
Finally, Section 9 concludes this paper.

2. Related Work
News recommender system is an important application on
recommendation and has attracted more and more attention
recently. Existing news recommendation methods can be
roughly divided into three categories: content-based, collaborative filtering, and hybrid methods.
Content-Based. This method uses the user’s reading history
in terms of content to recommend similar items. In the
opinion of Schafer [5], he called this Item-to-Item Correlation
method. In news recommender, generally, news article is
often represented as a vector space model (VSM) or topic distributions. Reference [6] employed TF-IDF to construct VSM
and utilized 𝐾-nearest neighbor method to recommend news
to specific user. Reference [7] employed the Naı̈ve Bayesian
classifier to classify web pages and construct user profile. Liu
et al. [4] (called ClickB in Experimental Evaluation section)
proposed the recommendation method using news content
based on click behavior. In our work, we classify news articles
by VSM and express the articles with TF-IDF weight for
each word. Content-based method is easy to express and
implement. But it should be noted that not all data are easy
to express as VSM, such as audio, image, and video news data
[8]. Another problem is content similarity, for example, a user
would not like to read similar news many times from news
recommender using content-based method. In our work, we

diversify news articles due to the distribution of crawled news
articles and the preference of the given user.
Collaborative Filtering. This method utilizes the behaviors of
user on item to recommendation. In other words, collaborative filtering method is content-free and can be roughly
divided into two subcategories: heuristic-based and modelbased. For the former, its recommended process is inspired
by the real-world phenomena [9]. The latter one trains a
model for predicting the utility of the current user 𝑢 on item
𝑗, such as [10, 11] (called Goo in Experimental Evaluation
section). Purchasing and rating are the most important
behaviors in collaborative filtering recommendation system.
But in news recommender system, the rating can be seen as
binary, where a click on a piece of news can be represented
as 1 rating and 0 rating otherwise [11]. The success of the
collaborative filtering-based recommendation system relies
on the availability of lots of users and items. But a lot of users
have behaviors on only a few items. We can observe that the
user-item matrix is a spare matrix that will lead to poor recommendation [12]. One way to solve this problem is by using
the demographic of users to calculate the similarities between
users, such as age, gender, education, area, or employment. Another approach is that which employs the behaviors
through relationship among users, such as review, retweet,
and favorite. In our work, we utilize the microblog information to solve the issue discussed above.
Hybrid Method. This method combines collaborative filtering, content-based methods, and other factors [13]. Many
news recommendation methods are hybrid, such as Bilinear
[14], Bandit [15], and SCENE [3], which will be discussed and
analysed in Experimental Evaluation section.
From the perspective of news recommendation, our work
is similar to SCENE [3], EMM News Explorer [16], and
Newsjunike [17] in the use of news content and named
entities for news recommendation. However, SCENE did not
consider the subclass popularity period, EMM News Explorer
did not provide personalized recommender, and Newsjunike
did not address the issues as we do in classification and user
profile construction.

3. Recommendation Framework
Figure 1 shows the brief framework of our proposed system,
NEMAH. This recommendation is performed by the following four modules: Classification and Clustering Module,
Subclass Popularity Prediction Module, User Profile Module,
and Recommendation Module. These major components
and the processing flow in our framework are described as
follows.
(1) Classification and Clustering Module. News categories on
this module, customized by Press and Publication Administration of the People’s Republic of China, are divided
into 23 categories. As key persons (named entity of type
person) play an important part on the news classification,
we proposed a hybrid classification method based on the
classical classification method and the key persons. A large
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Figure 1: The overview of NEMAH framework.

number of experiments show that adjusting the weight of
the key persons in the hybrid classification help to get a
good news classification performance. After obtaining the
rough classes, we cluster the subclasses using a cluster method
which maximizes the average of neighborhood points.
(2) Subclass Popularity Prediction Module. Different periods
have different popular subclasses. People would like to focus
on the popular subclasses rather than spend much time on
searching and selecting information. Sometimes, even the
users themselves have no idea what they want. Therefore, the
subclass popularity prediction technology will help users save
their time and improve their experience on using recommendation system. On the research of network news we found
that some subclasses presented time period significantly. For
the popular subclasses, we can assign a higher weight for
recommending. In this paper, we used time series spectral
analysis method to predict the popularity of subclasses.

⟨REC⟩
⟨NewsID⟩ = nf2012010121574
⟨Date⟩ = 2012.01.01
⟨Title⟩ = Our province will implement
the new law of registered residence
⟨Author⟩ = Zhangsheng Bo
⟨CSN⟩ = 02.15
⟨Class⟩ = Law, Justice
⟨SubClass⟩ = household management
⟨Area⟩ = D440000; Guangdong Province
⟨Source⟩ = Nanfang Daily
⟨KP⟩ = Weifa Liang
⟨Text⟩ = News content.
...
⟨CommentsUser⟩ = 1759918187; 2414113125; 1413475981;
1463256471; 871324394; 1657924191; 2001946341;
1356100372; 1549089713; . . .
⟨Tagged⟩ = True

(3) User Profile Module. This module is used to extract the
preference model of users. We used the microblog of users
tweeted or retweeted for establishing the users profile model
for representing users’ interest. This procedure combines text
analysis, text classification, and accessing some particular factors (i.e., key name and place name appeared in microblog).

Figure 2: The storage structure of a piece of history news.
Remark: The useful elements in this paper are: ⟨NewsID⟩, ⟨Date⟩,
⟨Title⟩, ⟨CSN⟩, ⟨Area⟩, ⟨KP⟩, ⟨Text⟩, ⟨CommentsUser⟩, in which
⟨CommentsUser⟩ shows the user list of whom comments this news
article, ⟨CSN⟩ denotes the class and sub-class ID of this news article
(e.g., ⟨CSN⟩ = 02.15 means that class ID is 02 and sub-class ID is 15),
and ⟨KP⟩ is the named entity of type person which will be discussed
in Section 4.2.

(4) Personalized News Recommendation. We use user profile
and the subclass to determine the candidate subclasses firstly.
And then we calculate a user’s utility on news item by a
greedy strategy and rank the recommended list through the
popularity of news article in a special subclass and the news
article’s recency. Note that when recommending specific news
items using our system, the class and the subclass of the
news articles are utilized. Moreover, the other properties
of news items, such as freshness (recency) and popularity
(subclass popularity prediction), are synthesized into the final
recommended ranking list as adjustment factors.

show the recommended list to users. In NEMAH, given a set
of news items 𝑁 = {𝑛1 , 𝑛2 , . . . , 𝑛𝑀}, where |𝑁| = 𝑀, our
goal is to generate a classification result 𝐶 = {𝐶1 , 𝐶2 , . . . , 𝐶𝐾 },
where 𝐾 is a predefined classification number (e.g., 𝐾 = 23
in this paper). Class names are shown in Table 1. Besides,
each class can be divided into several subclasses using our
proposed clustering module, 𝐶𝑖 = {𝑆𝐶𝑖1 , 𝑆𝐶𝑖2 , . . . , 𝑆𝐶𝑖𝑚 }. The
storage structure of our history news and a user are shown in
Figures 2 and 3, respectively.

4. Classification and Clustering Module
Classifying massive network news is conducive to the subsequent process on the news applications. Internet news
recommendation requires response as soon as possible to

4.1. Feature Selection. In the processing of text corpus, the
dimension of each item will be very large (i.e., more than
ten thousand in the same cases) that would need to select
the main features for representing the document. Generally,
there are three classical feature selection methods in text
processing: Mutual Information [18], Information Gain [19],
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⟨USER⟩
⟨UserID⟩ = 2414113125
⟨MicroBlog⟩ = MicroBlog content 1; MicroBlog content 2;
MicroBlog content 3; . . . ;
...
⟨CommentsOn⟩ = nf2012010121574; nf2011040722331;
nf201012784512; . . . ;
...

Figure 3: The storage structure of a user. Remark: ⟨MicroBlog⟩
lists the messages tweeted or retweeted by the user, ⟨CommentsOn⟩
denotes the news articles which are commented on by this user.

documents in class 𝐶𝑘 . When the 𝐷𝑓𝑖𝑘 is greater than a given
threshold 𝛽, it means that 𝑡𝑖 is a high-frequency word in
this class, and then we add it into 𝑇𝑒𝑚2 set. According to
our experiment and corpus, we roughly set the 𝛼 = 0.01
and 𝛽 = 0.1 in order to avoid the fault or omit selection.
This rough selection process selects the words which appear
frequently in all corpus and classes [21]. The result of rough
feature selection is 𝑇𝑒𝑚 = 𝑇𝑒𝑚1 ⋂ 𝑇𝑒𝑚2 .
(2) Precise Selection Using Index of Discrimination between
Word and Class. We employ [22] method to define the index
of discrimination between word and class as follows:

Table 1: Name of each class.
ID
1
2
3
4
5
11
12
13
14
15
16
17
18
19
21
22
31
33
35
36
37
38
39

Class name
Political
Law, Justice
External Relations, International Relations
Military
Social, Labor, Disaster
Economy
Finance, Banking
Infrastructure, Construction, Real estate
Agriculture, Rural areas
Mining, Industrial
Energy, Water, Conservancy
Information industry
Transport, Postal services, Logistics
Commerce, Foreign trade, Customs
Services, Tourism
Environmental, Meteorological
Education
Science and Technology
Culture, Recreation, and Leisure
Literature, Art
Media Industry
Medicine, Health
Sports

and CHI Statistics [20]. These methods are inclined to choose
the rare words, which are not reliable in classification on
some corpus. Therefore, in order to solve this and reduce
the computational burden in the process of news articles
classification, we must filter out some sporadic low-frequency
words; the two concrete steps to filter are shown below.
(1) Rough Selection Using Document Frequency of Feature
Words. In training corpus, let 𝑡𝑖 be a word; we define 𝐷𝑓𝑖 as
total relative document frequency, which denotes the ratio
that the number of documents containing 𝑡𝑖 occupies over the
whole number of documents. When the 𝐷𝑓𝑖 is greater than
a threshold 𝛼, it means that the word 𝑡𝑖 is a high-frequency
word in training corpus, and we add it into 𝑇𝑒𝑚1 set. For
a given class 𝐶𝑘 , we define 𝐷𝑓𝑖𝑘 as class relative document
in class 𝐶𝑘 , which denotes the ratio that the number of
documents in class 𝐶𝑘 occupies over the whole number of

𝑅 (𝑡𝑖 , 𝐶𝑘 ) =

𝑃 (𝑡𝑖 ∈ 𝐶𝑘 )
,
max𝐶𝑗 ≠𝐶𝑘 𝑃(𝑡𝑖 ∈𝐶𝑗 )

(1)

where 𝑃(𝑡𝑖 ∈ 𝐶𝑘 ) denotes the probability of word 𝑡𝑖 in class
𝐶𝑘 and max𝐶𝑗 ≠𝐶𝑘 𝑃(𝑡𝑖 ∈𝐶𝑗 ) denotes the maximum probability of
word 𝑡𝑖 in other classes except 𝐶𝑘 . The 𝑃(𝑡𝑖 ∈ 𝐶𝑘 ) can be
represented as follows:
𝑃 (𝑡𝑖 ∈ 𝐶𝑘 ) =

𝑡𝑓 (𝑡𝑖 ∈ 𝐶𝑘 ) + 1
,
∑𝑡 𝑡𝑓 (𝑡 ∈ 𝐶𝑘 ) + 1

(2)

where 𝑡𝑓(𝑡𝑖 ∈ 𝐶𝑘 ) denotes the frequency of 𝑡𝑖 appearing in
class 𝐶𝑘 , 𝑡 denotes the word different to 𝑡𝑖 from 𝑇𝑒𝑚 , and
∑𝑡 𝑡𝑓(𝑡 ∈ 𝐶𝑘 ) denotes the sum frequency of 𝑡 appearing in
class 𝐶𝑘 . The 𝑡𝑖 is the representative word in class 𝐶𝑘 when the
index of discrimination 𝑅(𝑡𝑖 , 𝐶𝑘 ) is greater than a threshold
𝛾. We can use selection proportion threshold 𝑇 to decide
parameter 𝛾, which will be discussed in our Experimental
Evaluation section later. We can obtain the representative
words set when the process above is done for each class.
Rough selection step can save calculation time that is used to
exclude the words which are certainly not the feature words.
4.2. Classifying News Items. In real Internet world, classification or clustering on massive news data requires lots
of computational power. To tackle this issue on news recommendation, we employ One Versus All method [23]
(One Versus All is a two-class classification method) and
consider the key persons on news articles. In this paper, news
article classification is considered as a plurality of two-class
classification problem. For a class 𝐶𝑘 , if document 𝑑𝑖 belongs
to class 𝐶𝑘 , it is tagged by 1 for class 𝐶𝑘 as a positive sample
and tagged by −1 as a negative sample otherwise. This method
is to construct the projective vector 𝑝𝑘 between text matrix
𝐴 and class vector 𝑦, and we employ the ridge regression
method [24] shown in the following:

2
 2
𝐶 = argmin𝑝𝑘 𝑦 − 𝑝𝑘𝑇 𝐴 + 𝜃𝑝𝑘  ,

(3)

where 𝜃 is a positive parameter used to adjust the estimation
error. To solve the minimization problem above, we should
find the partial derivative of 𝑝𝑘 and set the partial derivative
to 0, and then we can obtain the equation shown below:
−1

𝑝𝑘 = (𝐴𝐴−1 + 𝜃𝐼) 𝐴𝑦𝑇 ,

(4)
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where 𝐼 is a unitary matrix with the same dimension of 𝐴.
Because the training set is divided into 𝐾 categories, we can
obtain a group of projective vectors: 𝑃 = {𝑝1 , 𝑝2 , . . . , 𝑝𝐾 }. We
utilize code matrix 𝑀 to describe the correlation between
different classes got from two-class classification. Assuming
that class 𝐶𝑘 has 𝑁𝑘 trained documents 𝐷𝑘,𝑗 , where 𝑗 ∈
[1, 𝑁𝑘 ], the element of 𝑀 which denotes the correlation
between two classes can be calculated by
𝑁

𝑀𝐾𝐾 =

1 𝑘
∑ sgn (⟨𝑝𝑘 , 𝐷𝑘,𝑗 ⟩) ,
𝑁𝑘 𝑗=1

(5)

where 𝑝𝑘 denotes the projective vector of 𝐶𝑘 . If ⟨𝑝𝑘 , 𝐷𝑘,𝑗 ⟩
is greater than 0, the return value of function sgn is 1 and
otherwise 0. When new articles come, the similarity between
article and class can be calculated by the following equation:
𝑘

𝑘

𝐾 =1

𝐾 =1

We call this cluster method as Maximizing Neighborhood
method because of the main idea of algorithm.
(1) Solving Subspace Projection Problem by Maximizing the
Average of Neighborhood. For each document 𝑥𝑖 in a text space
𝑋0 , the neighbor documents can be divided into two subsets
according to the distance to the 𝑥𝑖 : similar neighborhood
set Θ𝑜𝑖 and heterogeneous neighborhood set Θ𝑒𝑖 , where Θ𝑜𝑖
contains the top 𝜉 nearest neighbors which belong to the same
class of 𝑥𝑖 and Θ𝑒𝑖 contains the top 𝜁 nearest neighbors which
do not belong to the same class of 𝑥𝑖 . In the text corpus, all
data points’ average distance out of class and within class can
be expressed as follows:

2
𝑥𝑖 − 𝑥𝑝 


𝑃𝑖 = ∑
 𝑒  ,
Θ


𝑒
𝑖


𝑥𝑝 ∈Θ𝑖

2
𝑥𝑖 − 𝑥𝑞 


𝑄𝑖 = ∑
 𝑜  .
Θ𝑖 
𝑥𝑞 ∈Θ𝑜𝑖

𝑘,𝑗

Sim (𝐵, 𝐶𝐾 ) = ∑ 𝑀𝑘𝑘 𝑄𝑘 = ∑ 𝑀𝑘𝑘 sgn (⟨𝑝𝑘 , 𝐷 ⟩) ,
(6)

(10)

where 𝐵 denotes a new article. At last, we can obtain the class
of 𝐵 through the maximum of function Sim(⋅, ⋅):

All data points in the text corpus average out of class
distance and the average within-class distance expression are
as follows:

𝐶 (𝐵) = arg max𝐶𝑘 Sim (𝐵, 𝐶𝑘 ) .


2
𝑥𝑖 − 𝑥𝑝 


𝑃 = ∑ 𝑃𝑖 = ∑ ∑
 𝑒  ,
Θ


𝑒
 𝑖
𝑖
𝑖 𝑥𝑝 ∈Θ𝑖

(7)

In order to further improve the classification accuracy
and utilize the manual labor rationally, we propose a method
with considering key person (named entity of type person) to
improve the ability of classification when key persons appear,
as shown in the following:
𝑃 (𝐶𝑖 | 𝐵) = (1 − 𝛼)

Sim (𝐵, 𝐶𝐾 )

∑𝐾
𝑖=1

Sim (𝐵, 𝐶𝑖 )

(8)

+ 𝛼𝑃 (𝐶𝑖 | 𝐵𝑘 ) 𝑃 (𝐵𝑘 | 𝑑𝑗 ) ,
where Sim(𝐵, 𝐶𝐾 )/ ∑𝐾
𝑖=1 Sim(𝐵, 𝐶𝑖 ) denotes the probability
score of article 𝐵 on class 𝐶𝑘 obtained by the method we
mentioned above, 𝐵𝑘 denotes the key person that appeared
in the article 𝐵, and 𝑃(𝐵𝑘 | 𝐵) = 1 when 𝐵𝑘 appeared in 𝐵;
otherwise, 𝑃(𝐵𝑘 | 𝐵) = 0. In other words, if a new article has
not appeared in any key person, we could not implement the
key person factor on it. 𝛼 is the balance parameter on these
two methods. The 𝑃(𝐶𝑖 | 𝐵𝑘 ) is computed as
𝑃 (𝐶𝑖 | 𝐵𝑘 ) =

𝑃 (𝐶𝑖 ) 𝑝 (𝐵𝑘 | 𝐶𝑖 )

∑𝑀
𝑖=1

𝑃 (𝐶𝑖 ) 𝑝 (𝐵𝑘 | 𝐶𝑖 )

.

(9)

4.3. News Subclass Clustering. After obtaining the rough
classification results, we need to separate every news class
into subclass 𝑆𝐶𝑖𝑥 . A natural way to detect subclasses of
an Internet text corpus is typically done using clusterings,
for instance, such as 𝐾-means or hierarchical clusterings. In
NEMAH, we propose a subclass clustering method to obtain
subclasses. Each subclass is represented as a subclass vector
𝑇 = {⟨𝑡1 , 𝑤1 ⟩, ⟨𝑡2 , 𝑤2 ⟩, . . .}, where 𝑡𝑖 and 𝑤𝑖 denote the representative word and its corresponding weight, respectively.


2
𝑥𝑖 − 𝑥𝑞 


𝑄 = ∑ 𝑄𝑖 = ∑ ∑
 𝑜  .
Θ𝑖 
𝑖
𝑖 𝑥𝑞 ∈Θ𝑜𝑖

(11)

The subclass clustering problem can be considered as a
projection of text space to a subspace. For instance, let 𝑦𝑖
be a projection space of 𝑥𝑖 after projecting; we can express
𝑦𝑖 = 𝑊𝑇 𝑥𝑖 . The principle of this projection is maximizing
the average distance of different classes and minimizing the
average distance within each class [25], as shown in the
following:

2
𝑥 − 𝑥 2
𝑥𝑖 − 𝑥𝑝 
 𝑖
𝑞


− ∑   𝑜   )
𝑟 = ∑( ∑
 𝑒 
Θ
Θ




𝑒
𝑜
 𝑖
 𝑖
𝑖
𝑥𝑝 ∈Θ𝑖
𝑥𝑞 ∈Θ𝑖

2
𝑥𝑖 − 𝑥𝑝 


= 𝑡𝑟 [𝑊 (∑ ∑
 𝑒 
Θ


𝑒
 𝑖
𝑖 𝑥𝑝 ∈Θ𝑖
[

2
𝑥𝑖 − 𝑥𝑞 


−∑ ∑
 𝑜  ) 𝑊]
Θ


𝑜
 𝑖
𝑖 𝑥𝑞 ∈Θ𝑖
]
𝑇

(12)

= 𝑡𝑟 [𝑊𝑇 (𝑃 − 𝑄) 𝑊] ,
where 𝑡𝑟(⋅) denotes the trace of a matrix and the constraint of
this equation is 𝑊𝑇 𝑊 = 𝐼. And then maximize the equation
shown as follows:
max {𝑡𝑟 [𝑊𝑇 (𝑃 − 𝑄) 𝑊]} .

(13)
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(2) The Quick Affinity Propagation Clustering on Subspace.
After projecting the initial text vector space into subspace
through projective matrix, it can generate 𝐾 clusters with
employing 𝐾-Affinity Propagation (𝐾-AP) (this method will
be more suitable for text clustering because it can achieve
more reasonable clusters than the traditional clustering methods [26]) implemented in subspace. Let the similarity of 𝑦𝑖
and 𝑦𝑗 in subspace 𝑌 = {𝑦1, 𝑦2, . . . , 𝑦𝑛 } be 𝑆 = {𝑠𝑖𝑗 }; the target
of 𝐾-AP is to find the 𝐾 real samples 𝐸 = {𝑒1 , 𝑒2 , . . . , 𝑒𝐾 },
which denotes the 𝐾 classes 𝐶 = {𝐶1 , 𝐶2 , . . . , 𝐶𝐾 }. And then
maximize the following objective function:
𝐾

𝐾

max 𝐹 ({𝐶𝑗 }𝑗=1 ) = ∑ ∑ 𝑠 (𝑦𝑖 , 𝑒𝑗 ) ,
𝑗=1 𝑦𝑖 ∈𝐶𝑗

(14)

where 𝑒𝑗 belongs to 𝐶𝑗 . The objective function can be transformed into 0-1 integer programming problem when introducing the binary parameter 𝐵 = {𝑏𝑖𝑗 ∈ {0, 1}, 𝑖, 𝑗 = 1, . . . , 𝑛},
as shown in the following:
𝑛

𝑛

max 𝐹 ({𝑏𝑖𝑗 }) = ∑ ∑ 𝑏𝑖𝑗 𝑠 (𝑦𝑖 , 𝑦𝑗 ) .
𝑖=1 𝑗=1

(15)

Equation (15) has three constraints: (1) 𝑏𝑖𝑖 , if 𝑏𝑗𝑖 = 1,
(2) ∑𝑛𝑗=1 𝑏𝑖𝑗 = 1, and (3) ∑𝑛𝑖=1 𝑏𝑖𝑖 = 𝐾, where 𝑏𝑖𝑗 = 1 when 𝑦𝑖
considers 𝑦𝑗 as a sample and 𝑏𝑖𝑖 = 1 when 𝑦𝑖 is a sample itself.
For the first constraint, 𝑦𝑖 is a sample when 𝑦𝑗 considers 𝑦𝑖 as
a sample. For the second one, it means that each data point
has only one sample point. For the last one, it means that the
number of samples is 𝐾, which can ensure that 𝐾-AP method
generates 𝐾 clusters.
(3) Hybrid Learning of Subspace Projection and Clustering
on Adaptive Subspace. The class information updated on
subspace clustering process can be utilized as a priori knowledge in the next processing on subspace projection, and
after several iterations until convergence we can obtain the
global optimal clustering result. The iteration processing is as
follows:
𝑋0 → 𝐾-AP → 𝐿0 → SubSpace → 𝑊1 , Score1
𝑌1 = 𝑊1𝑇 𝑋0 → 𝐾-AP → 𝐿1 → SubSpace → 𝑊2 ,
Score1
⋅⋅⋅ → ⋅⋅⋅ → ⋅⋅⋅ → ⋅⋅⋅ → ⋅⋅⋅
𝑌𝑡 = 𝑊𝑇𝑇 𝑋0 → 𝐾-AP → 𝐿𝑡 → SubSpace → 𝑊𝑡+1 ,
Score𝑡+1 .
It must compute the convergence function value in each
iteration:
𝑇
Score𝑡+1 = 𝑡𝑟 [𝑊𝑡+1
(𝑃 (𝐿𝑡 ) − 𝑄 (𝐿𝑡 )) 𝑊𝑡+1 ] ,

(16)

where 𝑃(𝐿𝑡 ) and 𝑄(𝐿𝑡 ) denote the average distances between
classes and within class which are calculated by (11) according
to the class vested instruction matrix 𝐿𝑡 . The iteration will
be finished when it meets the condition of convergence:
Score𝑡+1 −Score𝑡 ≤ 𝜖 or reaches the max. number of iterations.
The parameters of our clustering method are the number of

points 𝜂 which are the nearest in class and the number of
points 𝜁 which are the nearest out of class. We did crossfold validation to train these parameters and we found that
selecting 𝜁 = 𝜂 = 13 for all classes per 1, 000 documents
would perform better.
Discussion. The motivation of this module (classification and
clustering) is to find the user’s preference (subclass level)
and track the hotness of a newly published news in a given
subclass.

5. Subclass Popularity Prediction Module
On the explosion of information today, the fast pace of
life makes people focus their attention on the popular
subclass rather than spend much time searching and selecting
information. Sometimes, even users themselves have no idea
what they really want. Therefore, the hot subclass prediction
technology with recommendation function has become very
important. News subclass popularity prediction can improve
the performance of news recommender system. Besides,
it can also improve the display function of popular news
modules on website automatically, reduce the workload of
website editors, and improve the users’ browsing experience.
On the study of historical statistical data on news subclasses, we found that some subclasses are popular periodically. For instance, the subclass college entrance examination
will appear highly popular about June every year in China,
and a lot of news articles and comments focus on this subclass
at that time, as shown in Figures 4(b) and 4(a) that show the
data of college entrance examination subclass. In this paper,
we define the news subclass’ degree of concern according to
the number of news articles and their comments, as shown in
the following:
(𝑘)
(𝑘)
+ (1 − 𝜆) 𝐻𝑟𝑒
𝐻𝑘 = 𝜆𝐻𝑛𝑒

=

(𝑘)
(𝑘)
(𝑘)
(𝑘)
𝑁𝑛𝑒
𝑁𝑟𝑒
𝑁𝑟𝑒
𝑁𝑛𝑒
+
,
𝑁𝑛𝑒 + 𝑁𝑟𝑒 𝑁𝑛𝑒 𝑁𝑛𝑒 + 𝑁𝑟𝑒 𝑁𝑟𝑒

(17)

(𝑘)
denotes the popular degree of news article on the
where 𝐻𝑛𝑒
(𝑘)
denotes the popular degree of comment
𝑘th subclass, 𝐻𝑟𝑒
on the 𝑘th subclass, 𝜆 is a weight of popular degree of news
(𝑘)
(𝑘)
article and the value is 𝑁𝑟𝑒
/(𝑁𝑛𝑒 + 𝑁𝑟𝑒 ), 𝑁𝑟𝑒
denotes the
number of reviews on the 𝑘th subclass, 𝑁𝑟𝑒 denotes the
(𝑘)
number of reviews on all corpus, 𝑁𝑛𝑒
denotes the number
of news articles on the 𝑘th subclass, and 𝑁𝑛𝑒 denotes the
number of news articles on all corpus. According to the
experiments of time series analysis on our corpus, we found
that most subclasses are suitable for implementing spectral
analysis method [27].
Any stationary sequence modeling can be extended to
many cosine waves with different frequencies, amplitude,
and phase combination. This analysis method is called time
domain based analysis method. The linear combination of 𝑚
cosines with arbitrary amplitudes, frequencies, and phases; it
is shown in the following:
𝑚

𝑌𝑡 = 𝐴 0 + ∑ [𝐴 𝑗 cos (2𝜋𝑓𝑖 𝑡) + 𝐵𝑗 sin (2𝜋𝑓𝑖 𝑡)] .
𝑗=1

(18)
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Figure 4: Periodic subclass news distribution. Remark. 𝑥-axis denotes the date from August 1, 2009, to May 3, 2012; 𝑦-axis denotes the value
of 𝐻𝑘 in (17).

It can get the values of 𝐴 and 𝐵 by ordinary least squares
fitting regression. When the frequency is a special form, the
calculation will become very simple. If 𝑛 is an odd number,
which can be expressed as 𝑛 = 2𝑘 + 1, then the frequency
with the form of 1/𝑛, 2/𝑛, . . . , 𝑘/𝑛 is called Fourier frequency.
The estimated parameters are as follows:
̂0 = 𝑌,
𝐴
𝑛
̂𝑗 = 2 ∑ 𝑌𝑡 cos ( 2𝜋𝑡𝑗 ) ,
𝐴
𝑛 𝑡−1
𝑛

(19)

2𝜋𝑡𝑗
2 𝑛
𝐵̂𝑗 = ∑ 𝑌𝑡 cos (
).
𝑛 𝑡−1
𝑛

𝑌𝑡 = 𝛽 + 𝛽1 cos (2𝜋𝑓1 𝑡) + 𝛽2 sin (2𝜋𝑓1 𝑡)
+ 𝛽3 cos (2𝜋𝑓2 𝑡) + 𝛽4 sin (2𝜋𝑓2 𝑡) + 𝑒𝑡 .

If the sample size is even, which can be expressed as
𝑛 = 2𝑘, (19) still holds. But the equation will change to the
following when 𝑓𝑘 = 𝑘/𝑛 = 1/2:
𝑛
̂𝑘 = 1 ∑ (−1)𝑡 𝑌𝑡 ,
𝐴
𝑛 𝑡=1

𝐵̂𝑘 = 0.

(20)

Definition 1. When the sample size is odd, namely, 𝑛 = 2𝑘 + 1,
we define the cycle diagram whose frequency 𝑓 = 𝑗/𝑛 (𝑗 =
1, 2, . . . , 𝐾) as 𝐼, as shown in the following equation:
𝑗
𝑛 ̂2 ̂2
𝐼 ( ) = (𝐴
𝑗 + 𝐵𝑗 ) .
𝑛
2

(21)

̂ and 𝐵̂ values,
If the sample size is even, (19) still can get the 𝐴
and the cycle diagram is the same as the odd case. But in the
extreme frequency case, for example, when 𝑓 = 𝑘/𝑛 = 1/2,
the cycle diagram is shown in the following equation:
𝑗
̂𝑗 )2 .
𝐼 ( ) = 𝑛(𝐴
𝑛

The periodogram with frequency 𝑓 = 𝑗/𝑛 is inversely
proportional to the square value of the corresponding
regression coefficients. Therefore, the peaks of periodogram
show the relative intensity of sine-cosine pairs in different
frequencies, as shown in Figure 5.
In Figure 5, the periodogram has two peaks: 0.004970179
and 0.002982107; namely, the subcycle 𝑇 = 1/𝑓 may be 201
days and 335 days. The other peaks are too low that they can
be neglected. The two frequencies are selected for building
the model, which means that the model has two pairs of sinecosine in it, as shown in the following:

(22)

(23)

Using spectral analysis method for prediction has several
steps. First, we should use the periodogram for getting the
value and number of strong frequencies. Second, model is
generated by the value and number of strong frequencies.
Finally, we predict future data values according to the model
which only requires a time parameter.
Discussion. The motivation of this module is to obtain the
hotness of each subclass. Some new studies also take into
account the popularity of the newly published news article.
For example, SCENE [3] used the popular degree which is
computed as the ratio of the number of users accessing the
article. However, for the newest popular news article 𝑛𝑖 , its
clicked number would be less than the news article published
several hours or days before.

6. User Profile Module
In order to capture a user’s reading interest on news items,
generally, personalized news recommendation system needs
to construct the user’s profile. Traditionally, the user profile
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Figure 5: Periodogram of the popularity degree of college entrance examination subclass. Remark. 𝑥-axis denotes the possible frequency of
the popularity degree; 𝑦-axis represents the energy of the corresponding frequency.

can be captured by the track of user reading history. A survey
of various user profile construction techniques is provided in
[28, 29]. In this paper, we use the microblog to construct the
user’s profile. The reason is that the user who is interested
in some subclasses will tend to tweet or retweet microblog
on these subclasses. For instance, a user tweets or retweets
many messages about basketball game that we can deduce
that this user may like reading basketball news reports (i.e.,
NBA, CBA, etc.). Besides, many readers tend to glance at
news articles and are interested in some key persons’ names.
Moreover, people from different areas would tend to read the
news from their living city or their hometown. Based on the
above analysis, we propose to construct users’ profiles by the
exploration on the four factors discussed above: microblog
content, place name, and preferred key persons. In order to
reduce the computational complexity, preference is also taken
into account in our model that can be represented by a vector
𝑈𝑝𝑓 = {𝜏, 𝜌, 𝜅}. Consider the following.
(1) 𝜏 represents the key index words distribution of
microblogs which user tweeted or retweeted in the
past, and it can be expressed as a vector {⟨𝑡1 , 𝑤1 ⟩, ⟨𝑡2 ,
𝑤2 ⟩, . . .}, where each element consists an index word
and its corresponding weight.
(2) 𝜌 represents the place names which appeared in the
microblog of a specific user, and it can be expressed as
{⟨𝑝1 , 𝑤1 ⟩, ⟨𝑝2 , 𝑤2 ⟩, . . . , ⟨𝑝𝑖 , 𝑤𝑖 ⟩, . . .}, where 𝑝𝑖 denotes
a place name and 𝑤𝑖 denotes the number of this
place appearing in the tweets of the given user. We
collect all the cities and provinces names in China.
Some place names are subordinate to others; for
instance, GuangZhou city is subordinate to GuangDong province. In this case, system will add weight
to GuangDong using 𝑤GuangDong + = 𝑤GuangZhou when
GuangZhou appears.

(3) 𝜅 represents the list of key persons’ name extracted
from the users’ microblog: {⟨𝑘1 , 𝑤1 ⟩, ⟨𝑘2 , 𝑤2 ⟩, . . .},
where the name list is constructed from NanFang
Daily training corpus which the key persons’ names
have tagged in each news article.

7. Personalized News
Recommendation Module
The recommendation module can be divided into two steps:
Rough Selection (see Section 7.1) and Precise Selection (see
Section 7.3). For the first step, some subclasses are matched
due to the user’s preference. And then we select the news
articles from these subclasses by our selection strategy.
7.1. Rough Selection: Subclass Selection for a User. Once we
obtain the subclasses and user’s profile, we can calculate the
similarity between each subclass and a given user. We can use
TF-IDF weight to represent the vector of a given subtopic 𝜏𝑠 =
{⟨𝑡1 , 𝑤1 ⟩, ⟨𝑡2 , 𝑤2 ⟩, . . .}. The similarity between a subclass and
a user (represented as 𝜏𝑢 = {⟨𝑡1 , 𝑤1 ⟩, ⟨𝑡2 , 𝑤2 ⟩, . . .} in 𝑈𝑝𝑓 ; see
Section 6) is computed by cosine similarity. In general, users
tend to have their preference on some special subclasses; that
is, they are not interested in all subclasses. Therefore, we can
roughly select some subclasses with a similarity threshold.
This threshold is set to be equal to the 30% of all similarity
scores ranking with respect to a given user.
7.2. News Profile Construction. After obtaining news clusters
that user might be interested in, the next step is to select
specific news articles to the given user. Similar to user, we
initially maintain a news profile for each news article and
then model the recommendation as a budgeted maximum
coverage problem and solve it by a greedy selection algorithm.
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A news profile contains many similar factors, for example, key
person, place, clustering of belonging, recency, popularity,
and so forth. For the popularity, as we discussed above, we
used 𝐻𝑘 to represent the popularity degree of 𝑘 cluster. For
the recency, the score is represented as the following:
Rec (𝑖) =

𝑖𝑐 − 𝑖𝑝
24 ∗ 60

,

(24)

where Rec(𝑖) function returns the recency score of news
article 𝑖, and 𝑖𝑐 and 𝑖𝑝 denote the current time and published
time, respectively.
In this paper, news profiles are helpful to evaluate how the
news article can satisfy the user. Given a news profile 𝑁𝑝𝑓 =
{𝜌, 𝜅, 𝜐} and a user’s profile 𝑈𝑝𝑓 = {𝜌, 𝜅, 𝜐}, the similarity
between 𝑁𝑝𝑓 and 𝑈𝑝𝑓 is computed as
sim (𝑁𝑝𝑓 , 𝑈𝑝𝑓 ) = 𝛾1 sim (𝜌𝑛 , 𝜌𝑢 )

(25)

+ 𝛾2 sim (𝜅𝑛 , 𝜅𝑢 ) + 𝛾3 sim (𝜐𝑛 , 𝜐𝑢 ) ,

where 𝛾1 , 𝛾2 , and 𝛾3 are parameters to control how we trust or
weigh the corresponding components and are set to 1 in our
system. Each component is calculated by the cosine similarity.
Let 𝐸 be a finite set and 𝑓 a real valued nondecreasing
function defined on the subsets of 𝐸 that satisfies
𝑓 (𝑇 ∪ {𝜍}) − 𝑓 (𝑇) ≤ 𝑓 (𝑆 ∪ {𝜍}) − 𝑓 (𝑆) ,

(26)

where 𝑆 ⊆ 𝑇, 𝑆 and 𝑇 are two subsets of 𝐸, and 𝜍 ∈ 𝐸 \ 𝑇.
Such a function 𝑓 is called a submodular function [30]. By
adding an element to a larger set 𝑇, the value increment of
𝑓 cannot larger than that add an element to a smaller set 𝑆.
This budgeted maximum coverage problem can be described
as follows: given a set of elements 𝐸 in which each element is
associated with an influence and a cost defined over a domain
of these elements and a budget 𝐵, the goal is to find out a
subset of 𝐸 which contains the largest influence while the total
cost does not exceed budget 𝐵. This problem is NP-hard [31].
However, [31] proposed a greedy algorithm which sequentially picks up the element that increases the largest possible
influence within the cost limit. Submodularity resides in each
pick up step. Due to the result of [32], submodular functions
are closed under nonnegative linear combinations.
7.3. Precise Selection: News Selection for Recommendation.
In a given news subclass, we observe that most of news
concentrate on similar topic, with minor difference on major
aspects of the corresponding topic. Typically, a reader is
interested in some aspects of the given subclass, but not all
of them. Based on this intuition, our news selection strategy
can be described as follows.
Assuming that C denotes the newly published news set,
S represents the selected news set and 𝜍 denotes the news
article being selected. After selecting a piece of news 𝜍, we
must insure that
(i) the topic diversity should not deviate much in S,
(ii) S should give more satisfaction to the given user,
(iii) S should be similar to the general topic in C \ S.

For each of the above strategies, similar to [3], we define a
quality function 𝑞(S) to evaluate the value of current selected
news set S as follows:
𝑞 (S) =

1

∑ − sim (𝑛1 , 𝑛2 ) +

( |S|
2 )𝑁1 ,𝑛2 ∈S
𝑛1 ≠𝑛2
+

1
∑ sim (𝑢, 𝑛1 )
|S| 𝑛1 ∈S

1
∑ ∑ sim (𝑛1 , 𝑛2 ) ,
|C \ S| ⋅ |S| 𝑛 ∈C\S 𝑛2 ∈S
1

(27)
where 𝑛1 and 𝑛2 denote news items, 𝑢 denotes the given
user, and sim(⋅, ⋅) function returns the similarity of its two
parameters. Equation (27) contains three components corresponding to the news selection strategy we list above. 𝑞(S)
balances the contribution of different components. Suppose
𝜍 is the candidate news document; the quality increase can be
represented as
𝐼 (𝜍) = 𝑞 (S ∪ 𝜍) − 𝑞 (S) .

(28)

The goal is to select a list of recommended news documents
which provide the largest possible values within the budget
(i.e., the budget can be regarded as the maximum number of
the articles in recommended list). We can obtain a list of news
documents for each subclass by adopting the greedy selection
algorithm. Taking into account the other characteristics of
news documents, for example, the popularity and the recency,
the ranking of the selected news articles needs to be adjusted
in order to make the recommended results more reasonable.
Formally, given a news article 𝑛, the popularity and the
recency can be combined as
𝑛𝜙 =

𝐻𝑘𝑛 − 𝐻min
𝐻max − 𝐻min

−

Rec (𝑛) − Recmin
,
Recmax − Recmin

(29)

where 𝐻𝑘𝑛 denotes the popularity degree of the subclass
which the news 𝑛 belongs to and Rec(𝑛) can be obtained
from (24). From the equation above, we note that the smaller
the recency is, the higher the article is ranking. Besides, the
greater the popularity is, the higher the article is ranking.
After computing the 𝑛𝜙 value of the list of recommended
articles, we implement a quicksort algorithm on these articles
according to the 𝑛𝜙 . By such adjustment, the generated
ranking can emphasize more popular and freshness, as well
as concentrate on news documents that satisfy the user’s
preference.

8. Experimental Evaluation
In this section, we provide a comprehensive experimental
evaluation to show the efficacy of our proposed news recommendation system. We start with an introduction to a realworld collection obtained from a news and microblog service
website, SINA. After that, we will describe the experimental
design and show the results based on the recommendation
framework introduced in this paper.
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Table 2: Recommendation Micro-F1 (Top@30) of different time
periods for different classification based systems.

0.885

Range
(Y.M)

0.875

NB

Cheng

Z.Guo

NEMAH

4,239
37,910
75,047
151,995
280,737

0.204
0.206
0.227
0.198
0.210

0.242
0.254
0.289
0.271
0.273

0.270
0.268
0.297
0.274
0.284

0.351
0.364
0.403
0.371
0.383

Remark: # denotes the number of news articles. Time range 09.08 denotes
August, 2009.

8.1. Real-World Data Set. For experiments, we gather the
news data from SINA (http://news.sina.com.cn/), where the
data collection ranges from August 1, 2009, to August 31,
2012. We also gather the users who comment on the these
articles and their microblog from SINA (http://weibo.com/)
and preprocess the data by removing microblog messages
that are too short (i.e., less than 3 words) and the nonactive
users (i.e., the users who tweeted or retweeted less than 10
messages) for verifying our recommendation performance.
After preprocessing, 5, 127 users are stored with 124, 301
messages and 280, 737 news articles.
8.2. Experiments. Our system has four major components:
(1) a module responsible for classification and clustering
news articles; (2) a component of constructing and updating
profiles of users; (3) hot news subclass prediction based on
time-series analysis; and (4) a recommendation component
using news cluster and user profile accompanied by subclass
popularity factor and recency. From the experimental perspective, we verify our components firstly. And then we verify
our system compared to the state-of-the-art approaches and
design a user study.
8.2.1. Classification and Clustering Evaluation. In order to
evaluate the performance of classification and clustering
component, we design two experiments.
(1) Classification Comparison. There are many classified methods in the past decade in the field of text processing. We
implement the three following classification methods: the
method of Cheng et al. [33], the method of Guo et al. [34], and
the Naı̈ve Bayesian (NB) method. Cheng proposed a text classification based on refining concept index and Guo employed
genetic algorithm for classifying. Before using classification
module, we must set the 𝛼 in (8) and decide the threshold
of feature selection through an offline experiment, as shown
in Figure 6, where T-10% denotes that threshold = 10% in
feature selection and F-score is Micro-F1. The performance
achieves the best roughly when 𝛼 = 0.2. From the result,
we also observe that the thresholds we selected as 20%, 30%,
and 40% produce similar results, so we use 𝑇 = 20% in our
processing.
Table 2 lists the recommendation evaluation results from
different classifications. Based on the comparison, we know
that our proposed method outperforms the classical method

0.88
F1 score

09.08-09.08
09.10–09.12
10.01–10.06
10.07–11.07
09.08–12.08

#

0.89

0.87
0.865
0.86
0.855
0.85

0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

𝛼

T-10%
T-20%

T-30%
T-40%

Figure 6: 𝛼 parameter selection via classification. Remark. 𝑦-axis is
the F1 measure score of our classification using different 𝛼.

Naı̈ve Bayesian and Cheng and Guo methods in terms of F1
measure. A straightforward explanation for the improvement
is that our method uses less features selected by the method
we proposed to represent news articles and implement a
series of two-class classification to improve the similarity
problem of different classes, and the most important reason
may be that we implement the key persons which are
classified manually into the method.
(2) Clustering Comparison. In reality, we need to cluster the
news articles into subclasses every day, even every hour.
For our spider software, we know that more than thousands
of news articles arrive per day. 𝐾-means and hierarchical
clustering methods are the most common clustering algorithms. In order to verify our proposed method, we design
the experiment as follows: (1) use 500, 1000, and 1500 as
the number of newly published articles for processing; (2)
for each scale of dataset, implement classification on these
data; (3) perform 𝐾-means, hierarchical clustering, and our
proposed clustering method on these data; (4) perform
Top@30 news recommendation; and (5) compute the F1 score
for different clustering based systems. The comparison of
recommendation on different subclass clustering methods is
shown as in Figure 7.
From the experimental result, we have the following
observations. (1) NEMAH performs a better result compared
to the other methods in terms of F1 score. (2) NEMAH
is more stable than the other methods. A straightforward
explanation might be that 𝐾-means clustering needs an initial
clustering center for each cluster. Besides, with fewer parameters, our proposed method has stronger generalization and
learning ability without requiring the size and distribution of
text corpus.
8.2.2. User Profile and Subclass Popularity Prediction Evaluation. User profile is an important factor in a recommendation
system that can affect the recommendation result significantly. Our user profile construction includes the following
factors: content, place name, and key person. Prior approaches
often use the content or similar access pattern to construct
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Table 3: Diversity evaluation on different recommendation lists.

0.4
0.35

Methods
Goo
ClickB
Bilinear
Bandit
SCENE
NEMAH

F1 score

0.3
0.25
0.2
0.15
0.1

T@10
0.5104
0.5231
0.5024
0.6112
0.6821
0.7425

T@20
0.4320
0.4457
0.3547
0.3874
0.5747
0.6941

T@30
0.1215
0.1587
0.1478
0.2674
0.5687
0.6637

Remark. T at 𝑛-recommended result with top-𝑛.

0.05
0

K-means

Hierarchical

NEMAH

n = 500
n = 1000
n = 1500

Figure 7: Recommendation performance of different data scales for
different clustering based systems. Remark. 𝑛 denotes the number of
news articles for clustering.

0.4
0.35
0.3

8.2.3. Diversity Evaluation. The recommendation news list of
NEMAH performs a great diversity on both class and subclass
aspects. Let 𝑅(𝑢) be a news recommended list of a user 𝑢, and
the diversity of 𝑢 can be defined as follows:

F1 score

0.25
0.2
0.15
0.1

Diversity = 1 −

0.05
0

because microblog has not had a lot of content in its messages.
(3) The Spectral Analysis employed in subclass popularity
prediction can be better than the Three-Time Exponential
Smoothing method. Although the average performance of
Spectral Analysis is better than Three-Time Exponential
Smoothing; in our other work about time series analysis, we
found that some subclasses’ cycle diagrams have less strong
signal of frequencies which would tend to overfitting with a
large number of sine-cosine pairs and obtain worse results
in these subclasses. SCENE [3] also used the popular degree
which is computed as the ratio of the number of users accessing the article and the size of the users’ pool. However, this
method is contradicting to the freshness. The straightforward
reason is that, the freshest news may get few of clicked.

T@5
C
C + GATE
C+P+K

T@10

T@20

T@30

C+P+K+E
C+P+K+S

Figure 8: Recommendation F1 score of different profile factors and
subclass popularity prediction methods. Remark. C: content, P: place
name, K: key person name, GATE: entities name using GATE tool,
E: popularity prediction using three-time exponential smoothing,
and S: popularity prediction using spectral analysis (employed by
NEMAH).

the user profile. SCENE [3] used the content, similar access
pattern, and entities which are extracted by GATE [35]. In
reality, the entities such as place names and key person names
are stable for a period relatively. Figure 8 shows the results
of using different user profile building methods and subclass
popularity prediction methods.
From this result, we observe the following. (1) Our
method performs better performance than using GATE. (2)
Recommendation using content only cannot perform well

∑𝑖,𝑗∈𝑅(𝑢),𝑖 ≠𝑗 sim (𝑖, 𝑗)
(1/2) |𝑅 (𝑢)| (|𝑅 (𝑢)| − 1)

,

(30)

where 𝑖 and 𝑗 are two different news articles in recommendation list for user 𝑢 and sim(𝑖, 𝑗) denotes the news profile
similarity between the news item 𝑖 and 𝑗. For this metric
evaluation, we choose Goo [11] (a collaborative filtering based
method), ClickB [4] (a content-based method), Bilinear [14],
Bandit [15], and SCENE [3] (a hybrid method using LSH for
clustering and greedy algorithm for news selection) as the
comparison baselines. Table 3 shows the result of the diversity
result with |𝑅(𝑢)| = 10, |𝑅(𝑢)| = 20, and |𝑅(𝑢)| = 30 in which
we use 𝑇@10 to represent |𝑅(𝑢)| = 10.
From Table 3, we can see that our system outperforms
the others significantly, and the straightforward reason is that
we diverse the news not only according to the preference of
user but also according to the distribution of candidate news
articles. With the recommendation list enlarged, the diversity
decreases significantly on the baseline methods because they
rely on the preference of user too much.
8.2.4. System Accuracy Evaluation. In order to verify the
effectiveness of our proposed NEMAH, we implement a
recommender system that models the recommendation as
a contextual bandit problem [15]. Also, we implement the
SCENE [3] prototype system which employed LSH (Locality
Sensitive Hashing) for news clustering and used greedy
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0.35
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0.3
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0.1
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(a)

(b)

Top @30

0.5

0.45

Recall

0.4

0.35

0.3

0.25
0.2

0.25

0.3
Precision

0.35

0.4

(c)

Figure 9: Precision-recall plot of different recommendations. Remark. ∘ (green) denotes the bandit-based recommender; ◻ (blue) denotes
the SCENE recommender; and ∗ (red) represents NEMAH.

selection for user recommendation. For each method, we
select 50 users to provide news recommendation results for
them. Figure 9 shows the comparison results as Top @10, Top
@20, and Top @30 news items for each user.
In the above experiments, we can observe that, besides the
higher accuracy, the distribution of our system is more stable
than other approaches.
In reality, if users read a few of news articles every day,
many news recommendation systems could not outperform
good result for these users. Our system can address this
problem due to the microblog user profile building. Figure 10
shows the comparison results for different users groups for
all users (5, 127 users). Suppose a reader reads 𝑁 news
articles per day. From this figure, we can know that our

proposed system can outperform a reasonable result when it
is subject to nonactive users. SCENE also outperforms not bad
result. The reason is that NEMAH and SCENE consider the
named entities refereed by users. Besides, NEMAH takes into
account the popular degree on a news article.
8.2.5. A User Study on NEMAH. In order to get the other
evaluated metrics to verify our proposed news recommendation system, we develop a prototype system of our proposed
NEMAH and design a questionnaire which includes the following questions: (1) satisfaction of news content; (2) ordering of the recommendation list; (3) preference of the news
subclasses; (4) popularity of news article; and (5) novelty
of the recommendation list. For each question, we define 5
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0.4
0.35

F1 score

0.3
0.25
0.2
0.15
0.1
0.05
0

N < 10

Goo
ClickB
Bandit

10 ≤ N < 30

30 ≤ N < 50

N ≥ 50

SCENE
NEMAH

Figure 10: Comparison of F1 score of different approaches for
different user groups. Remark. 𝑁 denotes the number of news
articles per day which is read by a user.

Disclosure

4.5
4
Average number of score

the intrarelations among microblog content and news items
and, considering the subclass popularity factor, similarity
among users, place, and key person factors synthetically. Our
system supports effective classification and subclass clustering on newly published news articles along with a few of
history corpus. High quality of classification and clustering
can construct a better data structure for recommending.
Experimental results compared with some state-of-the-art
algorithms have demonstrated the better performance of
NEMAH. Besides, our work in Sections 4 and 5 can be utilized for automatic module layout and channel ranking.
For future work, to process mass network news articles,
we plan to deploy some components (e.g., classification, clustering, and subclass popularity analysis) onto the Map-Reduce
framework on our distributed system. Moreover, we also plan
to integrate the subclass popularity prediction module into
our news search engine due to the effectiveness in our work.
Another remarkable point is the interest evolution of users
(e.g., time, place, and other factors), which is able to provide
insights on the exploration of news reading behaviors.

Permission to make digital or hard copies of all or part of
this work for personal or classroom use is granted without
fee provided that copies are not made or distributed for profit
or commercial advantage and that copies bear this notice
and the full citation on the first page. To copy otherwise, to
republish, to post on servers, or to redistribute to lists requires
prior specific permission and/or a fee.
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Figure 11: User study on different metrics.

indexes for selection, where 1: So Bad, 2: Not Very Well,
3: Average, 4: Good but Needs to Improve, and 5: Excellent.
We crawl news articles of the latest three days from several
famous news websites as a candidate set for recommendation.
At last, we hire 50 volunteers who are required to have
microblog account in SINA website to help us complete the
questionnaire. We send them the same questionnaire with
different recommendation lists every week for three times.
The average result of this user study is shown in Figure 11.
From the result of user study, we can see that NEMAH can
satisfy the requirements represented by our questions of most
of people.

9. Conclusion
In this paper, we proposed NEMAH system architecture
to tackle the personalized news recommendation based on
microblog and subclass popularity prediction. We explore

The authors declare that there is no conflict of interests
regarding the publication of this paper.
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Modern Web-based Information Systems (WIS) are becoming increasingly necessary to provide support for users who are in different
places with different types of information, by facilitating their access to the information, decision making, workgroups, and so
forth. Design of these systems requires the use of standardized methods and techniques that enable a common vocabulary to
be defined to represent the underlying knowledge. Thus, mediation elements such as traders enrich the interoperability of web
components in open distributed systems. These traders must operate with other third-party traders and/or agents in the system,
which must also use a common vocabulary for communication between them. This paper presents the OntoTrader architecture,
an Ontological Web Trading agent based on the OMG ODP trading standard. It also presents the ontology needed by some system
agents to communicate with the trading agent and the behavioral framework for the SOLERES OntoTrader agent, an Environmental
Management Information System (EMIS). This framework implements a “Query-Searching/Recovering-Response” information
retrieval model using a trading service, SPARQL notation, and the JADE platform. The paper also presents reflection, delegation
and, federation mediation models and describes formalization, an experimental testing environment in three scenarios, and a tool
which allows our proposal to be evaluated and validated.

1. Introduction
In a more open world, information systems must be flexible
and readily adaptable, extendable, accessible, and operable by
different people or groups of people who are in different
places and have different types of information, facilitating
access to information by decision-makers, workgroups, and
so forth (convergent systems). This involves the use of rules
and standards for their construction and real-time operation,
interaction, and interconnection. In this kind of systems,
system “agents” (e.g., web components, subsystems, and
humans) working in the same ambient (computing space), or
even other third-party “agents”, interact. System convergence
is possible through three basic parameters: (a) autonomy and
intelligence (software agents), (b) a common vocabulary for
all convergent systems (ontologies), and (c) trading between
subsystems, necessary to enable, coordinate, translate, and
maintain this common vocabulary (traders). The most recent
Web Information Systems (WIS) have been developed under
open and distributed paradigms using rules and standards for

the construction and operation of real time interaction and
interconnection [1]. WIS are intended for the new era of
information systems in web environments, due not only to
the growing popularity of the web technology, but also to the
roles of web technology in modern information systems. The
major features of web information systems are web semantics,
XML technologies, web mining and querying, and information extraction [2].
Environmental Management Information Systems (EMIS)
[3] are a type of WIS. Experimentation with WIS technological advances in fields like medicine, biology, and especially
environment has allowed real convergent systems to develop
over time. EMIS are social and technical systems with a variety of final users and actors (i.e., politicians, technicians, and
administrators) who cooperate with each other and interact
with the system for decision making, problems solving, and
so forth. An EMIS uses normally knowledge bases distributed
in space and time. Not only is this information used by human
actors in the system but also coordinates web software (and
autonomous) components requiring a common vocabulary
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(e.g., ontologies). An example of web-based EMIS is the
SOLERES system, a spatiotemporal environmental management system based on neural networks, agents, and software
components [4].
An EMIS is an Information System supporting environmental management. EMIS are a special case of Geographic
Information Systems (GIS), though the granularity of environmental information is more specific (e.g., satellite and ecological information). Furthermore, EMIS use a more advanced,
more specific technology than geographic information systems; for instance, we use neural networks, multiagents
systems, and cellular automata features.
Two basic roles interact in WIS: the Human and the
Computer. Due to the nature of these systems (open and distributed), people organized in workgroups for decision making may be found in different places and be arranged by
their profile (e.g., administrators, politicians, technicians, and
users). This sort of interaction (Human-to-Human, HH)
requires unified protocol and communication policies for all
parts of the system. People and groups of people also interact
through the system by using user interfaces (UI), which are
generally well suited to their needs [5]. This type of interaction (Human-to-Computer, HC) also needs to establish communication protocols among users, profiles, groups, and user
interface agents. Finally, these user interface agents act as
mediators for people interacting with other system agents.
This interaction (Computer-to-Computer, CC) requires communication protocol, commonly known as choreography (or
orchestration). All three of these types of interaction protocol
(HH, HC, and CC) software have to know the knowledge
semantics that manages each part of the system (i.e., agents).
Mediators (commonly known as “traders”) enrich the
interoperability of web components working in a WIS
approach [6, 7]. These traders have to operate with other
third-party traders and/or agents in the system, which must
also use a common vocabulary to allow communication
between them. The design of these components and the interaction protocols (mentioned above) must use standardized
methods and techniques that allow a common vocabulary
representing the underlying knowledge to be defined. Ontologies are used as a means to this goal [8].
On the other hand, popularity of the WIS has led to an
increasing volume of information available in information
systems.Users depend on the web to meet their information
needs through search engines, portals, digital libraries, and
other information retrieval systems [9, 10]. However, information overload has led to a situation where users are
swamped with too much information and have to sift through
the material in search of relevant content. To address these
problems, a variety of techniques, inherent in information
searching, drawing from the fields of information retrieval,
information filtering, human-computer interaction, and the
study of information search behavior have been adopted in
the WIS. Information retrieval refers to techniques that assist
users in meeting their information needs [11].
The main WISinformation retrieval mechanism is the traditional Query-Searching/Recovering-Response (QS/RR). This
mechanism is based on the traditional client/server model.
On one hand, the term “Query” refers to the whole process of
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creating and formulating the client’s question. The term “Searching” refers to the process of locating the repositories where
the information is found, and the term “Recovering” refers
to the process of locating, identifying, and selecting the data
from the data sources (repositories, data storage, or databases,
regardless of the model). Finally, the term “Response” refers
to the whole process of formulation, preparation, and creation of the response by the server to the client. The “QuerySearching” pair is a process that goes from the client to the
server. The “Recovering-Response” pair goes from the server
to the client.
UDDI (Universal Description Discovery and Integration)
specification and WSDL (Web-Services Definition Language)
for SOA (SOA, http://www.oasis-open.org/) (Service Oriented
Architecture) are based on theseclient/server implementations for web systems. Nevertheless, these techniques allow
agents to respect a subscribe/publish/response model and a
QS/RR information retrieval approach for locating WSDL
documents (i.e., XML specifications of web-services) and
connecting web services in WIS, but not for different types of
information (non-WDSL information). Traders are another
solution for open and distributed systems [12] that extend
the OMA (OMA, http://www.omg.org/) (Object Management Architecture) ORB (Object-Request Broker) mechanism.
Although traders are traditionally used as middleware for
object interoperability, they can easily be adapted for interoperability of information and functionality. In respect to this,
the use of functional ontologies in our work is a good
solution for adapting traders to information retrieval in WIS.
User information retrieval is an emerging area and a promising avenue for the design and implementation of a new generation of information retrieval systems, especially for new
web-based EMIS due to the particularity and complexity of
the information and users (politicians, technicians, and
administrators) [13].
In a sense, the SOLERES system (a spatiotemporal environmental management system based on neural networks,
agents, and software components), our EMIS model, follows a
WIS approach [14–17]. In this paper, we propose the Ontological Web Trader (OntoTrader) as a mechanism for solving the
complexity of information retrieval in the EMIS by means of
a trading model for WIS guided and managed by ontologies.
This kind of web service is a user-information search service
based on a web QS/RR model. Therefore, OntoTrader is a
new information retrieval mechanism that implements a QS/
RR model and uses the SPARQL query language and the
OWL ontology description language to operate. This service
is based on a user request action that identifies the agents
involved and their communication protocols. In our system,
the ontologies are used in two different contexts: (a) they represent the application domain information itself and (b) the
services that some agents request from others during their
interaction. Although a trader agent has five interfaces (i.e.,
Lookup, Register, Link, Proxy, and Admin), this paper discusses only the behavioral and data ontology design features
of the Lookup trader interface, which is used for searching
and recovering user information in a QS/RR model. All
research work presented here is part of a complete design
strategy for Ontology-Driven Software Engineering (ODSE)
that we are developing in SOLERES.
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The remainder of the paper is organized as follows.
Section 2 reviews some EMIS approaches and compares how
ontologies, agents, and trading features are used. Section 3
presents the SOLERES system as a running case study.
Section 4 defines OntoTrader, a WIS information retrieval
mechanism. In this part, we describe the Lookup interface
ontology and the metadata template that the trader manages (i.e., an OWL metadata repository of environmental
information) in OWL and formalize them in UML. Section 5
presents OntoTrader formalization. Sections 6 and 7 describe
some implementation and experimental scenario details and
some evaluation and validation discussions, respectively. We
end with some conclusions and prospects for future work in
Section 8.

2. EMIS Technology
The progress of the new technologies in web-based information systems is obvious. In a more open world, information
systems must be flexible and readily adapted, extendable,
accessible and operable by different people or groups of people (convergent systems). The convergence of these systems
may appear over time with the business needs of the system.
For instance, a decision-making system in medicine, originally made up of two subsystems, may increase over time by
connecting to other systems in networks which require/
provide contents/services to the system service as a whole.
The convergence of these systems is possible due to three
basic parameters: (a) autonomy and intelligence, (b) a common vocabulary for all convergent systems, and (c) mediation
between subsystems, necessary to enable, coordinate, translate, and maintain this common vocabulary. In the first parameter, software agent and multiagent system properties
encapsulate traditional concepts of web components (or web
services) with repositories of knowledge-based rules that
work autonomously (endowing it with a certain degree of
intelligence). These rules can be made and applied to agent
groups that work in the same communication and behavior
patterns (choreography). Ontologies are a good mechanism
for establishing this common vocabulary necessary in convergent systems.
Semantic web is a good example of this. It standardizes the
criteria, languages, mechanisms, methodologies, and platforms in universal web data semantics. Finally, trading services are a good device for communication-coordination
(interoperability) between WIS subsystems as, for example,
UDDI and WSDL in SOA. EMIS is an example of WIS developed during recent years. Experimentation with technological advances in WIS in fields like medicine, biology, and especially environment has allowed real convergent systems to
gradually emerge. In the following sections, we analyze some
relevant EMIS found in the literature and see how agents,
ontologies, and trading services are applied, ending with a
case study, the SOLERES system architecture, as an example
of an environmental information system developed by the
Applied Computing Group (ACG) at the University of Almeria, Spain [4].

3
2.1. Agent and Multiagent Systems in EMIS. Software agents
are applied in different contexts in information systems. They
are applied in four basic ways (their hybrids) in Web-based
Environmental Information Systems (our main line of
research).
(a) In information management, agents can be used for
searching for information (such as a database); they
can filter results, recall them, organize, or even automatically distribute them.
(b) In control and supervision processes (monitoring), an
agent can monitor a particular element or activity and
respond to any event that may occur, for example,
in transport system modeling and control or in
industrial processes.
(c) In cooperative work, group applications (Computer
Supported Cooperative Work, CSCW), where, due to
their nature, agents can support the information flow
necessary for the activity and interaction of group
members.
(d) As personal assistants, an agent can only easily represent a user if he/she knows his/her preferences beforehand and can act according to those preferences. For
example, in electronic commerce applications, the
commercial transactions require access to many
resources in real time, and this task can be performed
by one or more agents on behalf of the user.
We used these four contexts to design and implement
the QS/RR model for a web-based trading agent (OntoTrader), Section 4. For an MAS design, not only the properties mentioned above must be borne in mind, but also the
choice of a clear, precise methodology and a development
platform. There are currently over a hundred software products for agent-based application design, which are mainly
used in academic and commercial environments. Some
examples are AdventNet Agent Toolkit, Agent Builder,
AgentTcl, AgentTalk, AgentTool, AgentWare, Cable, Emorphia, FIPA-OS, Grasshopper, Impact, JADE, MAGE, MASS,
Microsoft Agent, SiWalk, Soar, and so forth. We used
JADE (JADE, http://jade.tilab.com/) (Java Agent Development Framework) to implement the SOLERES multiagent
system because it simplifies the implementation of multiagent
systems through middleware and provides a tool-set as support for depuration and implementation of open, distributed,
and heterogeneous information systems.
Agent-based environmental systems are grouped into
environmental information management, assistance in
decision-making for environmental problems, and environmental system and process simulation. Due to our special
interest in EMIS designed with agent technology, we exhaustively reviewed the most important systems. Table 1 shows a
summary of the EMIS architectures studied. We have
included the following relevant system metrics used in our
web trading agent proposal, including SOLERES, in the table
for comparison: (a) use of trading mechanisms, (b) use of
modeling and designing ontologies, and (c) use of some type
of user or interface agent. We also studied the technology and
the main application domain metrics. The EMIS architectures
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Table 1: A comparative view of some environmental management system architectures.

System
InfoSleuth
EDEN-IW
NZDIS
FSEP
MAGIC
DIAMON
BUSTER
SOLERES

Trading
No
No
No
No
No
No
Yes
Yes

Ontologies
Yes
Yes
No
No
No
No
Yes
Yes

User agent
Yes
Yes
Yes
No
Yes
Yes
No
Yes

studied were InfoSleuth [18], EDEN-IW [19], NZDIS [20],
FSEP [21], MAGIC [22], DIAMOND [23], and BUSTER [24].

Technology
XML/RDF, KQML, and OKBC
JADE, DAML-OIL
CORBA/OQL, MOF
JACK
FIPA-ACL, CORBA
Java/C++, FIPA-ACL
OIL, FIPA-OS
JADE, OWL, SPARQL, and UML

Application domain
Water resources
Water resources
Environmental data
Meteorology
Water treatments
Water treatments
Geographical information
Ecology

: Trader

: Exporter

: Importer

1: export()

2.2. Ontology Applications in EMIS. Ontologies were designed to be used in applications that need to manage information semantics. In general, ontologies not only describe spatial data, for instance, more easily understood by computers
in encoded semantics, but also integrate other EMIS data (i.e.,
geographical) from different sources and different ways of
reasoning.
There are several languages available for modeling knowledge domains [25], in particular, DAM-OIL [26] and OWL
[27]. Web Ontology Language (OWL), the most recent and
widely used language at present, was designed to be used in
applications that need to test the content of the information
instead of just representing it. Such content can either be new
or related to others. An ontology can therefore use terms that
are included in other ontologies and change them, creating an
open, distributed system.
In the literature, ontologies have been used to represent
environmental knowledge. In [28], the authors present an
environmental decision-support system called OntoWEDSS
for wastewater management. In this system, an ontology is
used to provide a common vocabulary for modeling the
wastewater treatment and an explicit conceptualization that
describes data semantics. Another example may be found in
[29], an air quality monitoring system, which uses an ontology to define messages and communications concisely and
unambiguously. In [30], the authors present Ecolingua, an
EngMath family ontology for representing quantitative ecological data. These examples show the use of ontologies to
build models that describe the entities in the given domain
and characterize the relationships and constraints associated
with them.
In [31], the authors present an ontology for representing
geographic data and related functions. To meet the need for
an interoperable GIS, in [27] the authors propose a Geoontology model design to integrate geographic information.
We have also explored an ontological application in the field
of geographic information retrieval [32]. A different use
appears in [6], where an OWL extension has new primitives
for modeling spatial location and spatial relationships with a
geographic ontology.
Extensions of existing ontologies have also appeared in
this knowledge domain. In [33], the authors propose a

2: query()
3: import()
4: invoke()

Figure 1: Roles of the ODP trader (Adapted from ISO RM-ODP).

geographic ontology based on Geographic Markup Language
(GML) [34], and the OWL-S profile is extended to geographic
profiles. Another case is an extension of the NASA Semantic
Web for Earth and Environmental Terminology (SWEET)
ontologies that includes part of the hydrogeology domain
[35].
2.3. Trading in Open Distributed Systems. The Reference
Model of Open Distributed Processing (RM-ODP) is a model
jointly developed by the International Standard Organisation
(ISO) and the International Telecommunication Union (ITUT). This model defends the transparent use of services
distributed in platforms and heterogeneous networks and
dynamic location of these services. The trading function is one
of the 24 functions of ISO/ITU-T ODP model [12]. This speciation was adopted by the Object Management Group (OMG)
which called it CosTrading for the CORBA services trading
service.
From the viewpoint of object-oriented programming
(OOP), a trading function (trader) is a software object which
serves as an intermediary between objects that provide certain capacities (services) and objects that require dynamic use
of these capacities. From the ODP perspective, those objects
providing capacities to other objects are called exporters and
those requiring capacities from the system objects are called
importers (Figure 1).
A trading object uses five interfaces to interact with client
objects (importer and exporter): Register, Lookup, Link,
Proxy, and Admin. The Lookup interface allows clients to ask
the trader about the services stored in the trading service.
With the Register interface, clients can export services offered
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in the trader. The Link interface allows the trader to be connected to other traders (i.e., trading federation). This enables
the system administrator to connect his trader with other
well-known traders and propagate requests in a network. The
trader can also send the request to connected traders and
locate new offers with the same searching conditions imposed
on the target trader. The Admin interface allows administrators to configure the trader (e.g., searching policies, ordering
policies, and numbers of federated traders allowed). The
Proxy interface is used to enable legacy system properties in
federated trader systems.

3. A Case Study: The SOLERES System
This section presents the main SOLERES system architecture, a spatiotemporal information system for environmental
management (an example of EMIS). This system is supported
by the application, integration, and development (extension)
of multidisciplinary studies in satellite imaging, neural networks, cooperative systems based on multiagent architectures
and intelligent agents, and software systems with commercial
components. The general idea of the system is a framework
for integrating the disciplines above for “environmental information” as the application domain, specifically ecology and
landscape connectivity. The system has two main subsystems,
SOLERES-HCI and SOLERES-KRS. Figure 2 shows the general system architecture.
SOLERES-HCI is the framework specialized in humancomputer interaction. This level of the information system is
defined by means of the Computer Supported Cooperative
Work (CSCW) paradigm and implemented using innovative
intelligent agent technology and multiagent architectures.
The system is designed to be used for cooperative environmental decision-making tasks by different people (systems users) arranged in different organization models (i.e.,
depending on their hierarchy or profile). There may be politicians, technicians, or administrators, among others, who
need to interact with each other and with the system.
A user of the cooperative system has an intelligent agent
(Interface agent in Figure 2), which operates two ways: (a) by
managing user interface presentation and interaction (UI
agent) and (b) by managing the environmental queries (EMIS
agent). The UI agent mediates between the user and other
users in the system (using other UI agents). The EMIS agent
refers to a virtual consultant or virtual supervisor who cooperates with other agents within a previously established multiagent architecture. Both agents (i.e., UI and EMIS agents)
follow protocol models for orchestration of the cooperative
system, cooperation among agents. UI agents use HCI choreography (protocol) and EMIS agents use CSCW choreography.
On the other hand, SOLERES-KRS is used to manage
environmental information. The IMI agent is like a gateway
between the user interface and the rest of the modules and is
responsible for the management of user demands.
Given the magnitude of the information available in the
information system, and that this information may be provided by different sources, at different times or even by
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different people, the environmental information (i.e., the
knowledge) can be distributed, consulted, and geographically
located in different ambients (i.e., locations, containers,
nodes, or domains) called Environmental Process Units
(EPU). Thus, the system is formed by a cooperative group of
knowledge-based EPUs. These groups operate separately by
using an intelligent agent to find better solutions (queries on
ecological maps).
We accomplished the distributed cooperation of these
EPUs by developing a web trading agent (OntoTrader) based
on the ODP trader specification [12] and extended to agent
behavior. Our trading agent mediates between HCI requests
and EPU services. EPUs manage two local repositories of
environmental information. One of the repositories contains metadata on the information in the domain itself
(i.e., basically information related to ecological classifications and satellite images), called Environmental Information
Map (EIM) data or EIM documents. This information is
extracted from outside databases (External DB repository
in Figure 2). The EIM documents are specified by an ontology
in OWL [15, 16] (<<OWLrepository>>). These EIM documents are the first level of information in the KRS subsystem.
The second repository contains metadata called environmental information metadata (EID), or EID documents.
These documents contain the most important EIM metadata
that could be used in an information retrieval service and,
furthermore, incorporate other new metadata necessary for
agent management itself. To a certain extent, an EID document represents a “template” with the basic metadata from the
EIM document data. The EID documents have also been
specified by an ontology to accomplish open distributed system requirements. EID documents represent the second level
of information in the KRS subsystem. Each EPU keeps its own
EID document (or sets of documents) locally and also registers them with the OntoTrader (the web trading agent). This
way, the OntoTrader has an overall repository of all the EID
documents from all EPUs in an ambient and can thereby offer
an information search service, as described further below.
The trading service implemented and the requirements
that it must fulfill to be considered open and distributed are
described below. Afterwards, the structure and ontology used
by the software agent responsible for this service (the trader
agent) are explained.

4. Ontological Web Trading (OntoTrader)
Trading is a well-known concept for searching and locating
services. In a trader-based architecture, a client component
that requires a particular service can query a matchmaking
agent (i.e., the trader) for references to available components
that provide the kind of service required. We based our work
on the traditional functionality of a trader, but with adapting
it to knowledge-based agents instead of objects (or software
components). But first, let us see the requirements a trader
should have.
4.1. Requirements for Open Distributed (Web) Trading.
Although the trading services could be compared to web
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Figure 2: SOLERES architecture.

search engines, in reality, web searches are more structured.
In a trading service, the matching heuristics need to model
the vocabulary, the distance functions, and the equivalence
classes in a specific domain. For cooperation among web
traders, trading services using different strategies should be
able to federate. For example, a repository-based federation
strategy makes it possible for different trading services to
read and write in the same repository at the same time, each
unaware of the presence of the others in the federation, and
thereby allowing the approach to be scalable. On the other
hand, the traditional “direct” federation strategy requires a
trading service to communicate directly with the trading
services with which it is federated. Although this federationbased scheme is very safe and effective, communication
overloads increase with the number of federated trading
services.
Current information searching and selection (recovery)
use “hard” matchmaking operations which are too restrictive,

and “soft” matching criteria are often necessary. In trading
services, especially in independently extendable open systems (e.g., the Internet), it must be decided whether “soft” or
“hard” matching is required. A trading service should thus
allow users to be able to specify heuristic or metric functions
in the search, particularly in cases where matches are “soft.”
For instance, the trading service could return results ordered
by a search criterion or discard some search sequences in the
repositories where they are carried out.
Furthermore, after processing, a trading service should
respond to a user-query request (through a SOLERES-HCI
interface agent) with a result. This result, found after a requestresponse action, can refer either to a list of results that meet
the restrictions imposed on the query or to a “failure” notice
if the search could not find a solution. If a “failure” notice is
returned, the trading service should also be able to demand
that the query request must necessarily be satisfied; otherwise, the query request is stored, and the response is delayed.
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(a) QS/RR model view
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Parser

1
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(b) Web trading agent view

Figure 3: The web trading agent (b) uses the QS/RR model (a).

This request-response behaviour is called store and forward
query. Finally, a trading service should also allow query
requests to be delegated to other (known) traders if they
cannot be satisfied by the current trading service.
Now that the demanded requirements of the trading service have been identified, the service support structure can be
described.

4.2. Web Trading Agent. As outlined in Section 1, this section
describes the internal structure of our trading agent and some
details about its design and implementation. It should be
emphasized that the trader agent, like all SOLERES system
agents, was modeled, designed, and implemented based on
run-time management of the ontologies used. The trader
therefore manages two kinds of ontologies, data and functionality (or process). The first are related to the ecological
information repositories which the trader can access. The
second refers to trader functionality, that is, things which it
can do and demand from others. In this case, behaviour and
interaction protocols must be also defined. These definitions
set the operating and interaction rules for agents, governing
how the functions that the trader provides and demands to
work (behaviour) are used and the order they are called up in
(protocols or choreography). With this in mind, certain development details must be explained. Since the work perspective presented here is more focused on the searching
process and how the trader was designed based on the
ontologies, the explanation concentrates only on the Lookup

interface (definition of the rest was similar to the following
explanation).
Ontologies are written in the OWL notation and formalized as a metamodel using UML class diagrams. We also use
graphs to show details of relationships between properties.
Throughout the explanation, these notations are used to refer
to data or functionality ontology, though all three notations
represent the same thing.
As mentioned above, the trading service takes part in the
search for environmental information based on the QS/RR
model. As shown in Figures 3(a) and 3(b), there are two basic
sections in the model: (a) the user or user groups who are
represented by an agent interface (Figure 3(a)) and (b)
the trading service which locates the metainformation
(Figure 3(b)). Regarding which it should be recalled that
the SOLERES system stores (as a whole) the environmental
information distributed in different OWL repositories on
two levels. Some contain environmental metadata (EIM
repositories) and other metadata from the first one (EID
repositories). The trader manages an EID repository.
The system makes use of ontologies. Specifically, it distinguishes data ontologies, which represent the information in
the domain on two levels, and service/process ontologies,
which represent the actions that can be performed in the
system, the information necessary to perform them, and the
results of those actions. In SOLERES, the EIM and EID data
ontologies, as well as the Lookup, Register, Admin, and Link
service/process ontologies, are described, and they in turn are
related to the mediation system interfaces.
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Figure 4: Ontology of the EID metadata that traders use.

Time
Time is started by classification Time is ended by classification Classification starts time Classification ends time
Classification
Classification is made by technician

Technician makes classification

Technician

Figure 5: Classification is temporal information carried out by technicians.

Figure 4 shows a data ontology from an EID repository.
For a better understanding, we also show two figures with the
ontological relationships of the elements which describe the
EID ontology (Figures 5 and 6). Let us recall that the application domain to be modeled is ecological information (a type
of environmental information) on cartographic maps and
satellite images. Advanced algorithms based on neuronal networks to find correlations between satellite and cartographic
information were developed by the SOLERES work team.
For the calculation of this correlation, prior treatment of
the satellite images and maps is necessary (an image classification, Classification). A cartographic map stores its
information in layers (Layer), each of which is identified by
a set of variables (Variable). For instance, we are using cartographic maps classified in 4 layers (climatology, lithology,
geomorphology, and soils) with over a hundred variables
(e.g., scrubland surface, pasture land surface, and average
rainfall).
Satellite images work almost the same way. The information is also stored in layers, but here they are called bands.
An example of satellite images are the LANDSAT images,
which have 7 bands (but no variables are stored in this case).
Finally, both the cartographic and satellite classifications
have geographic information associated (Classification),
which is made at a given time (Time) by a technician or group
of technicians (Technician). As a complement and formalization for graphs and metamodel, Table 2 shows the complete assertions of the eight ontology entities (the assertions
may easily be interpreted from Figures 4, 5, and 6).
The functionality of our web trading agent [14, 36] is
divided into three clearly differentiated components

(see Figure 3): (a) a component that manages the agentcommunication mechanism (Communication); (b) a parser
that codes and decodes the trading ontology-based messages
exchanged (Parser); and (c) trading itself (Trader). The
third component is inspired by the traditional OMG trading
object service specification concepts [12] (see Section 2.3).
This specification indicates how offers and demands are to be
implemented among objects in a distributed environment
and proposes grouping all the different functionalities that a
trader may include. Although the standard specifies five trader
interfaces (i.e., Lookup, Register, Admin, Link, and Proxy), its
specification does not demand a trader to implement these
five interfaces to work. In fact, we have only developed
ontologies for the Lookup, Register, Admin, and Link
interfaces, but none has been implemented for the last one
yet. The Lookup interface offers the search-information in
a repository under certain query criteria. The Register
interface enables objects in this repository to be inserted,
modified, and deleted. The Admin interface can modify the
main parameters of the trader configuration, and finally,
the Link interface makes trading agent federation possible.
As previously explained, this paper focuses on identifying
and explaining how ontologies appear and intervene in the
web trading agent service. Of the interfaces implemented, we
only explain here how the Lookup interface works, because it
takes part in the search, which is the primary subject of
this paper. Several system agents, depending on their functionality, request these tasks (provided by the interfaces) from
the trading agents. For example, a resource agent (belonging
to a given EPU) could request the trading agent of the ambient
where both are located to register a new EID document by
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Figure 6: Ontological relationships of a classification.
Table 2: Formal EID ontology assertions.
Number

Entity

Number 1

Band

Number 2

Classification

Number 3

Geography

#4

Layer

Number 5

Satellite image

Number 6

Technician

Number 7

Time

Number 8

Variable

Assertions
(band id exactly 1) and (band is shown by satellite image min 0) and (band name
exactly 1)
(classification id exactly 1) and ((classification shows layer min 1) or
(classification uses satellite image min 1)) and (classification ends time exactly 1)
and (classification is made by technician min 1) and (classification name exactly 1)
and (classification shows geography exactly 1) and (classification starts time
exactly 1)
(geography id exactly 1) and (geography is shown by classification min 0) and
(geography locality exactly 1) and (geography name exactly 1) and
(geography town exactly 1)
(layer id exactly 1) and (layer has variable min 1) and
(layer is shown by classification exactly 1) and (layer name exactly 1) and
(layer observations max 1)
(satellite image id exactly 1) and (satellite image is used by classification min 0)
and (satellite image shows band min 1)
(technician id exactly 1) and (technician first name exactly 1) and
(technician last name exactly 1) and (technician makes classification min 0) and
(technician organization max 1)
(time id exactly 1) and (time day exactly 1) and (time month exactly 1) and
(time year exactly 1) and (time is started by classification min 0)
(variable id exactly 1) and (variable name exactly 1) and (variable is had by layer
exactly 1)

using the Register interface. Under these circumstances,
how is this request between agents expressed? In SOLERES,
this is done by specifying the service requests as ontologies.
The ontologies used to describe services are known as “process ontologies,” and they are for three types of entities: concepts, actions, and predicates.
In our system, an ontology has been created for each of the
four interfaces (services) implemented by the trading agent.
The set of all ontologies used for these trading agent services is
called the trading ontology. Creation of specific ontologies for
specific services allows the agents to use only the ontology
that they need at any given time. Figure 7 shows an example of
a service (i.e., interface) ontology expressed in UML notation.

In this case, the part of the ontology that defines the Lookup
service is specified. This ontology is written in terms of concepts (domain entities), actions carried out in the domain
(actions that affect concepts), and predicates (expressions
related to concepts). The only action in the Lookup service
ontology is query, which makes the search for EID documents
according to specified prerequisites. The concepts identified
in the ontology are
(i) QueryForm gives the information in the EID document necessary to make the query.
(ii) PolicySeq represents the set of policies that specify
how the search is to be made. These policies may affect
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def search cardPolicy
-Value: unsigned long

max search cardPolicy
-Value: unsigned long

exact type matchPolicy
-Value: boolean

Policy
-Value
∗
1..∗
PolicySeq

QueryForm
-id: unsigned long
-uri: string
-Type: string
-Source: string
-Target: string
1

OfferSeq
-id: unsigned long
-uri: string

1

1

0..1

1 1
Query

1 1 1 1

OfferSeqmatch
-id: unsigned long
-uri: string
0..1

1

1 1 1

1
1
1
1
UnknownQueryForm PolicyTypeMismatch InvalidPolicyValue DuplicatePolicyName

1
QueryError

1
EmptyOfferSeq

1
NotEmptyOfferSeq

Message
-Returned_message: string

Figure 7: UML Lookup ontology metamodel.

the functionality of the trader during the execution
time.
(iii) OfferSeq refers to the set of EID documents that meet
the query requirements. It therefore represents the
result of the service requested.
(iv) OfferSeqMach refers to the matchmaking process
result. Results can be hard or soft solutions. The first
one represents an exact solution (i.e., what the user
exactly wants) and the second one refers to a partial
solution.
4.3. OntoTrader: Trading Models. Let us now see how the
ontological web trading agent operates in the query process
following the QS/RR model, since the query made by the user
(or group of users) remains in the user interface until the
results are retrieved.
This model is a trading-based version of the three-level
client/server model. It is comprised basically of a series of
objects or processes <I,T,D>, each of which intervenes on a
different level, depending on the treatment of the query. The
implementation of these objects then corresponds to agents.
Level 1 (L1 ) is like the client side. Queries are generated and
dealt with by an interface object (I). Level 3 (L3 ) is the
server side. System data (D) reside on this level. In our case,

these are the EIM repositories with the environmental information. Level 2 (L2 ) is the middleware that enables the
source information to be located. This is the level where the
trader objects (T) operate. In our case, associated with the
trader (T), the EID repositories with the source environmental information metadata (EIM) also reside there. All three
objects use the Lookup ontology (defined in Figure 7) to communicate. As the premise for their functioning, an interface
object must be associated with a trader object. However, a
trader object can also be associated with one or more outside
data sources or resources, in our case, with the environmental
source data (which reside in the EPU units, as discussed
above). This “trader-information source” association arises
from the production of environmental information, where
each EPU has an associated trader in which a subset (metadata) of environmental information generated in the EPU is
registered. On the other hand, each trader can be associated
with one or more traders in federations.
In this three-level architecture, three different scenarios
or trading models are possible: Trading Reflection, Trading
Delegation, and Trading Federation. Figure 8 shows the three
levels (L1 , L2 , and L3 ), where the three basic objects (I, T, and
D) reside, and the three trading models are permissible in
OntoTrader, as described below.
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T
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D
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D

Scenario number 1
(trading reflection model)

Scenario number 2
(trading delegation model)

Scenario number 3
(trading federation model)

Figure 8: The three trading models of OntoTrader.

(i) The Trading Reflection model is a model for direct
trading on the trader. The query may be solved
directly by the trader. The query is generated on the
interface and the information can be reached by the
metadata that reside in the repository associated with
the trader. In this case, the model <I,T> pair intervenes.
(ii) The Trading Delegation model trades indirectly with
the trader. The query is partly resolved by the trader. A
query is generated on the interface level that goes on
to the trading level (T). The trader locates the source
(or sources) of the source data (D) in its repository,
inferring this information from its metadata repository. Therefore, the trader delegates the query to the
outside data source (D). In this case, the object series
intervening is <I,T,D>.
(iii) Finally, the Trading Federation model is a case in
which two or more traders are able to federate. As
in the cases above, the query remains preset on the
interface. This query is passed on to the associated
trader. The trader can propagate the query to another
federated trader, who locates the external data source
(D). In this case, the object series intervening
is <I,T,T,D>.
4.4. The Lookup Ontology in OntoTrader. The Lookup ontology is used between system objects. The trader uses the
Query action and the query form concept (see the Lookup
ontology, Figure 7). The Query Form concept expresses the
query in a specific language, whose properties, among others, are an id (a query identifier) and a uri (reference
to the file where the query is stored). In addition, there
could be a set of query policies (Policy) through the
Policy Seq concept, and each “policy” is represented
by means of a tuple (name, value). For instance, some
of the tuples implemented are def search card Policy
ormax search card Policy, indicating the number of
records to be located by default and the maximum number of
records to be located in the query, respectively. Possible
exceptions are (Lookup ontology, Figure 7)
(i) UnknownQueryForm indicates that the query cannot
be answered because the file specified in the uri is
not accessible.

(ii) PolicyTypeMismatch indicates that the type of
value specified is not appropriate for the policy.
(iii) InvalidPolicyValue indicates that the policy
value specified is not within the permissible value
range for that policy.
(iv) DuplicatePolicyName indicates that more than
one value for the same policy hve been specified in
the PolicySeq.
(v) QueryError indicates that an error has occurred
during the query.
If there is no exception and the query is successfully executed, either the EmptyOfferSeq predicate is used when no
record is returned by the query or the NotEmptyOfferSeq
predicate, when some record is returned. This, in turn, uses
the OfferSeq concept to represent the set of records located
in the query, whose properties are the query “id” and the file
“uri” where the records found are stored.

5. Formalization of Ontological Web Trading
This section presents the formalization of ontological views of
the query and response actions for the proposed web trader
agent. Both actions are described by means of theLookup
ontology (see Figure 7). We focus only on the formalization of
the Lookup ontology because of its relationship with the
QR/RR process.
Definition 1 (web trader). A web trader T is determined by
two sets T = {O, G}, where O is a set of two types of ontologies
(data and functions) O = {O𝑑 , O𝑓 } and G is a set of scheduling
and control agents, where
(a) O𝑑 is an OWL repository used by the trader,
(b) O𝑓 is a set of five ontologies: O𝑓 = {L, E, D, K, X},
where L is the ontology of the Lookup interface, L ≠
0 (mandatory).E is the ontology of the Register interface,
E ≠0 (mandatory). D is the ontology of the Admin interface.
K is the ontology of the Link interface. Xis the ontology
of the Proxy interface.
In the framework of SOLERES system, ontological data
O𝑑 are related to ecological information repositories written
in OWL. Ontological functions O𝑓 refer to trader functionality. There are at least two ontological functions: (a) the
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Lookup ontology (L), which models the query made to the
trader about information (templates) stored in the trading
service, and (b) the Register ontology (E), which models the
export (register) of OWL instances in the trader. The three
remaining ontologies are not mandatory in a web trader. The
Link ontology (D) models the interconnection of traders (i.e.,
trading federation). An Admin ontology (K) models the
trader configuration (e.g., searching policies, ordering policies, and numbers of federated traders allowed). Finally, a
Proxy ontology (X) models the legacy systems properties in a
federated trader system.
Definition 2 (Lookup ontology). The Lookup interface of a
web trader agent is defined as an ontology L = {C, A, P,
R, R} consisting of
̂ where
(a) C, a finite set of concepts: C = {F, Y, O, O},
(i) F is a query form F = {id, uri, type, source,
target};
(ii) Y is a policy sequence, for instance:
{def search cardPolicy, max search cardPolicy,
exact type matchPolicy};
(iii) O is an offer sequence O = {id, uri};
̂ is an offer sequence match M = {id, uri}.
(iv) O
(b) A, an action A = {Q} where Q is an input query
action.
(c) P, a finite set of predicates P = {M}, where M is a
returned message.
(d) R, a relation of request.
(e) R, a relation of response.
A represents the set of possible actions (in the Lookup
ontology, only a Query, Q), while F is a concept related to a
Query action, which represents the query made.
Predicates report any errors in the previous action
(UnknownQueryForm, PolicyTypeMismatch, InvalidPolicyValue, DuplicatePolicyName, and QueryError) or a successful
action; that is, it has been performed satisfactorily (EmptyOfferSeq and NotEmptyOfferSeq).
Definition 3 (relation of request). Given a query form concept
F, a policy sequence concept Y, and a query action Q, a
relation of request is defined as R ⊆ (F × Q) ∪ (F × Q × Y).
The purpose of the relation of request is to define the
relationships that exist between concepts (set C) and actions
(set A).
Definition 4 (relation of response). Given an input query
action Q, a returned message predicate M, and an offer sequence O, a relation of request is defined as R, a relation of
̂
response R ⊆ (Q × M) ∪ (Q × M × O) ∪ (Q × M × O × O).
Finally, there could be relationships between “Actions”
and “Concepts,” between “Predicates” and “Actions,” or even
between the pair “Predicates” and “Concepts.”

Definition 5 (ontology uses). Let us assume a given query Q, a
message M, an offer sequence O, and an offer sequence match
̂ The uses of the ontology are defined in these three ways:
O.
(a) (𝑄 × 𝑀) → 𝑀 = 𝑈𝑛𝑘𝑛𝑜𝑤𝑛𝑄𝑢𝑒𝑟𝑦𝐹𝑜𝑟𝑚
∨ 𝑃𝑜𝑙𝑖𝑐𝑦𝑇𝑦𝑝𝑒𝑀𝑖𝑠𝑚𝑎𝑡𝑐ℎ ∨ 𝐼𝑛V𝑎𝑙𝑖𝑑𝑃𝑜𝑙𝑖𝑐𝑦𝑉𝑎𝑙𝑢𝑒
∨ 𝐷𝑢𝑝𝑙𝑖𝑐𝑎𝑡𝑒𝑃𝑜𝑙𝑖𝑐𝑦𝑁𝑎𝑚𝑒 ∨ 𝑄𝑢𝑒𝑟𝑦𝐸𝑟𝑟𝑜𝑟
∨ 𝐸𝑚𝑝𝑡𝑦𝑂𝑓𝑓𝑒𝑟𝑆𝑒𝑞
(b) (𝑄 × 𝑀 × 𝑂) → 𝑀 = NotEmptyOfferSeq
̂ → 𝑀 = NotEmptyOfferSeq.
(c) (Q × M × O × O)

6. Implementation and
Experimental Scenarios
To evaluate the proposal, a specific environment was developed for experimentation, which is available at the website:
http://tkrs.ual.es/SKRS/. Several different OntoTrader trading
service functionality tests can be carried out in this environment. Behind it, the objects which comprise the OntoTrader system have been implemented by agents using the
JADE platform. Three test cases, one corresponding to each
of the three possible scenarios (reflection, delegation, and
federation), were prepared. Below we explain some details of
OntoTrader implementation, the framework of experimentation and testing, and the three case studies implemented.
6.1. Implementation. For design reasons, the three basic
OntoTrader model levels <I,T,D> were implemented by
agents. The interface (I) was implemented by two agents: the
Interface Agent and the IMI Agent. The trading level
(T) was implemented by another two agents: Query Agent
and Trading Agent. The data level (D) was implemented
by a Resource Agent.
The Interface Agent is the agent in charge of receiving the queries from the user over the user interface, transferring them to the IMI Agent for management and returning
the result to the user. The IMI Agent acts like a hub between
the user interface and the rest of the modules and is responsible for managing user demands. The Query Agents are
in charge of solving the information queries demanded. The
Trading Agents enable search and location of the information in the system and a filter based on the query parameters.
Finally, the Resource Agents are responsible for managing
the information bases.
Figure 9 shows the multiagent architecture for the
Trading-Based Knowledge Representation System design
under these premises. As observed in the figure, the information system may be distributed in different nodes, each of
which may be comprised of a series of agents according to the
configuration desired. As their basic configuration, each node
must have at least one set of interface agents (made up of one
or more agents), an IMI agent and a set of Query Agents (also
made up of one or more agents). A node may also contain zero
or more trading agents and resource agents, but the system as
a whole must have at least one agent of each type in some of its
nodes. Let us further recall that the trading agents have an
associated repository (EID), which contains environmental
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Figure 9: The general OntoTrader-based architecture.

information metadata. The resource agents also have associated repositories with the original data sources containing the
environmental information (EIM). The dashed lines in the
drawing represent the types of ontologies that intervene in
agent communication. There are three basic ontologies in our
system: Lookup, Admin, and Link. In this paper, we have only
discussed the Lookup ontology as an example of the process
ontologies. The other two are outside the scope of this study.
6.2. Test Scenarios. Given the agent architecture, a multitude
of scenarios could be suggested for processing a query made
by a user. All the possible scenarios result in a combination of
the three main scenarios which we have identified and used to
evaluate and validate the proposal.
(a) Scenario number 1 (reflection). The user query can be
solved directly by a trading agent without the action of
any of the resource agents.
(b) Scenario number 2 (delegation). The user query cannot be solved directly by a trading agent and requires
the action of one or more resource agents.
(c) Scenario number 3 (federation). The user query can
be solved by a federated trading agent or other trading
agents with/without the action of a resource agent.
Figure 10 shows the three basic architectures defined,
where the number of agents that intervene in each scenario
can be seen. The dashed lines show the order of the calls

between agents. The diagram shows the QS/RR model underlying the OntoTrader model, which was implemented as a
prototype for testing and validating the web trader agent
implementation. Keep this figure in mind during the description of the three scenarios below.
In general, the sequence of the three models is very similar, as follows. The sequence begins when a user writes a query
from the user interface. The following section shows how a
query from the user interface is constructed. Connected to
the interface is an interface agent which is in charge of translating this query into the SPARQL query language. The requests that are sent between agents are constructed based on
“QUERY-REF” forms in which the query is embedded in
SPARQL. The results returned by the agents are constructed
using “INFORM-REF” forms. We show some of these forms
further below. The interface agent transfers the query to the
IMI agent which is in charge of deciding which query model
to follow (reflection, delegation, and federation) based on the
type of data in the query. The IMI agent tells the Query Agent
which path to take. The tests for the three scenarios (three
paths) are shown below.
6.2.1. Scenario Number 1 (Reflection). Figure 11 shows the
sequence diagram for the reflection trading model. This scenario takes place when there is a query with the result that can
be directly found from the metadata stored in the trading
agent’s repository. An example of a query in this scenario
could be “Find the name of the soil science classification
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Figure 10: The three main scenarios (reflection, delegation, and federation).

variables for the year 2008.” As mentioned, we show further
below how a query is formed from the user interface (message
number 1 in Figure 10 and sequence number 3 in Figure 11).
The interface agent translates this query into SPARQL
(sequence number 2 in Figure 11) and generates a QUERY-REF
message which it passes on to the IMI agent. The message
form is as shown in Algorithm 1.
A QUERY-REF form always has four basic clauses: the
sender clause (line number 2), where the name of the agent
sending the message is given (in our case in the implementation, the interface agent is called WIAgent, and it resides
in the SOLERES-KRS workspace), the :receiver clause
(line number 4) where the name of the agent that receives the
message is given (in this case IMIAgent), and the :content
clause which contains the content of the message. Observe
how the query is made in SPARQL in the message content
(lines number 7 to number 20). Finally, the :language
clause is where the type of language used to write the message
content is given. In this case, it indicates that the content is
written in SPARQL.
When the IMI agent interprets the query, it detects a
query that can be solved directly by the trader (reflection
model). The IMI analyzes the query sentence and the types of
metadata in the trader repository to determine whether the
query can be solved directly by the trader. If so, it resends this
request to a Query Agent. In the case of the example above

(Scenario 1), all the types of data in the query are available in
the trader. The message to the Query Agent is as shown in
Algorithm 2 (message number 2 in Figure 10, sequence number 5 in Figure 11).
Certain parts of the message have been omitted to reduce
its length in this paper. The OWL ontology is used to write the
content of this message (RDF notation, lines number 2 to
number 11). The argument in the :content clause is a document in RDF. Specifically, the Lookup ontology is used for
this type of request between agents. The message makes use
of the “concept/action” pair in the ontology to formulate the
query. Specifically, the concept QueryForm (lines number 2
to number 11), where the query (generated in SPARQL) and
the action to be performed, Query, are specified (line number 10), is used. Observe how the concept and action were
defined in the ontology in Figure 7. The previous message
(Algorithm 2), as in the :language clause, gives the type of
ontology used (line number 12). The new :ontology clause
gives the path where the ontology is found.
When the Query Agent receives this message, it infers that
this query can be solved directly by the trading agent and
generates a new QUERY-REF message similar to the one
before, again using the Lookup ontology (sequence number
6), and sends it to the trading agent, which launches the
sparql query to its repository (sequence number 9), obtaining results. These results are returned to the Query Agent,
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sd scenario 1

: InterfaceAgent
User

: IMIAgent

: QueryAgent

: TradingAgent

EID: OWLRepository

1: makeQuery()
2: query2SPARQL(query)
3: send(message1)
4: buildQueryOntology()
5: send(message2)
6: buildQueryOntology()
7: send(mesaage3)
8: extractSPARQL()
9: query(sparql)
10: owl results

11: buildQueryOntology()
12: send(message4)
13: buildQueryOntology()
14: send(message5)

16: send(message6)

18: showResults()

15: buildResultsMessage()

17: showResults()

Figure 11: Sequence diagram for Scenario number 1 (reflection).

constructing an INFORM-REF form in this case, as shown in
Algorithm 3 (message number 4, sequence number 12).
The ontology series “concept/action/predicate” is used to
construct this message. The concept OfferSeq (lines number 4 to number 24) in the Lookup ontology shows the results
found after processing the query. The action Query (line
number 26) and the predicate NotEmptyOfferSeq (line
number 25) show that the query returns a result, all of them
in the Lookup ontology. If the query should not return any
result, or if there were an error in the message constructed,
the predicate EmptyOfferSeq or some predicates in the
ontology indicating error would be used instead of the
concept OfferSeq, respectively.
Then, when the Query Agent receives the results from the
trading agent, it transfers them directly to the IMI agent,
constructing a new INFORM-REF form with the headings
sender and :receiver (message number 5, sequence number 14). The IMI agent performs the same operation in

turn, constructing its return form for the interface agent
(message number 6, sequence number 16), which decodes the
message and shows the results on the user interface, thus
ending the trading reflection sequence in Scenario number
1.
6.2.2. Scenario Number 2 (Delegation). Figure 12 shows the
sequence diagram for thedelegation trading model. In this
scenario, the user query cannot be solved directly by a trading
agent and requires the action of one or more resource agents
to complete it. A possible query that would enter in this
scenario could be “Find the minimum value of variable X used
in information layer Y.” In this case, the result cannot be found
directly in the meta-metadata that the trading agent stores in
its repository and the metadata in the resource agent must be
queried.
It may be observed that the interface agent, IMI agent, and
Query Agent sequence are the same as for reflection (Scenario
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sd scenario 2
: InterfaceAgent : IMIAgent : QueryAgent : TradingAgent EID: OWLRepository : ResourceAgent EIM: OWLRepository
User 1: makeQuery()

2: query2SPARQL(query)
3: send(message1)
4: buildQueryOntology()
5: send(message2)
6: split(query)
7: buildQueryOntology()
8: send(message3)
9: extractSPARQL(message3)
10: query(sparql)
11: eid results

13: send(message4)

12: buildQueryOntology()

14: extractResources(eid_results)
15: buildQueryOntology()
16: send(message5)

17: extractSPARQL(message5)
18: query(sparql)
19: eim results

21: send(message6)

20: buildQueryOntology()

22: buildQueryOntology()
23: send(message7)
25: send(message8)
27: showResults()

24: buildResultsMessage()

26: showResults()

Figure 12: Sequence diagram for Scenario number 2 (delegation).

number 1). In this case, the above query generates the text in
SPARQL shown in Algorithm 4, which is transmitted on
QUERY-REF forms (for the sake of simplicity, only the
SPARQL query is shown) (see Algorithm 4).
In this example, the variable X remains on the user interface as variable “E6” and layer Y is given as “Edaphic sectors.”
When the form gets to Query Agent (sequence number 5 in
Figure 12), it infers that the type of query is by delegation
and makes a split (sequence number 6) to prepare a double
query. The first is the original query, which continues its
course to the trading agent (sequence number 8). After querying its associated EID repository, the trading agent returns
a message (Algorithm 5) to the Query (sequence number 13,
in the sequence diagram of the Scenario 2 (see Figure 12)).
This message states that the trader has found variable “E6”
in its repository in document “EIM 0000000003” coded as
“VAR 0000000202”. Notice that “EIM 0000000003” is a

metadata (i.e., it resides in the trader’s EID repository) of an
EIM resource found in a resource agent repository. This message is received by the Query Agent which generates a new
message using the Lookup Ontology and applying a filter to
the original SPARQL query with the data found in the last
query (previous message). Specifically, the results are filtered
for those documents that contain the variable called “VAR
0000000202.” This message is sent to the resource agent so it
can complete the query by applying this filter. The new message (with the filter) is as shown in Algorithm 6.
Finally, the sequence ends by returning the results
between agents until arriving at the interface agent, which is
in charge of displaying the results on the user interface.
6.2.3. Scenario Number 3 (Federation). As mentioned, the
federation-based model arises when the system has been
configured for the trader to propagate the query to a second
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sd scenario 3
: InterfaceAgent : IMIAgent

: QueryAgent

t1: TradingAgent EID1: OWLRepository t2: TradingAgent EID2: OWLRepository

User
1: makeQuery()
2: query2SPARQL(query)
3: send(message1)
4: buildQueryOntology()
5: send(message2)
6: buildQueryOntology()
7: send(message3)
8: extractSPARQL()
9: query(sparql)
10: owl results
11: process(owl_results)
12: buildQueryOntology()
13: send(message4)
14: extractSPARQL()
15: query(sparql)
16: owl results

18: send(message5)

17: buildQueryOntology()

19: process(message5)
21: send(message6)
23: send(message7)

25: send(message8)
27: showResults()

20: buildQueryOntology()

22: buildQueryOntology()

24: buildResultsMessage()

26: showResults()

Figure 13: Sequence diagram for Scenario number 3 (federation).

federated trader if the query could not be satisfied by
the first. In this model, several different combinations are
possible. One situation is that the second trader can satisfy
the query directly in what is known as a case of “reflexive
federation,” that is, a federation model on the first trader and
in continuation reflection on the second. Another situation
appears when the second trader redirects the query to a
data resource (resource agent). For this case, a “delegated
federation” appears, that is, federation on the first trader and
then delegation to the resource. There could also be a case of
“multiple federation” where the system has been configured
for queries to be propagated among federated traders if they
cannot be satisfied.
Figure 13 shows the sequence diagram that follows the
federation-based trading model. For the sake of simplification, the diagram presents a case of “reflexive federation.”

The functioning for the rest of the possible combinations is
similar.
One possible query in this scenario could be the following: “Find the identifier of the classifications of city X in which
there is information on variable V1 and variable V2.” From
the type of query, the data may be found in the metadata
of a trading repository. For this example, we assume that
Variable V1 is a metadatum in the repository of one trader,
and Variable 2 is in the repository of another.
In the example of the query above, the following sentence
is generated in SPARQL. The sequence of the QUERY-REF
calls and their corresponding INFORM-REF among the system agents is similar to those explained in the scenarios above
(see Algorithm 7).
6.3. Experimentation Environment. As mentioned, to evaluate the proposal, a specific experimental prototype was
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Figure 14: A part of the System Query window in the test environment.

Figure 15: Trace of messages sent between agents after the query.

developed for testing. The three scenarios posed in the
section above can be put into practice at the test website http://tkrs.ual.es/SKRS/. Figure 14 shows a portion of
the window of this test scenario. This website consists of three
basic sections: the “System Query,” which contains a series
of system capabilities with a basic list of preset queries, the
“Complex Query” section, where any type of complex query

can be constructed, and the “Graphic” section, where the
information repositories used can be displayed graphically as
a tree.
The preset queries section, “System Query,” is divided in
half vertically into two zones (Figure 14). On the left, the user
has a list of capabilities that represent basic system queries.
When one of them is selected, a menu drops down with the
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Figure 16: A portion of the Complex Query window in the test environment.
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Query interface

Query results
Pellet

Outputs

Inputs

Figure 17: OntoTrader restrictions for TKRS validation.

parameters that must be entered before it can be executed. In
the example in the figure, the user wants to know the names
of the classification variables used in the information layer,
“Climate sectors” in the cities of “Granada and Almeria”.
After executing the query, in the right-hand part of the
window, certain information appears which is organized in
turn in other three sections. On one hand, the result of the
query is shown in XML format (“Result” tab). From this zone,
it can be checked whether the result returned by the system is
well constructed by making use of a standard external (thirdparty) tool, which does not belong to the system, called
“Pellet.” Another capability enables the query made to be

displayed in SPARQL. In order to validate the implementation, we have included a third capability which makes it
possible to trace the messages exchanged by the different system agents. The traces of the messages exchanged among
system agents after executing the query above are shown in
the“Trace” tab (see Figure 15). These traces can be folded
up or dropped down to facilitate supervision and checking of the messages generated in the query sequence. The
figure shows the QUERY-REFmessage, which was generated
and transmitted from the interface agent to the IMI agent. It is
also possible to observe the SPARQL sentence generated in
this message.

20

The Scientific World Journal

(01) (QUERY-REF
(02) :sender (agent-identifier:name WIAgent@SOLERES-KRS
(03) :addresses (sequence http://...))
(04) :receiver (set (agent-identifier
(05) :name IMIAgent@SOLERES-KRS ))
(06) :content “PREFIX eid: http://acg.ual.es/soleres/tests/EIDOntology.owl#
(07) PREFIX rdf: http://www.w3.org/1999/02/22-rdf-syntax-ns#
(08) SELSCT DISTINCT ?EID VariableName
(09) WHERE {
(10)
?EID EID eid:EID eimId ?EID EID eimID.
(11)
?EID EID eid:EID hasClassification ?EID Classification.
(12)
?EID Classification eid:Classification hasLayer ?EID Layer.
(13)
?EID Layer eid:Layer hasVariable ?EID Variable.
(14)
?EID Variable eid:Variable name ?EID VariableName.
(15)
?EID Classification eid:Classification hasTime ?EID Time.
(16)
?EID Time eid:Time year ?eid timeyear.
(17)
filter (?eid TimeYear = 2008).
(18) }
(19) ORDER BY ASC(?EID VariableName)
(20) :language SPARQL)
Algorithm 1

(01) (QUERY-REF:sender . . .:receiver . . .
(02) :content “<rdf:RDFxmlns:rdf=\ “http://www.w3.org/1999/02/22-rdf-syntax-ns#\” . . .
(03) <owl:Ontology rdf:about=\“http://acg.ual.es/soleres/tests/LookupOntology.owl\”/>
(04)
...
(05)
<QueryForm rdf:about =\“http://acg.ual.es/soleres/tests/LookupOntology.owl#QueryFormInstance\ >
(06)
<queryString rdf:datatype=\“http://www.w3.org/2001/XMLSchema#string\” >
(07)
% here the SPARQL sentence
(08)
</queryString>
(09)
</QueryForm>
(10)
<Query rdf:about=\“http://acg.ual.es/soleres/tests/LookupOntology.owl#QyeryInstance\”
(11) </rdf:RDF>”
(12) :language “LookupOntology”
(13) :ontology http://acg.ual.es/soleres/tests/LookupOntology.owl)
Algorithm 2

Any type of complex system query can be constructed in
the section “Complex Query.” This section is also divided vertically into two parts (Figure 16). On the left, the test repository (on which the complex query will be executed) can be
selected. Any EIM or EID repository in the test environment
can be selected, or else the URL where the repository is found
can be specified. On the right, the query can be constructed
from the “Query” tab, by selecting the fields and criteria for
the query and specifying their values. When constructing the
query, the attributes to be selected can be incorporated in
either the SELECT or the WHERE part of the query. All the
properties selected are incorporated in the SELECT part of
the query. When the option marked is related to the WHERE
part of the query and one of the attributes in the list on the
left has been selected, the option to select one of the
operators for filtering the condition to be set appears on the
query interface. When the operator has been selected, it is
added to the tree on the right where the query is saved and
then the value to be checked must be entered for the

WHERE clause filter. Additional insertionOf (AND) and/
or unionOf (OR) type conditions may also be added. Once
the query is executed, the result of its execution appears on
the “Result” sheet, as shown in XML.
The section “Graphics” of the website enables graphical
display of the information repositories. A basic repository of
the system may be displayed, or it is also possible to introduce
a URL where an external repository is located. On the righthand side of the window, an “applet” draws its content
graphically. This “applet” can also make searches for concepts
in the data ontology represented.

7. Evaluation and Validation:
Final Considerations
For the validation of our environmental information system,
the starting point is establishing certain “contracts” or restrictions to be evaluated in different areas of our framework.
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(01) (INFORM-REF:sender . . .:receiver . . .
(02) :content “<rdf:RDFxmlns:rdf=\“http://www.w3.org/1999/02/22-rdf-syntax-ns#\” . . .
(03) <owl:Ontologyrdf:about=\“http://acg.ual.es/soleres/tests/LookupOntology.owl\”/> . . .
(04)
<OfferSeq rdf:about=\“http://acg.ual.es/soleres/tests/LookupOntology.owl#OfferSeqInstance\”>
(05) <resultString rdf:datatype=\“http://www.w3.org/2001/XMLSchema#string\” >
(06) <?xml version = \“1.0 \ ”? >
(07) <sparql xmlns=\“http://www.w3.org/2005/sparql-reslts#\”
(08)
<head> <variable name=\“EID VariableName\”/> </head>
(09)
<results>
(10)
<result>
(11)
<binding name=\“EID VariableName\” >
(12)
<literal datatype=\“http://www.w3.org/2001/XMLSchema#string\” >C1</literal>
(13)
</binding>
(14)
</result>
(15)
<result>
(16)
<binding name=\“EID VariableName\” >
(17)
<literal datatype=\ “http://www.w3.org/2001/XMLSchema#string\” >C1L1</literal>
(18)
</binding>
(19)
</result>
(20)
...
(21)
</results>
(22) </sparql>
(23) </resutString>
(24) </OfferSeq>
(25) <NotEmptyOfferSeq rdf:about=\“http://. . ./LookupOntology.owl#NotEmptyOfferSeqInstance\”/>
(26) <Query rdf:about=\“http://acg.ual.es/soleres/tests/LookupOntology.owl#QueryInstance\”/>
(27) </rdf:RDF>”
(28) :language “LookupOntology”
(29) :ontology http://acg.ual.es/soleres/tests/LookupOntology.owl)
Algorithm 3

(01) PREFIX eid: <http://acg.ual.es/soleres/tests/EIDOntology.owl#>
(02) PREFIX rdf: <http://www.w3.org/1999/02/22-rdf-syntax-ns#>
(03) SELECT DISTINCT ?EID EID eimID ?EID VariableId
(04) WHERE {
(05) ?EID EID eid: EID eimId ?EID EID eimID.
(06) ?EID EID eid: EID hasClassification ?EID Classification.
(07) ?EID Classification eid: Classification hasLayer ?EID Layer.
(08) ?EID Layer eid:Layer name ?EID LayerName.
(09) ?EID Layer eid:Layer hasVariable ?EID Variable.
(10) ?EID Variable eid:Variable id ?EID VariableId.
(11)
?EID Variableeid:Variable name ?EID VariableName.
(12) FILTER (regex(?EID LayerName, \“Edaphic sectors\”)).
(13) FILTER (regex(?EID VariableName, \“E6\”)).
(14) }
(15) ORDER BY ASC(?EID EID eimID)
Algorithm 4

Figure 17 shows a summary of the steps in developing the
TKRS (Trading-based Knowledge Representation System).
The three main features of the TKRS are trading, software
agents, and the ontologies.
Each of these features has a series of restrictions that make
it possible for the system implemented to function as desired
(validation). In the case of the trading function, a trader was
designed and implemented following the standard RM-ODP
specification, which enabled us to develop a trading system

with the functions we required properly. The ODP trading
standard was described in Section 2.3.
Several different system objects (including the trader)
were implemented as software agents using the JADE platform, which enabled us to validate their behavior, as well as
their proper functioning. Furthermore, JADE is an implementation framework that complies with the FIPA (FIPA,
http://www.fipa.org/) (Foundation for Intelligent Physical
Agents) specification. FIPA is an IEEE Computer Society
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(01) (INFORM-REF :sender. . .:receiver. . .:content ”. . .
(02) <OfferSeq . . . >
(03) <resultString rdf:datatype=\“http://www.w3.org/2001/XMLSchema#string\ >
(04)
<?xml version = \“1.0 \ ”? >
(05)
<sparql xmlns=\“http://www.w3.org/2005/sparql-results#\ >
(06)
<head>
(07)
<variable name=\“EID EID eimID\”/>
(08)
<variable name=\“EID variableId\”/>
(09)
</head>
(10)
<results>
(11)
<result>
(12)
<binding name=\“EID EID eimID\”/>
(13)
<literal datatype=\“http://www.w3.org/2001/XMLSchema#string\” >EIM 0000000003</literal>
(15)
</binding>
(16)
<binding name=\“EID variableId\” >
(17)
<literal datatype=\“http://www.w3.org/2001/XMLSchema#string\” >VAR 0000000202</literal>
(18)
</binding>
(19)
</result>
(20) </results>
(21) </sparql>
(22) </resultString>
(23) :language “LookupOntology”
(24) :ontology http://acg.ual.es/soleres/tests/LookupOntology.owl)
Algorithm 5

(01) (QUERY-REF:sender . . .:receiver . . .:content ”. . .
(02) <QueryForm rdf:about=\“http://acg.ual.es/soleres/tests/LookupOntology.owl#QueryFormInstance\” >
(03) <queryString rdf:datatype=\“http://www.w3.org/2001/XMLSchema#string\” >
(04)
PREFIX eim: <http://acg.ual.es/soleres/tests/EIMOntology.owl#>
(05)
PREFIX rdf: <http://www.w3.org/1999/02/22-rdf-syntax-ns#>
(06)
SELECT DISTINCT ?EIM VarMin
(07)
WHERE {
(08)
?EIM Var eim:Variable id ?EIM VarId.
(09)
?EIM Var eim:Variable name ?EIM VariableName.
(10)
?EIM Var eim:Variable minimumValue ?EIM VarMin.
(11)
FILTER (?EIM VarId = \“VAR 0000000202\”).
(12) }
(13) </queryString>
(14) </QueryForm>
(15) <Qyery rdf:about=\“http://acg.ual.es/soleres/tests/LookupOntology.owl#QueryInstance\”/>
(16) </rdf:RDF>”
(17) :language “LookupOntology”
(18) :ontology http:// . . ./tests/LookupOntology.owl)
Algorithm 6

Standards organization that promotes agent-based technology and the interoperability of its standards with other technologies.
Besides the trading and software agents mentioned above,
the third key feature in the development of the TKRS is the
ontologies (see Section 4 for further details). Their design is
assumed to be correct for two reasons: (1) the process ontologies were developed with the JADE specification for messages exchanged by agents and under the trader ODP interface specification and (2) the data ontologies were found
from questionnaires filled out by the experts who made the
data classification in the framework of the national project

this research a part of [4]. Based on this design premise, it
was implemented using the Protégé (Proteg
́
e,́
http://
protege.stanford.edu/) tool, a standard ontologies tool, and
with this tool we were able to verify that the implementation
of the ontologies is correct.
When the TKRS system had been implemented, a series
of “contracts” or restrictions were placed on data input and
output (Figure 17). The restrictions on input enabled us to
verify that the queries executed in the system are properly
constructed queries that can be translated correctly into
SPARQL and can be correctly launched in TKRS. These
restrictions were made using a query interface which guided

The Scientific World Journal

23

(01) PREFIX rdf: <http:// . . ./02/22-rdf-syntax-ns#>
(02) SELECT DISTINCT ? EID ClassificationId
(03) WHERE {
(04) ?EID EID eid:EID eimId ?EID EID eimID.
(05) ?EID EID eid:EID hasClassification ?EID Classification.
(06) ?EID Classificationeid:Classification id ?EID ClassificationId.
(07) ?EID Classification eid:Classification hasGeography ?EID Geography.
(08) ?EID Geography eid:Geography towns?EID GeographyTown.
(09) ?EID Classification eid:Classification hasLayer ?EID Layer.
(10) ?EID Layer eid:Layer hasVariable ?EID Variable.
(11)
?EID Variable eid:Variable name ?EID VariableName.
(12) ?EID Variable eid:Variable id ?EID VariableId.
(13) FILTER (regex(?EID GeographyTown, \“Granada and Almeria\”)).
(14) FILTER (regex(?EID VariableName, \“∧ C\”) || regex(?EID VariableName, \“∧ E\”)).
(15) }
(16) ORDER BY ASC(?EID ClassificationId)
Algorithm 7

us in constructing executable system data queries. This
can be checked on the website test environment specially
developed for validating and evaluating the proposal:
http://tkrs.ual.es/SKRS/.
Finally, once the results of the queries have been returned
by the TKRS, another feature of the system is in charge of
checking that the data obtained are correct. This feature is an
external check (Pellet) to which our data ontology and the
SPARQL query made are sent as parameters, obtaining as a
result the data that must be returned to the query. It also
checks the validity of the ontology, warning if there is any type
of error in it. TKRS implementation was checked with these
five system features (marked in Figure 17 with a double box),
and the functioning of the QS/RR data recovery model proposed was validated.
Furthermore, several sample scenarios were developed
where the different types of query that can be executed were
tested. In addition, a tool with which several evaluation and
validation tests, predefined system queries, generic queries on
system documents, display of the system document ontologies, and so forth, can be made was developed and is available
on the web. The tool has a mechanism for agent message
traceability and can check and validate their functioning and
proper implementation. The link to this tool is included in
the paper, so anyone can make the pertinent validation and
evaluation tests. For the time being, these information retrieval (IR) evaluation techniques only examine whether
information retrieval is done correctly and that the data are
what was asked for.

8. Conclusions and Future Work
Modern information systems are increasingly required to
provide support for users who are in different places and have
different types of data, facilitating access to information,
decision-making, workgroups, and so forth. Distributed
Information Systems (DIS) appear to provide the answer
to these new requirements [37]. Web-based Information

Systems (WIS) [2], for instance, are developed under open,
distributed paradigms. This involves the use of rules and standards for their construction and real time operation, interaction, and interconnection. In this kind of system, interactions
are between system “agents” (e.g., web components, subsystems, and humans) working in the same ambient (computing
space), or even with other third-party “agents.” In both cases,
the knowledge semantics for managing each part (i.e., software agent in our case) of the system must be formally defined
[38].
EMIS, a type of WIS, have been under development in the
last few years [3]. The EMIS are social and technical systems
with a variety of final users and actors (i.e., politicians, technicians, and administrators) who cooperate with each other
and interact with the system for decision making, problem
solving, and so forth. Today, web-based EMIS greatly facilitate information search and retrieval, favoring user cooperation and decision making. Their design requires the use of
standardized methods and techniques that provide a common vocabulary to represent the knowledge in the system and
a capability for mediation to allow interaction (communication, negotiation, coordination, etc.) of its components.
Ontologies are able to provide that shared vocabulary, and
trading systems can improve the interoperability of open,
distributed system components.
The present paper showed how traditional traders, properly extended to operate in WIS, are a good solution for information retrieval. An example of web-based EMIS is the SOLERES system, a spatiotemporal environmental management
system based on neural networks, agents, and software components [4]. In this paper, we have reviewed the most important EMIS in the literature and have compared them, especially their agent, trader, and ontology features. We have also
introduced ontological web trading (OntoTrader), an extension of the traditional OMG trading service to support ontological information retrieval issues on web-based EMIS. The
paper also presents three trading models for “information
retrieval”: trading reflection, trading delegation, and trading
federation.
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We have also shown an OntoTrader model implementation using software agent-based approaches. This kind of
web service is a search service based on a “Query-Searching/
Recovering-Response” web model using the SPARQL query
language and the OntoTrader ontology description language
for information retrieval. This service is based on a user
request action that identifies the agents involved and their
communication protocols. Ontologies are used in two different contexts: (a) to represent the application domain information itself (data ontology) and (b) the services that some
agents request from others during their interaction (process
ontology). In this paper, we have described the process and
data ontology design features of the Lookup trader interface.
All research work presented in this paper was part of
the complete Ontology-Driven Software Engineering (ODSE)
design strategy we are now developing in SOLERES. Implementation details and a prototype of OntoTrader are available
at http://tkrs.ual.es/SKRS/.
Future work will focus on several open lines of research.
On one hand, we are studying the possibility of grouping all
ontology management under a single agent (ontology agent).
This agent would manage a database with all the ontologies
used in the system and would code/decode them. This would
considerably simplify the implementation of other agents and
would provide more efficient management. Our work regarding the implementation of SOLERES-HCI (human-computer
interaction) is also ongoing. This level of the EMIS is
defined by means of the Computer Supported Cooperative
Work (CSCW) paradigm [39] and implemented by using an
innovative technology of intelligent agents and multiagent
architectures. Furthermore, we continue working on this
subsystem, which is described throughout the paper, and we
are studying how to decompose the user tasks into actions
that will have to be performed by the SOLERES-KRS subsystem for retrieval of the information requested and the
ontology mapping problems involved.
In literature review, there are no approaches with enough
similarities to make an empirical comparison between our
processes and other existing algorithms. However, we intend
to add some experimental comparisons with some isolated
parts of other works, in order to highlight the advantages of
our proposal. Finally, we would like to study, develop, and
incorporate new evaluation and validation techniques, such
as measuring the precision of data returned to queries,
response time in executing the query, and usability.
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Biometric template protection is indispensable to protect personal privacy in large-scale deployment of biometric systems.
Accuracy, changeability, and security are three critical requirements for template protection algorithms. However, existing template
protection algorithms cannot satisfy all these requirements well. In this paper, we propose a hybrid approach that combines random
projection and fuzzy vault to improve the performances at these three points. Heterogeneous space is designed for combining
random projection and fuzzy vault properly in the hybrid scheme. New chaff point generation method is also proposed to enhance
the security of the heterogeneous vault. Theoretical analyses of proposed hybrid approach in terms of accuracy, changeability, and
security are given in this paper. Palmprint database based experimental results well support the theoretical analyses and demonstrate
the effectiveness of proposed hybrid approach.

1. Introduction
Biometric based authentication is more convenient and reliable than password or token based authentication. However,
biometric technology needs large-scale capture and storage of
biometric data which leads to serious concern about privacy
leakage and identity theft. Unlike passwords or tokens,
biometric characteristics are inherent to a person; once they
are compromised, they would never be reissued or refreshed.
Therefore, biometric template protection techniques [1] have
attracted much attention recently for the reasons mentioned
above.
Broadly, biometric template protection techniques can be
categorized into two classes, cancelable biometrics and biometric cryptosystems. For a typical biometric template protection scheme, three critical requirements are suggested to
satisfy [2].
(1) Accuracy Requirement. The discriminability of original
biometric features should be preserved in a biometric template protection scheme, so that the accuracy of biometric
system is not degraded.
(2) Security Requirement. The protected objects (biometric
features and cryptographic key in biometric cryptosystems)

should be computationally hard to be revealed by attackers
even though the sketch is published.
(3) Cancelability Requirement. The cancelability means revocability and diversity. Different applications have different
templates of the same user, and these templates cannot authenticate with each other. Once a template is compromised, a
new different template can be generated to replace it.
However, for cancelable biometrics and biometric cryptosystems, they cannot satisfy all these requirements quite
well. And different approach has its advantages and disadvantages [3].
The cancelable biometrics often uses transform-based
approach to generate new templates. This approach has good
cancelability, but the security level is often lower than biometric cryptosystems, and in general no independent cryptographic key can be bound for cryptographic applications.
Biometric cryptosystems (BC) [4] output encrypted
sketch; the security level is relatively high. BC uses biometric
features to protect cryptographic key, which provide a new
solution for key management issue. However, the error correcting code (ECC) used in this technique is not strong
enough to handle large biometric intraclass variants; the
accuracy of BC degrade sharply, and changeability is often not
provided.

2
Considering the limitations of available approaches,
hybrid approach [5, 6] is a solution to meet the increasing
demands for biometric template protection.
In this paper, a novel hybrid approach is proposed to compensate the shortcomings of a single approach and meanwhile
maintain the advantages of individual approach in the hybrid
scheme.
The proposed hybrid scheme combines fuzzy vault
scheme (FVS) [7] and random projection [8] to meet above
three requirements for biometric template protection.
Fuzzy vault scheme is one of the most popular biometric
cryptosystems [9–11]; it provides an effective security mechanism to protect cryptographic key and biometric templates
simultaneously. However, the system accuracy in terms of
false accept rate (FAR) and false rejection rate (FRR) often
degrade sharply due to insufficient intraclass variations handing ability of used error correcting code. And FVS do not
provide cancelability. The random projection, which is a
transform-based template protection approach, has good
cancelability property. By combining the random projection
method with the fuzzy vault scheme, the proposed hybrid
scheme aims to improve the accuracy and security and
provide good changeability simultaneously.
To combine random projection with fuzzy vault effectively, first, a heterogeneous space is defined; raw biometric
features are projected into the heterogeneous space by random projection and long enough cryptographic key can be
bound together with projected features in the heterogeneous
space. A new chaff point generation method is also proposed
to ensure the security even when the projection matrices are
lost, and then three requirements of proposed hybrid are
theoretically analyzed. Promising experimental results based
on palmprint database show the validity of proposed hybrid
approach.
The rest of this paper is organized as follows. The proposed hybrid approach is described in Section 2. Three
requirements are analyzed in Section 3. Experimental results
are reported in Section 4. All works are summarized in
Section 5.

The Scientific World Journal
Key
Original
feature
vector

ECC
encoding
Random
projection

Genuine point
generation

Fuzzification

Vault

Genuine point
filtration

ECC
decoding

Key

Enrollment
authentication
Query
feature
vector

Random
projection

Figure 1: Flow chart of the proposed hybrid algorithm.

where 𝑅 is a random matrix with size 𝑛 × 𝑚 and 𝑇 represents
matrix transposition.
In order to generate multiple genuine points using single
feature vector, one feature vector x ∈ R𝑛 is projected into a set
of random subspaces by using different projection matrices:
V𝑖 = √

1 𝑇
𝑅 𝑥,
𝑚 𝑖

where 𝑖 = 1, . . . , 𝑔.

2.2. Generation of Heterogeneous Vault. The heterogeneous
vault is a set of points in heterogeneous space. The heterogeneous space is defined as {V ∈ R𝑚 , 𝑠 ∈ 𝐹𝑞 }, where V ∈ R𝑚 is a
real-valued vector and 𝑚 is its length; 𝑠 ∈ 𝐹𝑞 is an element
from finite field 𝐹𝑞 , where 𝑞 is the cardinality of the finite field.
A heterogeneous vault contains two subsets, genuine points
and chaff points. Following we will introduce how to generate
these two parts.
2.2.1. Generation of Genuine Points
(a) Feature Vector Mapping. We have
𝑡

2. Proposed Hybrid Approach
The flow chart of proposed hybrid approach is shown in
Figure 1, in which two main modules are included. The first is
multispace random projection which is used not only to
provide cancelability but also to provide the different representations of original palmprint feature vectors in random
subspaces for generating different genuine points. The second
is the proposed heterogeneous fuzzy vault scheme, which
is used to enhance security and bind cryptographic key
for cryptographic applications. Since cryptographic key is
generated independently, its randomness is guaranteed, and
in heterogeneous space, the cryptographic key can be bound
long enough to meet high security requirements in cryptographic applications. In the following subsections, we will
introduce how these two modules work.
2.1. Multispace Random Projection. Assuming the fixed-length feature vector is x ∈ R𝑛 , the multispace random projection is defined as follows [8]:
1
(1)
V = √ 𝑅𝑇 𝑥,
𝑚

(2)

𝑥 ∈ R𝑛 → {V𝑖 ∈ R𝑚 }𝑖=1 .

(3)

The high dimensional palmprint feature vector x ∈ R𝑛 is
mapped into 𝑡 low dimensional subvectors using (2); that is,
V𝑖 = √1/𝑚𝑅𝑖𝑇 𝑥. V𝑖 is named genuine vector.
In genuine vector generation, 𝑡 projection matrices 𝑅𝑖 are
used on one original feature vector 𝑥 to generate 𝑡 different
genuine vectors.
(b) Key Encoding. We have
𝑡

𝜅 → {𝑠𝑖 ∈ 𝐹𝑞 }𝑖=1 .

(4)

The key 𝜅 to be protected is independent of genuine
vectors, so that it can be generated randomly; therefore, the
randomness of the key is guaranteed.
In this step, the key 𝜅 to be protected is encoded into 𝑡symbol sequence {𝑠𝑖 ∈ 𝐹𝑞 }𝑡𝑖=1 using ECC encoding algorithm.
If the key is very long, it can be segmented into multiple
shorter sequences, and then each shorter sequence is encoded
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𝑁

into 𝑡-symbol sequence; that is, {{𝑠𝑗𝑖 ∈ 𝐹𝑞 }𝑡𝑖=1 }𝑗=1 , where 𝑁 is
the number of segmented sequences.

Impostor
Chaffs

(c) Pairwise Conjugation. We have
𝑡

𝑡

𝑡

{V𝑖 ∈ R𝑚 }𝑖=1 + {𝑠𝑖 ∈ 𝐹𝑞 }𝑖=1 → {V𝑖 ∈ R𝑚 , 𝑠𝑖 ∈ 𝐹𝑞 }𝑖=1 .

Genuine

(5)

Given genuine vector {V𝑖 ∈ R𝑚 }𝑡𝑖=1 obtained in step (a)
and 𝑡-symbol sequence {𝑠𝑖 ∈ 𝐹𝑞 }𝑡𝑖=1 obtained in step (b), 𝑡
genuine points {V𝑖 ∈ R𝑚 , 𝑠𝑖 ∈ 𝐹𝑞 }𝑡𝑖=1 belong to heterogeneous
space can be generated by combining genuine vectors and
symbols orderly. If longer key needs to be bound, each genuine vector can be combined with multiple symbols, that is,
{V𝑖 ∈ R𝑚 , 𝑠1𝑖 , 𝑠2𝑖 , . . . , 𝑠𝑁𝑖 ∈ 𝐹𝑞 }𝑡𝑖=1 . For the pairwise conjugation, in vault unlocking, the recognition errors of genuine
vectors are transformed to symbol errors in the 𝑡-symbol
sequence, so that can be corrected by the ECC decoding
algorithm.
2.2.2. Generation of Chaff Points. The chaff points are generated to protect genuine points against attacks such as clustering attack and compromised projection matrices attack.
The chaff points {cv𝑗 ∈ R𝑚 , cs𝑗 ∈ 𝐹𝑞 }𝑟−𝑡
𝑗=1 have the same
components as genuine points; that is, chaff vector cv𝑗 ∈ R𝑚
and chaff symbol cs𝑗 ∈ 𝐹𝑞 . Since secret symbols 𝑠𝑖 in genuine
points are generated randomly, the chaff symbols cs𝑗 can be
selected randomly from Galois field 𝐹𝑞 .
The idea of chaff vector generation is shown in Figure 2,
where genuine matching distances are concentrated in the
smallest circle, impostor matching distances are in the largest
circle, and chaff vectors are added in the middle circle, so as to
prevent the adversary from knowing which are genuine
vectors, even though the adversary has impostor biometric
features.
The chaff vectors cv𝑗 are generated as follows: cv𝑗 = V𝑖 +
𝛼 ⋅ rv𝑗 , where, V𝑖 is genuine vector, and rv𝑗 is a random vector;
each element in rv𝑗 is independent and identically distributed
(i.i.d.) according to standard norm distribution 𝑁(0, 1).
Then, ‖rv𝑗 ‖2 follows a chi-square distribution with degree of
freedom 𝑚, and its expectation 𝐸(‖rv𝑗 ‖2 ) = 𝑚. To control the
distance between chaff point and genuine point, the 𝛼 is used
as a scaling factor. The value of 𝛼 is set to be √𝑡2 /𝑚, where 𝑡 is
selected according to the genuine and imposter distributions
of matching distances of projected feature vectors.
Although the distances between one genuine vector and
its chaff vectors are concentrated around its mean 𝑡, the
distances are distributed randomly; a small number of chaff
vectors may be very close to some genuine vectors, which will
lead to failure of genuine point filtration in vault decoding
phase. Here, a minimum distance threshold 𝛿 and maximum
distance threshold 𝜆 are set for all points in vault to reduce
filtration errors and prevent attackers from recognizing chaff
points by distance analysis. The minimum distance threshold
𝛿 is less than 𝑡 and the maximum distance threshold 𝜆 is
greater than 𝑡, the same as 𝑡; both 𝛿 and 𝜆 are selected
according to the genuine and imposter matching distances

Figure 2: Illustration of chaff point generation idea.
A vault in 2D case

Genuine vector
Chaff vector

Figure 3: A 2D vault with genuine vectors and chaff vectors.

distribution of projected feature vectors. An example of a 2D
vault generated applying proposed genuine and chaff points
generation methods is illustrated in Figure 3.
After adding chaff points, all points in heterogeneous
space are sorted according to the value of the first elements
in real-valued vectors; after that, the vault can be stored in
smartcard or central database.
2.3. Decoding of Heterogeneous Vault
(1) Query Subvectors Generation. We have
𝑡

𝑞𝑥 ∈ R𝑛 → {qv𝑖 ∈ R𝑚 }𝑖=1 .

(6)

Firstly, the query feature vector 𝑞𝑥 ∈ R𝑛 is projected into
query subvectors {qv𝑖 ∈ R𝑚 }𝑡𝑖=1 using the projection matrices
according to (2).
(2) Filtration of Genuine Points by Distance Measure. The genuine vector filtration is carried out between query subvectors
{qv𝑖 ∈ R𝑚 }𝑡𝑖=1 and the vault {V𝑖 ∈ R𝑚 , 𝑠𝑖 ∈ 𝐹𝑞 }𝑟𝑖=1 . Given query
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subvector qv𝑖 , computing distances between qv𝑖 , and realvalued vectors V𝑖 in all points in vault, the point in vault
corresponding to the minimum distance is considered as the
genuine point.
Totally, there are 𝑡 points {ov𝑖 ∈ R𝑚 , os𝑖 ∈ 𝐹𝑞 }𝑡𝑖=1 that
are filtered out orderly from vault, and then os𝑖 are extracted
from filtered points and cascaded orderly to form a 𝑡-symbol
sequence {os𝑖 ∈ 𝐹𝑞 }𝑡𝑖=1 for ECC decoding.
(3) Correcting Error Symbols Using ECC Decoding Algorithm
{os𝑖 ∈ 𝐹𝑞 }𝑡𝑖=1 → 𝜅 . Given 𝑡-symbol sequence {os𝑖 ∈ 𝐹𝑞 }𝑡𝑖=1
obtained in previous step, a proper ECC decoding algorithm
is used to such sequence to get 𝜅 . The false filtration of
genuine points would result in symbol errors in {os𝑖 ∈ 𝐹𝑞 }𝑡𝑖=1 ,
and the number of error symbols equals to the number of
falsely recognized genuine points. If the number of error
symbols is within the error-correcting capability of ECC, the
original key 𝜅 can be recovered successfully by ECC decoding
algorithm; that is, 𝜅 = 𝜅.

3. Analysis of Proposed Hybrid Approach
In this section, the accuracy, changeability, and security of
proposed hybrid approach are analyzed theoretically.
3.1. Accuracy Analysis
3.1.1. Nonorthogonal Matrix Case. If the projection matrices
are nonorthogonal, the random projection can preserve the
pairwise distances at a certain degree; this property is
addressed by means of the Johnson-Lindenstrauss (JL)
Lemma [2].
J-L Lemma. For any 0 < 𝜖 < 1 and any integer 𝑘, let 𝑚 be a
positive integer such that 𝑚 ≥ 𝑀0 = 𝑂 (𝜖−2 log 𝑘). Then, for
any set 𝑆 of 𝑘 points in R𝑛 , there is a map 𝑓 : R𝑛 → R𝑚 ,
such that for all x, y ∈ 𝑆,
2
2

2 

(1 − 𝜖) x − y ⩽ 𝑓 (x) − 𝑓 (y) ⩽ (1 + 𝜖) x − y .

(7)

According to the J-L Lemma, an original set with 𝑘
points in 𝑛-dimension Euclidean space can be embedded into
another Euclidean space with dimension 𝑂(𝜖−2 log 𝑘); meanwhile, the pairwise distances of points are preserved up to a
factor of 𝜖. Arriaga and Vempala [12], Achlioptas [13], and Li
et al. [14] have proved that such mapping can be achieved by
random projections.
This property states that we can change the form of realvalued biometric feature vectors, but the discriminability of
feature vectors are still preserved. So, this property can be
used to generate multiple genuine vectors in vault generation.
3.1.2. Orthogonal Matrix Case. In this case, the projection
matrix 𝑅𝑖 is a square matrix; that is, 𝑅𝑖 ∈ R𝑛×𝑛 . Since each
entry of 𝑅𝑖 is an independent and identically distributed random variable, by applying Gram-Schmidt orthonormalization method [13], the projection matrix can be transformed to
an orthogonal matrix to obtain 𝑅𝑅𝑇 = 𝑅𝑇 𝑅 = 𝐼, where 𝐼 is an

identity matrix. In this case, the random projection becomes
orthogonal transformation.
Suppose that 𝑥𝑖 , 𝑥𝑗 ∈ R𝑛 are two different real-valued
feature vectors and 𝑅 ∈ R𝑛×𝑛 is orthogonal matrix; then [15],
we have
𝑅𝑇 𝑥 − 𝑅𝑇 𝑥 2 = (𝑅𝑇 𝑥 − 𝑅𝑇 𝑥 )𝑇 (𝑅𝑇 𝑥 − 𝑅𝑇 𝑥 )

𝑖
𝑗
𝑖
𝑗
𝑖
𝑗

𝑇

= (𝑥𝑖 − 𝑥𝑗 ) 𝑅𝑅𝑇 (𝑥𝑖 − 𝑥𝑗 )

(8)

= (𝑥𝑖 − 𝑥𝑗 ) (𝑥𝑖 − 𝑥𝑗 )
2

= 𝑥𝑖 − 𝑥𝑗  .
The above equation demonstrates that the pairwise
Euclidean distances of feature vectors can be precisely preserved after orthogonal random projection.
3.2. Changeability Analysis. The changeability of proposed
scheme is provided by the random projection module.
By refreshing the projection matrices, the projected feature
vector can be updated. In this subsection, the statistical properties [16] of random projection are used for changeability
analysis.
Let 𝑢, V ∈ R𝑛 be two feature vectors of the same user;
𝑅, 𝑆 ∈ R𝑛×𝑚 , 𝑚 ≤ 𝑛, are two different random matrices,
assuming that each entry of 𝑅 or 𝑆 follows standard normal
distribution N(0, 1); then, applying the same projection
matrix for projection; that is, 𝑥 = √1/𝑚𝑅𝑇 𝑢, 𝑦 = √1/𝑚𝑅𝑇 V,
the mean and variance of squared Euclidean distance between
𝑥 and 𝑦 are as follows [16]:
2

(9)
𝐸 [𝑥 − 𝑦 ] = ‖𝑢 − V‖2 ,
2
2

(10)
Var [𝑥 − 𝑦 ] = ‖𝑢 − V‖4 .
𝑚
According to (9), after projection, the mean of squared
Euclidean distances is the same as the distance of two original
feature vectors. According to (10), the variance is inversely
proportional to the dimension of new space. The higher the
dimension, the smaller the variance, which means better
preservation of pairwise distances between original feature
vectors.
If projection matrices are different; that is, 𝑥 = √1/𝑚𝑅𝑇 𝑢,
𝑦 = √1/𝑚𝑆𝑇 V, the corresponding mean and variance are as
follows [16]:
2

(11)
𝐸 [𝑥 − 𝑦 ] = ‖𝑢‖2 + ‖V‖2 ,
2
2
2

Var [𝑥 − 𝑦 ] = (‖𝑢‖2 + ‖V‖2 ) .
𝑚

(12)

According to (9) and (11), since ‖𝑢 − V‖2 ≤ ‖𝑢‖2 + ‖V‖2 ,
when different projection matrices are applied for projections, the gathering center of squared Euclidean distances of
pairwise vectors in new space is larger than that in same projection matrices scenario. According to (10) and (12), larger
𝑚 means smaller variances, which leads to clear separation of
two kinds of distance distributions, so that stronger changeability can be provided.
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3.3. Security Analysis. Assuming that an attacker has
obtained the vault and all parameters of the vault, that is, the
number of genuine points 𝑡, the number of chaff points 𝑟 − 𝑡,
and the number of symbol errors 𝑘 that can be corrected in
vault decoding phase, the security of the vault is considered
in four different circumstances.
3.3.1. The Attacker Has No Information about Projection
Matrices and Impostor Features. In this condition, what an
attacker can do is to employ brute force attack to decode the
vault. Min-entropy [17] is used to measure the security of the
vault:
𝑡−𝑘
𝐻∞ = log (𝐶𝑟𝑡−𝑘 𝑃𝑡−𝑘
),

(13)

where “𝐶” means the number of combinations and “𝑃” means
the number of permutations.
3.3.2. The Attacker Has Genuine Query Feature Vector. In this
case, the attacker will use randomly generated random matrices 𝑅𝐴 ∈ R𝑛×𝑚 and legitimate query feature vector 𝑉𝐴 ∈ R𝑚
to decode the vault. The security of the vault can be measured
by the false accept probability 𝑃𝑓 .
Assuming projection matrices used in enrollment are 𝑅𝐸
and 𝑅𝐸 ≠
𝑅𝐴 , enrolled feature vector and lost legitimate
feature vectors are 𝑉𝐸 and 𝑉𝐴, respectively. The transformed
𝑇
𝑉𝐴,
features are 𝑋𝐸 = √1/𝑚𝑅𝐸𝑇 𝑉𝐸 and 𝑋𝐴 = √1/𝑚𝑅𝐴
respectively.
Since each entry in 𝑅𝐴 and 𝑅𝐸 is generated randomly, they
can be full column rank matrices, and therefore √1/𝑚𝑅𝐸 and
√1/𝑚𝑅𝐴 can be decomposed [18] as follows: √1/𝑚𝑅𝐸 = 𝑈𝑄𝐸
and √1/𝑚𝑅𝐴 = 𝑈𝑄𝐴, where 𝑈 ∈ R𝑛×𝑚 and 𝑈𝑇 𝑈 ≈ 𝐼. 𝑄𝐸
and 𝑄𝐴 ∈ R𝑚×𝑚 . Since 𝑈𝑇 𝑈 ≈ 𝐼, there are 𝑄𝐸 = √1/𝑚𝑈𝑇 𝑅𝐸
and 𝑄𝐴 = √1/𝑚𝑈𝑇 𝑅𝐴 , and columns of 𝑄𝐸 and 𝑄𝐴 are almost
orthonormal. Then, the projected features can be reformu𝑇
lated as 𝑋𝐸 = 𝑄𝐸𝑇 (𝑈𝑇 𝑉𝐸 ) and 𝑋𝐴 = 𝑄𝐴
(𝑈𝑇 𝑉𝐴).
These two equalities imply that original feature vectors are
first projected by the same matrix 𝑈 and then transformed
using different orthonormal matrices, which is equivalent to
the rotation of a point in hyperspace; the rotation radius is the
length (norm) of the point.
According to geometric-based analysis in [18], the false
accept probabilities are obtained in two cases:
𝑃𝑓1 =
𝑃𝑓2 =

𝑡𝑚
𝑚,
(𝑙𝑋𝐸 + 𝑡)
𝑚

𝑃𝑓 = 𝑃 (𝑙𝑋𝐴 ≤ 𝑙𝑋𝐸 + 𝑡 | 𝑙𝑋𝐸 ≤ 𝑡) 𝑃 (𝑙𝑋𝐸 ≤ 𝑡) 𝑃𝑓1
+ 𝑃 (𝑙𝑋𝐸 − 𝑡 ≤ 𝑙𝑋𝐴 ≤ 𝑙𝑋𝐸 + 𝑡 | 𝑙𝑋𝐸 > 𝑡) 𝑃 (𝑙𝑋𝐸 > 𝑡) 𝑃𝑓2 .
(15)
The total false accept probability depends on dimension
𝑚 of projected feature vector and the threshold 𝑡.
3.3.3. The Attacker Has the Projection Matrices. When the
attacker only has projection matrices 𝑅𝐸 , we consider a scenario that a random vector 𝑉𝑟 is generated as query feature
vector; after projection, 𝑋𝑟 = 𝑅𝐸𝑇 𝑉𝑟 is used to decode the
vault. The probability that 𝑋𝑟 falls into the hyperspace where
the distance between 𝑋𝑟 and a genuine vector 𝑋𝐺 = 𝑅𝐸𝑇 𝑉𝐸 is
less than a threshold 𝑇 which is proposed to measure the
security in this case.
Suppose Euclidean distance is used to measure the distance between two vectors; the probability can be written as
follows:




Pr (𝑋𝑟 − 𝑋𝐺2 < 𝑇) = Pr (𝑅𝐸𝑇 (𝑉𝑟 − 𝑉𝐸 )2 < 𝑇) .
(16)
Assuming that entries in 𝑉𝑟 are uniformly and independently distributed in a given value range 𝐼, to simplify the
calculation, we transform the above probability to the probability that each random generated element in 𝑉𝑟 falls into a
small value range; that is,
𝑛


Pr (𝑅𝐸𝑇 (𝑉𝑟 − 𝑉𝐸 )2 < 𝑇) ≈ ∏Pr (𝑉𝐸𝑖 − Δ < 𝑉𝑟𝑖 < 𝑉𝐸𝑖 + Δ) .
𝑖=1

(17)
Since uniformly distribution in a given value range 𝐼 is
assumed for entries in 𝑉𝑟 , the probability that each entry 𝑉𝑟𝑖
falls into the given value range 2Δ is as follows:
Pr (𝑉𝐸𝑖 − Δ < 𝑉𝑟𝑖 < 𝑉𝐸𝑖 + Δ) =

2Δ
.
𝐼

(18)

Substituting (18) into (17), we get
2Δ 𝑛


Pr (𝑅𝐸𝑇 (𝑉𝑟 − 𝑉𝐸 )2 < 𝑇) ≈ ( ) ,
𝐼

(19)

where 𝑛 is the length of 𝑉𝑟 .

when 𝑙𝑋𝐸 ≤ 𝑡,

𝑡
𝑚,
(𝑙𝑋𝐸 + 𝑡) − (𝑙𝑋𝐸 − 𝑡)
𝑚

From the above two cases, the total false accept probability can be expressed as

(14)
when 𝑙𝑋𝐸 > 𝑡,

where 𝑡 is a controlling threshold in chaff vector generation, 𝑚
is the dimension of projected feature vectors, and 𝑙𝑋𝐸 and 𝑙𝑋𝐴
are length of 𝑋𝐸 and 𝑋𝐴, respectively.

3.3.4. The Attacker Has Projection Matrices 𝑅 and Impostor
Feature Vector 𝑉𝐼 . This case is the user-independent scenario;
all users use the same projection matrices. The attacker may
take 𝑋𝐼 = 𝑅𝑇 𝑉𝐼 as a center to determine a hypersphere to find
genuine points. According to proposed chaff point generation
method, chaff vectors are added much closer to genuine
vector than query vectors projected from impostor feature
vectors, even though genuine projection matrices are used.

6

The Scientific World Journal

1
)
𝐻 = log2 (𝐶𝑟/𝑡

𝑡−𝑘

.

(20)

In the above four different scenarios, the last one is the
most severe scenario since the attacker has gotten most information. In (20), there are three variables, total number of
points in vault 𝑟, the number of genuine points in vault 𝑡,
and the number of corrected symbols 𝑘 by ECC. The quantified bits and the trend of security when changing different
parameters will be discussed in next section.

4. Experimental Results and Discussion
In this section, the proposed hybrid scheme is evaluated
based on palmprint database. Concrete experimental results
in terms of accuracy, changeability, and security are presented
to support the proposed hybrid approach.
4.1. Palmprint Database and Experimental Parameters. The
Handmetric Authentication Beijing Jiao Tong University
database (HA-BJTU) [19] is used in experiments. In HABJTU, there are 1973 palmprints of 98 people. The palmprints
are resampled to 128 × 128, and the resolution of palmprint
image is 72 dpi.
The classic principle component analysis (PCA) and linear discriminant analysis (LDA) are used to extract the features from palmprints. In feature extraction (PCA and LDA),
five palmprint images of each person are used for training and
the rest 1483 palmprint images are used for test.
In experiments, the number of genuine points is set to be
31; for each genuine point, 20 chaff points are generated for
fuzzification using proposed chaff point generating algorithm. And one symbol error is set to be corrected by ECC.
4.2. Accuracy Experiments. Similar to biometric verification
system, receiver operating characteristic (ROC) curve (which
includes two kinds of error rates, that is, the false accept rate
(FAR) and the false reject rate (FRR)) and equal error rate
(EER) (when FAR = FRR) are used to evaluate the accuracy of
proposed hybrid system. ROC curves are obtained by varying
the controlling distance between chaff vectors and genuine
vectors. EER curves are obtained under different dimensionality of projected feature vectors.
In the random projection module of proposed hybrid
system, random matrices and biometric templates are needed
for feature transformations, so it is a two-factor scheme. Three
different scenarios, that is, stolen-key, stolen biometrics, and
both legitimate cases, should be considered.
For the stolen-key case, the impostor will use genuine
projection matrices and impostor biometrics for vault

ROC curves
0.5

0.4

FRR

So for each genuine vector, there will be lots of chaff vectors
in the hypersphere in which the attacker does not know which
one is exactly the genuine vector.
From the fuzzification phase in vault generation, we know
there are 𝑡 genuine points and 𝑟−𝑡 chaff points in a vault. Averagely, there are 𝑟/𝑡 points in a hypersphere. In these 𝑟/𝑡 points,
only one is genuine point. Assuming 𝑘 symbol errors can
be corrected by the ECC; then, the security of vault can be
computed as follows:
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Figure 4: ROC curves in user-independent scenario.

unlocking. This is equal to user-independent (UI) scenario;
that is, different users use the same projection matrices for
vault unlocking, which characterizes the system accuracy
when user-independent transformations are used. For the
stolen-biometrics scenario, random generated projection
matrices and genuine biometrics are used for vault unlocking.
In both legitimate cases, different user uses different projection matrices for vault locking and unlocking. This is a userdependent (UD) scenario.
Let vault = Gen(𝑏, 𝑅, 𝑆), where “Gen” represents vault
generation algorithm, 𝑏 represents biometric features used for
vault generation, 𝑅 represents projection matrices used for
feature transformations, and 𝑆 is the secrets to be protected by
the vault. Given genuine query biometrics 𝑏𝐿 and legal query
matrix 𝑅𝐿 , if 𝑆 ≠
Unlock(vault, 𝑏𝐿 , 𝑅𝐿 ), where “Unlock” represents vault unlocking algorithm, this is false reject case. Given
impostor query biometrics 𝑏𝐼 and impostor query matrix 𝑅𝐼 ,
if 𝑆 = Unlock(vault, 𝑏𝐼 , 𝑅𝐼 ), where “Unlock” represents vault
unlocking algorithm, this is false accept case.
Figure 4 shows the ROC curves in user-independent
scenario. The dimensionality of genuine vector is 100. The
LDA feature outperforms PCA feature because the random
projection can only preserve the discriminability of features
but cannot enhance that in user independent case. And LDA
features have better discriminability than PCA features, as we
know. The user-dependent scenario is not shown in Figure 4;
in fact, FRR decreases by enlarging the distances between
chaff vectors and genuine vectors and vice versa, but the FAR
remains at zero in experiments.
EER curves in Figure 5 are obtained by varying dimensionality of projected vectors. In user independent case, the
EER decreases as the dimension increases, but no zero EER
is obtained. For user-dependent scenario, the EER decreases
to zero when dimensionality is equal or greater than 80. The
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4.4. Security Experiments. According to the theoretical analysis of security in Section 3.3, in this section we consider the
quantized security bits in the worst case (i.e., the attacker
has known projection matrices and has impostor biometrics)
based on the experimental parameters.
In our experiments, the number of genuine points 𝑡 = 31.
In fuzzification, 20 chaff points are added around each genuine point, so the total number of points 𝑟 = 651. And one
symbol error can be corrected by ECC; that is, 𝑘 = 1. Substituting these parameters into (20), the obtained security bits
are 131.77 bits, which is higher compared to those typically
reported in the literature [9, 10, 20–22].
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Figure 7: Security by varying the number of genuine points.
Security versus number chaff points per genuine point

180
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4.3. Changeability Experiments. The changeability of proposed hybrid scheme is provided by the random projection
module, where different enrolling features can be generated
for different applications by applying random projection with
different projection matrices.
Let vault = Gen(𝑏𝑖 , 𝑅𝑖 , 𝑆), where 𝑏𝑖 is the enrolled biometric features and 𝑅𝑖 is the enrolled projection matrix.
Using random generated projection matrices 𝑅𝑗 and genuine
biometric features 𝑏𝑗 to unlock the vault, if 𝑆 = Unlock(vault,
𝑏𝑗 , 𝑅𝑗 ), this is the false accept case, the obtained FAR is used to
measure the changeability of proposed scheme.
In experiments, each test palmprint feature vector is
paired with five groups of randomly generated matrices to
unlock the corresponding vault. There are 1483 test palmprints; 7415 times experiments are performed totally.
The experimental results are shown in Figure 6. It can be
seen that with different projection dimension, the FAR is
always zero, which means that the proposed hybrid algorithm
can provide strong changeability.
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Figure 6: Changeability.

Figure 5: EER curves.

zero EER of hybrid system benefits from the random projection module, in which user-dependent projection matrices
enhance the discriminability of transformed biometric features.

40

120
100
80
60
40
20

0

5

10
15
20
25
30
35
40
Number chaff points per genuine point

45

50
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Figures 7–9 show how the security bits change by varying
parameters 𝑟, 𝑡, and 𝑘. From Figure 7 we can see that the security bits increase rapidly by increasing the number of genuine
points 𝑡. From Figure 8 we can see that the security also
increases by adding more chaff points around each genuine
points, but the growth rate decreases when the number of
chaff points increases. From Figure 8 we can see that with the
increasing of corrected number of corrected error symbols,
the security decreases; this indicates the tradeoff between
accuracy and security; that is, correcting more symbol errors
can decrease the FRR of system, but the security also
decreases and vice versa.

5. Conclusions
To better satisfy accuracy, changeability, and security requirements for biometric template protection, in this paper, a
hybrid approach for protecting real-valued palmprint feature
vectors has been proposed. The proposed hybrid approach
includes two modules: random projection and fuzzy vault
scheme. A heterogeneous space was proposed for fuzzy vault
to enhance the intraclass variant tolerating ability and the
cryptographic key can be bound as long as needed. To
improve the security of fuzzy vault in heterogeneous space, a
chaff point generation method was also proposed.
Theoretical analyses from accuracy, changeability, and
security perspectives were presented. For accuracy analysis,
orthogonal projection and nonorthogonal projection were
considered. For changeability analysis, statistical properties
of projected feature vector were obtained using same projection matrices and different projection matrices have shown
that higher dimension of projected feature vectors provides
stronger cancelability. For security analysis, we considered
four different scenarios that the attacker knows different
information.
Experiments based on HA-BJTU palmprint database
have given concrete data to support the proposed hybrid
approach well in the view of accuracy, changeability, and
security.
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We propose to use simulation modeling to support decision making in IT service strategy scope. Our main contribution is a
simulation model that helps service providers analyze the consequences of changes in both the service capacity assigned to their
customers and the tendency of service requests received on the fulfillment of a business rule associated with the strategic goal
of customer satisfaction. This business rule is set in the SLAs that service provider and its customers agree to, which determine
the maximum percentage of service requests that are permitted to be abandoned because they have exceeded the waiting time
allowed. To illustrate the use and applications of the model, we include some of the experiments conducted and describe our
conclusions.

1. Introduction
A convergence of a series of technologies and tendencies,
such as high-speed Internet, web services, and service oriented architecture (SOA), has given rise to a new category
of software developers with a radically different business
model: web services providers. Web services are accessible
via the Internet through open standards and service oriented
architectures. Service providers design applications that can
function as technology-independent reusable services, and
the success of their businesses depends on services quality
and satisfying customer expectations. Effective service management is itself a strategic asset of service providers, providing them with the ability to carry out their core business
of providing services that deliver value to customers by
facilitating the outcomes customers want to achieve [1].
There are different standards and reference process models that propose best practices for IT Services Management (ITSM) such as Information Technology Infrastructure
Library (ITIL) [1], ISO/IEC 20000 International Standard
[2, 3], and Capability Maturity Model Integration for Services
(CMMI-SVC) [4], among others. ITIL is one of the process
models used currently most often by organizations. Empirical
works such as [5, 6] demonstrate the operational and strategic
benefits obtained by companies that implement ITIL.

ITSM frameworks provide important benefits but their
implementation in organizations is a complex process and
managers have to make very important and difficult decisions. Due to the complexity and uncertainty in decisionmaking situations in this field, model-driven Decision Support Systems (DSS) help managers make better decisions. A
model-driven DSS emphasizes access to and manipulation
of quantitative models to support decision-making process
[7]. Simulation models are an important type of quantitative
model used in model-driven DSS. A simulation model
can imitate the behavior of a system. It enables managers
to modify model input parameters to examine the model
outputs sensitivity and to realize analysis “what if.” It can
capture underlying mechanism and dynamics of a system,
which enables decision managers to effectively manage daily
operations and make long term plans. It provides also a testbed to asses changes in operations and managerial policies
[8]. In [9], Power and Sharda present an overview of the
research performed in the context of model-driven DSS. They
show the applicability and utility of simulation-driven DSS to
support decision making in different scopes.
The aim of this study is to analyze the use and applications
of simulation modeling to help decision making in IT service
strategy. We address the following two research questions.
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(i) Q1: Is simulation modeling used to make decisions in
IT service strategy?
(ii) Q2: Is it adequate to use System Dynamics to solve IT
service strategy problems?

The main contributions of this work that answer the
research questions mentioned above are as follows:
(i) a study of the published papers that use simulation
modeling to support decision making in IT service
strategy scope. According to their application fields,
the papers have been associated with the most suitable
process of the ITIL Service Strategy module.
(ii) System Dynamics that help evaluate the fulfillment
of strategic goals for IT service providers and make
decisions in the context of strategy management.
The rest of the paper is structured as follows. Next
section presents general issues of simulation modeling and
shows an overview of the works that apply simulation in the
context of ITIL service strategy module. Section 3 includes
the description of the problem that our simulation model
aims to resolve. Section 4 describes our simulation model and
explains some of the experiments performed to illustrate its
use and applications. Finally, Section 5 summarizes this paper
and presents our conclusions.

2. Simulation and IT Service Strategy
A simulation model is a mathematical model that represents
a simplified form of a complex system whose equations are
solved by simulation. The main goal of simulation models
is to provide mechanisms for experimentation and behavior
prediction, the resolution of questions such as “What would
occur if . . .?” and learning more about the system represented, among others. They allow one to understand how
systems behave over time and to compare their performance
under different conditions. One of the main advantages of
simulation models is that they allow one to experiment with
different decisions and to analyze the results obtained in
systems in which the cost, the time, or the risk of performing
real experiments is high. Besides, simulation models permit
the analysis of complex systems that are not possible to be
represented with analytical models [10].
Simulation modeling is very frequently used to support
decision making in different business areas, and it provides
solutions to a wide range of issues at strategic, operational and
tactical level [11–19].
There are different simulation approaches, such as, statebased process models, discrete-event simulation, System
Dynamics, agent-based simulation, Petri-net models, queueing models, Monte Carlo simulation, probabilistic simulation, and traditional mathematical simulation [7]. The most
appropriate approach depends on the nature of the problem
to be solved. Specifically, System Dynamics mainly focus
on strategic issues and policy analysis. This approach is
considered appropriate when taking a distant perspective
(meaning strategic) where events and decisions are seen in
the form of patterns of behavior and systems structures [20].

This section provides an overview of the works that
use simulation modeling to support decision making in the
context of ITIL service strategy module. A search of various
digital libraries and citation databases for papers that apply
simulation modeling in this field has been performed. Our
aim is not to offer an exhaustive study but to analyze if it is
appropriate to apply simulation modeling in this scope.
The purpose of ITIL service strategy module is to design,
develop, and implement service management as an organizational capability and as a strategic asset. This module processes are as follows: (a) strategy of IT services, (b) financial
management for IT services, and (c) demand management.
The objective of the strategy of IT services process is to ensure
that service strategy is defined and maintained and achieves
its purpose. It is responsible for defining strategic goals and
the appropriate strategies for compliance. The purpose of
the financial management for IT services is to secure the
appropriate level of financing to design, develop, and deliver
services that meet the strategy of the organization. Finally,
the main aim of the demand management process is to
understand, anticipate, and influence customer demand for
services. This process works with the management capacity
process to ensure that the service provider has enough
capacity to meet this demand [21].
Below, we analyze the main application field of the papers
referenced and associate them with the most suitable process
of ITIL service strategy module.
2.1. Strategy for IT Services Process. Most works found in the
scope of this process propose System Dynamics to help
define the strategy of IT services. Gary et al. [22] present an
overview of System Dynamics contributions in the strategy
field focusing on why some firms are more profitable than
others. The ideas introduced in this work can also be applied
in the context of IT service strategy. The authors of [23, 24]
focus on business objectives of organizations. Karapetrovic
and Willborn [23] propose System Dynamics to describe
links in a service organization and represent the interrelationships between business objectives, resources, and processes.
On the other hand, Folgueras et al. propose to analyze
different business objectives strategies and to determine the
most adequate using Systems Dynamics [24]. Finally, the
process modeling and simulation approach proposed in [25]
help evaluate performance metrics, define an IT investment
strategy, and select the optimal scenario for business and IT
governance alignment.
2.2. Financial Management of IT Services Process. The following works apply simulation to analyze the cost of services.
Gebauer [26] presents various System Dynamics models
to study service behavior, resource allocation, customer
perception, and reaction of competitors. The simulations
results allow one to identify situations in which the cost
of improving services exceeds the benefits. The framework
for developing discrete-event simulation model proposed
in [27] helps estimate serviceability, costs, revenue, profit,
and services quality. Popkov and Karpov [28] introduce a
simulation model that helps predict the costs of services,
analyze the effects of business strategies, and define both
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IT infrastructure and services prices. The queuing model
proposed by Villela et al. [29] helps evaluate the resource
allocation that maximizes the benefits of service providers
and minimizes the costs of services failures. The authors of
[30] propose a probabilistic model that enables analyzing the
expected change-related costs. In [31, 32] analytical models of
service costs are presented. The authors of these works evaluate the effectiveness of their approach through simulation. In
[31], Abrahao et al. introduce a cost model to analyze penalties
due to violation and rewards received when the level targets
are exceeded. In [32], the authors propose a model to analyze
the costs of services considering different development teams
and service providers. The model simulations help decide the
optimal service provider.
Other more recent works study economic aspects of
services in cloud computing environments [33]. In [34],
an analytical model of hybrid cloud costs is presented. In
this model the costs of computing and data communication
are considered. The authors of [35] propose a mathematical
model for supporting cloud services selection across multiple
sources considering mainly cost and risk. Finally, in [36]
Goiri et al. discuss an analytical economic model of resource
provision in a federated cloud. The effectiveness of the models
proposed in [34–36] is evaluated through simulation.
2.3. Demand Management Process. In [37] a service-demandforecasting method that uses multiple data sources for
improved accuracy is proposed. The authors present an
advanced scenario simulation framework to analyze each
customer service choice behavior and total service demand
under an assumed condition. On the other hand, the
authors of [38] focus on service multirequests from different
users and propose a cooperative downloading strategy with
multiclass request. The strategy provides different services
according to users’ expectations and helps service providers
obtain the most benefit by making use of the repetition
ratio of data and user-defined class. The simulation results
indicate the benefits of the proposed scheme in terms of
increasing service quality and benefit for service providers.
Finally, Sen et al. [39] propose an analytical model for SLA
formulation that is responsive to demand fluctuations and
user preference variance, with the objective of maximizing
organizational welfare of the participants. This formulation
features a dynamic priority based price-penalty scheme targeted to individual users. Simulations performed using data
from an existing SLA to provide evidence that the proposed
dynamic pricing scheme is likely to be more effective than a
fixed price approach are presented.
Our first research question is aimed at whether simulation
modeling is used to make decisions in IT service strategy. The
analysis of the papers above shows that these techniques are
widely used in this context.
The second research question is aimed at whether it is
adequate to use System Dynamics to solve IT service strategy
problems. The authors of [20] emphasize that System Dynamics focus mainly on strategic issues and policy analysis.
Besides, although the referenced papers show that different
simulation approaches have been used in this field, most of
papers found in the context of strategy for IT service process
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propose System Dynamics to define service strategy, strategic
goals, and analysis policies [22–24]. Instead, in the context
of the financial management of IT services and demand
management processes, other simulation approaches such
as analytical models or discrete-event simulation are more
used.
In the following sections, we present a System Dynamics
model built to help service providers in the decision-making
process to define their strategic goals.

3. Problem Description
One of the main objectives of the ITIL strategy of IT services
process is to define the strategic goals of organizations and the
appropriate strategies for compliance. Strategic goals can be
expressed in the form of different managerial business rules
that aggregate different business rules that affect the structure
and behavior of the services [40]. Thus, the fulfillment of
the business rules determines the fulfillment of the strategic
goals. In this paper we focus on the business rules that
indicate restrictions about services behavior. These business
rules figure in the contracts service providers and their clients
sign called service level agreement (SLA) [41].
For the purpose of this study, we have considered a
hypothetical e-commerce company that sells products on
the Internet. The e-commerce company is a distribution
company that buys the products to their manufacturers and
sells them to their customer through the company website.
In SOA approach, the tasks that validate credit card details
and verify that company’s customers possess enough credit to
make the purchase are handled by the credit card validation
service provided by a banking validation service provider.
In this context, the e-commerce company and the service
provider sign a SLA in which issues such as service capacity
contracted, service availability, service response time, service
abandon rate, key performance indicators, and operation or
billing model are set, among others. The billing model and
the quantity the company has to pay to the service provider
depend on the values estimated and specified for the SLA
parameters. Errors in the estimation of these parameters will
have a direct effect not only on the bill but also on the
fulfillment of both business rules and strategic goals of the
service provider.
With the aim of helping service providers in the decisionmaking process to define their strategic goals, a simulation
model is built to allow evaluating the effects of different
service capacities and service request tendencies on the
fulfillment of our business rule and hence the strategic goal
customer satisfaction.
In this study, we have focused mainly on the business rule
that specifies the maximum percentage of service requests
that are permitted to be abandoned (15%) because they have
exceeded the waiting time established. Consequently, we
have considered the SLA parameters most frequently used to
define this business rule [1].
(i) Service Capacity Contracted. Maximum capacity of
the credit card validation service contracted by the
company.
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Table 1: Patterns of behavior of customer’s orders.

Orders tendency
Const
Ramp
Pulse

Description
After the launching of a special offer, the number of orders received experiments a rapid growth and it remains
constant as its peak value.
Requests Received Rate = Initial Value + PulseHeight ∗ Pulse (PulseTime, Sim Period)
The increment of the number of orders is not step-shaped but gradual; hence, it has been modeled as ramp.
Requests Received Rate = Initial Value + Ramp (Ramp Slope, Ramp Time, Ramp Length)
The growth that the number of orders stays as its peak value for a certain amount of time and then descends
gradually.
Requests Received Rate = Initial Value + PulseHeight ∗ Pulse (PulseTime, PulseWidth)

(ii) Service Response Time. Maximum response time of
the credit card validation service. If this time is
exceeded, the service request is rejected.
(iii) Request Rejection Rate (Our Business Rule). Maximum
percentage of service requests that are permitted to
be rejected because they have exceeded the maximum
service response time established.
It is important to notice that we have focused only on the
service requests rejections due to the delay in the response
of the service for more than the maximum response time
allowed by the company. We have not considered other
reasons for service requests rejections such as server down,
incorrect credit card data, and insufficient balance of the
credit card, among others.

4. Simulation Model
This section describes the simulation model built to analyze
the problem described in the above section. For this, we have
followed Kellner et al.’s proposal to describe a simulation
model [10] and Martı́nez and Richardson’s methodology for
simulation model building [42]. The main components of a
simulation model are the scope and purpose of the model,
the abstraction of the system, the input parameters, and the
output variables [10].
The simulation approach chosen for model building is
System Dynamics and the simulation tool used is AnyLogic
[43], a multiparadigm simulation environment.
4.1. Purpose and Scope of the Model. The scope of the model is
ITIL strategy of IT services process. The model purpose is to
help service providers evaluate the fulfillment of the business
rule that specifies the maximum rejection percentage for
service requests allowed.
4.2. Input Parameters. Input parameters allow the configuration of different simulation scenarios to analyze the fulfillment of the business rule contracting different service capacities and considering various tendencies of service requests.
The input parameters included in this study are classified as
follows.
(a) Parameters modeling the tendency of the service
requests that the service provider receives.
(i) Requests Received Rate. It represents the rate of service
requests received that depends on the tendency of

the orders made by the company’s customer through
the website. In the case of study, we have considered
the patterns of behavior of customer’s orders after the
lunching of a special offer shown in Table 1.
Requests Received Rate, Initial Value, Pulse Height, Pulse
Time, Pulse Width, Ramp Slope, Ramp Time, and Ramp Length
are input parameters of the model that allow defining the
patterns of behavior of customer’s orders considered. It is
possible to include in the simulation model other functions to
represent other different tendencies of the customer’s orders.
(b) SLA parameters service provider and e-commerce
company sign (see Section 3).
(i) Service Capacity Contracted. It represents the service
capacity contracted by the customer company.
(ii) Service Response Time. It represents the maximum
response time of the service.
(iii) Requests Rejection Rate. It represents the maximum
percentage of service requests received that are permitted to be rejected.
(c) Credit card validation service management parameters.
(i) Service Capacity. It represents the service capacity that
service provider assigns to the customer company.
4.3. Output Variables. The main output variables that provide
information about the purpose of the model and are helpful
to understand the behavior of system are as follows:
(i) Business Rule Fulfillment. It represents the deviation between the service requests that have been
rejected by the system and the maximum rejection
rate allowed by the business rule (value of the SLA
parameter Requests Rejection Rate).
(ii) Requests Received. It represents the number of service
requests that the service provider receives. The value
of this variable depends on the value of the input
parameter Requests Received Rate.
(iii) Requests Validated. It represents the number of service
requests received that have got an answer without
exceeding the maximum response time established.
(iv) Requests Rejected. It represents the number of service
requests received that have been rejected because they
exceeded the maximum response time established.
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(a) Experiments that allow analyzing the fulfillment of
the business rule and the service behavior by varying both the service capacity that service providers
allocate to the company and the tendency of customer’s orders that determines the tendency of service
requests that service provider receives.

Service
capacity

+
Requests +
validated

+ Requests
received−

+ Requests −
− rejected

+
Company
satisfaction
−

Service
response time

(b) Optimization Experiments. These experiments combining simulation model with the AnyLogic optimization tool to find the best values of decision
variables (input parameters of the simulation model)
which yield the optimal service performance. The
AnyLogic optimization tool is based on the OptQuest
optimization engine which uses metaheuristic optimization algorithms, mainly scatter search [43].

Figure 1: Causal loop diagram.

4.5.1. Experiments to Analyze the Fulfillment of Business Rule
and Service Behavior
4.4. Model Conceptualization. In order to represent the main
elements of the system modeled and their cause and effect
relationships, we have created the causal loop diagram presented in Figure 1.
The cause and effect relationships displayed in Figure 1
are as follows: (a) the number of Requests Received depends
on the Requests Received Rate that represents the tendency
of the company customer’s orders received; (b) the number
of Requests Validated depends on the number of Requests
Received and the service capacity that service provider assigns
to the customer company; (c) the number of Requests Rejected
depends on the number of Requests Received, the Service
Response Time (maximum service response time allowed),
and the number of Requests Validated; (d) the strategic goal
customer satisfaction depends on the number of Requests
Validated and the number of Requests Rejected. The input
parameters of the model are the activity elements upon which
the fulfillment of the business rule can be assured.
Once the model has been conceptualized, it has to be
formalized as a mathematical model. For this, we have used
stock and flow diagrams, also known as Forrester diagrams
[44]. These diagrams help us represent the model structure,
assign the equations to this structure, and identify the
relationships between the variables involved. They represent
the most important system variables, that is, those ones whose
behavior we wish to observe, as stock variables. The variables
that represent how stock variables change through time are
known as flow variables. Auxiliary variables are the rest of
elements in the process that have influence upon it.
In the model proposed, the output variables Requests
Received, Requests Validated, and Requests Rejected have been
modeled as stock variables whose behavior is controlled by
the flow variables Requests Received Rate, Validation Rate, and
Rejection Rate.
4.5. Model Experimentation. To illustrate the use and applications of the model, in this section we describe and analyze
some of the experiments conducted. These experiments are
classified as follows.

Experiment 1. The aim of this experiment is to analyze the
fulfillment of the business rule and the system behavior
with an initial system configuration determined by the input
parameters values indicated in Table 2.
The simulation results indicate that, with the input
parameters configuration considered in this experiment, the
service provider compliances the business rule established
in the SLA. They also indicate that no service requests
are rejected during all the simulation period because of
exceeding the maximum response time established. On the
other hand, Figure 3 shows the service requests validated
within the expected response time. It can be observed a
gradual increment of this output variable value and that at
the end of the simulation period it reaches a value of 6.798
requests.
Experiment 2. The aim of this experiment is to determine
the lowest service capacity that guarantees the fulfillment of
the business rule. For this, several model simulations were
run setting the input parameter Service Capacity to a lower
value than the service capacity contracted by the company
(900 requests/minute). The simulation results indicated that
the lowest service capacity is 739 requests/minute. With this
service capacity, 6.792 service requests are validated and 6
service requests are rejected at the end of the simulation
period.
In this case, the service provider can assign less service
capacity than the one contracted by the company, with
the certainty that the business rule is met. Therefore the
unnecessary service capacity can be used to satisfy the service
requests of other customers.
Experiment 3. The main objective of this experiment is to
analyze the service performance with service capacities that
do not meet the business rule. Figures 4, 5, and 6 represent the
values of the output variables obtained with a service capacity
equal to 650 requests/minute. Figure 4 shows the behavior of
output variable Business Rule Fulfillment with this capacity. It
is observed that initially the business rule is met, but from
a specific point in time to the end of simulation this rule
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Table 2: Configuration of the input parameters of the simulation model (E1).

Input parameters configuration
Request Received Rate. The pattern of behavior of orders received after the launching of a special offer is modeling by the ramp
shown in Figure 2. The following input parameters configure this ramp:
(i) Initial Value: 500 orders/minute.
(ii) Ramp Time: 1 minute.
(iii) Ramp Length: 4 minutes.
(iv) Ramp Slope: 80.
SLA parameters:
(i) Service Capacity Contracted: 900 requests/minute.
(ii) Service Response Time: 15 seconds.
(iii) Requests Rejection Rate: 15%.
Service management parameters:
Service Capacity: Service Capacity Contracted (900 requests/minute).
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Figure 2: Pattern of behavior for the input parameter Requests
Received Rate (E1).
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Figure 6: Output variable Requests Rejected (E3).

Figure 3: Output variable Requests Validated (E1).
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Figure 5: Output variable Requests Validated (E3).
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Figure 4: Output variable Business Rule Fulfillment (E3).

is not satisfied anymore. Besides, the degree of the business
rule nonfulfillment varies during the simulation period, and
from a particular point in time (5 minutes) to the end of the
simulation, this variable reaches its highest value that it is
equal to 89 requests.
Figures 5 and 6 display the output variables Requests
Validated and Requests Rejected,respectively. Figure 5 shows
that the variable Requests Validated experiments a gradual
increment and at the end of the simulation its value is 6.209
requests. Figure 6 indicates that service requests begin to be
rejected at a specific point in time (3 minutes), and 567 service
requests have been rejected at the end of the simulation.

The Scientific World Journal

7
Table 3: Optimization experiments.

Exp
1
2
3

Optimization objective
To assure the fulfillment of the business rule and to
minimize the service requests rejected
To assure the fulfillment of the business rule and to
maximize the service requests validated

Service capacity

Requests rejection rate

800

0.175

854.5

0.102

To minimize the nonfulfillment of the business rule

739

0.136

100

parameters Service Capacity (between 500 and 900) and
Requests Rejection Rate (between 0.10 and 0.20). Table 3
summarizes the results of these experiments. It shows the
service capacity that the service provider would have to assign
to the customer company to meet the optimization objectives
established. Besides, it shows the business rules that the
service provider would satisfy with those capacities.
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Figure 7: Output variable Business Rule Fulfillment (E4).

The analysis of the results of this experiment indicates that
to fulfill the business rule it would be necessary to modify the
service capacity assigned to the company over time. Initially, a
service capacity equal to 650 requests/minute is adequate, but
in different time periods higher service capacities are needed
to ensure the fulfillment of the business rule. Thus, model
simulations provide information that help service provider
decide how to manage service capacity to meet the business
rule and to optimize his resources.
Experiment 4. The purpose of this experiment is to evaluate
the service behavior with the system configuration considered in Experiment 1, but varying the characteristics of
the ramp that models the tendency of service requests as
follows: (a) RampTime = 1 minute, (b) RampLenght = 6
minutes, and (c) RampSlope = 100. The degree of business rule
nonfulfillment in this scenario is displayed in Figure 7. It is
observed that the business rule is not satisfied from a specific
point in time (5 minutes), and the degree of nonfulfillment
varies over time.
Comparing the results of this experiment with
Experiment 3, it is observed that, with a higher service
capacity and increasing ramp slope, the nonfulfillment of the
business rule starts later but it reaches a higher degree.
The results of the experiments above described show that
the compliance of the business rule depends on both the
service capacity assigned to the company and the tendency of
the company’s service requests. Thus, if the service provider
could estimate the future demand of the customer company’s
service requests, they would know what service capacity to
assign it to guarantee the compliance of the business rule.
4.5.2. Optimization Experiments. The optimization experiments have been performed with the system configuration
considered in Experiment 1, varying the values of the input

5. Conclusions
The first research question asked whether simulation modeling is used to support decision making in the IT service
strategy context. This paper explores the use of simulation
modeling in this scope and the works founded show that
different simulation approaches have been used. According to
their application fields, these works have been associated with
the most suitable process of ITIL Service Strategy module.
The second research question asked whether it is adequate
to use System Dynamics to solve IT service strategy problems.
The main contribution of this work is a System Dynamics
model in the scope of ITIL strategy of IT services process
that helps service providers in the decision-making process
to define their strategic goals. The simulation model allows
analyzing the outcomes of changes in the service capacity,
which a service provider assigns to a specific customer, and in
the tendency of customer’s service requests on the fulfillment
of one of the business rules associated with the strategic goal
customer satisfaction. This business rule is reflected in the
SLA that the service provider and the customer sign and
determines the maximum percentage of service requests that
are permitted to be rejected because they have exceeded the
response time established.
To do that, different simulation scenarios were configured
by varying the service capacity and the tendency of service
requests received. The main objectives of the experiments
described in this study are as follows: (a) to evaluate the fulfillment of the business rule with the service capacity contracted
by the customer, (b) to determine the lowest service capacity
that ensures the fulfillment of the business rule, and (c) to
analyze the service behavior by varying the service capacity
assigned to the customer and the tendency of service requests
received. The dynamic feature of the simulation model helps
analyze the fulfillment of the business rule and the service
behavior through time and determine the adequate moment
to change the service capacity to guarantee the business rule
fulfillment.
On the other hand, several optimization experiments
were performed that allow determining the best values
of decision variables that meet the following optimization
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objectives: (a) to minimize the service requests rejected, (b) to
maximize the service requests validated, and (c) to minimize
the nonfulfillment of the business rule.
The main objectives of our further works are as follows:
(i) extend the functionality of the simulation model presented in this work to solve more complex problems
in the context of the IT service strategy.
(ii) develop simulation models to help in decision making
in different domains of IT service management processes. For this, different simulation approaches can
be applied;
(iii) apply the simulation models built in real companies
to help calibrate and validate them. The usage of
these models will provide important benefits for the
companies.
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With recent advancements in Semantic Web technologies, a new trend in MCQ item generation has emerged through the use of
ontologies. Ontologies are knowledge representation structures that formally describe entities in a domain and their relationships,
thus enabling automated inference and reasoning. Ontology-based MCQ item generation is still in its infancy, but substantial
research efforts are being made in the field. However, the applicability of these models for use in an educational setting has not been
thoroughly evaluated. In this paper, we present an experimental evaluation of an ontology-based MCQ item generation system
known as OntoQue. The evaluation was conducted using two different domain ontologies. The findings of this study show that
ontology-based MCQ generation systems produce satisfactory MCQ items to a certain extent. However, the evaluation also revealed
a number of shortcomings with current ontology-based MCQ item generation systems with regard to the educational significance
of an automatically constructed MCQ item, the knowledge level it addresses, and its language structure. Furthermore, for the task
to be successful in producing high-quality MCQ items for learning assessments, this study suggests a novel, holistic view that
incorporates learning content, learning objectives, lexical knowledge, and scenarios into a single cohesive framework.

1. Introduction
Ontologies are knowledge representation models that provide
a rich platform for developing intelligent applications. Recent
advancements in Semantic Web technologies have created
an interest among researchers in developing ontology-based
applications in numerous research areas. One such research
area is the field of question generation (QG), a subfield of artificial intelligence. Recent research has led to the emergence of
ontology-based multiple choice question (MCQ) generation.
MCQ items have proved to be an efficient tool for measuring
the achievement of learners. Instructors could benefit from
such systems since the task of manually constructing MCQ
items for tests is cumbersome and time-consuming, while it is
often difficult to develop high-quality MCQ items. Although
ontology-based MCQ generation systems successfully generate MCQ items, little research has evaluated how well these
MCQ items are appropriate for use in an educational setting.
Such an evaluation is necessary in order to provide guidelines
and set requirements for the design and development of
ontology-based MCQ generation systems.

This paper aims to address this issue by assessing the
performance of these systems in terms of the efficacy of the
generated MCQs and their pedagogical value. We present
an experimental evaluation of an ontology-based tool for
generating MCQ items, the system known as OntoQue
[1]. OntoQue is a question generation system that assists
the instructor by automatically generating assessment items
using domain ontology. The reason why this particular
system was chosen is that it was accessible to the researcher,
while its generic nature means that it can be used with any
domain ontology for any subject.
This paper is organized as follows. Section 2 presents a
background with an overview of ontologies and the task
of MCQ generation. Section 3 provides a review of relevant literature on the task of question generation. Section 4
presents the OntoQue system and its features, while Section 5
describes the details of the experimental evaluation. Section 6
presents the results of the evaluation, with Section 7 outlining
a set of recommendations and guidelines to consider when
designing ontology-based MCQ item generation systems.
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<owl:Class rdf:ID="Book">
<rdfs:subClassOf rdf:resource="#Entry" />
<rdfs:label xml:lang="en">Book</rdfs:label>
<rdfs:comment xml:lang="en">A book with an explicit publisher.</rdfs:comment>
<rdfs:subClassOf>
<owl:Restriction>
<owl:onProperty rdf:resource="#humanCreator" />
<owl:minCardinality rdf:datatype="&xsd;nonNegativeInteger">1</owl:minCardinality>
</owl:Restriction>
</rdfs:subClassOf>
<rdfs:subClassOf>
<owl:Restriction>
<owl:onProperty rdf:resource="#hasTitle" />
<owl:minCardinality rdf:datatype="&xsd;nonNegativeInteger">1</owl:minCardinality>
</owl:Restriction>
</rdfs:subClassOf>
<rdfs:subClassOf>
<owl:Restriction>
<owl:onProperty rdf:resource="#hasPublisher" />
<owl:minCardinality rdf:datatype="&xsd;nonNegativeInteger">1</owl:minCardinality>
</owl:Restriction>
</rdfs:subClassOf>
<rdfs:subClassOf>
<owl:Restriction>
<owl:onProperty rdf:resource="#hasYear" />
<owl:minCardinality rdf:datatype="&xsd;nonNegativeInteger">1</owl:minCardinality>
</owl:Restriction>
</rdfs:subClassOf>
</owl:Class>
Algorithm 1: Bibtex OWL/XML ontology for “Book”.

Finally, Section 8 provides our conclusions and highlights
avenues for future research.

2. Background on Ontologies
Recent advances in web technologies and the emergence
of the Semantic Web have provided a platform for developing intelligent applications, in which ontologies play an
important role. Ontologies provide a machine-readable form
for describing the semantics of a specific domain. They
are knowledge representation structures that describe entities in a domain and their relationships. Entities are the
fundamental building blocks of ontologies, and, in turn,
they define the vocabulary of an ontology. Classes, object
properties, data properties, and individuals are all entities.
Classes represent sets of individuals, object and data properties represent relationships in the domain between these
individuals, and individuals represent the actual objects in
the domain. Using these entities, an ontology facilitates the
description of assertional knowledge, which provides information about specific individuals, such as class membership.
In addition, terminological knowledge relates to the classes
and relationships that exist and how they relate to one
another; an example is subclass and superclass relationships.
Terminological knowledge refers to concepts and relations
in a domain. For example, a “library” ontology may contain

the classes “book” and “journal” and the relations “hasauthor” and “has-publication-date.” It may also state that
“book” and “journal” are types of “publications.” Moreover,
the relationships in the ontology may define certain constraints, such as “a book must have at least one author.”
With regard to assertional knowledge, the “library” ontology
may assert the fact “Book: A Tale of Two Cities has-author:
Charles Dickens.” Ontology entities translated into assertional
and terminological knowledge about a domain represent a
rich resource from which MCQ items can be automatically
generated. They represent asserted facts about a specific
domain in a machine-understandable way. Table 1 shows a
number of facts and axioms from the bibtex [2] ontology
represented in natural language.
The World Wide Web Consortium (W3C), an international organization supporting the development of standards for the Internet, has recommended OWL (web ontology language) as the ontology language for the Semantic
Web. OWL ontology contains a collection of statements
and expressions; a typical statement is composed of three
major elements—subject, predicate, and object—and is thus
sometimes referred to as a triple. There are two types of
statements in OWL ontologies: facts and axioms. Facts are
statements about things in the specific domain. Axioms
are statements that describe constraints on entities in the
ontology. Algorithm 1 shows the OWL/XML representation
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Table 1: Sample facts and axioms from the bibtex ontology.

Facts

Axioms

Terminology
A book is an entry
A novel is a book
has author is a kind of human-creator
has editor is a kind of human-creator
A book has a minimum of one human-creator
A book has a minimum of one title
A book has a minimum of one publisher
A book has a minimum of one year

for the entry book in the bibtex ontology [2]. According
to OWL ontology, a statement is composed of three major
elements, subject, predicate, and object.

3. The Question Generation Task
The literature reports on a number of different methodologies
used for various purposes in question generation. These
methodologies can be classified into syntax-based, templatebased, and semantic-based models. The majority of methodologies utilize a natural language resource, from which
questions are generated. These resources are either general
or domain-specific. The purposes for which questions are
automatically generated include assessment [3–5], revision
or study questions [6], exercise questions [7], look-back
strategy questions [8], problem-solving questions [9], general
questions in a specific domain, such as tourism [10], or opendomain questions [11].
In syntax-based approaches, only the syntax of the natural
language sentence is considered, not the semantics. The main
characteristic of these systems is their heavy reliance on
natural language processing (NLP) tools. One of the earliest
question generation systems is syntax based [6], with natural
language parsers being used to analyze sentence syntax and
identify the major components that can be used to form a
question. The questions are generated to aid revision and
study. However, a major drawback of such an approach is
the existence of syntactically ambiguous language sentences,
and the only way to parse such sentences correctly is to
understand the meaning of the sentence. Another drawback
is that the system is language dependent. However, one of
the main advantages of this approach is that it is domain
independent, so that a natural language sentence in any
domain can be used to formulate a question.
Language resources, such as WordNet [12], have been
used for the question generation task. Brown et al. [4]
describe a system for generating questions for vocabulary
assessment using WordNet for MCQ generation. Based on
the attributes and lexical relations in WordNet, six types
of vocabulary questions are defined: definition, synonym,
antonym, hypernym, hyponym, and cloze questions. Natural
language text is parsed and tagged with part-of-speech (POS)
information. A word is selected from a given text, and then
data from WordNet is extracted for all six categories. For
example, the definition question requires a definition of the

Assertions
A Tale of Two Cities is a novel
A Tale of Two Cities has the author “Charles Dickens”
A Tale of Two Cities has the year “1859”

word, which is retrieved from WordNet’s gloss. The system
selects the first definition that does not include the target
word. Although the system exploits the structure of the
domain resource (WordNet) for question generation, the
questions generated are limited to vocabulary-type questions.
Similarly, the system presented in [13] generates cloze questions for assessing the comprehension of a reading text. The
system enables the creation, answering, and scoring of text
comprehension questions. Cloze questions are generated by
parsing a natural language sentence; a random word is deleted
and then three random distracters of similar difficulty are
chosen from the text.
The system described by Gates [8] uses NLP tools to
generate look-back strategy questions. Wh-questions are
derived from the natural language text. The text is parsed
and analyzed using NLP parsers to generate a parse tree for
the declarative sentence. A set of human-defined tree transformation rules and other NLP tools are used to transform
the sentence into a wh-question. This system is specifically
designed for wh-fact questions only and relies on humandefined rules to transform a sentence into a question.
For other MCQ generation systems based on NLP of
textual resources, the similarity measure is obtained by using
either language lexicons such as WordNet or computational
algorithms that provide a similarity measure between two
words [14].
Silveira [15] describes the work-in-progress for developing a general framework for question generation. The input
to the system is free text, which is parsed and annotated with
metadata. Once annotated, an appropriate question model is
selected, and then the question is formulated using natural
language.
An example of template-based approaches to question
generation is described by Stanescu et al. [16]. The system
uses a number of predefined tags and templates, which the
instructor can then use to create questions. The text is first
displayed in a window, and the instructor then selects a
concept and a suitable question template from the set of
available templates. The system then parses the selected text
and generates questions.
Another example of the template-based approach to
question generation, specifically MCQ items, is the work
described by [17]. The authors describe task models (templates) that can be used for automatic generations of assessment items. They use Item GeneratOR (IGOR) software [18],
which generates models by allowing users to enter text for
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the stem and to identify variables, constraints, and response
choices in order to generate a wide range of MCQ items.
Semantic-based approaches are usually domain dependent. They depend on a semantic model of the domain in
order to generate questions. The OntAWare system [19] uses
an ontology and generates questions based on knowledge
of class-subclass and class-instance relationships. The system
provides, among other functionalities for educational content
authoring, the semiautomatic generation of learning objects,
including questions. The system uses subsumption relationships between classes in order to generate questions, such as
“Which of the following items is (or is not) an example of
the concept, X?” Although it uses an ontological model of
the domain, it does not fully exploit other relationships or
constraints in the ontology.
In [10], query templates are analyzed and question
patterns predicted. The system uses domain ontology to
generate a set of question patterns, which are predicted, with
users being asked questions in a specific domain. Natural
language text in a specific domain (tourism) was obtained
from the Internet and semantically annotated with metadata
derived from the ontology to create a triple-based resource
description framework (RDF). All triples in the format of
⟨class, property, range⟩ are generated. By analyzing these
triples against a set of randomly selected user queries, two
types of questions were identified. The first involves querying
the “name” property of a class instance using one or more of
its other properties as the constraint(s). The second entails
querying a property X, other than the name of a class instance,
using its “name” property as the constraint. Although this
system utilizes an ontological model, it does not exploit other
ontological constructs. It also relies on the analysis of user
query patterns in a specific domain.
The system presented by [3] describes the automatic generation of MCQ items from domain ontologies. The semantic
relationships between various entities in the ontology are
used to assert true/false sentences, which are then used for
generating the distracters in question items. The authors
describe three main strategies for question generation: class-,
property-, and terminology-based strategies.
Similarly, the work described by [20] uses ontologies
to generate MCQ items, with the system (SeMCQ) being
developed as a plug-in for the protégé ontology editor [21].
Its strategies are similar to those described by [3]. In SeMCQ,
all item stems begin with the word “which,” “what,” or “who.”
There are two forms for the language and wording of the
question stem: “What is a variable?” and “Which one of
these statements is correct?” The options for a single item
are framed in a membership frame, for example “X is a Y.”
Items are based on class membership and do not exploit the
semantics of the domain, namely, that of object properties.
Although this system uses an ontological domain model for
question generation, it only focuses on generating the MCQtype and does not consider other question styles. The system
presented by [22] uses OWL ontologies as the source for the
domain knowledge and generates tests. The system is based
on a number of defined templates for questions from which
the system can generate the test items.
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For the task of educational assessment, the approach
of [23] utilizes ontology not to generate assessment items,
but rather to enable students demonstrate their knowledge
and understanding of the concepts while creating ontologies.
Ontology in this case is used as an assessment item itself and
not to generate items.

4. Requirements for the MCQ Generation Task
MCQs consist of four major components: the stem or the
text stating the question; a set of possible answers called
options; the key or the option that is the correct answer; the
incorrect options known as distracters. The basic strategy of
MCQ item generation is to decide on a suitable stem, identify
the key, and then generate distracters. Distracters should be
as close as possible semantically to the key; generating them
is considered the most difficult task for instructors.
An ontology-based infrastructure supports the task of
stem and distracter generation. Since ontology axioms provide facts about the subject domain, by using these facts,
we can enumerate valid statements (RDF triples) about the
domain, which form the backbone for generating assessment
items. For stem generation, an ontology provides a conceptual model from which the stem’s central or major domain
concept (key concepts) may be derived. For generating
distracters, the ontology structure provides a network graph
model that groups concepts within classes and subclasses,
which in turn provides a measure of the semantic closeness required when generating distracters. This measure of
similarity is derived from human intelligence during the
ontological engineering process. Such an approach to the
similarity measure provides a basis for computing how close
the options are to the key, thus enabling the generation of
plausible distracters.

5. The OntoQue MCQ Generation System
The OntoQue engine generates a set of assessment items
from a given ontological domain. The items include MCQtype, true/false (T/F), and fill-in (FI) items. The system is
implemented using Jena, a Java-based framework API for
OWL ontology model manipulation. The OntoQue engine
generates items by iterating over all entities (combination of
viable statements) in the ontology. Since the aim of this study
is to evaluate the quality of MCQ items generated, we will
limit our discussion to these types of questions.
5.1. Stem Generation. The stem for an MCQ is derived using
ontological statements (triples). There are three strategies
used by OntoQue for stem generation: class membership,
individuals, and property. Class membership provides stems
that ask questions of the type “what is the kind of.” To generate
MCQ stems using this strategy, all defined classes along with
their instance members are collected in a group of RDF
statements.
For individual-based strategy, all individuals from the
domain ontology are listed, and for each individual, we collect
all assertions in which the individual is a subject or object.
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60

Table 2: Ontology statistics.
SemQ
20
38
145

These statements then form the base from which the stem is
generated. Subjects and objects are always related through a
particular property, and the engine contains algorithms for
constructing items from property axioms (characteristics),
such as transitive properties.
Statements are extracted and converted to natural language before the subject or object is removed. This removed
element will then serve as the key, since the statement is true.

50
Number of MCQ items

Classes
Properties
Individuals

HistOnto
24
25
73

40
30
20
10
0
HistOnto

SemQ
Ontology
Worthy

5.2. Distracters Generation. In class-based strategies, distracters are randomly generated from a set of classes, excluding the object class. The key is the object of the RDF statement.
In individual-based strategies, the selected distracters are of
the same class as the key. They are generated by randomly
selecting three options from a collection of items that are
classified as similar to the key option and thus distracting.

6. Experimental Evaluation
6.1. Data Set. Our study used two domain ontologies for the
evaluation: the HistOnto and SemQ ontologies. The HistOnto
ontology was used when developing the OntoQue system,
while the SemQ ontology represents Arabic vocabulary
(time nouns) using lexical semantic features. The ontological
statistics are provided in Table 2.
A preliminary evaluation and filtering was performed
by the researcher prior to the experimental evaluation [1].
During this process, only valid MCQ items were filtered to the
subsequent stage of our evaluation. This resulted in a total of
235 items for HistOnto and 798 for SemQ. Table 3 shows the
details of the MCQ items generated by the system.
6.2. Participants and Method. Three instructors with experience in formulating MCQ-type items evaluated the MCQs
generated by the system. For each of the two ontologies,
they were given a random sample set of 20 MCQ items
from the resultant set of questions, resulting in a total of
120 MCQs. Our evaluation strategy was similar to that
used by [24]. Evaluators were asked to determine whether
each MCQ item did or did not adhere to a set of rules
for MCQ design, as shown in Table 4. They were asked to
classify whether the MCQ item was worthy or not of being
considered as an assessment item. This measure gave an
indication of the educational significance of an item. Next, for
the worthy items, evaluators were asked to suggest whether
the MCQ item required a minor, fair, or major revision.
Minor revision describes language proofing of the item. Fair
revision involves further editing of the MCQ item, such as
reordering, inserting, or deleting several words, and replacing
one distracter at most. Major revision involves substantial

Unworthy

Figure 1: Worthy versus unworthy items.

rephrasing of the stem and replacing at least two distracters.
For major revisions, evaluators were asked to describe their
reasons if it concerned something other than a violation of
the MCQ rule.
6.3. Evaluation Metrics. For our evaluation experiment, we
used a number of metrics to measure the quality of the
MCQ items generated by the system using the HistOnto
and SemQ ontologies. Metrics include the total number of
worthy MCQ items generated, the modification measure, and
the quality of the MCQ item. The modification measure
has the following values: “0” for items requiring no revision
and “1,” “2,” and “3” for items requiring minor, fair, and
major modifications, respectively. The quality measure for
each MCQ item corresponds to a numerical value denoting
how well the item adheres to the MCQ rules. The quality of
an MCQ item is thus the cumulative score of its conformity
to the MCQ design rules as shown in Table 4; thus, a highquality MCQ item would yield a maximum score of 10.
6.4. Results. The evaluation metrics resulting from our experiment are shown in Table 5. These include the number of
worthy items, the average quality measure of MCQ items
for each ontology, and the modification measure. Figure 1
shows that for the SemQ ontology, the engine produced better
and more educationally significant items than the HistOnto
ontology.
Figure 2 shows the type of modification required for
worthy items for both ontologies, showing that the majority
of MCQ items required none or only minor modification:
26 out of 36 items for HistOnt and 27 out of 49 items for
SemQ. The MCQ items generated from SemQ required more
major and minor modifications than those from HistOnto.
Table 6 shows the reasons why evaluators chose to make
major modifications to the MCQ items. One of the most
popular reasons was the plausibility of the distracters.
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Table 3: Number of MCQ items generated.

Ontology
HistOnto
SemQ

Individual-based
212
796

Transitive properties
26
69

Stem (S)

Responses
(R)

Description
(R1) has a plausible distracter
(R2) avoids excessive verbiage
(R3) contains no negative or other
counterintuitive wordings without underlining or
special emphasis
(R4) deals with a central problem
(R5) has the to-be-completed phrase at the end
(R6) are grammatically consistent with the stem
(R7) do not necessarily repeat language from the
stem
(R8) are all of approximately the same length
(R9) avoid the use of “all of the above” or “none of
the above.”
(R10) contain one correct answer

16
Number of MCQ items

General (G)

Total (filtered)
313 (235)
1010 (798)

18

Table 4: MCQ design rules.
Rule

Class-based
75
145

14
12
10
8
6
4
2
0

Major (3)

Minor (1)
Fair (2)
Modification level

No (0)

SemQ
HistOnto

Table 5: Results of the MCQ generation task.
Metric
Total number of worthy items
Average quality measure per
MCQ item
Modification measure

Figure 2: Modification level required.

SemQ
ontology

HistOnto
ontology

49 (82%)

36 (60%)

8.8

8.8

Mode = 3

Mode = 0

Table 6: Reasons for MCQ major modifications.
Reason
Distracters should be replaced (too easy)
MCQ item has less than four options
Some options are incorrect or invalid
No correct answer found within the options
Rephrasing of stem required
Options contain more than one correct answer

Number of
MCQ items
6
6
4
2
2
1

With regard to rule violations, the total number of items
violating MCQ design rules was similar in both ontologies.
For SemQ, 72 rule violations were found compared with 74 for
HistOnto. Details of the rule violations are shown in Figures
3(a) and 3(b). From the figure, we observe that, for the SemQ
ontology, the majority of rule violations were associated with
rules (R1 and R10), while for HistOnto the majority were
associated with rules (R1, R6, R8, and R10).

7. Discussion
From our experimental evaluation, several important observations may be made. First, with regard to the educational

significance of the items generated, the two ontologies differed. Concerning the quality of items generated for both
ontologies, the evaluation indicated that the average quality
value was acceptable, being 8.8 out of 10, and it did not differ
between ontologies. Although the majority of items generated
from SemQ were considered to be educationally significant
by the evaluators, for the HistOnto ontology, almost half
of the items generated were believed to be irrelevant. A
possible interpretation can be identified by considering the
kind of domain knowledge that each ontology represents. The
SemQ ontology represents vocabulary (Arabic words from
a specific domain), while the HistOnto ontology describes
historical facts. Reexamining the MCQ items that were classified as unworthy, especially in the HistOnto, items dealing
with commonsense or general knowledge were identified,
although, for the SemQ ontology, this was not the case.
Therefore, distracters generated using HistOnto were not
plausible. For an ontology-based MCQ generation system to
be acceptable, it must provide strategies for distinguishing
between commonsense and higher-level knowledge, the latter
being what we would prefer to be assessed. There are two
possible solutions to this problem: either this knowledge
should not be modeled as part of the ontology or it should
be annotated with instructional metadata, such as the level of
difficulty.
Furthermore, with regard to rule violations, rules R1
(distracter plausibility) and R10 (contains one correct answer)
represented the majority of violations in both ontologies. The
HistOnto also had a significant number of violations to rules
R6 (are grammatically consistent with the stem) and R8 (are
all of approximately the same length).
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Items adhering with rules
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Figure 3: Rule violations details.

Distracter plausibility is an important aspect of an MCQ
item. It is considered one of the major challenges facing
instructors when constructing MCQ items. Although the
system uses algorithms and techniques to identify options
that are similar to the key as distracters, results indicate that
this is not sufficient. A plausible distracter makes students
think; it is compelling, but at the same time, confusing.
One possible approach for creating plausible distracters is
to consider students’ frequent areas of misunderstanding or
their common errors.
Concerning the violations of rule R10 (item contains
one correct answer), to overcome this shortcoming, we
must verify all options and ensure that these statements are
not valid in the ontology; that is, no such assertion exists.
However, this may not always be true due to the open world
assumption adopted by OWL ontologies.
The issue of the language and grammar in the generated
MCQ items is another important issue. The evaluation
revealed some violations of rule R6 (options are grammatically consistent with the stem). To make sure that the grammar and syntax of the item are correct, we need to enhance
the system with linguistic knowledge about the ontology
entities. This can be achieved by using linguistic ontologies,
such as LexInfo [25], to associate language-specific metadata
with domain ontologies, thus enabling the system to correctly
phrase the item.
Finally, as to rule R8 (options are all of approximately the
same length), this can easily be implemented in the system by
comparing the length of the options.
Examining the reasons why some MCQ items were
acceptable but required major modifications, we can see the
most common reason was that distracters had to be changed
because they were too easy or were incomplete (less than four
options). Evaluators also indicated that some of the options
were invalid (blank), and some MCQ items did not show a
correct answer within the options list but contained more

than one correct answer. These are all due to technical issues
(program bugs) and can be resolved in future versions of the
system.
An important piece of feedback from our evaluators was
that the majority of MCQ items concentrated on factual
knowledge, thus only addressing the first level of Bloom’s
taxonomy of cognitive skills required for learning. The
evaluators would prefer if the MCQ items addressed a higher
level of cognitive skills.

8. Recommendations
Ontological constructs (ontology-based systems for MCQ
item generation) appear to be an appealing resource for the
task of generating MCQ items, since they provide a formal
representation of domain knowledge in the form of logical
assertions. However, our experimental evaluation revealed a
number of shortcomings in such an approach. For systems
to produce MCQ items that can be used in real tests, these
limitations need to be addressed. Therefore, we suggest the
following recommendations for the ontology-based MCQ
item generation task.

8.1. Educational Significance. Concerning educational significance, we need to address the learning objectives, as the
MCQ item measures the level obtained by students for this
objective. A learning objective consists of the knowledge
required and its (cognitive) level. Neither element was considered when designing the OntoQue system. As a result,
the majority of questions were suitable, but not educationally
relevant, especially with HistOnto. We must therefore understand the cognitive level addressed by the learning objective
in order to provide the necessary information for the system
to identify the appropriate keywords to use in the item.
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Our evaluation also highlighted the issue of difficulty of
a given item, which directly relates to the knowledge level.
The system should include measures to identify and control
the difficulty level of the generated item. For example, the
cognitive level may be an indicator of item difficulty; thus,
the higher the level is, the more difficult the item is. Moreover,
examining more than one fact may also increase the level of
difficulty.
8.2. Addressing Higher-Level Thinking. The evaluation
showed that the majority of items tested factual knowledge.
According to Aiken [26], MCQ items can be used to test
higher-level learning skills. To enhance the system so that it
can generate MCQ items to measure higher-order thinking,
we can employ techniques such as those suggested by Chase
and Jacobs [27], which encompass all five levels of cognitive
skills. One such method is to use a sequence of MCQ items
to test higher-level thinking. Woodford and Bancroft [28]
also suggest how MCQ items can be designed to address
higher level cognition.
Since the items are essentially derived from knowledge
in the ontologies, the type of knowledge and the subject
domain are factors that need to be considered when designing
MCQ items to measure higher-level cognitive skills. For
example, assertion- and reason-based MCQ items are classified as items addressing higher levels. Such items cannot
be automatically generated unless the ontology contains
causal knowledge (i.e., cause-effect relationships, axioms, and
primitives). Currently, OWL does not provide constructs for
modeling such knowledge. The ontological engineer may
create such relations, but they will only be valid for the local
ontology, and these relations must be explicitly specified in
the system, thus making it less generic.
Another possibility for devising items that measure
higher-level thinking skills is by introducing the element
of novelty. Novelty means that the item should assess the
objectives in a new context or scenario, which requires
students to apply learned knowledge and cognitive skills.
Such an approach can be incorporated by providing task
templates [17]. Such templates may be designed from scratch
by the instructor or derived from the ontology with domain
concepts and the aid of an instructor.
8.3. Natural Language Generation. One of the major issues
identified by evaluators in the MCQ items was the structure of
the language used in the stem or options. The generated items
would benefit from lexical improvements to the sentence
structure and vocabulary. External lexicons, such as WordNet
[12], can be used for varying the wording of the item. Moreover, using the grammatical and syntax markup provided by
lexical ontologies, such as LMF [29] or LexInfo [25], would
enhance the readability and language of the generated item.
8.4. Evaluation of MCQ Items. Although our evaluation
provided useful results on item quality to guide the ontologybased MCQ item generation task, it did not include results on
the application of the generated items in a test. An item will
not be high-quality if all learners respond correctly (too easy)
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or incorrectly (too difficult), because it will not reveal any
information about their competences. Since the generated
MCQ items were not used in a real test taken by students,
the evaluation did not take item analysis into consideration.
Item analysis evaluates how well the item functions as a
discriminator to the individual competence of each student.
Such analysis requires the evaluation of parameters, such as
the 𝑃 value defined as the proportion of correct responses
and the discrimination index defined as the correlation with
the residual scores. Item analysis consists of the following
variables [30]: (1) difficulty of the item, (2) its discriminating
power, and (3) the usefulness of each distracter. Item analysis
indicates the item’s difficulty, that is to say, whether it was too
easy or hard and how well it discriminated between high and
low scorers in the test.

9. Conclusion and Future Work
This paper described an experimental evaluation on
ontology-based MCQ item generation. The aim of the
evaluation was to measure the competence of such system
in generating MCQ items usable in educational assessment.
The OntoQue system was chosen as the platform for the
experiments with two domain ontologies, SemQ (Arabic
vocabulary ontology) and HistOnto (history ontology).
Results of the evaluation indicate such systems can generate
reasonable and acceptable MCQ items, although some
limitations were also revealed.
These limitations lay the foundation for future work.
Further developments must adopt a holistic view in the MCQ
item generation task. This holistic view should incorporate
learning content, learning objectives, lexical knowledge, and
scenarios in a single cohesive framework. We are currently
working on such a framework known as “TeGen.” This framework provides a platform for developing MCQ item for tests
using ontology-based resources as the standard markup. This
framework for test generation combines learning objectives,
educational resources (learning content and knowledge), and
assessment in a single coherent structure.

Conflict of Interests
The author declares that there is no conflict of interests
regarding the publication of this paper.

References
[1] M. Al-Yahya, “OntoQue: a question generation engine for educational assesment based on domain ontologies,” in Proceedings
of the 11th IEEE International Conference on Advanced Learning
Technologies (ICALT ’11), pp. 393–395, Athens, Ga, USA, July
2011.
[2] N. Knouf, “Transformation of bibTeX into an OWL ontology,”
2003, http://oaei.ontologymatching.org/2004/Contest/301/onto.html.
[3] A. Papasalouros, K. Kanaris, and K. Kotis, “Automatic generation of multiple choice questions from domain ontologies,” in
Proceedings of the IADIS e-Learning Conference, pp. 427–434,
Amsterdam, The Netherlands, July 2008.

The Scientific World Journal
[4] J. C. Brown, G. A. Frishkoff, and M. Eskenazi, “Automatic
question generation for vocabulary assessment,” in Proceedings
of the Conference on Human Language Technology and Empirical
Methods in Natural Language Processing, pp. 819–826, Stroudsburg, Pa, USA, October 2005.
[5] R. Mitkov, L. A. Ha, and N. Karamanis, “A computer-aided
environment for generating multiple-choice test items,” Natural
Language Engineering, vol. 12, no. 2, pp. 177–194, 2006.
[6] J. H. Wolfe, “An Aid to Independent Study through Automatic
Question Generation (AUTOQUEST),” October 1975.
[7] T. Hirashima, “Metadata editor of exercise problems for intelligent e-learning,” in Proceedings of the Workshop Notes of
Applications of Semantic Web Technologies for E-Learning at
(ISWC ’04), pp. 99–101, Hirosjima, Japan, 2004.
[8] D. Gates, “Generating look-back strategy questions from expository texts,” in Proceedings of the Workshop on the Question
Generation Shared Task and Evaluation Challenge, Arlington,
Va, USA, 2008.
[9] A. N. Kumar, “Generation of problems, answers, grade, and
feedback—case study of a fully automated tutor,” ACM Journal
on Educational Resources in Computing, vol. 5, no. 3, 2005.
[10] S. Ou, C. Orasan, D. Mekhaldi, and L. Hasler, “Automatic question pattern generation for ontology-based question answering,” in Proceedings of the 21th International Florida Artificial
Intelligence Research Society Conference (FLAIRS ’08), pp. 183–
188, Menlo Park, Calif, USA, May 2008.
[11] E. Hovy, L. Gerber, U. Hermjakob, C. Lin, and D. Ravichandran,
“Toward Semantics-Based Answer Pinpointing,” 2001.
[12] C. Fellbaum, WordNet, MIT Press, 1998.
[13] A. Corbett and J. Mostow, “Automating comprehension questions: lessons from a reading tutor,” in Proceedings of the Workshop on the Question Generation Shared Task and Evaluation
Challenge, Arlington, Va, USA, 2008.
[14] R. Mitkov, L. A. Ha, and N. Karamanis, “A computer-aided
environment for generating multiple-choice test items,” Natural
Language Engineering, vol. 12, no. 2, pp. 177–194, 2006.
[15] N. Silveira, “Towards a framework for question generation,” in
Proceedings of the Workshop on the Question Generation Shared
Task and Evaluation Challenge, Arlington, Va, USA, 2008.
[16] L. Stanescu, C. S. Spahiu, A. Ion, and A. Spahiu, “Question
generation for learning evaluation,” in Proceedings of the International Multiconference on Computer Science and Information
Technology (IMCSIT ’08), pp. 509–513, Wisla, Poland, October
2008.
[17] B. Cecila Alves, J. Mark Gierl, and Lai Hollis, “Using automated
item generation to promote principled test design and development,” in Proceedings of the American Educational Research
Association (AERA ’10), Denver, Colo, USA, 2010.
[18] M. J. Gierl, J. Zhou, and C. Alves, “Developing a taxonomy of
item model types to promote assessment engineering,” Journal
of Technology, Learning, and Assessment, vol. 7, no. 2, pp. 1–50,
2008.
[19] E. Holohan, M. Melia, D. McMullen, and C. Pahl, “Adaptive Elearning content generation based on semantic web technology,” in Proceedings of the International Workshop on Applications of Semantic Web Technologies for E-learning, Amsterdam,
The Netherlands, 2005.
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Protégé OWL plugin: an open development environment for
semantic web applications,” in The Semantic Web—ISWC 2004,
vol. 3298, pp. 229–243, Springer, Berlin, Germany, 2004.
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Predicting stock price change rates for providing valuable information to investors is a challenging task. Individual participants may
express their opinions in social network service (SNS) before or after their transactions in the market; we hypothesize that stock
price change rate is better predicted by a function of social network service activities and technical indicators than by a function
of just stock market activities. The hypothesis is tested by accuracy of predictions as well as performance of simulated trading
because success or failure of prediction is better measured by profits or losses the investors gain or suffer. In this paper, we propose
a hybrid model that combines multiple kernel learning (MKL) and genetic algorithm (GA). MKL is adopted to optimize the stock
price change rate prediction models that are expressed in a multiple kernel linear function of different types of features extracted
from different sources. GA is used to optimize the trading rules used in the simulated trading by fusing the return predictions and
values of three well-known overbought and oversold technical indicators. Accumulated return and Sharpe ratio were used to test
the goodness of performance of the simulated trading. Experimental results show that our proposed model performed better than
other models including ones using state of the art techniques.

1. Introduction
Many business practitioners and researchers have developed
various kinds of models to predict and analyze stock prices.
For example, there are many studies that estimate and predict
the stock prices and stock volatility by using historical stock
prices or volumes data. Researchers such as Murphy [1] and
Neely [2] showed that technical analysis is one possible way
to predict the stock markets and foreign exchange markets
successfully. Deng and Sakurai [3] used a single technical
indicator from multiple timeframes to generate trading rules.
In the last decade, numerous researchers have used
machine learning technologies, such as artificial neural
network (ANN), support vector machine (SVM), genetic
algorithm (GA), or some integrated models of these to predict
stock price or exchange rate changes or to find trading rules
for the stock or foreign exchange rate trading, by mining
historical price or transaction volume data. For example,
Hann and Steurer [4] and Chen and Leung [5] applied ANNs
to foreign exchange rate prediction and found that the ANNbased model outperformed the linear models. Hadavandi

et al. [6] proposed an ANNs-based integrated system for
stock price forecasting. Kwok [7] and Cao [8] applied an SVM
to predict the stock price and obtained good results. Shioda
et al. [9] predicted the foreign exchange market states with
SVM. de la Fuente et al. [10] and Allen and Karjalainen [11]
applied GA to generate trading rules. Chien and Chen [12]
applied a GA-based model to mine associative classification
rules with stock trading data. Hirabayashi et al. [13] applied
GA to finding trading rules for foreign exchange intraday
trading by mining features from several technical indicators.
Deng et al. [14] forecasted short term foreign exchange
rates by a GA-based hybrid model. Their proposed models
obtained better performance than that of some conventional
models; however, they utilized the features extracted from
only the historical prices or transaction volumes.
Other than stock time series data such as stock prices and
transaction volumes, human factors have been considered
recently as having significant impacts on the movements of
stock prices. We hypothesize that these impacts could be
quantified by looking at the Internet, since the advent of
the digital information age has led many organizations and
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people to post news and their comments on the news on
well-known social networks such as Twitter, Facebook, or
Engadget. Therefore, by analyzing the dynamics of news items
or user comments about relevant companies on the Internet,
we may mine interesting possible correlations between social
network activities with stock price movements. Previous
researchers, such as Gruhl et al. [15], found correlations
between sales rank and blog mentions. Mondria et al. [16]
used Internet to search query data. Smith [17] used Google
Internet search activity to predict volatility in the foreign
currency. de Choudhury et al. [18] and Li et al. [19] modeled
dynamics in social networks. de Choudhury et al. [20]
identified several contextual properties of communication
and described dynamics in user comments and used an SVM
framework to learn and to predict stock prices, while Bollen
et al. [21] used Twitter tweets to gauge the mood of stock
markets and predict the stock market. Good performances
on out-of-sample data of certain stocks showed that mining
information from the Internet could be an alternative or
complementary approach to prediction of changes in stock
prices.
In this research, since the stock price movements are
accumulation of individual behaviors which may appear as
activities in social network service (SNS), we model stock
price change rates as a function of quantitative features of
news and comments in SNS and features relating to technical
indicators of stock prices and trading volumes. To incorporate different types of features such as those for news and
for prices into a regression model, a method called multiple
kernel learning (MKL) by Bach et al. [22] is a very promising
way. A strong point of MKL is that it allows us to combine
different kernels when the job at hand requires one to use
different kernels for different input features. In addition,
MKL mitigates the risk of erroneous kernel selection to some
degree, by taking a set of kernels and deriving a weight
for each kernel, such that predictions are made based on
the weighted sum of the kernels. Some researchers have
applied MKL to predict foreign exchange rate or stock prices.
For example, Fletcher et al. [23] applied MKL to the limit
order book for predicting the movement and trading of the
EUR/USD currency pair. Luss and d’Aspremont [24] applied
MKL towards the prediction of abnormal returns from
historical stock prices data and news. Lee et al. [25] applied
MKL to the prediction of prices in Taiwan’s stock market,
obtaining results that surpassed those of some conventional
methods. Good performances in these literatures inspired us
to use MKL to utilize the information from different sources.
Evaluation measures are very important to evaluate the
performances of models. The root mean square error (RMSE)
is a measure which is often used for evaluating prediction
results. However, given that people will sell or buy stocks
when they can predict the stock price, the goodness of the
predictions cannot be provided by differences of prediction
and real values alone; a proper measure should be the trading
profits based on the prediction. In addition, beyond the accumulated returns, most investors also pay close attention to the
variability of returns. In other words, they hope the proposed
model can increase profits as well as decrease associated risks
while doing so. Therefore, to evaluate the appropriateness of
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prediction, we should not confine ourselves to RMSE and we
should also use accumulated returns and returns to variability
ratio or Sharpe ratio that further considers risk free profits.
To evaluate appropriateness of predictions by the accumulated returns and returns to variability ratio (or Sharpe
ratio), simulated trading should be conducted based on the
prediction, which requires us to define a trading rule. The
trading rule is a set of rules that specify under what condition
an action “sell,” “buy,” or “no trade” should be taken. Since
the conditions include some parameters which should be set
according current market situations, they should be learned
from data. We did not consider transaction costs in this
paper since the purpose of this research is to evaluate the
prediction performance of the proposed model, not trading.
There would be a case that a model could attain higher
than 50% hit ratio of predicting directions; however, it is
possible that this model’s prediction is correct for smaller
magnitude of movements but incorrect for larger magnitude
of movements, which is not favorable for application of the
model to real financial markets. We want to show that our
proposed model yields positive returns and therefore the case
does not happen in our proposed model.
For learning the trading rules, we adopted GA with
the resulting accumulated profits as the fitness value of
chromosomes, because the profit is generated through transactions that are discrete events. As demonstrated in Allen
and Karjalainen [11], GA is a good method for finding good
trading rules.
In summary, our study makes three main contributions.
First, we extract features from both the time series data source
and a social network source, in contrast to previous studies
(e.g., de Choudhury et al. [20]) which considered properties
of social network to predict stock price movements, and
Luss and d’Aspremont [24] used text data of news for the
prediction of abnormal returns. These literatures inspired us
to attempt the prediction of stock prices by extracting features
from time series data and a social network.
Second, we use the multiple kernel regression (MKR)
framework to optimally combine the features of time series
data, news, and user comments, in contrast to other works
(e.g., de Choudhury et al. [20]) which used a single kernel
for the SVM. Results from Hann and Steurer [4], Chen and
Leung [5], Kwok [7], and Cao [8] prove that ANNs and SVMs
(especially the latter) are good models to predict stock price
change rates. However, given that the input features extracted
from the time series of historical stock price change rates
and those from a social network have different properties,
we should consider using different kernels for input feature
sets from different types of sources. However, it is not easy
to assign good kernels manually. Therefore, we use MKL to
solve this problem.
Third, for generating trading signals, we use not only
the predicted stock price change rates from the MKL model,
but also three well-known overbought and oversold technical
indicators. In addition, we consider thresholds over which
the difference between the predicted value and current value
should prompt an action: we buy if the combined decision
value is greater than the buying threshold, and we sell if the
combined decision value is less than the selling threshold. The
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best values of both thresholds are learned in the GA learning
periods.
The rest of this paper is arranged as follows. Section 2
describes the methodology for this research. Technical indicators and input features we extract from stock historical
traded data and the social network are described in Section 3.
Section 4 describes the structure of the proposed model. The
experiment design is described in Section 5. Baseline and
other models for comparative experiments and the evaluation
measures are described in Section 6. The experimental results
and discussions pertaining to them are reported in Section 7.
Finally, Section 8 concludes this study.

2. Methodology
In this section, we first introduce support vector regression
and multiple kernel regression. Thereafter, we present GA
procedures.
2.1. Support Vector Regression (SVR). SVR is a version of the
SVM [26]. SVR, as SVM, estimates a linear function defined
in a feature space of high dimension and is renowned for
its ability to perform well when there are many relevant and
irrelevant features.
Generally, in a regression problem, suppose we are
given a set of training examples {(𝑥1 , 𝑦1 ), (𝑥2 , 𝑦2 ), (𝑥3 , 𝑦3 ), . . .,
(𝑥𝑙 , 𝑦𝑙 )}, where 𝑥𝑖 ∈ 𝑅𝑛 , 𝑦𝑖 ∈ 𝑅, 𝑖 = 1, 2, . . . , 𝑙, and each 𝑦𝑖 is
the output value for the input vector 𝑥𝑖 ; a regression model
is learned from these patterns and used to predict the target
values. SVR solves a minimization problem by balancing the
empirical error and a regularization term, where the error is
measured by Vapnik’s 𝜀-insensitive loss function as follows:
1
1 𝑙
2
+
𝐶
min
∑𝐿 ,
‖𝑤‖
𝑤 2
𝑙 𝑖=1 𝜀




𝑦 − 𝑤 ∗ Φ (𝑥𝑖 ) − 𝑏 −𝜀 if 𝑦𝑖 − 𝑤 ∗ Φ (𝑥𝑖 ) − 𝑏 ≥ 𝜀
𝐿 𝜀 = { 𝑖
0
otherwise,
(1)
where 𝑤 and 𝑏 are a weight vector and an offset, respectively,
which define the maximum margin hyperplane. 𝑙 is the
number of training samples, 𝜀 is the allowed precision, and
𝐶 parameter is used for trade-off between model complexity
and training error. Note that Φ(⋅) is a possibly nonlinear
mapping from the input space to a feature space.
2.2. Multiple Kernel Regression (MKR). A conventional SVR
is applied to a single feature type. In this study, we use MKR,
which is a regression version of MKL, to integrate the features
from different information sources. In MKR, we train an
SVR with an adaptively weighted combination of kernels that
combine different kinds of features. The combined kernel is
as follows:
𝐾

𝐾comb (𝑥, 𝑦) = ∑𝛽𝑗 𝐾𝑗 (𝑥, 𝑦)
𝑗=1

with 𝛽𝑗 ≥ 0,

𝐾

∑ 𝛽𝑗 = 1,

𝑗=1

(2)

where 𝛽𝑗 are weights to combine subkernels 𝐾𝑗 (𝑥, 𝑦). MKR
will estimate the optimal weights from the training data. By
preparing one subkernel for each feature set and estimating
weights by MKL, we obtain an optimal combined kernel.
Sonnenburg et al. [27] proposed an efficient MKR algorithm to estimate optimal weights and SVR parameters
simultaneously by iterating the training steps of a conventional SVM. In our experiments, we used the MKR library
included in the Shogun toolbox.
2.3. Genetic Algorithm (GA). Goldberg [28] provided an
excellent discussion on the use of GAs for solving optimization problems. GAs start with an initial set of feasible
solutions, called a “population.” The individual solutions in
the population are known as chromosomes. Each chromosome, in turn, is made up of a number of genes that encode
representations of a part of the solution. In every iteration
(referred to as a “generation” in GA terminology), the current
population evolves using reproduction strategies such as
crossover and mutation. A fitness function is used to evaluate
the chromosomes, and the survival of a chromosome from
one generation to the next is biased in favor of the fittest chromosomes. In addition to reproduction strategies, an elitist
strategy can be used to propagate the fittest chromosomes to
the next generation. A combination of these strategies helps
the population improve from generation to generation until
the fittest member of the population represents a near optimal
solution.
Steps 1 to 6 show the procedures of the GA based on
Goldberg [28].
Step 1 (initialization). Step 1 generates the initial population.
Step 2 (evaluation). After the initialization step, each chromosome is evaluated using a fitness function.
Step 3 (selection). Selection is a process in which suitable
chromosomes are chosen from the parent population for
the next generation. In this step, we adopt the tournament
selection procedure. This step is repeated until the number of
chromosomes selected is equal to the size of the population.
In order to ensure the propagation of elite chromosomes, this
model uses the Elitism Mechanism. This mechanism selects
𝑃% individuals, which have the relatively best fitness values,
to be the offspring in the next generation, while the remaining
individuals go through the genetic operations.
Step 4 (crossover and mutation). Crossover operates by
swapping the corresponding segments of a string representation of the parents and extends the search for a new solution.
Mutation is a genetic mechanism. It randomly chooses a
member of the population and changes one randomly chosen
bit in its bit string representation.
Step 5 (evaluation). Each chromosome is evaluated using the
designed fitness function.
Step 6 (examination of termination criteria). Steps 2 to 5
are repeated until the termination criteria are satisfied. The
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proposed algorithm is terminated if the maximum number of
generations is achieved or if a solution with the highest fitness
has remained unchanged for several generations.

3. Technical Indicators and Features
3.1. Technical Indicators. There are numerous influential
trading technical indicators that are widely recognized and
used by traders around the world. Some technical indicators
are fairly straight forward to obtain and have proven to
be successful in trading history. Among them, technical
indicators such as the moving average (MA), rate of change
(ROC), and moving average convergence and divergence
(MACD) help traders to spot or follow trends, while the
bias ratio (BIAS), Williams %𝑅 (WPR), and relative strength
index (RSI) are used for identifying overbought and oversold
conditions of a stock.
Table 1 shows the list of technical indicators used in this
research; Price(𝑘) refers to the closing price at time period 𝑘; 𝑛 is the length of timeframe to calculate values of
indicator. Note that the indicators are applied to any time
series including trading volume.
The MA is used to understand the present trend and, thus,
is a so-called trend-following index. It is used to emphasize
the direction of a trend and to smooth out price fluctuations
which are just random. The simple moving average (SMA) is a
simple mean value with identical weights used for past prices,
while the exponential moving average (EMA) is the average
value of prices of a stock for a given length of timeframe,
attributing greater weight to newer changes and less weight
to older ones.
The MACD is intended to predict changes in the market
tendency. It provides two indicators: MACD and the MACD
signal. MACD shows the difference between a fast and slow
EMA of closing prices. “Fast” refers to a short-period average
and “slow” a long-period average. When MACD (𝑡) is greater
than 0, the short and steep uptrend is more influential than
the long and gentle uptrend, which means that the stock price
is likely to go up in the near future. Based on the default
parameters, MACD is the difference between the 12-period
and 26-period EMAs. The default values (12, 26, and 9) of
MACD parameters can be changed based on the needs of the
traders. In our research, we simply used the default values of
MACD parameters because this value set is widely recognized
and used in the world.
The rate of change (ROC) is a technical indicator showing
the change rate between today’s closing price and the closing
price 𝑁 days ago. We set 𝑁 = 1 in this research for prediction
on stock price changes one-day ahead.
The BIAS, WPR, and RSI are usually used to judge
whether the stock is considered to be in possible oversold,
overbought, or normal conditions. An extremely high or low
value is a signal to the trader to buy when the stock is oversold
and to sell when it is overbought. The parameter 𝑛 of these
indicators could be set by the traders. In this research, we use
GA for obtaining the best parameter 𝑛 of these indicators in
the training period.
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3.2. Features. Features used for proposed model are from
three sources: historical traded prices and volumes of stocks,
news in social network service, and user comments on the
news.
3.2.1. Features from Historical Prices and Volumes. The ROC,
SMA, and MACD are often used to understand the present
trend by traders. Therefore, we use these technical indicators
features for historical prices and transaction volumes, which
are shown in Table 2.
3.2.2. Features from News and User Comments. Table 3 shows
a list of numerical features from news items. The greater
the number of news items about a certain company, the
more the impact of the event described by that news item
on a future event. Hence, the first numerical feature is the
number of news per day 𝑓𝑡𝑐 , where 𝑡 is the date and 𝑐 is the
stock described in the news. In addition, the SMA is used
to understand the present trend; thus SMA of frequency of
news (FNSMA) is used as feature. We set the parameter 𝑛 for
SMA to be 7 because we assume that the return of a company
stock on a certain weekday depends on its stock prices and
communication activity pertaining to it in the preceding 7
days.
Table 4 shows a list of numerical features from user comments which are defined similarly to news.
The number of comments in all the posts per day 𝐹𝑡𝑐 is
extracted from user comments, where 𝑡 is the date and 𝑐 is
the stock of the company mentioned in the comments. The
definition of SMA of frequency of comments (FCSMA) is
shown in Table 4.
In addition, the longer the comment on a news item
pertaining to a certain company, the more attention users
are bound to focus on that company. Hence, we calculate
the average and standard deviation of the length of user
comments. Their definitions are shown in Table 4, where 𝑎𝑡𝑐
is the average length of comments about stock 𝑐 on date 𝑡 and
𝑏𝑡𝑐 is the standard deviation of the length of comments on date
𝑡. The total number of comments on date 𝑡 is 𝑚 and 𝑙𝑘𝑐 is the
length of a comment about stock 𝑐.

4. Proposed Model
Our model first makes prediction of stock price change rates
by multiplying kernelized linear function and then infers
trading position to take, that is, sell, buy, or retreat for a
while, by a linear function of the predicted value and technical
indicators. The former regression function is learnt by MKR
and the latter prediction function is learnt by GA. The model
is expressed by the following:
pred (𝑥1 , 𝑥2 , 𝑦1 ) = ⟨𝑢, 𝜙 (𝑥1 , 𝑥2 , 𝑦1 )⟩ − 𝑏,

(3)

TDV (𝑥1 , 𝑥2 , 𝑦1 , 𝑦2 , 𝑦3 , 𝑦4 )
= ⟨𝑤, (pred (𝑥1 , 𝑥2 , 𝑦1 ) , 𝑦2 , 𝑦3 , 𝑦4 )⟩ ,
(4)

RSI (relative strength index)

WPR (Williams %𝑅)

BIAS (bias ratio)

Moving average convergence and divergence (MACD)

Rate of change (ROC)

Exponential moving average (EMA)

Simple moving average (SMA)

Indicator

100
1 + RS𝑛 (𝑡)

high𝑛 periods − low𝑛 periods

Price(𝑡) − high𝑛 periods

× 100

Price(𝑡) − SMA𝑛 (𝑡)
SMA𝑛 (𝑡)

RSI𝑛 (𝑡) = 100 −

%𝑅𝑛 (𝑡) =

BIAS𝑛 (𝑡) = 100 ×

MACD(𝑡) = EMA12 (𝑡) − EMA26 (𝑡) ,
MACD Signal(𝑡) = EMA9 (MACD(𝑡))

Price(𝑡) − Price(𝑡 − 1)
Price(𝑡 − 1)

RS𝑛 (𝑡) =

Average of positive price changes in 𝑛 days
;
Average of negative price changes in 𝑛 days
𝑛 is the length of timeframe

𝑛 is the length of timeframe

𝑛 is the length of timeframe

Usually 𝑎 = 2/(𝑛 + 1), 𝑛 is the length of timeframe

EMA𝑛 (𝑡) = Price(𝑡 − 1) ∗ 𝑎 + (1 − 𝑎) ∗ EMA𝑛 (𝑡 − 1)

ROC(𝑡) =

𝑛 is the length of timeframe

Parameters

Mathematical formula
𝑡
∑
Price(𝑘)
SMA𝑛 (𝑡) = 𝑘=𝑡−𝑛+1
𝑛

Table 1: List of technical indicators used in this research.
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Table 2: List of features from historical traded prices and volumes.
Number
1
2
3
4
5
6

Features based on historical prices and volumes
ROC for historical prices
ROC for historical transaction volumes
SMA for historical prices
SMA for historical transaction volumes
MACD for historical prices
MACD signal for historical prices

𝑆 (𝑥1 , 𝑥2 , 𝑦1 , 𝑦2 , 𝑦3 , 𝑦4 )
+1 if TDV (𝑥1 , 𝑥2 , 𝑦1 , 𝑦2 , 𝑦3 , 𝑦4 ) > 𝜃buy
{
{
= {−1 if TDV (𝑥1 , 𝑥2 , 𝑦1 , 𝑦2 , 𝑦3 , 𝑦4 ) < 𝜃sell
{
otherwise,
{0

(5)

where 𝑢 and 𝑤 are weight vectors and 𝑏 is an offset. 𝑥1 , 𝑥2 , and
𝑦1 are vectors of features from news, user comments, and historical trading data, respectively. (pred(𝑥1 , 𝑥2 , 𝑦1 ), 𝑦2 , 𝑦3 , 𝑦4 )
is a vector of four elements: prediction of stock price change
rate and RSI, BIAS, and WPR of historical prices. ⟨ ⟩ means
the dot product, and 𝜙( ) is the function that maps inputs
to higher dimensional feature space and that accompanies a
kernel function.
Note that pred in (3) is a regression function for prediction. TDV, which stands for trading decision value, is
a function to combine values of MKR prediction and values of three overbought and oversold indicators. 𝑆 is the
function that outputs trading signal. As a trading signal,
𝑆(𝑥1 , 𝑥2 , 𝑦1 , 𝑦2 , 𝑦3 , 𝑦4 ) = +1 designates “buy,” 𝑆(𝑥1 , 𝑥2 , 𝑦1 , 𝑦2 ,
𝑦3 , 𝑦4 ) = −1 designates “sell,” and 𝑆(𝑥1 , 𝑥2 , 𝑦1 , 𝑦2 , 𝑦3 , 𝑦4 ) =
0 designates “no trade.” The features 𝑥1 and 𝑥2 are those
from SNS, and 𝑦1 to 𝑦4 are from historical trading data. The
threshold values 𝜃buy and 𝜃sell will be described in Section 4.3.
The structure of the proposed model is shown in Figure 1.
It is composed of three parts:
(i) raw data preprocessing,
(ii) features extraction,
(iii) trading signal generation.
4.1. Raw Data Preprocessing (RDP). The RDP part processes
the raw data to be used for experiments. For the social
network source, the RDP part downloads the news and user
comments, including their contents and date of posting, for
each day. The frequency of news and user comments and
the comment length are calculated by a JAVA program. For
the time series data source, the RDP part downloads the
historical daily prices (opening, highest, lowest, and closing)
and transaction volumes data from the Google Finance
website.
4.2. Features Extraction (FE). The FE part extracts the features we need from the data downloaded using the RDP part.
For the time series source, the FE part extracts the daily
historical opening, highest, lowest, and closing prices and
transaction volumes for three famous companies, Amazon,

Sony, and Sharp, dealing information technology (IT) products and services. For the social network source, the FE part
extracts features of news and user comments (as defined in
Section 3.2.2) downloaded using the RDP part.
4.3. Trading Signal Generation (TSG). For the purposes of
our study, input feature sets for the proposed model are composed of three parts: (1) features from historical prices and
volumes, (2) features from news, and (3) features from user
comments. In spite of extensive SVR applications in financial
forecasting, SVR models did not address the challenges posed
by multiple data sources or multiple representations. In contrast, MKR considers the linear combination of kernels, solves
the convex optimization problem of linear combination of
kernels, and is guaranteed to achieve the global optimal
solution. Hence, theoretically, MKR models perform better
than SVR models.
In TSG part, the MKR framework is used to learn a
regression function based on these three feature sets and
then to predict the stock returns for the next trading day.
In experiments, we use one linear kernel and one Gaussian
kernel for each input feature set, and we simply set the default
values for the parameters of the Gaussian kernel.
The output PC(𝑡) of the MKR in the testing period is the
predicted stock price change rates at time 𝑡, which is
PC (𝑡) =

Predict (𝑡 + 1) − Price (𝑡)
,
Price (𝑡)

(6)

where Predict(𝑡 + 1) is the prediction for stock price for time
𝑡 + 1.
Although the predicted stock price change rates can be
used for simulated trading, in our preliminary experiments,
the accumulated profits based on just the stock price change
rate predictions were not good enough; the same was true for
accumulated profits based on using just technical indicators
(RSI, WPR, and BIAS). Considering that the prediction
and the technical indicators might have complementary
components, we propose to combine them to get the trading
signal.
After obtaining predictions of the stock price change
rate, the proposed method uses a linear function (see (7)) to
fuse the predicted stock price change rates and overbought
and oversold technical indicators. Parameters of the linear
function and technical indicators are learnt by GA. In the GA
chromosome design, the accumulated return in the trading
period is the fitness function. The TSG part finds a trading
rule and executes it to generate a trading signal for the next
trading.
The final trading decision value TDV is a linear combination of the overbought/oversold indicators and the stock
price change rates predicted by MKR:
𝑁

TDV = ∑𝑤𝑖 𝑒𝑖 ,

(7)

𝑖=1

where 𝑤𝑖 are the weights learned by the GA and 𝑒𝑖 are
the values of the MKR as well as the values of the overbought/oversold technical indicators under consideration

The Scientific World Journal

7
Table 3: List of numerical features of news items.

Number

Numerical features based on news

Calculation

1

Frequency of news

𝑓𝑡𝑐

2

SMA of frequency of news

𝑡

𝑓𝑐
∑
FNSMA (𝑡) = 𝑘=𝑡−𝑛+1 𝑘 ,
𝑛
𝑛=7

Table 4: List of features based on user comments.
Number

Features based on user comments

Calculation

1

Frequency of user comments

2

SMA of frequency of user comments

3

Average and standard deviation of comment length

𝐹𝑡𝑐
𝑡
𝐹𝑐
∑
FCSMA (𝑡) = 𝑘=𝑡−𝑛+1 𝑘 ,
𝑛
𝑛=7
1 𝑚
𝑎𝑡𝑐 = ∑ 𝑙𝑘𝑐 ,
𝑚 𝑘=1
𝑏𝑡𝑐 = √

(RSI, WPR, and BIAS). Note that the indicators here are
expressed as a ratio. We use RSI/100, BIAS, and WPR/100
from Table 1. Further, note that the MKR outputs are stock
price change rates that are shown in (6). By these conventions,
the 𝑒𝑖 in (7) is dimensionless and therefore is consistent.
Once the weights and the other parameters are learned
by the GA, we can obtain the decision values TDV on the
days for the testing period. In the meanwhile, the threshold
for buying (𝜃buy ) and the threshold for selling (𝜃sell ) are also
learned by the GA. Then, based on the TDV and the threshold
values for buying and selling, the trading rule of the proposed
method is expressed in Table 5. The trading rule in Table 5 is
equivalent to (5). In addition, because the target prediction
horizon is one day, our trading rule will simply close the
position one day after we open it.
Procedures for the learning of trading rules in TSG part
are as follows.
(1) Obtain the one-day ahead stock price change rate
prediction that was obtained by a regressor trained by
MKR.
(2) Create chromosomes randomly as the first generation. For every chromosome, apply the trading rules
to the training data at every specified time in the
training period, by calculating the value of technical
indicators, computing the decision value TDV, and
making decisions.
(3) Compute the accumulated profits during the trading
period as the fitness value. Reserve the top 10% of
the chromosomes (those that make the top 10% in
profit) directly for the next generation. Create new
chromosomes using a crossover operation on the
chromosomes selected from the current generation
(with selection probability based on the fitness score
of each chromosome). Repeat the crossover until a
new generation is generated. Mutate or flip some bits
of the chromosomes randomly.

1 𝑚 𝑐
2
∑ (𝑙 − 𝑎𝑡𝑐 )
𝑚 𝑘=1 𝑘

(4) Repeat Steps (2) and (3) until the maximum number
(100) of generations is generated or until the fitness of
the best individual does not improve for 10 successive
generations. Then choose the best chromosome as the
one to represent the optimized trading rule. Calculate
the return by applying the resulting trading rule on
the testing data.

5. Experiment Design
5.1. Data Sources. Our data for training and testing are
from two sources: Google Finance and Engadget. The historical time series data of the daily stock price (opening,
closing, highest, and lowest) and daily transaction volumes
were obtained from the Google Finance website [29]. We
downloaded the attributes pertaining to news items and user
comments from the Engadget website [30].
In the experiment, we selected three companies’ stocks:
Amazon, Sony, and Sharp, which are important companies in
US stock markets. Since Engadget is a blog network with daily
coverage of gadgets and consumer electronics, it is ideally
suited for our purpose.
Because we make daily predictions, the comments and
news we use must be published by no later than 9:00 a.m.
of day (𝑇 + 1) to enable us to make a prediction for a said
stock. For example, if a news item pertaining to Amazon is
published on May 1, then there may be some comments on
that news items published by users after 9:00 a.m. on May
2. We cannot utilize such user comments since we attempt a
one-day ahead prediction. We use news and user comments
data for the three companies from January 1, 2006, to August
15, 2008.
5.2. Inputs for MKR. We use data of the preceding week (7
days or (𝑇−6) to 𝑇) as the input features to predict stock price
change rates on the next day, where 𝑇 is the current date or
one day before the predicted date. In other words, we assume
that the stock price change rates of a company on a certain
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Table 5: Trading rule design of proposed model.

Trading rule

Rule in detail
If TDV > 𝜃buy , the next trading position is “buy”;
else if TDV < 𝜃sell , the next trading position is “sell”;
else (i.e., 𝜃sell ≤ TDV ≤ 𝜃buy ) the next trading position is “no trade”.

Proposed model

Table 6: Features from stock prices and volumes.
Number
1
2
3
4
5
6

Indicator
ROC
ROC
SMA
SMA
MACD
MACD signal

On
Closing price
Volume
Closing price
Volume
Closing price
Closing price

Description
ROC for historical prices from day (𝑇 − 6) to 𝑇
ROC for historical volumes from day (𝑇 − 6) to 𝑇
SMA for historical prices from day (𝑇 − 6) to 𝑇
SMA for historical volumes from day (𝑇 − 6) to 𝑇
MACD for historical prices from day (𝑇 − 6) to 𝑇
MACD signal for historical prices from day (𝑇 − 6) to 𝑇

weekday depend on its stock price and communication
activity pertaining to it in the preceding 7 days. We have three
sets of input features: features from time series data (historical
prices and volumes), features from news, and features from
user comments.

100, respectively. Individuals are initialized with random
chromosomes following the gene structure shown in Table 8.
The fitness value is the profit accumulated during the GA
learning. In order to retain high-fitness individuals, the elite
10% (the top 10% of individuals in terms of fitness) were
reserved automatically at every generation. Therefore, at
every generation, the individuals that obtained top 10% of the
profits will be reserved for the next generation.

5.2.1. Feature Set 1: Features from Trading Data. The first
feature set concerns the technical analysis of time series data.
We would like to learn to predict changes in stock prices with
the MKR framework by using the SMA, MACD, and ROC
of the stock price and volume. The details of feature set 1 are
shown in Table 6.
5.2.2. Feature Sets 2 and 3: Features from News Dynamics
and User Comment Dynamics. Feature sets 2 and 3 consist of
features from news dynamics and user comment dynamics,
respectively. In this research, we used only numerical features
and not, for example, text data. In Table 7, feature numbers 1
and 2 are from news and 3 to 5 are from user comments.
5.3. Chromosome Design of the GA. Based on the trading
rule design of proposed method, we design the chromosomes
(shown in Table 8) for the trading rules that combine signals
(described in Section 4.3).
The representations of the genes are as follows.
(1) Numbers 1 to 4 (20 bits in total) represent the weights
for the three technical indicators and the MKR results.
The weight values range from −1 to +1, where the least
significant bit represents 2/32 = 0.0625.
(2) Numbers 5 and 6 (10 bits in total) represent the
threshold values for buying and selling. The range for
each threshold is −1 to +1. The least significant bit
represents 2/32 = 0.0625.
(3) Numbers 7 to 9 (12 bits in total) represent the
parameters of RSI, WPR, and BIAS. The values range
from 2 to 17.
Before executing the GA training steps, the population size
and maximum number of generations are set to 150 and

5.4. Rolling Window Method for Training and Testing. To
separate the training and testing periods, we use a rolling
window method. We execute the MKR on data of 240 trading
days (around 12 months) and obtain the predicted values
for the following 160 trading days (around 8 months). The
predictions of the first 80 trading days (around 4 months)
are used for the GA training and of the remaining 80 trading
days are used for the GA testing, that is, to test the whole
MKR-GA procedure (see Table 9 and Figure 2). Then, for
each subsequent experiment, we move both the training
and testing periods forward by 80 trading days (around 4
months). There are, in total, five training and testing periods
for each stock from January 1, 2006, to August 15, 2008.

6. Models for Comparison and
Evaluation Measures
6.1. Models for Comparison. We use the term baseline model
to designate a simple model implemented easily. Table 10
lists our proposed model, MKR-all-GA model, and other
models for comparison in the experiments including the
baseline models. All models (except “Buy and Hold” and “Sell
and Hold”) are supposed to output −1, 0, or 1 as trading
signal, when the predicted stock price change rate is negative,
none, or positive, respectively. If the outputs are predicted
stock price change rate, sign function is applied, that is, the
function that outputs −1, 0, or 1 if the argument is negative,
0, or positive values. The trading rule is, then, common to
these models and simple: when prediction is −1, 0, or 1,
a trading agent will sell the stock, wait or buy the stock,
respectively, at the start of predefined timeframe, a trading
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Table 7: Features from news dynamics and user comment dynamics.

Number
1
2
3
4
5

Feature
Frequency
SMA
Frequency
SMA
MA/standard deviation

On
News
News
User comments
User comments
User comments

Description
Frequency of news from (𝑇 − 6) to 𝑇
SMA of news from (𝑇 − 6) to 𝑇
Frequency of user comments from (𝑇 − 6) to 𝑇
SMA of user comments from (𝑇 − 6) to 𝑇
Average and standard deviation of comment length from (𝑇 − 6) to 𝑇

Features extraction
Social
network

News

Web-Scraper
program

Feature
set 1
MKR
(set parameter of
regressor)

Comments

Trading Signal Generation

Feature
set 2

Raw data preprocessing

Predicted
value

Regressor
Historical
volumes
Time series
data
Historical
prices

Trading rule
generator

Feature
set 3

Trading
signal

RSI, BIAS, and WPR
of historic prices

GA
(set parameters of
RSI, BIAS, WPR, and
trading rule)

Figure 1: Diagram of the proposed model.

Table 8: Chromosome design of the GA model.
Number
1
2
3
4
5
6
7
8
9

Length
5 bits
5 bits
5 bits
5 bits
5 bits
5 bits
4 bits
4 bits
4 bits

Value range
−1 to 1
−1 to 1
−1 to 1
−1 to 1
−1 to 1
−1 to 1
2 to 17
2 to 17
2 to 17

Meaning
RSI weight
WPR weight
BIAS weight
MKR weight
Threshold value for buying
Threshold value for selling
Parameter of RSI
Parameter of WPR
Parameter of BIAS

day in the experiments, and close the position at the end of
the timeframe.
In Table 10, compared to the proposed model MKR-allGA, models SVR-ts-GA, SVR-news-GA, and SVR-coms-GA
use the SVR as learner with only one input feature set. Model
SVR-all-GA uses the same inputs as the proposed model, but
it uses SVR as a learner instead of MKR. The following six
models (SVR-ts-STS, SVR-news-STS, SVR-coms-STS, SVRall-STS, MKR-all-STS, and ANN-all-STS) are similar to the
first five models, but their trading signal generation rule is

Table 9: Training and testing period.
Period
A
B
C
D

Process

Length of period

MKR training
MKR testing
(prediction)

240 trading days (around 12 months)

GA training
GA testing
(trading)

80 trading days (around 4 months)

160 trading days (around 8 months)

80 trading days (around 4 months)

simple and fixed and, therefore, is named simple trading
strategy (STS): if predicted price change rate is negative, 0, or
positive, then −1, 0, or +1 is supposed to output, respectively,
which means the trading signal is “sell,” “no trade,” or “buy,”
respectively. The two models at the bottom of Table 10 use
the same rule with fixed trading position, that is, simply buy
or sell the target stocks and wait until the end of the testing
period.
6.2. Evaluation Measures. To evaluate the goodness of performance of the models, we use the following three measures:
root mean square error (RMSE) to evaluate the goodness of

Note for “Sell and Hold,” we do margin transaction.

—

Sell and Hold∗

∗

—

Buy and Hold

News/comments/historical data Artificial neural network (ANN)

ANN-all-STS

No learning

No learning

Multiple kernel (MKR)

News/comments/historical data

MKR-all-STS

Single kernel (SVR)

Single kernel (SVR)

News/comments/historical data

User comments

SVR-coms-STS

Single kernel (SVR)

Single kernel (SVR)

Single kernel (SVR)

Single kernel (SVR)

Single kernel (SVR)

Single kernel (SVR)

SVR-all-STS

News

Historical data

SVR-ts-STS

SVR-news-STS

News/comments/historical data

User comments

SVR-coms-GA

SVR-all-GA

News

SVR-news-GA

Historical data

SVR-ts-GA

Multiple kernel (MKR)

change rate prediction
Learning method

News/comments/historical data

Features

MKR-all-GA
(proposed)

Model

Prediction/RSI/WPR/BIAS

Prediction/RSI/WPR/BIAS

Prediction/RSI/WPR/BIAS

Prediction/RSI/WPR/BIAS

Prediction/RSI/WPR/BIAS

No learning

No learning

No learning; sign function

No learning; sign function

No learning; sign function

No learning; sign function

No learning; sign function

No learning; sign function

GA

GA

GA

GA

GA

Trading signal generation
Features
Learning method

Table 10: A list of models for stock change prediction and trading signal generation.

Integration of MKR and GA. Three feature
sets are used in MKR
Integration of SVR and GA. Stock prices and
transaction volumes are used in SVR
Integration of SVR and GA. Features from
news are used in SVR
Integration of SVR and GA. Features from
user comments are used in SVR
Integration of SVR and GA. Three feature
sets are used in SVR
SVR and a simple trading strategy. Features
from stock prices and transaction volumes
are used in SVR
SVR and a simple trading strategy. Features
from news are used in SVR
SVR and a simple trading strategy. Features
from user comments are used in SVR
SVR and a simple trading strategy. Three
feature sets are used in SVR
MKR and a simple trading strategy. Three
feature sets are used in MKR
ANN and a simple trading strategy. Three
feature sets are used in ANN
Buy and then hold the position, until the
end of the testing period
Sell and then hold the position, until the end
of the testing period

Description
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Table 11: Summary of evaluation measures.

Evaluation measure

Calculation
RMSE =

RMSE

𝑛
√ ∑𝑖=1

2

(PC(𝑖) − ROC(𝑖))
𝑛
𝑚

AC = ∑𝑅𝑖

Accumulated return

𝑖=1

Sharpe ratio

𝑆=

Description
PC(𝑖) is the predicted price change rate of target stock at time
𝑖, ROC(𝑖) is the real change rate at time (𝑖 + 1), and 𝑛 is the
number of prediction times.
𝑅𝑖 is the return in testing period 𝑖, and 𝑚 is the number of
testing periods.
𝑅 is the asset return, 𝑅𝑓 is the return on a benchmark asset,
𝐸 [𝑅 − 𝑅𝑓 ] is the expected value of the excess of the asset

𝐸 [𝑅 − 𝑅𝑓 ]
√var [𝑅 − 𝑅𝑓 ]

return over the benchmark return, and var [𝑅 − 𝑅𝑓 ] is the
variances of the asset return. In our experiments, we used the
Sharpe ratio as an evaluation criterion to evaluate the
return-risk ratio performance of the models.

1-B

1-A

Time

1-C 1-D

2-A

N-day shifting

N-day shifting

2-B

Time

2-C 2-D

Figure 2: Rolling window method for training and forecasting (for example, 1-A means Period A (see Table 9) in 1st period).

fit of models’ prediction of price change rates, accumulated
return to evaluate the profit-making ability, and Sharpe ratio
to evaluate ability to control the risk while yielding good
profits.
The RMSE is a frequently used measure of the differences
between the values predicted by a model or an estimator and
the values actually observed from the entity being modeled
or estimated.
In addition, we execute trading based on the trading
signals that each model outputs and evaluate the return (loss
or profit). In general, high return inevitably accompanies the
potential for high risk. Therefore, we attempt to find a method
that could decrease risk as well as increase profit. The Sharpe
ratio is a measure of the excess return per unit of risk in an
investment asset or a trading strategy, named after Sharpe
[31].
A summary of these three evaluation measures are shown
in Table 11.

7. Experimental Results and Discussions
7.1. RMSE Results for Stock Price Change Predictions. Every
model except for “Buy and Hold” and “Sell and Hold” to
be tested has prediction step. In this subsection we evaluate
the accuracy of prediction results. Note that the models such
as SVR-ts-GA and SVR-ts-STS have the same prediction
method so that in this section these two models are summarized as SVR-ts.
Based on the average of RMSE results for the out-ofsamples data of the stock price change rate of the three

Table 12: Average of RMSEs in the five out-of-sample testing
periods for three-stock price changes.
Models
SVR-ts
SVR-news
SVR-coms
SVR-all
MKR-all

Sharp
0.04756
0.03890
0.03984
0.04075
0.03117

Amazon
0.03295
0.02029
0.02251
0.02307
0.01729

Sony
0.03212
0.02124
0.02560
0.02371
0.01873

companies (see Table 12), it is obvious that, in the testing
periods, the average of RMSEs of the MKR-all for Sharp
(0.03117), Amazon (0.01729), and Sony (0.01873) were smaller
than those of the other models. It indicates that MKR-based
model outperformed SVR-based model in predicting price
change rates of stocks. Additionally, at times, the prediction
results of SVR-all are not as good as those of methods with
just one input: for Amazon, SVR-news (0.03890) and SVRcoms (0.03984) outperform SVR-all (0.04075). Similarly, for
Sharp, SVR-news (0.02029) and SVR-coms (0.02251) outperform SVR-all (0.02307); and, for Sony, SVR-news (0.02124)
outperforms SVR-all (0.02371). SVR-all also utilizes the same
information as MKR-based one, but their prediction results
are even worse than some SVR-based models which utilize
information from just one source. It indicates that if we use
just one kernel, information from different kinds of sources
could be harmful although SVM and SVR are thought to be
robust to many relevant and irrelevant features.

12
7.2. Profit and Loss Results. Table 13 shows the average returns
made by different models in the five testing periods.
First, we note that the results for the models with GAoptimized trading rule, that is, SVR-ts-GA, SVR-news-GA,
SVR-coms-GA, SVR-all-GA, and MKR-all-GA, show that
most of the average returns (12 of 15 periods) are positive.
In Table 13, among the GA-optimized models, the proposed
model (MKR-all-GA) yields the best returns for all three
stocks, which may be attributed to the fact that MKR-all
performed the best in the change rate prediction (in Table 12,
we find MKR-all obtains best RMSE results than SVR-ts,
SVR-news, SVR-coms, and SVR-all for all three stocks). A
comparison of these results evaluated by returns reveals only
proposed model, MKR-all-GA, and SVR-coms-GA yielded
profit for all three stocks, and if we compare each profit of
them, proposed model performed better than the SVR-comsGA for all three stocks.
Then, we focus on the models with simple trading
strategy (SVR-ts-STS, SVR-news-STS, SVR-coms-STS, SVRall-STS, MKR-all-STS, and ANN-all-STS). We found that
while models using the STS could yield good profits for a
stock, they also suffered huge losses for other stocks. For
example, although SVR-coms-STS yielded an average profit
of 16.21% for Sharp, it also suffered an average loss of −7.92%
for Sony. In addition, none of the models with the STS made
profits for all three stocks.
Finally, we focus on the “Buy and Hold” and the “Sell
and Hold” models. For Amazon, “Buy and Hold” yielded
an average profit of 15.84%, because its stock price rose
significantly during the testing periods. “Sell and Hold” for
Sharp yielded an average profit of 3.205%, because its stock
price fell a little during the testing periods. However, whether
the stock price goes up or goes down is hardly known, which
is a starting point of our research on prediction. Neither “Buy
and Hold” nor “Sell and Hold” made profits for all three
stocks.
7.3. Sharpe Ratio Results. We evaluated the Sharpe ratio
values of the models for the five testing periods. The interest
rate given by the Bank of America for our testing periods is
considered as the risk-free return. As the rate ranged between
4% and 5.25% per year, in order to speed up the computation,
we assume the risk-free return per year to be 5%. Then, we
calculate the average risk-free return of each testing period
(4 months) as 1.67%. Table 14 shows the Sharpe ratios of the
returns for each model in the five testing periods.
A higher Sharpe ratio indicates a higher ratio between net
return (asset return minus the risk-free return) and volatility.
From Table 14, we find that the proposed model obtained
positive Sharpe ratio values for all three stocks. Some models
yielded better profits than our proposed model for some
stocks (such as “Sell and Hold,” SVR-coms-STS, and SVRall-STS for Sharp). However, the Sharpe ratio values of “Sell
and Hold” for Amazon and Sony, of SVR-coms-STS for Sony,
and of SVR-all-STS for Amazon and Sony are negative, thus
indicating that their average return is less than risk-free
return. In addition, SVR-coms-GA and the proposed model
(MKR-all-GA) are the only two models with positive Sharpe
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Table 13: Average returns in the five out-of-sample testing periods
(of four months each) in the ratio of the initial investment.
Models
MKR-all-GA (proposed)
SVR-ts-GA
SVR-news-GA
SVR-coms-GA
SVR-all-GA
SVR-ts-STS
SVR-news-STS
SVR-coms-STS
SVR-all-STS
MKR-all-STS
ANN-all-STS
Buy and Hold
Sell and Hold

Sharp
0.02143
0.01307
0.01425
0.01343
0.01358
0.00399
0.02224
0.16217
0.04633
−0.03845
−0.01677
−0.03205
0.03205

Amazon
0.14811
0.12478
0.08226
0.13386
0.02097
−0.00258
−0.12041
0.13640
−0.13022
−0.25684
0.17738
0.15849
−0.15849

Sony
0.03797
−0.01702
−0.02630
0.00116
−0.02479
−0.07979
−0.03325
−0.07926
−0.09349
0.01630
0.02611
0.00543
−0.00544

Table 14: Sharpe ratios in the five testing data sets for the three-stock
trading.
Models
MKR-all-GA (proposed)
SVR-ts-GA
SVR-news-GA
SVR-coms-GA
SVR-all-GA
SVR-ts-STS
SVR-news-STS
SVR-coms-STS
SVR-all-STS
MKR-all-STS
ANN-all-STS
Buy and Hold
Sell and Hold

Sharp
0.23395
−0.04203
0.15631
0.10704
0.13337
−0.11036
0.09233
0.75930
0.47225
−0.25124
−0.10232
−0.24035
0.24035

Amazon
0.38152
0.26138
0.18533
0.34027
0.21494
−0.10034
−0.69485
0.23981
−0.48811
−1.19644
0.56225
0.41475
−0.41476

Sony
0.23676
−0.28590
−0.19119
0.00716
−0.18474
−1.06153
−0.19220
−0.45355
−0.98314
0.08685
0.14567
0.02929
−0.02929

ratios for all three stocks. Furthermore, on comparing the
Sharpe ratios of these two models, we find that the proposed
model has a higher Sharpe ratio than SVR-coms-GA for all
three stocks. From the results for the average return and the
Sharpe ratios, we confirm that the proposed MKL-all-GA
model outperforms the baseline and other models in terms
of return as well as the Sharpe ratio.

8. Conclusions
In this paper, we proposed a model to generate heuristically
optimized trading rules by utilizing social network activities
and historical traded prices and transaction volumes. The
proposed model extracts three kinds of features from multiple
sources. Then it predicts the stock price change rates based on
the MKR framework. Finally, GA finds trading rules based on
the stock price change rate prediction and three overbought
and oversold indicators. We evaluated the prediction and
trading performances of the experimental results by RMSEs,
accumulated returns, and Sharpe ratio. Experimental results
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indicate that our proposed model outperforms baseline
and other models in stock price change rate prediction,
accumulated returns, and Sharpe ratios for three technology
companies.
This research is the first of its kind to apply MKR on time
series data of prediction target and social network data for a
training period. The results show that the prediction of the
stock price change rates by MKR was better than that by SVR
for all three stocks in terms of RMSEs. We then applied the
GA to optimize a change direction predictor that uses the
predicted stock price change rate and overbought/oversold
indicators in the training periods. We conducted simulated
trading of our target stocks and evaluated the results by
accumulated returns and Sharpe ratios in the testing periods.
From the results in Tables 13 and 14, it is clear that the
proposed model outperforms baseline models (“Buy and
Hold” and “Sell and Hold”) and other models such as SVR
with time series data and SVR with time series data and
GA-optimized change direction predictor. Although baseline
models and other models outperformed the proposed model
in some testing periods, for example, SVR-coms-STS yielded
16.21% for Sharp, only our proposed method obtained good
profits (2% to 14.8% profit per testing data set of around
4 months) and consistently positive Sharpe ratios (i.e., 0.23
to 0.38), which is better than SVR-coms-GA which also
attained positive Sharpe ratios for the three stocks. In short,
our proposed model obtained favorable returns with low
volatility over all five testing periods for all stocks in our
experiments. This indicates that the proposed model can be
used as an effective approach to automatic trading.
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In mobile ad hoc networks connectivity is always an issue of concern. Due to dynamism in the behavior of mobile nodes, efficiency
shall be achieved only with the assumption of good network infrastructure. Presence of critical links results in deterioration which
should be detected in advance to retain the prevailing communication setup. This paper discusses a short survey on the specialized
algorithms and protocols related to energy efficient load balancing for critical link detection in the recent literature. This paper also
suggests a machine learning based hybrid power-aware approach for handling critical nodes via load balancing.

1. Introduction
A mobile ad hoc network (MANET) is a collection of wireless
mobile hosts (or nodes) with limitations on energy utilization
and forms a temporary network lacking fixed infrastructure.
In an ad hoc network a message sent by a node reaches all
its neighbouring nodes that are located at distances up to
the transmission radius. Coverage and connectivity issues
have a great impact on the performance of wireless networks.
Optimized deployment strategy, sleep scheduling mechanism, and coverage radius reduce the cost as well as extend
the network lifetime [1]. However, the network should be
robust enough to sustain connectivity between nodes and
maintain high quality services in the event of a failure. In
addition to reliability, the quality of service such as the delay
is also important. Mobile is battery powered and hence has
limited lifetime. Due to excessive utilization a node may die
which can result in energy depletion problem and thereby
affects the overall network performance. Thus early detection
and avoidance of energy depletion [2] is possible based on
monitoring of power and remaining battery lifetime.
Critical links are weak links over which the communication cannot sustain over a period of time. This deterioration

should be detected in advance and be rapidly switched to
back up links such that the communicating mobile nodes
are intact. One successful method is to maintain the smallest
possible diameter of node links. However, due to mobility,
frequent change in the formation of smallest diameter-weak
links and the increase/decrease in such number are quite
common and the solution to be suggested should withstand
these challenges and is expected to preserve the critical links
at a much faster pace. In this paper, we explore QoS challenges
and perspectives for MANETs, survey the QoS mechanisms,
and classify the state-of-the-art QoS-aware protocols related
to critical link detection in the recent literature. This paper
also proposes a link protection algorithm to be deployed in
MANETs.

2. QoS Requirements and Challenges
QoS is the ability of a network to satisfy user and/or application requirements. Guaranteeing a certain QoS is a challenging issue due to the unpredictable and unstable wireless
topology and severe resource (energy) constraints [3]. There
are two main types of QoS provisions: hard QoS and soft
QoS. Hard QoS should be provided with deterministic QoS
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guarantees which include strict bounds on packet delays,
bandwidth, or packet losses. In soft QoS approach, the
temporal violations on QoS guarantees are made flexible
[4]. This becomes the escape point for critical nodes/critical
links. But no point, by then, the network would have
wasted enough of resources in creating and handling various
communications.
2.1. QoS Perspectives. QoS perspectives can be of two types:
application specific and network specific [5]. Applicationspecific perspective focuses on the quality of the application,
such as lifetime [6, 7], coverage [8, 9], and deployment [10, 11].
Network-specific perspective like latency, packet loss, and
reliability provides service quality during data delivery in the
communication network [3].
2.2. QoS Challenges. Though many QoS challenges exist in
traditional wireless networks, unreliability of links, severe
resource constraints, and weak signal situations is the major
criterion [12].
(i) Resource Constraints. Due to mobility and thereby
frequent switching, MANETs lack of bandwidth,
energy and processing capability. But these are adequate unlike those in wireless sensor networks
(WSN), but that is a different issue. However, limited
energy is the most crucial one since in many scenarios
it is impossible or impractical to replace or recharge
batteries of mobile nodes on the move, especially in
public transportation in rural areas. Although energy
harvesting via solar energy [13, 14] seems to be a
promising solution to energy scarcity, present solar
panels are still too large for mobile devices.
(ii) Node Deployment. Unlike WSNs, the deployment of
mobile nodes has to beat random. Therefore, neighbor discovery, path discovery, geographical information of the nodes, and clustering are the issues to be
solved.
(iii) Topology Changes. Changes in network topology
might be due to mobility of nodes, failures in wireless
links, improper functioning of mobile nodes, and
depletion of energy and related constraints. In addition, sleep-listen schedules employed by power management protocols for energy saving also cause frequent topology changes. Inevitably, dynamic nature
of the MANET topology introduces an extra challenge for QoS support.
(iv) Unbalanced Traffic. Due to mobility and induced
dynamism, sometimes amobile node may have too
many data to handle and at times it may be not. Since
there is no central entity to obtain an overall picture
of what is happening within the underlying network,
irregular traffic creates inefficient resource utilization.
Smart routing protocols share load across routes but
at the cost of a substantial overhead.

2.3. QoS Performance Metrics
(i) Optimum Latency. It is certain that, in order to minimize the end-to-end delay,the performance of routing
layer should also be taken into account. However, the
MAC layer may also come in handy to set optimised
packet latency.
(ii) Contention Based and Contention Free Protocols. Collision causesretransmission. This causes direct impact
over the network performance. The amount of
impact shall be measured by metrics like throughput,
delay, packet delivery rate, and energy efficiency.
Contention based protocols help us in preventing
drastic collisions over the network. In the case of
contention free protocols, adapting the time slots
and setting the frequencies based on the network
requirements would help much in terms of collision
avoidance.
Maximizing Reliability. To maximize reliability, collisions need to beminimized. ACK mechanisms and
their variations can be used in identifying packet
losses. Once a loss is identified in time, required
retransmissions can be performed to fix the packet
lost/altered under collision.
(iii) Minimizing Energy Consumption. Reducing the consumed energy is the primerequirement because of the
battery-limited operation of mobile devices. Power
management protocols could come in handy at this
juncture.
(iv) Handling of Parallel Transmission. Since wireless
media are shared inprinciple, it is not uncommon that
packets are lost due to heavy interference. This cascades and reflects in the network performance which
can be measured via throughput, delay, and energy
efficiency. Practicing concurrent transmissions will
put an end on the impact of interference caused due
to parallel transmissions.
(v) Change Management. Node dynamism is a common scenario in MANETs. Often mobile nodes may
deplete their energy and therefore get disconnected
from the network. Similar to this, signal problems
might also happen, but this in turn keeps the entire
network inactive. In other words, if one mobile node
struggles to receive signal, or is weaker in signal
strength, as is the case for other nodes in the network,
therefore this is not very serious. However, individual
node disconnection results in routes disappearing
between the nodes or new nodes might be added into
the network which causes alteration in route setup.
Links between nodes often change with respect to
time due to environmental changes or topological
changes or change in traffic patterns. Therefore, routing protocols should be very adaptive in learning the
network dynamics.

The Scientific World Journal
2.4. QoS Provisioning
2.4.1. Power Control. The main idea of power control is
simply adjusting the transmission power based on the minimum power requirement for successful transmission [15].
Since it has the ability to control the network connectivity,
reduction of energy consumption is a wiser option to QoS
provisioning. In addition, this increases the concurrency in
communications due to decreased interference and therefore
improves the channel utilization. Implementing such power
control mechanisms is not easy because of the very dynamic
nature of wireless links and topologies
2.4.2. Clustering. Due to existence of various levels of challenges in handling node mobility and load balancing, clustering of nodes becomes a serious difficulty. By establishing
synchronization and coordination between nodes, clustering would become the reality. Clustering a set of mobile
nodes improves internode connectivity and facilitates data
aggregation. Therefore, clustering shall be used to provide
support in terms of QoS, by means of power utilization
and reliable communication. Clustering algorithms may be
static or dynamic. Since mobile nodes are dynamic, static
clustering of nodes would not be a wise decision; dynamic
clustering adapts to change in network topology by changing
or reconstructing the clusters. Change in the clusters is done
via changing or rotating the cluster heads; this rotation of
cluster heads happens with respect to the current topology
prevailing in the network. Via clustering the load is evenly
distributed among the nodes and, therefore, this ends in
better power management. This is the reason for prevention
of early battery exhaustion of cluster heads. However, this
results in significant overhead due to message exchanges at
various levels within and outside the cluster. But this cannot
be avoided totally and has to be handled in a more intelligent
manner.
2.4.3. Service Differentiation. Service differentiation differentiates and prioritizes the traffic carried on the network based
on one or more criteria and forms several traffic classes [16].
In this way, MAC layer treats each of these traffic classes
differently by managing the resource sharing among them
and tries to fulfill the requirements imposed by their degree of
importance. Service differentiation consists of two phases: (i)
priority assignment and (ii) differentiation between priority
levels. In general, priority assignment schemes are categorized into the following three levels.
(i) Static Priority Assignment. Priority assignment is
static if it never changes until the journey to destination, after once it is assigned. Static priority
assignment depends on various network parameters
like traffic class [17, 18], source type [19], and data
delivery model [20].
(ii) Dynamic Priority Assignment. In this scheme, the
packet priorities may vary until delivery. This variable
assignment scheme is beneficial in terms of frequent
topology changes. The criteria for this scheme are
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remaining hop count, traversed hop count [18, 21],
packet deadline [22], and remaining energy and traffic
load [18, 23].
(iii) Hybrid Priority Assignment. Unlike either static or
dynamic, the good things in both schemes shall be
merged together in hybrid priority assignment. However, balancing between static and dynamic priority
schemes is to be done with utmost care to achieve better and reliable packet delivery. Sometimes, weights
shall be assigned to choose between these criteria by
which the degree of packet importance is calculated.
This degree helps in mapping the packets to particular
priority level and thereafter the priority assignment
scheme shall take over. If priority assignment is
complete without any partiality, resource sharing, the
next phase of service differentiation will be taken care
of by the underlying MAC layer based on the priority
level, which has already indirectly encompassed the
importance of packet data [3].

3. The Critical Node Problem
The efficiency of a network is highly dependent upon how
the components are connected within the network. For this
reason detecting critical nodes of a network is important to
comprehend the topological characteristics and connectivity
pattern of the network. It is also helpful in designing strategies
for communication breakdowns in data communication
networks. The critical node identification and minimization
approach [24] can be used to solve the above-mentioned
problems.
In critical nodes identification, for every node within
a network, a subgraph is obtained by removing this node
and all of its adjacent edges. And finally it is tested whether
the subgraph formed is connected or not. If it is not
connected, the corresponding node is a critical node [25].
As a result, the node having only one neighbor is not
critical. Upon critical node identification, load sharing and
resuming the normal traffic flow associated with that node
are the two important things to be considered. Liu et al.
[26] proposed a heuristic self-adapting inherit optimization
algorithm to tackle the problem of load balancing on network
and multiobjective route optimization with chaos group [27].
The authors [28] have proposed a dynamic route choice
method of traffic engineering based on path measurement,
bandwidth, and hops. However, all the methods mentioned
above do not involve load problem of boundary link of the
network which is of our prime concern since such links may
upon performance deterioration tend to form the critical
links.
As the number of nodes in the network increases, the
chance of critical node failure also increases. Therefore, the
ability to tolerate failure is equally important [8]. But this
method is popular in mesh and torus networks only because
of inherent path diversity provided by their topologies. The
technique provided in the next section solves the mentioned
problems and achieves fault tolerance for a variety of networks.
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4. Routing Protocols in MANETs
Providing reliable high-throughput network connectivity to
wireless clients is the most important property for wireless networks. Routing protocols satisfying specific network
requirements have become the status symbol in the recent
literature. Very less focus is being given to the improvement of
existing routing algorithms [29]. We revisit routing protocols
ad hoc on-demand distance vector routing (AODV) [30] and
OLSR [31] and consider which properties should be carefully
utilized and enhanced.
4.1. AODV. AODV stands for ad hoc on-demand distance
vector routing. This on-demand routing is part of dynamic
source routing (DSR). However, unlike DSR, which uses
source routing, AODV takes a hop-by-hop routing approach.
In addition, AODV combines the concept of destination
sequence numbers from destination sequenced distance vector routing (DSDV). Since AODV is reactive in nature, it
builds routes only as desired by source nodes. Therefore,
nodes need not maintain routes to nonactive destinations.
New route requests are handled in a quicker and easier
manner than those in earlier routing protocols.
The route discovery of AODV is based on the exchange
of RREQ (route request) and RREP (route reply) packets.
For AODV with HOP, the shortest-hop path is preferred,
and, hence, there is no need to process and forward later
received RREQs with the same broadcast ID unless they have
a higher sequence number. Duplicate RREQs that carry a
better cumulative link metric value must be forwarded, so
that all the possible routes are considered. AODV ensures link
breakages and breakdowns are handled efficiently. AODV
utilizes an RERR packet to alert the link disconnection [32].
When a link failure is detected and RERR is triggered, every
node that receives the RERR removes the corresponding
entry from its routing table and rebroadcasts it. Source nodes
that use the broken link bootstrap the route establishment
process by sending an RREQ.
As MANET routers are not stationary, link failures due
to mobility are quite common. In addition, a link is disconnected and RERR is triggered when a transmission fails
due to packet collisions, interference, or inadequate link rate
selection, which often occurs temporarily. Although the route
rediscovery process is crucial to maintain the end-to-end
connectivity, unnecessary triggering of route recovery wastes
network resources.
Caching the link metrics with every route requests would
solve this problem to a certain extent. This demands forwarding of link metrics over route requests to every neighbor
because which neighbor becomes the next hop is very
much unknown. This action would end up with a situation
where there are larger route request messages with increasing
neighbors and eventually leads to a sizeable overhead in route
setup.
Much similar to the significance of time to live filed
(TTL), expected transmission count (ETX) is allowed for
wireless networks. DSDV (destination-sequenced distance
vector) and DSR (dynamic source routing) handle ETX to
find paths with maximum throughput in multihop wireless
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networks [33]. However, maximum throughput is attained
only approximately due to the frequently changing topology.
The spanning tree variation of AODV, called AODV-ST
(spanning tree) [34], combines AODV with the spanning
tree algorithm. However, this is being applied in wireless
mesh networks. Again, MANETs with high dynamism may
find this algorithm a bit difficult due to overhead caused
by fast computation. In other words, to adapt to changing
topology, if MANETs should admit to increase in overhead,
this algorithm may result in faster computation of routes.
In addition, computing routes after addition of new nodes
becomes a very common problem, and, therefore, employing
AODV-ST would cost much in MANETs.
A good solution to the earlier problem is to use the tree
based routing not compulsory but optional [29]. Recently, an
efficient concept for multihop routing called opportunistic
routing has been introduced in the literature [35, 36]. It has
been, however, implemented for mesh networks. Studies have
recorded an improvement in performance gain for this new
concept when operating with multicast traffic. However, its
contribution to unicast traffic is not that significant.
4.2. OLSR. In reactive (on-demand like AODV) routing
approach, a routing protocol does not take the initiative for
finding a route to a destination, until it is required. Since
frequent topology change prevails as a major challenge in
MANETs, proactive protocols are designed such that they
immediately provide the route information as and when
required through frequent periodic topology update. OLSR
is proactive in nature. Therefore, here, every node maintains
the topology information of the network. Every node runs the
shortest path selection algorithm if any one of the following
conditions is met: (1) a hello or TC message that conveys
new link information is received; (2) a link is detected as
not being a bidirectional link (during a predetermined time
interval, hello messages have not been exchanged successfully
in both directions); (3) a route to any destination expires.
Since OLSR performs hop-by-hop routing, it supports nodal
mobility which is the need of the hour.
4.3. Offline Optimal Routing (MANUAL). This routing is
partially constructed by the network administrators. In this
routing, the optimality depends on the reference route set
initially with respect to meeting several link quality criteria,
determined by link metrics. This reference route needs
to be optimal for the rest of the routing decisions to be
optimal. Prior to the start of an active data session, every
node collects the required link metric information over
all the neighbouring links. With this information a node
runs Dijkstra’s algorithm to find the optimal route toward
all destination nodes. A source node after knowing the
optimal route compares the end-to-end metrics and selects
the optimal path with the best end-to-end metric [29]. This
protocol is proposed for wireless mesh networks; however,
it may be applicable to MANETs also. The issue lies in
establishing the reference route for MANETs. Intelligent load
balanced routing protocols which learn quickly the nearoptimal routes based on the traffic towards destination would
be of much use.
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4.4. OSPF Extensions for MANETs. Many routing protocols
for MANETs have been developed such as OLSR [31] and
AODV [30]. However, these mobile-only protocols attempt
to divide a network where clear divisions no longer exist.
The open shortest path first (OSPF) routing algorithm is a
wired protocol that represents a good candidate to extend to
support MANETs. OSPF has various features like support to
multicast routing, multiple same-cost paths, and the ability
to organize a network as a hierarchy [37]. OSPF protocol
is destined principally for wired networks. Therefore, it
works well with predictable topology changes under reliable
medium. But these will not hold for highly dynamic and
unpredictable MANET. The reason is that the nodes in
a MANET tend to form peer relationships as they come
into contact at random. This results in altering link state
information, which will not be suitable for OSPF routing.
In addition, frequent packet loss exists due to path loss,
interference, noise, shadowing, and multipath. Therefore,
OSPF needs to be modified to meet the routing requirements
of MANETs. This includes modifying the protocol to adapt
to topology changes, minimizing data exchange for link state
advertisements and control overhead [38].
Also, OSPF uses a link-state routing approach to find
the least-cost path from a source router to destination
routers within a group of routers. This exchange of routing
information is called flooding. By flooding, at the expense of
overhead, the routers are able to obtain a complete view of
the network topology. The data exchanges are for advertising
the state of links, missing as well as altered. This link state
information is stored in link state database (LSDB). This
database has the complete picture of the network topology
and, therefore, is used as input to apply Dijkstra’s algorithm
for finding least cost paths from the routes to the other nodes
which might become the chosen destinations. Since every
router is associated with LSDB, there has to be a synchrony
between LSDB of every router. This is done via periodic route
broadcasts about the current state of links from every router.
In OSPF, the idea of designated router (DR) is extended
for MANETs as MANET designated router (MDR) as a
measure to reduce flooding overhead. Cisco’s OSPF extension
uses smart peer identification to handle the packets to reduce
flooding overhead. This smart peer technique estimates a
mobile node to be smart if it responds to a hello message
within a marked/short span of time. For nodes which do
not respond at the earliest, the size of hello message is
reduced for the next round of hello message. This protocol
is called incremental hello protocol. A better modification
is OSPF multipoint relaying (MPR) which uses an MPR
selector set to reduce adjacent nodes for which messages
are broadcasted. Reportedly this modification of OSPF is
the most advantageous in terms of reduction in flooding
overhead [39].

5. Protocols for Load Balancing in MANETs
Over the years, several on-demand load balanced ad hoc
routing protocols have been proposed. These routing protocols can generally be categorized [40] into three perspectives: delay based, traffic based, and combing the two.
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Delay-based protocols achieve load balancing by attempting
to avoid nodes with high link delay. An example protocol is
load-aware on-demand routing (LAOR) [41]. Traffic-based
protocols achieve load balancing by evenly distributing traffic
load among network nodes. Associativity based routing
(ABR) [42], load balanced ad hoc routing (LBAR) [43], and
traffic-size aware (TSA) scheme [44] fall under this category.
In hybrid technique, load balancing is achieved by combining
the features of traffic- and delay-based techniques. Examples
are content sensitive load-aware routing (CSLAR) [45] and
load-aware routing in ad hoc (LARA) [46].
Alternate path routing [47] provides load balancing by
distributing the data traffic along the set of alternative paths.
By using set of alternate paths, APR also provides failure protection. Therefore this protocol is only applicable for multichannel networks. Dynamic load-aware routing (DLAR) [48]
makes use of the number of packets buffered as load in route
selection. The mobile nodes attach their load information
and broadcast the RREQ packet. To minimize the overlapped
routes this protocol does not allow other intermediate nodes
from replying to RREQ except the destination. If the route
is congested, a new and lightly loaded route is selected to
replace the overloaded path. Routes are hence reconstructed
dynamically in advance.
Load-balanced ad hoc routing (LBAR) [43] is an ondemand routing protocol developed for delay-sensitive applications. LBAR defines degree of nodal activity to represent
load on a metric node. The main idea here is to find optimal
paths, which would reflect least traffic load, so that data
packets can be routed with least delay.
Load sensitive routing (LSR) protocol [49] is based
on the DSR protocol. This protocol utilizes network load
information as the main path selection criterion. In LBAR
and DLAR, destination nodes have to wait until the source
identifies every possible route available. Rather, LSR does not
require the destination nodes to wait for all possible routes.
Instead, LSR can search for better paths dynamically if the
active path becomes congested. Thus it uses a redirection
method to find better paths effectively. This method can let
the source node obtain better path without any increase in
flooding cost and waiting delay on the destination nodes.
The above-mentioned routing protocols neither reflect
burst traffic nor transient congestion. To solve this problem,
weighted load-aware protocol (WLAR) [50] is proposed. This
protocol selects the route based on the information from the
neighbor nodes which are in the route to the destination. This
protocol adopts basic AODV procedure and packet format. In
WLAR, traffic load is defined as the product of average queue
size of the interface at the node and the number of sharing
nodes which are declared to influence the transmission of
their neighbors. The average number of packets queued in
interface is calculated by exponentially weighted moving
average (EWMA).
In MANETs, since nodes have limited resources, the
message overhead for load balancing is more critical. Simple
load-balancing ad hoc routing (SLAR) [51] protocol attempts
to reduce the overhead introduced by load balancing and is
prevented from severe battery power consumption caused by
forwarding packets. In SLAR, each node determines whether

6
it is under heavy forwarding load condition, and in that case
it leaves forwarding packets and lets some other nodes take
that role.
Simple load-balancing approach (SLA) [52] tries to
extend the expiration of mobile node power by preventing the
traffic concentration on a few nodes, which may frequently
occur under low mobility situations. This protocol resolves
the traffic concentration problem by allowing each node to
give up packet forwarding depending upon its own traffic
load. However, there may be some selfish nodes that may
deliberately give up packet forwarding to save their own
energy, if an appropriate compensation is not given to them.
Therefore, in SLA a credit-based scheme called protocolindependent fairness algorithm (PIFA) for urging nodes to
voluntarily participate in forwarding packets is proposed.
Load-aware routing (LARA) [53] networks use traffic
density (i.e., overall sum of traffic queue of node and its
neighbors) to represent the degree of contention at the MAC
layer. This density value is assumed from the self-maintained
neighborhood table. The traffic queue of a node is defined
as the average value of the interface queue length measured
over a period of time. During route discovery, the destination
selects the route with the minimum traffic cost.
Delay-based load-aware on-demand routing (D-LAOR)
[41] protocol utilizes both the estimated total path delay and
the hop count for route selection. The protocol can route
around a congested node and thus can reduce the control
overhead. In load-aware routing protocol (LARA) [54] a new
metric for routing called traffic density which represents the
degree of contention at the MAC layer is proposed. During
the route setup, this metric is used to select the route with the
minimum traffic load.
Correlated load-aware routing (CLAR) [55] protocol is
a kind of on-demand routing protocol. Similar to traffic
density of LARA, this protocol utilizes node traffic load as the
primary route selection metric. The fundamental assumption
is that the traffic load of a node depends on the traffic passing
through this node as well as the traffic in the neighboring
nodes. Since CLAR supports multipaths between the source
and the destination, the destination node must select the
best route among multipaths after analyzing the traffic load,
the shortest hop distance, and the earliest path to arrive,
respectively.
Most load balanced routing protocols measure the traffic
size in number of packets. However, this is inaccurate since
the size of the packets may differ. Load balanced routing
through virtual path (LBRVP) protocol [44], an extension to
the virtual path routing protocol (VPR) [46], uses the size
of the traffic, through and around the network nodes, as the
main route selection criterion. For any path that consists of
multiple hops, the load metric of the path is the sum of all the
traffic that is routed through all the hops that make up that
path.
In any existing on-demand routing method, message
transmission is initiated after forming the optimal route;
however, successive message transmission occurs with particular nodes acting as routes when the network topology
alteration is small. When network topology is relatively stable,
the energy deficient nodes are included in the routing path,
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which could shorten the lifespan of the whole network. To
solve this problem, a routing method which concerns power
consumption rate is proposed. Energy consumption load
balancing (ECLB) [56] makes balanced energy consumption
available by calculating energy consumption rate of each
node and choosing alternative route using the result to
exclude the overburden-traffic conditioned node in route
directory.
Instead of analyzing the history of traffic and deciding
upon the packet routes, route decision based on traffic prediction would be more appealing. Prediction based adaptive
load balancing (PALB) [57] is based on multipath routing
protocol and traffic prediction. This protocol works on the
assumption that several disjoint paths between source and
destination node have been established by any existing multiple path routing protocols. The objective is to minimize traffic
congestion and load imbalance by adaptively distributing
the traffic among multiple disjoint paths based on traffic
prediction. Source node periodically predicts the cross traffic
of every node in the multiple disjoint paths. The packet
distribution model distributes the traffic from packet filtering
model across the multiple paths. The distribution of traffic is
based on load balancing model which decides when and how
to shift traffic among the multiple paths. The load balancing
model operates based on evaluation of path.
Stability and measurement of path statistics. Therefore,
the source node is able to adjust traffic distribution across
multiple disjoint paths.
In energy-efficient load balancing protocol (EELBR)
[58], the energy constrains related to routing protocols and
workload balancing techniques are considered. This protocol
employs adaptive load balancing technique to the MANET
routing protocols with node caching enhancement. Hoang
et al. [59] propose load balancing which is performed by
the source node based on the probe packets sent by the
destination node. Doing so will reduce the number of probe
packets to half.
Workload-based adaptive load balancing (WBALB) [60]
protocol makes each node react to the environment by
analyzing their workloads. In this protocol, a node can
chose to include or exclude itself from the forwarding
activity. In other words, this protocol enables a node to join
the route request (RREQ) forwarding action selectively. It
utilizes interface queue occupancy and workload to make
the selective forwarding decision. Each node maintains a
threshold value (some arbitrary value initially) which varies
according to the load status of a node. Overloading decreases
the threshold value and vice versa. Periodically the node
checks the threshold and, if it is found that the load has been
low for a long enough period, its threshold value returns to
the initial value. Immediately, the node is ready to handle
additional communications until it gets overloaded.
Generally, the QoS of MANET is mostly affected by
the congestion at any intermediate node in a selected routing path. Therefore, routing protocols handling congestion
avoidance would be of high research interest. Congestion
avoidance based load balanced routing (CALBR) [61] is a
scheme designed to take route decisions considering the
traffic congestion. In this protocol every node tracks the
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volume of packets successfully transmitted by self and by its
one hop neighbors. Through this, the protocol attempts to
select disjoint paths where there is no or less congestion.
Existing approaches try to improve the performance of
routing protocols with respect to traffic balancing or energy
consumption balancing.
In load balanced dynamic source routing (LBDSR) [62]
the authors improve the well-known dynamic source routing
(DSR) protocol to the so-called load balanced DSR (LBDSR)
protocol. LBDSR shows better traffic balancing and energy
consumption balancing, end-to-end delay, and route reliability metrics than DSR. In addition, LBDSR can also be
customized to achieve better performance with respect to
each of these metrics instead of being a trade-off between
them. There is yet another variation to load balancing.
Mechanisms [63] to push the traffic further from the center
of the network to achieve load balancing would equally be a
wise decision in route selection. Such protocols should take
into account nodes’ degree of centrality, for both proactive
and reactive means of route selection decision.
AODV fundamentally does not support the quality of
service (QoS) as well as load balancing. Pradeep and Soumya
[64] propose some enhancements to AODV. The new protocol, referred to as Qos AODV, provides QoS and load
balancing features by adding two extensions to the messages
used during route discovery.
Distributed load balanced routing (DLBR) [65] is
intended for a variety of traffic classes, fundamentally multimedia and nonmultimedia traffic, to establish the best
routing paths. Multimedia traffic is given the highest priority.
The algorithm calculates the cost metric on the basis of the
load on the links. In the presence of high priority traffic,
the routing of high priority traffic is performed over the
lightly loaded links. In addition, the resources can be shared
between the high priority traffic’s path and low priority
traffic.
The Fibonacci multipath load balancing protocol (FMLB)
[66] is yet another distribution based load balancing
approach where transmitted packets are distributed over multiple paths using the Fibonacci sequence. Such distribution
increases the delivery ratio because the congestion is reduced
by the distribution activity. The overhead lies in balancing
the packet transmission over the selected paths and ordering
them according to hop count. However, the shortest path is
used frequently more than the other ones.
Node centric load balanced routing protocol (NCLBR)
[67] is similar to how AODV operates. There are three distinct
roles for nodes in NCLBR protocol, namely, terminal (nodes
that are connected to the rest of the network by a single link),
trunk (nodes that connect two different network segments),
and normal (nodes other than trunk or terminal). Here each
node itself avoids congestion in a greedy manner. It is the
node’s responsibility to divert congestion away from itself
onto other alternative paths that may exist in the network. The
main objective here is to avoid new path formation through
a congested node.
In dynamic congestion detection and control routing
(DCDR) [68], the routing decision is based on the estimations
of the average queue length at the node level using which
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the current congestion level shall be detected. Based on this,
every node generates a warning message to its neighbors. It
is then the responsibility of neighbors to locate a congestionfree alternative path to the destination. Since congestion free
route selection involves the neighboring nodes as well, this
protocol ensures reliable communication within the MANET.
However, high coordination is required between the nodes to
operate at reduced overhead due to alternate path finding.
Ant based algorithm for load balancing (AntLBR) [69] is
more robust as routing information is based on direct measurement of real-world network situations. This algorithm is
hybrid in nature, that is, proactive some time and reactive
other time. Data packets are routed stochastically according
to pheromone tables (which are stored locally at each node).
Each node also maintains a neighbor node table to keep track
of nodes having wireless links. Load balancing is achieved by
making use of multiple paths and then selecting optimal path
mostly for transmission of packets from source to destination.

6. Protocols for Critical Node Detection
The communication networks having different types of
nodes, links, and other resources cause uneven distribution
of the traffic loads. Also the chances of failure increase with
the growth of the network size. To avoid such uneven traffic
distribution and failure and to continue with the usual traffic
load, some precautions must be taken.
Critical rings [70] are conceptual rings formed around
critical nodes to relieve the networks from such unequal
traffic distribution and failure. A critical ring is defined as
the nearest ring around a critical node by considering the
nodes directly connected to that node, which may require
inserting one or more links. Repeated formation of critical
rings may eventually convert the critical node into noncritical
node and can make the network fault tolerant. These critical
nodes shall also be detected well in advance by critical node
prediction [71]. Alternatively, critical nodes compensation
algorithm [2] is also proposed in order to prevent network
from partitioning, thereby insuring network connectivity and
throughput.
DFS was equally used to detect critical nodes [72]. The
algorithms in [73] require that a node should be aware
of global topology. In practice, this method is inefficient
and involves huge communication overhead. Distributed
algorithms for critical node detection algorithm for wireless
ad hoc networks greatly reduce communication overheads
and the speed of detection [2].
Clustering the nodes is a wiser solution to reduce overhead and equally to achieve lesser critical nodes, but, here,
a significant source of overhead is the reclustering of nodes
due to dynamic changes in network topology. If we manage
to minimize the effect of reclustering then we expect the
performance of the network to be improved (e.g., more
scalable and survivable network). One solution is to group
the nodes by some operating mobility characteristics (like
the direction of mobility, velocity, and location) and then to
cluster them accordingly [74]. By this approach, the topology
changes will not affect the intracluster connectivity. However,

8
this grouping has to be very dynamic in nature for efficient
reduction of communication overhead.
In the literature, there exist many network design methods to enhance the reliability and the performance by adding
links to an existing network. There is a problem for determining a set of edges to meet the required edge connectivity
or vertex connectivity by adding edges to a graph [75–
77]. For considering path length, there is a problem for
determining a set of edges to meet the required diameter by
adding edges to a graph [78–80]. Chordal graph completion
problem, interval graph completion problem, and Hamilton
graph completion problem determine a set of added edges to
make a given graph, a chordal graph, an interval graph, and
a Hamilton graph, respectively [78]. Kamiyama and Miwa
[81] deal with the measure to evaluate both the reliability
and the performance and Katayama et al. [82] proposed an
approximation algorithm for a problem to enhance both the
reliability and the performance based on the measure by
adding links to an existing network.

7. Discussion
7.1. Open Challenges. The open challenges faced by MANETs
according to Shivasankar et al. [2] are bandwidth constraints,
location dependent contention, quick route reconfiguration,
loop free routing, reliability based on signal strength, residual
battery power, minimize power consumption per packet,
availability, and residual capacity.
To conserve battery energy of the nodes, there are various
routing algorithms and schemes designed to select alternative
routes. These algorithms and schemes are collectively known
as “power-aware routing protocols.” To conserve energy, we
would like to minimize the amount of energy consumed by
all packets traversing from the source node to the destination
node. Conserving energy neglects power consumption at
individual nodes, which speeds up network partition by
draining batteries of the critical nodes in the network one
by one. The route between the partitions must go through
one of these critical nodes. Therefore early identification and
strengthening of critical node is a major issue to be tackled in
a timely manner.
As a solution, we adapt the idea of link protection for
mobile ad hoc networks. Kim et al. [29] observe that unexpected protocol behavior and inaccurate design of link metric
cause nonoptimal route construction based on which the
end-to-end performance is degraded. Interference generated
by background traffic or from other sources can disturb the
optimal route construction, thus making the resultant performance even worse. Accordingly, there is a need to design
robust protocol operation and accurate link quality metric
which are able to be unaffected by interference, thus building
the optimal route in a robust manner. The link protection
approach [83] aims to find the smallest number of links to be
protected such that the diameter of the resulting graph by the
failures of nonprotected links is less than or equal to a given
integer. This problem is important not only from a theoretical
viewpoint, but also from a practical viewpoint, as ISPs can
enhance the reliability of their networks by protecting the
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small number of the critical links whose failures significantly
deteriorate the performance in a network.
Alternatively, in a MANET the mobile nodes shall be
clustered under various cluster heads. But this clustering
should be performed considering the remaining battery
power. However, due to heavy traffic, cluster heads close to
base station may deplete their energy at a faster rate. This is
popularly known as “hot spot” problem. Bagci and Yazici [84]
propose a fuzzy energy-aware unequal clustering algorithm
(EAUCF) that addresses the hot spots problem. EAUCF aims
to decrease the intracluster work of the cluster heads that are
either close to the base station or have low remaining battery
power. A fuzzy logic approach is adopted in order to handle
uncertainties in cluster-head radius estimation. A similar idea
is yet to be applied in MANETs too to preserve nodes from
becoming critical or to recover nodes that are in critical state.
7.2. Desirable Features. The following are the desirable features expected to be present in MANET protocols:
(1) reducing flooding and flooding overhead;
(2) minimising packet drop/congestion or increasing
packet delivery rate;
(3) reduced rate of energy depletion;
(4) acceptable load balancing;
(5) foresight into traffic patterns to plan for packet delivery/better traffic management;
(6) intelligent and context aware protocol to predict QoS
guarantees in spite of dynamic topology.
In this context, in future, we have plans to implement
an intelligent routing protocol which is capable of clustering
the mobile nodes in spite of QoS uncertainties to identify
the set of critical links. An investigation of remaining energy
conserved in the nodes with critical links would reveal the
actual critical nodes that are to be really protected. Applying
machine learning over the region of critical nodes for load
balancing would serve as a profitable measure to prevent
the critical nodes from energy depletion and, thereby, would
improve the performance of the MANET.
The protocol we have designated for handling poweraware load balancing is aimed at the following dimensions.
(1) Fundamental packet delivery is done via standard
OSPF.
(2) Mobile nodes are clustered by learning their frequency and direction of packet exchanges. Nodes
that handle the same pattern of traffic are clustered
together. This technique is known as self-similarity
based clustering.
(3) The packet forwarding by a node differs by the presence of that node in number of clusters. If the node
is present in more than one cluster, the node cannot
become a cluster head.
(4) Cluster heads are generally chosen based on the
loyalty of existence within the network.
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(5) To enable the protocol not to deplete the cluster
head, we also used energy aware unequal clustering
as an addition to self-similarity based clustering and
therefore hot spot problem is avoided.
(6) Handling of traffic between clusters is by ant colony
algorithms.
Though hot spot problems are avoided; the approach we
suggested had limitations on selection of cluster heads. Cluster heads would obviously need some reward for being a cluster head. If reward scheme is introduced, nodes would benefit
by some means for servicing the cluster. Also, dynamism is
totally unavoidable in MANETs and, therefore, introducing
trust between nodes would be a welcome decision if the
mobile nodes reappear frequently after been missing for
shorter time periods.

8. Conclusion
The critical links are weaker links whose failures significantly
deteriorate the performance in a network. These links must
be detected well in advance to maintain mobile network
connectivity. Graph algorithms could well be applied in
early detection of critical links. In addition, we observe the
need for load balancing around the critical nodes soon after
they are located. This might have a greater contribution in
two significant perspectives: (1) speeding up the network
traffic which had been otherwise deteriorating due to the
enormous load handled until then by the critical node; (2)
improvising the throughput and reliability of the critical
node by recovering it from critical state. We have applied
machine learning algorithms for clustering the nodes based
on energy efficiency and performing a load balancing. In
future, prediction of network traffic patterns and applying
the Bayesian belief networks over the clusters to decide upon
trust parameters would be of our interest.
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At present, the spread spectrum (SS) sequences used in watermark include i.i.d. random sequences and the sequences used in
SS communications. They appear earlier than digital watermark. Almost no researchers pay attention to whether they are really
fit for watermark. In this paper, we compare the SS watermark channel and the traditional SS communication channel. We find
out that their correlation property is different. Considering cropping and translation attacks, we define watermark auto- and
cross-correlation and propose Loose Autocorrelation and Tight Cross-Correlation (LAC&TCC) properties for SS watermark. The
LAC&TCC properties are that, whether or not synchronized, the autocorrelation is equal or close to 1 and the cross-correlation is
equal or close to 0. Accordingly, the peak correlation is divided into the peak autocorrelation 𝑅𝑎 (𝑙) and the peak cross-correlation
𝑅𝑐 (𝑙). We establish the lower bound of 𝑅𝑐 (𝑙) and the higher bound of 𝑅𝑎 (𝑙), respectively. The two bounds indicate that, no matter
how small the cover is reserved, the extractor can always find a threshold to distinguish auto- and cross-correlation in theory.

1. Introduction
Digital watermarking has been applied to protect digital
media from illegal copying and reproduction. Among various watermarking methods [1, 2], spread spectrum (SS)
watermarking, originally proposed by Cox et al. [3], is a
useful approach. The SS watermarking is developed from SS
communications. The watermark is spread over very many
frequency bins so that the energy in any one bin is very small
and certainly undetectable [3].
By comparing to SS communications whose most key
factor is the pseudorandom (PN) sequences, we propose
that there are two key components to SS watermarking:
the insertion strategy and the PN sequences. However,
researchers pay much less attention to the PN sequences
than the insertion strategy. At present, the PN sequences, or
called PN codes, used in SS watermarking, can be generally
categorized into three kinds: independent and identically
distributed (i.i.d.) random sequences, the sequences used in
SS communications, and other PN-like sequences.
The i.i.d. Gaussian sequences 𝑁(𝜇, 𝜎2 ) (where 𝜇 is the
mean and 𝜎2 is the variance) are the most widely used
i.i.d. random sequences in SS watermark. Cox et al. first

use real valued sequences 𝑁(0, 1) [3]. Since then, many
researchers follow the sequences [4–6]. In [7], Kuribayashi
and Kato quantize the 𝑁(0, 𝜎2 ) variable to an integer. Their
detailed analysis reveals that the attenuation of the signal
energy strongly depends on the quantization performed
during the embedding and averaging stages. References [8–
10] use the randomly generated sequences taking values from
{−1, +1} with equal probability that can be regarded as the
quantization of 𝑁(0, 𝜎2 ) which quantizes the values that are
less than 0 to −1 and greater than 0 to +1.
The SS communications generally make use of a sequential noise-like signal structure, that is, the SS sequences, to
spread the normally narrowband information signal over a
relatively wideband of frequencies. The receiver correlates
the received signals to retrieve the original information
signal. The typical sequences that are used in SS communications include m-sequences [11], Gold sequences [12, 13], Msequences [14], and Walsh sequences [15, 16]. Most of them
are used in SS watermarking.
In other PN-like sequences, chaos is the most commonly
used. Chaos is a deterministic phenomenon having almost
all the features of a noise. The watermark signal generated
by chaos system can be embedded in the host image as
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a small noise-like signal [17, 18]. In addition, because chaos
is sensitive to initial conditions, it plays an important role in
the watermarking security.
Although all the preceding PN sequences play some role
in the SS watermarking, they appear earlier than digital
watermarking. They are not specifically designed for watermarking. Almost no researchers pay attention to whether
they are really fit for digital watermarking. Only a few
papers discuss SS watermarking from the perspective of SS
sequences.
Kojima et al. [19] propose a digital watermarking scheme
based on complete complementary codes and extend it to
steganography. It is shown that the method has superiority to
the watermarking scheme based on other SS sequences. The
complete complementary codes (pairs of sequence sets) have
ideal auto- and cross-correlation properties. It improves the
robustness for the collusion attacks.
Huang et al. [20] develop a long PN code based direct
sequence spread spectrum (DSSS) flow marking technique
for invisibly tracing suspect anonymous flows. One segment
of the long PN code is used to spread only one bit of the
signal. Benefits of using long PN code include the following:
(i) the approach can defeat mean-square autocorrelation
based detection technique and make the traceback hard to
detect; (ii) it can trace multiple traffic flows in an anonymous
network simultaneously.
Deng and Jiang [21] use wavelet sequence as SS codes.
Haar wavelet basis is changed into a multilevel orthogonal
sequence by scaling and translation, which is used to encode
the binary image. Experimental results show that, compared
with Hadamard sequence and improved gold sequence, the
wavelet multilevel sequence performs better than binary
sequence in attack resistance.
In this paper, we discuss the influence of cropping
over the correlation of SS sequence in SS watermarking.
The peak cross-correlation and the peak autocorrelation are
separated and redefined. Based on these definitions, we give
the theoretical limits.
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watermarked picture. The extractor can only get partial SS
sequence from the cropped picture. We define the size of
the partial sequence as correlation window. The extractor
calculates the correlation between the original sequence in
correlation window and the partial sequence. Because it is
difficult to locate the partial SS sequence in the whole original
sequence, the correlation is with delay (i.e., translation).
Let 𝑎 = (𝑎0 , 𝑎1 , . . . , 𝑎𝐿−1 ) and 𝑏 = (𝑏0 , 𝑏1 , . . . , 𝑏𝐿−1 ) be
two bipolar {−1, +1} vectors of length 𝐿. Then the correlation
between 𝑎 and 𝑏 is defined to be the number of positions in
which 𝑎 and 𝑏 agree minus the number of positions in which
they disagree.
Definition 1. Suppose 𝑘 + 𝑙 + 𝜏 < 𝐿, the watermark crosscorrelation between 𝑎 and 𝑏 over the subsequence of length 𝑙
beginning at position 𝑘 and with relative shift 𝜏, denoted by
𝑅𝑎𝑏 (𝜏, 𝑘, 𝑙), is defined by
𝑅𝑎𝑏 (𝜏, 𝑘, 𝑙) =

1 𝑘+𝑙−1
∑ 𝑎𝑏 ,
𝑙 𝑖=𝑘 𝑖 𝑖+𝜏

where 𝑘 and 𝑙 are, respectively, the starting position and the
size of correlation window and 𝜏 is the delay.
Similarly, we define the autocorrelation of 𝑎 over 𝑙
consecutive bits beginning at position 𝑘 and with relative shift
𝜏 by
𝑅𝑎𝑎 (𝜏, 𝑘, 𝑙) =

1 𝑘+𝑙−1
∑ 𝑎𝑎 .
𝑙 𝑖=𝑘 𝑖 𝑖+𝜏

2.1. Watermark Correlations. The correlation properties of
sets of SS sequences are important in SS communications.
Traditionally the delay or shift receives most attention in
auto- and cross-correlation. However, only the delay cannot
describe the watermark channel correctly. In watermark
channel, attackers use variety of attacks to remove or to
render the watermark useless. These attacks can be roughly
grouped into signal processing attacks and geometric attacks.
In SS watermarking, geometric attacks are difficult to deal
with as they involve displacement of pixels, thereby inducing
synchronization errors between the original and extracted SS
sequences during detection process.
In this paper, we consider cropping and translation
because cropping is an easily operable and intractable attack
and it is often accompanied by translation. For example, as
shown in Figure 1, a user can easily use almost any image
processing software to crop an interest part down from a

(2)

Of course, for any 𝑘 and 𝑙, we have 𝑅𝑎𝑎 (0, 𝑘, 𝑙) = 1.
2.2. Peak Watermark Correlations. In order to improve the
anti-interference ability, the traditional SS communications
are interested in the maximum peak absolute values of
autocorrelations and cross-correlations:
 
 
𝑅max = max {max {𝑅𝑎𝑏 } , max {𝑅𝑎𝑎 }} .

2. Preliminaries

(1)

(3)

This maximum peak absolute value is the smaller the
better. That is to say that the cross-correlation is close to 0
and the autocorrelation is sharp.
However, the property that “the autocorrelation is sharp”
is not fit for watermarking. Since the extractor depends on the
value of correlation to extract watermarks, the autocorrelation should always be large no matter what attacks the covers
suffered. Hence, we present LAC&TCC properties:
(i) Loose Autocorrelation (LAC): whether or not synchronized, the autocorrelation is equal to or close to
1;
(ii) Tight Cross-Correlation (TCC): whether or not synchronized, the cross-correlation is equal to or close to
0.
Correspondingly, we are interested in the maximum peak
absolute values of cross-correlations and the minimum peak
absolute values of autocorrelations.
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Figure 1: Cropping and translation.

For bipolar sequences 𝑎 and 𝑏, we define the maximum
peak cross-correlation between 𝑎 and 𝑏 over subsequences of
length 𝑙 by


𝑅𝑐 (𝑙) = max {𝑅𝑎𝑏 (𝜏, 𝑘, 𝑙) : 0 ≤ 𝜏, 𝑘 < 𝐿, 𝑎 ≠𝑏} (4)

Proof. Obviously
2𝑝

𝑀 (𝑀 − 1) [𝑅𝑐 (𝑙)]

2𝑝

≥ ∑ [𝑅𝑎𝑏 (𝜏, 𝑘, 𝑙)]
𝑎 ≠𝑏

= 𝐶𝑝 .

(7)

We have

and the minimum peak autocorrelation of 𝑎 over subsequences of length 𝑙 by


𝑅𝑎 (𝑙) = min {𝑅𝑎𝑎 (𝜏, 𝑘, 𝑙) : 0 ≤ 𝜏, 𝑘 < 𝐿} .
(5)

1 𝑘+𝑙−1
𝐶𝑝 = ∑ ∑ ( ∑ 𝑎𝑖 𝑏𝑖+𝜏 )
𝑎 𝑏 ≠𝑎 𝑙 𝑖=𝑘

For watermarking, 𝑅𝑐 (𝑙) is the smaller the better and 𝑅𝑎 (𝑙)
is the larger the better. The larger 𝑅𝑎 (𝑙) − 𝑅𝑐 (𝑙), the easier to
extract watermark and the lower the bit error rate (BER).

1

=

𝑙2𝑝

(8)

𝑝

𝑘+𝑙−1

∑∑

2𝑝

∏𝑎𝑖𝑞 𝑏𝑖𝑞 +𝜏 𝑎𝑗𝑞 𝑏𝑗𝑞 +𝜏 .

∑

𝑎 𝑏 ≠𝑎 𝑖1 ,𝑖2 ,...,𝑖𝑝 =𝑘 𝑞=1
𝑗1 ,𝑗2 ,...,𝑗𝑝 =𝑘

Interchanging orders of summation produces

3. The Theoretical Limits
𝐶𝑝 =

Usually, it is difficult to give the extract value of 𝑅𝑐 (𝑙) and
𝑅𝑎 (𝑙). But we can give the lower bounds and upper bounds.
In the traditional SS communications, there are Welch bound
[22, 23], Sarwate bound [24], Sidelnikov bound [25], and so
forth. They give the lower bounds of 𝑅max on how small the
cross-correlation and autocorrelation can simultaneously be.
In SS watermarking, because we define 𝑅𝑐 (𝑙) and 𝑅𝑎 (𝑙), we
should give the lower bound of 𝑅𝑐 (𝑙) and higher bound of
𝑅𝑎 (𝑙), respectively.
3.1. The Lower Bound of 𝑅𝑐 (𝑙). As described above,
researchers use different ways to give different lower
bounds of 𝑅max . The lower bound of 𝑅𝑐 (𝑙) is a bit similar
to that of 𝑅max . Their difference is that 𝑅𝑐 (𝑙) only includes
cross-correlation.
Theorem 2. In SS watermarking, let Λ be a set of 𝑀
LAC&TCC sequences of length 𝐿 and let 𝑝 be a positive integer;
then for every 𝑙 with 1 ≤ 𝑙 ≤ 𝐿,
[𝑅𝑐 (𝑙)]

2𝑝

≥

1
𝑀
− 1] .
[
𝑀 − 1 ( 𝑙+𝑝−1
𝑝 )

=

𝑙2𝑝

∑

𝑖1 ,𝑖2 ,...,𝑖𝑝 =𝑘
𝑗1 ,𝑗2 ,...,𝑗𝑝 =𝑘
𝑘+𝑙−1

1
𝑙2𝑝

∑

𝑖1 ,𝑖2 ,...,𝑖𝑝 =𝑘
𝑗1 ,𝑗2 ,...,𝑗𝑝 =𝑘

𝑝

(∑ ∑ ∏𝑎𝑖𝑞 𝑏𝑖𝑞 +𝜏 𝑎𝑗𝑞 𝑏𝑗𝑞 +𝜏 )
𝑎 𝑏 ≠𝑎 𝑞=1

2

𝑝

((∑∏𝑎𝑖𝑞 𝑏𝑖𝑞 +𝜏 )

(9)

𝑎 𝑞=1

𝑝

−∑∏𝑎𝑖𝑞 𝑎𝑖𝑞 +𝜏 𝑎𝑗𝑞 𝑎𝑗𝑞 +𝜏 ) .
𝑎 𝑞=1

𝑝

Because the maximum value of ∏𝑞=1 𝑎𝑖𝑞 𝑎𝑖𝑞 +𝜏 𝑎𝑗𝑞 𝑎𝑗𝑞 +𝜏 is 1,
𝑝

∑𝑎 ∏𝑞=1 𝑎𝑖𝑞 𝑎𝑖𝑞 +𝜏 𝑎𝑗𝑞 𝑎𝑗𝑞 +𝜏 ≤ 𝑀. So
𝐶𝑝 ≥

=
(6)

𝑘+𝑙−1

1

1
𝑙2𝑝
1
𝑙2𝑝

𝑘+𝑙−1

∑

𝑖1 ,𝑖2 ,...,𝑖𝑝 =𝑘
𝑗1 ,𝑗2 ,...,𝑗𝑝 =𝑘
𝑘+𝑙−1

∑

𝑖1 ,𝑖2 ,...,𝑖𝑝 =𝑘
𝑗1 ,𝑗2 ,...,𝑗𝑝 =𝑘

2

𝑝

((∑∏𝑎𝑖𝑞 𝑏𝑖𝑞 +𝜏 ) − 𝑀)
𝑎 𝑞=1

𝑝

2

(∑∏𝑎𝑖𝑞 𝑏𝑖𝑞 +𝜏 ) − 𝑀.
𝑎 𝑞=1

(10)
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Various choices of 𝑖1 , 𝑖2 , . . . , 𝑖𝑝 and 𝑗1 , 𝑗2 , . . . , 𝑗𝑝 give rise
to the same product of 𝑎 and 𝑏. The number of choices can be
expressed as multinomial coefficients. This observation can
be used to rearrange the sum in the form
2

𝑙

1

1 2

(12)

𝑙
2
1
1
2
2
[𝑅𝑎 (𝑙)] = 𝑙[𝑅𝑎 (𝑙)] ≤ ∑ [ (2𝑡 − 𝑙)] = 𝐴 1 .
4
𝑙
𝑡=(3/4)𝑙+1
𝑡=(3/4)𝑙+1
(21)

∑

𝑝!
𝑝
.
( )=
𝑡
∏𝑖 𝑡𝑖 !

We have

Since the summands are nonnegative, the terms with
(𝑠1 , 𝑠2 , . . . , 𝑠𝑙 ) ≠(𝑡1 , 𝑡2 , . . . , 𝑡𝑙 )

(13)

2

𝑙

1

𝑝
2𝑠
∑ [( ) ∑∏(𝑎𝑖 ) 𝑖 ] − 𝑀.
𝑠 𝑎
𝑙2𝑝 𝑠 ,𝑠 ,...,𝑠
1 2

𝐴1 =

(14)

2

[𝑅𝑎 (𝑙)] ≤

Cauchy’s inequality for sums of squares then gives

𝑝 2

𝐶𝑝 ≥

𝑙2𝑝

( 𝑙+𝑝−1
𝑝 )

−𝑀=

𝑀2
( 𝑙+𝑝−1
𝑝 )

− 𝑀.

3.3. Discussion. Theorems 2 and 3 have two meanings.

(16)

From the previous inequality this yields
𝑀 (𝑀 − 1) [𝑅𝑐 (𝑙)]

2𝑝

≥

𝑀2
( 𝑙+𝑝−1
𝑝 )

− 𝑀,

(17)

and the theorem follows.
Particularly, when 𝑝 = 1, we have
𝑅𝑐 (𝑙) ≥ √

𝑀−l
.
1 (𝑀 − 1)

(2) The threshold to distinguish auto- and crosscorrelation always exists.
Figure 2 gives the function graphs of the higher
bound of 𝑅𝑎 (𝑙) and the lower bound of 𝑅𝑐 (𝑙). From
it, we can see that no matter how small the cover is
reserved, 𝑅𝑎 (𝑙) is always larger than 𝑅𝑐 (𝑙). That is
to say the extractor can always find a threshold to
distinguish auto- and cross-correlation in theory.

4. Conclusion

Theorem 3. In SS watermarking, let Λ be a set of 𝑀
LAC&TCC sequences of length 𝐿 and let 𝑝 be a positive integer;
then for every l with 1 ≤ 𝑙 ≤ 𝐿,
(l + 2) (7l + 4)
.
12l2

(1) 𝑅𝑐 (𝑙) cannot be arbitrarily small and 𝑅𝑎 (𝑙) cannot be
arbitrarily large.
𝑅𝑐 (𝑙) only contains the cross-correlation information
and 𝑅𝑎 (𝑙) only contains the autocorrelation information. Although they are more “pure” than 𝑅max ,
generally they cannot be equal to 0 and 1, respectively.
The lower bound of 𝑅𝑐 (𝑙) and the higher bound of
𝑅𝑎 (𝑙) indicate that there is some restrain relation
between them.

(18)

3.2. The Higher Bound of 𝑅𝑎 (𝑙)

𝑅𝑎 (𝑙) ≤ √

(23)

(15)

Interchanging orders of summation and applying the multinomial expansion theorem give
𝑙
2
1 [∑𝑎 (∑𝑖=1 𝑎𝑖 ) ]

(𝑙 + 2) (7𝑙 + 4)
12𝑙2

and the theorem follows.

2𝑠 2

𝑙
𝑝
𝑖
1 [∑𝑠1 ,𝑠2 ,...,𝑠𝑙 ( 𝑠 ) ∑𝑎 ∏𝑖=1 (𝑎𝑖 ) ]
𝐶𝑝 ≥ 2𝑝
− 𝑀.
𝑙
∑𝑠1 ,𝑠2 ,...,𝑠𝑙 1

(22)

From the previous inequality this yields

𝑖=1

𝑙

(3/4)𝑙

𝑙
𝑙
1
13
2
2
[4
(
𝑡
−
𝑡
)
+
−
4𝑙
𝑡]
𝑙
∑
∑
∑
𝑙2
4
𝑡=1
𝑡=1
𝑡=(3/4)𝑙+1

3
1 7
1
= ( 𝑙2 + 𝑙 + ) .
𝑙 48
8
6

may be dropped to yield
𝐶𝑝 ≥

(20)

𝑙

where 𝑠𝑖 , 𝑡𝑖 ≥ 0, ∑𝑙𝑖=1 𝑠𝑖 = ∑𝑙𝑖=1 𝑡𝑖 = 𝑝, and
𝑝!
𝑝
,
( )=
𝑠
∏𝑖 𝑠𝑖 !

1
1
(𝑡 − (𝑙 − 𝑡)) = (2𝑡 − 𝑙) .
𝑙
𝑙

(11)

𝑖=1

𝑙

𝑅𝑎𝑎 (𝜏, 𝑘, 𝑙) =

In order to reduce the BER, 𝑅𝑎𝑎 (𝜏, 𝑘, 𝑙) should be between
0.5 and 1. From 1/2 < 𝑅𝑎𝑎 (𝜏, 𝑘, 𝑙) ≤ 1, we can derive (3/4)𝑙 <
𝑡 ≤ 𝑙.
Obviously

𝑝 𝑝
𝐶𝑝 ≥ 2𝑝 ∑ ( ) ( ) (∑∏(𝑎𝑖 )𝑠𝑖 (𝑏𝑖+𝜏 )𝑡𝑖 ) − 𝑀,
𝑡
𝑙 𝑠 ,𝑠 ,...,𝑠 𝑠
𝑎
𝑡1 ,𝑡2 ,...,𝑡𝑙

Proof. Assume that, in 𝑅𝑎𝑎 (𝜏, 𝑘, 𝑙) = (1/𝑙) ∑𝑘+𝑙−1
𝑖=𝑘 𝑎𝑖 𝑎𝑖+𝜏 , the
number of positions in which 𝑎𝑖 and 𝑎𝑖+𝜏 agree is 𝑡; then

(19)

In this paper, we propose LAC&TCC properties and give
the theoretical limits of SS watermarking sequences under
the attacks of cropping and translation. From the perceptive
of SS watermarking sequences, the future works include the
following.
(1) Considering Other Attacks. In this paper, considering the
complexity, we do not discuss rotation, scaling, and other
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Figure 2: The higher bound of 𝑅𝑎 (𝑙) and the lower bound of 𝑅𝑐 (𝑙).

attacks. Actually, these attacks often happen and are difficult
to deal with. In the following research, we will add them to
(1) and (2).
(2) The LAC&TCC Sequences Design. As described previously,
the existing SS sequences do not have LAC&TCC properties
and are not really fit for watermarking. It is necessary to
design LAC&TCC sequences to improve performance of SS
watermarking.
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The stock index reflects the fluctuation of the stock market. For a long time, there have been a lot of researches on the forecast of
stock index. However, the traditional method is limited to achieving an ideal precision in the dynamic market due to the influences
of many factors such as the economic situation, policy changes, and emergency events. Therefore, the approach based on adaptive
modeling and conditional probability transfer causes the new attention of researchers. This paper presents a new forecast method
by the combination of improved back-propagation (BP) neural network and Markov chain, as well as its modeling and computing
technology. This method includes initial forecasting by improved BP neural network, division of Markov state region, computing
of the state transition probability matrix, and the prediction adjustment. Results of the empirical study show that this method can
achieve high accuracy in the stock index prediction, and it could provide a good reference for the investment in stock market.

1. Introduction
The stock market is filled with the coexistence of high-risk
and high-yield characteristics. As a barometer of the stock
market, the stock index is an important reference for investors
to make investment strategies. However, the stock price
index is influenced by many factors such as the economic
situation, policy changes, and emergency. Although faced
with complicated challenges, the forecast of stock index has
still attracted the attention of many industrial experts and
scholars. Lendasse et al. used a nonlinear time series model
to forecast the tendency of the Bel 20 stock market index [1].
Lee et al. forecasted Korean Stock Price Index (KOSPI) by
three forecasting models including back-propagation neural
network model (BPNN), Bayesian Chiao’s model (BC), and
the seasonal autoregressive integrated moving average model
(SARIMA) [2]. Fan and Gao proposed “Grey Neural Network
model (GNNM(1, N))” and argued that the combined model
could improve the prediction accuracy and reduce the computation [3].

Up to now, stock prediction has still been a hot topic.
In this field, there have been a lot of methods, such as
artificial neural networks [4, 5], time series model [6, 7],
decision trees [8], Bayesian belief networks [9], evolutionary
algorithms [10], fuzzy sets [11], and Markov model [12–14].
However, the single method is usually limited to achieving
an ideal precision in the dynamic market due to complicated
influencing factors. In recent years, some new hybrid models
have shown the potential superiorities [15–17]. Especially, the
approach based on adaptive modeling and conditional probability transfer may be suitable for matching the problem’s
characteristics.
In order to explore the new solution for improving
the forecast precision, this paper presented a new method
based on BP neural network and Markov chain, studied
its modeling and computing technology with the data of
Chinese Growth Enterprise Market, and hereafter conducted
an empirical analysis of the prediction results. This paper
is arranged as the following five sections: Section 1 is the
introduction of research background and the most related
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literature; Section 2 expounds the methodology and technology as well as the combined model based on BP neural
network and Markov chain; Section 3 discusses the modeling and computing technology of the presented method;
Section 4 is the empirical analysis of prediction results; and
the conclusion and discussion are finally in Section 5.

where

2. Methodology and Technology

Step 7. Update weights on the hidden layer:

2.1. BP Neural Network (BPNN). BPNN is a one-way propagation of BP algorithm based on multilayer network. It is
based on gradient descent method which minimizes the total
of the squared errors between the actual and the desired
output values. The structure of three layers BPNN includes
the input layer, the hidden layer, and the output layer. The BP
learning algorithm of three layers can be described as follows
[18, 19].
Step 1. Initialize all the values of 𝑤𝑖𝑗 (𝑡), 𝑤𝑗𝑘 (𝑡), 𝜃𝑗 (𝑡), 𝜃𝑘 (𝑡) to
small random values within the range [−1, 1], where 𝑤𝑖𝑗 (𝑡)
means the connection weights between neurons 𝑖 in the input
layers and neurons 𝑗 in the hidden layers during the 𝑡th
learning process, 𝑤𝑗𝑘 (𝑡) represents the connection weights
between neurons 𝑗 in the hidden layers and neurons 𝑘 in
the output layers during the 𝑡th learning process, 𝜃𝑗 (𝑡) means
the threshold value in the hidden layers, and 𝜃𝑘 (𝑡) means the
threshold value.
Step 2. Select sample data and then apply the input vector
𝑋(𝑖) = (𝑥1 , 𝑥2 , . . . , 𝑥𝑛 ) and desired output vector 𝐷(𝑖) =
(𝑑1 , 𝑑2 , . . . , 𝑑𝑛 ).
Step 3. Compute the outputs 𝑦𝑗 in every hidden layer, and
compute the outputs 𝑦𝑘 in output layer; here, 𝑓(⋅) = 1/(1 +
𝑒−𝑥 ) or 𝑓(⋅) = (1−𝑒−𝑥 )/(1+𝑒−𝑥 ) is adapted activation function:
𝑦𝑗

= 𝑓 (∑ 𝑤𝑖𝑗 (𝑡) × 𝑥𝑖 − 𝜃𝑗 (𝑡)) ,
𝑖=1

(1)

𝑦𝑘 = 𝑓 ( ∑ 𝑤𝑗𝑘 (𝑡) × 𝑦𝑗 − 𝜃𝑘 (𝑡)) .
𝑗=1

Step 4. Calculate the error terms 𝛿𝑜 (𝑘) for the output nodes:
𝛿𝑜 (𝑘) = 𝑦𝑘 (1 − 𝑦𝑘 ) (𝑑𝑘 − 𝑦𝑘 ) ,

(2)

where 𝑑𝑘 represents desired output.

(5)

= 𝜂𝛿𝑜 (𝑘) 𝑦𝑘 + 𝛼Δ𝑤𝑗𝑘 (𝑛 − 1) .

𝑤𝑖𝑗 (𝑛) = 𝑤𝑖𝑗 (𝑛 − 1) + Δ𝑤𝑖𝑗 (𝑛) ,

(6)

where
Δ𝑤𝑖𝑗 (𝑛) = − 𝜂

𝜕𝑒
+ 𝛼Δ𝑤𝑖𝑗 (𝑛 − 1)
𝜕𝑤𝑖𝑗

(7)

= 𝜂𝛿𝑗 (𝑘) 𝑥𝑖 + 𝛼Δ𝑤𝑖𝑗 (𝑛 − 1) .
Step 8. Calculate error; repeat Steps 2–8 until the error falls
below a predefined threshold:
𝐸𝑝 =

1 𝑚
2
∑ (𝑑 − 𝑦𝑘 ) ,
2 𝑗=1 𝑘

(8)

where 𝑚 means the number of output node.
Although BP algorithm is successful, it has some disadvantages such as lower convergence speed and easy to get into
local minima points. Therefore, improved BP algorithm was
applied in our study. Our improved method is based on the
additional momentum and adaptive learning rate combined.
The formula with the momentum factor weight adjusting is
as follows:
𝜕𝐸
+ mc × Δ𝑤 (𝑘) ,
𝜕𝑤

(9)

where 𝑤 represents network weight, 𝑘 is number of training,
lr is the learning rate, mc is the momentum coefficient, 0 <
mc < 1, and 𝐸 is the error function.
In addition, adaptive learning rate method can be
described as follows:
𝛼 × lr (𝑘)
{
{
lr (𝑘 + 1) = {𝛽 × lr (𝑘)
{
{lr (𝑘)

if 𝐸 (𝑖 + 1) < 𝐸 (𝑖)
if 𝐸 (𝑖 + 1) > 𝛾 × 𝐸 (𝑖)
otherwise,

(10)

(3)

where lr is the learning rate, 𝑘 is the number of training, 𝐸
2
is the error function, 𝐸 = ∑𝑛𝑖=1 (𝑦𝑖 − 𝑦̂𝑖 ) , 𝑦𝑖 is actual output
value, and 𝑦̂𝑖 is anticipative output value; usually 𝛼 = 1.05,
𝛽 = 0.7, and 𝛾 = 1.04 [20].

(4)

2.2. Markov Chain. Discrete-time Markov chain can be
described as a sequence of random variables {𝑋(𝑡), 𝑡 ∈ 𝑇},
where 𝑇 = {1, 2, . . . , 𝑁} and state space 𝑆 = {1, 2, . . . , 𝑀}.
For any time 𝑛 ≥ 0 and any state (𝑖0 , 𝑖1 , . . . , 𝑖𝑛−1 , 𝑖, 𝑗) ∈ 𝑆 and

Step 5. Calculate the error terms 𝛿𝑗 (𝑘) for the hidden nodes:
𝑛

𝛿𝑗 (𝑘) = 𝑦𝑗 (1 − 𝑦𝑗 ) ( ∑ 𝑤𝑗𝑘 𝛿𝑜 (𝑘)) .

𝜕𝑒
+ 𝛼Δ𝑤𝑗𝑘 (𝑛 − 1)
𝜕𝑤𝑗𝑘

Δ𝑤 (𝑘 + 1) = lr × mc ×

𝑛

𝑝

Δ𝑤𝑗𝑘 (𝑛) = − 𝜂

𝑗=1

Step 6. Update weights on the output layer:
𝑤𝑗𝑘 (𝑛) = 𝑤𝑗𝑘 (𝑛 − 1) + Δ𝑤𝑗𝑘 (𝑛) ,
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Table 1: Sample data.

Days
1
Opening price
1044.29
Highest price
1073.78
Lowest price
1044.29
Closing price
1073.78
Trading volume 15023082
Days
11
Opening price
1022.56
Highest price
1039.65
Lowest price
1018.45
Closing price
1030.14
Trading volume 10557897

2
1075.83
1091.25
1075.83
1089.72
16132262
12
1019.47
1029.28
986.05
1029.28
9936156

3
1089.77
1090.16
1055.64
1059.00
15413445
13
1029.93
1069.81
1029.93
1068.15
11803687

4
1055.60
1067.03
1053.18
1065.96
11569457
14
1074.53
1091.91
1068.61
1073.69
13475017

5
1063.00
1078.46
1059.83
1073.87
12702507
15
1073.31
1078.53
1053.33
1072.93
11576013

6
1074.48
1086.33
1068.07
1073.02
14032823
⋅⋅⋅
⋅⋅⋅
⋅⋅⋅
⋅⋅⋅
⋅⋅⋅
⋅⋅⋅

7
1070.73
1074.82
1050.21
1052.14
12668299
55
1161.49
1180.61
1151.68
1172.33
13353812

8
1049.10
1049.26
1011.40
1022.46
12745388
56
1175.63
1186.29
1160.02
1180.66
16202467

9
1021.02
1038.03
1021.02
1032.76
9397943
57
1177.85
1184.40
1165.77
1167.09
15192214

10
1027.05
1031.36
1020.83
1022.13
9843383
58
1158.96
1178.84
1131.44
1132.09
15946678

Data source: the above data are from Wind information database.

positive integer step 𝑘, when this sequence of variables has
the following attributes:
𝑃 {𝑋 (𝑛 + 𝑘) = 𝑖𝑛+𝑘 | 𝑋 (𝑛) = 𝑖𝑛 ,
𝑋 (𝑛 − 1) = 𝑖𝑛−1 , . . . ,
𝑋 (𝑗2 ) = 𝑖𝑗2 ,

(11)

𝑋 (𝑗1 ) = 𝑖𝑗1 }

(12)

We call such stochastic variable sequence {𝑋(𝑡), 𝑡 ∈ 𝑇}
Markov chains, where 𝑝𝑖𝑗 is the transition probability from
state 𝑖 to state 𝑗. These transition probabilities satisfied
∑𝑗∈𝑠 𝑝𝑖𝑗 = 1, 𝑖 ∈ 𝑆, and the matrix 𝑃 = (𝑝𝑖𝑗 ) is the transition
matrix of the chain. If the transition probabilities in (12) do
not depend on the time parameter 𝑛, it will be called “timehomogeneous Markov chains.”
Since the state space 𝑆 is countable, we can label the states
by integers, such as 𝑆 = {0, 1, 2, . . .}. Under this label, the
transition matrix can be described as follows:
𝑝11
[𝑝21
[
𝑃 (𝑛) = 𝑃 (0) 𝑃𝑛 = 𝑃 (0) [
...
𝑝
[ 𝑛1

𝑝12 . . .
𝑝22 . . .
...
𝑝𝑛2 . . .

𝑛

𝑝1𝑛
𝑝2𝑛 ]
] .
...]
𝑝𝑛𝑛 ]

Step 5. Divide the Markov state region by using the sample
average-mean square deviation method. Five ranges are
divided as follows [21]: (−∞, 𝑥 − 𝛼1 𝑠), (𝑥 − 𝛼1 𝑠, 𝑥 − 𝛼2 𝑠),
(𝑥−𝛼2 𝑠, 𝑥+𝛼3 𝑠), (𝑥+𝛼3 𝑠, 𝑥+𝛼4 𝑠), and (𝑥+𝛼4 𝑠, +∞), where 𝑥
means average and 𝑠 is sample standard deviation; usually 𝛼1
and 𝛼4 are range [1.0, 1.5] and 𝛼2 and 𝛼3 are range [0.3, 0.6].
Step 6. Define the initial state and calculate the state transition probability matrix.

= 𝑃 {𝑋 (𝑛 + 𝑘) = 𝑖𝑛+𝑘 𝑋 (𝑛) = 𝑖𝑛 } ,
𝑃 {𝑋 (𝑛 + 1) = 𝑗𝑋 (𝑛) = 𝑖} = 𝑝𝑖𝑗 .

Step 4. Set Markov state zoning by normalized upper and
lower thresholds.

(13)

2.3. Modeling of Forecast Based on Improved BPNN and
Markov Chain. The modeling process can be described as
follows.
Step 1. Construct improved BPNN model.
Step 2. Initialize forecasting by using model of Step 1.
Step 3. Normalize the error of prediction. The normalized
formula is as follows:
𝑥 − 𝑥min
.
𝑥̂ =
(14)
𝑥max − 𝑥min

Step 7. Markov chain test: use chi-square statistics test for
Markov property.
Step 8. Forecast. Get the state vector of 𝑘 step from formula
(13) and forecast based on this model.

3. Modeling and Computing
3.1. Sample Data. In this paper, we select “Chinese Growth
Enterprise Market Index (GEMI, 399006.SZ)” for the data set
to empirical study, and then we will finish short-term Chinese
GEM index price prediction based on this data set. The data
set is total of 58 days, which is from 2013-5-24 to 20138-16 of trading data. Among them, divided into in-sample
and out-of-sample, the first 41 days of data are in-sample
as training data and then the data from 42 days are out-ofsample and used as prediction. Due to closing index price, the
most important indicator for investment reference, our study
focuses on the closing index price forecasting. The daily trading data including opening price, highest price, lowest price,
closing price, and trading volume are used for modeling. The
sample data of Chinese GEM index are shown in Table 1.
3.2. Modeling
3.2.1. Construct BP Neural Network Model
(i) Definition of Layer Number. According to Kolmogorov
theorem, three layers can approach any continual function.
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Table 2: Error of repeated training.

(iii) Number of Neural Node. The input layer node number
is five, namely, items of opening price, highest price, lowest
price, closing price, and trading volume. Meanwhile, data of
“day 1” were regarded as the first input data in input layer.
In this model, the output layer node number is set to one;
meanwhile, “closing price” of “day 2” was regarded as the first
output data in output layer.
Numbers of hidden layer node depend on experience and
repeated training, how many of the nodes depend on the
network error; the number corresponding to the minimum
network error in training will be chosen as the number of the
hidden layer nodes.
The network errors which correspond to different number of neurons are shown in Table 2. It can be seen that this
neural network has the minimum network error of 0.2689
when the neuron number is eleven. Therefore, we select
eleven as the number of hidden layer nodes. The data in
Table 2 indicate that network error cannot be reduced even
if we contiune to increase the number of hidden layer nodes.

10−1

10−2

10−3
0

3.2.3. Forecast
(i) Initial Forecasting Based on Improved BPNN. According to
trained network and sample data, we used rolling forecasting

2000

3000 4000 5000
8078 epochs

6000

7000

8000

Figure 1: The dependence of MSE on epochs.
1300
1250
1200
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1100
1050
1000
950
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3.2.2. Training. Training of the network is completed in
MATLAB software. First, the training sample data is selected;
then, the data is normalized. Normalization means to limit
the data in a certain interval. Here, in order to limit training
data in [−1, 1], the premnmx(⋅) function is called. After
normalization, start training network with a training set of
41 sample data; the learning rate is 0.1 and the momentum is
0.9. The network was in training till the Mean Squared Error
(MSE) was less than 0.005. Finally, we get the ideal model
after training the neural network. The dependence of MSE on
epochs is shown in Figure 1.
It can be seen from Figure 1 that the network MSE reaches
the expected MSE after 8078 steps of training, in which the
training MSE is less than 0.005.

1000

Train
Best
Goal

The closing index

(ii) Activation Function and Training Target. Here, the activation function of hidden layer neuron is tansig, the output
layer neurons traditional function is purelin.
The training function is traingdx.
The end of training conditions is the mean square error
of the accuracy of 𝐸 = 0.005.
The circulation is 10000 times.
In this model, the initial learning rate is 0.1.
The initial momentum factor value is 0.9.

Mean squared error (MSE)

Number of neuron 9
10
11
12
13
14
Network error
1,8710 0.9392 0.2689 0.5924 0.3357 0.7099

Therefore, an input layer, a hidden layer, and an output layer
are selected in this model.

Best training performance is NaN at epoch 8078

10−0

5

10

15

20

25 30 35
Trading days

40

45

50

55

60

Actual value
Predicted value

Figure 2: Simulation of actual value and predicted value.

method to predict the closing index price. Part of the code in
MATLAB software is shown in Algorithm 1.
The Chinese GEM index of daily closing price of simulation is shown in Figure 2. Both actual value and predicted
value are shown when trading day from 42 days to 56 days.
(ii) Computing of Normalization
Step 1. Calculate the absolute residual rate of prediction days.
The calculation formula is as follows:
𝑦𝑖 =

𝑥𝑎 − 𝑥𝑝
𝑥𝑎

× 100%,

(15)
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sample = xlsread(‘data.xls’)
[m,n] = size(sample);
ts = sample(2:m,4);
tsx = sample(1:m-1,:);
TS = ts’;
TSX = tsx’;
[Pn1,minp1,maxp1] = premnmx(TS)
[Pn2,minp2,maxp2] = premnmx(TSX)
rand(‘state’,0);
PR = [−1,1; −1,1; −1,1; −1,1; −1,1];
net=newff(PR,[11,1],{‘tansig’,‘purelin’},‘traingdx’,‘learngdm’,‘mse’)
net.trainparam.show = 50;
net.trainparam.lr = 0.1;
net.trainparam.mc = 0.9;
net.trainparam.epochs = 10000;
net.trainparam.goal = 0.005;
net = init(net);
net = train(net,Pn2(:,1:41),Pn1(1:41));
% Forecast
test = Pn2(:,42:end);
Y = sim(net, test)
P = postmnmx(Y, minp1, maxp1)
e = (sample(42:m-1,4)’-P)./sample(42:m-1)
% Calculate total error of network
res = norm(e)
figure(1)
t = 42: m-1
% Draw figure
plot((1:m-1), sample(1:m-1),‘-∗’,t, P, ‘o’)
Algorithm 1: Part of the code of MATLAB.

where 𝑥𝑎 is the actual value of closing index price, 𝑥𝑝 is the
predicted value of closing index price, and 𝑦𝑖 is the absolute
residual rate of 𝑖 day.
Step 2. Normalize the data set of absolute residual rate in
MATLAB software; the mapminmax(⋅) function is called. The
absolute residual rate and normalized results are shown in
Table 3.
3.2.4. Empirical Markov Model
(i) State Definition. According to the normalization value of
Table 3, sample average-mean square deviation was used in
state classification. Usually five intervals are divided: (−∞, 𝑥−
𝛼1 𝑆), (𝑥 − 𝛼1 𝑆, 𝑥 − 𝛼2 𝑆), (𝑥 − 𝛼2 𝑆, 𝑥 + 𝛼3 𝑆), (𝑥 + 𝛼3 𝑆, 𝑥 + 𝛼4 𝑆),
and (𝑥 + 𝛼4 𝑆, +∞), where 𝑥 is average, 𝑆 is sample standard
deviation, 𝛼1 and 𝛼4 belong to range [1.0, 1.5], and 𝛼2 and 𝛼3
belong to range [0.3, 0.6].
Taking into account the fact that the data is not that
much, Markov state was divided into four ranges according
to (−∞, 𝑥 − 0.4𝑆), (𝑥 − 0.4𝑆, 𝑥 + 0.6𝑆), (𝑥 + 0.6𝑆, 𝑥 + 1.5𝑆),
and (𝑥 + 1.5𝑆, +∞); therefore, Markov state ranges are (1)
[0, 0.1926], (2) (0.1926, 0.4840], (3) (0.4840, 0.7462], and (4)
(0.7462, 1]. Then, Markov state transition was built as shown
in Table 4.

Table 3: Normalization of absolute residual rate.
Days

Actual
value

Prediction
value

Error of
absolute
residual rate

Normalization
value

1

1148.81

1089.72

5.27%

0.6797

2

1133.16

1207.61

−4.25%

0.2457

3

1136.40

1198.35

−5.40%

0.1978

4

1095.65

1143.73

−1.75%

0.3648

5

1117.34

1043.10

8.02%

0.8214

6

1135.45

1217.55

−2.31%

0.3326

7

1187.31

1046.42

11.98%

1.0000

8

1182.54

1291.15

−7.34%

0.0985

9

1200.69

1242.76

−2.56%

0.3251

10

1173.26

1280.88

−8.95%

0.0397

11

1165.32

1223.61

−3.17%

0.2956

12

1153.45

1273.66

−8.63%

0.0478

13

1146.02

1254.19

−7.95%

0.0789

14

1151.68

1204.72

−2.76%

0.3153

15

1160.02

1266.82

−7.30%

0.1037

16

1165.77

1279.64

−9.64%

0.0000
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Table 4: Markov state transition.

State
(1)
(2)
(3)
(4)
Total

(1)
2
3
0
1
6

(2)
3
2
1
1
7

(3)
0
0
0
0
0

(4)
0
2
0
0
2

Table 5: Probability of step state vector.
Total
5
7
1
2
15

(ii) Computing of State Transition Probability Matrix. It can be
seen from Table 4 that from the state (1) to (1) it has 2 times,
from the state (1) to (2) it has 3 times, from the state (1) to (3)
it has 0 times, and from the state (1) to (4) it has 0 times; then,
the sate transition probability can be calculated as follows:
𝑝11 =

2
= 0.4,
5

0
𝑝13 = = 0.0,
5

𝑝12 =

3
= 0.6,
5

0
𝑝14 = = 0.0.
5

(16)

Similarly,
𝑝21 =

3
= 0.4286,
7

𝑝23 =

0
= 0.0,
7

𝑝22 =
𝑝24 =

2
= 0.2857,
7

1
𝑝32 = = 1.0,
1

0
𝑝33 = = 0.0,
1

0
𝑝34 = = 0.0,
1

𝑝41 =

1
= 0.5,
2

𝑝42 =

1
= 0.5,
2

𝑝43 =

0
= 0.0,
2

𝑝44 =

0
= 0.0.
2

(17)

Thus, the state transition probability matrix 𝑝 can be
described as follows:
0.4
0.6 0.0 0.0
[0.4286 0.2857 0.0 0.2857]
].
𝑝=[
[ 0.0
1.0 0.0 0.0 ]
0.5 0.0 0.0 ]
[ 0.5

(18)

The probability matrix 𝑝 has the Markov property after
chi-square statistics test.
(iii) The Step State Vector of Prediction. According to the
state transition probability matrix 𝑝 and the Markov forecast
model, the step state vector of prediction can be calculated as
follows:
𝑃 (𝑛) = [0, 0, 1, 0] × 𝑝𝑛 .

Step 1
0.0000
1.0000
0.0000
0.0000
Step 5
0.4264
0.4478
0.0000
0.1258
Step 9
0.4255
0.4468
0.0000
0.1277
Step 13
0.4255
0.4468
0.0000
0.1277

Step 2
0.4286
0.2857
0.0000
0.2857
Step 6
0.4254
0.4467
0.0000
0.1279
Step 10
0.4255
0.4468
0.0000
0.1277
Step 14
0.4255
0.4468
0.0000
0.1277

Step 3
0.4367
0.4816
0.0000
0.0816
Step 7
0.4256
0.4468
0.0000
0.1276
Step 11
0.4255
0.4468
0.0000
0.1277
Step 15
0.4255
0.4468
0.0000
0.1277

Step 4
0.4219
0.4405
0.0000
0.1376
Step 8
0.4255
0.4468
0.0000
0.1277
Step 12
0.4255
0.4468
0.0000
0.1277
Step 16
0.4255
0.4468
0.0000
0.1277

4. Empirical Analysis

2
= 0.2857,
7

0
𝑝31 = = 0.0,
1

State
(1)
(2)
(3)
(4)
State
(1)
(2)
(3)
(4)
State
(1)
(2)
(3)
(4)
State
(1)
(2)
(3)
(4)

(19)

Thus, the step state vector of prediction can be described as
shown in Table 5.

According to the step state vector of prediction of Markov
model, prediction result from 2013-7-25 to 2013-8-15 was
shown in Table 6. Among them, 𝑉col6 is adjustment value and
𝑉col6 = 𝑃max 5 ∧ 𝑋col4 , where 𝑃max 5 means the maximum
probability of someday in fifth column and 𝑋col4 means the
average of interval of fourth column.
It can be seen from column “error of absolute residual
rate” in Table 6, during sixteen trading days, that most of
the prediction results by this model are better than a single
improved neural network prediction except during the first
day and the fifth day.

5. Conclusion and Discussion
Due to the complicated influencing factors in dynamic stock
market, the comprehensive method with hybrid models
throws off more superiorities than a single method in the
forecast of stock index. This paper presented a new method
based on the combination of improved back-propagation
(BP) neural network and Markov chain, which took the
advantages of neural network and Markov model, and
obtained the results better than that of the single improved
BPNN method. This method could provide a good reference
for the investment in stock market.
As an open complex adaptive system constantly affected
by all kinds of emergency events and people’s psychological
and behavioral effects, although many scholars including the
famous financial experts pointed out that the changes of
stock market cannot be predicted, we had to break those
traditional ideas which rely only on the financial theory
models and explore new combined methods such as the TDF
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Table 6: Prediction result.

Actual
value

Value of improved
BPNN forecast

Markov prediction
interval

Probability

(2)

(3)

1

1150.39

1089.72

2

1158.35

1207.61

3

1136.98

1198.35

4

1124.10

1143.73

5

1134.02

1043.10

6

1190.11

1217.55

7

1188.85

1046.42

8

1202.83

1291.15

9

1211.78

1242.76

10

1175.70

1280.88

11

1185.96

1223.61

12

1172.52

1273.66

13

1161.87

1254.19

14

1172.33

1204.72

(4)
[985.6, 1030.6]
[1030.6, 1098.8]
[1098.8, 1160.1]
[1160.1, 1219.5]
[1092.2, 1142.1]
[1142.1, 1217.7]
[1217.7, 1285.6]
[1285.6, 1351.4]
[1083.8, 1133.3]
[1133.3, 1208.3]
[1208.3, 1275.7]
[1275.7, 1341.0]
[1034.4, 1081.7]
[1081.7, 1153.2]
[1153.2, 1217.6]
[1217.6, 1279.9]
[943.4, 986.5]
[986.5, 1051.8]
[1051.8, 1110.5]
[1110.5, 1167.3]
[1101.2, 1151.5]
[1151.5, 1227.7]
[1227.7, 1296.2]
[1296.2, 1362.5]
[946.4, 989.7]
[989.7, 1055.1]
[1055.1, 1114.0]
[1114.0, 1171.0]
[1167.8, 1221.1]
[1221.1, 1301.9]
[1301.9, 1374.6]
[1374.6, 1444.9]
[1124.0, 1175.4]
[1175.4, 1253.1]
[1253.1, 1323.1]
[1323.1, 1390.7]
[1158.5, 1211.4]
[1211.4, 1291.5]
[1291.5, 1363.6]
[1363.6, 1433.4]
[1106.7, 1157.2]
[1157.2, 1233.8]
[1233.8, 1302.7]
[1302.7, 1369.3]
[1151.9, 1204.6]
[1204.6, 1284.2]
[1284.2, 1355.9]
[1355.9, 1425.3]
[1134.3, 1186.1]
[1186.1, 1264.6]
[1264.6, 1335.2]
[1335.2, 1403.5]
[1089.6, 1139.4]
[1139.4, 1214.7]
[1214.7, 1282.5]
[1282.5, 1348.1]

(5)
0.0000
1.0000
0.0000
0.0000
0.4286
0.2857
0.0000
0.2857
0.4367
0.4816
0.0000
0.0816
0.4219
0.4405
0.0000
0.1376
0.4263
0.4478
0.0000
0.1258
0.4254
0.4467
0.0000
0.1279
0.4256
0.4468
0.0000
0.1276
0.4255
0.4468
0.0000
0.1277
0.4255
0.4468
0.0000
0.1277
0.4255
0.4468
0.0000
0.1277
0.4255
0.4468
0.0000
0.1277
0.4255
0.4468
0.0000
0.1277
0.4255
0.4468
0.0000
0.1277
0.4255
0.4468
0.0000
0.1277

Days
(1)

(6)

Error of absolute
residual rate
(improved BPNN)
(7)

Error of absolute
residual rate
(adjustment)
(8)

1064.72

5.27%

7.45%

1117.18

−4.25%

3.55%

1170.85

−5.40%

−2.98%

1117.48

−1.75%

0.59%

1019.17

8.02%

10.13%

1189.61

−2.31%

0.04%

1084.58

11.98%

8.77%

1261.51

−7.34%

−4.88%

1214.24

−2.56%

−0.20%

1251.48

−8.95%

−6.45%

1195.53

−3.17%

−0.81%

1244.43

−8.63%

−6.13%

1225.40

−7.95%

−5.47%

1177.07

−2.76%

−0.40%

Adjustment
value
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Table 6: Continued.
Actual
value

Value of improved
BPNN forecast

Markov prediction
interval

Probability

(1)

(2)

(3)

15

1180.66

1266.82

16

1167.09

1279.64

(4)
[1145.7, 1198.1]
[1198.1, 1277.3]
[1277.3, 1348.6]
[1348.6, 1417.6]
[1157.3, 1210.2]
[1210.2, 1290.2]
[1290.2, 1362.3]
[1362.3, 1432.0]

(5)
0.4255
0.4468
0.0000
0.1277
0.4255
0.4468
0.0000
0.1277

Days

(Theory-Data-Feedback) modeling and analyzing framework
[22] and the spread model of emotions and behaviors caused
by emergency events [23]. We believe that the change of
the stock market has also its characteristics and inherent
rules, and the forecast is possible at least in the short-term
prediction.
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The similarity of triangular fuzzy numbers is an important metric for application of it. There exist several approaches to measure
similarity of triangular fuzzy numbers. However, some of them are opt to be large. To make the similarity well distributed, a
new method SIAM (Shape’s Indifferent Area and Midpoint) to measure triangular fuzzy number is put forward, which takes
the shape’s indifferent area and midpoint of two triangular fuzzy numbers into consideration. Comparison with other similarity
measurements shows the effectiveness of the proposed method. Then, it is applied to collaborative filtering recommendation to
measure users’ similarity. A collaborative filtering case is used to illustrate users’ similarity based on cloud model and triangular
fuzzy number; the result indicates that users’ similarity based on triangular fuzzy number can obtain better discrimination. Finally,
a simulated collaborative filtering recommendation system is developed which uses cloud model and triangular fuzzy number to
express users’ comprehensive evaluation on items, and result shows that the accuracy of collaborative filtering recommendation
based on triangular fuzzy number is higher.

1. Introduction
Due to the uncertainty of information and the complexity
of the decision-making problem, it is difficult for decisionmakers to express their preferences by using exact numbers.
It is easier for them to use linguistic labels (fuzzy terms)
to express their preferences [1, 2]. Triangular fuzzy number
not only can be used to express the vagueness and the
uncertainty of information, but also can be used to represent
fuzzy terms in information processing. Besides integrated
with decision-making [3–5], triangular fuzzy number has
been applied in many fields such as risk evaluation [6],
performance evaluation [7], forecast [8], matrix games [9],
and space representation [10].
Similarity is an important tool to provide the foundation
for analogical reasoning between two fuzzy concepts, and
is widely applied in many fields [9]. Some applications of
triangular fuzzy numbers depend on their similarity. Chen
and Lin proposed the distance of two triangular fuzzy
numbers and calculated the similarity of two triangular fuzzy
numbers based on the distance between them [11]. Hsieh and
Chen put forward the concept of graded mean integration

representation and computed the similarity of two triangular
fuzzy numbers based on it [12]. Yager used the kernel function
to represent a triangular fuzzy number [13], and Xu defined
the concept of fuzzy expectation value of a fuzzy number
[14]. By using the utility value of triangular fuzzy number,
Hsieh and Chen compared two triangular fuzzy numbers
and measured the similarity of two triangular fuzzy numbers
[15]. S.-J. Chen and S.-M. Chen (2003) presented a simple
center of gravity method to calculate the center-of-gravity
(COG) point of a triangular fuzzy number and put forward
an approach to express the similarity of two triangular
fuzzy numbers based on COG [16]. Wan proposed a new
method to express the similarity of two triangular fuzzy
numbers and applied it to multisensor data fusion field to
recognize multisensor objectives [17]. Sadi-Nezhad et al. used
vector similarity to measure the similarity of triangular fuzzy
numbers [10].
The shape of a triangular fuzzy number is an important
metric; however, it was not taken into consideration before.
Therefore, a new method SIAM (Shape’s Indifferent Area
and Midpoint) to measure the similarity of two triangular
fuzzy numbers is proposed, which considers the shapes
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and midpoints of them. To compare the effect of different
methods, experiment is carried out to calculate the similarity
of triangular fuzzy numbers, and result shows that similarity
based on the proposed method is better distributed. Then,
the triangular fuzzy number is used to express the user’s
comprehensive evaluation of items in collaborative filter recommendation. Case comparison and simulation are carried
out; results indicate that collaborative filter recommendation
based on triangular fuzzy number can obtain better accuracy.

2. Related Works
2.1. Triangular Fuzzy Number and Its Operators. If a regular
̃ is based on the real domain and meets
convex fuzzy set 𝑀
the following conditions: (1) there exists only one element 𝑥0
̃
that 𝜇𝑀
̃ (𝑥0 ) = 1, (2) 𝜇𝑀
̃ (𝑥) is continuous, then 𝑀 is a fuzzy
number, which means “a real number that is approximated to
̃ can be expressed as follows [15]:
𝑥0 .” 𝑀
𝐿 (𝑥) ,
𝜇𝑀
̃ (𝑥) = {
𝑅 (𝑥) ,

𝑙 ≤ 𝑥 ≤ 𝑚,
𝑚 ≤ 𝑥 ≤ 𝑟.

(1)

𝐿(𝑥) is an increasing function and continuous on the
right, 𝑅(𝑥) is a decreasing function and continuous on the
left, and 0 ≤ 𝐿(𝑥), 𝑅(𝑥) ≤ 1. When 𝐿(𝑥) is expressed as
(𝑥−𝑙)/(𝑚−𝑙) and 𝑅(𝑥) is represented as (𝑥−𝑟)/(𝑚−𝑟), 𝜇𝑀
̃ (𝑥) is
called a triangular fuzzy number (TFN). To donate it simply,
the left threshold value 𝑎𝑙 , the midpoint 𝑎𝑚 , and the right
threshold value 𝑎𝑢 are used to represent a triangular fuzzy
̃ 𝐴
̃ = (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 ), and its membership function is
number 𝐴,
as follows:
𝑥 − 𝑎𝑙
{
{
,
{
{
𝑎𝑚 − 𝑎𝑙
{
{
{
𝑢
𝜇𝑀
̃ (𝑥) = { 𝑥 − 𝑎
,
{
{
{
𝑎𝑚 − 𝑎𝑢
{
{
{
{0,

𝑎𝑙 ≤ 𝑥 ≤ 𝑎𝑚 ,
𝑎𝑚 ≤ 𝑥 ≤ 𝑎𝑢 ,

 𝑙
𝑙   𝑚
𝑚  𝑢
𝑢
𝑎 − 𝑏  + 𝑎 − 𝑏  + 𝑎 − 𝑏 
̃
̃
.
𝑆MB (𝐴, 𝐵) = 1 −
3

(2)

̃ = (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 ) and 𝐵̃ = (𝑏𝑙 , 𝑏𝑚 , 𝑏𝑢 ) be two
Let 𝐴
triangular fuzzy numbers; the basic operators for triangular
fuzzy numbers are as follows:
̃ ⊕ 𝐵̃ = (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 ) ⊕ (𝑏𝑙 , 𝑏𝑚 , 𝑏𝑖 )
𝐴

𝑥 − 𝑥min
,
{
𝜇𝑇 (𝑥) = { 𝑥max − 𝑥min
{0,
𝑥 − 𝑥max
{
,
𝜇𝐵 (𝑥) = { 𝑥min − 𝑥max
{0,

𝑥min ≤ 𝑥 ≤ 𝑥max
otherwise,
(5)
𝑥min ≤ 𝑥 ≤ 𝑥max
otherwise.

̃ = (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 ) be a triangular fuzzy number. Then
Let 𝐴
̃𝑖 ) based on maximizing set 𝑇 and
its right utility value 𝜇𝑇 (𝐴
̃𝑖 ) based on minimizing set 𝐺 are
its left utility value 𝜇𝐵 (𝐴
̃𝑖 ) = sup (𝜇 ̃ (𝑥) ∧ 𝜇𝑇 (𝑥))
𝜇𝑇 (𝐴
𝐴𝑖
(𝑎𝑖𝑢 − 𝑥min )
,
(𝑥max − 𝑥min ) − (𝑎𝑖𝑚 − 𝑎𝑖𝑢 )

(6)

̃𝑖 ) = sup (𝜇 ̃ (𝑥) ∧ 𝜇𝐺 (𝑥))
𝜇𝐵 (𝐴
𝐴𝑖
=

(𝑥max − 𝑎𝑖𝑙 )
(𝑥max − 𝑥min ) − (𝑎𝑖𝑙 − 𝑎𝑖𝑚 )

.

̃𝑖 ):
And the total utility value is 𝜇UV (𝐴
̃𝑖 ) =
𝜇UV (𝐴

= (𝑎𝑙 + 𝑏𝑙 , 𝑎𝑚 + 𝑏𝑚 , 𝑎𝑢 + 𝑏𝑢 ) ,

(4)

Hsieh and Chen presented the concept of utility value of a
triangular fuzzy number and used it to measure the similarity
of triangular fuzzy numbers [15].
Suppose that there are 𝑛 triangular fuzzy numbers, and
̃𝑖 = (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 ),
all of them match the membership function 𝐴
𝑖 𝑖
𝑖
𝑖 = 1, 2, . . . , 𝑛. Then the maximizing set 𝑇 and minimizing set
𝐵 with membership function are as follows:

=

otherwise.

̃𝑖 ) + 1 − 𝜇𝐵 (𝐴
̃𝑖 )
𝜇𝑇 (𝐴
2

(7)

.

̃ = (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 ) and 𝐵̃ = (𝑏𝑙 , 𝑏𝑚 , 𝑏𝑢 ) are two
Suppose 𝐴
̃ 𝐵)
̃
triangular fuzzy numbers. The utility similarity 𝑆UV (𝐴,
between them is as follows:

̃ ⊗ 𝐵̃ = (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 ) ⊕ (𝑏𝑙 , 𝑏𝑚 , 𝑏𝑖 )
𝐴
= (𝑎𝑙 𝑏𝑙 , 𝑎𝑚 𝑏𝑚 , 𝑎𝑢 𝑏𝑢 ) ,

similarity between two objects. The application of triangular
fuzzy number in different area needs different measurements
of its similarity.
Chen and Lin proposed a method to calculate similarity
̃ =
based on distance of midpoint and boundary. Let 𝐴
𝑙 𝑚 𝑢
𝑙 𝑚 𝑢
̃
(𝑎 , 𝑎 , 𝑎 ) and 𝐵 = (𝑏 , 𝑏 , 𝑏 ) be two triangular fuzzy
numbers, the similarity of them can be denoted as follows:

(3)

1
1 1 1
= ( 𝑢, 𝑚, 𝑙),
̃
𝑎 𝑎 𝑎
𝐴
̃ = 𝑚 (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 ) = (𝑚𝑎𝑙 , 𝑚𝑎𝑚 , 𝑚𝑎𝑢 ) .
𝑚𝐴
2.2. Similarity of Triangular Fuzzy Numbers. A similarity
measure is an important tool for presenting a degree of

̃ 𝐵)
̃ =
𝑆UV (𝐴,

̃ × 𝑈UV (𝐵)
̃
𝑈UV (𝐴)
̃ 2 , (𝑈UV (𝐵))
̃ 2)
max ((𝑈UV (𝐴))

,

(8)

̃ and 𝑈UV (𝐵)
̃ are the utility values of 𝐴
̃ and 𝐵,
̃
where 𝑈UV (𝐴)
̃ 𝐵)
̃ = 1 when 𝑈UV (𝐴)
̃ and 𝑈UV (𝐵)
̃
respectively. And 𝑆UV (𝐴,
are both 0.
Based on the idea of graded mean integration-representation distance (GMIR), Hsieh and Chen (1999) presented
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3

a similarity measure for two triangular fuzzy numbers. The
measurement of GMIR is as follows [12]:
̃ 𝐵)
̃ =
𝑆GMIR (𝐴,
where

1
̃ 𝐵)
̃
1 + 𝑑 (𝐴,

,

(9)

̃ − 𝑃 (𝐵)
̃  ,
̃ 𝐵)
̃ = 𝑃 (𝐴)
𝑑 (𝐴,



̃ =
𝑃 (𝐴)

𝑎𝑙 + 4𝑎𝑚 + 𝑎𝑢
,
6

̃ =
𝑃 (𝐵)

𝑏𝑙 + 4𝑏𝑚 + 𝑏𝑢
.
6

(10)

Yager presented the concept of kernel of fuzzy number
̃ 𝜇 ̃(𝑥)) be a fuzzy number and its kernel function
[13]. Let (𝐴,
𝐴
can be denoted as follows:
1

̃ =
𝐾 (𝐴)

∫0 𝑥𝜇𝐴̃ (𝑥) 𝑑𝑥
1

∫0 𝜇𝐴̃ (𝑥) 𝑑𝑥

.

(11)

Hou and Wu used the above expression to calculate the
kernel function of triangular fuzzy number and obtained
the same result as graded mean integration-representation
[18]. Meanwhile, Xu put forward the method to calculate the
expectation value of a triangular fuzzy number and also got
the same result [14].
S.-J. Chen and S.-M. Chen presented a simple center
method to calculate the center-of-gravity (COG) points of
generalized fuzzy numbers, and put forward a similarity
measure of triangular fuzzy numbers based on the center-of̃ = (𝑎𝐿 , 𝑎𝑀, 𝑎𝑈) be a triangular number and
gravity [16]. Let 𝐴
∗
∗
(𝑥𝐴̃, 𝑦𝐴̃) the center-of-gravity; its formula is shown as follows:
𝑥∗ =

𝑥1 + 𝑥2 + 𝑥3
,
3

𝑦∗ =

𝑦1 + 𝑦2 + 𝑦3
.
3

(12)

̃ = (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 ) and 𝐵̃ = (𝑏𝑙 , 𝑏𝑚 , 𝑏𝑢 ) be two triangular
Let 𝐴
∗
∗
∗ ∗
fuzzy numbers, and let (𝑥𝐴
̃, 𝑦𝐴
̃) and (𝑥𝐵̃ , 𝑦𝐵̃ ) be their COGs;
̃ and 𝐵̃ can be defined as follows:
the similarity of 𝐴
𝑎𝑙 − 𝑏𝑙  + 𝑎𝑚 − 𝑏𝑚  + 𝑎𝑢 − 𝑏𝑢 
 
 

̃ 𝐵)
̃ = (1 − 
𝑆COG (𝐴,
)
3
min (𝑦𝐴∗̃, 𝑦𝐵∗̃ )
̃̃
 ∗
∗  𝐵(𝐴,𝐵)

)
,
× (1 − 𝑥𝐴
−
𝑥
∗
̃
𝐵̃ 
max (𝑦𝐴∗̃, 𝑦𝐵∗̃ )
(13)
∗
∗
∗
∗
where 𝑥𝐴
̃, 𝑦𝐴
̃, 𝑥𝐵̃ , and 𝑦𝐵̃ are calculated according to formula
̃ 𝐵)
̃ is used to determine if the COG distance is
(13) and 𝐵(𝐴,
considered; the new formula is defined as follows:

̃ 𝐵)
̃ = {1,
𝐵 (𝐴,
0,

if 𝑆𝐴̃ + 𝑆𝐵̃ > 0
if 𝑆𝐴̃ + 𝑆𝐵̃ = 0,

(14)

where 𝑆𝐴̃ and 𝑆𝐵̃ are the lengths of the triangular fuzzy
̃ and 𝐵,
̃ respectively, defined as follows:
number 𝐴
𝑆𝐴̃ = 𝑎𝑢 − 𝑎𝑙 ,
𝑆𝐵̃ = 𝑏𝑢 − 𝑏𝑙 .

(15)

It has been proven that the similarity based on COG has
̃ 𝐵)
̃ = 1 if and only if 𝐴
̃ = 𝐵.
̃
the following property: 𝑆COG (𝐴,
Because of the complexity of objective things and the
disturbance of the measurement surroundings, there exist
uncertainty and fuzziness in dealing with multisensor data
fusion (MSDF). Wan (2011) used triangular fuzzy number
to express its uncertainty and fuzziness [17]. What is more,
multiattribute decision-making theory was used to solve
problems in MSDF and a new multisensor object recognition
method was proposed. Thus, another similarity of two triañ = (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 )
gular fuzzy numbers is presented. Suppose 𝐴
𝑙
𝑚
𝑢
and 𝐵̃ = (𝑏 , 𝑏 , 𝑏 ) are two triangular fuzzy numbers; their
similarity is defined as follows:
̃ 𝐵)
̃ =
𝑆max (𝐴,

∑𝑖∈{𝑙,𝑚,𝑢} 𝑎𝑖 𝑏𝑖
max (∑𝑖∈{𝑙,𝑚,𝑢} 𝑎𝑖 𝑎𝑖 , ∑𝑖∈{𝑙,𝑚,𝑢} 𝑏𝑖 𝑏𝑖 )

.

(16)

To solve multiple criteria group decision-making
(MCGDM) problems, method based on vector similarity is
used to measure similarity of two triangular fuzzy numbers
[6]:
̃ 𝐵)
̃ =
𝑆VS (𝐴,

2 ∑𝑖∈{𝑙,𝑚,𝑢} 𝑎𝑖 𝑏𝑖
∑𝑖∈{𝑙,𝑚,𝑢} 𝑎𝑖 𝑎𝑖 + ∑𝑖∈{𝑙,𝑚,𝑢} 𝑏𝑖 𝑏𝑖

.

(17)

3. Similarity of Triangular Fuzzy Numbers
Based on SIAM
Triangular fuzzy numbers are used to represent uncertain and
incomplete information in decision-making, risk evaluation,
and expert systems. Measurement of similarity should keep
some parameters of triangular fuzzy numbers. Shape and
midpoint are important metrics of a triangular fuzzy number.
Therefore, they should be taken into consideration when
measuring the similarity of triangular fuzzy numbers.
Let a triangular fuzzy number move horizontally and
overlap its midpoint with the midpoint of another triangular
fuzzy number. The overlapped part of two triangular fuzzy
numbers is indifferent, and the ratio of the overlap part can
be used to represent the shape similarity of two triangular
fuzzy numbers. And the distance between the midpoints of
two triangular fuzzy numbers can express the difference of
them.
̃ = (0.1, 0.3, 0.5) and 𝐵̃ = (0.4, 0.8, 0.9) are two
Suppose 𝐴
triangular fuzzy numbers. Figure 1 shows these two triangular
fuzzy numbers. These two triangular fuzzy numbers have
different shapes and midpoints.
̃ = (0.1, 0.3, 0.5) to 𝐴
̃ = (0.6, 0.8, 1.0) so that
Move 𝐴

̃ The
̃
the midpoint of 𝐴 is identical with the midpoint of 𝐵.

̃
̃
intersection area of 𝐴 and 𝐵 can be demonstrated in the
̃ and 𝐵̃ is
red area in Figure 2. The intersection area of 𝐴
indifferent, so the intersection area is called the indifferent
area.
The ratio of the indifferent area can be used to express
the shape similarity of two triangular fuzzy numbers. Thus, a
new method to measure the similarity of two triangular fuzzy
numbers based on shape and the midpoint is obtained.
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1

0

0.1

0.2

0.3

̃ = 𝐵̃ is
𝑆SIAM = 1 only and if only 𝑎𝑙 = 𝑏𝑙 , 𝑎𝑢 = 𝑏𝑢 . Thus, 𝐴
̃
̃
true. Therefore, we can conclude that 𝑆SIAM (𝐴, 𝐵) = 1 if and
̃ = 𝐵.
̃
only if 𝐴

0.8

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1.0

̃ = (0.1, 0.3, 0.5) and 𝐵̃ =
Figure 1: Two triangular fuzzy numbers 𝐴
(0.4, 0.8, 0.9).
0.8
1

0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1.0

̃ = (0.6, 0.8, 1.05) and 𝐵̃ =
Figure 2: The intersection area of 𝐴
(0.4, 0.8, 0.9).

̃ = (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 ) and 𝐵̃ = (𝑏𝑙 , 𝑏𝑚 , 𝑏𝑢 ) are two
Suppose 𝐴
̃ =
̃ = (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 ) to 𝐴
triangular fuzzy numbers; move 𝐴
𝑙
𝑚
𝑚
𝑚 𝑢
𝑚
𝑚
̃
(𝑎 + (𝑏 − 𝑎 ), 𝑏 , 𝑎 + (𝑏 − 𝑎 )), so that the midpoint of 𝐴

̃ Since 𝐴
̃ and 𝐴
̃ have the same shape, and
is identical with 𝐵.
̃ is used to represent 𝐴,
̃ the ratio of their shapes’ indifferent
𝐴
̃ and 𝐵̃ can be defined as follows:
area of 𝐴
̃ 𝐵)
̃
𝑆SIA (𝐴,
=
=

2𝑅𝐴̃ ∩𝐵̃
𝑅𝐴̃ + 𝑅𝐵̃
2 (min (𝑏𝑢 , 𝑎𝑢 + (𝑏𝑚 − 𝑎𝑚 )) − max (𝑎𝑙 + (𝑏𝑚 − 𝑎𝑚 ) , 𝑏𝑙 ))
(𝑎𝑢 − 𝑎𝑙 ) + (𝑏𝑢 − 𝑏𝑙 )

,

(18)
where 𝑎𝑢 − 𝑎𝑙 ≠
0 and 𝑏𝑢 − 𝑏𝑙 ≠
0; the similarity of triangular
fuzzy numbers based on their shape’s indifferent area and
midpoint can be described as follows:
̃ 𝐵)
̃ = 𝛼 (1 − 𝑎𝑚 − 𝑏𝑚 ) + 𝛽𝑆SIA (𝐴,
̃ 𝐵)
̃ ,
𝑆SIAM (𝐴,


𝛼 + 𝛽 = 1,

𝛼 > 0, 𝛽 > 0.

(19)

Similarity SIAM has the following properties:
̃ 𝐴)
̃ = 1;
(1) reflexivity, that is, 𝑆SIAM (𝐴,
̃ 𝐵)
̃ = 𝑆SIAM (𝐵,
̃ 𝐴).
̃
(2) symmetry, that is, 𝑆SIAM (𝐴,
̃ = (𝑎𝑙 , 𝑎𝑚 , 𝑎𝑢 ) and 𝐵̃ = (𝑏𝑙 , 𝑏𝑚 , 𝑏𝑢 ) be two
Theorem 1. Let 𝐴
̃ 𝐵)
̃ = 𝑆 SIAM (𝐵,
̃ 𝐴)
̃ =1
triangular fuzzy numbers and 𝑆 SIAM (𝐴,
̃ = 𝐵.
̃
if and only if 𝐴
̃ = 𝐵,
̃ then 𝑎𝑙 = 𝑏𝑙 , 𝑎𝑚 = 𝑏𝑚 , and 𝑎𝑢 = 𝑏𝑢 .
Proof. If 𝐴
̃ 𝐵)
̃ = 1 is true. If 𝑆SIAM (𝐴,
̃ 𝐵)
̃ = 1, then 1−|𝑎𝑚 −𝑏𝑚 | =
𝑆SIAM (𝐴,
𝑚
̃ 𝐵)
̃ = 1. As 1 − |𝑎 − 𝑏𝑚 | = 1 means 𝑎𝑚 = 𝑏𝑚 ,
1 and 𝑆SIA (𝐴,
̃ 𝐵)
̃ = 2(min(𝑏𝑢 , 𝑎𝑢 ) − max(𝑎𝑙 , 𝑏𝑙 ))/((𝑎𝑢 − 𝑎𝑙 ) + (𝑏𝑢 −
𝑆SIAM (𝐴,
𝑏𝑙 )) = 1 is obtained. According to Figure 2, we can see that

There are several approaches to measure the similarity of
two triangular fuzzy numbers. 𝑆MB measures the similarity
based on the distance of left point, midpoint, and right
point. 𝑆UV calculates the similarity based on the utility value.
𝑆GMIR gets the similarity based on graded mean integrationrepresentation distance. 𝑆GOV obtains the similarity based
on the center-of-gravity of triangular fuzzy numbers. 𝑆max
uses vector cosine to compute the similarity. And 𝑆SIAM
utilizes the shape’s indifferent area and midpoint to measure
the similarity of two triangular fuzzy numbers. From the
equations, we conclude that 𝑆MB , 𝑆GMIR , 𝑆max , and 𝑆SIAM are
easier to calculate while 𝑆GOV and 𝑆UV are more difficult.
To compare the distribution of different approaches that
measure similarity of triangular fuzzy numbers, a simulation
program is written which generates randomly 10000 pairs of
triangular fuzzy numbers and measures the similarity of them
based on different approaches. To compare the similarity
distribution of each approach, the similarity is dealt with as
follows: multiply the calculated similarity by 10, adds 0.5, and
omits decimal fractions and it turns into an integer between
0 and 10; (2) counts the numbers of the integers, respectively,
and divides the integers by 10; and (3) computes the ratio
of each similarity interval. Figure 3 shows the result of the
ratio of each similarity interval based on different method to
measure similarity of triangular fuzzy numbers.
From Figure 3, we can see that 𝑆VS , 𝑆MB , and 𝑆GMIR are
oriented to larger. 𝑆max , 𝑆SIAM , 𝑆GOV , and 𝑆UV can obtain distributed result more normally. 𝑆SIAM is much easier according
to the complexity of the measuring equation, and it gets better
normally distributed result. Table 1 shows the detail of the
similarity distribution rate of different approaches.

4. Its Application in Collaborative Filtering
Recommendation
Collaborative filtering technique has been widely applied [19–
21], which recommends items to a user based on the rating
information of its neighbors.
The basic principle of collaborative filtering recommendation assumes that users will have similar evaluation on
other items if they have similar evaluation on some items.
Thus, items can be recommended to a user based on its
nearest neighbours’ evaluation. Therefore, similarity measurement based on users’ evaluation on items is the key
problem in collaborative filtering recommendation systems.
Comprehensive measurement, such as evaluation ranking frequency vector and cloud model (CM), can be used to
represent users’ comprehensive evaluation and to calculate
users’ similarity [22].
Cloud model is a cognitive model proposed by Liu et
al. which can synthetically describe the randomness and
fuzziness of concepts and implement the uncertain transformation between a qualitative concept and its quantitative instantiations [23]. Zhang et al. analysed the effect of
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Table 1: Similarity distribution rate of different approaches.

(%)

Similarity interval
[0, 0.05)
[0.05, 0.15)
[0.15, 0.25)
[0.25, 0.35)
[0.35, 0.45)
[0.45, 0.55)
[0.55, 0.65)
[0.65, 0.75)
[0.75, 0.85)
[0.85, 0.95)
[0.95, 1]
40
35
30
25
20
15
10
5
0

0

0.1

MB
0
0
0.03
0.33
1.09
3.84
9.03
20.83
35.05
26.7
3.1

0.2

0.3

UV
0.2
0.74
1.99
4.15
7.18
11.9
14.76
16.11
17.15
17.32
8.5

0.4 0.5 0.6
Similarity

0.7

GRIM
0
0
0
0
0
0.01
3.65
18.6
30.89
30.22
16.63

0.8

0.9

1

COG
0
0.62
1.91
4.73
10.52
12.5
17.9
15.05
21.97
14.22
0.58

SIAM (ours)
0.13
1.43
4.3
6.54
10.62
12.72
18.93
19.31
14.91
9.35
1.76

𝑎𝑀 =

Figure 3: Similarity distribution of the different approaches.

evaluation ranking frequency vector in collaborative filtering
recommendation system and used cloud model to express
the users’ comprehensive evaluation on items; simulation
on MoviesLens dataset was carried out to prove that collaborative filtering recommendation based on cloud model
obtained better performance than that of ranking frequency
vector [22]. Therefore, the paper compares the performance
of collaborative filtering recommendation based on cloud
model and triangular fuzzy number, respectively.
If a user’s evaluation on traded items is 𝑋 = {𝑥1 , 𝑥2 ,
. . . , 𝑥𝑛 }, the user’s comprehensive evaluation on items can be
represented by cloud model 𝑉 = (𝐸𝑥, 𝐸𝑛, 𝐻𝑒):
𝐸𝑥 = 𝑋 =
𝐻𝑒 = √

1 𝑛
∑𝑥 ,
𝑛 𝑖=1 𝑖

𝜋 1 𝑛 

× ∑ 𝑥 − 𝐸𝑥  ,
2 𝑛 𝑖=1  𝑖

(20)

1
𝐸𝑛 = √ 𝑆2 − 𝐻𝑒2 .
3
The triangular fuzzy number shows the fuzzy and uncertainty of information, so it is appropriate to represent the
user’s comprehensive evaluation on items. The average of

VS
0.2
0.16
0.63
1.09
1.62
2.79
4.73
9.42
17.92
36.89
24.55

the user’s comprehensive evaluation on items represents the
midpoint of a triangular fuzzy number, namely, the degree of
concentration on items. The absolute value of user’s evaluation on item minus the average of user’s evaluation on items
is called the fuzzy discretization (FD) of user’s evaluation, that
is, the uncertainty of user’s evaluation. Therefore, if a user
evaluates the items in 𝑋 = {𝑥1 , 𝑥2 , . . . , 𝑥𝑛 }, its comprehensive
evaluation can be expressed by a triangular fuzzy number
̃ = (𝑎𝐿 , 𝑎𝑀, 𝑎𝑈).
𝐴

SIAM (ours)
Max
VS

MB
UV
GRIM
COG

max
0.24
1.07
2.71
4.35
7.92
11.34
14.16
18.12
19.57
16.47
4.05

1 𝑛
∑𝑥 ,
5𝑛 𝑖=1 𝑖

𝑎𝐿 = 𝑎𝑀 −

1
(FD − 𝐸) ,
2

𝑎𝑈 = 𝑎𝑀 +

1
(FD + 𝐸) ,
2

FD =
𝐸=

(21)

1 𝑛 

∑ 𝑥𝑖 − 𝑎𝑀 ,
5𝑛 𝑖=1

1 𝑛
∑ sig (𝑥𝑖 − 𝑎𝑀) .
5𝑛 𝑖=1

4.1. Comparison of Users’ Comprehensive Evaluation. Take the
example from Zhang et al. [22]. Four users, A, B, C, and D,
evaluated 10 items, respectively. Table 2 shows the detailed
evaluation of each user on the items.
Bellogı́n et al. [20] found that the similarity based on
evaluation ranking frequency vector was in [0.98, 1] and it
is difficult to distinguish its nearest neighbours. They put
forward the cloud model to express the user’s evaluation on
items. The similarity of users based on the cloud model is as
shown in Table 3.
There does not exist much difference between the users’
similarity based on cloud model. We use (21) to express
users’ comprehensive evaluation on items; the four users’
comprehensive evaluation on items can be represented by
̃ =
the following triangular fuzzy numbers, respectively: 𝐴
̃
̃
(0.2128, 0.28, 0.3088), 𝐵 = (0.8, 0.9, 1), 𝐶 = (0.7504,
̃ = (0.291, 0.32, 0.387). According to (19),
0.84, 0.878), and 𝐷
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Table 2: Users’ evaluation on 10 items.
I1
2
5
4
2

I2
1
4
5
1

I3
1
5
3
2

I4
1
4
4
2

I5
2
5
5
1

I6
1
4
5
1

I7
1
5
4
2

I8
2
4
4
2

I9
1
5
5
1

I10
2
4
3
2

Table 3: Users’ similarity based on CM.
Similarity
A
B
C
D

A
1
0.956
0.965
0.999

B
0.956
1
0.999
0.967

C
0.965
0.999
1
0.975

D
0.999
0.967
0.975
1

0.9
MAE

User
A
B
C
D

0.95

0.85
0.8
0.75
0.7

1

2

A
1
0.461
0.522
0.728

B
0.461
1
0.892
0.516

C
0.522
0.892
1
0.489

4

the similarity of four users is obtained; Table 4 shows the
result.
From the case, we can see that the similarity based on
triangular fuzzy number has better discrimination. Users
A and B have different evaluation on items; the similarity
based on cloud model is 0.956, which is not consistent with
our intuitionistic judging. While the similarity based on
triangular fuzzy numbers is 0.461, which means that there is
difference between the evaluation of users A and B. Therefore,
it can be concluded that it is reasonable to use a triangular
fuzzy number to express users’ evaluation on items and
calculate their similarity based on it.
4.2. Simulation in Collaborative Filtering Recommendation
System. The simulated system is developed by using Visual
Studio.NET. The experiment takes data from MoviesLens
(http://www.grouplens.org/), which is a recommendation
system for research and provides recommendation list to
users based on users’ evaluation on movies. The experiment
uses the MoviesLens 100 K data set, which contains 100000
records of 943 users’ evaluation on 1648 items. 80 percent
of the data set is used as history data and 20 percent of it is
chosen as test data set.
Accuracy is a metric to evaluate the recommendation
quality. And mean absolute error (MAE) can be used to
represent recommendation accuracy, which calculates the
deviation between the user’s forecasted score and the user’s
real score. The smaller the MAE, the better the performance
of a recommendation system.
Assume the users’ forecasted score set of a recommendation system is 𝐹 = {𝑓1 , 𝑓2 , . . . , 𝑓𝑛 }, and the users’ real score
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8

9

10

Figure 4: MAE based on CL and TFN.

set is 𝑅 = {𝑟1 , 𝑟2 , . . . , 𝑟𝑛 }. The MEA can be donated as the
following formula:
MAE =

D
0.728
0.516
0.489
1

5
6
Neighbours

CL
TFN

Table 4: Users’ similarity based on TFN.
Similarity
A
B
C
D

3

1 𝑛 

∑ 𝑓 − 𝑟  .
𝑛 𝑖=1  𝑖 𝑖 

(22)

A simulated collaborative filtering recommendation system is developed. Cloud model and triangular fuzzy number
are used to express the comprehensive users’ evaluation on
items in the simulated system, similarity of users is calculated
based on them, and items are recommended to users based
on the nearest 𝑘 neighbours’ scores on items. To score
the performance of collaborative filtering recommendation,
the MAE is used to measure recommendation accuracy.
Simulation result is shown in Figure 4.
Figure 4 shows that the more neighbours are used in
collaborative filtering recommendation, the more accuracy
the recommendation system can obtain. From the simulation,
the MAE of collaborative filtering recommendation based on
triangular fuzzy number can be more accurate than that on
cloud model.

5. Conclusion
Triangular fuzzy number has been applied in many fields
such as risk analysis, decision-making, and evaluation. A new
method to measure the similarity of two triangular fuzzy
numbers is proposed, which measures the similarity based on
the shape’s indifferent area and midpoints of two triangular
fuzzy numbers. Comparison with other measurements shows
that the similarity measuring method proposed in this paper
can be distributed more normally.
Finally, triangular fuzzy number is applied in collaborative filtering recommendation system, in which triangular
fuzzy number is used to express the users’ comprehensive
evaluation on items. Case demonstration and simulation on
MoviesLens show that triangular fuzzy number can express
users’ comprehensive evaluation on items and the collaborative filtering recommendation accuracy can be higher.
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Unmanned combat aerial vehicles (UCAVs) have been of great interest to military organizations throughout the world due
to their outstanding capabilities to operate in dangerous or hazardous environments. UCAV path planning aims to obtain an
optimal flight route with the threats and constraints in the combat field well considered. In this work, a novel artificial bee colony
(ABC) algorithm improved by a balance-evolution strategy (BES) is applied in this optimization scheme. In this new algorithm,
convergence information during the iteration is fully utilized to manipulate the exploration/exploitation accuracy and to pursue a
balance between local exploitation and global exploration capabilities. Simulation results confirm that BE-ABC algorithm is more
competent for the UCAV path planning scheme than the conventional ABC algorithm and two other state-of-the-art modified
ABC algorithms.

1. Introduction
Developments in automated and unmanned flight technologies have become an irresistible trend in many countries. As
a matter of fact, unmanned combat aerial vehicles (UCAVs)
have been of great importance to many military organizations
throughout the world due to their capabilities to work in
remote and hazardous environments [1]. Path planning is a
critical aspect of the autonomous control module in UCAV,
which aims to provide an optimal path from the starting point
to the desired destination with the artificial threats and some
natural constraints considered.
For the UCAV path planning scheme, an optimal solution
corresponds to one path that minimizes the flight route,
average altitude, fuel consumption, exposure to radar or
artillery, and so forth [2]. With the development of the
ground defending weapons, the difficulty of describing these
artificial threats significantly becomes larger. Therefore, in
order to deal with the increasing complexity when modeling a
combat field, researchers have gradually shifted their interests
away from deterministic algorithms [3–5].

Like most real-world optimization problems, finding the
global optimum is enormously difficult. To avoid enumerating for the global optimums, evolutionary algorithms (EAs)
have been well investigated and developed as a primary
branch of the heuristic algorithms, such as genetic algorithm
(GA) [6], differential evolution algorithm (DE) [7], ant
colony optimization algorithm (ACO) [8], particle swarm
optimization algorithm (PSO) [9], and artificial bee colony
algorithm (ABC) [10]. Although these intelligent algorithms
do not necessarily guarantee global convergence, some satisfying results can be acquired after all. That is why studies have
been brought on developing new algorithms or modifying
the existing ones in recent years [11]. For this UCAV path
planning scheme, algorithms such as chaos theory based
ABC (C-ABC) [12], immune GA (I-GA) [13], PSO [14],
quantum-behaved PSO (Q-PSO) [15], master-slave parallel
vector-evaluated GA (MPV-GA) [16], and intelligent water
drops algorithm (IWD) [17] have been applied.
ABC algorithm is a swarm intelligence algorithm
motivated by the foraging behaviors of bee swarms. In
this algorithm, the bee swarm mainly consists of three

2
components: the employed bees, the onlooker bees, and the
scout bees [18]. Employed bees start the global exploration,
then the qualified employed bees will be capable of attracting
the onlooker bees to follow. At this point, following means
exploiting locally around an employed bee. The qualification
of each employed bee is determined by the roulette selection
strategy. In the long run of the iterations, those unqualified
employed bees eventually perish and scout bees will take
their places.
Applications of ABC algorithm span the areas of image
processing [19], structure identification [20], bioinformatics
[21], neural network training [22], and so forth. At the same
time, it is believed that ABC algorithm works well in the
global exploration but poorly in the local exploitation [23].
Generally speaking, two prevailing ways have been taken
to improve the conventional ABC algorithm. In the first
way, strategies, for instance, Rosenbrock’s rotational direction
strategy [24], quantum theory [25], chaos theory [26], and
Boltzmann selection strategy [27] from the outside world are
introduced. The second way mainly focuses on combining
ABC algorithm with some other intelligent algorithms. DEABC [28], PSO-ABC [29], and QEA-ABC [30] are typical
examples. Apart from the two ways mentioned above, efforts
have also been made on revising the crossover and mutation
equations in the conventional ABC algorithm [21, 31, 32].
Especially, an improved ABC algorithm named I-ABC has
shown fast convergence speed and accurate convergence
precision in comparison with ABC algorithm and is regarded
as a state-of-the-art version of ABC [32].
Viewing improvements ever made for ABC algorithm,
attentions have seldom been paid to fully utilizing the
convergence messages hiding in the iteration system [33, 34].
In other words, apart from the roulette selection strategy,
the convergence status of a previous cycle may be regarded
as feedback information to guide a subsequent cycle. In
addition, it is noted that the generation of scout bees mainly
intends for the escapement of premature convergence but
scout bees are confirmed to be noneffective in some numerical cases [35]. Therefore, new rules may be needed to guide
the scout bees so as to perform more efficiently. Moreover, it is
believed that the exploration and the exploitation procedures
need to match with each other so as to cooperate efficiently.
That is, it is essential for an intelligent algorithm to capture a
balance between global exploration and local exploitation.
In this paper, a novel ABC algorithm modified by a
balance-evolution strategy is applied for this path planning
scheme. In this new algorithm (which is named BE-ABC),
convergence status in the iteration will be fully utilized so
as to manipulate the exploration/exploitation accuracy and
to make a tradeoff between local exploitation and global
exploration. Besides, the rule guiding the scout bees is
modified according to an overall degradation procedure.
This work intends for some intensive research to evaluate
the performance of BE-ABC algorithm in this UCAV path
planning scheme, in comparison with two recent state-of-theart modifications of ABC.
The remainder of this paper is organized as follows. In
Section 2, the mathematical model of the combat field is
given. In Section 3, the principles of four versions of ABC
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are introduced in detail. Simulations and the corresponding
results are shown in Section 4, together with some remarks.
Conclusions are drawn in the last section.

2. Combat Field Modeling for
UCAV Path Planning
There are some threatening installations in the combat field,
for instance, missiles, radars, and antiaircraft artilleries. The
effects of such installations are presented by circles in the
combat field of different radiuses and threat weights [36]. If
part of its path falls in a circle, an UCAV will be vulnerable to
the corresponding ground defense installation. To be more
precise, the damage probability of an UCAV is proportional
to its distance away from the threat center. Additionally, when
the flight path is outside a circle, the probability of being
attacked is 0. Let us define the starting point as 𝑆 and the
terminal point as 𝑇 (see Figure 1). The UCAV flight mission
is to calculate an optimal path from 𝑆 to 𝑇, with all the given
threat regions in the combat field and the fuel consumption
considered.
To make this problem more concrete, let us draw a
segment 𝑆𝑇 connecting the starting and terminal points first.
Afterwards, 𝑆𝑇 is divided into (𝐷 + 1) equal portions by 𝐷
vertical dash lines {𝐿 𝑘 , 𝑘 = 1, 2, . . . , 𝐷} as plotted in Figure 1.
These lines are taken as new axes; then as many as 𝐷 points
(see the small rectangles in Figure 1) along such axes will
be connected in sequence to form a feasible path from 𝑆 to
𝑇. In this sense, the 𝐷 corresponding coordinates 𝑍𝑘 (𝑘 =
1, 2, . . . , 𝐷) are the variables to be optimized so as to acquire
an optimal flight path.
To accelerate the processing speed, it is encouraged to
take the 𝑆𝑇 direction as the 𝑥 axis [37]. In this way, point
movement on the 𝐿 𝑘 can be described more easily. Therefore,
the first step before the computation of the optimal flight
path is the transfer of axes. Any point (𝛼𝑖 , 𝛽𝑖 ) on the original
combat field gets transferred to (𝛼𝑖∗ , 𝛽𝑖∗ ) in the new axes as
defined in (1), where 𝜃 denotes the angle between the original
𝑥 axis and the original 𝑆𝑇 direction, as follows:
[

𝛼𝑖∗
cos 𝜃 sin 𝜃 𝛼𝑖
][ ].
∗] = [
− sin 𝜃 cos 𝜃 𝛽𝑖
𝛽𝑖

(1)

Regarding the evaluation of one candidate flight path, the
threat cost 𝐽threat and the fuel consumption 𝐽fuel are taken into
consideration [1], as shown in
𝐽 = 𝜆 ⋅ 𝐽fuel + (1 − 𝜆) ⋅ 𝐽threat
= 𝜆⋅∫

length

0

𝑤threat d𝑙 + (1 − 𝜆) ⋅ ∫

length

0

𝑤fuel d𝑙,

(2)

where 𝐽 is the weighted sum of flight cost for this flight path,
𝜆 ∈ [0, 1] represents the weighting parameter, 𝑤threat and 𝑤fuel
are variables related to every instantaneous position on the
path, and length denotes the total length of this candidate
flight path.
To simplify the integral operations, the flight cost from
the point along 𝐿 𝑖 to the one along 𝐿 𝑖+1 is calculated at five
sample points [38], as shown in Figure 2.
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Figure 1: Schematic diagram of combat field modeling.
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applied for the UCAV flight path optimization scheme.
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Figure 2: Schematic diagram of flight cost computation.

If the flight path shown above falls into a threat region,
the threat cost is calculated as follows:
𝑤threat,𝐿 𝑖 → 𝐿 𝑖+1 =

length𝑖
5
𝑁𝑡

⋅ ∑ [𝑡𝑘 ⋅ (
𝑘=1

1
4
𝑑0.1,𝑖,𝑘

+

+

1
4
𝑑0.7,𝑖,𝑘

1
4
𝑑0.3,𝑖,𝑘

+

+

1
4
𝑑0.9,𝑖,𝑘

1
4
𝑑0.5,𝑖,𝑘

(3)

)] ,

where 𝑁𝑡 denotes the number of threatening circles that the
4
path involves in, length𝑖 refers to the 𝑖th subpath length, 𝑑0.1,𝑖,𝑘
stands for the distance between the 1/10 point on the path and
the 𝑘th threat center, and 𝑡𝑘 is regarded as the threat grade of
the 𝑘th threat. In this work, it is assumed that the velocity of
the UCAV is a constant. Then the fuel consumption 𝐽fuel is
considered in direct proportion to length (i.e., 𝑤fuel ≡ 1).

3. Principles of ABC Relevant Algorithms
The preceding section holds a description of combat field
model. The optimal vector z = [𝑧1 , 𝑧2 , . . . , 𝑧𝐷] is expected
to derive using these intelligent algorithms that will be
introduced in detail in this section. The conventional ABC

3.1. Review of Conventional ABC Algorithm. In ABC, three
kinds of bees cooperate to search for the optimal nectar
sources in the space, namely, the employed bees, the onlooker
bees, and the scout bees [18].
Let X𝑖 = (𝑋𝑖1 , 𝑋𝑖2 , . . . , 𝑋𝑖𝐷) represent a candidate position searched by the 𝑖th employed bee in the space (𝑖 =
1, . . . , 𝑆𝑁). Here, a position refers to a feasible solution
for the optimization problem. The number of employed
bees is set to 𝑆𝑁. In each iteration, onlooker bees search
locally around those qualified employed bees. The number of
onlooker bees is commonly set to 𝑆𝑁. Here, the qualification
standard concerns the roulette selection strategy and will be
introduced later in this section. Those employed bees who
cannot make any progress for some time will die out and the
randomly initialized scout bees will take their places.
At first, all the 𝑆𝑁 employed bees need to be randomly
initialized in the feasible solution space. In detail, the 𝑗th
element of the 𝑖th solution X𝑖 is initialized using
𝑗

𝑗

𝑗

𝑗
𝑋𝑖 ← 𝑋min + rand (0, 1) ⋅ (𝑋max
− 𝑋min ) ,

𝑗 = 1, 2, . . . , 𝐷,
(4)

𝑗

𝑗
where 𝑋min and 𝑋max
denote the lower and upper boundaries
of this 𝑗th element and 𝐷 denotes the dimension of any
feasible solution.
In each cycle of the iterations, an employed bee executes
a crossover and mutation process to share information with
one randomly chosen companion and search in the new
𝑗
position 𝑋∗ 𝑖 utilizing
𝑗

𝑗

𝑗

𝑗

𝑋∗ 𝑖 ← 𝑋𝑖 + rand (−1, 1) ⋅ (𝑋𝑘 − 𝑋𝑖 ) .

(5)

In this equation, the 𝑖th employed bee exchanges information with the 𝑘th employed bee in the 𝑗th element. Here,
𝑗 is a randomly selected integer from 1 to 𝐷. Similarly, 𝑘 is
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a randomly selected integer from 1 to 𝑆𝑁 while it satisfies the
condition that 𝑘 ≠
𝑖.
After such crossover and mutation process for the
employed bees, the greedy selection strategy will be implemented. If X𝑖∗ is better (i.e., its corresponding objective
function value is lower), the previous position X𝑖 is discarded;
otherwise, the employed bee remains at X𝑖 .
Afterwards, an index named 𝑃 is calculated as the qualification reflection for each of the employed bees according
to

𝑃𝑖 =

fitness (𝑖)
∑𝑆𝑁
𝑗=1

fitness (𝑗)

,
(6)

Here, obj(𝑖) denotes the objective function value of the
position that the 𝑖th employed bee currently stays in.
Each of the onlooker bees needs an employed bee to
follow. In this case, if 𝑃1 ≥ rand(0, 1), the 1st employed bee
is chosen for the specific onlooker bee; otherwise, a similar
comparison between 𝑃2 and rand(0, 1) will be carried on. If
all the 𝑃𝑖 are smaller than rand(0, 1), such process goes over
again until one employed bee is selected. In this way, 𝑆𝑁
onlooker bees determine the corresponding employed bees to
follow. In this sense, to follow means to search around locally
using
𝑗

𝑗

𝑗

𝑗

𝑌∗ 0 ← 𝑋0 + rand (−1, 1) ⋅ (𝑋𝑘 − 𝑋0 ) .

(7)

In this equation, the 𝑘th employed bee and the 𝑗th
element are still randomly chosen. Again, the greedy selection
strategy is implemented. If the position searched by the
onlooker bee is more qualified than the position by the
employed bee (i.e., if obj(Y∗0 ) < obj(X0 )), the employed bee
directly moves to the better place.
During the iteration, once an employed bee searches
globally but finds no better position, or once an onlooker
bee exploits around an employed bee without finding a
better position, the invalid trail time 𝑡𝑟𝑖𝑎𝑙 adds one. On
the other hand, when any better position can be found for
the 𝑖th employed bee, the corresponding 𝑡𝑟𝑖𝑎𝑙(𝑖) is set to
zero instantly. At the end of each iteration, it is necessary
to check whether any 𝑡𝑟𝑖𝑎𝑙(𝑖) exceeds a certain threshold
named Limit. If 𝑡𝑟𝑎𝑖𝑙(𝑖) > Limit, the 𝑖th employed bee will
be directly replaced by a scout bee. A scout bee simply refers
to a randomly initialized position in the food source using
(4).
3.2. Principle of I-ABC Algorithm. I-ABC algorithm was
proposed by Li et al. in 2012 [32]. It differs from the

𝑗

𝑗

𝑗

𝑋∗ 𝑖 ← 𝑋𝑖 ⋅ 𝜙 (𝑖) + (𝑋𝑘 − 𝑋𝑖 ) ⋅ rand (−1, 1)
𝑗

⋅ 𝜙 (𝑖) + (global𝑗 − 𝑋𝑖 ) ⋅ rand (0, 1) ,
𝑗

𝑗

𝑗

(8)

𝑗

𝑌∗ 0 ← 𝑋0 ⋅ 𝜙 (𝑖) + (𝑋𝑘 − 𝑋0 ) ⋅ rand (−1, 1)
𝑗

⋅ 𝜙 (𝑖) + (global𝑗 − 𝑋0 ) ⋅ rand (0, 1) ⋅ 𝜙 (𝑖) ,
𝜙 (𝑖) =

1
{
if obj (𝑖) ≥ 0
fitness (𝑖) = { 1 + obj (𝑖)
{1 + abs (obj (𝑖)) if obj (𝑖) < 0.

𝑗

conventional ABC merely in the crossover and mutation
equations. Consider

1
iter

1 + exp ((−fitness(𝑖)/𝑎𝑝) )
𝑎𝑝 ≡ fitness(1)|iter≡1 .

,

(9)

(10)
(11)

Equation (8) is designed for global exploration and
replaces (5) as in the conventional ABC. Similarly, (9) replaces
(7) for the exploitation process. In (10) and (11), global𝑗
denotes the 𝑗th element of the best position ever emerged
in the cycles of iteration. It is notable that, as in (11), 𝑎𝑝 is
randomly determined by the initialization conditions in the
first iteration and is usually a relatively small positive number.
3.3. Principle of IF-ABC Algorithm. IF-ABC algorithm
mainly differs from the conventional ABC algorithm in the
utilization of 𝑡𝑟𝑖𝑎𝑙 as the internal feedback information and
in the abandonment of the roulette selection strategy [21].
Before the iteration process, as many as 𝑆𝑁 employed bees
are randomly sent out to explore in the nectar source space.
Particularly, the process to initialize the 𝑗th element of the
𝑖th solution X𝑖 is described in (4). Afterwards, the iteration
process starts.
In each cycle of iteration, an employed bee executes
a crossover and mutation procedure to share information
with its one (randomly selected) companion. This procedure
is expressed in (5). Then, the greedy selection strategy is
𝑗
implemented so as to select the better position between 𝑋∗ 𝑖
𝑗
and 𝑋𝑖 (i.e., to select the one with a relatively higher objective
function value). Different from that in the conventional ABC
algorithm, the number of elements involved in such crossover
and mutation procedure is considered flexible. In other
words, (5) should implement on each of the employed bees
for 𝑡𝑟𝑖𝑎𝑙(𝑖) times, where 𝑡𝑟𝑖𝑎𝑙(𝑖) ∈ [1, 𝐷] and will be discussed
later. Then the searching procedure by the employed bees in
this current cycle is completed, which is usually regarded as
the global exploration procedure.
Afterwards, onlooker bees take over the searching process. In the IF-ABC algorithm, each of the employed bees is
given a chance to be followed by an onlooker regardless they
are “qualified” or not, pursuing to bring about more chances
(i.e., more dynamics and diversity) for evolution and to fight
against premature convergence. However, qualifications of
the employed bees should be taken into account after all. IFABC algorithm seeks a new way to evaluate the searching
performance.
Now that the roulette selection strategy is discarded in IFABC, the onlookers will directly choose their corresponding
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(1) initialize solution population using (4)
(2) set 𝑡𝑟𝑖𝑎𝑙(𝑖) = 1 (𝑖 = 1, 2, . . . , SN)
(3) for 𝑖𝑡𝑒𝑟 = 1 : MCN, do
(4) for 𝑖𝑡𝑒𝑚 = 1 : SN, do
(5)
crossover and mutate using (14) in as many as 𝑡𝑟𝑖𝑎𝑙(𝑖𝑡𝑒𝑚) randomly selected
elements for the 𝑖𝑡𝑒𝑚-th employed bee
(6)
adopt greedy selection
(7)
if better position is found for the 𝑖𝑡𝑒𝑚-th employed bee, then
(8)
𝑡𝑟𝑖𝑎𝑙(𝑖𝑡𝑒𝑚) ← 1
(9)
else
(10)
𝑡𝑟𝑖𝑎𝑙(𝑖𝑡𝑒𝑚) ← 𝑡𝑟𝑖𝑎𝑙(𝑖𝑡𝑒𝑚) + 1
(11)
end if
(12) end for
(13) calculate each 𝑃𝑖 using (6)
(14) set 𝑖𝑡𝑒𝑚 = 1
(15) while 𝑖𝑡𝑒𝑚 ≤ SN, do
(16)
crossover and mutate using (16) in one randomly selected element for the 𝑖𝑡𝑒𝑚-th onlooker bee
(17)
adopt greedy selection
(18)
if better position is found, then
(19)
𝑡𝑟𝑖𝑎𝑙(𝑖𝑡𝑒𝑚) ← 1
(20)
else
(21)
𝑡𝑟𝑖𝑎𝑙(𝑖𝑡𝑒𝑚) ← 𝑡𝑟𝑖𝑎𝑙(𝑖𝑡𝑒𝑚) + 1
(22)
end if
(23) 𝑖𝑡𝑒𝑚 ← 𝑖𝑡𝑒𝑚 + 1
(24) end while
(25) if 𝑡𝑟𝑖𝑎𝑙(𝑖) > 𝐷, 𝑖 ∈ Ω, then
(26)
set 𝑡𝑟𝑖𝑎𝑙(𝑖) = 𝐷, ∀𝑖 ∈ Ω
(27) end if
(28) if mean(𝑡𝑟𝑖𝑎𝑙) ≥ 0.9 ⋅ 𝐷, then
(29)
re-initialize randomly selected 90% employed bees using (4)
(30) end if
(31) memorize current best solution
(32) end for
(33) output global optimum

Pseudocode 1

employed bees to search locally using (12). Here, the companion X𝑘 and the element item 𝑗 (involved in the crossover and
mutation procedure) are still randomly selected. Afterwards,
the greedy selection strategy is applied on the onlookers to
𝑗
𝑗
choose between 𝑋∗ 𝑖 and 𝑋𝑖 . Consider
𝑗

𝑗

𝑗

𝑗

𝑋∗ 𝑖 ← 𝑋𝑖 + 𝛾 (𝑖) ⋅ rand (−1, 1) ⋅ (𝑋𝑘 − 𝑋𝑖 ) ,

(12)

where
𝛾 (𝑖) = exp {− [𝑡𝑟𝑖𝑎𝑙 (𝑖) − 1] ⋅ (

ln 10
)} .
𝐷−1

(13)

For each of the employed bees together with the corresponding onlookers, the parameter 𝑡𝑟𝑖𝑎𝑙 represents the
number of inefficient searching times before even one better
position is derived. If the 𝑖th employed bee or the 𝑖th onlooker
bee finds a better position, 𝑡𝑟𝑖𝑎𝑙(𝑖) is directly reset to 1 (but
not 0 here); otherwise, it is added by 1. If 𝑡𝑟𝑖𝑎𝑙(𝑖) is larger
than 𝐷, the current 𝑖th position X𝑖 should be replaced by a
reinitialized position using (4).

Since 1 ≤ 𝑡𝑟𝑖𝑎𝑙(𝑖) ≤ 𝐷, it is expected that as many
as 𝑡𝑟𝑖𝑎𝑙(𝑖) elements in a candidate feasible solution will be
affected by the exploration process. But when it comes to
onlooker bees, only one element is involved because here we
believe that multicrossover process contributes little to local
search ability [33]. Note that a convergence factor 𝛾 appears
in (12), which is designed to manipulate the exploitation
accuracy according to the current convergence status of the
𝑖th pair of employed bee and onlooker bee. As shown in
(13), 𝛾(𝑖) decreases exponentially to 0.1 as 𝑡𝑟𝑖𝑎𝑙(𝑖) gradually
approaches 𝐷. Here, 0.1 is a user-specified lower boundary
of convergence scale, but the selection of such constant
can be flexible according to the users. In this sense, the
exploitation around one certain employed bee should be
gradually intensified before this pair of bees is eventually
discarded and replaced by means of reinitialization (when
𝑡𝑟𝑖𝑎𝑙 equals 𝐷).
To briefly conclude, the variable 𝑡𝑟𝑖𝑎𝑙 in IF-ABC is
utilized to manipulate the local exploitation accuracy and
to guide the crossover and mutation process in global
exploration. Here, convergence performances of the bees are
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measured not by the corresponding objective function values
but by the facts whether they are better than the previous
one. In this sense, such change intends for the exploitation
of positions where unqualified employed bees stay in.
3.4. Principle of BE-ABC Algorithm. BE-ABC algorithm
mainly differs from IF-ABC algorithm in two aspects. One
is the utilization of the parameter 𝑡𝑟𝑖𝑎𝑙(𝑖) to manipulate the
exploration/exploitation accuracy and the other is a new
strategy for the generation of scout bees [39].
Regarding the exploration procedure, a convergence
factor is added in the crossover and mutation equation to
manipulate the exploration accuracy. Besides, the number of
elements involved in the crossover and mutation process is
designed to be adaptable.
In detail, the 𝑗th element of the 𝑖th employed bee changes
𝑗
to be 𝑋∗ 𝑖 as defined in the following:
𝑗

𝑗

𝑗

𝑗
𝑋∗ 𝑖 ← 𝑋𝑚
+ rand (0, 1) ⋅ (𝑋𝑘 − 𝑋𝑖 ) ⋅ 𝜇 (𝑖) ,

𝜇 (𝑖) =

𝑡𝑟𝑖𝑎𝑙 (𝑖)
,
𝑡𝑟𝑖𝑎𝑙 (𝑖) + 𝑡𝑟𝑖𝑎𝑙 (𝑘)

(14)
(15)

where 𝑗 ∈ [1, 𝐷], for all 𝑚, 𝑘 ∈ [1, 𝑆𝑁], 𝑡𝑟𝑖𝑎𝑙(𝑖) ∈ [1, 𝐷], and
𝑖 ≠
𝑘.
𝑖 is not necessarily equal to 𝑘 as shown in (14). Here,
such modification intends to provide more dynamics for the
global exploration. In addition, it is also notable that the lower
boundary of 𝑡𝑟𝑖𝑎𝑙(𝑖) is 1 (like that in IF-ABC). Then 𝜇(𝑖) ∈
[1/(𝐷 + 1), 𝐷/(𝐷 + 1)] ⊆ (0, 1) is regarded as a manipulator
for the exploration, which reflects the convergence efficiency
of the 𝑖th employed bee. Besides, the upper boundary of each
𝑡𝑟𝑖𝑎𝑙(𝑖) is set to 𝐷; then it is required that as many as 𝑡𝑟𝑖𝑎𝑙(𝑖)
out of the 𝐷 elements will be involved in such crossover
and mutation procedure for the 𝑖th employed bee. Such idea
may be intuitively interpreted as follows: a relatively large
𝑡𝑟𝑖𝑎𝑙(𝑖) corresponds to a relatively inefficient 𝑖th employed
bee. Therefore, by changing more elements at one time, the
𝑖th employed bee gradually becomes distrustful of its current
position. It is similar regarding the definition of 𝜇(𝑖). If
𝑡𝑟𝑖𝑎𝑙(𝑖) is small, 𝜇(𝑖) will be relatively small (when 𝑡𝑟𝑖𝑎𝑙(𝑘)
is temporarily fixed). In this sense, the exploration process
is more likely to be an exploitation process. In this work,
it is believed that there should not be an explicit difference
between the exploration and exploitation procedures. In
other words, when the exploration/exploitation ability needs
to be enhanced, the searching system should be capable
of adaptively catering for such demands. In this sense, the
proposed BE-ABC algorithm aims to effectively capture a
balance between the exploration and the exploitation, so as
to make the evolution efficient.
After such crossover and mutation process for the
employed bees, the greedy selection strategy will be implemented. If X𝑖∗ (defined in (14)) is more qualified, the previous
position X𝑖 is discarded and 𝑡𝑟𝑖𝑎𝑙(𝑖) is set to 1; otherwise, the
employed bee remains at X𝑖 .
Regarding the onlooker bees, only one element in the
solutions will be changed at one time using (16) so as

Table 1: Information of threat installations in combat field.
Case number Threat center location Threat radius Threat grade
[52, 52]
10
2
[32, 40]
10
10
[12, 48]
8
1
[36, 26]
12
2
1
[80, 60]
9
3
[63, 56]
7
5
[50, 42]
10
2
[30, 70]
10
4
[0, 200]
90
7
[200, 0]
90
7
[50, 50]
20
5
[95, 95]
20
5
2
[150, 150]
20
5
[95, 50]
20
6
[50, 95]
20
5
[140, 105]
20
6
[105, 140]
20
5
[30, 20]
10
5
[50, 15]
21
5
[65, 55]
10
5
[0, 24]
17
5
3
[50, 80]
27
5
[75, 90]
10
5
[100, 70]
20
5
[50, 36]
11
5

to guarantee that such procedure is sufficiently “local” as
follows:
𝑗

𝑗

𝑗

𝑗

𝑌∗ 0 ← 𝑋0 + rand (−1, 1) ⋅ (𝑋𝑘 − 𝑋0 ) ⋅ 𝜇 (𝑖) .

(16)

Similarly, it is assumed that the local exploitation needs to be
intensified (by using 𝜇(𝑖)) when 𝑡𝑟𝑖𝑎𝑙(𝑖) is large. Afterwards,
the greedy selection is implemented. If Y∗𝑖 is more qualified,
the previous position X𝑖 is discarded and 𝑡𝑟𝑖𝑎𝑙(𝑖) is set to 1;
otherwise, 𝑡𝑟𝑖𝑎𝑙(𝑖) adds one.
In each cycle of iteration, after the exploration and the
exploitation procedures, any 𝑡𝑟𝑖𝑎𝑙(𝑖) that exceeds 𝐷 will
be reset to 𝐷 (rather than generating scout bees in the
conventional ABC). Before it proceeds to the next cycle, the
average value of 𝑡𝑟𝑖𝑎𝑙 (i.e., (1/𝑆𝑁) ∑𝑆𝑁
𝑖=1 𝑡𝑟𝑖𝑎𝑙(𝑖)) is compared
with 90% ⋅ 𝐷. If 90% ⋅ 𝐷 is smaller, which indicates that
the overall iteration system is not functioning efficiently, the
overall degradation procedure will be carried out. If not, it
directly proceeds to the next cycle of iteration. Here, 90%
is a user-specified parameter to determine the degree of the
inefficient evolution.
In detail, 90% ⋅ 𝑆𝑁 randomly selected employed bees
will be reinitialized using (4) in such overall degradation
procedure. At the same time, the corresponding 𝑡𝑟𝑖𝑎𝑙(⋅) will
be reset to 1 as well. This idea is named overall degradation
strategy in contrast with the conventional rule for scout bees
in ABC.
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Figure 5: Comparative convergence curves of ABC, I-ABC, IFABC, and BE-ABC in Case 1 (𝐷 = 20 and MCN = 500).
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Figure 3: Comparative path planning results optimized by different
ABC relevant algorithms in Case 1 (𝐷 = 20).
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Figure 6: Comparative convergence curves of ABC, I-ABC, IFABC, and BE-ABC in Case 1 (𝐷 = 50 and MCN = 500).
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Figure 4: Comparative path planning results optimized by different
ABC relevant algorithms in Case 1 (𝐷 = 50).

The pseudocode of BE-ABC for numerical optimization
is given in Pseudocode 1.

4. Experimental Results and Discussions
In order to investigate the efficiency and robustness of these
ABC relevant algorithms, three simulation cases have been

investigated. All the contrast experiments involved in this
section were implemented with MATLAB R2010a and each
kind of experiment was repeated 50 times with different
random seeds. It is constantly set that 𝜆 = 0.5, 𝑆𝑁 = 30, and
Limit = 30.
In the first case, the starting point is set to (11, 11) and
the terminal point is set to (75, 75) [12]. In the second and
third cases, the starting points are both (0, 0) and the terminal
points are (200, 200) and (100, 100), respectively. The threat
locations and threat grades for the three cases are listed in
Table 1. Some typical simulation results are demonstrated in
Figures 3, 4, 5, 6, 7, 8, 9, and 10. In detail, Figures 3 and
4 show the comparative simulation results when 𝐷 = 20
and 𝐷 = 50, respectively, for Case 1. The corresponding
convergence curves are shown in Figures 5 and 6. Similarly,
paths optimized by different algorithms in Cases 2 and 3 are
shown in Figures 7 and 9, respectively, when 𝐷 = 30. Their
corresponding convergence curves are plotted in Figures 8
and 10. Complete evaluations of convergence performances
(i.e., the mean and the standard deviation of the threat cost
function values) are listed in Table 2.
Regarding the paths plotted in Figures 3, 4, 7, and 9, the
trajectories optimized by BE-ABC are usually more smooth
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Figure 7: Comparative path planning results optimized by different
ABC relevant algorithms in Case 2 (𝐷 = 30 and MCN = 1000).

80

60

100

120

x coordinate
Path optimized by ABC
Path optimized by BE-ABC
Path optimized by I-ABC

Path optimized by IF-ABC
Terminal point
Starting point

Figure 9: Comparative path planning results optimized by different
ABC relevant algorithms in Case 3 (𝐷 = 30 and MCN = 1000).

240
230
220
210
200
190
180
170
160
150

0

100

200

ABC
BE-ABC

300

400

500 600
Iteration

700

800

900 1000

I-ABC
IF-ABC

Figure 8: Comparative convergence curves of ABC, I-ABC, IFABC, and BE-ABC in Case 2 (𝐷 = 30 and MCN = 1000).

and advantageous. Specifically, as shown in Figure 7, the path
optimized by the conventional ABC happened to be a local
optimal solution.
Viewing the results in Table 2 and the comparative curves
in Figures 5, 6, 8, and 10, we may notice that the superiority of
BE-ABC gradually show up when the dimension 𝐷 increases.
The situation is similar but not so significant regarding IFABC. It is because the roulette selection strategy is discarded
in IF-ABC, abandoning the feedback information hiding in
the objective function values. In a way, IF-ABC sacrifices part
of its ability to converge fast for the competence to converge
globally [33]. In contrast, improvements made in BE-ABC are
relatively moderate and mild, which may account for its good
convergence performance.

Mean of best cost function value

Mean of best cost function value
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Figure 10: Comparative convergence curves of ABC, I-ABC, IFABC, and BE-ABC in Case 3 (𝐷 = 30 and MCN = 1000).

In the meantime, in some early cycles of iteration, the
convergence speed of BE-ABC tends to be roughly the same
with that of the conventional ABC. Such phenomenon may
be due to the fact that, during the early cycles of iteration, it is
relatively easy to evolve for each of the employed bees; that is,
𝑡𝑟𝑖𝑎𝑙(𝑖) are not large in general. Therefore, BE-ABC is similar
with the conventional ABC in the convergence performance.
However, as the iteration process continues, the efficiency of
ABC will be impacted by the obstacles of local optimums. At
the same time, the modifications in BE-ABC algorithm make
sense.
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Table 2: The mean and standard deviations of cost function values.

Case number

1

2

3

MCN

𝐷

500
500
500
1000
1000
1000
1000
1000
1000

20
30
50
20
30
50
20
30
50

ABC
Mean
49.8813
52.9887
59.9722
161.7459
154.9276
157.2044
73.5090
73.9346
78.8720

S.D.
0.5976
1.4259
2.9133
2.5523
2.5123
3.6031
0.2486
1.0134
3.1422

I-ABC
Mean
S.D.
54.3889
3.6656
60.4591
3.2883
80.1747
7.7575
171.6983
2.1826
185.7927
3.7547
164.9908
2.8118
73.7209
0.4729
74.8452
0.8904
81.8885
2.7718

IF-ABC
Mean
S.D.
49.7975
0.6393
51.9396
1.3434
59.9569
2.2149
160.1839
0.9241
153.5837
0.4925
157.8147
1.9058
73.0254
0.1079
73.6928
0.4083
77.4828
2.0989

BE-ABC
Mean
S.D.
48.9558
0.5957
50.4567
0.6726
54.9826
2.2310
160.0276
1.5195
153.4103
0.5549
153.5245
1.0479
72.8889
0.1403
70.0789
0.4634
75.8906
1.3950

Those bold values denote the best solutions (mean or S.D.) among four algorithms in every single case.

5. Conclusion
In this paper, BE-ABC algorithm is applied for the UCAV
path planning optimization problem. Simulation results
clearly indicate that BE-ABC shows more stability and efficiency in this two-dimensional flight path planning optimization scheme than ABC, I-ABC, and IF-ABC.
BE-ABC algorithm intends to fully utilize the convergence status within the iteration system so as to manipulate
the searching accuracy and also to strike a balance between
the local exploitation with global exploration. Previous studies concerning the improvements of ABC always focused on
the remedies from the outside world, neglecting the true
convergence status hiding in the internal iteration process.
In this sense, this work can be regarded as publicity for such
idea. Our future work will cover some further comparisons
with more state-of-the-art intelligent algorithms.
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Multiclass text classification (MTC) is a challenging issue and the corresponding MTC algorithms can be used in many applications.
The space-time overhead of the algorithms must be concerned about the era of big data. Through the investigation of the token
frequency distribution in a Chinese web document collection, this paper reexamines the power law and proposes a simplerandom-sampling-based MTC (SRSMTC) algorithm. Supported by a token level memory to store labeled documents, the SRSMTC
algorithm uses a text retrieval approach to solve text classification problems. The experimental results on the TanCorp data set show
that SRSMTC algorithm can achieve the state-of-the-art performance at greatly reduced space-time requirements.

1. Introduction
Multiclass text classification (MTC), a supervised learning
task of classifying text documents with predefined multiple
categories, has been widely investigated since the early days
of artificial intelligence [1]. In the current era of big data
[2], people pay more attention to the space-time overhead
of MTC algorithms to guarantee good effectiveness. Token
frequency is a very effective feature in MTC algorithms. If we
only use token frequency features in a closed text collections,
the feature with one occurrence will never be used, we can
easily remove these useless long tail features for lower spacetime costs. But in an actual situation, we meet a puzzle of open
feature space. The power law of word frequency in a set of
text documents was discovered for a long time [3], which may
bring an opportunity to propose a novel MTC algorithm.
In this paper, we reexamine the power law of token frequency in a Chinese web document collection. According to
the investigation of potential useless features in the closed text
collections, we propose a simple-random-sampling-based
MTC (SRSMTC) algorithm. The SRSMTC algorithm makes
use of a token level memory to store the labeled documents
and only uses relative frequency features among tokens.

Labelled text documents trigger a memory-based learning,
which uses a simple random sampling (SRS) method to
reduce the space complexity. Unlabeled text documents
trigger a memory-based predicting, which uses an ensemble
Bayesian method to reduce the time complexity.
The rest of this paper is organized as follows. In Section 2,
we describe some related works. In Section 3, we investigate
the power law of token frequency and analyze the potential
uselessness rate. In Section 4, we propose the SRSMTC
algorithm, in which we use an index data structure to store
token level labeled examples. In Section 5, the experiment
and result are described. At last, in Section 6, the conclusion
and further work are given.

2. Related Work
Recently web document classifying is normally defined as
a batch MTC problem, which can be simulated as a 12category web document classifying task [4]. Many batch
MTC algorithms have been introduced to deal with the web
document classifying. For instance, (1) the k-nearest neighbor
(kNN) TC algorithm [5] decides a document according to
the k nearest neighbor document categories; (2) the centroid

2

3. Reexamination of Power Law
It has been found that the frequency distribution of words
follows the power law within most text documents. In order
to validate that the power law also exists in Chinese web
documents, we calculate the number of each token in the
documents.
3.1. Corpus. The Chinese web documents corpus is the TanCorp (http://www.searchforum.org.cn/tansongbo/corpus.
htm) collection, which contains a total of 14,150 documents
and is organized in two hierarchies. The first hierarchy
contains 12 big categories and the second hierarchy consists
of 60 small classes. This corpus can serve as three TC
datasets: one hierarchical dataset (TanCorpHier) and two flat
datasets (TanCorp-12 and TanCorp-60). In this paper, we use
TanCorp-12.
3.2. Token Frequency Distribution. According to the widely
used vector space model (VSM), a text document is normally
represented as a feature vector, and each feature is a text
token. Previous research has shown that overlapping wordlevel k-grams token model can achieve promising results [10].
But different languages have different appropriate k values,
and these different representational granularities determine
the total number of text features. Here, we consider four
overlapping word-level k-grams token models (1-grams, 2grams, 3-grams, and 4-grams) to represent tokens.
We calculate the number of each token occurrence in the
TanCorp collection. Figure 1 shows the token frequency as
the function of the token’s rank with the word-level 2-grams
token model. The trendline shows a power law distribution.

16
14
Frequency (log scale)

TC algorithm [6] is based on the assumption that a given
document should be assigned a particular category if the
similarity of this document to the centroid of its true category
is the largest; and (3) the winnow algorithm [7] uses a
multiplicative weight-update scheme that allows it to perform
much better when many dimensions are irrelevant. Except
the above algorithms, the structured feature of documents
and the token frequency distribution feature of documents
are both crucial to the classification performance. Previous
research shows that the structured feature of documents
supports the divide-and-conquer strategy and can be used to
improve the classification performance [8]. Previous research
also shows that the token frequency distribution follows the
power law [9], which is a prevalent random phenomenon in
many text documents.
The previous algorithms pursue the high classification
accuracy and the high overall performance of supervised
learning, without more claiming the low space-time complexity. However, the algorithm is space-time-cost-sensitive
for many real-world big data applications. Especially, it is
unreasonable to require an industrial MTC algorithm with
a time-consuming training or updating, such a requirement
defeats previous complex statistical algorithms and motivates
us to explore a space-time-efficient MTC algorithm.
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Figure 1: Token frequency as the function of the token’s rank with
the word-level 2-grams token model in the TanCorp collection.

Table 1: Trendline (𝑦 = a𝑥 + b) coefficients in TanCorp collection.
a
b

1-grams
−1.766
20.129

2-grams
−0.849
12.022

3-grams
−0.460
6.879

4-grams
−0.280
4.242

The statistical results show that not only the 2-grams
token frequency distribution in the TanCorp collection follows the power law, but the others k-grams token frequency
distribution also follows the power law. Table 1 shows the
detailed trendline coefficients a and b.
The above reexamination shows that the token frequency
distribution follows the power law in the Chinese web
documents. The ubiquitous power law indicates that the
weightiness of each token feature is not equivalent, which
suggests a feature selection method to remove those useless
features for lower space-time costs.
3.3. Potential Useless Feature. In statistical MTC algorithms,
the text feature selection is a widely used method against
the high dimensional problem and has a crucial influence
on the classification performance. The iteration, the crossvalidation, and the multipass scans are all effective methods
to the text feature selection. But these methods bring the high
space-time complexity. If we can detect and remove those
useless features, we will save more time and space. However,
what is the useless feature and how to find it?
In a whole text documents set, a token feature with
a less frequency (≤2) is a potential useless feature. As an
extreme instance, if a token feature occurs only once in a
closed training set, it is useless because it will never be used
in the training set. So the useful features will not decrease
after removing the useless features. We further define the
uselessness rate 𝑅𝑢 as the ratio of the number of token features
with less frequency to the total number of token features.
Here, we only consider the word-level 2-grams token in the
TanCorp collection. Table 2 shows the feature number and
related uselessness rate in the collection.
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Table 2: Feature number and uselessness rate in TanCorp collection.
Feature number (num)
𝑁(1)
𝑁(2)
𝑁(∗)
1,316,422
325,834
2,087,815

𝑅𝑢 (≤1)
63

𝑅𝑢 (%)
𝑅𝑢 (≤2)
79

DF(C1 ) DF(C2 )
KeyT Tj

The 𝑁(1) and 𝑁(2) separately denote the number of token
features which only occurs once and twice in the documents
set. The 𝑁(∗) denotes the total number of token features.
The 𝑅𝑢 (≤1) and 𝑅𝑢 (≤2) are defined as (1) and (2) separately.
Consider the following:
𝑁 (1)
,
𝑁 (∗)

(1)

𝑁 (1) + 𝑁 (2)
.
𝑁 (∗)

(2)

𝑅𝑢 (≤1) =
𝑅𝑢 (≤2) =

Table 2 shows that the uselessness rate is between 63% and
79% in the TanCorp collection. If we can get the whole text
documents before predicting, we will easily find these useless
token features and cut this long tail. However, the actual
application faces an open text space problem, and we cannot
foreknow a token feature’s occurrence in the open testing.
Though an open text space makes it impossible to find these
a posteriori useless token features, the higher uselessness
rate indicates that there are lots of useless token features.
Supported by the a priori and ubiquitous power law, this
paper proposes a SRS method to remove these useless token
features at the time of training. The range of uselessness rate
indicates the theoretical tolerant range of training feature loss
rate.
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Figure 2: Token level memory.

index is a key-value pair ⟨key𝐶, value⟩, where each key 𝐶𝑖
denotes the 𝑖th category and each value DF(𝐶𝑖 ) denotes the
total number of documents with 𝐶𝑖 category labels. The hash
function hashDF (𝐶𝑖 ) maps the category 𝐶𝑖 to the address of
the DF(𝐶𝑖 ). The table entry of the TF index is also a key-value
pair ⟨key𝑇 , value⟩, where each key 𝑇𝑗 denotes a token and
each value consists of 𝑛 integers. The integer TF𝑖 (𝑇𝑗 ) denotes
the occurrence times of the token 𝑇𝑗 in labeled 𝐶𝑖 category
documents. The hash function hashTF (𝑇𝑗 ) maps the token 𝑇𝑗
to the address of the 𝑛 integers.
The TLM stores labeled tokens, the tiny granularity
labeled examples, while other memory-based algorithms,
such as kNN [12], store document-level labeled examples. On
the one hand, this index structure has a native compressible
property of raw texts. Each updating or retrieving of index has
a constant time complexity. On the other hand, the power law
distribution can help us to remove lots of long tail tokens.

4. SRS-Based MTC Algorithm
Previous VSM representation faces an open text feature
space and cannot foreknow the vector space dimension. This
section presents a data structure of token level memory
(TLM), based on which the SRSMTC algorithm smoothes the
open text space problem and is space-time-efficient owing to
the TLM data structure.
4.1. Token Level Memory. In this paper, the object categories
of the MTC problem are represented as a set in the form
(C = {𝐶𝑖 }, 𝑖 = 1, 2, . . . , 𝑛), and a document D is represented
as a sequence of tokens in the form (D = 𝑇1 𝑇2 . . . 𝑇𝑗 . . .).
Here, we use the overlapping word-level k-grams model to
define a token. The token frequency within training labeled
documents, the key feature of supervised machine learning,
implies rich classification information and must be stored
effectively [11]. The TLM is a data structure to store the
token frequency information of labeled documents, from
which we can conveniently calculate the Bayesian conditional
probability P(𝐶𝑖 | 𝑇𝑗 ) for the object category 𝐶𝑖 and the token
𝑇𝑗 . We straightforwardly combine the Bayesian conditional
probabilities of tokens and choose the category of the biggest
probability as the document’s final category prediction.
Figure 2 shows the TLM structure, including two indexes
organized as two hash tables. The table entry of the DF

4.2. Pseudocode of SRSMTC Algorithm. Supported by the
TLM, the SRSMTC algorithm takes the supervised training
process as an updating process of indexes and also takes the
predicting process as a retrieving process of indexes.
According to the power law, we add a SRS into the
supervised training process. The SRS idea is based on the
assumption that some tokens selected randomly according to
equiprobability trend to be higher frequency tokens. If only
the relative frequency features are concerned among tokens,
we can use partial tokens of a labeled document to update
the TLM after SRS. As a result, lots of long tail tokens will be
removed, and the relative frequency will not change among
tokens. We define the SRS rate 𝑅srs as the ratio of the number
of tokens added into the TLM to the total number of tokens of
each labeled document, which is a real number (𝑅srs ∈ [0, 1]).
Figure 3 shows the SRS sketch. The horizontal-axis (xaxis) indicates the token’s rank, and the vertical-axis (y-axis)
indicates the token frequency. If the SRS rate is one, all
the tokens of a labeled document will be added into the
TLM at the training time. While if the SRS rate is less than
one, there will be some tokens absent in the TLM. Along
the updating, these above two cases will form two power
law curves in Figure 3, where the shadow range denotes
removed tokens. These two power law curves also indicate
that the SRS will not change the total distribution of the

4

The Scientific World Journal

Frequency

Rsrs = 1

Rsrs < 1

0

0
Rank

Figure 3: SRS sketch.

relative frequency among tokens. Of course, if the SRS rate
approximates zero, the classification ability of the TLM will
also be damaged. However, what is the optimal SRS rate?
Theoretically, a promising SRS rate is the (𝑅srs = 1 − 𝑅𝑢 ).
But the exact 𝑅𝑢 is also not a priori value. Fortunately, the
ubiquitous power law gives an approximate heuristic, such as
the 20 | 80 rule of the 𝑅srs | 𝑅𝑢 .
Algorithm 1 gives the pseudocode of SRSMTC algorithm.
When labeled documents arrive, the training procedure only
needs to add each document’s tokens into the TLM. This
procedure firstly analyzes each document text and extracts
tokens based on an overlapping word-level k-grams model,
and then samples the tokens based on a preset SRS rate, and
finally updates the token frequency or adds a new index entry
to the TLM according to the tokens after the SRS.
The Bayesian conditional probability predicting is a
very classical method. According to each observed token
of a document, the Bayesian method can obtain an array
of probabilities, reflecting the likelihood that the classified
document belongs to each category. The ensemble method
uses arithmetical average to combine the multiarray of
probabilities predicting from all tokens to form a final
array. And then, the category of the maximal probability
in the final array is predicted as the document’s category.
When testing documents arrive, the predicting procedure
is triggered: (1) the procedure also analyzes each document
text and extracts tokens based on an overlapping wordlevel k-grams model; (2) the procedure retrieves the current
TLM and calculates each token’s probabilities array according
to the Bayesian conditional probability; (3) the procedure
assumes that each token’s contribution is equivalent to the
final probabilities array and uses the arithmetical average
method to calculate a final ensemble probabilities array; and
(4) the procedure chooses the maximal probability in the final
ensemble probabilities array and outputs each document’s
category predication.
4.3. Space-Time Complexity. The SRSMTC algorithm mainly
makes up of the training and the predicting procedures,
whose space-time complexity depends on the TLM storage
space and the loops in the two procedures.

The TLM storage space is efficient owing to two reasons:
the native compressible property of index files [13] and the
SRS-based compressible property at the time of updating.
Hash list structure, prevailingly employed in information
retrieval, has a lower compression ratio of raw texts. Though
the training documents may be large-scale, the TLM storage
space will only increase slowly. The native compressible
property of index files ensures that the TLM storage space
is theoretically proportional to the total number of tokens
and not limited to the total number of training documents.
The SRS-based compressible property of TLM is caused by
the power law of token frequency distribution and the only
requirement of relative frequency. The SRS-based feature
selection can cut the long tail useless features. The above two
compressible properties make that the labeled documents can
be space-efficiently stored.
The updating or retrieving of TLM has a constant time
complexity according to hash functions. The training procedure is lazy, requiring no retraining when a new labeled
document added. Algorithm 1 shows that the time cost per
updating is only proportional to the total number of tokens
in each document. There are no time-consuming operations.
The major time cost of the predicting procedure is related
to the number of categories. The straightforward calculating
makes that the time complexity is acceptable in actual
applications.

5. Experiment
We conduct a web document classifier (wdc) generated by
the proposed SRSMTC algorithm, run the wdc classifier on
the 12-category Chinese web document classifying task, and
compare the results of the wdc classifier as well as to that
of the kNN classifier, the centroid classifier, and the winnow
classifier. In this experiment, we use the TanCorp-12 corpus
and the classical performance measures (MicroF1, MacroF1).
The hardware environment for running experiments is a PC
with 1 GB memory and 2.80 GHz Pentium D CPU.
5.1. Implementation and Evaluation. The wdc classifier is an
implementation of the SRSMTC algorithm with 12 categories
in Chinese texts. In order to extract word-level tokens, we
implement a Chinese segmenter in the wdc classifier. In the
experiments, we do nothing about text preprocessing, such
as stemming and stop word elimination.
The web document classifying task is a 12-category
Chinese web document classifying task. We use threefold
cross-validation in the experiments by evenly splitting the
TanCorp-12 dataset into three parts and use two parts for
training and the remaining third for testing. We perform the
training-testing procedure three times and use the average
of the three performances as the final result. Here reports
MacroF1 and MicroF1 measures [14], which combine recall
and precision over the different categories. The MacroF1 and
the MicroF1 emphasize the classification performance of a
classifier on rare and common categories, respectively.

The Scientific World Journal

5

//SRSMTC: SRS-based MTC Algorithm
//the 𝑘-grams
Int 𝑘;
//the simple random sampling rate
Float 𝑟;
//the number of categories
Int 𝑛;
//the token level memory
TLM 𝑡;
//extract tokens based on overlapping word-level 𝑘-grams model
String[] Tokenizer(Document 𝑑)
//sample tokens based on the simple random sampling rate 𝑟
String[] SimpleRandomSampler(String[] 𝑇)
//compute conditional probability P(𝐶𝑖 |𝑇𝑗 ) for each category 𝐶𝑖
Float[] BayesianPredictor(String token)
(1) Float[] 𝑝:= new Float[𝑛];
(2) Loop: For Each Int 𝑖 ∈ [0, 𝑛) Do:
(2.1) 𝑝[𝑖]:= 𝑡.TF(𝐶𝑖 , token)/𝑡.DF(𝐶𝑖 );
(3) Float sum:= Sum(𝑝); //add the 𝑛 floats to a sum
(4) Loop: For Each Int 𝑖 ∈ [0, 𝑛) Do:
(4.1) 𝑝[𝑖]:= 𝑝[𝑖]/sum;
(5) Output 𝑝.
//SRSMTC.T: Training Procedure of SRSMTC
SRSMTC.T(Document[] 𝐷; Category[] 𝐶)
(1) Int 𝑚:= D.size; //get the number of training documents
(2) Loop: For Each Int 𝑖 ∈ [0, 𝑚) Do:
(2.1) Document 𝑑:= 𝐷[𝑖];
(2.2) Category 𝑐:= 𝐶[𝑖];
(2.3) String[] 𝑇:= Tokenizer(𝑑);
(2.4) String[] 𝑇srs := SimpleRandomSampler(𝑇);
(2.5) 𝑡.DF(𝑐):= 𝑡.DF(𝑐) + 1;
(2.6) Loop: For Each 𝑇𝑗 ∈ 𝑇srs Do:
(2.6.1) If 𝑡.containKey𝑇 (𝑇𝑗 ) Then: 𝑡.TF(𝑐, 𝑇𝑗 ):= 𝑡.TF(𝑐, 𝑇𝑗 ) + 1;
(2.6.2) Else:
(2.6.2.1) 𝑡.TF(𝑐, 𝑇𝑗 ):= 1;
(2.6.2.2) 𝑡.TF(∼ 𝑐, 𝑇𝑗 ):= 0; //∼ 𝑐 means all other categories
(2.6.2.3) 𝑡.putKey𝑇 (𝑇𝑗 ).
//SRSMTC.P: Predicting Procedure of SRSMTC
Category[] SRSMTC.P(Document[] D)
(1) Int 𝑚:= 𝐷.size; //get the number of testing documents
(2) Category[] 𝐶:= new Category[𝑚];
(3) Loop: For Each Int 𝑖 ∈ [0, 𝑚) Do:
(3.1) Document 𝑑:= 𝐷[𝑖 ];
(3.2) String[] 𝑇:= Tokenizer(𝑑);
(3.3) Float[] ep:= new Float[𝑛];
(3.4) Loop: For Each String 𝑇𝑗 ∈ 𝑇 Do:
(3.4.1) Float[] 𝑝:= BayesianPredictor(𝑇𝑗 );
(3.4.2) Loop: For Each Int 𝑖 ∈ [0, 𝑛) Do:
(3.4.2.1) ep[𝑖]:= ep[𝑖] + 𝑝[𝑖];
(3.5) Float sum:= Sum(ep); //add the 𝑛 floats to a sum
(3.6) Loop: For Each Int 𝑖 ∈ [0, 𝑛) Do:
(3.6.1) ep[𝑖]:= ep[𝑖]/sum;
(3.7) Int index:= Math.max(ep).getIndex;
(3.8) 𝐶[𝑖 ]:= 𝐶𝑖𝑛𝑑𝑒𝑥 ;
(4) Output C.
Algorithm 1: Pseudo-Code of SRSMTC Algorithm.
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5.2. Results and Discussions. The experiment includes two
parts, the one evaluates the effectiveness of the SRSMTC
algorithm in the batch MTC application; and the other
verifies the SRS-based compressible property of the TLM data
structure.
In the first part experiment, the wdc classifier runs on the
12-category Chinese web document classifying task and sets
its SRS rate 𝑅srs = 1. Through evenly splitting the TanCorp12 dataset, we make the threefold cross-validation. The mean
MacroF1 and the mean MicroF1 are shown in Table 3. In
Table 3, the results of other four classifiers are cited from
existing researches [4]. The results show that the wdc classifier
can complete classifying task in high MacroF1 (0.8696)
and high MicroF1 (0.9126), whose performance exceeds the
centroid’s, the kNN’s, the winnow’s, and approaches to the best
SVM classifier’s MacroF1 (0.9172) and MicroF1 (0.9483).
In the second part experiment, we also run the wdc
classifier under different SRS rate 𝑅srs from the 90% down to
the 10%. The wdc classifier repeatedly runs 30 times for each
SRS rate, and here reports the mean performance among the
30 results for each SRS rate.
The detailed SRS rate (𝑅srs ), training indexed token compressing rate (𝑅tc ), and performances are shown in Table 4.
Where the 𝑅tc is a posteriori value after the training and
is defined as the ratio of the token number in the TLM
after the training to the total number of processed tokens
during the training. On average of the 30 results, Table 4
shows that the training indexed token compressing rate
approximates a direct ratio of the SRS rate, which proves that
SRS-based token feature selection according to the theoretical
uselessness rate heuristic between 63% and 79% is effective.

6. Conclusions
This paper investigates the power law distribution and proposes a SRSMTC algorithm for the MTC problem. This
algorithm is an excellent industrial algorithm for its easy
implementation and convenient transfer to many applications. Especially, the SRSMTC algorithm can achieve the
state-of-the-art performance at greatly reduced space-time
complexity, which can satisfy the restriction of limited space
and time for many actual big data applications.
The experimental results show that the SRSMTC algorithm can obtain a comparable performance compared with
other advanced machine learning MTC algorithms in Chinese web document classifying application. Based on the
research of this paper, we can draw following conclusions.
(i) The token frequency distribution follows the power
law, which is a prevalent random phenomenon at
least in Chinese web documents. According to the
power law, we find many potential useless features and
succeed in SRS-based feature selection.
(ii) The token level memory uses an index data structure
to store labeled documents. This structure has a native
compressible property of raw texts. Each updating or
retrieving of index has a constant time complexity,
which can satisfy the space-limited and real-time
requirements.

Table 3: MacroF1 and MicroF1 results.
MacroF1
0.9172
0.8696
0.8632
0.8478
0.7587

SVM
wdc
Centroid
kNN
Winnow

MicroF1
0.9483
0.9126
0.9053
0.9035
0.8645

Table 4: Random sampling rate, token compressing rate, and performances.
𝑅srs
100
90
80
70
60
50
40
30
20
10

𝑅tc
100
93
86
79
71
63
53
43
32
19

MacroF1
0.8696
0.8715
0.8677
0.8663
0.8657
0.8653
0.8609
0.8570
0.8517
0.8345

MicroF1
0.9126
0.9136
0.9119
0.9113
0.9114
0.9103
0.9083
0.9051
0.9010
0.8921

(iii) The text retrieval approach can solve the text classification problem supported by the token level memory.
Using linear combination ensemble of Bayesian conditional probabilities predicted from token features,
the straightforward occurrence counting of token
features can obtain promising classification performance. This straightforward counting also brings
time reducing.
A web document may belong to the hierarchical category
or may have multiple category labels. Further research will
concern the multihierarchy MTC problem and the multilabel
MTC problem. According to the ubiquitous power law,
the SRSMTC algorithm is more general and can be easily
transferred to other MTC applications.
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With the rapid development of P2P technology, P2P IPTV applications have received more and more attention. And program
resource distribution is very important to P2P IPTV applications. In order to collect IPTV program resources, a distributed multiprotocol crawler is proposed. And the crawler has collected more than 13 million pieces of information of IPTV programs from
2009 to 2012. In addition, the distribution of IPTV programs is independent and incompact, resulting in chaos of program names,
which obstructs searching and organizing programs. Thus, we focus on characteristic analysis of program resources, including the
distributions of length of program names, the entropy of the character types, and hierarchy depth of programs. These analyses reveal
the disorderly naming conventions of P2P IPTV programs. The analysis results can help to purify and extract useful information
from chaotic names for better retrieval and accelerate automatic sorting of program and establishment of IPTV repository. In order
to represent popularity of programs and to predict user behavior and popularity of hot programs over a period, we also put forward
an analytical model of hot programs.

1. Introduction
Peer-to-Peer (P2P) applications take advantage of resources
such as storage, CPU cycles, content, or human presence
available at the edge of the Internet to provide a service [1].
With the development and maturity of P2P technology, P2P
applications become more and more popular in the recent
ten years, including file-sharing applications, audio-based
VOIP applications, and video-based IPTV applications [2–
5]. However, they occupy a significant proportion of Internet
traffic. According to a survey from CacheLogic [6] in June,
2004, 60% of the Internet traffic is P2P. In addition, P2P IPTV
applications, such as PPTV (former PPLive) [2], QQLive
[4] in China, become popular gradually and occupy a great
amount of P2P traffic [7].
P2P IPTV, also called P2P streaming, emerged recently as
a novel framework to deliver TV programs or live events to
a large number of viewers over the Internet. With the rapid
large-scale popularization of broadband technology, P2P
IPTV becomes the disruptive IP communication technology,
which greatly revolutionizes people’s lives and entertainment [8]. Several P2P IPTV applications have gained great

commercial success, including CoolStreaming [9], PPTV,
PPStream, and UUSee. With low price and simple operation,
P2P IPTV becomes more popular in recent years and receives
great attention from both industry and academia. It was
reported that PPTV had more than 200 million installations
and its active monthly user base (in December 2010) was
104 million. PPTV had the penetration of 43% in Chinese
Internet users [10].
There are more and more P2P IPTV applications in the
Internet now. And it is difficult to measure the applications
because they use proprietary protocols. Source codes or
official documents are scarcely published. However, the measurement of P2P IPTV applications is an important problem
for the management and development of IPTV and several
researchers have tried to address this issue. But none of them
focused on program-list and its distribution of P2P IPTV. In
this paper, we proposed a distributed multiprotocol crawler
(DMP-Crawler) for collecting program resources in P2P
IPTV networks. Moreover, we analyzed the characteristics of
these IPTV programs and presented an analytical model of
hot programs. The model can be used to infer the popular
drama IPTV users at some time.
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Figure 1: Architecture of P2P IPTV.

The remainder of this paper is structured as follows.
Section 2 presents an overview of P2P IPTV. Section 3 introduces related work of P2P IPTV measurement. Section 4
describes the principle of P2P IPTV program-list distribution, DMP-Crawler, and methodology of measurement and
analysis. Section 5 presents and discusses the results. Finally,
Section 6 concludes the paper and gives the future work.

2. Overview of P2P IPTV
2.1. P2P IPTV. Internet Protocol Television (IPTV) denotes
the transport of live streams and recorded movies or video
clips by means of advanced packet-switched Internet technologies [11]. ITU-T defined IPTV as multimedia services
such as television/video/audio/text/graphics/data delivered
over IP-based networks managed to support the required
level of QoS/QoE/, security, interactivity, and reliability [12].
Over the past decade, P2P technology has been a promising solution for the distribution of large-scale media and a
large amount of P2P IPTV systems have been developed and
widely deployed on the Internet. In this paper, we defined
P2P IPTV as a technology that enabled users to transmit
and receive multimedia services including television, video,
audio, text, and graphic through P2P overlay networks with
support for QoS/QoE, security, mobility, interactivity, and
reliability. Through P2P IPTV, users can enjoy IPTV services
anywhere. Now P2P IPTV applications are changing the way
that we watch TV and movies.
In 2000, Chu et al. proposed End System Multicast (ESM)
[13], the first P2P IPTV application, in which an overlay
tree is constructed to distribute video data and continuously
optimized to minimize end-to-end latency. Then the overlay
networks are adopted for efficient distribution of live video.
The overlay networks include Nice [14], SplitStream [15],
Scattercast [16], and Overcast [17]. Unfortunately, they were

not deployed in large scale due to their limited capabilities.
CoolStreaming was released in summer 2004 and arguably
represented the first large-scale P2P video streaming experiment [9]. Then, CoolStreaming was significantly modified
and commercially launched. With the success of CoolStreaming, many P2P IPTV applications emerged in 2005. The
known applications include PPLive, PPStream, QQLive, and
UUSee in China. From 2006, related measurements of P2P
IPTV were done by a number of academic staff, and we also
carried out the measurement work [18] in 2007.
2.2. Architecture of P2P IPTV. A typical P2P IPTV application is comprised of five components: media collection server
(MCS), media distribution server (MDS), program-list server
(PLS), tracker server (TS, also called peer-list server), and
end system (ES, also called client or peer). As illustrated in
Figure 1, the basic workflow of a P2P IPTV application is
provided as follows.
Step 1. MCS gathers video data in two ways. Firstly, for live
program, MCS gets video data from video grabber. Secondly,
for video on demand (VoD), MCS reads video file directly,
encodes video data according to some coding methods, and
uploads the data to MDS.
Step 2. When coding data of a video, MCS will generate
the related program name, program GUID (Globally Unique
Identifier), play link, category, and so forth and register the
information in PLS. At the same time, MDS will register
program GUID in TS.
Step 3. After receiving live data, MDS will distribute them
to IPTV network. After receiving VoD data, MDS will store
them firstly and distribute them when clients request them.
We have introduced the video distribution protocol in detail
in 2012 [18].
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Step 4. The local peer requests the latest program-list file
from PLS and updates it immediately after lunching the IPTV
client. The list of program consists of program name, program
GUID which is the most important identification of signal
communication among peers, program descriptions, and so
forth.
Step 5. After the local peer selects one program to watch
videos, the peer registers itself to the tracker server and sends
multiple query messages to the server to retrieve a small set
of partner peers who are watching the same program. The
information of partner peers includes IP address, TCP port,
and UDP port. Upon receiving the initial list of partner peers,
the local peer uses this seed peer list to harvest additional lists
by periodically probing active peers which maintain a list of
peers.
Step 6. After harvesting enough peers, the peer tries to connect the active ones or MDS to request video data for playback
of the appointed program and launches a local media player
(such as Windows Media Player and RealPlayer) to play the
video. To deal with the churn of peers, the local peer needs to
actively seek new peers from its existing partners to update
peer list. At the same time, it also rebroadcasts its current peer
list to its partner peers.
Our work is focused on Step 4, such as the distribution of
program-list.

3. Related Work
P2P IPTV measurement has been extensively studied. The
measuring methods can be classified into two types: passive
tracing and active tracing approach.
The passive approach is performed by deploying code
at suitable points in the network infrastructure. The passive
approach does not increase the network traffic. And it is often
used to analyze and identify P2P IPTV traffic from general
Internet traffic with the known behaviors (such as connection
ports, feature, or patterns). It is also used to capture IPTV
traces and grasp the P2P IPTV application. Du et al. [19] and
Tan et al. [20] developed a machine learning methodology
to identify PPLive and PPStreasm traffic. Agarwal et al. [21]
studied the program startup time and the quality of service in
terms of the number of consecutive lost block. Silverston and
Fourmaux [22] studied four IPTV applications and gave the
global view of the impact of P2P media streaming on the network traffic. Following the research, they presented a detailed
study of IPTV traffic, providing useful insights on transportlevel and packet-level properties as well as the behaviors of
the peers in the network [23]. With abundant traces from a
successful commercial P2P IPTV application, Wu et al. [24]
characterized interpeer bandwidth availability in large-scale
P2P streaming networks. The passive approach is potentially
transparent and scalable and allows the comparison of traffic
from multiple domains side-by-side. However, it is dependent
upon the access to core network infrastructure, which is not
always available. Thus, it is often used for flow control in
firewall or gateway devices.

3
Table 1: Metadata of a IPTV program.
Program name

110205- Happy camp

Category
Channel name
Subchannel name
IPTV application name

Variety show
Happy camp
—
PPStream
pps://n26aeygqeb6s4kbc2aqa.pps/
110205- Happy Camp.wmv
425
2011/02/05

Play-link
Number of views
Date added

In the active approach, the special crawler, like an
ordinary client, is adopted to inject test packets into P2P
IPTV network or send packets to servers and peers. Then
the crawler follows packets and measures characters of IPTV
network. Hei et al. [25] carried out the first active tracing of
a commercial P2P IPTV application, namely, PPLive. They
further developed a dedicated PPLive crawler to study the
global characteristics of PPLive system [26]. Wu et al. [27]
presented Magellan to characterize topologies of peer-to-peer
streaming networks of UUSee. Vu et al. [28] mapped the
PPLive network to study the impacts of media streaming on
P2P overlays.
Most of existing research work surveyed the P2P IPTV
network-centric metrics (such as traffic characterization,
TCP or UDP connections, and video traffic) or user-centric
metrics (such as user arrival and departure, geographic
distribution, and channel population). Our studies were
primarily focused on program-list distribution of P2P IPTV
applications because program resource distribution was very
important to P2P IPTV applications. Our work surveyed
the P2P IPTV content-centric metrics which were useful
for prediction and monitoring of programs. In this paper, a
distributed multiprotocol program crawler was proposed to
collect various kinds of information of programs. Moreover,
we also analyzed the characteristics of program resources and
put forward an analytical model of hot program.

4. Methodology of Measurement and
Characteristic Analysis
In this section, we will present the basic principle of programlist distribution in P2P IPTV applications and illustrate a
feasible and efficient architecture for crawling program-list.
4.1. Principle of Program Resource Distribution. When the
program-list is downloaded and extracted by an IPTV client,
users can select a program to watch videos. So program-list
distribution is very important in P2P IPTV applications. The
program-list includes program name, categories, play-link,
and descriptions. Play-link is the most important identification of signal communication among peers viewing the same
program. A typical example of program metadata is shown in
Table 1.
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Crawler controller

···

PPTV

PPStream

PPfilm

UUSee

QQLive

SopCast

CNTV

Others

Crawler client
Crawler
module

P2P IPTV network

···

Crawling engine

Crawler
module

Classification module

Crawler
module

Crawler client

Control interface

Crawler client

Program-list crawling module

Data storage module

Crawler client

Database

Program-list extracting module
PPTV

PPStream

PPfilm

UUSee

QQLive

SopCast

CNTV

Others

Program-list
servers

Figure 2: Architecture of DMP-Crawler.

The client-server architecture, as shown in Figure 1, is
usually used to distribute program-list file in IPTV systems.
When an IPTV client starts up, it requests program-list file
from program-list servers and updates the local information
of all the programs immediately. XML is usually used in
program-list files to organize various metadata of programs.
This is different from website-based program-list distribution
of video-sharing sites like Youku and YouTube. Program-list
of IPTV is well organized for convenient browsing.
With the rapid increase in the number of programs,
the size of program-list file becomes bigger and bigger. For
example, PPTV had about 300 thousand programs in 2011,
and the size of program-list file was more than 20 MB,
which is a heavy burden to program-list servers and leads
to bad experience to users. Some IPTV applications use
compression method to decrease the file size, while others
use multiple program-list files based on program categories.
Furthermore, some IPTV applications encrypt program-list
files to prevent hotlinking.
4.2. Architecture of DMP-Crawler. In order to obtain program information of IPTV applications, it is necessary to
summarize the principle of program-list distribution of the
most of IPTV applications and decrypt the encrypt algorithm
and XML metadata of program-list file.
Then, an efficient distributed multiprotocol crawler
(DMP-Crawler) was proposed to collect various kinds of
information of programs in popular P2P IPTV applications. {Program name, IPTV application name} was used to
uniquely identify a program. Figure 2 presents an overview
of architecture of DMP-Crawler, which is composed of one
crawler controller and a number of crawler clients.
On the basis of crawler clients’ and server’s status, the
crawler controller assigns tasks to multiple independent

crawler clients through a task scheduling algorithm. Each
crawler client periodically reports its crawling status as well
as CPU and memory consumption to crawler controller.
A crawler client mainly includes crawling engine,
program-list crawling module, program-list extracting
module, classification module, and data storage module.
According to crawling task type, the crawler client invokes
crawler engine, requests program-list file from program-list
servers, and reports crawling status to crawler controller.
When program-list file is downloaded, the crawler client
extracts metadata of programs from the file, classifies these
programs, and stores all information into database for
further analyses.
4.3. Characteristic Analysis of Program Resource. In order to
understand naming rules of IPTV programs, characteristics
of program naming were analyzed with statistical methods.
Characteristics analysis of programs included distributions of
the length of program names, the entropy of the character
types, high-frequency symbols in the names, and distributions of the hierarchy depth of program names.
Definition 1. Program Name (PN) is composed of a serial
of characters, PN = 𝑐1 𝑐2 ⋅ ⋅ ⋅ 𝑐𝑛 , Where 𝑛 is the number of
characters or length of PN and 𝑛 = len(PN). 𝑐𝑖 (𝑖 = 1, 2, . . . , 𝑛)
is a printable character in some coded character set, such as
Chinese, English, Latin, and punctuation symbol.
If len(PN) ≤ 10, the program has a short name.
If 10 < len(PN) ≤ 20, the program has a medium
name.
If 20 < len(PN) ≤ 30, the program has a long name.
If len(PN) > 30, the program has a super-long name.
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Let a random variable 𝑥 denote the character type of
program name. The set of value of 𝑥 is denoted as
CharsType = {C, E, L, G, N, S, O} ,

0.4%

0.9%

1.7%
1.9%1.8%

(1)

where C, E, L, G, N, S, and O represent Chinese, English,
Latin, Greek, Number, Symbol (includes punctuation and
special character), and unidentified character, respectively.
Character type is defined by Unicode Character Database
(UCD) [29].
Let 𝑈𝑐 denote the set of characters of program names, 𝑐𝑖 ∈
𝑈𝑐 .
With a mapping function 𝑓 : 𝑈𝑐 → CharsType,
every character of program name can be transformed to the
corresponding character type as follows:
𝑓 (PN) = 𝑥1 𝑥2 ⋅ ⋅ ⋅ 𝑥𝑛 ,

1.0%

2.1%

3.0%
3.3%
31.1%
3.5%
4.6%

8.9%

(2)

where 𝑥𝑖 ∈ CharsType, 𝑖 = 1, 2, . . . , 𝑛.
Let 𝐻(CharsType) denote the information entropy of 𝑥𝑖 ,
which is used to evaluate the chaos of program naming [30]

19.3%
16.4%

𝑉

𝐻 (CharsType) = −∑𝑝 (𝑥𝑖 ) ⋅ log2 (𝑝 (𝑥𝑖 )) ,

(3)

𝑖=1

where 𝑝(𝑥𝑖 ) is the probability of 𝑥𝑖 ; 𝑉 is the number of character type in program name. Thus, the value of 𝐻(CharsType)
is between 0 and log2 𝑉. In the calculation of entropy, let
0 ⋅ log2 0 = 0.
4.4. Analytical Model of Hot Programs

PPfilm
PPStream
PPTV
QQLive
UUSee
CNTV
Phoenix
LeTV

HaoE
Meteor
SinaTV
CCTV
SohuTV
Topway
Others

Figure 3: Distribution of various IPTV programs.

Definition 2. Hot programs are the top 100 popular programs
that have the most viewers and concern a large amount of
people.
Definition 3. Hot degree is used to describe the concerned
degree or level of hot programs by people. The influencing
factors of hot degree include the number, watching time, and
comments of viewers.
Let HD denote the hot degree of a program. In a P2P
IPTV application, it can be expressed as
HD = 𝛼 ⋅ 𝑈 + 𝛽 ⋅ 𝑇 + 𝛾 ⋅ 𝐶,
𝛼 + 𝛽 + 𝛾 = 1,

(4)

where 𝑈, 𝑇, and 𝐶 represent the number of viewers, watching
time, and the number of comments, respectively. Here the
number of viewers refers to the number of online viewers at
some point. And 𝛼, 𝛽, and 𝛾 are their weights.
For all P2P IPTV applications, (4) can be rewritten as
𝑗

𝑗

HD = ∑HD𝑖 = ∑ (𝛼 ⋅ 𝑈𝑖 + 𝛽 ⋅ 𝑇𝑖 + 𝛾 ⋅ 𝐶𝑖 ) ,
𝑖=1

𝑖=1

𝛼 + 𝛽 + 𝛾 = 1,
where 𝑗 is the number of IPTV applications.

(5)

5. Results and Discussion
5.1. Crawling Results of DMP-Crawler. DMP-Crawler consists of one crawler controller and ten crawler clients. DMPCrawler is deployed on three PC Servers with Intel E5506
CPU and 4 GB Memory in Beijing of China with 10 Mbps
Ethernet network access. DMP-Crawler ran two rounds and
collected about 900,000 programs every day. According to the
collected program names and IPTV application names, the
repeated programs were removed.
From February 2009 to July 2012, DMP-Crawler collected
13,107,766 distinct programs from 33 IPTV applications in
China, in which only 0.3% of the programs were live programs. In particular, PPfilm has no live progr am.
The numbers and ratios of programs of 33 IPTV applications are shown graphically in Figure 3. From the collected
data, we can find that the distribution of programs is highly
skewed. The most popular IPTV application is PPfilm,
accounting for about 31.1%, and the second is PPStream,
accounting for about 19.3%. These two IPTV applications
account for about one half of the entire IPTV programs.
According to the requirements of the State Administration of Radio Film and Television (SARFT), IPTV service
providers must apply for “Information Network Dissemination Audio-Visual Programs Permit” before August 2009.
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Table 2: Distribution of length of program name.

100
Number of programs (%)

90

Length
Range

80
70
60
50
40
30
20
10
0

0

3

6

9
12 15 18 21 24 27
The number of IPTV applications

30

33

PPStream PPTV QQLive UUSee PPfilm

(0, 5)
(5, 10)
(10, 15)
(15, 20)
(20, 25)
(25, 30)
(30, +∞)

5.2%
44.0%
26.7%
17.6%
5.6%
0.6%
0.2%

3.0%
16.9%
30.2%
18.5%
12.6%
7.4%
11.5%

15.8%
59.4%
17.5%
5.2%
1.6%
0.3%
0.2%

2.8%
17.9%
26.8%
46.4%
5.1%
0.8%
0.2%

8.3%
50.5%
29.7%
7.3%
1.4%
0.4%
2.5%

News

40
35

Specific shows

Music

Finance

Variety show

Sports

Documentary

0

Games

5

Animation
Film

10

Entertainment

15

Others

20

Drama

(%)

30
25

9.3%
29.9%
25.1%
23.4%
6.3%
2.5%
3.5%

Table 3: Length quartile of length of program name.

Figure 4: CDF of distribution of programs.
45

All

Category

Figure 5: Distribution of programs’ categories.

Some IPTV service providers could not acquire the permit
and stopped video service in 2010. Therefore, these IPTV
applications have only hundreds or thousands of programs.
We ranked each of the IPTV applications according to
their percentages of programs and plotted a typical Cumulative Distribution Function (CDF) of the percentages of
programs in Figure 4.
In Figure 4, 15.2% (5/33) popular IPTV applications have
80% programs and 24.2% (8/33) popular IPTV applications
have more than 90% programs. Some IPTV applications, like
SopCast and TVUPlayer, have only a small proportion of
programs, for they have no video on demand.
When programs were extracted from program-list file,
programs were classified into one of 13 categories defined
by SARFT. Percentages of all the categories are shown
graphically in Figure 5. From the figure, we can observe that
the distribution is highly skewed: the most popular category
is News, accounting for about 39%; the second is Drama,
accounting for about 21%; the third is Animation, accounting
for about 16%; and the last is Specific show, accounting for
about 0.02%.
In Figure 5, we also list category “Others.” “Others” are
programs that cannot be classified.

IPTV
Applications

𝑄1

Median

𝑄3

Interquartile
Range
(𝑄3 –𝑄1 )

PPStream
PPTV
QQLive
UUSee
PPfilm
All

8
11
6
12
7
8

11
15
7
16
9
13

15
23
10
18
13
17

7
12
4
6
6
9

5.2. Characteristic Analysis of Program Resource
5.2.1. Distribution of Length of Program Name. All of the
programs were sorted according to the length of name and
percentages of programs were calculated according to the
length interval of 5. Percentages of all the length intervals are
shown in Table 2.
In Table 2, about 40% of programs have short names;
48.5% of programs have medium names; 8.8% of programs
have long names; only 3.5% of programs have super-long
names. In the 5 popular IPTV applications, more than 30%
of PPTV programs of PPTV application have long and
superlong names. 75.2% of QQLive and 58.8% of PPfilm
programs have short names.
We also analyze quartile of name length. The results are
shown in Table 3. QQLive programs have the smallest 𝑄1
and interquartile range, and PPTV programs have the biggest
𝑄3 and interquartile range, which are in accordance with the
results in Table 2.
From Tables 2 and 3, we can infer that short and medium
names are often used in IPTV program naming, especially in
QQLive programs.
5.2.2. Character Type of Program Name. All characters in
program name were counted and mapped to corresponding
CharsType. And the character types include C, E, L, G, N, S,
and O. The number of character types is 7. Probabilities of C,
E, L, G, N, S, and O are 0.585135, 0.051970, 0.00950, 0.000029,
0.199762, 0.153493, and 0.000109, respectively. The chaos of
IPTV program naming is 1.122197 according to (3).
When collecting IPTV programs, we also put forward a
BitTorrent crawler and an eDonkey crawler to crawl program
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resources in BitTorrent and eDonkey network. The two
crawlers collected 2,329,237 BitTorrent programs and 619,810
eDonkey programs.
In Table 4, information entropy of character of IPTV programs is less than that of BitTorrent and eDonkey programs.
The chaos of IPTV program naming is small, indicating
that IPTV program naming is relatively regular. It may be
interpreted as follows: popular P2P IPTV applications are
operated commercially, while BitTorrent and eDonkey are
public platforms and the programs are uploaded by amateurs.
5.2.3. Hierarchy Depth of Program
Definition 4. Hierarchy depth of program is the times that
a program is classified according to category, channel, subchannel, and so forth. For example, hierarchy depth of the
program in Table 1 is 2.
Original intention of statistics of hierarchy depth is to
find the relationship between length and hierarchy depth.
Statistical results of hierarchy depth of all programs and
popular IPTV programs are presented in Table 5.
In Table 5, more than 50% programs’ hierarchy depth is
2 and 27.42% programs’ hierarchy depth is 3. The 2-hierarchy
is easy to show programs in IPTV client. The 3-hierarchy is
often used to display movies and drama programs. Hierarchy
depth distributions of PPTV and PPfilm are similar. And
the 2-hierarchy and 3-hierarchy programs in PPTV and
PPfilm account for more than 90%. While hierarchy depth
distribution of QQLive is quite different from that of other
applications, its 4-hierarchy programs account for 57.22%.
Thus, its programs are prone to used short name.
5.3. Analysis of Hot Programs. In the measurement of P2P
IPTV, it is difficult to measure watching time of programs
which is managed by IPTV operators. It is impossible for us
to collaborate with major IPTV operators. In addition, only
a few popular IPTV applications provide program comment
functions in IPTV client or website. Moreover, the number of
online viewers is much more than the number of comments.
Here let 𝛼 = 1, 𝛽 = 𝛾 = 0; (5) was simplified as
𝑗

𝑗

HD = ∑HD𝑖 = ∑𝑈𝑖 .
𝑖=1

(6)

𝑖=1

From (6), we can find that hot programs appear in
popular IPTV applications. Thus, we only consider the top
5 IPTV applications; then
HD = 𝑈PPStream + 𝑈PPfilm + 𝑈UUSee + 𝑈PPTV + 𝑈QQLive . (7)
For a program, PPStream and PPfilm provide the number
of its viewers, UUSee presents the ratio of its viewers, while
PPTV and QQLive only offer 6-level popularity. Thus, we
must normalize the number of viewers according to the
number of online viewers of various IPTV applications.
In June 2010, the maximum viewers of PPStream, UUSee,
PPTV, and QQLive are about 20.0, 2.0, 11.0, and 6.6 million,
respectively. The normalizing rules are as follows.

Table 4: Information entropy and probability of character type.
Probability of character type
IPTV
BitTorrent
eDonkey

Character Type
Chinese (C)
English (E)
Latin (L)
Greek (G)
Number (N)
Symbol (S)
Unidentified
character (O)
Information
entropy (H)

0.585135
0.051970
0.00950
0.000029
0.199762
0.153493

0.260022
0.345382
0.002303
0.00001
0.12577
0.264594

0.220748
0.472992
0.002324
0.000013
0.057365
0.242756

0.000109

0.00194

0.003801

1.122197

1.356355

1.231227

Table 5: Distribution of hierarchy depth of programs.
Hierarchy
Depth
1
2
3
4
5

PPStream PPTV QQLive PPfilm UUSee

All

19.12% 3.20% 15.95% 8.34% 3.25%
80.87% 44.69% 9.34% 43.35% 85.64%
0.014% 52.11% 17.50% 48.31% 11.11%
0.00% 0.004% 57.22% 0.003% 0.00%
0.00% 0.00% 0.0003% 0.00% 0.00%

14.72%
50.76%
27.42%
7.09%
0.002%

(1) 𝑈PPStream and 𝑈PPfilm can be obtained from their
program-list files.
(2) UUSee presents the ratio of viewers. 𝑈UUSee is calculated according to the ratio and the number of online
viewers. We estimate the online viewers of UUSee as
2 million.
(3) PPTV and QQLive offer 6-level popularity of programs. Every popularity level presents an interval of
the number of viewers. Popularity levels of 0, 1, 2, 3,
4, and 5, respectively, represent [0, 199], [200, 399],
[400, 599], [600, 799], [800, 999], and [1000, +∞].
If popularity level is between 0 and 4, median of
corresponding interval is used as 𝑈. If popularity level
is 5 and PPStream has not the same program, 𝑈PPTV
= 3000 and 𝑈QQLive = 1800. If popularity level is 5 and
PPStream has the same program, 𝑈PPTV and 𝑈QQLive
are calculated by
𝑈PPTV = 0.55 × 𝑈PPStream ,
𝑈QQLive = 0.33 × 𝑈PPStream .

(8)

Table 6 lists the hottest programs in one week through
analytical model of hot programs. From Table 6, we can infer
that the most popular drama IPTV was Let’s see the Meteor
Shower together in that week. Moreover, the model can be
used to predict popularity of hot programs in some time.

6. Conclusions
In this paper, we have studied the program information collection in P2P IPTV applications. We proposed a distributed
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Table 6: Hottest programs in one week.

Date

Categories

HD

Drama

116099

2010-12-23

Program names
Let’s see the Meteor Shower
together—23

2010-12-24
2010-12-25

Salt (Angelina Jolie)
100824- Kangxi

2010-12-26

Can’t Buy Me Love—02

Drama

94578

2010-12-27

Let’s see the Meteor Shower
together—24

Drama

146474

2010-12-28
2010-12-29

Triple Tap
Triple Tap

Film
Film

111477
111677

Film
66071
Variety Show 94976

multiprotocol crawler to harvest program information of P2P
IPTV applications. As far as we know, it is the first time
that the detailed crawler for IPTV programs is presented.
Characteristic analysis of programs was carried out. The
results reveal the disorderly naming conventions of P2P
IPTV program and can help to purify and extract useful
information from chaos names for better retrieval. We also
put forward an analytical model of hot programs to represent
popularity of programs and predict user behaviors and
popularity of hot programs within a period.
Distribution of IPTV programs is independent and
incompact, resulting in the chaos of program name, which
obstructs searching and organizing programs. In the next
work, we will focus on data mining of programs and establishment of IPTV repository.
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The conception of universal combinatorial coding is proposed. Relations exist more or less in many coding methods. It means
that a kind of universal coding method is objectively existent. It can be a bridge connecting many coding methods. Universal
combinatorial coding is lossless and it is based on the combinatorics theory. The combinational and exhaustive property make
it closely related with the existing code methods. Universal combinatorial coding does not depend on the probability statistic
characteristic of information source, and it has the characteristics across three coding branches. It has analyzed the relationship
between the universal combinatorial coding and the variety of coding method and has researched many applications technologies
of this coding method. In addition, the efficiency of universal combinatorial coding is analyzed theoretically. The multicharacteristic
and multiapplication of universal combinatorial coding are unique in the existing coding methods. Universal combinatorial coding
has theoretical research and practical application value.

1. Introduction
Coding theory includes three branches: source coding, channel coding, and secrecy coding [1]. The primary mission of
source coding is data compression, such as Huffman coding
[2], arithmetic coding [3, 4], and dictionary coding [5, 6].
Channel coding can improve the reliability of communication, such as error correcting code. In order to guarantee the
information security in the transmission, secrecy coding is
used. It can usually be achieved by the data encryption and
decryption.
Generally speaking, each existing coding method only
belongs to a certain branch of the three coding branches. In
fact, relations exist more or less in many coding methods. It
means that a kind of universal coding method is objectively
existent. This coding method can reflect a variety of encoding
features from different points of view and become a bridge
connecting many coding methods; thus, the deep development of coding technology can be promoted.

2. Theory of Combinatorial Coding
Universal combinatorial coding is a kind of lossless coding
method. The concept of “universal” has three meanings:

firstly, it means that the encoding method does not depend on
the probability statistic characteristic of information source;
secondly, it means that this method has multicharacteristic because of its combinatorial and exhaustive properties;
thirdly, it refers to the multiapplication.
Assume that a sequence 𝑎1 𝑎2 ⋅ ⋅ ⋅ 𝑎𝑛 with 𝑛 elements will
be coded, and it has 𝑚 different code elements; the frequency
of each element is 𝑛𝑖 . If the 𝑛 elements are arranged to
full permutation according to the benchmark sequence, a
new dictionary space which has strict permutation order of
sequence can be formed. The problem is how to compute the
position of the sequence in the space of the dictionary.
To the 𝑗th element in the sequence, if it is the same as
the 𝑖th element in the benchmark sequence, it means that in
corresponding current position, the existing sequence which
is in front of the sequence being coded is already involving
𝑖 − 1 elements; the permutation number of each element 𝑥 in
the 𝑖−1 elements can be expressed by 𝑆𝑗,𝑥 when it occupies the
𝑗th position. (The position of this element in the 𝑖 − 1 element
is 𝑥.) It is shown in (1). Consider
𝑤

𝑤

𝑤

3
1
2
∗ 𝐶𝑛−𝑗−𝑤
∗ 𝐶𝑛−𝑗−(𝑤
𝑆𝑗,𝑥 = 𝐶𝑛−𝑗
+𝑤 )
1
1

∗ ⋅⋅⋅ ∗

𝑤𝑥−1
𝐶𝑛−𝑗−(𝑤
1 +𝑤2 +⋅⋅⋅+𝑤𝑥−2 )

2

𝑤 −1

𝑥
∗ 𝐶𝑛−𝑗−(𝑤
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𝑤𝑖 −1

𝑤

𝑥+1
∗ 𝐶𝑛−𝑗−(𝑤
+𝑤 +⋅⋅⋅+𝑤 ) ∗ ⋅ ⋅ ⋅ ∗ 𝐶
1

∗ 𝐶𝑖

2

𝑥




−1
𝑛−𝑗−∑𝑖𝑞=1
𝑤𝑞



−2
𝑛−𝑗−∑𝑖𝑞=1
𝑤𝑞

.
(1)

Each 𝑤 in (1) represents the number of relevant elements.
“𝑖 ” is the number of key elements and the number of each
element in these key elements is not 0. Equation (1) involves
numerous computations of permutations and combinations;
the computational efficiency is too low; therefore, (1) can be
optimized to


𝑆𝑗,𝑥 =

(𝑛 − 𝑗)!
(∏𝑥−1
𝑞=1



(𝑤𝑞 !)) ∗ (𝑤𝑥 − 1)! ∗ (∏𝑖𝑞=𝑥+1 (𝑤𝑞 !))

.

(2)

To the character 𝑗th, the total number of sequences
involving the 𝑖 − 1 elements in front of the character 𝑗th is
shown in (3). Consider
𝑖−1

∑ 𝑆𝑗,𝑥 .

(3)

𝑥=1

Finally the position of the sequence with 𝑛 element in the
dictionary (ordinal) can be computed by
𝑛 𝑖−1

𝑜 = ∑ ∑ 𝑆𝑗,𝑥 .

(4)

𝑗=1 𝑥=1

The basic idea of decoding is the presupposition that the
measured position is a certain element based on the order of
the benchmark sequence. The corresponding permutations
value 𝑝1 is calculated based on the assumption. Let 𝑝1
compare with the ordinal number; if the ordinal is equal to
𝑝1 or greater than 𝑝1 , then calculate the permutation and
combination value (𝑝2 ) of the next element according to the
benchmark sequence. Judge that whether the ordinal is equal
to or greater than 𝑝1 + 𝑝2 ⋅ ⋅ ⋅ until the ordinal is less than
𝑝1 + 𝑝2 + ⋅ ⋅ ⋅ + 𝑝𝑟 . At this time, the corresponding element
of 𝑝𝑟 should be in the current position. Finally, in order to
calculate the element of the next position, the new ordinal
can be calculated based on
𝑜new = 𝑜old − (𝑝1 + 𝑝2 + ⋅ ⋅ ⋅ + 𝑝𝑟−1 ) .

(5)

When the value of the ordinal number is 0, the algorithm
ends. If it still has remainder elements at this time, then
the remaining elements can be filled behind the analyzed
sequence according to benchmark sequence.

3. Optimized or Parallel Computing
Adopting combinatorial method to calculate the ordinal has
higher computational complexity; the calculation process of
the ordinal number can be optimized by proportion method.
In the process of the calculation of (3), each permutation and combination value in 𝑖 − 1 elements of the 𝑗th
corresponding group has proportional relation; that is to say,

the proportion between each permutation and combination
value and the first permutation and combination value 𝐶𝑗,1
is equal to the proportion between the number of the
corresponding element and the number of the first element.
Then (3) can be optimized to
𝑖−1

(𝐶𝑗,1 ∗ ∑𝑖−1
𝑘=1 𝑤𝑘 )

𝑥=1

𝑤1

∑ 𝑆𝑗,𝑥 =

.

(6)

In fact, there is proportional relation between the permutation and combination value of the first element in the
(𝑗 + 1)th element group and the permutation and combination value of the first element in the 𝑗th element group. It is
shown as follows:
𝐶𝑗+1,1
𝐶𝑗,1

=

𝑤𝑖
.
𝑛

(7)

In (7), 𝑤𝑖 is the actual frequency of the 𝑗th character. This
character is the 𝑖th element in the frequency table. Assume
that the number of remaining elements is 𝑛 (𝑛 = (the number
of the sequence element) −𝑗). 𝐶1,1 is a particular case, it
can be specially processed. Take 𝐶0,1 as the permutation and
combination number of all elements for the sequence to be
coded; 𝑛 is the number of all elements for the sequence to be
coded; 𝑤𝑖 is the number of the first element in the benchmark
sequence.
Of course, it also needs to process some other specific
situations, such as for continuous empty elements which is
the first element in the benchmark sequence. In the group
corresponding the (𝑗 + empty + 1)th element, the first element
permutation value can be expressed as
𝐶𝑗+empty+1,1 = 𝐶𝑗,1 ∗

𝑡 ∗ (𝑡 − 1) ∗ ⋅ ⋅ ⋅ ∗ (𝑡 − empty)
.
𝑛 ∗ (𝑛 − 1) ∗ ⋅ ⋅ ⋅ ∗ (𝑛 − empty)
(8)

In (8), 𝑡 represents the number of the first element in the
benchmark sequence, when the first 𝑗th step is processed. It
is the current number of the first element in the benchmark
sequence. When empty is 0, (8) is (7).
In the process of computation, the first permutation
and combination value corresponding to the first element is
computed by the whole permutation and combination value
Max. Max can be calculated through
Max =

𝑛!
.
𝑛1 ! ∗ 𝑛2 ! ∗ ⋅ ⋅ ⋅ ∗ 𝑛𝑚 !

(9)

By the proportion method, the computing speed of the
ordinal will be greatly improved.
The decoding process of proportion computation is similar.
When value 𝑛 is determined, in order to accelerate the
computing speed of Max, Max can be calculated in advance
when all 𝑛𝑖 are equal to each other. At this time Max is the
largest and is called Whole; then Whole is stored in a file.
When it is used, it can be read from the document directly.
Then the corresponding adjusted Max is obtained according
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Figure 2: The speedup of GPU parallel computing.

Figure 1: The average time comparison of computing whole ordinal
at different lengths between CPU and GPU.

to the different 𝑛𝑖 in actual sequence. Obviously, the Whole
can be calculated based on
Whole =

𝑛!
.
((𝑛/𝑚)!)𝑚

(10)

In order to process conveniently, the sequence length 𝑛 is
usually integer times of different code element number 𝑚.
In addition, it can also split the sequence; thus the ordinal
number can be computed in parallel and the calculation
efficiency will be improved [7].
GPU parallel computing is developing rapidly and it can
be used in various areas [8, 9]. Thousands of multithread
processes can vastly advance the computing speed of the
universal combinatorial coding method. But the existing coding methods are difficult to adopt GPU parallel computing
technology, such as arithmetic coding or dictionary coding.
Because this paper will describe the universal combinatorial
coding from the angle of theory, the GPU parallel method
need not be given unnecessary details. The average time
comparison of computing whole ordinal at different lengths
between CPU and GPU is done in Figure 1.
It can be seen in Figure 1 that the slope of CPU serial
computing curve is bigger, and the slope of GPU parallel
computing curve is smaller. It explains that with the sequence
length increasing, CPU serial computation time cost grows
fast; GPU parallel computation time cost grows relatively
slow. When the length of sequences are 8 K, 16 K, and 32 K,
GPU parallel computation time cost is more than time cost of
CPU serial computation. For the reason that as the length of
sequence is not long enough, the saved time of GPU parallel
computation could not make up for the cost time that spends
on data transfers between CPU and GPU. When the length
of sequence is 64 K, GPU parallel computation time cost
starts to be less than time cost of CPU serial computation. It
indicates that the saved time of GPU parallel computation is
more than the cost time that is spent on data transfer between
CPU and GPU. From this time on, the advantage of GPU
parallel computing is increasing more and more with the
sequence length.
The increasing of speedup is shown in Figure 2.
According to the trend of curve in Figure 2, the longer the
sequence length is, the greater the speedup is.

Through the analysis of experiment, obviously, the speed
of whole ordinal computing can be improved by GPU parallel
technology and running speed increases with the increasing
of the sequence length.

4. Relation between Universal Combinatorial
Coding and Other Coding Methods
Universal combinatorial coding has many features in common with variety of classical encoding methods. (Lots of
current encoding methods are derived from these classical
encoding methods and are improved according to special
application [10–12].) And the preliminary studies have shown
that the universal combinatorial coding has characteristics
of tree coding, arithmetic coding, and dictionary coding.
The following discussion involves the universal combinatorial
coding and other coding methods.
4.1. Universal Combinatorial Coding Is a Tree Coding.
Assume that there is a sequence: 𝑎1 𝑎2 ⋅ ⋅ ⋅ 𝑎𝑛 , which consists
of 𝑚 different elements and contains 𝑛 elements. Thereinto,
𝑚 = 2V ; that is to say, each element occupies V bit.
Benchmark sequence space contains 𝑚 different elements
with full permutation. Obviously, there is 𝑚! in benchmark
sequence. Once a benchmark sequence is confirmed, a 𝑚 tree
can be generated, and the position of 𝑎1 𝑎2 ⋅ ⋅ ⋅ 𝑎𝑛 in this 𝑚 tree
can be confirmed. The other paths from root to leaf node
in 𝑚 tree represent the sequences that have the same code
element with 𝑎1 𝑎2 ⋅ ⋅ ⋅ 𝑎𝑛 , but only arrange order is different.
Total sequence number is Max; serial number starts from 0,
the largest serial number Max − 1 is the biggest ordinal.
For example, assume the sequence is “bdaca,” different
element number is 4. Obviously, V is 2. Benchmark sequence
number is 4! = 24. It means that there are 24 trees which
are all quad tree with strict order. Assume that benchmark
sequence is “abcd,” then each code element can be represented
as a: 00, b: 01, c: 10, and d: 11. Thus the sequence can be
expressed as 0110001100 and occupy 10 bits. If this sequence
uses tree form, the tree can be obtained as Figure 3.
The quad tree in Figure 3 consists of sequences that each
sequence contains two “a,” one “b,” one “c,” and one “d.” The
sum of sequences is 𝐶52 ∗ 𝐶31 ∗ 𝐶21 ∗ 𝐶11 = 60. These sequences
strictly arrange in accordance with order. Serial number is
from 0 to the biggest ordinal number 59. The ordinal number
corresponding to the sequence “bdaca” is 34; this ordinal
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Figure 3: Quad tree which has “bdaca”.

number stands for the number of the sequences in front of
“bdaca” and has the same code element but has different rank
place. So the “bdaca” position in the quad tree can also reflect
the property of combination. Decoding process is vice versa.
Thus, combinatorial coding can be expressed as a tree
structure. It calculates the coding sequence position in 𝑚-tree
structure based on the principle of combinatorial theory.
4.2. Universal Combinatorial Coding Is Dictionary Coding.
It can arrange the path of 𝑚-tree according to the order
from left to right strictly, a dictionary can be obtained. It
can be scripted as follows: assume that there is a sequence:
𝑎1 𝑎2 ⋅ ⋅ ⋅ 𝑎𝑛 , which consists of 𝑚 different elements. Thereinto,
𝑚 = 2V and each code element occupies V bit. The presence
times of code elements are 𝑛1 , 𝑛2 ⋅ ⋅ ⋅ 𝑛𝑚 . Obviously, 𝑛1 +
𝑛2 ⋅ ⋅ ⋅ 𝑛𝑚 = 𝑛. And the benchmark sequence is made up of
𝑚 different code elements, the number of the benchmark
sequence is 𝑚!. Once the benchmark sequence is confirmed,
a dictionary space can be determined, and the position
(ordinal number) of 𝑎1 𝑎2 ⋅ ⋅ ⋅ 𝑎𝑛 in the dictionary space is also
determined. The dictionary space stores all the sequences that
have the same code element and different permutation order
with 𝑎1 𝑎2 ⋅ ⋅ ⋅ 𝑎𝑛 . The number of sequences can be calculated
according to (9).
The ordinal of the coding sequence can also be calculated
according to the related equations in the sections ahead.
The whole dictionary space and the position of the coding
sequence in the dictionary can be shown in Table 1.
Each sequence in the dictionary has strict order with
the constraints of the benchmark sequence. Of course, the
combination dictionary is nonexistent. It is hidden in the
frequency table of the sequence. It means that it does not
require actual occupation of space and time. The position
(ordinal number) of the coding sequence in the dictionary
can be calculated, and the size of the ordinal number is less
than the size of sequence space. Taking advantage of this
characteristic, universal combinatorial coding can be used
for data compression. The dictionary space of the universal
combinatorial coding is fixed and is objectively existent. This
dictionary contains all the sequences that have the same code
number with the coded sequence.
4.3. Universal Combinatorial Coding Is Arithmetic Coding.
Universal combinatorial coding uses an absolute position

Table 1: Dictionary space and the position of the coded sequence.
Ordinal
0
1
2
..
.
33
34
35
..
.
57
58
59

Sequence
aabcd
aabdc
aacbd
..
.
bdaac
bdaca
bdcaa
..
.
dcaab
dcaba
dcbaa

Bold refers to the position of the example “bdaca” in the dictionary is 34.
The size of the dictionary is 60(0∼59). It is similar to the example “bdaca” in
Figure 3.

value to express sequence in the dictionary space and this
value is an integer; so it can be seen as an arithmetic coding.
In fact, the traditional arithmetic coding expresses a sequence
as a digit which is a real data between 0 and 1. It can be
understood as a relative position value.
Another method which is closer to the universal combinatorial coding is range encoding method. The range
encoding method can also be seen essentially as arithmetic
coding. But the range encoding method must have a large
enough positive integer. In fact, the so-called sufficient large
positive integer plays the role of the largest ordinal number,
but it is not precise enough and it is larger than the actual
needs of the largest ordinal number. In other words, ordinal
number of the universal combinatorial coding is actually the
smallest and most accurate “positive integer which is large
enough.”
The most important thing is that both range coding and
0-1 arithmetic coding are based on probability, and we always
assume that the probability is constant. It will inevitably
lead to error. Even worse, in many cases, the probability of
sequence elements cannot be predicted. Of course, adaptive
arithmetic coding may not depend on the probability, but its
compression ratio is reduced accordingly.
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On the contrary, the universal combinatorial coding is not
based on probability but based on the frequency. It can adjust
the frequency timely in the computation process according
to the actual situation. So the accuracy of the ordinal number
can be ensured. Of course, the drawback is that the frequency
value of each element must be recorded.
Figure 4 is a schematic diagram of the calculated results
of the instance “bdaca” according to combinatorial coding,
region coding (0 to 10000), and 0-1 arithmetic coding.
In summary, universal combinatorial coding uses an
integer value to represent the sequence more accurately, while
the traditional arithmetic coding methods adopt the relative
position or similar position to express the sequence. In fact, if
it adopts a proportion value to represent the relative position
of the sequence in the entire dictionary space in the universal
combinatorial coding, then the proportion is similar to the
result of 0-1 arithmetic coding: 34/59 ≈ 0.576.
The combination feature of universal combinatorial coding makes this method have more or less relation with many
other coding methods. It means that this method has multicode connectivity. This means that universal combinatorial
coding has the potential to become a tool to measure the
characteristics of a variety of coding methods.

5. Multiapplication of Universal
Combinatorial Coding
Universal combinatorial coding also has more special properties besides tree structure coding, arithmetic coding, and
dictionary coding. These properties make universal combinatorial coding applicable in many ways.
5.1. The Estimation of the Size of the Ordinal. Making use of
the relation between the ordinal and the sequence characters
frequencies, the size of the ordinal can be estimated preliminarily.
Current research shows that the more frequency differences among the characters in sequence are, the less the
dictionary including the sequence is, at the same time, the less
the maximum ordinal is and the less the average ordinal is.
When the frequency differences among the characters are less
than 1, global maximum ordinal can be obtained. The global
maximum ordinal is only related to the sequence length.

Figure 5: Difference of sequence length and whole ordinal length.

The sizes of the sequence and all kinds of ordinal satisfy the
following inequality:
lensequence ≥ lenWhole ≥ lenMax ≥ lenordinal .

(11)

The length of lensequence − lenWhole is growing with the
growing of the sequence length 𝑛, but the increasing range
is smaller and smaller. It can be seen in Figure 5.
The global maximum ordinal is used for preliminarily
estimates or theoretical analysis of the ordinal. In order to
calculate the maximum ordinal, it can be precalculated and
put in the file. And the maximum ordinal can be used for
calculating ordinal of the sequence to be coded.
5.2. Combinatorial Compression Property. The property that
ordinal length must be less than sequence length can be used
for combinatorial compression.
Universal combinatorial coding mainly utilizes ordinal to
reduce frequency redundancy. It codes the whole sequence.
The space A can be determined by the length of coding
sequence. The space A can be transformed to a smaller space
B through the restriction of the sequence frequency table.
Space B is made up of sequence which has the same frequency
coding table with coding sequence. The position of coding
sequence in space B is smaller than the position in space A.
For example, to the sequence “bcada,” the number of different
elements is 4, each code occupies 2 bits (a: 00; b: 01; c: 10;
d: 11). Assume that the benchmark sequence is “abcd,” then
the position in space A is 0110001100 (396 in decimal). After
being constrained by the frequency table (a: 2; b: 1; c: 1; d:
1), the dictionary space B is formed, and the position of the
sequence in space B is 34. It can be shown in Figure 6.
It can be seen from Figure 6 that the space B through
the restriction of the sequence frequency table is smaller than
the original sequence space A. At the same time, the average
position number (ordinal number) of coding sequence in
space B also becomes smaller.
5.3. Combinatorial Encryption. Make use of the characteristic
that ordinal number is not unique, universal combinatorial
coding can be used for confidential treatment of data.
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Figure 6: Space map under the benchmark sequence “abcd.”
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Figure 7: Data and position replacement method.

At this time the cipher key space is the combination of
different code elements in the benchmark sequence (assume
that each code element length is 𝑚). The cipher key number in
cipher key space is (2𝑚 )!. When 𝑚 arrives at a certain length,
for example, 𝑚 is 6, it can achieve confidential requirement.
At this time the cipher key space is (26 )! ≈ 1.27 ∗ 1089 , and
cipher key space is larger than the current existing encryption
algorithm. (They usually use bit as encryption unit [13–15].
When a key length is 256 bits, the cipher key space is 2256 ≈
1.16 ∗ 1077 .) It can achieve the confidential requirement.
The arrangement of the key in combination coding adopts
the method that data and position are replaced. It is to say,
the (𝑘 + 1)th rounds key can be deduced from the 𝑘th rounds
key; the method is to find out the data 𝑗 in the 𝑖th location
(counting from 0) of the 𝑘th rounds key first; then take the
data 𝑗 as the data of the 𝑖th location in the (𝑘 + 1)th rounds
key. In order to prevent the appearance of dead circulation of
location and data, the result of the (𝑘 + 1)th rounds key can be
shifted right circularly. At last, the final (𝑘 + 1)th rounds key is
formed. It can be shown in Figure 7 (to describe conveniently,
take m = 4).
Data and position replacement method makes each key
different, not only round key, but also group key in each
round. The creating method of group key is similar to the

creating method of round key, only perform right shift to the
previous key in turn, and then replace it between data and
position. Figure 8 shows the relationship among the main key,
the round key, and the group key.
The key generation method of combinatorial encryption makes the main key, round key, and the group key
have the same large space; so the difficulty of decryption
is increased further. In addition, combinatorial encryption
method adopts code element as the information processing
unit instead of bit, so the group length of sequence can be
longer, and it is more suitable to parallel computing than
the existing encryption algorithm through the multi-core and
multi-GPU.
The key space can be compared between the combinatorial encryption method and the existing encryption method
(they usually use bit as encryption unit) in Figure 9. In order
to express conveniently, there is only exponent level of key
space expressed in 𝑦-axis in Figure 9.
It can be seen form Figure 9 that the key space of combinatorial encryption method expands rapidly along with the
increase of code element bits. So security is increased.
5.4. The Other Application of Combinatorial Coding. Universal combinatorial coding can also do the simple data
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Figure 8: Relation of all kinds of keys.

universal combinatorial coding. But most of the evaluation
methods still use probability recently; so probability is still
adopted to assess universal combinatorial coding efficiency
by approximate calculation in this paper. To contrast with
Shannon Theory, suppose that the source is a smooth with no
memory sequence of 𝑞 elements and the sequence length is
𝑛. Further, the probability distribution of the source symbols
is 𝑝𝑖 (𝑖 = 1, . . . , 𝑞). Information source is divided into 𝐶(𝑛)
segments to process. When the length of the sequence 𝑛 and
the segment length 𝐾 are very large, average code length can
be calculated by the following methods:
𝑛 = 𝐾𝐶 (𝑛) .

3000

For each segment whose length is 𝐾, the number of
ordinal can be obtained by universal combinatorial coding as
the following formula:

2500

Exponent level

(12)

2000

𝑁𝑘 =

1500
1000

𝐾!
.
(∏ (𝑝𝑖 𝐾)!)

(13)

So the length of the binary code occupied by each ordinal
is

500
0

𝑙 = ⌈log 𝑁𝑘 ⌉ = ⌈log (
32

64

128

256

512

1024

Unit number
Existed
Combination

𝐾!
)⌉ .
(∏ (𝑝𝑖 𝐾)!)

(14)

Although the frequency of each character also occupies
space, it is very small compared to the space of ordinal. So
the total code length of the sequence with 𝑛 element is

Figure 9: Key space of different encryption methods.

𝐶 (𝑛) ⌈log (
detection by using ordinal as error-detecting code. It can be
used in data validation of communication transmission or
storage information. Universal combinatorial coding can also
be used for processing information abstract by incorporating
the combinatorial verifying method and secret key. The
information abstract is only used for checking whether the
data has been distorted, and the data is not necessary to
revert. According to the key sequence, multiple combination
calculation can be done to the sequence. That is to say
that another similar ordinal calculation can be done for the
ordinal received every time until the length of ordinal is fit
for user requirement. At this moment, the last ordinal is used
as the information abstracts. Of course, the times of ordinal
calculation must be recorded. For the method of information
abstracts computing through universal combinatorial coding;
the ratio of collision is very low in theory.

𝐾!
)⌉ .
(∏ (𝑝𝑖 𝐾)!)

(15)

Finally, the average code length of each source symbol is
𝐿=

(𝐶 (𝑛) ⌈log (𝐾!/ (∏ (𝑝𝑖 𝐾)!))⌉)
.
𝑛

(16)

Equation (16) can be rewritten to the inequality of 𝐿 as
(17)
𝐿≥

(𝐶 (𝑛) [log (𝐾!/ (∏ (𝑝𝑖 𝐾)!))])
,
𝑛

(𝐶 (𝑛) [log (𝐾!/ (∏ (𝑝𝑖 𝐾)!)) + 1])
𝐿≺
.
𝑛

(17)

Put (12) into inequality (17),

6. The Assessment of Universal
Combinatorial Coding Efficiency
Universal combinatorial coding is independent of the probability statistical properties of the information source, so Shannon Entropy cannot be used to assess the coding quality for

log (𝐾!/ (∏ (𝑝𝑖 𝐾)!))
≤ 𝐿,
𝐾
(log (𝐾!/ (∏ (𝑝𝑖 𝐾)!)) + 1)
𝐿≺
.
𝐾

(18)
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After log-calculation, the results of 𝑁𝑘 = 𝐾!/(∏(𝑝𝑖 𝐾)!)
is similar to the result of 𝐾!/(∏(𝑝𝑖 𝐾)!); so the following
computing can be done:
log (

𝐾𝐾
𝐾!
)
) ≈ log (
𝑝𝐾
(∏ (𝑝𝑖 𝐾)!)
(∏ (𝑝𝑖 𝐾) 𝑖 )
𝑝𝑖 𝐾

= 𝐾 log 𝐾
− (𝑝1 𝐾 log (𝑝1 𝐾) + 𝑝2 𝐾 log (𝑝2 𝐾)
+ ⋅ ⋅ ⋅ + 𝑝𝑞 𝐾 log (𝑝𝑞 𝐾))

+ (𝑝1 + 𝑝2 + ⋅ ⋅ ⋅ + 𝑝𝑞 )
× 𝐾 log 𝐾)
= − 𝐾 ∑ 𝑝𝑖 log 𝑝𝑖 = 𝐾𝐻 (𝑆) .
(19)
Put (19) into inequality (18),
1
.
𝐾

(20)

When 𝐾 is large enough, the average code length can be
scripted by the following formula:
𝐿 ≈ 𝐻 (𝑆) .

(21)

It shows that the average code length in the universal
combination coding is progressively close to the source
entropy limit when 𝐾 is large enough.
But it should be noticed that there is an approximate
calculation in the above estimation process. Consider
𝐾𝐾
𝐾!
).
) ≈ log (
𝑝𝐾
(∏ (𝑝𝑖 𝐾)!)
(∏ (𝑝𝑖 𝐾) 𝑖 )
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So the calculation result is magnified. It means that
the actual coding efficiency is better than the approximate
calculation result.

7. Conclusions
The concept of universal combinatorial coding is advanced
and the related properties are analyzed in this paper. Universal combinatorial coding can stride over the three branches
of coding theory. It has the characteristics of multiple coding
methods and various application prospects, for example,
combinatorial compression, encrypt or decrypt, and error
detection. Theoretical researches reveal that the average code
length in universal combinatorial coding is close to the
source entropy limit when the value of 𝐾 is large enough.
But the actual coding efficiency should be better than the
approximate calculation results.
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This paper presents a novel approach for unsupervised shallow parsing model trained on the unannotated Chinese text of parallel
Chinese-English corpus. In this approach, no information of the Chinese side is applied. The exploitation of graph-based label
propagation for bilingual knowledge transfer, along with an application of using the projected labels as features in unsupervised
model, contributes to a better performance. The experimental comparisons with the state-of-the-art algorithms show that the
proposed approach is able to achieve impressive higher accuracy in terms of F-score.

1. Introduction
Shallow parsing, is also called text chunking, plays a significant role in natural language processing (NLP) community.
It can be regarded as a classification task, as a process of
training a classifier to segment a sentence and labeling each
partitioned phrase with an accurate chunk tag. The classifier
takes the words, their POS tags, and surrounding context as
features of an instance, whereas the chunk tag is the class
label. The goal of shallow parsing is to divide a sentence into
labeled, nonoverlapping, and nonrecursive chunks based on
different methodologies.
Plenty of classification algorithms have been applied
in the field of shallow parsing. The models are broadly
categorized into three types: rule-based chunking model,
machine learning-based model, and memory-based model.
Particularly, in recent decades we have witnessed the remarkable advancement of the state of the art on chunking
task by applying supervised learning approaches. Supervised
chunking model, for example, MEMs (maximum entropy
models), which is employed by [1] solves the ambiguous
tagging problem by training on a corpus to compute the
probability information of each word in the input context and
get a good performance.
Although supervised learning algorithms have resulted in
the state of the art and high accuracy systems on varieties of

tasks in the NLP domain, the performance in source-poor
language is still unreasonable. A fundamental obstacle of statistical shallow parsing for the quantities of world’s language
is the shortage of annotated training data. Furthermore, the
work of well-understand hand annotation has proved to
be expansive and time consuming. For example, over one
million dollars have been invested in the development of
Penn Treebank [2], and the lack of developed Treebank and
tagged corpus in the majority of languages illustrate that it
is difficult to raise the investment for annotation projects.
However, unannotated parallel text data is broadly available
because of the explosive growth of multilingual website, news
streams, and human translations of books and documents.
These suggest that unsupervised methods appear to be a
useful solution for inducing chunking taggers, as they do
not need any annotated text for training. Unfortunately,
the existing unsupervised chunking systems do not have
a reasonable performance to make its practical usability
questionable at best.
To bridge the gap of the accuracy between source-rich
languages and source-poor languages, we would like to
leverage the existing resources of source-rich languages like
English when doing the shallow parsing for the source-poor
foreign languages such as Chinese. In this work, the system
assumes that there is no labeled data available for training but
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that we have access to parallel English data. This part of work
is closest to [3], but there are two main differences to improve
the weakness of dealing with the unaligned words.
First, a novel graph-based framework is applied to project
syntactic information across language boundaries for several
reasons as follows.
(i) Graphs can indicate complicated relationships
between classes and instances. For instance, an
ambiguous instance interest could belong to the class
of both NP and VP.
(ii) Chunks from multiple sources, such as different tree
banks, web sites,and texts can be represented in a
single graph.
(iii) The paths of information propagation of graphs
make it possible to explicit the potential common
information among different instances. That is to say,
the algorithm relies on the fact that neighbor cases
should belong to the same class, and the relationships
between data points are captured in the form of a
similarity graph with vertices corresponding to the
cases and edge weights to their similarity.
In the end, a bilingual graph is constructed to represent the
relationships between English and Chinese.
Second, rather than directly using these projected labels
as features in supervised training phases, we prefer to employ
them in unsupervised model. Additionally, to facilitate bilingual unsupervised chunking research and standardize best
practice, a tag set consists of eight universal chunk categories
is proposed in this work.
The paper is organized as follows. Section 2 introduces
the overall approach of our work. Section 3 focuses on how
to establish the graph and carry out the label propagation.
Section 4 describes the unsupervised chunk induction and
feature selection in detail. In Section 5, the evaluation results
are presented followed by a conclusion to end this paper.

2. Approach Overview
The central aim of our work is to build a chunk tagger
for Chinese sentences, assuming that there is an English
chunk tagger and some parallel corpuses between these two
languages. Hence, we can conclude that the emphasis of our
approach is how to build a bilingual graph from the sentencealigned Chinese-English corpus. Two types of vertices will
be employed in our graph: trigram types are used on the
Chinese side corresponding to different vertices, while on
the English side the vertices are individual word types.
During the graph construction, no labeled data is needed
but does require two similarity functions. A cooccurrence
based similarity function is applied to compute edge weights
between Chinese trigrams. This function is designed to
indicate the syntactical similarity of the middle words of
the neighbor trigrams. A second similarity function, which
leverages standard unsupervised word alignment statistics, is
employed to establish a soft correspond between Chinese and
English.

[NP-B

NP-I

NP-I

NP-I]a

The

key

of

mine

(my)

(key)
NPa-I

(of)
NPa-I

NPa-I

Figure 1: Direct label projection from English to Chinese with
position information.
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NP-I
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The
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mine

(my)
NP-B

(of)
NP-I

(key)
NP-I

Figure 2: Adjust the Cchunk tag based on position information.

Based on the reality that we do not have labeled Chinese
data, we aim to project the syntactic information from the
English side to the Chinese side. Before initializing the graph,
a supervised chunking model is used to tag the English side
of the parallel text. The label distributions for the English
vertices are generated by aggregating the chunk labels of
the English tokens to types. Consider the crossover problem
and different word orders between Chinese and English, the
position information is also considered in our work. Based
on this idea, the chunk tags are projected directly from
English side to Chinese along with the position as shown
in Figure 1. Based on the position information, we can get
the exact boundary of each chunk at the Chinese side. Then
an adjustment is made to assign the correct label as shown
in Figure 2. After graph initialization, label propagation is
applied to transfer the chunk tags to the peripheral Chinese
vertices firstly (i.e., the ones which are adjacent to the English
vertices), followed by further propagating among all the
Chinese vertices. It is worth mentioning that the chunk
distributions over the Chinese trigram types are regarded as
features for learning a better unsupervised chunking tagger.
The following sections will explain these steps in detail
(see Algorithm 1).

3. Graph Construction
In graph learning approaches, one constructs a graph whose
vertices are labeled and unlabeled examples and whose
weighted edges encode the degree to which examples they
link have the same label [4]. Notice that graph construction
used for the problems of structured prediction such as
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Bilingual Chunking Induction.
Require: Parallel English and foreign language data 𝐷𝑒 and
𝐷𝑐 ; unlabeled foreign training data Γ𝑐 ; English tagger
Ensure: 𝜃𝑐 , a set of parameters learned using a constrained
unsupervised model.
(1) 𝐷𝑒↔𝑐 ← word-align-bitext (𝐷𝑒 , 𝐷𝑐 )
̂𝑒 ← chunk-tag-supervised (𝐷𝑒 )
(2) 𝐷
̂𝑒 )
(3) 𝐴 (𝐷𝑒↔𝑐 , 𝐷
(4) 𝐺 ← construct-graph (Γ𝑐 , 𝐷𝑐 , 𝐴)
̃ ← graph-propagate (𝐺)
(5) 𝐺
̃
(6) Δ ← extract-word-constraints (𝐺)
(7) 𝜃𝑓 ← chunk-induce-constraints (Γ𝑐 , Δ)
(8) return 𝜃𝑓
Algorithm 1: Graph-based unsupervised chunking approach.

shallow parsing is nontrivial for the following two reasons.
First, it is necessary for resolving ambiguous problem by
employing individual words as the vertices instead of the
context. Besides, if we use the whole sentences as the vertices
during graph construction, it is unclear how to calculate
the sequence similarity. Altun et al. [5] proposed a graphbased semisupervised learning approach by using the similarity between labeled and unlabeled structured data in a
discriminative framework. Recently, a graph over the cliques
in an underlying structured model was defined by [6]. In
their work, a new idea has been proposed that one can use
a graph over trigram types, combing with the weights based
on distribution similarity, to improve the supervised learning
algorithms.
3.1. Graph Vertices. In this work, we extend the intuitions of
[6] to set up the bilingual graph. Two different types of vertices are applied for each language because the information
transformation in our graph is asymmetric (from English to
Chinese). On the Chinese side, the vertices (denoted by 𝐷𝑐 )
correspond to trigram types, which are the same as in [6].
The English vertices (denoted by 𝐷𝑒 ), however, correspond
to word types. The reason we do not need the trigram types
in English side to disambiguate them is that each English
word are going to be labeled. Additionally, in the label
propagation or graph construction, we do not connect the
vertices between any English words but only to the Chinese
vertices.
Furthermore, there are two kinds of vertices consisting of
ones extracted from the different sides of word aligned bitext
(𝐷𝑒 , 𝐷𝑐 ) and an additional unlabeled Chinese monolingual
corpus Γ𝑐 , which will be used later in the training phase. Such
as noted, two different similarities will be employed to define
the edge weights between vertices from these two languages
and among the Chinese vertices.
3.2. Monolingual Similarity Function. In this section, a brief
introduction is given as follows in terms of computing
the monolingual similarity between the connecting pairs of
Chinese trigram type. Specifically, the set 𝑉𝑐 consists of all

Table 1: Various features for computing edge weights between
Chinese trigram types.
Description
Trigram + context
Trigram
Left context
Right context
Center word
Trigram − center word
Left word + right context
Right word + left context
Suffix
Prefix

Feature
𝑥1 𝑥2 𝑥3 𝑥4 𝑥5
𝑥2 𝑥3 𝑥4
𝑥1 𝑥2
𝑥4 𝑥5
𝑥3
𝑥2 𝑥4
𝑥2 𝑥4 𝑥5
𝑥1 𝑥2 𝑥4
Has suffix (𝑥3 )
Has prefix (𝑥3 )

the word 𝑛-grams that occur in the text. Given a symmetric
similarity function between types defined below, we link
types 𝑚𝑖 and 𝑚𝑗 (𝑚𝑖 , 𝑚𝑗 ∈ 𝑉𝑐 ) with an edge weight 𝑤𝑚𝑖 𝑚𝑗
as follows:
𝑤𝑚𝑖 𝑚𝑗 = {

sim (𝑚𝑖 , 𝑚𝑗 )
0

if 𝑚𝑖 ∈ 𝜅 (𝑚𝑗 ) or 𝑚𝑗 ∈ 𝜅 (𝑚𝑖 )
otherwise,
(1)

where 𝜅(𝑚𝑗 ) is the set of 𝑘-nearest neighbors of 𝑚𝑖 according
to the given similarity. For all the parameters in this paper, we
define 𝑘 = 5.
To define the similarity function for each trigram type as
𝑚𝑖 ∈ 𝑉𝑐 , and we rely on the cooccurrence statistics of ten
features illustrated in Table 1.
Based on this monolingual similarity function, a nearest
neighbor graph could be achieved. In this graph, the edge
weight for the 𝑛 most similar trigram types is set to the PMI
values and is 0 for all other ones. Finally, we apply the function
(𝑚) to denote the neighborhood of vertex 𝑚 and set the
maximum number of 5 in our experiments.
3.3. Bilingual Similarity Function. We rely on highconfidence word alignments to define a similarity function

4
between the English and Chinese vertices. Since the graph
vertices are extracted from a parallel corpus, a standard
word alignment technique GIZA++ [7] is applied to align
the English sentences 𝐷𝑒 and their Chinese translations 𝐷𝑐 .
Based on the idea that the label propagation process in the
graph will provide coverage and high recall, only a high
confidence alignment 𝐷𝑒↔𝑐 > 0.9 is considered.
Therefore, we can extract tuples of the form [𝑡 ↔ 𝑢] based
on these high-confidence word alignments, where the Chinese trigram types that the middle word aligns to an English
unigram type 𝑢. Relying on computing the proportion of
these tuple counts, we set the edge weights between the two
languages by our bilingual similarity function.
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In the first stage, the label propagation is used to project the
English chunk labels to the Chinese side. In detail, we simply
transfer the label distributions from the English word types
to the connected Chinese vertices (i.e., 𝑉𝑐𝑙 ) at the periphery
of the graph. Note that not all the Chinese vertices are fully
connected with English words if we consider only the highconfidence alignments. In this stage, a tag distribution 𝑑𝑖 over
the labels 𝑦 is generated, which represents the proportion of
times the center word 𝑐𝑖 ∈ 𝑉𝑐 aligns to English words 𝑒𝑦
tagged with label 𝑦:
𝑑𝑖 (𝑦) =

∑𝑒𝑦 # [𝑐𝑖 ←→ 𝑒𝑦 ]
∑𝑦 ∑𝑒  # [𝑐𝑖 ←→ 𝑒𝑦 ]

.

(2)

𝑦

3.4. Graph Initialization. So far, we have introduced how to
construct a graph. But the graph here is unlabeled completely.
For the sake of label propagation, we have to use a supervised
English chunking tagger to label the English side of the
parallel corpus in the graph initialization phase. Afterwards
we simply count the individual labels of each English token
and then normalize the counts to get the tag distribution over
the English unigram types. These distributions are in the use
of initializing the English vertices’ distribution in the graph.
Considering that we extract the English vertices from a bitext,
all vertices in English word types are assigned with an initial
label distribution.
3.5. Graph Example. Figure 3 shows a simple small excerpt
from a Chinese-English graph. We see that only the Chinese
trigrams [一项 重要 选择], [因素 是 这样] and [不断 深入]
are connected to the English translated words. All these
English vertices are labeled by a supervised tagger. In this
particular case, the neighborhoods can be more diverse and
a soft label distribution is allowed over these vertices. As one
can see, Figure 3 is composed of three subgraphs. In each subgraph, it is worth noting that the middle of Chinese trigram
types has the same chunking types (with the labeled one).
This exhibits the fact that the monolingual similarity function
guarantees the connected vertices having the same syntactic
category. The label propagation process then spreads the
English words’ tags to the corresponding Chinese trigram
vertices. After that, labels are further propagated among the
Chinese vertices. This kind of propagation is used to convey
these tags inwards and results in tag distributions for the
middle word for each Chinese trigram type. More details on
how to project the chunks and propagate the labels will be
described in the following section.
3.6. Label Propagation. Label propagation operates on the
constructed graph. The primary objective is to propagate
labels from a few labeled vertices to the entire graph by
optimizing a loss function based on the constraints or properties derived from the graph, for example, smoothness [4, 8]
or sparsity [9]. State-of-the-art label propagation algorithms
include LP-ZGL [4], adsorption [10], MAD [8], and sparsityinducing penalties [9].
Label propagation is applied in two phases to generate soft
label distributions over all the vertices in the bilingual graph.

The second phase is the conventional label propagation to
propagate the labels from the peripheral vertices 𝑉𝑐𝑙 to all
Chinese vertices in the constructed graph. The optimization
on the similarity graph is based on the objective function:
𝑃 (𝑞) =


2

2
∑ 𝑤𝑖𝑗 𝑞𝑖 − 𝑞𝑗  + 𝜆𝑞𝑖 − 𝑈
𝑙

𝑐𝑖 ∈𝑉𝑐 \𝐶𝑐

s.t. ∑𝑞𝑖 (𝑦) = 1 ∀𝑐𝑖

(3)

𝑦

𝑞𝑖 (𝑦) ≥ 0 ∀𝑐𝑖 , 𝑦
𝑞𝑖 = 𝑑𝑖 ∀𝑐𝑖 ∈ 𝑉𝑐𝑙 ,
where 𝑞𝑖 (𝑖 = 1, . . . , |𝑉𝑐 |) are the label distributions over
all Chinese vertices and 𝜆 is the hyperparameter that
will be discussed in Section 4. Consider that ‖𝑞𝑖 − 𝑞𝑗 ‖2 =
∑𝑦 (𝑞𝑖 (𝑦) − 𝑞𝑗 (𝑦))2 is a squared loss, which is used to penalize
the neighbor vertices to make sure that the connected
neighbors have different label distributions. Furthermore, the
additional second part of the regulation makes it possible
that the label distribution over all possible labels 𝑦 is towards
the uniform distribution 𝑈. All these show the fact that this
objective function is convex.
As we know, the first term in (3) is a smoothness regularizer which can be used to encourage the similar vertices,
which have the large 𝑤𝑖𝑗 in between, to be much more
similar. Moreover, the second part is applied to regularize
and encourage all marginal types to be uniform. Additionally,
this term also ensures that the unlabeled converged marginal
vertices will be uniform over all tags if these types do not have
a path to any labeled vertices. This part makes it possible that
the middle word of this kind unlabeled trigram takes on any
possible tag as well.
However, although a closed form solution can be derived
through the objective function mentioned above, it would be
impossible without the inversion of the matrix of order |𝑉𝑐 |.
To solve this problem, we rely on an iterative update based
algorithm instead. The formula is as follows:
𝑐𝑖 (𝑦) , if 𝑐𝑖 ∈ 𝑉𝑐𝑙
{
{
𝑞𝑖(𝑚) (𝑦) = { 𝛾𝑖 (𝑦)
, otherwise,
{
𝜅
{ 𝑖

(4)
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[Ta shi yi]

NP-I
Important
Important

[Wo shi yi]

[Yixiang zhongyao xuanze]

[Yinsu shi zheyang]

[Yixiang zhengque xuanze]
[Zhi shi zheyang]

[Women shi nansheng]

[Yixiang mingzhi xuanze]

[Yixiang cuowu xuanze]
[Buduan tigao,]
[Buduan shenru,]

[Buduan bianhua,]

[Buduan tansuo]

Explore
VP-I

Figure 3: An example of similarity graph over trigram on labeled and unlabeled data.

where ∀𝑐𝑖 ∈ 𝑉𝑐 \ 𝑉𝑐𝑙 , 𝛾𝑖 (𝑦), and 𝑘𝑖 are defined as follows:

establish the chunk tag identification system will be discussed
and presented in detail.

𝛾𝑖 (𝑦) = ∑ 𝑤𝑖𝑗 𝑞𝑖(𝑚−1) (𝑦) + 𝜆𝑈 (𝑦) ,
𝑐𝑗 ∈𝑁(𝑐𝑖 )

𝑘𝑖 = 𝜆 + ∑ 𝑤𝑖𝑗 .

(5)

𝑐𝑗 ∈𝑁(𝑐𝑖 )

This procedure will be processed 10 iterations in our experiment.

4. Unsupervised Chunk Induction
In Section 3, the bilingual graph construction is described
such that English chunk tags can be projected to Chinese
side by simple label propagation. This relies on the highconfidence word alignments. Many Chinese vertices could
not be fully projected from the English words. To complement, label propagation is used to further propagate among
the Chinese trigram types. This section introduces the usage
of unsupervised approach to build a practical system in
the task of shallow parsing. The implementation of how to

4.1. Data Representation
4.1.1. Universal Chunk Tag. The universal tag was first proposed by [11] that consists of twelve universal part-of-speech
categories for the sake of evaluating their cross-lingual POS
projection system for six different languages. In this work, we
follow the idea but focus on the universal chunk tags between
English and Chinese for several reasons. First, it is useful
for building and evaluating unsupervised and cross-lingual
chunk taggers. Additionally, taggers constructed based on
universal tag set can result in a more reasonable comparison
across different supervised chunking approaches. Since two
kinds of tagging standards are applied for the different
languages, it is vacuous to state that “shallow parsing for
language 𝐴 is much harder than that for language 𝐵” when the
tag sets are incomparable. Finally, it also permits our model
to train the chunk taggers with a common tag set across
multiple languages which does not need to maintain language
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specific unification rules due to the differences in Treebank
annotation guidelines.
The following compares the definition of tags used in the
English Wall Street Journal (WSJ) [2] and the Chinese Penn
Treebank (CTB) 7.0 [12] that are used in our experiment.
(i) The Phrasal Tag of Chinese. In the present corpus CTB7,
each chunk is labeled with one syntactic category. A tag set of
13 categories is used to represent shallow parsing structural
information as follows.
ADJP—adjective phrase: phrase headed by an adjective.
ADVP—adverbial phrase: phrasal category headed by
an adverb.
CLP—classifiers phrase: for example, (QP (CD 一)
(CLP (M 系列))) (a series).
DP—determiner phrase: in CTB7 corpus, a DP is
a modifier of the NP if it occurs within a NP. For
example, (NP (DP (DT 任 何) (NP (NN 人))) (any
people).
DNP—phrase formed by XP plus (DEG 的) (‘s) that
modifies a NP; the XP can be an ADJP, DP, QP, NP,
PP, or LCP.
DVP—phrase formed by XP plus “地 (-ly)” that
modifies a VP.
FRAG—fragment used to mark fragmented elements
that cannot be built into a full structure by using null
categories.
LCP—used to mark phrases formed by a localizer
and its complement. For example, (LCP (NP (NR 皖
南) (NN 事 变)) (LC 中)) (in the Southern Anhui
Incident).
LST—list marker: numbered list, letters, or numbers
which identify items in a list and their surrounding
punctuation is labeled as LST.
NP—noun phrases: phrasal category that includes all
constituents depending on a head noun.
PP—preposition phrase: phrasal category headed by
a preposition.
QP—quantifier phrase: used with NP, for example,
(QP (CD 五百) (CLP (M 辆))) (500).
VP—verb phrase: phrasal category headed by a verb.
(ii) The Phrasal Tag of English. In the respect English WSJ
corpus, there are just eight categories: NP (noun phrase),
PP (prepositional phrase), VP (verb phrase), ADVP (adverb
phrase), ADJP (adjective phrase), SBAR (subordinating conjunction), PRT (particle), and INTJ (interjection).
As we can see, the criterion of Chinese CTB7 has a lot
of significant differences from English WSJ corpus. Unlike
the English Treebank, the fragment of Chinese continents is
normally smaller. A chunk which aligned to a base-NP phrase
in the English side could be divided into a QP tag, a CLP
tag, and an NP tag. For example, after chunking, “五百辆

Table 2: The description of universal chunk tags.
Tag

Description

NP

Noun phrase

Preposition
phrase
VP
Verb phrase
ADVP Adverb phrase
PP

ADJP Adjective phrase
SBAR

Subordinating
conjunction

Words
DET + ADV +
ADJ + NOUN

Example
The strange birds

TO + IN

In between

ADV + VB
ADV
CONJ + ADV +
ADJ

Was looking
Also

IN

Warm and cozy
Whether or not

车 (500 cars)” will be tagged as (NP (QP (CD 五百) (CLP
(M 辆))) (NN 车)). But at the English side, “500 cars” will be
just denoted with an NP tag. This nonuniform standard will
result in a mismatch projection during the alignment phase
and the difficulty of evaluation in the cross-lingual setting.
To fix these problems, mappings are applied in the universal
chunking tag set. The categoryies CLP, DP, and QP are merged
into an NP phrase. That is to say, the phrase such as (NP (QP
(CD 五百) (CLP (M 辆))) (NN 车)), which corresponds to
the English NP chunk “500 cars,” will be assigned with an
NP tag in the universal chunk tag. Additionally, the phrases
DNP and DVP could be included in the ADJP and ADVP
tags, respectively.
On the English side, the occurrence of INTJ is 0%
according to statistics. This evidence shows that we can ignore
the INTJ chunk tag. Additionally, the words belong to a PRT
tag that is always regarded as a VP in Chinese. For example,
(PRT (RP up)) (NP (DET the) (NNS stairs)) is aligned to “上
楼梯” in Chinese where “上” is a VP.
4.1.2. IBO2 Chunk Tag. There are many ways to encode
the phrase structure of a chunk tag, such as IBO1, IBO2,
IOE1, and IOE2 [13]. The one used in this study is the
IBO2 encoding. This format ensures that all initial words
of different base phrases will receive a B tag, which is able
to identify the boundaries of each chunk. In addition, two
boundary types are defined as follows:
(i) B-X: represents the beginning of a chunk X;
(ii) I-X: indicates a noninitial word in a phrase X;
(iii) O: any words that are out of the boundary of any
chunks.
Hence, the input Chinese sentence can be represented
using these notations as follows:
去年 (NP-B) 实现 (VP-B) 进出口 (NP-B) 总值 (NPI) 达 (VP-B) 一 千 零 九 十 八 点 二 亿 (NP-B) 美 元
(NP-I) ∘ (O)
Based on the above discussion, a tag set that consists
of six universal chunk categories is proposed as shown in
Table 2. While there are a lot of controversies about universal
tags and what the exact tag set should be used, these six
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chunk categories are sufficient to embrace the most frequent
chunk tags that exist in English and Chinese. Furthermore,
a mapping from fine-grained chunk tags for these two kind
languages to the universal chunk set has been developed.
Hence, a dataset consisting of common chunk tag for English
and Chinese is achieved by combining with the original
Treebank data and the universal chunk tag set and mapping
between these two languages.
4.2. Chunk Induction. The label distribution of Chinese word
types 𝑥 can be computed by marginalizing the chunk tag
distribution of trigram types 𝑐𝑖 = 𝑥−1 𝑥0 𝑥+1 over the left and
right context as follows:
𝑝 (𝑦 | 𝑥) =

∑𝑥−1 𝑥+1 𝑞𝑖 (𝑦)
∑𝑥−1 𝑥+1 ,𝑦 𝑞𝑖 (𝑦 )

.

(6)

Then a set of possible tags 𝑡𝑥 (𝑦) is extracted through a way
that eliminates labels whose probability is below a threshold
value 𝜏:
1
𝑡𝑥 (𝑦) = {
0

if 𝑝 (𝑦 | 𝑥) ≥ 𝜏
otherwise.

(7)

The way how to choose 𝜏 will be described in Section 5.
Additionally, the vector 𝑡𝑥 will cover every word in the
Chinese trigram types and will be employed as features in the
unsupervised Chinese shallow parsing.
Similar to the work of [14, 15], our chunk induction
model is constructed on the feature-based hidden Markov
model (HMM). A chunking HMM generates a sequence
of words in order. In each generation step, based on the
current chunk tag 𝑧𝑖 conditionally, an observed word 𝑥𝑖 and a
hidden successor chunk tag 𝑧𝑖+1 are generated independently.
There are two types of conditional distributions in the
model, emission and transition probabilities, which are both
multinomial probability distributions. Given a sentence 𝑥 and
a state sequence 𝑧, a first-order Markov model defines a joint
distribution as
𝑃𝜃 = (𝑋 = 𝑥, 𝑍 = 𝑧) = 𝑃𝜃 (𝑍1 = 𝑧1 )
|𝑥|

⋅ ∏𝑃𝜃 (𝑍𝑖+1 = 𝑧𝑖+1 | 𝑍𝑖 = 𝑧𝑖 )

(8)

𝑖=1

⋅ 𝑃𝜃 (𝑋𝑖 = 𝑥𝑖 | 𝑍𝑖 = 𝑧𝑖 ) ,
where the second part represents the transition probability
and the following part is emission probability, which is
different from the conventional Markov model where the
feature-based model replaces the emission part with a loglinear model, such that
𝑃𝜃 (𝑋 = 𝑥, 𝑍 = 𝑧) =

exp 𝜃Τ 𝑓 (𝑥, 𝑧)
,
∑𝑥 ∈Val(𝑋) exp 𝜃Τ 𝑓 (𝑥, 𝑧)

(9)

which corresponds to the entire Chinese vocabulary.
The advantage of using this locally normalized loglinear model is the ability of looking at various aspects of

Table 3: Feature template used in unsupervised chunking.
Basic:
Contains digit:

(𝑥=, 𝑧 = )
check if x contains digit and conjoin with 𝑧
(contains digit(𝑥)=, 𝑧 = )

Contains hypen: contains hypen(𝑥)=, 𝑧 =
indicator features for character suffixes of up to
Suffix:
length 1 present in 𝑥
indicator features for character prefixes of up to
Prefix:
length 1 present in 𝑥
Pos tag:
indicator feature for word POS assigned to 𝑥

the observation 𝑥 incorporating features of the observations.
Then the model is trained by applying the following objective
function:
𝑁

L (𝜃) = ∑ log ∑ 𝑃 (𝜃) (𝑋 = 𝑥(𝑖) , 𝑍 = 𝑧(𝑖) ) − 𝐶‖𝜃‖2 . (10)
𝑖=1

𝑍

It is worth noting that this function includes marginalizing out all the sentence 𝑥’s and all possible configurations
𝑧, which leads to a nonconvex objective. We optimize this
objective function by using L-BFGS, a quasi-Newton method
proposed by Liu and Nocedal [16]. The evidences of past
experiments show that this direct gradient algorithm performed better than using a feature-enhanced modification of
the EM (expectation-maximization).
Moreover, this state-of-the-art model also has an advantage that makes it easy to experiment with various ways
of incorporating the constraint feature into the log-linear
model. This feature function 𝑓𝑡 consists of the relevant
information extracted from the smooth graph and eliminates
the hidden states which are inconsistent with the threshold
vector 𝑡𝑥 .
4.3. Unsupervised Chunking Features. The feature selection
process in the unsupervised chunking model does affect the
identification result. Feature selection is the task to identify
an optimal feature subset that best represents the underlying
classification problem, through filtering the irrelevant and
redundant ones. Unlike the CoNLL-2000, we shared supervised chunking task which is using WSJ (the Wall Street
Journal) corpus as background knowledge to construct the
chunking model. Our corpus is composed of only words
which do not contain any chunk information that enables us
to form an optimal feature subset for the underlying chunk
pattern. We use the set of features as the following feature
templates. These are all coarse features on emission contexts
that are extracted from words with certain orthographic
properties. Only the basic feature is used for transitions. For
any emission context with word 𝑥 and tag 𝑧, we construct the
following feature templates as shown in Table 3.
Box 1 illustrates the example about the feature subset.
The feature set of each word in a sentence is a vector of
6 dimensions, which are the values of the corresponding
features and the label indicates which kind of chunk label
should the word belong to.
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Sentence: 中国/NR/NP-B 建筑业/NN/NP-I 对/P/PP-B
外/NN/NP-B 开放/VV/VP-B 呈现/VV/VP-B 新/JJ/NPB 格局/NN/NP-I ∘
Word: 建筑业
Instance: (建筑业, NP-I), (N, NP-I), (N, NP-I), (建),
(业), NN
Box 1: Example of feature template.

5. Experiments and Results

Table 4: (a) English-Chinese parallel corpus. (b) Graph instance. (c)
Chinese unlabeled dataset: CTB7 corpora.

Before presenting the results of our experiments, the evaluation metrics, the datasets, and the baselines used for
comparisons are firstly described.
5.1. Evaluation Metrics. The metrics for evaluating NP
chunking model constitute precision rate, recall rate, and
their harmonic mean 𝐹1 -score. The tagging accuracy is
defined as

(a)

Number of sentence pairs Number of seeds
10,000
27,940
(b)

Number of sentences
17,617

Tagging Accuracy
=

The number of correct tagged words
.
The number of words

(11)

Precision
The number of correct proposed tagged words
.
The number of correct chunk tags
(12)

Recall measures the percentage of NP chunks presented
in the input sentence that are correctly identified by the
system. Recall is depicted as below
Recall =

The number of correct proposed tagged words
.
The number of current chunk tags
(13)

The 𝐹-measure illustrates a way to combine previous two
measures into one metric. The formula of 𝐹-sore is defined as
𝐹𝛽-score =

(𝛽2 + 1) × Recall × Precision
𝛽2 × Recall + Precision

Number of vertices
185,441
(c)

Precision measures the percentage of labeled NP chunks
that are correct. The number of correct tagged words includes
both the correct boundaries of NP chunk and the correct
label. The precision is therefore defined as

=

Number of words
31,678

,

(14)

where 𝛽 is a parameter that weights the importance of recall
and precision; when 𝛽 = 1, precision and recall are equally
important.
5.2. Dataset. To facilitate bilingual graph construction and
unsupervised chunking experiment, two kinds of data sets are
utilized in this work: (1) monolingual Treebank for Chinese
chunk induction and (2) large amounts of parallel corpus

Dataset
Training dataset
Testing dataset

Source
Xinhua 1–321
Xinhua 363–403

Number of sentences
7,617
912

of English and Chinese for bilingual graph construction and
label propagation. For the monolingual Treebank data we rely
on Penn Chinese Treebank 7.0 (CTB7) [12]. It consists of over
one million words of annotated and parsed text from Chinese
newswire, magazines, various broadcast news, and broadcast
conversation programs, web newsgroups, and weblogs. The
parallel data came from the UM corpus [17], which contains
100,000 pair of English-Chinese sentences. The training
and testing sets are defined for the experiment and their
corresponding statistic information is shown in Table 4. In
addition, Table 4 also shows the detailed information of data
used for bilingual graph construction including the parallel
corpus for the tag projection and the label propagation of
Chinese trigram.
5.3. Chunk Tagset and HMM States. As described, the universal chunk tag set is employed in our experiment. This
set 𝑈 consists of the following six coarse-grained tags: NP
(noun phrase), PP (prepositional phrase), VP (verb phrase),
ADVP (adverb phrase), ADJP (adjective phrase), and SBAR
(subordinating conjunction). Although there might be some
controversies about the exact definition of such a tag set, these
6 categories cover the most frequent chunk tags that exist in
one form or another in both of English and Chinese corpora.
For each kind of languages under consideration, a mapping from the fine-grained language specific chunk tags in the
Treebank to the universal chunk tags is provided. Hence, the
model of unsupervised chunking is trained on the datasets
labeled with the universal chunk tags.
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Table 5: Chunk tagging evaluation results for various baselines and
proposed graph-based model.
Feature-HMM
Pre Rec
F1
NP
0.60 0.67 0.63
VP
0.56 0.51 0.53
PP
0.36 0.28 0.32
ADVP 0.40 0.46 0.43
ADJP 0.47 0.53 0.50
SBAR 0.00 0.00 0.00
All
0.49 0.51 0.50
Tag

Projection
Pre Rec F1
0.67 0.72 0.68
0.61 0.57 0.59
0.44 0.31 0.36
0.45 0.52 0.48
0.48 0.58 0.51
0.50 1.0 0.66
0.57 0.62 0.59

Graph-based
Pre Rec
F1
0.81 0.82 0.81
0.78 0.74 0.76
0.60 0.51 0.55
0.64 0.68 0.66
0.67 0.71 0.69
0.50 1.0 0.66
0.73 0.75 0.74

In this work, the number of latent HMM states for
Chinese is fixed to be a constant, which is the number of the
universal chunk tags.
5.4. Various Models. To comprehensively probe our approach
with a thorough analysis, we evaluated two baselines in
addition to our graph-based algorithm. We were intentionally
lenient with these two baselines.
(i) Feature-HMM. The first baseline is the vanilla featureHMM proposed by [9], which apply L-BFGS to estimate the
model parameters and use a greedy many-to-1 mapping for
evaluation.
(ii) Projection. The direct projection serves as a second baseline. It incorporates the bilingual information by projecting
chunk tags from English side to the aligned Chinese texts.
Several rules were added to fix the unaligned problem. We
trained a supervised feature-HMM with the same number of
sentences from the bitext as it is in the Treebank.
(iii) Our Graph-Based Model. The full model uses both
stages of label propagation (3) before extracting the constrain
features. As a result, the label distribution of all Chinese word
types was added in the constrain features.
5.5. Experimental Setup. The experimental platform is implemented based on two toolkits: Junto [18] and Ark [14,
15]. Junto is a Java-based label propagation toolkit for the
bilingual graph construction. Ark is a Java-based package for
the feature-HMM training and testing.
In the feature-HMM training, we need to set a few
hyperparameters to minimize the number of free parameters
in the model. 𝐶 = 1.0 was used as regularization constant
in (10) and trained L-BFGS for 1,000 iterations. Several
threshold values for 𝜏 to extract the vector 𝑡𝑥 were tried and it
was found that 0.2 works best. It indicates that 𝜏 = 0.2 could
be used for Chinese trigram types.
5.6. Results. Table 5 shows the complete set of results. As
expected, the projection baseline is better than the featureHMM for being able to benefit from the bilingual information. It greatly improves upon the monolingual baseline
by 12% on 𝐹1 -score. Comparing among the unsupervised

approaches, the feature-HMM achieves only 50% of 𝐹1 score on the universal chunk tags. Overall, the graph-based
model outperforms these two baselines. That is to say, the
improvement of feature-HMM with the graph-based setting
is statistically significant with respect to other models. Graphbased modal performs 24% better than the state-of-theart feature-HMM and 12% better than the direct projection
model.

6. Conclusion
This paper presents an unsupervised graph-based Chinese
chunking by using label propagation for projecting chunk
information across languages. Our results suggest that it is
possible for unlabeled text to learn accurate chunk tags from
the bitext, the data which has parallel English text. In the
feature, we propose an alternative graph-based unsupervised
approach on chunking for languages that are lacking readyto-use resource.
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A novel decision making for intelligent agent using quantum-inspired approach is proposed. A formal, generalized solution to the
problem is given. Mathematically, the proposed model is capable of modeling higher dimensional decision problems than previous
researches. Four experiments are conducted, and both empirical experiments results and proposed model’s experiment results are
given for each experiment. Experiments showed that the results of proposed model agree with empirical results perfectly. The
proposed model provides a new direction for researcher to resolve cognitive basis in designing intelligent agent.

1. Introduction
Decision making model is crucial to build successful intelligent agent. Therefore, study of decision making model plays
a key role in order to improve performance of intelligent
agent. Traditionally, decision making model is represented
and implemented by employing Bayesian or Markov process
[1, 2]. However, traditional methods usually introduce biases
problems in designing stage. And many empirical findings in
cognitive science in recent years have indicated that human
usually violates “rational decisions” which are produced
by traditional methods [3–6]. Hence, many researchers in
cognitive science, psychology, neuroscience, and artificial
intelligence have proposed different explanations to complete
traditional methods [7–9]. However, none of the explanations
is able to resolve all human’s violations of “rational decisions”
completely.
There are two major violations of “rational decision”
found in previous studies: “sure thing principle” and “order
effects.” The sure thing principle claims that human should
prefer 𝐴 over 𝐵 if 𝐴 is always better than 𝐵 in world 𝑊.
This principle was tested by Tversky and Shafir [10] in a
simple two-stage gambling experiment and showed violation
to the principle. The order effect argues that human’s decision pattern violates a fundamental requirement of classical

probability theory: Pr(𝐴 ∩ 𝐵 | 𝐶) = Pr(𝐵 ∩ 𝐴 | 𝐶)
which implies Pr(𝐶 | 𝐴 ∩ 𝐵) = Pr(𝐶 | 𝐵 ∩ 𝐴) according
to Bayesian rule [9]. The violations of “rational decision”
are recognized as “wrong decisions” or “stupid decisions” in
some game theorists’ perspective. For example, the violation
of the sure thing principle is an obvious wrong decision
theoretically. However, people usually choose differently even
though they completely understand the risks and benefits
in the certain scenario such as [10]. And the order effect
challenges the classical theory even more fundamentally. The
commutative property is not followed in human decision
making process, which means the analyses based on classical probability theory introduce serious bias of modeling
decision making process. Therefore, the traditional methods
should be enhanced or replaced for modeling and describing
human decision making.
Recently, quantum mechanics inspired explanation of
“rational violation” is proposed and tested [11–13]. It showed
that quantum explanation is able to explain and illustrate
two previously mentioned violations successfully. Essentially,
noncommutative property and superposition principle of
quantum mechanics inspired probability theory are natural
tools to explain the violations. Furthermore, the approach
is also capable to produce “human-like” decision during
simulation [11–14]. “Human-like” in this paper refers to that
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the intelligent agent is able to perform decisions similar
to human in same scenario. On the other hand, previous
researches did not model complex environment and decision
spaces which are practical to implement on intelligent agent.
In this paper, a generalized quantum-inspired decision
making model (QDM) is proposed. QDM helps to extend
previous research findings and model more complicated
decision space. Four experiments are concluded and verified
QDM where the experiment results agree with empirical
almost perfectly. The cognitive biases in decision making
process are resolved in experiments. QDM is expected to
help researches to model real life decision making process
and improve the performance of current intelligent agent for
generating “human-like” decision.
This paper is based on three hypotheses. First, because
QDM is capable to explain violations of “rational decisions”
of human behavior, authors believe that QDM could result
“human-like” decisions. Second, all decisions in a scenario
can be quantified. Third, some parameters are predefined
because the paper is mainly discussing decision making
model. The paper offers a preliminary result of QDM and
its applications. The representation introduced in this paper
has its own advantages and limitations. In future, more
theoretical works of QDM are needed to be explored. An
elegant representation of QDM is also required.
The paper is formatted as follows. Section 2 presents
the methodology and mathematical description. Section 3
showed experiment results to verify the model and finally
Section 4 concludes the paper and discusses future works.
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D, and Player 2 have to select an appropriate decision from
D to respond.
2.1.3. Payoff. Players will receive amount of rewards by performing any decision. A payoff matrix which assigns rewards
to each decision for both players is defined. The payoff matrix
according to two players is necessary to be produced before
the game started in both FTTP and STTP. The received
payoff of a player is determined by utility function or utility
vector. The elements of payoff matrix are not necessarily real
numbers. However, payoff has to be real number due to the
limitation of Hamiltonian operator (explained in Section 2.4).
2.2. Two-Stage Quantum Decision Model. Two-Stage Quantum Decision Model assumes that Player 1 makes a decision 𝑎𝑖
then Player 2 has to react an appropriate decision 𝑏𝑗 .
Let Ψ be the state vector and defined as Ψ = (𝜓1 ,
𝜓2 , . . . , 𝜓𝑖 , . . . , 𝜓𝑁)𝑇 where 𝜓𝑖 = (𝜓𝑖,1 ,𝜓𝑖,2 , . . .,𝜓𝑖,𝑗 , . . . , 𝜓𝑖,𝑀)𝑇 ,
𝑖 ∈ [1, 𝑁], and 𝑗 ∈ [1, 𝑀] and 𝜓𝑖,𝑗 means the state of
performing decision 𝑏𝑗 given 𝑎𝑖 . Furthermore, the state vector
satisfies ∑𝑖∈[1,𝑁],𝑗∈[1,𝑀] |𝜓𝑖,𝑗 |2 = 1, and |𝜓𝑖,𝑗 |2 is the probability
of state 𝜓𝑖,𝑗 according to quantum mechanics. A noted fact is
that the order of elements does matter in this paper.
Before the game starts, set the initial state Ψ0 as

Ψ0 =

1
√𝑁 × 𝑀

1
1
( ... ) ,

2. Methodology
2.1. Environment Setting. In this section, the paper sets two
types of environment for further discussion. In this paper,
authors considered two players involved only in order to
simplify the scenario and establish fundamental analysis of
the topic.
2.1.1. First Type Two Players Game. First Type Two Players
Game (FTTP) contains two characters: Player 1 and Player
2. In this context, at least one of the players is an intelligent
agent which is sufficient to provide and execute necessary
functionalities and make decisions. Mathematically, let A =
{𝑎1 , 𝑎2 , . . . , 𝑎𝑁 | 𝑁 ≥ 1} be the Player 1’s decision space and
B = {𝑏1 , 𝑏2 , . . . , 𝑏𝑀 | 𝑀 = 2𝑚 , 𝑚 ≥ 1} be the Player 2’s
decision space. Elements of A and B can be formed with any
semantic description: names, codes, and so on.
This type of game is used as main scene in the following
sections to describe QDM.
2.1.2. Second Type Two Players Game. Second Type Two
Players Game (STTP) contains two players: Player 1 and
Player 2. In this context, at least one of the players is an
intelligent agent which is sufficient to provide and execute
necessary functionalities and make decisions. Both players
share same decision space D = {𝑑1 , 𝑑2 , . . . , 𝑑𝑀 | 𝑀 =
2𝑚 , 𝑚 ≥ 1}. Similarly, the elements of D can be any semantic
description. During the game, Player 1 will act a decision from

(1)

1
1

where there are 𝑁 × 𝑀 elements in the state vector.
2.2.1. Stage One. Assume Player 1 makes decision 𝑎𝑖 and
Player 2 recognized it successfully; the state vector is transformed to state Ψ1 that rules out other probabilities and only
retains 𝜓𝑖 , and the description of Ψ𝑖 is defined as follows:
0
0
..
)
1 (
( . ),
Ψ1 =
(
)
𝜓
√𝑀
𝑖
..
.
0
( )

(2)

where 𝜓𝑖 = (11 , 12 , . . . , 1𝑀)𝑇 .
2.2.2. Stage Two. According to time-dependent Schrödinger
equation, the time evolution is determined by (3), where 𝜄 is
imaginary unit, defined as 𝜄 = √−1:
𝑑Ψ
= 𝐻 ⋅ Ψ.
𝑑𝑡

(3)

Ψ2 (𝑡) = 𝑒−𝜄⋅𝑡⋅𝐻 ⋅ Ψ1 ,

(4)

𝜄
The solution to (3) is
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where 𝑡 ≥ 0 and Hamiltonian operator 𝐻 is determined by
the sum of two matrices: 𝐻𝐴 , 𝐻𝐵 ∈ R(𝑀×𝑁)×(𝑀×𝑁) :
𝐻 = 𝐻𝐴 + 𝐻𝐵 .

(5)

The detailed description of Hamiltonian operator can be
found in Section 2.4.
State Ψ1 is transformed to Ψ2 by employing (4) with given
time 𝑡. Note that (4) is not a conventional representation
to time-dependent Schrödinger equation. In this paper, the
Plank constant ℎ is omitted. And authors assume that Ψ1 and
Ψ0 are associated with 𝑡 = 0.
2.3. One-Stage Quantum Decision Model. The previous section presented the decision making strategy based on Player
1’s decision. In this section, a one-stage quantum decision
model is described. The model in the section does not require
Player 1’s decision as reference and makes decision directly.
This approach will produce fuzzier result of decisionmaking certainly; however, it is extremely important when
Player 2 is not able to collect enough evidence to perform
two-stage QDM.
The concept of constructing one-stage QDM is same as
Section 2.2.2. Equation (4) is modified to
Ψ2 (𝑡) = 𝑒−𝜄⋅𝑡⋅𝐻𝜓0 .

(6)

Equation (6) indicates that the state Ψ0 is directly transformed to Ψ2 without knowing Ψ1 and it seems unreasonable.
In fact, (6) can be viewed as the summarization of all
possible Ψ1 due to superposition principle. The interpretation
is showed as follows:
Ψ2 (𝑡) = 𝑒−𝜄⋅𝑡⋅𝐻 ⋅

1
( ∑ Ψ )
√𝑁 𝑖∈[1,𝑁] 1𝑖

1
=
∑ 𝑒−𝜄⋅𝑡⋅𝐻Ψ1𝑖 ,
√𝑁 𝑖∈[1,𝑁]

(7)

2.4.1. 𝐻𝐴. 𝐻𝐴 is a diagonal matrix where 𝐻𝐴 = (𝐻𝐴,𝑎1 ,
𝐻𝐴,𝑎2 , . . . , 𝐻𝐴,𝑎𝑁 ) rotates the state to the desired decision
according to Player 1’s decision, and 𝐻𝐴,𝑎𝑖 ∈ R𝑀×𝑀 is defined
as a edited Hadamard transform:

where 𝑚 is same as the 𝑚 defined in Section 2.1.

1
1
.. ) ,
.

(8)

(9)

𝑢𝑖

where 𝑢𝑖 is the received payoff of Player 2 given 𝑎𝑖 according
to utility function or utility vector of Player 2.
Therefore, 𝐻𝐴,𝑎𝑖 is defined as
𝐻𝐴,𝑎𝑖 =

1
√𝑢𝑖2 + 2𝑚 − 1

𝑈 ∘ 𝐻𝑚 ,

(10)

where 1/√𝑢𝑖2 + 2𝑚 − 1 is a scalar and “∘” represents entrywise
product.
2.4.2. 𝐻𝐵 . 𝐻𝐵 exists in STTP only. In FTTP, 𝐻𝐵 is set as null
matrix. Cognitive Science findings suggest that if Player 1
chooses an action, Player 1 would tend to think that Player
2
2
2 will choose the same decision; 𝐻𝐵 ∈ R𝑀 ×𝑀 is constructed

| 𝐻𝑖 ∈ R𝑀×𝑀}.
in a special way. Let 𝐻𝐵 = {𝐻1 , 𝐻2 , . . . , 𝐻𝑀

For each 𝐻𝑖 , it follows certain rules.
(i) 𝐻𝑖 is a symmetric matrix.
(ii) The 𝑖th row and 𝑖th column of 𝐻𝑖 must be full of 1 s.
(iii) Other than the 𝑖th row, each row contains 𝑀/2
positive 1 s and 𝑀/2 negative 1 s.
2

2

Let 𝐻𝐵0 ∈ R𝑀 ×𝑀 = 0 be the initial matrix. 0 represents
null matrix. Let the index of 𝐻𝑘 be (𝑖1 , 𝑗1 ) and the index of 𝐻𝐵0
be (𝑖2 , 𝑗2 ). Replace 0 in 𝐻𝐵0 as the corresponding element in
𝐻𝑘 using the following relationship:

𝑗2 = (𝑗1 − 1) × 𝑀 + 𝑘.

2.4. Hamiltonian Operator. According to quantum mechanics, Hamiltonian operator in matrix form is required to be a
Hermitian matrix at least for ensuring that 𝑒−𝜄⋅𝑡⋅𝐻 is a unitary
operator. And due to the property of Hermitian matrix, payoff
has to be real number. Hamiltonian is used to rotate the state
vector to the desire basis. A suggested solution of 𝐻𝐴 and 𝐻𝐵
is presented.

1 1
𝐻1 = (
),
1 −1

1 ⋅⋅⋅
𝑢𝑖 ⋅ ⋅ ⋅
..
. d
1 1 ⋅⋅⋅

𝑢𝑖
1
𝑈 = ( ..
.

𝑖2 = (𝑖1 − 1) × 𝑀 + 𝑘,

where Ψ1𝑖 represents that Player 1 makes decision 𝑎𝑖 .

𝐻𝑚−1
𝐻
),
𝐻𝑚 = ( 𝑚−1
𝐻𝑚−1 −𝐻𝑚−1

An adjust matrix 𝑈 ∈ R𝑀×𝑀 is defined as

(11)

Employing (11) to every 𝑘 ∈ [1, 𝑀]. Normalizing the final
product from above,
𝐻𝐵 =

−𝛾
𝐻 ,
√𝑀 𝐵0

(12)

where −𝛾/√𝑀 is a scalar and 𝛾 is a constant.
2.5. Payoff Matrix and Utility Function. As the paper discussed previously, payoff matrix and corresponding utility
function/vector are necessary to be produced and affect
the result fundamentally. Some suggestions of settings are
presented in this section.
The concepts of payoff matrix and utility function/vector
are borrowed from Game Theory, which are useful to represent decision space in two dimensions. Payoff matrix, for
certain purposes, can be abstracted and estimated from environment. Utility function is used to calculate the expected
payoff of a player. There are many ways to perform this
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function in Game Theory and reinforcement learning. Utility
function/vector may be learned during training process. A
reliable utility function/vector would increase the robustness
of QDM.
Usually, payoff matrix is easy to define or estimate. On
the other hand, although utility function has well definition
in Game Theory, the actual received payoff is different
from mathematical formalization. For example, a famous
hypothesis in Game Theory is that every participant in the
game is “evil.” Altruism, an important factor of humanity,
on the contrary, is rarely mentioned. Involving “altruistic”
factor to adjust utility function may help model produce more
“human-like” decision.

3. Experiment Results
3.1. Prisoner’s Dilemma. Prisoner’s Dilemma is a canonical
Game Theory problem which has been used in discussing and
analyzing human behavior and decision making. The payoff
matrix is described in Table 1. The Nash Equilibrium suggests
that both parties have to defect in standard Game Theory.
However, empirical studies argue differently.
Table 2 presented several well-known empirical studies
on Prisoner’s Dilemma. By employing proposed model,
experiment result showed that quantum-inspired decision
making model matches Prisoner’s Dilemma almost perfectly.
The experiment is set as follows.
(i) The state vector Ψ = (𝜓1,1 , 𝜓1,2 , 𝜓2,1 , 𝜓2,2 )𝑇 , where 1
represents “defect” and 2 represents “cooperate.”
(ii) Initial state Ψ0 = 1/2(1, 1, 1, 1)𝑇 .
(iii) If Player 1 chooses “defect,” the state vector changes to
Ψ1 = 1/√2(1, 1, 0, 0)𝑇 ; if Player 1 chooses “cooperate,”
the state vector changes to Ψ1 = 1/√2(0, 0, 1, 1)𝑇 .
(iv) Rotation matrix 𝐻 is equal to
𝑢
1
𝐻=
(
0
2
√1 + 𝑢
0
1

1
−𝛾 0
(
+
√2 1
0

0
−1
0
1

1
−𝑢
0
0
1
0
−1
0

0
0
𝑢
1

0
0
)
1
−𝑢

0
1
).
0
1

Table 1: Payoff matrix of Prisoner’s Dilemma.

Other defects
Other cooperate

Your defect
Other: 10, You: 10
Other: 5, You: 25

Your cooperate
Other: 25, You: 5
Other: 20, You: 20

(iii) By unknown Player 1’s decision, the probability vector
is (0.5653, 0.4347) for the (𝑝1 , 𝑝2 ).
Therefore, the probability of Player 2’s decision, in this
case, “defect,” is (0.8052, 0.6483, 0.5653) for the (known
“defect”, known “cooperate”, unknown). The average result of
empirical studies is (0.84, 0.66, 0.55). The model produced the
similar result to average result of empirical studies in Table 2.
3.2. Splitting Money Game. Splitting Money Game is also
a frequently used example in Game Theory. The game is
described as follows. You and your friend are splitting 7
dollars. Your friend makes an offer to you from 0 dollar to
7 dollars, such as 3 dollars or 5 dollars. If you accept the offer,
then you will receive such dollars, and your friend will take
the rest. However, if you reject the offer, you and your friend
both will receive nothing, and the money will be donated. The
payoff matrix is showed in Table 3.
An online anonymous survey of this game has been
conducted and received 302 respondents. The result is showed
in Table 4.
The experiment is set as follows.
(i) The state vector Ψ = (𝜓1,1 , 𝜓1,2 , 𝜓2,1 , . . . , 𝜓8,2 )𝑇 , where
in 𝜓𝑖,𝑗 , 𝑖 represents offer (𝑖 − 1)$, and 𝑗 represents
“accept”(1) or “reject”(2).
(ii) Initial state Ψ0 = 1/4(1, 1, . . . , 1)𝑇 .
(iii) Stage vector for offer 𝑖 is Ψ1 = 1/√2(0, 0, . . . , 1,
1, . . . , 0)𝑇 .
(iv) Rotation matrix 𝐻 is diagonal matrix (𝐻𝐴,1 , . . . ,
𝐻𝐴,8 ):

(13)

(v) Set 𝑢 = 0.51 and 𝛾 = 2.09 with 𝑡 = 𝜋/2 [11].
By performing the settings above, the experiment concludes the following result.
(i) By known Player 1 choosing “defect,” the probability vector is (0.4505, 0.1556, 0.3552, 0.3887) for the
(𝑝1,1 , 𝑝1,2 , 𝑝2,1 , 𝑝2,2 ) where 𝑝𝑖,𝑗 indicates the probability of choosing 𝑗 according to 𝑖.
(ii) By known Player 1 choosing “cooperate,” the probability vector is (0.0904, 0.3034, 0.5583, 0.0478) for the
(𝑝1,1 , 𝑝1,2 , 𝑝2,1 , 𝑝2,2 ).

𝐻𝐴,𝑖 =

1
√1 +

𝑢𝑖2

𝑢 1
( 𝑖
).
1 −𝑢𝑖

(14)

(v) Set utility vector as u = (−0.41, −0.39, −0.32, 0.19,
0.38, 0.11, 0.05, 0.04) where the elements of u are
corresponding to 𝑢𝑖 in order and 𝑡 = 𝜋/2.
By performing the setting above, the experiment concludes the following results.
(i) For known different offers, experiment produces a
probability vector for choosing “accept” by Player 2:
(0.1490, 0.1615, 0.2097, 0.6834, 0.8321, 0.6087, 0.5499,
0.5399).
(ii) For known different offers, experiment produces a
probability vector for choosing “reject” by Player 2:
(0.8510, 0.8385, 0.7903, 0.3166, 0.1679, 0.3913, 0.4501,
0.4601).
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Table 2: Empirical studies and experiment results using QDM on Prisoner’s Dilemma (the probability indicates that Player 2 chooses “defect”
by known “defect,” “cooperate,” or “unknown”).
Known defect
97%
83%
67%
91%
84%
81%

Shafir and Tversky [3]
Li and Taplin [4]
Croson [15]
Buesmeyer et al. [16]
Average of above
QDM

Known cooperate
84%
66%
32%
84%
66%
65%

Unknown
63%
60%
30%
66%
55%
57%

Table 3: Payoff matrix of Splitting Money Game.
Offer
Accept
Reject

0$
You: 0$
Other: 7$
You: 0$
Other: 0$

1$
You: 1$
Other: 6$
You: 0$
Other: 0$

2$
You: 2$
Other: 5$
You: 0$
Other: 0$

3$
You: 3$
Other: 4$
You: 0$
Other: 0$

4$
You: 4$
Other: 3$
You: 0$
Other: 0$

5$
You: 5$
Other: 2$
You: 0$
Other: 0$

6$
You: 6$
Other: 1$
You: 0$
Other: 0$

7$
You: 7$
Other: 0$
You: 0$
Other: 0$

Table 4: The Game Theory prediction, survey result, and experiment results using QDM on Splitting Money Game.

Game Theory accept
Game Theory reject
Survey accept
Survey reject
QDM accept
QDM reject

0$
100%
0%
15.19%
84.81%
14.90%
85.10%

1$
100%
0%
16.19%
83.81%
16.15%
83.85%

2$
100%
0%
21.28%
78.72%
20.97%
79.03%

3$
100%
0%
68.42%
31.58%
68.34%
31.66%

(iii) For unknown offer, the probability vector is
(0.4668, 0.5332) for choosing “accept” and “reject,”
respectively.
3.3. The Price Is Right? The Price is Right is a game where participants need to choose the same price as opponent’s choice
in order to win. The description of the game is given as
follows. Las Vegas proposed a new game. The dealer will give
you four cards, and each card has a price on it; for example,
card 1 is 1000$, card 2 is 2000$, and so on. Before the game
starts, dealer would write down a price from one of the cards
secretly and then save it in an envelope; witness would make
sure nobody can touch the envelope during the game. Now
the game started; you need to choose one of the cards. After
you made your choice, witness will open the envelope and
dealer will judge the result according to the following rules.
(1) If the price of the card you chose is same as the price
which is written, you win the such amount of money.
For example, you choose a card with 1000$, and dealer
also wrote 1000$. You will win 1000$.
(2) If the price of the card you chose is different from
the price that is written, you will lose. And you will
be judged as loser, and you need to pay half of the
difference. For example, you choose the card with

Offer
4$
100%
0%
82.58%
17.42%
83.21%
16.79%

5$
100%
0%
61.07%
38.93%
60.87%
39.13%

6$
100%
0%
54.96%
45.04%
54.99%
45.01%

7$
100%
0%
54.42%
45.58%
53.99%
46.01%

Unknown
100%
0%
46.90%
53.10%
46.68%
53.32%

1000$, but the dealer wrote 4000$ instead, then you
need to pay (4000 − 1000)/2 = 1500$ to the dealer.
The payoff matrix of The Price is Right is presented in
Table 5. An online anonymous survey of this game has been
conducted and received 72 respondents. The result is showed
in Table 6.
The experiment is set as follows.
(i) The state vector Ψ = (𝜓1,1 , 𝜓1,2 , 𝜓1,3 , 𝜓1,4 , . . . , 𝜓4,4 )𝑇 ,
where in 𝜓𝑖,𝑗 .
(ii) Initial state Ψ0 = 1/4(1, 1, . . . , 1)𝑇 .
(iii) First stage vector for different 𝑖 is Ψ1 = 1/2(0, 0, . . . ,
1, 1, 1, 1 . . . , 0).
(iv) Rotation matrix 𝐻 is sum of diagonal matrix 𝐻𝐴 =
(𝐻𝐴,1 , . . . , 𝐻𝐴,4 ) and 𝐻𝐵 .
(a) For 𝐻𝐴,
𝐻𝐴,𝑖 =

1
√1 +

𝑢𝑖2

𝑢 1
( 𝑖
).
1 −𝑢𝑖

(15)
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Table 5: Payoff matrix of The Price is Right.

Offer

1000$
You: 1000$
Dealer: −1000$
You: −500$
Dealer: 500$
You: −1000$
Dealer: 1000$
You: −1500$
Dealer: 1500$

1000$
2000$
3000$
4000$

2000$
You: −500$
Dealer: 500$
You: 2000$
Dealer: −2000$
You: −500$
Dealer: 500$
You: −1000$
Dealer: 1000$

3000$
You: −1000$
Dealer: 1000$
You: −500$
Dealer: 500$
You: 3000$
Dealer: −3000$
You: −500$
Dealer: 500$

4000$
You: −1500$
Dealer: 1500$
You: −1000$
Dealer: 1000$
You: −500$
Dealer: 500$
You: 4000$
Dealer: −4000$

Table 6: The Game Theory prediction, survey result, and experiment results using QDM on The Price is Right.
Offer
1000$
13.89%
15.12%

Survey’s choice
QDM choice

2000$
20.83%
16.64%

(b) For 𝐻𝐵 ,
1
1
−1
−1

1
−1
1
−1

1
−1
),
−1
1

−1
1
𝐻2 (
1
−1

1
1
1
1

1
1
−1
−1

−1
1
),
−1
1

1
−1

𝐻3 (
1
−1

−1
1
1
−1

1
1
1
1

−1
−1
),
1
1

1
−1
(
−1
1

−1
1
−1
1

−1
−1
1
1

1
1
).
1
1

𝐻1

𝐻4

1
1
(
1
1

(16)

(v) Set utility vector as u = (0.25, −2.225, −7, 5) where the
elements of u are corresponding to 𝑢𝑖 in order 𝛾 =
2.09 and 𝑡 = 𝜋/2.
By performing the setting above, the experiment concludes the following results.
(i) For choosing 1000$ : 0.1512.
(ii) For choosing 2000$ : 0.1664.
(iii) For choosing 3000$ : 0.4572.
(iv) For choosing 4000$ : 0.2252.
3.4. A Sheriff ’s Dilemma. A Sheriff ’s Dilemma is a classic
Bayesian Game in Game Theory. A Bayesian Game introduces multiple payoff matrices with corresponding probability to describe the scenario. The description of the game is

3000$
44.44%
45.72%

4000$
20.83%
22.52%

presented as follows. You, the sheriff, are facing a suspect.
The suspect has a gun. You are pointing at each other, and
now, you need to make the decision whether you are going
to shoot him (assume there is no way to talk). The suspect
has a possibility to be the criminal, but also can be innocent.
Here, let us say it is half and half, which means that you cannot
really tell whether the suspect is a criminal or innocent. The
criminal would rather shoot even if the sheriff does not, as the
criminal would be caught if he does not shoot. The innocent
suspect would rather not shoot even if the sheriff shoots. The
payoff matrix is presented in Table 7.
An online anonymous survey of this game has been
conducted and received 89 respondents. The result is showed
in Table 8.
The experiment is set as follows.
(i) The state vector Ψ = (𝜓1,1 , 𝜓1,2 , 𝜓2,1 , . . . , 𝜓4,2 )𝑇 , where
in 𝜓𝑖,𝑗 .
(a) When 𝑖 = 1, 2, 1 represents “shoot” and 2
represents “not shoot” when suspect is innocent.
(b) When 𝑖 = 3, 4, 3 represents “shoot” and 4 represents “not shoot” when suspect is a criminal.
(c) When 𝑗 = 1, 2, 1 represents “shoot” and 2
represents “not shoot” for sheriff.
(ii) Initial state Ψ0 = 1/2√2(1, 1, . . . , 1)𝑇 .
(iii) First stage vector for different 𝑖 is Ψ1 = 1/√2(0, 0, . . . ,
1, 1, . . . , 0).
(iv) Rotation matrix 𝐻 is a diagonal matrix (𝐻𝐴,1 , . . . ,
𝐻𝐴,4 ):
𝐻𝐴,𝑖 =

1
√1 +

𝑢𝑖2

𝑢 1
( 𝑖
).
1 −𝑢𝑖

(17)

(v) Set utility vector as u = (0.3, −0.29, 0.7, −0.15) where
the elements of u are corresponding to 𝑢𝑖 in order and
𝑡 = 𝜋/2.
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Table 7: Payoff matrix of A Sheriff ’s Dilemma.

If the suspect is innocent
Shoot
You: −3
Suspect: −1
You: −2
Suspect: −1

Shoot
Not Shoot
∗

Not Shoot
You: −1
Suspect: −2
You: 0
Suspect: 0

Shoot
Not Shoot

If the suspect is a criminal
Shoot
You: 0
Suspect: 0
You: −2
Suspect: −1

Not Shoot
You: 2
Suspect: −2
You: −1
Suspect: −1

The row is sheriff ’s decisions; column is suspect’s decisions.

Table 8: The Game Theory prediction, survey result, and experiment results using QDM on A Sheriff ’s Dilemma.

Survey shoot
Survey not shoot
QDM shoot
QDM not shoot

Known suspect shoot
88.76%
11.24%
87.52%
12.48%

Known suspect not shoot
26.97%
73.03%
29.29%
70.71%

By performing the setting above, the experiment concludes the following results.
(i) For known suspect shoot, experiment produces a
probability for choosing shoot by sheriff which is
0.8752.
(ii) For known suspect not shoot, experiment produces a
probability vector for choosing shoot by sheriff which
is 0.2929.
(iii) For unknown suspect shoot/not shoot, experiment
produces a probability vector for choosing shoot by
sheriff which is 0.5827.

4. Conclusions and Future Works
This paper introduced a generalized quantum-inspired decision making model for intelligent agent. And the proposed
model is verified by four experiments successfully. The model
is aiming to provide a tool for intelligent agent to perform
“human-like” decision instead of “machine-like” decision.
Even though this paper limits the setting between two players,
two-dimensional decision spaces are in fact the foundation of
multiagents environment. Furthermore, the presented model
is able to model much more complex and larger decision
space than previous researches.
Some future works are considered. The first problem is
that the number of decisions does not always follow 2𝑚 ,
and how to disable one or more necessary dimensions is
fairly important to study. Second, since the payoff matrix
and utility function affect the results fundamentally, the
study of both may improve the performance of the model.
Third, more social studies and empirical results on human
decision making are needed; they are used for adjusting and
improving the model. Fourth, the performance of the model
in multiagents environment is worthy of being studied.

Unknown suspect shoot/not shoot
61.80%
38.20%
58.27%
41.73%
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Cooperative communication (CC) is used in topology control as it can reduce the transmission power and expand the transmission
range. However, all previous research on topology control under the CC model focused on maintaining network connectivity and
minimizing the total energy consumption, which would lead to low network capacity, transmission interruption, or even network
paralysis. Meanwhile, without considering the balance of energy consumption in the network, it would reduce the network lifetime
and greatly affect the network performance. This paper tries to solve the above problems existing in the research on topology control
under the CC model by proposing a power assignment (DCCPA) algorithm based on dynamic cooperative clustering in cooperative
ad hoc networks. The new algorithm clusters the network to maximize network capacity and makes the clusters communicate with
each other by CC. To reduce the number of redundant links between clusters, we design a static clustering method by using Kruskal
algorithm. To maximize the network lifetime, we also propose a cluster head rotating method which can reach a good tradeoff
between residual energy and distance for the cluster head reselection. Experimental results show that DCCPA can improve 80%
network capacity with Cooperative Bridges algorithm; meanwhile, it can improve 20% network lifetime.

1. Introduction
Wireless ad hoc networks consist of wireless nodes that can
communicate with one another in the absence of a fixed
infrastructure. There are three important issues in wireless
ad hoc networks. The first is network connectivity. The
network is connected if any two nodes can communicate
with each other in a network. It is much more difficult to
ensure that two nodes connect in a wireless network than
in a wired network because of the instable wireless channel,
signal attenuation, and so on. Network connectivity is closely
related to the node transmission power. The greater the node
transmission power, the better the network connectivity [1].
The second is energy consumption. Wireless nodes have a
limited operational time as they are battery powered [2]. It
is nearly impossible for the battery at nodes to be recharged
or replaced; thus, energy efficiency is crucial in wireless ad
hoc networks. The key difference between wireless ad hoc
networks and conventional communication structures, from
the designer’s point of view, lies in the power assignment

model [3]. The energy consumption of a single node is
proportional to the transmission power it assigned. The
greater transmission radius of a node means that it requires
higher transmission power. We evaluate the energy efficiency
by two parameters: total energy consumption and network
lifetime. The third is network capacity which is simply defined
as the amount of data transmitted in a certain period of time.
Future mobile wireless communication networks must be
able to bear high-speed, highly efficient business processes
if it is to support multimedia business featured by realtime and a large amount of data. Two main factors affect
the network capacity: the transmission power and the radio
interference caused by simultaneous transmission. According
to typical Shannon theorem, the greater the transmission
power, the greater the network capacity [4]. That is, there
is a compromised relationship between reducing energy
consumption and increasing network capacity.
Topology control is one of the most important techniques used in wireless ad hoc networks to reduce energy
consumption or increase network capacity on the premise
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Figure 1: Interference in a sparse network (resulting topology graph
in Cooperative Bridges).

of maintaining connectivity by adjusting the transmission
power [1]. However, the actual wireless network is difficult
to be fully connected initially, making the topology control
to operate poorly, so some researchers introduce cooperative
communication to apply in topology control to solve this
problem [5].
Cooperative communication is a new wireless communication technology which allows single-antenna terminal
devices to share their physical resources to communicate in
a multiuser environment. It forms a virtual antenna array
by utilizing the broadcast feature of a signal [6, 7], which
achieves resource sharing and expands the coverage of network through mutual cooperation [8]. It is called cooperative
ad hoc networks after using cooperative communication in
wireless ad hoc networks. Energy consumption and network
capacity issues are still very important in cooperative ad hoc
networks. The previous works [2, 5, 9] mainly study the
topology control problem in cooperative ad hoc networks
to minimize the energy consumption and guarantee the
network connectivity by constructing a sparse graph. They
ignore the network capacity efficiency because they do not
consider reducing the interference in a sparse graph, which
will affect the network capacity destructively and eventually
reduce the network capacity [10]. Figure 1 shows an example.
At first the initial network is disconnected, as Figure 1(a)
shows. Then CC in [5] is applied to make network connected;
V3 V10 is a CC link and the final resulting topology structure is
similar to the MST, which is a sparse graph and can reduce
interference to a certain extent, but neighbors will still interfere with each other when nodes transmit simultaneously. As
Figure 1(b) shows, when node V6 transmits a message to node
V7 , nodes V8 and V9 will cause interference to V7 ; when node
V7 transmits a message to V6 , node V5 will cause interference
to V6 . So, the previous works of topology control problem
in cooperative ad hoc networks may not work efficiently in
terms of network capacity.
Apart from ignoring the network capacity efficiency, previous research on topology control under the CC model failed
to equalize the energy consumption among network nodes.
Assume that the maximal transmission power of each node
is 𝑃max , 𝑃1 = (75%𝑃max , 𝑃max ]; 𝑃2 = (50%𝑃max , 75%𝑃max ];
𝑃3 = (25%𝑃max , 50%𝑃max ]; 𝑃4 = [0%𝑃max , 25%𝑃max ]. Figure 2
shows the average node energy consumption distribution
of 100 topologies (suppose there are 100 nodes) built by
Cooperative Bridges algorithm [5]. In the interval 𝑃1 there are
only 11% nodes, which transmit messages in a relatively high
transmission power. However, according to this algorithm,

38%
P1
P2

P3
P4

Figure 2: The average node energy consumption distribution.
8%
7%
6%

80%

L1
L2

L3
L4

Figure 3: The distribution of the remaining energy of nodes when
the first node dies.

the network topology structure is static and immutable
during the whole network lifetime. These will lead to the
fact that nodes in the 𝑃1 transmit messages at a higher
transmission power, thus suffering faster energy consumption, while nodes in other intervals transmit messages at
a lower transmission power, and the energy consumption
rate is slower accordingly. This means that when those few
nodes which consume much energy die earlier, most of the
nodes which consume little energy still have much residual
energy. This situation is visually shown in Figure 3. Assume
the primary energy of each node is 𝐸, 𝐿 1 = (75%𝐸, 𝐸]; 𝐿 2 =
(50%𝐸, 75%𝐸]; 𝐿 3 = (25%𝐸, 50%𝐸]; 𝐿 4 = [0%𝐸, 25%𝐸].
Figure 3 shows the distribution of the remaining energy of
nodes when the topology structure constructed by random
network in Figure 2 comes to a final death. We can see from
Figure 3 that, when the first node dies, the majority nodes of
80% stay in the high residual energy level L1. So, the uneven
node energy consumption has a serious impact on network
lifetime.
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Therefore, the paper attempts to study the problem of
how to maximize network capacity and energy efficiency in
cooperative ad hoc networks. We design a topology control
algorithm, called DCCPA, based on a dynamic cooperative
cluster algorithm and power assignment to maximize its
network capacity and network lifetime.
The paper is organized as follows. We summarize some
related work in Section 2. Then we present the network
model, introduce some definitions and statements which
we use throughout the paper, and give a problem definition in Section 3. Section 4 studies our topology algorithm.
Afterwards we present some simulation results in Section 5.
Finally, we draw some conclusion in Section 6.

2. Related Work
In this section, we focus on related works about topology
control problems in cooperative ad hoc networks.
The main goal of designing cooperative ad hoc networks
is to increase network capacity, reduce energy consumption,
and enhance network coverage. What deserves our attention
is that there is a tradeoff between the three. The way of choosing relay nodes is decided by the needs of different systems
which choose different optimized objects for optimization. It
is a hot issue to determine the number of relay nodes in a relay
node selection algorithm.
As topology control is a network layer issue, researchers
usually consider simple physical characteristics instead of
variations of channel state when CC is applied in topology
control. In [11], Guan et al. abstracted the topology control
problem in cooperative ad hoc networks for a discrete
stochastic optimization problem and they viewed network
capacity as the goal of optimization. However, the authors
consider that the time-varying channels have important
impact on the network capacity. In [2], Cardei et al. first
studied the topology control problem under cooperative
model (denoted by TCC) which aims to obtain a strongly
connected topology with minimum total energy consumption. In [9], Zhu et al. proposed two topology control
algorithms to build cooperative energy spanners in which the
energy efficiency of individual paths is guaranteed. In [5],
Yu et al. applied CC model in topology control to improve
the network connectivity as well as reducing transmission
power. Their algorithm first constructs all candidates of
bidirectional links by using CC model which can connect
different disconnected components. Then they apply a 2layer MST structure (one MST over the CC links and
the other is inside each component) to further reduce the
energy consumption. This is the best work in minimizing
the total energy consumption while increasing the network
connectivity. However, the proposed algorithm decreases the
performance of network capacity greatly, which is validated
by the experimental results. Therefore, the problem that the
sparseness of the constructed topology under CC model
should make network capacity and energy efficient at the
same time is critical.
Such problem has been studied in traditional topology
control algorithm (without CC) [3]. In [3], Shpungin and Li
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2

1

3

Figure 4: Simple CC model.

developed a static cluster based power assignment algorithm
which achieves energy efficiency and also maximizes network
capacity in the case of unlimited maximum transmission
power of each node. Cluster algorithm is a kind of smart
scheduling algorithms to improve the network capacity by
lowering the interference of concurrent transmissions in
a sparse network [12, 13]. In cluster algorithm, nodes are
assigned transmission time slots so that only a subset of nodes
are active at any given time slot while the others are idle.
This scheme requires a synchronization mechanism, such
as TDMA. In clustering algorithm, the energy consumption
of cluster head is generally much higher than the cluster
member nodes. Static clustering algorithm can easily lead
to an early death of the cluster head node due to energy
depletion. To avoid this situation, the cluster head rotation
mechanism [14–16] is adopted so that each node serves as
the cluster head in turn, ensuring that the residual energy
of each node is equal to one another as close as possible.
Cluster head rotation mechanism is usually independent of
the clustering algorithm; they are complementary with each
other instead. However, so far there is no network capacity
and network lifetime efficiency topology control algorithm
proposed under CC model yet.

3. The Definition of Model and Problem
In this section, we describe a cooperative communication
model and a network model for our topology control mechanism. In addition, we also introduce a topology control problem for network capacity and energy efficiency in cooperative
ad hoc networks.
3.1. Cooperative Model. The simple explanation of the cooperative communication is given by a three-node example as
shown in Figure 4. In the graph, node V1 is the source node,
node V3 is the destination node, and node V2 is a relay node.
The transmission from node V1 to node V3 is based on the
frame-by-frame scheme. There are two time slots for a frame.
In the first slot, node V1 makes a transmission to node V3 .
Because of the wireless broadcast feature, it is also overheard
by relay node V2 . In the second time slot, node V2 forwards
the data received in the first time slot to node V3 .
There are two CC models in the paper. As Figure 4 shows,
source nodes cannot communicate with target nodes directly
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Figure 5: The second CC model.

while source nodes can communicate with relay nodes and
relay nodes can directly communicate with target nodes. In
this case, we look on the relay nodes as the help nodes of
source nodes. This CC model is similar to [17, 18]. The other
model which is showed in Figure 5 is that neither source
nodes nor its neighbor nodes are able to communicate with
destination nodes. The CC model is similar to [2, 5]. It takes
the advantage of the physical layer design [14] that combines
partial signals containing the same information to obtain the
complete information.
Assume that each node has a maximum transmission
power 𝑃max . In the direct communication, that is, in the
absence of cooperative communication, if a source node V𝑖
can communicate with a destination node V𝑗 , they must
satisfy
−𝜅

𝑃𝑖 (𝑑𝑖𝑗 )

≥𝜏

(𝑃𝑖 ≤ 𝑃max ) ,

(1)

where 𝑃𝑖 is the transmission power of node V𝑖 and 𝑑𝑖𝑗 is the
Euclidean distance between V𝑖 and V𝑗 , where 𝜅 is a constant
representing the distance-power gradient, usually taken to be
in the interval [1, 2, 4]. 𝜏 is the minimum average signal-tonoise ratio (SNR) for decoding received data.
When the first CC model is put to use, the transmission
power of source node V𝑖 and relay node V𝑘 must meet the
conditions below, respectively:
−𝜅

𝑃𝑖 (𝑑𝑖𝑘 )

−𝜅

𝑃𝑘 (𝑑𝑘𝑗 )

≥𝜏
≥𝜏

(𝑃𝑖 ≤ 𝑃max ) ,
(𝑃𝑖 ≤ 𝑃max ) .

(2)

When the second CC model is applied, if V𝑖 transits the
same signal with a set of help nodes 𝐻𝑖 , their transmission
power satisfies
−𝜅

∑ 𝑃𝑘 (𝑑𝑘𝑗 )

V𝑘 ∈V𝑖 ∪𝐻𝑖

≥𝜏

(𝑃𝑖 ≤ 𝑃max ) .

(3)

3.2. Network Model. We consider a wireless ad hoc network
with 𝑛 nodes which are capable of receiving and combining
partial received packets in accordance with the CC model.
Every node V𝑖 can adjust its transmission power 𝑃𝑖 which
is limited by a maximum value 𝑃max . The network topology

is modeled as a 2-dimensional directed graph: 𝐺 = (𝑉, 𝐸),
where 𝑉 = (V1 , . . . , V𝑛 ) denotes the set of wireless nodes
and 𝐸 denotes a set of directed communication links. We
assume that each node has a unique ID and knows its own
location information. Node ID and location information are
exchanged among all nodes.
In this paper, we assume that a source node can choose
one or more relay nodes to transmit message. Helper node
set, helper link, node connectivity, and network connectivity’s
definitions are the same as [5]. Besides, we formally give some
other definitions.
Definition 1 (link capacity Cap(V𝑖 , V𝑗 )). It is the maximum
amount of messages that node V𝑖 transmits to node V𝑗 in unit
time via wireless channel (V𝑖 , V𝑗 ), that is,
Cap (V𝑖 , V𝑗 ) = Blog (1 + SINR (V𝑖 , V𝑗 ))
= Blog (1 +

𝑃𝑖 /𝑑𝑖𝑗𝜅

𝑁0 +

𝜅 ),
∑V𝑘 ∈𝑉\{V𝑖 ,V𝑗 } 𝑃𝑘 /𝑑𝑘𝑗

(4)

where 𝐵 is the channel bandwidth, SINR (V𝑖 , V𝑗 ) is signal to
interference plus noise ratio, and 𝑁0 is the ambient noise
power, which is negligible comparing to the interference
caused by other transmitting nodes.
A closer look at expression (4) reveals that the link
capacity has a relationship with transmission power and radio
𝜅
; V𝑘 ∈
interference. We denote 𝐼(V𝑖 , V𝑗 ) = ∑V𝑘 ∈𝑉\{V𝑖 ,V𝑗 } 𝑃𝑘 /𝑑𝑘𝑗
𝑉 \ {V𝑖 , V𝑗 } is the subset of nodes simultaneously transmitting
at some time instant over a certain subchannel. Most of the
paper is dedicated to analysis of how to reduce 𝐼(V𝑖 , V𝑗 ), that
is, radio interference.
Definition 2 (path capacity Cap(𝑅)). It is the minimum
channel capacity on the path 𝑅. The capacity of a path 𝑅 in
a communication graph 𝐺 is defined as the capacity of the
minimum capacity link in 𝑅, that is,
Cap (𝑅) = min Cap (V𝑖 , V𝑗 ) .
(V𝑖 ,V𝑗 )∈𝑅

(5)
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Definition 3 (network capacity Cap(𝐺)). It is the minimum
path capacity of all paths that V𝑖 and V𝑗 pass through, that is,
Cap (𝐺) = min Cap (𝑅) .
V𝑖 ,V𝑗 ∈𝑉

(6)

Definition 4 (network lifetime 𝐿(𝐺)). It is the time which
takes the first node to run out of its battery charge.
3.3. Problem Formulation. Now we can define the new
topology control problem, network capacity and energy
efficient topology control in cooperative ad hoc networks
(CEETC). Given a 2-dimensional directed graph 𝐺, which
is strongly connected under CC model, assign transmission
power 𝑃𝑖 to every node V𝑖 such that to (1) maximize network
capacity Cap (𝐺) and (2) maximize network lifetime 𝐿(𝐺).
As TCC problem [2], which only maintains the connectivity and reduces energy consumption, has been proved to be
NP-complete, it is a simple case of CEETC in cooperative ad
hoc networks when ignoring capacity, so CEETC is also NPcomplete. Therefore, we will propose a heuristic algorithm
and give an approximate solution to CEETC problem.

4. Proposed Algorithm
In this section, we propose a dynamic cooperative clustering
based power assignment (DCCPA) algorithm to solve the
problem mentioned above. To keep the proposed algorithms
simple and efficient, we only consider its one-hop neighbors
as possible helper nodes for each node when CC is used [5].
This algorithm is divided into two steps: the first step is
static clustering, including the intercluster communication
and the transmission power assignment; the second step is
cluster head rotating, including the cluster head election, the
communication between cluster heads, and the transmission
power reallocation. Before describing the algorithm, the
pretreatment is conducted.
We denote the wireless multihop network as an undirected simple graph 𝐺 = (𝑉, 𝐸), where 𝑉 is the set of nodes;
direct communication link and CC link are expressed by the
solid and dotted lines, respectively. In graph 𝐺, first, 𝑉(𝐺) ≠0
and 𝐸(𝐺) = 0. Then each node works with maximum
power 𝑃max , and from formula (1), the transmission radius
of each node is √𝑃max . If a direct path exists between the
nodes 𝑢, V, edge (𝑢, V) is constructed. When the network
𝐺 is not connected, there are at least two groups after the
construction of all edges has been completed, as Figure 6
shows. We describe every step in detail now.
Step 1 (static clustering). (1) Clustering in Graph 𝐺. The
clustering process is repeated. When clustering is completed,
each node should belong to a cluster, either a cluster head or a
cluster member. We use a set 𝑇(𝐺) which is initialized to the
set of all nodes; that is, 𝑇(𝐺) = 𝑉(𝐺). If 𝑇(𝐺) is not empty, we
select a node arbitrarily 𝑢 ∈ 𝑇(𝐺) to work as a cluster head.
The cluster took shape from 𝑢 and all the nodes which are
with a distance of √𝑃max from 𝑢. The nodes in 𝑀 are defined
as the cluster members of 𝑢. Then we judge each node V ∈ 𝑀
whether it belongs to another cluster. If not, V chooses 𝑢 as
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Figure 6: Disconnected networks.
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Figure 7: Clustering in step 2.

its cluster. Otherwise, V chooses to be the cluster member
with the nearest cluster head. Then we delete node 𝑢 and its
cluster members from 𝑇(𝐺) and judge whether it is empty. If it
is, clustering is completed. Otherwise, the process continues.
The clustering process is shown in Figure 7; a circle represents
a cluster.
(2) Communicating between the Cluster Heads. In this step,
to make clusters communicate with each other, the way of
selecting help nodes is the same as that of Greedy Heuristic
in [5]. The process is shown in Figure 8. After CC links are
established between clusters, Kruskal algorithm is used to
derive its spanning tree (MST), as Figure 9 shows. Through
the step, we can know helper nodes set 𝐻𝑢 that each cluster
𝑐
(V) according to
head node 𝑢 needs, and we can get 𝑃𝑢∪𝐻
𝑢
formula (3), which is the transmission power of 𝑢 required
to construct a CC link to the other cluster head node V with
the help of helper nodes in 𝐻𝑢 :
𝑐
𝑃𝑢∪𝐻(𝑢)
(V) =

𝜏
∑𝑖∈𝑢∪𝐻(𝑢) (𝑑𝑖V )

−𝜅 .

(7)
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(3) Doing Power Assignment. For the cluster members, what
is needed is the energy which enables them to communicate
with the cluster head they belong to; that is, for a cluster
member 𝑢𝑚 , we assume its cluster head is 𝑢 and the power
2
; that is,
of 𝑢𝑚 is 𝑑𝑢𝑢
𝑚
𝜅
𝑝𝑢𝑚 = 𝜏𝑑𝑢𝑢
.
𝑚

(8)

Because of the characteristics of helper nodes and cluster
heads, it is relatively complex to assign power to them. For
helper nodes, also cluster members, they should be able to
help when they communicate with cluster heads they belong
to. The power of each helper node 𝑢ℎ is decided by the
following equation, where 𝑢 is its cluster head and V is another
neighbor cluster head:
𝑃𝑢ℎ =

2
max {𝑑𝑢𝑢
,
ℎ

max

(𝑢,V)∈𝐸(𝐺 )

𝑐
𝑃𝑢∪𝐻(𝑢)

(V)} .

(9)

For the cluster head node, it not only should be able
to communicate with each cluster member but also can

communicate with its neighboring cluster heads; therefore
the energy value assigned to cluster heads should be the
maximum among these values. The power of each cluster
head 𝑢 is decided by the following equation, where 𝑢𝑚 is its
cluster member and V is another neighbor cluster head:
2
,
𝑃𝑢 = max { max 𝑑𝑢𝑢
𝑚
𝑢𝑚 ∈𝑀(𝑢)

max

𝑐
𝑃𝑢∪𝐻(𝑢)
(V)} .

(𝑢,V)∈𝐸(𝐺 )

(10)

The final topology structure is shown in Figure 10, and the
final topology structure in [5] is shown in Figure 11.
Step 2 (cluster head rotating). (1) Cluster Heads Reselection.
In the algorithm, the cluster head is not generated periodically; a passive changing manner is adopted instead. Namely,
when the residual energy of a cluster head is less than the
threshold value, a new cluster head is reselected dynamically.
Assume that V𝑖 is the other nodes in the current cluster
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that need to change cluster head node and V𝑗 is the nexthop nearest cluster head node on the routing. The rule
of reselecting a new cluster head is as follows: we always
reselect the node of the largest 𝑅𝑖 which stands for the
tradeoff between residual energy 𝐸𝑖 and distance 𝑑𝑖𝑗 . 𝑅𝑖 can
be obtained by the following:

Here, V is the cluster head node of the cluster it belongs
to and 𝑤 is another cluster head node. In addition, help
nodes, as cluster member nodes, should be able to directly
communicate with its cluster head nodes of the cluster it
belongs to. The final transmission power of help node Vℎ is
calculated by the following:

𝐸
𝑅𝑖 = 𝑖 .
𝑑𝑖𝑗

𝑝Vℎ = max {𝜏(𝑑Vℎ V ) , max 𝑝Vℎ 𝑤 } .

𝜅

(11)

(2) Intraclusters Communication. The cluster which has
selected a new cluster head needs to establish links within
the cluster. If the new cluster head can directly communicate
with its cluster member nodes, then the cluster head communicates with its cluster member nodes directly. Otherwise,
the first CC model should be adopted, and the first cluster
head node which was decided by static clustering is chosen as
a relay node; they send messages to the node of the cluster
members together. As the first cluster head nodes are able to
communicate with its cluster member nodes, the new cluster
head node will also be able to communicate with the cluster
member nodes.
(3) Interclusters Communication. The cluster which has
selected a new cluster head needs to establish links with
its neighbor cluster. If the new cluster head can directly
communicate with its adjacent cluster heads, the direct
communication is reached; if cluster head V cannot directly
communicate with the neighbor cluster head 𝑤, but a cluster
member node V𝑚 of V can directly communicate with the
cluster head 𝑤, then V𝑚 is chosen as the help node of V to
communicate with 𝑤; if neither the cluster head V nor its
cluster member nodes can communicate with the cluster head
𝑤, then the CC link is built, help nodes are chosen, and
the intraclusters communication in the first step should be
adopted again.
(4) Transmission Power Reassignment. As for the cluster
member node V𝑚 , the transmission power of member cluster
heads is calculated by the following:

𝑝V𝑚

𝜅
𝜅
𝑃max
{
),
{𝜏(𝑑V𝑚 V ) , ((𝑑VV𝑚 ) ≤
𝜏
={
𝜅
𝜅
𝑃
{𝜏(𝑑 ) , ((𝑑 ) > max ) .
VV𝑚
{ V𝑚 𝑢
𝜏

(12)

Here, V is the new cluster head and 𝑢 is the first cluster
head.
As for the help node Vℎ , when it communicates with
another cluster head node 𝑤, the transmission power 𝑝Vℎ 𝑤 is
calculated by the following:
𝑝Vℎ 𝑤
𝜅
𝜅
𝑃
𝑃
𝜅
{
𝜏(𝑑Vℎ 𝑤 ) , ((𝑑Vℎ 𝑤 ) ≤ max , (𝑑V𝑤 ) > max ) ,
{
{
𝜏
𝜏
{
={
𝜅
𝑃
𝑃
𝜏
𝜅
{
max
{
, (𝑑V𝑤 ) > max ) .
{
−𝜅 , ((𝑑Vℎ 𝑤 ) >
𝜏
𝜏
{ ∑𝑖∈V∪𝐻(V) (𝑑𝑖𝑤 )
(13)

(14)

As for the new cluster head node V, when it communicates
with another cluster head node 𝑤, the transmission power of
V is calculated by the following:
𝑝V𝑤
𝑃
𝜅
𝜅
𝜏(𝑑V𝑤 ) , ((𝑑V𝑤 ) ≤ max ) ,
{
{
{
𝜏
{
{
{
{
𝜅
𝑃max
𝑃max
{
𝜅
𝜅
= { 𝜏(𝑑𝑢𝑤 ) , ((𝑑V𝑤 ) > 𝜏 , (𝑑V𝑚 𝑤 ) ≤ 𝜏 ) ,
{
{
{
{
𝜅
𝑃max
𝑃
{
𝜏
𝜅
{
{
, (𝑑V𝑚 𝑤 ) > max ) .
−𝜅 , ((𝑑V𝑤 ) >
𝜏
𝜏
(𝑑
)
∑
{ 𝑖∈V∪𝐻(V) 𝑖V
(15)
Here, V𝑚 is the neighbor node of V. The final transmission
power of cluster head node V is calculated by the following:
2
𝑝V = max { max 𝑑VV
, max 𝑝V𝑤 } .
𝑚
V𝑚 ∈𝑀(V)

(16)

5. Simulation Results
5.1. Simulation Setting. According to the simulation parameters, we do two groups experiments. The simulation parameters of the first group experiment are network capacity and
average transmission power. The experimental environment
is the same as [5]. In this simulation, 20–150 nodes are
randomly arranged in a 500 m × 500 m area. We assume that
𝜅 = 2, 𝜏 = 10−4 , and 𝐵 = 20 MHZ. The value of 𝑃max is
490 mW. The value of initial energy 𝐸 is 49 J and the energy
threshold is 30 J. The simulation parameter of the second
group experiment is network lifetime. 10 pairs of source
and destination nodes are generated randomly. Each source
node transmits data packets to the destination at the rate of
2 packets/s. Packet size is 1024 bit. We adopt Floyd algorithm
for routing and assume that the MAC protocol is ideal. In
order to produce more reliable results, the data are generated
by averaging the data from several random topologies.
5.2. Experimental Results. The dynamic topology evolvement
by DCCPA is shown in Figure 12. At 𝑡 = 0, as shown
in Figure 10, the topology varied with the node residual
energy distribution from Figures 12(a) and 12(b), the green
dotted lines express the direct communication link between
the cluster head, the blue dotted lines express the CC link
between the cluster heads under the first CC model, and the
red dotted lines express the CC link between the cluster heads
under the second CC model.
(1) The Simulation Results of the First Group Experiment.
Figure 13 shows that DCCPA’s network capacity of last time
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Figure 12: Topology evolvement by DCCPA.
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increases by about 80%. DCCPA algorithm can well reduce
radio interference by clustering. From Figure 14, we can see
that DCCPA’s average transmission power also increases. So
the network capacity will be greatly improved according to
formula (6).
From Figure 14 we can see that the average energy
consumption of the DCCPA algorithm is more than that
computed by Cooperative Bridges algorithm. From Figures 10
and 11, we can see that in DCCPA there are more cluster head
nodes and assistant nodes. Under normal circumstances,
the transmission power of cluster head nodes and assistant
nodes will be slightly higher than that of ordinary member
cluster nodes which can directly communicate messages in
Cooperative Bridges algorithm. Moreover, in the second step
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Figure 14: Average transmission power.

of DCCPA, cluster head rotation occurs, which means that
more nodes will become cluster head nodes or assistant
nodes. Therefore, the average energy consumption of DCCPA
will be higher.
(2) The Simulation Results of the Second Group Experiment.
The ultimate goal of reducing energy consumption is to
extend network lifetime. Figure 15 shows the network lifetime
of DCCPA. Compared with Cooperative Bridges, the network
lifetime of DCCPA is about 20% longer. According to the
definition of network lifetime, it depends on the death time
of the first node. The DCCPA detects that, when the residual
energy of node is less than the threshold value, rotation
will be adopted, in other words, reducing its transmission
power while improving the transmission power of other
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nodes which have more residual energy. The network lifetime
is lengthened through equalizing the energy consumption of
nodes.

6. Conclusion
In this paper, we propose a dynamic cooperative clustering
based power assignment (DCCPA) algorithm to solve a
new topology control problem: network capacity and energy
efficient in cooperative wireless ad hoc networks. To the best
of our knowledge, this is the first study to investigate our proposed algorithm for solving the problem. We give a detailed
description of the algorithm which aims to maximize the
network capacity and network lifetime in cooperative wireless
ad hoc networks. Simulation results demonstrate the high
performance of DCCPA which can improve 80% network
capacity and prolong 20% network lifetime compared with
the Cooperative Bridges algorithm.
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Online friend recommendation is a fast developing topic in web mining. In this paper, we used SVD matrix factorization to
model user and item feature vector and used stochastic gradient descent to amend parameter and improve accuracy. To tackle
cold start problem and data sparsity, we used KNN model to influence user feature vector. At the same time, we used graph theory
to partition communities with fairly low time and space complexity. What is more, matrix factorization can combine online and
offline recommendation. Experiments showed that the hybrid recommendation algorithm is able to recommend online friends
with good accuracy.

1. Introduction
With the rapid development of social network, recommendation systems in various fields emerged. A good recommendation system should combine various kinds of recommendation effects and guarantee diversity on the base of accuracy,
so as to satisfy some unpopular tastes.
Genetic algorithm does not need any a priori information
about the distribution of experiment data [1]. It is often
used in multiobjective optimization, a complex problem
optimization field. It merges the information of individuals in
the population, selects individual with high fitness, and finds
the global optima by global search in relatively short time
[2]. In real world social network, collective identification can
emerge from strong connected, high density, and relatively
isolated networks [3]. Each node in the network prefers to
develop into highly integrated network group, that is, social
circle. However, when the data is mass and sparse, time
and space complexity will surge. Matrix factorization thus
becomes an important dimension reduction technique.

2. Matrix Factorization
2.1. Matrix Factorization Mechanism. The basic idea of
matrix factorization is to map raw “user-item” rating matrix
into a common low-dimensional space. Item can be user or

some kind of products specific to different applications. The
dimension of low space is set to 𝑘, and the raw matrix is
approximated by inner production of two low-dimensional
matrices 𝑈 = [𝑈1 , 𝑈2 , . . . , 𝑈𝑘 ] ∈ 𝑅(𝑁 ∗ 𝐾) and 𝐼 =
[𝐼1 , 𝐼2 , . . . , 𝐼𝑘 ] ∈ 𝑅(𝑀 ∗ 𝐾). Singular value decomposition
(SVD) is the most famous matrix factorization method.
When computing similarity, if there is no rating between user
and item, it uses character vector and user item bias derived
by matrix factorization, uses 𝑟̂𝑢𝑖 = 𝑞𝑖𝑇 𝑝𝑢 to compose predicted
ratings, that is, and uses SVD to fill in the sparse matrix [4].
2.2. Defects of Matrix Factorization. Classic matrix factorization method to some extend optimizes high-dimensional
sparse matrix. However, neither user-based recommendation
nor item-based recommendation algorithms considered the
bias between the items itself and the group. In this paper, we
proposed matrix factorization model with latent factor of user
and item bias.
2.3. Improved Matrix Factorization. By adding variables such
as user, item bias, and global factor into baseline prediction
model, we get improved matrix factorization model. 𝑈 is user
collection; 𝐼 is item collection. We use 𝑢 and 𝑖 to represent
a user and an item, respectively; 𝑟̂𝑢𝑖 is 𝑢’s rating on item 𝑖.
𝑅 is the raw user-item rating matrix; not null rating subset
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Figure 1: User rating prediction.

of (𝑢, 𝑖) is 𝑅+ ; null rating subset of (𝑢, 𝑖) is 𝑅− . According to
SVD theory, rating matrix 𝑅 can be factorized as two lowdimensional vector spaces. Thus, predicted rating of 𝑢’s rating
on item 𝑖 under baseline prediction model can be
𝑟̂𝑢𝑖 = 𝑓 (𝑏𝑢𝑖 + 𝑞𝑖𝑇𝑝𝑢 ) ,

(1)

where 𝑓(⋅) is a mapping function which can transfer the
actual value of user rating into a specific range and 𝑓 is
predefined. 𝑝𝑢 , 𝑞𝑖 represent the 𝑑-dimensional user feature
vector and the item feature vector. Bias vector 𝑏𝑢𝑖 is defined
as
𝑏𝑢𝑖 = 𝜇 + 𝑏𝑢 + 𝑏𝑖 ,

(2)

where 𝜇 is global mean rating and 𝑏𝑢 and 𝑏𝑖 represent the user
bias and item bias, as shown in Figure 1.
This model can predict users’ preference of items fairly
accurate. This can also be used as user recommendation in
social networks. It can discover user’s preference besides their
explicit tags. A small error between prediction rating and
actual rating usually means a good prediction. In this section,
we use regularized least squares as target function
2
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 2
min ∑ (𝑟𝑢𝑖 − 𝑟̂𝑢𝑖 ) + 𝜆 1 𝑝𝑢  + 𝜆 2 𝑞𝑖  + 𝜆 3 𝑏𝑢2 + 𝜆 4 𝑏𝑖 2 .
(𝑢,𝑖)∈𝐾

(3)
In this equation, 𝜆 1 , 𝜆 2 , 𝜆 3 , and 𝜆 4 are parameters to avoid
overfitting. These parameters are decided by the number
of data samples; the larger the data is, the smaller the
parameters would be. 𝑝𝑢 , 𝑞𝑖 can be solved with least squares or
stochastic gradient descent (SGD) method. The SGD updates
the parameters based on the following equations:
𝑏𝑢 ← 𝑏𝑢 + 𝜂 (𝑒𝑢𝑖 − 𝜆 1 𝑏𝑢 ) ,
𝑏𝑖 ← 𝑏𝑖 + 𝜂 (𝑒𝑢𝑖 − 𝜆 2 𝑏𝑖 ) ,
𝑞𝑖 ← 𝑞𝑖 + 𝜂 (𝑒𝑢𝑖 − 𝜆 3 𝑞𝑖 ) ,

(4)

𝑝𝑢 ← 𝑝𝑢 + 𝜂 (𝑒𝑢𝑖 − 𝜆 4 𝑝𝑢 ) ,
where parameter 𝜂 indicates the learning rate; 𝜆 1 , 𝜆 2 , 𝜆 3 , and
𝜆 4 are parameters which define the strength of regularization;
the complexity of each iteration is a linear function of the
number of ratings; 𝑒𝑢𝑖 is the error of each iteration; 𝑏𝑢 , 𝑏𝑖 , 𝑝𝑢 ,
and 𝑞𝑖 are regulated variables.

3.1. Community Detection in Social Network. Many complex
network benchmark problems were generated by real world
social networks but remain of high resemblance to real
networks. The strength of links between nodes represents
similarity of users. Similarity can be calculated with users’
coratings, common friends, tags, and keywords. When the
similarity of two users is larger than a predetermined
threshold, the two users are considered to be in the same
community. Where the two users are bilateral followers, the
similarity is set to 1. Generally speaking, will not be many
high density nodes in a network, while users in social network
tend to form network with high density; the highly resembled
users are more likely to be in one community. Users’ interest,
following relationship, can exceed similarity threshold when
they are in the same community.
3.2. Graph Constrain Based Matrix Factorization Model.
When new users and items are added into the matrix, matrix
is getting sparser and the computation load rises accordingly.
The prediction accuracy of the matrix degenerates or even
fails to converge. In this paper, we added relation between
user and item into the baseline prediction model to perform
community detection. We use social relation between users
and similarity on multidimensional feature space to generate
optimal community division and find top 𝑁 similar users
of target user. Then we predict the target user’s acceptance
according to the nearest neighbor users’ acceptance to item
being recommended.
3.3. Maximum Modularity Based Partition Model. In [5], the
authors first constructed an unweighted directed network 𝐺,
where 𝑁 is the node set, 𝐸 is the edge set, deg(𝑛) is the degree
of node, and 𝑚 is the size of edges in the network. Modularity
uses the contribution of each node as its local variable. It
can be randomly partitioned; then it uses greedy strategy to
adjust local value to get maximum modularity. The concept
of modularity is defined as
2

𝑄 (𝑐) = ∑ [
𝑐∈𝐶

deg (𝑛)
∑
|𝐸 (𝑐)|
− ( 𝑛∈𝑁
) ].
𝑚
2𝑚

(5)

𝐸(𝑐) is the inner edge set of community 𝑐; a smaller second
part of the equation can guarantee the network division to
be more refined, thus leading to a more compact community.
In this paper, we use maximum modularity theory to find
communities.
3.4. Genetic Algorithm and Multifeature Fusion Based Community Partition. Many genetic algorithms based methods
have been proposed for community detection [6]. GA does
not need to know the number of communities; only basic
evolutionary parameters need to be defined. However, results
show that, in large scale network, direct optimum search
method does not perform well on communities of various
sizes. Approximation of modularity does not reflect actual
community of community structure. However, by combining
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Figure 2: Node chromosome encoding.

4. Experiment Result
nodes mapping to multidimensional matrix feature vector,
it is possible to select the communities based on globally
optimal modularity [3].
In this paper, we combine the theory of hybrid genetic
algorithm and matrix factorization to search for optimal
modularity. Modularity is the fitness of individual. We use
decimal number coding for chromosome. Each chromosome
is composed of index of adjacent nodes. This kind of encoding
method can avoid unviable solutions. For example, 𝑔1 , 𝑔2 , . . .,
𝑔𝑛 is a chromosome composed of 𝑛 genes. 𝑔𝑖 is the index of
an adjacent node of node 𝑖. For example, in Figure 2, gene 1 is
725401; it means node 725401 is adjacent to node 1.
Each gene in the chromosome is a randomly generated
index in the range of [0, 𝑛]. In the iterations, the similarity
between gene 𝑔𝑖 and user 𝑖 is calculated; if the similarity is
larger than a predefined threshold, then the index in gene
𝑔𝑖 and user 𝑖 will be in the same community. Otherwise,
two nodes are assigned into two communities. In the end,
decoding process partitions the corresponding nodes of the
same gene into multiple communities. Large modularity
means a good partition of community division, and vice
versa. 𝑄 often has a value in the range of [0.3, 0.7]. If there
is no edge linking to node 𝑖, gene 𝑔𝑖 will be assigned as the
adjacent node of node 𝑖, assigning node 𝑖 into the community
with most users. Experiment shows that this kind of amend
can effectively partition result.

4.1. Dataset Preprocessing. We use the dataset of KDD Cup
2012 competition track1 provided by Tencent Weibo for
experiment [5]. This dataset includes user attributes, SNS
relations, user action, item attributes, tag, and other social
network information. There are 2.32 million users, 6,000
items, 3 million user action data, and 300 million recommendation records. With respect to hardware limitation, we
only choose data related to some relatively active users. We
choose 2,000 users, 721 items (recommended users), 16,234
follow relations, and 20,000 recommendations. We divide
the recommendation records into training set with 16,000
records and testing set with 4,000 records.
Only dataset with obvious network community structure
is valuable for partition. In order to select sample with
obvious community structure, we first use Gephi to analyze
SNS structure. The dataset is finally divided into 9 communities with average network degree of 7.43 and modularity
of 0.34, which indicate that there is obvious community
structure in the selected dataset. There are many ways to
select active users. In this paper, we use the rule to delete
inactive users: number microblog = 0, number friends =
0, number followers = 0, and number microblog =
number repost. After the deletion, the rule to select active
user is number followers > 300 and number friends > 0.
Finally we randomly choose 2000 users, 721 items (recommended users), and related interacting data.

3.5. User KNN and Matrix Factorization Based Model. To
further improve the prediction model, we use 𝑘 to represent
the nearest neighbor of user 𝑢. 𝑁 is the number of neighbors,
sim(𝑢, 𝑘) is the similarity between 𝑢 and 𝑘, and 𝑟𝑘𝑖 is the
predicted 𝑘’s rating on item 𝑖. 𝑟𝑢𝑖 , which means 𝑢’s rating on
item 𝑖, can be derived from the 𝑁 nearest neighbors 𝑘’s rating
on item 𝑖:

4.2. Algorithm Evaluation. In this paper, we use RMSE as
error measure of predicted ratings. It is commonly believed
that RMSE enforced penalty on inaccurately rated items; thus
it is more focusing on recommendation accuracy. The raw
rating set is records; let records [𝑖] = [𝑢, 𝑖, 𝑟𝑢𝑖 , 𝑟̂𝑢𝑖 ], where 𝑟𝑢𝑖
means 𝑢’s rating on item 𝑖. 𝑟̂𝑢𝑖 means the predicted rating; 𝑘 is
the length of records; the RMSE is described in the following
equation:

𝑟𝑢𝑖 =

∑𝑁
𝑘=1 sim (𝑢, 𝑘) ⋅ 𝑟𝑘𝑖
∑𝑁
𝑘=1 sim (𝑢, 𝑘)

.

(6)

The algorithm is roughly as follows.
Input: user-item recommendation history, SNS relation.
Output: friend recommendation list for target user.
(1) Use improved SVD to derive user, item feature
vector, and bias.
(2) Combine multidimensional feature vector and
users’ explicit/implicit factors. Perform user

2

∑(𝑢,𝑖)∈records (𝑟𝑢𝑖 − 𝑟̂𝑢𝑖 )
RMSE = √
.
𝑘

(7)

In order to thoroughly investigate the performance of proposed algorithms, we use different standards at different
stages of the experiment. RMSE is used for user feature
vector computation. 𝑄 is used in community partition. Top
𝑁 items are returned for accuracy evaluation. The accuracy
of recommendation is measured by the RMSE of testing set
[7, 8].
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Figure 5: Result of community partition.
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4.3. Experiment Results. For matrix factorization, a higher
feature dimension means a more refined partition. However,
the higher feature dimension is, the slower the computation
would be. Because of the randomness of genetic algorithms,
we need to get best parameters by running the experiment
several times with different settings. We use 10, 20, 30, and 40
for f Num, the feature dimension. The RMSE is as shown in
Figure 3.
From experiment results, we can see that high dimension
does not necessarily lead to high accuracy. After 60 generations, f Num = 20 performs the best. Before that, there is no
significant difference between different settings, so we choose
f Num = 20. Also, from below Figure 4, it is easy to see when
KNN is set to 6, algorithm performs better than 10 and 20. In
this paper, for SVD + Bui + AVG + KNN model, KNN = 6, 10,
20, where Bui is the bias of user 𝑢 against item 𝑖. The RMSEs
change as shown inFigure 4.
We compared the recommendation result of traditional
SVD with our hybrid recommendation algorithm. Below is
the result of algorithm with refine factor. We used parameters
as follows: learning rate 𝜂 = 0.01, regularization coefficient =
100, iteration number = 100, and number of KNN = 10. In
the process of community partition, the parameters used are
crossover probability 𝑃𝑐 = 0.8, mutation probability 𝑃𝑚 =
0.001, population size Popsize = 50, and max generation
Maxgeneration = 20. The result of RMSE and community
partition is shown in Figure 5.
In Figure 6, we can see that by adding user and item
bias (Bui), results are greatly improved. In order to get better
convergence and accuracy, results with AVG and KNN are
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Figure 6: RMSE of proposed algorithm and basic SVD.

Table 1: RMSE comparison of different models.
Number
1
2
3
4

Algorithm
SVD
SVD + Bui
SVD + Bui + AVG
SVD + Bui + AVG + KNN

RMSE
1
0.709202
0.703258
0.702454

also compare with basic SVD. The RMSEs of four models are
given in Table 1.

5. Conclusion
In this paper, we proposed a hybrid genetic algorithm
and graph theory based online recommendation algorithm.
Hybrid genetic algorithm is used to multiobjective combinatorial problem. We also used graph theory to partition the
community. When target user prediction is performed, there
is no need to search the whole user space, thus reducing the
time and space complexity and solved the problem of cold
start and data sparsity.
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Traditional recommendation tends to overlook users and
items’ feature vector. In this paper, we used SVD matrix
factorization to model user and item feature vector and
used stochastic gradient descent to amend parameter and
improve accuracy. To tackle cold start problem and data
sparsity, we used KNN model to influence user feature
vector. At the same time, we used graph theory to partition
communities with fairly low time and space complexity. What
is more, matrix factorization can combine online and offline
recommendation.
We used the dataset of KDD Cup 2012 competition track1
provided by Tencent Weibo. Experiments showed that the
hybrid recommendation algorithm is able to recommend
online friends with good accuracy.
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[8] Y.-X. Zhu and L.-Y. Lü, “Evaluation metrics for recommender
systems,” Journal of the University of Electronic Science and
Technology of China, vol. 41, no. 2, pp. 163–175, 2012.

5

Hindawi Publishing Corporation
e Scientiﬁc World Journal
Volume 2014, Article ID 716020, 19 pages
http://dx.doi.org/10.1155/2014/716020

Research Article
Efficient Parallel Video Processing Techniques on GPU:
From Framework to Implementation
Huayou Su, Mei Wen, Nan Wu, Ju Ren, and Chunyuan Zhang
School of Computer Science and Science and Technology on Parallel and Distributed Processing Laboratory,
National University of Defense Technology, Changsha, Hunan 410073, China
Correspondence should be addressed to Huayou Su; huayousu@163.com
Received 27 November 2013; Accepted 16 January 2014; Published 16 March 2014
Academic Editors: J. Shu and F. Yu
Copyright © 2014 Huayou Su et al. This is an open access article distributed under the Creative Commons Attribution License,
which permits unrestricted use, distribution, and reproduction in any medium, provided the original work is properly cited.
Through reorganizing the execution order and optimizing the data structure, we proposed an efficient parallel framework for
H.264/AVC encoder based on massively parallel architecture. We implemented the proposed framework by CUDA on NVIDIA’s
GPU. Not only the compute intensive components of the H.264 encoder are parallelized but also the control intensive components
are realized effectively, such as CAVLC and deblocking filter. In addition, we proposed serial optimization methods, including
the multiresolution multiwindow for motion estimation, multilevel parallel strategy to enhance the parallelism of intracoding as
much as possible, component-based parallel CAVLC, and direction-priority deblocking filter. More than 96% of workload of H.264
encoder is offloaded to GPU. Experimental results show that the parallel implementation outperforms the serial program by 20
times of speedup ratio and satisfies the requirement of the real-time HD encoding of 30 fps. The loss of PSNR is from 0.14 dB to
0.77 dB, when keeping the same bitrate. Through the analysis to the kernels, we found that speedup ratios of the compute intensive
algorithms are proportional with the computation power of the GPU. However, the performance of the control intensive parts
(CAVLC) is much related to the memory bandwidth, which gives an insight for new architecture design.

1. Introduction
Video encoding plays an increasingly larger role in the
multimedia processing community, which aims to reduce
the size of the video sequence by exploiting spatial and
temporal redundancy, as well as keeping the quality as good
as possible. H.264/AVC [1] is currently the widely used video
coding standard, which constitutes the basis of the emerging
High Efficiency Video Coding (HEVC) [2]. It achieves about
39% and 49% bit-rate saving over that of MPEG-4 and
H.263, respectively [3, 4]. The high compression efficiency
is mainly attributed to several introduced new features,
including variable block-size motion compensation, multiple
reference frames, quarter pixel motion estimation, integer
transform, in-the-loop deblocking filtering, and advanced
entropy coding [5–8]. These new features imply that more
computational power is needed for H.264 encoder [9]. It is
almost impossible to achieve real-time High-Definition (HD)
H.264 encoding in serial programming technologies, which
restricts its usage in many areas [10–13]. In order to satisfy
the requirement of real-time encoding, many research works

focused on hardware-based encoders design [14–17]. Though
high efficiency can be gained, dedicated ASIC designs are
inflexible, time consuming, and expensive.
Due to the high peak performance, high-speed bandwidth, and efficient programming environments, such as
NVIDIA’s CUDA [18] and OpenCL [19], GPU has been at the
leading edge of high performance computing era. Recently,
many researchers are attracted to the topic of parallelizing
video processing with multicore or many-core architecture,
especially on the GPU-based systems [8–12, 20–27]. However,
most of the research has mainly focused on accelerating
the computational components, such as the motion estimation (ME) [12, 21, 22], motion compensation [10], and
intraprediction [23]. For the irregular algorithms, such as
deblocking filter and Context-based adaptive variable-length
code (CAVLC), research about these aspects is seldom [24].
To the best of our knowledge, there is no research about
GPU-based CAVLC, except our work [28]. There are several
disadvantages by only accelerating some parts of video
encoder. On the one hand, for each frame, the data size
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transferred between CPU and GPU will be very huge. For
example, when offloading the ME and transform coding to
GPU only, the data size of the input frame, the quantized
coefficients, and the auxiliary information are more than
30 MB for 1080 p video format. On the other hand, after
parallelizing the compute intensive parts of the encoder,
the control intensive algorithms occupy a larger fraction of
execution time [29]. Though NVIDIA provides a GPU-based
encoder library, the detailed information is insufficient, let
alone open source. In this paper, we focused on developing a
GPU-based parallel framework for H.264/AVC encoder and
the efficient parallel implementation. The main contributions
of this paper are as follows.
After carefully reviewing and profiling the program, we
proposed a fully parallel framework for H.264 encoder based
on GPU. We introduced the loop partition technology to
divide the whole pipeline into four steps (ME, intracoding,
CAVLC, and deblocking filter) in terms of frame. All the
four components are offloaded to GPU hardware in our
framework. The CPU is only responsible for some simple
transactions, such as I/O process. In order to improve the
memory bandwidth efficiency, array of structure (AOS) to
structure of array (SOA) transformation is performed. The
transformed small and regular structures are more suitable
for taking the advantage of coalesced accessing mechanism.
In addition, the proposed framework exploits the producerconsumer locality between different parts of the encoder,
which avoids unnecessary data copy between CPU and GPU.
For the compute intensive component motion estimation,
a scalable parallel algorithm has been proposed targeting
massively parallel architecture, named multiresolutions multiwindows (MRMW) motion estimation. It calculates the
optimal motion vector (MV) for each macroblock (MB)
through several steps. Firstly, the original input frame and
reference frame are concentrated into small resolution ones.
Accordingly, there is a concentrated MB in the dedicated
frame corresponding to the normal MB in the original frame.
Secondly, based on the concentrated lower resolution frames,
a full search in an assigned window space is performed for
each concentrated MB and it produced a primary MV. Finally,
a refinement search for the MBs of the original frame will be
performed; the search window is centered with the produced
MV in the second step.
In order to overcome the limitations from the irregular
components, a direction-priority deblocking filter [30] and a
component-based CAVLC parallel schemes have been proposed. The GPU-based deblocking filter reserves the result
data into global memory, which serves as the reference frame
for the next frame. In order to further enlarge the parallel
degree, based on the direction-priority method, a novel
schedule strategy based on [24] is proposed. The proposed
CAVLC relieves the data dependence and reduces the amount
of data copy back to CPU significantly. Overall, the proposed
parallel methods can not only improve the performance of
the tools but also reduce the data transferred between host
and device.
Based on the multislice technology, a multilevel parallel
method is designed for intracoding to explore the parallelism
as much as possible [31]. The proposed parallel algorithm
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improves the parallelism between 4 × 4 blocks within a MB
by throwing off some insignificant prediction modes. By
partitioning a frame into multislices, the parallelism between
MBs can be exploited. In addition, a multilevel parallel
scheme was presented to adapt the parallel granularity of
different stage of the intracoding.
In summary, we proposed an efficient parallel framework
for H.264 encoder based on massively parallel architecture.
Not only the compute intensive parts but also the control
intensive components are ported to GPUs. Several optimizations are introduced to enlarge the parallelism or improve the
bandwidth efficiency, which are the two most important factors impacting the performance of a GPU-based application.
Our implementation can satisfy the requirement of real-time
HD encoding of 30 fps, while the value of PSNR only reduced
from 0.14 to 0.77 dB.
The rest of this paper is organized as follows. Section 2
is the related work. Section 3 presents the proposed the
efficient parallel H.264 encoder framework. We describe
the proposed MRMW algorithm and its implementation
with CUDA in Section 4. In Section 5, we discuss the
efficient parallelization of the control intensive components.
A comprehensive performance evaluation is performed in
Section 6. Finally, a conclusion is drawn in Section 7.

2. Related Work
At the beginning, motion estimation researches mainly
focused on designing optimized algorithms to reduce the
computational complexity. Cheung and Po [32] proposed a
cross-diamond search algorithm to reduce the search space.
In [5], it presented an unsymmetrical-cross multi-hexagongrid search method to simplify the ME, which can save about
90% of computation compared with the traditional full search
algorithm. In the last decade, with the widespread usage of the
parallel processors, many researchers are attracted to the field
of parallel video processing. A discussion about the parallel
methods for video coding was presented in [33], including
the hardware and software methods. In [34], the authors
implemented a MB-based parallel decode on CELL processor,
which can achieve real-time decoding performance. Huang et
al. [3] discussed how to optimize the data transfer between
host and device when designing the parallel scalable video
coding with CUDA. Marth and Marcus [35] presented a
parallel x264 [36] encoder with OpenCL.
A large amount of publications reported the GPU-based
motion estimation, including using 3D graphic libs and high
level programming models [12, 20, 22, 27]. These researches
mainly focused on scheduling the search algorithm to explore
the parallelism. Kung et al. proposed a block based parallel
ME [20], which increased the parallel degree by rearranging
the processing order of 4 × 4 blocks. In [12], the authors
divided ME algorithm into five fine-granularity steps, so
that high efficient parallel computation with a low external
memory transfer rate could be achieved. Cheung et al. [26]
surveyed the previous works using GPUs for video encoding
and decoding. In addition, they presented some design
consideration for GPU-based video coding.
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for(frame){
for(slices){
for(macroblocks){
macroblock prediction ()
{
if(frame type == SLICE TYPE I)
x264 mb prediction intra()

if(frame type == SLICE TYPE P)
x264 mb prediction inter()
}
macroblock encode()
{
if(frame type == SLICE TYPE I)

encode I()
if(frame type == SLICE TYPE P)
encode P()
}
macroblock cavlc()
}
}
deblock filter()
}

encode I(){
...

x264 mb encode i16 × 16()
...
for(16){
x264 mb encode i4 × 4()
}
...
x264 mb encode i4 × 4()
...
sub4 × 4 dct()
quant4 × 4()
scan zigzag()
dequant 4 × 4()
add4 × 4 idct()
}
quant4 × 4(){
...
quant4x4 core()
...
}

...
for(16)
QUANT ONE();
...

Figure 1: The skeleton of x264 program.

We know that there are strong data dependencies between
MBs for intraprediction. The researches on GPU-based
intraprediction mainly focused on reordering the prediction
modes. Kung et al. [23] and Cheung et al. [10] presented the
method of reordering the process sequence of 4 × 4 blocks
to increase the parallel degree. Both of their works are based
on the wave-front strategy. However, limited by strong data
dependence, the parallel degree is not high. Even worse, the
initialized parallel degree is very low when using wave-front
method. For 1080 p video format, the average parallel degree
is less than 128. Ren et al. [37] presented a streaming parallel
intraprediction method based on stream processor.
The research about parallelizing CAVLC and deblocking filter is very little. As control intensive components
of video coding, they post a challenge to parallelize these
two algorithms on massively parallel architecture efficiently.
Pieters et al. proposed a deblocking filter based on GPU
[24], by introducing the limited error propagation effect [38],
which can filter the MBs independently. Zhang et al. [29]
presented an efficient parallel framework for deblocking filter
based on many-core platform, which divided the deblocking
filter into two parts and used a Markov empirical transition
probability matrix and a Huffman tree to further accelerate
the process. To the best of our knowledge, there is no GPUbased CAVLC implementation before our work. In [39],
it presented a DSP-based implementation of CAVLC. Xiao
and Baas [25] proposed a parallel CAVLC encoder on finegrained multicore system. A streaming CAVLC algorithm
was described in [14].
Though a lot of works focused on accelerating various
modules of H.264 encoder with GPU, as far as we know,
none of them implemented the whole H.264 application
on GPU, except the CUDA encoder. We think that it is
difficult to efficiently parallelize the H.264 encoder based on
GPU for four reasons. First, H.264 encoder itself is a very

complex application due to high computation requirement
and frequent memory access [40]; second, the gap between
the traditional serial H.264 framework and the massively
parallel architecture, which makes it difficult to implement
H.264 on GPU. In the traditional program of H.264, a video
frame is processed MB by MB sequentially. The granularity
is very small, 256 bytes, which is violated with the massively parallel mechanism of GPU. Furthermore, CAVLC and
deblocking filter, consisting of irregular computation and
random memory access [14, 29], pose a challenge to GPU
programming. Finally, the data transfer between CPU and
GPU could be one of the major bottlenecks for achieving
high performance. Taking the 1080 p video format as an
example, the data size needed to be transferred is more than
30 megabytes. For the PCI-E bus 2.0, the peak bandwidth is
8 GB/s; assuming the transfer efficiency is about 40%, the data
transformation time is more than 10 ms. Actually, the total 30
megabytes data is transferred by many times, and memory
copy startup overhead should be considered.

3. The Proposed Parallel Framework
3.1. Profiling the H.264/AVC. H.264 video coding standard
is designed based on the block-based hybrid video coding
approach [1, 13]. It mainly includes four parts, from interprediction, intraprediction, and entropy encoding to deblocking
filter. In this paper, we choose x264 program as reference code
to analyze the feature of H.264 encoder. Figure 1 shows the
skeleton of the x264 encoder. It can be seen that the program
is organized by triple loops: MB, slice, and frames. A frame is
divided into many 16 × 16 MBs. The whole frame is processed
MB by MB in raster order, from prediction to CAVLC.
Obviously, this kind of program structure is not fit for GPUlike parallel platform in several aspects. First, the process
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for(frames) {

for(frames) {
for(slices)
{
for(macroblocks)
{
Inter prediction ();

for(slices)
{
for(macroblocks)
{
...

}

Inter prediction ();

}

Intra prediction ();
Cavlc encode();
...

Loop
partition

}
}

for(slices)
{
for(macroblocks)
{
Intra prediction ();
}

Deblock filter ();
}

}
... }
(a) The framework of x264

(b) The result of loop partition

Figure 2: The loop partition of x264.

typedef struct MB INFO{
int TotalCoeffChroma;
//number nonzero coefficients of Chroma
int TotalCoeffLuma;
// number of nonzero coefficients of Luma
// prediction mode of the MB
int Pred mode;
int RefFrameIdx;
// Index of the reference frame
int MinSAD;
// minimal SAD value of the MB
int IntraChromaMode;
// prediction mode for Chroma MB
int CBP;
// Coded block pattern
// motion vector
struct S MV MV;
int QP;
// parameter QP
int Loc;
// Position of the MB
int Type;
// Type of macroblock
int SubType;
// type of subblock
} MB INFO;
Algorithm 1: Structure of the MB INFO structure in the x264 code.

granularity is too small. The granularity of the H.264/AVC is
one MB (256 pixels), while the number of processor units of
modern GPU is more than 300. Second, the process path is
too long to parallelize. The number of instructions between
two iterations is more than one million [40]. In addition,
the essential functions, such as sub4 × 4 dct(), are nested
deeply, which increases the complexity of kernel designing.
3.2. Loop Partitioning in terms of Frame. In order to map
the H.264/AVC program onto GPU, we firstly optimized
the structure of the x264. The loop partition technology is
adopted to divide the long path into several short ones, as
shown in Figure 2. The functions are segmented in terms of
frame. For a frame, it performs the interprediction for all MBs
firstly. After the prediction of all the MBs is finished, the other
functions can begin to execute on the MBs. Though much
larger memory space is needed to keep the temporal data, it
makes the parallel designing simplify. The programmer can
focus on paralleling each individual module.

3.3. Data Locality: From AOS to SOA. There are lots of
large data structures in x264 procedure, such as MB INFO,
which integrates the common information of a MB, shown
in Algorithm 1. Each instance of this data structure needs
a memory space with size of 52 (13 × 4) bytes. However,
each access to the structure only requires one or several
of its elements. For example, only 4 elements are typically
used in intraprediction, while the amount of data involved
is 52 × #𝑀𝐵𝑠 (number of macroblocks) bytes. The bandwidth
efficiency is only 4/13. In addition, adjacent threads of a kernel
usually access the same continuous elements of MB INFO.
For example, assume that thread 0 accesses the motion
vector (MV in the MB INFO structure) of MB1, and there
is a high probability that thread 1 will accesses the MV of
MB2. However, the access stride of each thread is 52 bytes.
When loading from global memory, the sustained bandwidth
efficiency is only about 1/13.
In order to improve the bandwidth efficiency, a transformation from AOS to SOA was performed. Corresponding to

The Scientific World Journal

5
Host

Frame n
···
Frame 1
Frame 0

01011101001010001. . . Bit-streams

Host to device

Device to host
Device

Original
frame
buffer

DRAM

Bitstreams

I frame

P frame
Interprediction

Intraprocessing

CAVLC

Deblocking
filter

Loop with frame

DRAM

Reference
frame

Figure 3: The proposed H.264 encoder framework.

decoupled kernels, large global data structures are converted
into many small local data structures. Which brings the
following three advantages. (1) It improves the data transfer
efficiency by avoiding unnecessary data loading. For example,
in the intraprediction process, the 4 parameters loaded are
valid. (2) It improves data locality, facilitating prefetching. (3)
It facilitates coalesced access to GPU memory, which uses the
available memory bandwidth more efficiently.

3.4. Offloading the Workloads to GPU. Besides the compute
intensive tools, there are also control intensive components
in the H.264/AVC, such as CAVLC and deblocking filter. The
execution time for these two parts takes about 20% of the total
time. If these components cannot be parallelized efficiently,
the performance of parallel H.264 encoder will be restricted
by the serial parts. In this paper, we decomposed the H.264
encoder according to the functional modules into multiindependent tools. These tools are connected according to
the input and output relationship. We assigned all the major
workloads of H.264 encoder to GPU, while the CPU is just
responsible for some simple transactions, like I/O. The proposed H.264 encoder architecture based on GPU is presented
in Figure 3. The optimized structure takes on the following
characteristics. The first one is the relatively independent
functional modules, which handle large volumes of data with
multiple loops. It implies rich parallelism if loop unrolling
is available. The other one is the locality of the producerconsumer. This feature can reduce the data transfer between
CPU and GPU. However, the challenges generated from
parallelizing the control intensive components (CAVLC and
deblocking filter) still exist in this framework. In fact, it must
modify the corresponding algorithms to settle this kind of
problems, which will be discussed in the following sections.

4. MRMW: A Scalable Parallel Motion
Estimation Algorithm
Motion estimation typically consists of two parts, the calculation of the sum of the absolute difference (SAD) for
each possible estimate mode and the evaluation of ratedistortion (RD) performance of each mode. It is the most
time-consuming part of video encoder [9]. In addition, the
process for RD evaluation may restrict the parallel degree.
In this paper, a novel ME algorithm is proposed, named
multiresolutions multiwindows (MRMW) motion estimation. The basic idea of MRMW is using the motion trend of a
lower resolution frame to estimate that of the original frame.
It firstly compacts the original frame into lower resolution
image and estimates a primary MV for each compacted MB.
Based on the generated MV, it calculates a refinement MV of
MB in the original frame. The algorithm is divided into three
stages as follows.
Generating lower resolution frames: taking the 1080 p
video format as an example, the resolution (1920 × 1080)
image is decimated to a half-resolution (960 × 540) image and
a quarter-resolution (480×270) one, shown as in Figure 4. The
sizes of concentrated MB are 8×8 and 4×4 for half-resolution
and quarter-resolution images, respectively.
Full search on low resolution images: in order to ensure
the accuracy of the search results, a large search window is
assigned, such as 32 × 32. That is to say, when extended to the
original 1080 p resolution, the search window space covers a
128 × 128 region. Through this way, a rough MV is generated
for each MB, which is the candidate holding the minimal SAD
value, shown as in Figure 4, named MV0. Then, a similar
search process is performed in a small window space for MBs
in the half-resolution frame. The search window is centered
with MV0. In this step, a more accurate MV is generated,
named MV1 in Figure 4. In addition, we divided the whole
frame into several independent tiles to enlarge the parallel
degree, similar to the tiles of HEVC. The process to MBs in
different tiles can be executed simultaneously.
Refinement search for full-resolution: it calculates a MV
for each MB in the original frame like the process to MB
of the half-resolution. Then, an evaluation of rate-distortion
performance is performed to generate the final optimal MV.
It should be noticed that we considered the whole frame as
only one tile in this step. In order to obtain a more accurate
prediction result, a MB is divided into variable block sizes,
such as 8 × 4, 4 × 8, 8 × 8, 16 × 8, 8 × 16, and 16 × 16. If the
estimation is processed for each kind of block, the MV would
be the most accurate. However, the computation requirement
will be the highest. In this paper, the SAD values of different
blocks are merged from the corresponding 4 × 4 subblocks’
values.
All three steps of MRMW consist of the following
two basic functions: computing SADs for each candidate
position and selecting the best MV. In order to maximize
the parallelism, we divided each step of MRMW into three
stages: the computation of SADs, merging of SADs, selection
of the best MV. In this section, the processing for the fullresolution is chosen to explain the parallel implementation
of the proposed interprediction algorithm with CUDA.
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480 × 270

Search
MV0 window

Search
window

HRMB 8 × 8

QRMB 4× 4

Figure 4: Concentration of the original frame into lower resolution ones.

In our implementation, a MB was divided into 16 subblocks with size of 4 × 4. The SAD value of each 4 × 4 subblock
can be calculated simultaneously for all search points. Using
the generated SAD values of 4 × 4 subblocks, the SAD value
for other sizes of block can be calculated. One thread is
assigned to process the computation for a candidate search
point. Assuming the search range is 𝑀 × 𝑁, the number of
thread of the kernel can be computed by (1). Because there
are two iterations of similar operations that will be carried
out before processing the full-resolution frame, we assigned
the search range as 16 × 16 for saving computation. For 720 p,
the parallel degree achieves up to 14745600. Assuming the size
of the thread-block is 256, the total number of thread-block
achieves 57600, while the number of multi-stream-processor
(SM) in a GPU graphic is less than 50. That is to say the
number of thread-block assigned to each SM is more than
1000. Figure 5 shows the parallel model of SAD computing
based on CUDA. Each thread calculates the SAD value for a
4 × 4 subblock in a certain search position. A thread-block
deals with computation for a 4 × 4 subblock in the same
search window (20 pixels × 20 pixels). In order to reduce the
accessing to global memory, the pixels of a search window
are loaded to the shared memory and can be reused by all
threads of the same thread-block. Figure 6 shows the course
of merging SAD. Firstly, the SAD values of small blocks (4 × 8
and 8 × 4) are obtained. Then results for big blocks will be
produced based on the small ones. The kernel designation is
different from SAD computation; one thread corresponds to
one MB, but not the subblock:
width height
(1)
×
× 𝑁 × 𝑀.
Numthread =
4
4

5. Efficient Parallel Designs for Control
Intensive Modules
5.1. Multilevel Parallelism for Intracoding
5.1.1. Dependence Analysis. Two kinds of intraprediction are
largely used for component of Luma coefficient: the 4 × 4
mode and the 16 × 16 mode. The 4 × 4 prediction pattern
contains 9 methods [1]. Similarly, there are 4 methods for
the 16 × 16 mode. For each mode, reconstructed pixels in

neighbor blocks or MBs are needed, which makes the process
of current MB must wait until its left-top MB, top MB, and
left MB are completely performed. This kind of dependence
severely restricts the parallelism of intracoding.
5.1.2. Exploring the Parallelism between MBs. In order to
increase the parallel degree, multislice method is introduced.
It partitioned each frame into multislice and processed each
slice independently. At the same time, the wave-front method
is adopted for parallelizing the MBs in the same slice,
shown as in Figures 7(a) and 7(b). It should be noticed that
multislices will also result in the reduction of the compression
rate. However, if the number of slices is kept within a small
value, such as 17 for 1080 p video format, the experimental
results show that the reduction of the compression rate is
acceptable.
5.1.3. Exploiting the Parallelism within a MB. Restricted to the
reconstructed loop, though adopting wave-front method, ten
steps are needed to accomplish the 4 × 4 mode prediction for
a MB. As is shown in Figure 7(c), here, each small grid represents a 4×4 block. The number indicates the encoding order of
the blocks. The arrow represents data dependence. From the
graph, we know that the maximal number of blocks within a
MB that can be performed simultaneously is only 2. Experiments to multiple test sequences show that some prediction
methods, needing upper right reconstructed pixels (the third
and the seventh method of the 4 × 4 prediction and the third
of the 16 × 16 prediction), play a slight role. It increases the
bit-rate for I-frames by less than 1% and has an even smaller
impact on P-frames when dropping these three prediction
ways. Therefore, in this paper, we remove these three modes.
Figure 7(c) shows that the intracoding of a MB can be
completed in 7 steps and the parallel degree can reach 4 for a
MB. After optimizing with the above two steps, the total max
parallel degree for intraprediction achieves 272 for 1080 p
video format, when the slice number is configured as 17.
5.1.4. Maximal Parallelism of the Pipeline. We divided intracoding into five stages: prediction, DCT, quantization,
I quantization, and IDCT. The granularity of data dependency in a MB differs from various stages, shown as in
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according to the available maximum parallel degree. During
execution, states of a thread are variational with different
stages. For a MB with size of 256, the maximum number of
threads that can be executed simultaneously is 256 in stage
of quantization, so the size of thread-block will be set as
256. In prediction stage, only 16 threads are activated for
each thread-block. During the processing of DCT, 64 threads
work and each thread handles a row/column of pixels in
a 4 × 4 block. When coming into quantization phase, all
threads are activated. Experimental results show that the
multilevel parallel method can achieve 3 times the speedup
ratio compared with using constant parallel degree.

16 × 16 SAD

5.2. Component-Based Parallel CAVLC
Figure 6: The merging of SAD values for different block.

Table 1. This feature induces us to design parallel model
according to different stages. We first configure thread-block

5.2.1. Three Major Dependencies of CAVLC. Through profiling the instructions of CAVLC, we found three major
factors that restrict its parallelism, that is, the context-based
data dependence, the memory accessing dependence, and
the control dependence. Context-based data dependence is
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Table 1: Characteristics of five stages.

Stages
Prediction
DCT
Quantization
I quantization
IDCT

Dependence level
Strong
Weak strong
None
None
Weak strong
Row
0

Stage 1: slice parallelism
Slice 0
Slice 1
Slice 2

1,920

1,919

Maximal parallel degree
16
64
256
256
64

Stage 2: MB wave parallelism in a slice
···
···
Max parallel
degree = 4 · · ·
···

Slice 16
(a)

5,760

MB0
Max
parallel
degree
= 17

..
.

3,840

4×4
SubMB

Dependence granularity
One 4 × 4 block
One column or row of 4 × 4 block
One pixel
One pixel
One column or row of 4 × 4 block

MB3
(b)
4×4
SubMB

1
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4
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Max
parallel
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parallelism in a MB

Max
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Stage 3: simplified-7step wave parallelism in a MB

(c)
Total max parallel degree (GPU thread number): 17 × 4 × 4 = 272

Figure 7: Multiple levels of parallelism of intraprediction.

caused by the self-adaptive feature of CAVLC, shown as in
Figure 8(a). The value of nC of the current block relies on nA
and nB. Due to the dependence, the process to current block
must wait until its top block and left block are finished. The
memory accessing dependence is due to the variable length
coding characteristic of CAVLC, shown as Figure 8(b). As we
all know, the bit-stream of a frame is packed bit by bit, and
the bit-stream of current MB cannot be output until the prior
one is performed. Control dependence results from different
processing path for different components, which consists of
two layers: the frame layer and the block layer. In the frame
layer, the branch is mainly caused by different frame types and
different components of a frame. The left side of Figure 8(c)
describes the branch caused by computing the value of nC
for different component block. In the block layer, the branch
comes from the irregular characteristic of symbol data, such
as whether sign trail is 1 or −1 and whether levels are zero or
not. The right side of Figure 8(c) gives the branch processes
of computing the symbol of levels.
In order to parallelize the CAVLC encoder on GPU, the
first step is to optimize the structure of the conventional
CAVLC to overcome the limitations described above. We
partitioned the CAVLC into four paths according to the four
components of a frame: Luma AC, Luma DC, Chroma AC,

and Chroma DC. For each processing path, three stages
are performed, that is, coefficient scan, symbol coding, and
bit-stream output. The proposed CAVLC encoder, named
component-based CAVLC, is shown in Figure 9.
5.2.2. Two Scans for Data Dependence. Two scans are
employed to gain the statistic symbols. Firstly, a forward
scan is executed on the quantized residual data, and it stored
the residual data in zigzag order. The results include the
number of nonzero coefficients (total coeff: nA/nB) of blocks
and the zigzagged coefficients. Then, a backward scan is
performed on the zigzagged coefficients. According to the
value of nA/nB, the value of nC can be calculated. The
results consist of symbols needed to be coded and the values
of nC. This method wins two advantages: avoiding data
dependence when computing nC and reducing unordered
memory accessing for zigzag scan in the traditional codes.
5.2.3. Component-Based Parallel Coding. For the sake of
minimizing the performance loss of the target parallel
CAVLC encoder due to control dependence, in this paper,
we proposed a component-based coding mechanism. In this
method, the program codes the symbols frame by frame in
order of Luma DC, Luma AC, Chroma DC, Chroma AC,

The Scientific World Journal

9

Top block
nB

nA
Left block

nC
Current
block

MB
0

MB MB
1
2

1 byte Bits

MB MB
m
n

···

1 byte Bits

1 byte Bits

···

1 byte Bits

···

(a) Data dependence

···

Assembled byte
Assembled byte
(b) Bit-stream accessing dependence
···
if (LumaDC)
if(level[i] < 0)
{
nA = BlkA−> TotalCoeffLuma;
{
···
i level code = −2 ∗ level[i] – 1;
}
}
else if (LumaAC)
else
{
{
···
i level code = 2 ∗ level[i] – 2;
}
}
else if (ChromaAC)
if(i==i trailing && i trailing < 3)
{
{
nA = BlkA−> TotalCoeffChroma;
i level code−= 2;
}
···
}
···
···
(c) Control dependance

Figure 8: Dependence of the CAVLC encoder.

Luma ac
Luma
coeffs

Cavlc block
context LumaAC

Contexts

Cavlc texture
Symbols
symbols LumaAC

Cavlc texture
codes

Cavlc block
context DC

Contexts

Cavlc texture
Symbols
symbols LumaDC

Cavlc texture
codes

Codes

Cavlc header
codes

Codes

Cavlc bitpack
block cu

Packet
words

Cavlc bitpack
MB cu
Packet words

Luma dc

Codes

Cavlc bitpack
block cu

Packet words

Cavlc compute
out position
Positions

Chroma ac

Cavlc block
Contexts
context ChromaAC

Symbols
Cavlc texture
symbols ChromaAC

Contexts
Cavlc block
context ChromaDC

Symbols
Cavlc texture
symbols ChromaDC

Chroma
coeffs
Chroma dc

Cavlc texture
codes

Cavlc texture
ChromaDC

Codes

Codes

Cavlc bitpack
block cu

Packet words

Cavlc bitpack
block cu

Packet words

Cavlc parallel
write
Out H264
Out
streams

Figure 9: The component-based CAVLC.

instead of processing the four components MB by MB. For
example, until all the coefficients of Luma DC of a frame are
executed, the process for the component of Luma AC could
be started. The unnecessary branches caused by different
process path can be effectively reduced. In this stage, the
coded results (the bit-stream for each symbol and its length)
must be kept for the next stage (packing). However, the size of
bit-stream of each block is unknown; a big enough temporary
memory space is required to store the corresponding bitstreams. In our implementation, maximum of 104 bytes are
used for keeping the symbols of a subblock. It should be
noticed that, among those memory units, some of them are
not used.
5.2.4. Parallel Packing. In order to implement the parallel
packing, the behavior of each thread must be determinate.
It means that the output position of the bit-stream for each
block must be determinate. Though the length of the bitstream is not constant, fortunately, the length of bit-stream
of each block has to be obtained from the previous stage.
According to the length, the output position can be calculated

for each subblock and a parallel packing can be performed.
In this paper, two steps are employed to perform the parallel
packing. The first step combines the bit-stream of subblocks
of a MB to be a continuous one and computes the parameters
for parallel packing, which includes the out position, the
shift bits, and shift mode of the bit-stream for each MB.
The second step performs parallel packing based on the
parameters gained in the first step.
We firstly combine the bit-stream of each subblock to be
a continuous one. For this kernel, the number of thread is
equal to the number of blocks of a frame. Then, it packs the
bit-stream of different blocks of an MB to form an integrated
one. The number of threads reduces to be the number of
MB. In order to parallelize the packing for each MB, some
information is needed, shown as follows:
(i) the number of byte of bit-stream for each MB (𝑛);
(ii) the number of the remaining bits less than one byte of
the bit-stream for each MB (𝑚, 𝑚 < 8);
(iii) the shift mode and shift bits for the bit-stream of each
MB.
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5.3. Direction-Priority Parallel for Deblocking Filter
5.3.1. Dependence Analysis. Deblocking filter is performed
to eliminate the artifacts produced by block-based coding.
For a frame, each MB is filtered in raster-scan order with
optional boundary strength (BS). The filter order for edges
of luminance MB is shown in Figure 12. The program firstly
filters the vertical boundaries from left to right (from A
to D), followed by four horizontal boundaries (from E to
H). For chrominance MB, it filters the external boundary of
the MB followed by the internal boundary. The filtering to
edges of the current boundary (such as e5, e6, e7, and e8
of B Figure 12) depends on the results of the edges of the
previous boundary (e1, e2, e3, and e4 of edge A in Figure 12).
Similarly, the process to the current MB must wait until
the previous one is finished. It is challenging to parallelize
deblocking filtering efficiently due to this dependence. Table 2
shows the performance of serial implementation on CPU
and a nonoptimized parallel one on GPU GTX260. The
performance of the parallel realization is 4.4 times lower than
that of the serial one. The major reason can be attributed to
the very small parallel degree.

3b

MB3

4b

MB4

6b

T3

T1

Bit stream
Out position Byte 1

Byte 4

Byte 7

T0

Bit stream
Out position

Figure 10: Calculation of start position for each MB.

The length of bit-stream for each MB is (𝑛 × 8 + 𝑚) bits.
According to the length, the output position of the bit-stream
for each MB can be obtained. The reduce method is adopted
to speed up the calculation, shown as in Figure 10.
In the second step, each thread disposes the writing back
process of bit-stream for one MB. In our implementation, a
composed byte is generated by shifting the current bit-stream
towards left and the next bit-stream towards right. The shifted
number is 8 m for left-shift and 𝑚 for right-shift, respectively.
Figure 11 shows the progressing of parallel output. In the first
writing, thread T0 writes the first byte of the bit-stream of
MB0. Thread T1 writes the composed byte of MB1, which is
the combination of the last two bits of the first byte and the
first six bits of the second byte of the bit-stream. The data
thread T0 writing in the last time is a composite byte of the
last two bits of MB0 and the first six bits of MB1.

MB2

First write
T0
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Bit stream
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T3
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Figure 11: Parallel writing packing.
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Figure 12: The filtering order for boundaries of a MB.
Table 2: The performance comparison between nonoptimized
parallel deblocking filter on GPU and serial one on CPU.
Implementation
Platform
Parallel degree
Performance (ms/frame 1080 p)

Serial
CPU 2.65 GHz
1
92.1

Parallel
GTX 260
16
405.8

5.3.2. Direction-Priority Algorithm for Filter. Through the
analysis to the instructions, we found that the difference
between the filtered pixels and the original pixels is very
small. In addition, data dependence between MBs only
involves the outermost boundaries. Furthermore, the dependence level varies from the BS. Based on the observation, in
this paper, to enlarge the degree of parallelism, a directionpriority deblocking filter was proposed, shown as Figure 13.
The process of the proposed algorithm is as follows: filtering
pixels around vertical edges of the frame from left to right
followed by filtering pixels around horizontal edges of the
frame in top-to-bottom order. Different from MB-based
approach [10], the direction-priority approach decouples the
computations for different directions. Each thread of the
kernel processes a pixel and the surrounding pixels on the
same edge, so that pixel-level parallelism can be achieved.
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Figure 13: Direction-priority approach on GPU.

In this way, the highest degree of parallelism for vertical
filtering is 1088, while horizontal filtering achieves 1920.
5.3.3. Four Steps Schedule to Enlarge the Parallel Degree.
In order to further explore the parallelism, we proposed a
novel schedule method. The processing for a MB is divided
into four steps according to the principle of the limited
error propagation [38]. During each step, the filter to all
MBs is independent, but explicit synchronization is necessary for neighboring steps. Figure 14 shows the proposed
schedule strategy. As we know, the strong filter just exists
at the boundaries of MB (boundary 0 or boundary 4 in
Figure 14(a)). For the inner boundaries (boundaries 1, 2, and 3
and boundaries 5, 6, and 7), maximal two pixels on either side
of the boundaries may be affected. For example, the samples
(g, h, and i) used for filtering the second pixel of the right
side of the boundary 2 (pixels j) will not be affected, shown
as Figure 14(a). Based on the above analysis, the proposed
scheduling is shown as follows: in the first step, a horizontal
filtering to samples of boundary 2 and boundary 3 (samples
from j to n) is performed for all the MBs. Five columns pixels
will be modified, shown in Figure 14(a). The pixels of other
columns (pixels: n p and a i) will be filtered in horizontal
way in the second stage in Figure 14(b). Similarly, a vertical
filter is carried out for the horizontal boundaries (boundary
6 and boundary 7) in step three, shown as Figure 14(c), and
the pixels rows from J to M will reach their final state. In
the final stage, the pixels from N to P and from A to I of
a MB are filtered in Figure 14(d). At the start of the second
step, a synchronization point is introduced to ensure that the
horizontal filter for boundary 3 of the previous MB is finished.

Table 3: Available parallelism of different DB algorithms.
Resolution
Serial algorithm
The proposed method

480 p
16
1200 × 16

720 p
16
3600 × 16

1080 p
16
8160 × 16

Through the two steps mentioned above, the parallel
degree of the deblocking filtering is increased significantly.
Table 3 shows the parallelism of the conventional algorithm
and the proposed algorithm. It can be seen that the parallelism is always 16 for serial algorithm, while the parallelism
of the proposed method increases with the resolution of the
video.

6. Experimental Results and Analysis
6.1. Experimental Setup and Test Sequences. The proposed
parallel H.264 encoder was tested on the host of Alienware
Aurora-R3, which was equipped with Intel CPU i7-2600
(quad-core 3.4 GHz). Three different NVIDIA GPUs are
chosen as coprocessors to accelerate the proposed parallel
H.264 encoder. The detailed information of the GPUs can
be seen in Table 4. The CUDA used in our experiment was
CUDA-4.2. The input videos in our experiment consist of a
list of standard test sequences in three resolutions: D1 (City,
Crew), 720 p (Mabcal, Park run, Shields, and Stock), and
1080 p (Into tree, Old town, Park joy, and Rush hour).
6.2. Evaluation of the RD Performance. We first evaluated
the RD performance of the proposed parallel H.264 encoder.
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Figure 14: Scheduling of the filter for MB. White: original pixels; light gray: previously filtered pixels; dark gray: filtered in current pass; circled:
pixels in their final state.

Table 4: The characters of GPUS.
Type
GTX 260
GTX 460 Tesla C2050
Number of SM
27
7
14
Cores
216
336
448
Frequency
1.29 GHz
1.3 GHz
1.15 GHz
Shared memory per SM
16 KB
16/48 KB
16/48 KB
Registers per SM
16384
32768
32768
L1 Cache
NA
16 KB
16 KB
Memory bandwidth
111.9 GB/s
115.2 GB/s
144 GB/s
Peak performance
535.7 Gflops 873.6 Gflops 1.03 Tflops

Figure 15 shows the detailed impacts of different algorithms
on RD performance. The item of Original means the results
of the reference x264 code. The Para. Inter represents using
the proposed MRMW algorithm instead of the original
ME in x264 and keep the other components unchanged,
while Para. Intra and Para. DB. mean introducing the
proposed multilevel parallel intracoding and the directionpriority deblocking filter to x264 code, respectively. The
Para. App. presents the implemented CUDA-based parallel
H.264 encoder. Because we do not propose a new CAVLC
algorithm, but just reorder the execution sequence, there is
no impact to the RD performance. The tested sequences are
configured as P-frames followed with an I-frame for each 30
frames. All the sequences are encoded for total 300 frames.
The slice numbers are set as 11, 15, and 17 for video formats
of D1, 720 p, and 1080 p, respectively. The initial search range

for MRMW is 16 × 16. It can be seen that the degradations
of PSNR are from 0.08 dB to 0.56 dB compared with the
reference software, when using the MRMW algorithm. The
decrease of the PSNR can be attributed to the following two
reasons. The first one is that the proposed MRMW algorithm
divided the whole frame into several small subdomains,
which is a 2D grid and consists of several MBs. The ME is
independent for each subdomain. In addition, the MV of
compacted lower-resolution MB may not represent the real
MV of the original MB. The decline of the PSNR values
affected by multilevel parallel intracoding is less than 0.1 dB
for 1080 p, when keeping the same bitrate. For the other two
formats of frames, the maximal degradations of PSNR are
0.19 dB and 0.32 dB, when the bitrate is about 3000 kbps. With
the bitrate increasing, the degradation of PSNR impacted
by multilevel parallel intra-algorithms is decreasing. When
the bitrate is larger than 20000 kbps, the degradations of
PSNR are smaller than 0.08 dB, while for the directionpriority deblocking filter, the impact to RD-performance
could be negligible, and results show upgrades in some cases
even. Overall, compared with the reference program, the
implemented CUDA H.264 has a loss of PSNR value about
0.35 dB ∼ 0.54 dB, 0.14 dB ∼ 0.77 dB, and 0.33 dB ∼ 0.57 dB
for D1, 720 p, and 1080 p video formats, respectively.
6.3. The Speedup Overhead Analysis. We then assessed the
speedup of the proposed encoder. Figures 16, 17, and 18 give
the speedup ratio of the CUDA-based H.264 encoder on
three NVIDIA’s GPUs, compared with the performance of
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Figure 16: Speedup ratio of the proposed parallel H.264 encoder on GTX260.
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Figure 17: Speedup ratio of the proposed parallel H.264 encoder on GTX460.

the serial program on Intel CPU i7-2600. It should be noticed
that the serial program was not optimized with vectorization.
The experimental results indicate that our implementation
outperforms the reference serial encoder in terms of speedup
ratio by a factor of more than 19 for 1080 p format on C2050.
For the performance on GTX460 and GTX260, the speedup
ratios of the application are about 16 and 11. One observation
is that the bigger the input sequences, the higher the speedup
ratio that can be achieved. Except the overall performance
of the H.264 encoder, we also evaluated the performance
of different parallel components. From the graph, it can be
seen that the interprediction achieves the maximal speedup.

The speedup ratios on three GPUs are about 13, 18, and 25,
respectively. We considered that the high speedup ratio comes
from the high parallel degree of the MRMW. We noticed
that the achieved speedup ratios are proportional with the
peak performance of the GPUs. It implies that the proposed
MRMW algorithm is scalable, while for intraprediction,
the speedup ratio is very low, about from 2.8 to 8.8. That
is because of the strong data dependence caused by the
reconstruction loop, which is suitable for execution on CPU.
For the control intensive components CAVLC, the speedup
ratios on the three platforms are similar to each other and are
proportional with the memory bandwidth, while deblocking
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Figure 18: Speedup ratio of the proposed parallel H.264 encoder on C2050.

filter shows varied phenomenon, because the parallel degree
of the most time consuming kernel (bit pact) of CAVLC
is relatively small and decreases with the kernel execution.
Moreover, the process of this kernel is irregular, which cannot
exploit the computational power of GPUs. In addition, the
computation-accessing-ratio of CAVLC is relatively low; the
performance of the proposed CAVLC is majorly determined
by the bandwidth of the GPU, while the parallel degree of the
proposed deblocking filter is equal to the number of 4 × 4
subblock of a frame and keeps constant during the kernel
execution. It should be noticed that the CAVLC achieves a
very high performance on the CPU used in this paper due to
its high frequency and big cache size. When compared with
the performance on another CPU, Intel E8200, the speedup
ratio of CAVLC can be 46, 4 times higher than the speedup
on Intel CPU i7-2600.
We also compared the performance of the proposed
parallel implementation of H.264 encoder with other versions based on GPU or multicore processors, shown as in
Table 5. As can be seen, our implementation can achieve
about 16 times of speedup compared with the reference
program without optimization for 720 p. It outperforms
the optimized serial encoder (using compiled instructions,
MMX, SSE, and so on) in term of speedup by factors from
3 to 6. It should be noticed that the speedup ratios in
the table for other implementations are copied from the
corresponding papers, but not the results compared with
the performance tested on our CPU. In order to facilitate
comparison with other GPU-based implementations, we
list the performance of different modules on GTX260. A
significant improvement can be obtained for the proposed
encoder when compared with other GPU-based parallel
versions. Our implementation establishes a speedup factor of
3 over the parallel H.264 encoder based on GPU [10]. More
than 5 times of speedup can be achieved for the proposed

multilevel intracoding compared with the wavefront method
[23] for 720 p video pictures, when normalized to the same
reference CPU. This table clearly shows that our componentbased CAVLC outperforms the implementation based on
fine-grained multiprocessors system [25]. For deblocking
filter, we got a similar speedup with MFP [24]. For 720 p
format scenarios, the proposed parallel H.264 encoder can
satisfy the requirement of real-time encoding of 30 fps, while
for 1080 p, the encoding speed achieves 20 fps. We think two
major factors make the proposed encoder high performance.
The first one is that the implementation realizes all the
major workload of the H.264 encoder with GPU, even for
the irregular components. It eliminates the impact of serial
parts according to Amdahl’s low and reduces the cost of
data transfer between CPU and GPU. The other one is the
proposed novel algorithms for varied modules, which enlarge
the parallel degree as much as possible and improve the
efficiency of the memory bandwidth. Though the CUDA
encoder can achieve a better performance on speedup ratio,
the quality is not as good as the proposed implementation.
More importantly, there is no detailed information about the
designation of the CUDA encoder.
6.4. The Bottleneck Analysis. In this section, we discuss the
time breakdown of the proposed H.264 encoder. Figure 19
shows the time distribution of the parallel H.264 encoder
on different platforms, including the CPU. As can be seen,
the inter prediction occupies more than 70% of the execution time when running on CPU. After parallelization,
the proportion decreased to be about 30% on C2050. The
time proportion of the parallel intraprediction doubled when
compared with its result in the serial encoder. An interesting
observation is that the proportion of the CAVLC rose after
parallelization. In addition, the number increased with the
computation power of the GPU, from 23% on GTX260 to
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Table 5: Performance comparison between the proposed parallel H.264 encoder and other implementations.
Reference
code

Target
resolution

Optimized
module

CPU (i7-2600) original
CPU (i7-2600) optimized
GTX280 [10]
Geforce 8800 [23]
AsAP [25]

x264
x264
x264
x264
x264

720 p
720 p
720 p
720 p
720 p

GTX 240MFP [24]

x264

1080 p

GeForce 9800 [3]
GTX260 The proposed MRMW
GTX260 The proposed Intra
Coding
GTX260 Component-based
CAVLC

JSVM
x264

CIF
720 p

NA
Key function
ME
Intracoding
CAVLC
Deblocking
filter
ME + Intra
ME

x264

720 p

x264

720 p

GTX260 Direction-priority DB.

x264

720 p

C2050 The proposed H.264

x264

720 p

Platform

Speedup ratio

Performance (fps)

1
3∼5
NA
2∼3
4.86

1.05 (for application)
3∼5.5 (for application)
15.5 (for ME)
NA
36∼41.3 (for CAVLC)

10.2

1309 (for deblocking filter)

6.7
12∼14

1.02 (for application)
50 (for ME)

Intracoding

4∼6.8

21 (for Intracoding)

CAVLC

8

105 (for CAVLC)

9

1050 (for deblocking filter)

13∼17

32.3 (for application)

Deblocking
filter
Application

1.2
Time breakdown of the H.264 encoders

1
0.8
0.6
0.4

0

CPU i7
GTX 260
GTX 460
C2050
CPU i7
GTX 260
GTX 460
C2050
CPU i7
GTX 260
GTX 460
C2050
CPU i7
GTX 260
GTX 460
C2050
CPU i7
GTX 260
GTX 460
C2050
CPU i7
GTX 260
GTX 460
C2050
CPU i7
GTX 260
GTX 460
C2050
CPU i7
GTX 260
GTX 460
C2050
CPU i7
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Figure 19: Time breakdown of Shields on CPU and GPUs.

34% on C2050. The proportion of the deblocking filter keeps
almost the same with that of the serial implementation. For
the parallel implementation, though almost all the workloads
are offloaded to GPU, the memory copy time consists of about
25% even.
In order to analyze the proposed H.264 encoder much
more accurately, we used the CUDA profiler to collect the
major metrics of kernels. The results are based on encoding 30
frames of video sequences Shields. Table 6 shows the detailed
information of the major kernels on GTX460, including the
execution time proportion, IPC, shared memory used for
each thread block, the register allocated to each thread, and
the performance limitation factor. Here, we just listed the
information of kernels, whose execution time occupied more

than 0.5% of the total execution. The Exe. time means the
execution time of the kernel. The column of branch indicates
the instructions executed in serial way. As can be seen, the
calling times of the memory copy are 864 and 257 for host-todevice and device-to-host, respectively, we think the times of
API calling caused the high proportion of these two methods.
The most time consuming kernel comes from the CAVLC,
named cavlc bitpack block, which packs the encoded bitstream of each block to be a continuous one. The limitation
of this kernel can be attributed to the irregular process and
the calling time. We think that it is a possible optimization
to packing all four kinds of bit-stream of a frame in the
same kernel. Furthermore, using the L1 cache instead of the
shared memory in some case may bring some benefits. Kernel

memcpyHtoD
cavlc bitpack block
memcpyDtoH
pframe intra coding luma
me IntegerSimulsadVote
me QR LowresSearch
Iframe luma residual coding
ChromaPFrameIntraResidualCoding
pframe inter coding luma
cavlc texture codes luma DC
me HR Cal Candidate SAD
cavlc block context iframe LumaAC
cavlc texture symbols luma AC
ChromaPFrameInterResidualCoding
me HR Candidate Vote
MotionCompensateChroma
memset32 aligned1D
cavlc bitpack MB
cavlc block context PrevSkipMB
cavlc texture symbols chroma AC
me Decimate
CalcCBP and TotalCoeff Luma
CalcPredictedMVRef
CalcCBP and TotalCoeff Chroma
cudaDeblockMB kernel ver
cavlc block context ChromaAC

Method
864
150
357
29
29
29
1
29
29
90
29
30
30
29
29
29
182
30
29
30
58
30
29
30
30
30

Number of calls
74184.20
62971.30
60254.80
36969.20
34574.20
28985.80
27286.10
19010.40
18334.80
16730.30
7972.38
7900.45
7585.54
7196.61
6964.67
6353.73
4387.74
4362.85
4307.42
3908.42
3695.84
3498.78
3313.12
2855.01
2851.80
2764.67

Exe. time (us)
15.75%
13.37%
12.80%
7.85%
7.34%
6.16%
5.79%
4.04%
3.89%
3.55%
1.69%
1.68%
1.61%
1.53%
1.48%
1.35%
0.93%
0.93%
0.91%
0.83%
0.78%
0.74%
0.70%
0.61%
0.61%
0.59%

% Exe. time
Branch
0.00
5215.31
0.00
104046.00
47548.10
65434.90
873822.00
1895.59
10815.80
10254.50
4639.97
1539.20
23281.90
7221.10
6781.52
4137.38
3957.69
2084.40
729.00
9674.63
1345.78
257.47
230.28
1148.83
35558.30
643.33

Table 6: Kernel information of Shields on GTX460.
IPC
0.00
0.86
0.00
0.30
0.99
1.36
1.94
0.74
0.53
1.45
1.25
2.23
0.94
1.63
1.73
1.08
2.26
1.72
0.79
0.40
1.48
1.63
1.45
0.82
1.19
1.82

Average Value for each kernel launch
Registers
Shared mem
0.00
0.00
6656.00
14.00
0.00
0.00
3824.00
32.00
1216.00
40.00
5648.00
32.00
5472.00
63.00
320.00
63.00
1824.00
42.00
1008.00
18.00
1584.00
19.00
0.00
15.00
4096.00
23.00
2688.00
31.00
272.00
21.00
748.00
18.00
0.00
3.00
0.00
19.00
0.00
8.00
2560.00
22.00
512.00
13.00
4608.00
21.00
0.00
18.00
2528.00
23.00
1040.00
31.00
0.00
27.00

Limited factors
Number of calls
Parallelism
Number of calls
Parallelism
Registers
Registers
Parallelism
Registers
Parallelism
Instruction issue
Block size
Instruction issue
Instruction issue
Parallelism
Parallelism
Instruction issue
None
Global bandwidth
Parallelism
Global bandwidth
Block size
Global bandwidth
Parallelism
Global bandwidth
Global bandwidth
Registers
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Iframe luma residual coding deals with the intraprediction,
DCT, and the quantization of an I frame. Though it has been
called only for one time, the time proportion is more than
5%., because the parallelism is very low, which is due to the
strong data dependence. In addition, there are many branch
instructions resulting from the multiprediction modes, which
will cause serial execution. For most of kernels belonging
to the interprediction, the performance limitation factors
come from the register consuming and the parallelism. When
the number of register used for each thread is over 32, the
maximal occupancy that can be obtained will be less than
0.667. We also marked the kernels with lower IPC (the bold
italic grids), which reveals the utilization of the compute
units. The low IPC can be attributed to the serial execution
and the frequent memory access. As we found from the
figure, the shared memory usage will not be a performance
impact factor. For some kernels that involved a lot of in/out
data, the global memory of the bandwidth will restrict
the performance, such as CalcCBP and TotalCoeff Luma. It
calculates the CBP coefficients and needs the transformed
data as input. The data amount is double of input frame.

7. Conclusion and Future Work
In this paper, we proposed a parallel framework for
H.264/AVC based on massively parallel architecture.
Through loop partition and transformation from AOS
to SOA, we optimized the program structure for parallel
kernel designing. We offloaded all the computation tasks
to GPU and implemented all the components with CUDA.
In order to achieve high performance, we optimized all
components of H.264 encoder, proposed corresponding
parallel algorithms, including MRMW, multilevel parallel
intracoding, component-based parallel CAVLC and
direction-priority parallel deblocking filter. Particularly,
in order to parallelize the control intensive parts, such as
CAVLC and deblocking filter, two novel algorithms are
presented. Experimental results show that about 20 times the
speedup can be obtained for the proposed efficient parallel
method when compared with the reference program. The
presented parallel H.264 encoder can satisfy the requirement
of real-time HD encoding of 30 fps. Our implementation
outperforms the other GPU-based encoders in terms of
speedup by factors from 3 to 10. We think there are two
pivotal factors denoting the high performance of the H.264
encoder. One is the full parallel framework proposed based
on multiple programmable processors. The other one is the
efficient parallel algorithms for different modules.
It can be seen from the bottleneck analysis that there
is rich space to optimize our implementation, such as the
mechanism of stream and efficient usage of the on-chip
memory, especially the L1 cache in modern GPU. With the
rise of the new video coding standard H.265, we intended to
parallelize it based on the technologies proposed in this paper.
By paralleling this application based on GPU, we suffered
from the low productivity. In the future, we are also interested
in automatically parallel framework aiming at multimedia
applications based on programmable multi/many core architecture.
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To compress stereo video effectively, this paper proposes a novel macroblock (MB) level rate control method based on binocular
perception. A binocular just-notification difference (BJND) model based on the parallax matching is first used to describe binocular
perception. Then, the proposed rate control method is performed in stereo video coding with four levels, namely, view level, groupof-pictures (GOP) level, frame level, and MB level. In the view level, different proportions of bitrates are allocated for the left and
right views of stereo video according to the prestatistical rate allocation proportion. In the GOP level, the total number of bitrates
allocated to each GOP is computed and the initial quantization parameter of each GOP is set. In the frame level, the target bits
allocated to each frame are computed. In the MB level, visual perception factor, which is measured by the BJND value of MB, is
used to adjust the MB level bit allocation, so that the rate control results in line with the human visual characteristics. Experimental
results show that the proposed method can control the bitrate more accurately and get better subjective quality of stereo video,
compared with other methods.

1. Introduction
Three-dimensional (3D) videos, including stereo video multiview video and, have currently been coming to the home
through various approaches, such as Blu-Ray disc, cable and
satellite transmission, terrestrial broadcast, and streaming
and download through Internet [1]. Moreover, 3D video
technologies have been gradually matured to be moved into
mobile platforms, for example, 3D mobile phone and mobile
3D television [2]. However, there are many crucial technologies that need further research for stereo video coding. Rate
control is a key issue in stereo/multiview video coding and
transmission. Lu et al. [3] proposed a rate control scheme
for multiview video coding (MVC), on the basis of the new
quantitative measure for stereo video quality. And the macroblock (MB) quantization parameters (QPs) are modified
according to the QP of the neighboring MB on the purpose of
eliminating block effect in stereo video. Shao et al. proposed

a rate control method for asymmetric stereo video coding [4].
They use a fixed threshold to quantize binocular psychovisual
redundancy and establish the relationship between distortion
and quantization for asymmetric stereo video coding. Zheng
et al. [5] presented a rate control algorithm for MVC by
analyzing the rate allocation proportion among different
types of views, and the frame complexity was used to regulate
the target bit for each frame. Liu et al. [6] presented a rate
control technique for multiview video plus depth (MVD)
based 3D video coding, and an image-stitching method
was utilized to simultaneously encode video and depth.
While these rate control algorithms in stereo/multiview video
coding made useful explorations, however, these algorithms
were only designed to frame layer bit allocation. In order to
more finely rate control, it is necessary to develop the rate
control techniques on the MB layer.
Moreover, the above algorithms did not take into account
human visual characteristics well. Due to physiological and

2
psychological mechanisms of human visual system (HVS),
human eyes do not detect all of image or video distortion
[7]. Thus, the concept of just-noticeable difference (JND)
has played an important role in understanding HVS [8, 9].
JND implies a visibility threshold in which human eyes
can perceive changes in image values and depends on the
luminance and contrast of local image region. Liu et al. [10]
utilized a JND model to separate edge and textured regions
of the image. Recently, several studies had concentrated on
constructing visibility threshold for 3D image/video. Based
on modeling and incorporating the binocular combination of
injected noises, luminance masking, and contrast masking,
binocular JND (BJND) was reported as the first model to
measure the perceptible distortion of stereo images [11]. It
was empirically demonstrated that human cannot realize
distortion in stereo image if the distortion in one view image
is less than the BJND value.
In this paper, we propose a novel MB level rate control
method for stereo video coding based on visual perception.
The proposed rate control method is performed in stereo
video coding with four levels, namely, view level, group-ofpictures (GOP) level, frame level, and MB level. The BJND
model based on the parallax matching is first exploited. Then,
visual perception factor, designed based on BJND, is used to
adjust the MB level bit allocation. So the rate control results in
line with human visual characteristics. The rest of this paper
is organized as follows. Section 2 describes the BJND model
and Section 3 describes the proposed method. Section 4
shows experimental results, and finally, a conclusion is given
in Section 5.
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luminance, and contrast masking effects, a BJND at the right
view is defined as follows:
BJND𝑟 (𝑖, 𝑗, 𝑑)
= BJND𝑟 (bg𝑙 (𝑖 + 𝑑, 𝑗) , eh𝑙 (𝑖 + 𝑑, 𝑗) , 𝑛𝑙 (𝑖 + 𝑑, 𝑗))
= 𝑇𝐶 (bg𝑙 (𝑖 + 𝑑, 𝑗) , eh𝑙 (𝑖 + 𝑑, 𝑗))

(1)
𝜆

1/𝜆

𝑛𝑙 (𝑖 + 𝑑, 𝑗)
× (1 − (
) )
𝑇𝐶 (bg𝑙 (𝑖 + 𝑑, 𝑗) , eh𝑙 (𝑖 + 𝑑, 𝑗))

,

where 𝑖 and 𝑗 are the pixel coordinates, 𝑑 is the disparity
at the position of (𝑖, 𝑗) in right view, and𝑇𝐶 is a contrast
masking threshold. Note that BJND𝑟 is dependent on the
background luminance level bg𝑙 , the edge height eh𝑙 , and the
noise amplitude 𝑛𝑙 of the corresponding pixel position in the
left view. Here, the original sequence is used, so there is no
noise in the left view; that is, 𝑛𝑙 = 0.
𝑇𝐶 is defined by
𝑇𝐶 (bg𝑙 , eh𝑙 ) = 𝐴 limit (bg𝑙 ) + 𝐾 (bg𝑙 ) ⋅ eh𝑙 ,

(2)

where 𝐴 limit ( ) is a luminance masking function and 𝐾 ( ) is
a fitting function.
𝐴 limit (bg𝑙 ) and bg𝑙 are calculated in

2. The BJND Model
To account for the mutual effect on the minimum distortion
in one view that evokes perceptual differences in stereo
image, the BJND model was proposed by Zhao et al. and
measured with a set of psychophysical stimuli [11]. It has
been demonstrated that the BJND is binocular combination
of injected noises, luminance masking, and contrast masking
in binocular viewing.
In [11], Zhao et al. did not take into account the disparity
between left and right views of stereo image in their experiments, and they obtained BJND values under assumption
about that the disparities between left and right views were
zero. This assumption is not reasonable since in most cases
the disparity of stereo image is not zero. In practice, binocular
disparity is attributed to the primary visual cortical areas, and
it is one of the most important stereo cues. Stereo matching
itself has been a difficult task in computer vision, and a
comprehensive review of stereo matching is given in [12].
Here, a state-of-the-art stereo matching technique in [13] is
adopted.
To improve Zhao’s model, a modified BJND model is
presented with the consideration of binocular disparity.
Given the left and right views of stereo image with the
disparity image corresponding to left view, by incorporating
the models of the binocular combination of injected noises,

𝐴 limit (bg𝑙 )
0.0027 ⋅ (bg2𝑙 − 96 ⋅ bg𝑙 ) + 8,
={
0.0001 ⋅ (bg2𝑙 − 32 ⋅ bg𝑙 ) + 1.7,

if 0 ≤ bg𝑙 < 48,
if 48 ≤ bg𝑙 ≤ 255,

𝑗=5

bg (𝑥, 𝑦) =

1 𝑖=5
∑ ∑𝐼 (𝑥 − 3 + 𝑖, 𝑦 − 3 + 𝑗) ⋅ 𝐵 (𝑖, 𝑗) .
32 𝑖=0 𝑗=0
(3)

The fitting function 𝐾(bg𝑙 ) of bg𝑙 is defined as
𝐾 (bg𝑙 ) = −10−6 ⋅ (0.7 ⋅ bg2𝑙 + 32 ⋅ bg𝑙 ) + 0.07,
bg𝑙 ∈ [0, 255] .

(4)

The edge height eh𝑙 is given by

2 (𝑖, 𝑗) + 𝐸2 (𝑖, 𝑗),
eh𝑙 (𝑖, 𝑗) = √𝐸𝐻
𝑉

(5)
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Figure 1: The framework of the proposed MB level rate control method for stereo video coding.

where 𝐸𝑘 (𝑖, 𝑗) is 5 × 5 Sobel operator and the formula is as
follows:
5

1
∑ ∑ 𝑝 (𝑖 − 3 + ℎ, 𝑗 − 3 + V) ∗ 𝐺𝑘 (ℎ, V) ,
24 ℎ=1 V=1
(6)
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Figure 2: HBP coding structure of left view and right view.

(7)

3. The Proposed BJND-Based
Rate Control Method
Here, we present a new rate control method for the stereo
video based on the modified BJND. The framework of the
proposed method is illustrated in Figure 1, with rate control
in four levels, including view level, group-of-pictures (GOP)
level, frame level, and MB level.
3.1. View Level Rate Control. Hierarchical B Pictures (HBP)
coding structure in stereo video is shown in Figure 2. There
are two views to be encoded. It is seen that there is no interview predication in left view, and right view is encoded with

unidirectional interview prediction from the reconstructed
left view.
In [14], we obtained the proportion between left view and
right view according to preencoding the first GOP. The target
bit rate for each view is computed by
𝑇view (𝑘) = 𝑇total × 𝑤 (𝑘) ,

(8)

where 𝑇total denotes the total bit rate of left and right views.
𝑤(𝑘) is bit allocation proportion for each view. 𝑘 is the coding
order index of view, and the value of 𝑘 is 0 or 1, which
represents the left view and right view, respectively; 𝑇view (𝑘)
is target bit rate for the 𝑘th view.
3.2. GOP Level Rate Control. Within the left view or the
right view, the total number of bits allocated to each GOP
is computed and the initial QP of each GOP is set in GOP

4
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level rate control. The total number of bits allocated for the
ith GOP is computed by
𝑇𝑟 (𝑛𝑖,0 ) =

𝐵
𝑇view (𝑘)
× 𝑁gop − ( 𝑠 − 𝐵𝐶 (𝑛𝑖−1,𝑁gop )) ,
𝐹𝑟
8

(9)

where 𝐹𝑟 is frame rate, 𝑁gop denotes total number of frames in
the current GOP, and 𝐵𝐶(𝑛𝑖−1,𝑁gop ) is actual buffer occupancy
after encoding the (𝑖−1)th GOP. The buffer occupancy should
be kept at 𝐵𝑠 /8 after encoding each GOP. In the case of the
constant bit rate (CBR), 𝑇𝑟 is updated frame by frame as
follows:
𝑇𝑟 (𝑛𝑖,𝑗 ) = 𝑇𝑟 (𝑛𝑖,𝑗−1 ) − 𝐴 (𝑛𝑖,𝑗−1 ) ,

(10)

where 𝐴(𝑛𝑖,𝑗−1 ) is the actual encoding bits for the (𝑗 − 1)th
frame.
The initial QP of the first GOP is a predefined QP, denoted
as QP0 . As shown in Figure 2, I0 and B1 frames in the first
GOP of the left view and P0 and B1 frames in the first GOP
of the right view are encoded by QP0 . The first frame QP in
other GOP is computed by
8𝑇𝑟 (𝑛𝑖−1,𝑁gop ) 𝑁gop
SumBQP
QPst =
−1−
−
,
𝑁𝑏
15
𝑇𝑟 (𝑛𝑖,0 )

(11)

where 𝑁𝑏 is total number of bits in encoding B frame in a
GOP and SumBQP is the sum of QPs for all B frames in the
previous GOP.
3.3. Frame Level Rate Control. Within each GOP, the target
bits for each B frame are calculated according to the target
buffer fullness level and the number of remaining bits in
frame level rate control.
The actual buffer occupancy, 𝑇buf (𝑛𝑖,𝑗 ), is computed as

𝑇mb𝑙 (𝑖, 𝑗, 𝑘) = 𝑇rb𝑙 (𝑛𝑖,𝑗 ) ×

MAD2𝑙 (𝑖, 𝑗, 𝑘)

2
∑𝑁
𝑝=𝑘 MAD𝑙 (𝑖, 𝑗, 𝑝)

.

(15)

With the current MB’s BJND value and the average BJND
value of removing the left, right, upper, and lower boundary
MBs, the tolerable distortion degree, 𝜇(𝑖, 𝑗, 𝑘), of the current
MB in the whole frame is measured as follows:
𝜇 (𝑖, 𝑗, 𝑘) =

∑𝑋−1
𝑢=2

BJND𝑟 (𝑖, 𝑗, 𝑘)

∑𝑌−1
V=2 BJND𝑟 (𝑖, 𝑗, 𝑢, V)

,

(16)

where 𝑋 and 𝑌 denote the number of MBs in a row and
a column for each frame, respectively. The fluctuation of
𝜇(𝑖, 𝑗, 𝑘) is large, thus, it is normalized and then added with
0.5 so as to get the perception factor weighting 𝜔(𝑖, 𝑗, 𝑘),
which is denote by

𝜔 (𝑖, 𝑗, 𝑘) =

𝜇 (𝑖, 𝑗, 𝑘) − 𝜇min
+ 0.5,
𝜇max − 𝜇min

𝑋−1𝑌−1

𝜇min = min { ∑ ∑ BJND𝑟 (𝑖, 𝑗, 𝑢, V)} ,
𝑢=2 V=2

(17)

𝑋−1𝑌−1

𝜇max = max { ∑ ∑ BJND𝑟 (𝑖, 𝑗, 𝑢, V)} ,

𝑇 (𝑘)
𝑇buf (𝑛𝑖,𝑗 ) = view
𝐹𝑟

𝑢=2 V=2

+𝛾 (𝑇𝑏𝑙 (𝑛𝑖,𝑗−1 ) −

𝑇𝑏𝑙 (𝑛𝑖,2 )
− 𝐵𝐶 (𝑛𝑖,𝑗 )) ,
𝑁𝑏 − 1
(12)

where 𝛾 is a constant and its typical value is 0.75 [15].
𝑇𝑏𝑙(𝑛𝑖,𝑗−1 ) is the target buffer level of the 𝑗-1th frame in the ith
GOP. 𝑇𝑏𝑙(𝑛𝑖,2 ) is the initial value of target buffer level. 𝐵𝐶(𝑛𝑖,𝑗 )
is the actual buffer occupancy after coding the jth B frame in
the ith GOP.
Meanwhile, the number of remaining bits should also be
considered when the target bit is computed.
𝑇rem (𝑛𝑖,𝑗 ) =

3.4. MB Level Rate Control. Let 𝑇rb𝑙 (𝑛𝑖,𝑗 ) and 𝑁denote the
number of remaining bits for the all noncoded macroblock
in the current frame and the number of MBs, respectively. Let
𝑇mb𝑙 (𝑖, 𝑗, 𝑘) and MAD(𝑖, 𝑗, 𝑘) denote target bit rate and MAD
value in the kth MB, respectively. Consider

𝑇𝑟 (𝑛𝑖,𝑗 )
𝑁𝑏,𝑟 (𝑗 − 1)

,

(13)

where 𝑁𝑏,𝑟 (𝑗 − 1) is the number of the remaining B frames in
the ith GOP.
The target bits, 𝑇(𝑛𝑖,𝑗 ), are a weighted combination of
𝑇buf (𝑛𝑖,𝑗 ) and 𝑇rem (𝑛𝑖,𝑗 ) and represented by
𝑇 (𝑛𝑖,𝑗 ) = 𝛽 × 𝑇rem (𝑛𝑖,𝑗 ) + (1 − 𝛽) × 𝑇buf (𝑛𝑖,𝑗 ) ,
where 𝛽 is a constant and its typical value is 0.5 [15].

(14)

where min{ } indicates the minimum function and max{ }
indicates the maximum function.
The perception factor 𝜔(𝑖, 𝑗, 𝑘) is used to adjust the
target bit allocation for the MB level. The larger BJND value
represents more sensitive to distortion for human eye; that is,
the value of 𝜔(𝑖, 𝑗, 𝑘) is larger, so the MB should be allocated
more bits. Conversely, the MB with smaller BJND value
should be allocated smaller bits. Consider
𝑇mb𝑟 (𝑖, 𝑗, 𝑘) = 𝑇rb𝑟 (𝑛𝑖,𝑗 ) × 𝜔 (𝑖, 𝑗, 𝑘) ×

MAD2𝑟 (𝑖, 𝑗, 𝑘)

.
2
∑𝑁
𝑝=𝑘 MAD𝑟 (𝑖, 𝑗, 𝑝)
(18)

Based on the allocated target bits, the quantization step size
can be computed by the quadratic R-Q model:

𝑇mb (𝑖, 𝑗, 𝑘) = (

𝑋1
𝑋
+ 2 ) × MAD (𝑖, 𝑗, 𝑘) ,
2
𝑄step
𝑄step

(19)
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(a) The left view (S9T0)

(b) The right view (S10T0)

(c) The BJND map of the right view in pixel domain

(d) The BJND mask on the basis of (c) by MB
processing

Figure 3: The BJND of the BookArrival sequence.

where 𝑄step is the quantization step size of the current MB. 𝑋1
and 𝑋2 are the model parameters, which need to be updated
using a linear regressive technique.
Furthermore, QP of the current MB can be computed by
QP = 6 × log2 (𝑄step ) + 4.

(20)

4. Experimental Results and Discussions
In order to evaluate the performance of the proposed MB
level rate control method for stereo video coding based on
visual perception, six representative stereo video sequences
with 1024 × 768 spatial resolution, including BookArrival, AltMoabit, DoorFlowers, LeavingLaptop, Newspaper, and Kendo,
are used in the experiments. BookArrival, AltMoabit, DoorFlowers, and LeavingLaptop are provided by Fraunhofer HHI
[16]. Newspaper is provided by Gwangju Institute of Science
and Technology [17]. Kendo sequence is captured by Nagoya
University with the moved camera array [18].
In the experiments, we use the revised MVC software
JMVC7.0 to implement the rate control methods. The test
conditions of the six sequences are shown in Table 1. Two
middle views (view 9 and view 10) for BookArrival, DoorFlowers, and LeavingLaptop, two middle views (view 5 and view 6)
for AltMoabit and Newspaper, the two middle views (view 4
and view 5) for Kendo are used to simulate the left and right
views of stereo video in Figure 2.

Table 1: Test conditions.
Frame rate
GOP length
Search range
Reference frames

15
8
32
2

Channel type
Search mode
Frame’s no.
Symbol mode

CBR
Fast search
97
CABAC

In order to avoid the influence of BJND results caused by
occlusion and exposure in the left and right views of stereo
video, the left, right, upper, and lower MBs in each frame of
the right view sequence are not processed. And the BJND
results of BookArrival and AltMoabit are given in this paper,
as shown in Figures 3 and 4, respectively. Figures 3(a) and 3(b)
show the original left and the right view images. Figure 3(c)
is the BJND map of the right view in pixel domain, and
Figure 3(d) is the BJND mask on the basis of Figure 3(c) by
MB processing. In the same way, Figure 4 shows the similar
results.
4.1. Rate Control Accuracy in Stereo Video Coding. Under
the test conditions shown in Table 1, three methods, Zheng’s
in [5], SMBRC, and the proposed method, are compared.
SMBRC denotes the stereo video MB level rate control
method; that is, the MB level monoscopic video JVT-G012
algorithm is extended to stereo video coding and implemented in JMVC.
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(a) The left view (S5T0)

(b) The right view (S6T0)

(c) The BJND map of the right view in pixel domain

(d) The BJND mask on the basis of (c) by MB
processing

Figure 4: The BJND of AltMoabit sequence.

The detailed average control accuracies of three methods
are shown in Table 2. In Table 2, the target bitrate and the
actually controlled bitrate are the average value of two views.
Rate control error ratio, 𝐸RC , is used to measure the accuracy
of the bitrate estimation and defined by
𝐸RC



𝑅actual − 𝑅target 

 × 100%,
=
𝑅target

(21)

where 𝑅target and 𝑅actual denote the target bitrate and the actual
coding bitrate, respectively.
Zheng’s method is a frame-level rate control method,
while the proposed method and SMBRC are MB level rate
control scheme, so they have better control accuracy. This can
be evidently seen from Table 2. Table 2 also indicates that the
absolute inaccuracy of the proposed stereo video rate control
method is within 0.192%. It is obvious that the proposed
method can more precisely control the bitrate in stereo video
coding.
4.2. Rate Distortion Performance Comparison. Figure 5
shows the rate-distortion (R-D) performance comparison
results of the three methods. In Figure 5, the average bitrate is
the average value of two views, and the peak signal-to-noise
ratio (PSNR) value is also the average value of two views. It is
clear that, compared with Zheng’s and SMBRC methods, the

proposed method can achieve the better R-D performance
under different target bitrates since more accurate binocular
perception information is used in the proposed method.
4.3. Subjective Quality Comparison. Different sequences possess different motion and scene characteristics; therefore
the video frames which can best reflect the differences in
the subjective quality are selected in accordance with the
characteristics of each sequence. For the outdoor scene
AltMoabit sequence, we select the 52th frame in view 6 as an
example, shown in Figure 6. The bus and the words on the
bus in the image are the areas of human visual attention in
Figure 6, and more bits are allocated for these areas under
the visual perception factor based on BJND. Therefore the
subjective quality of the proposed method is better than the
other methods.
In order to eliminate the limitation of only one video
frame, we select the 43rd frame to 47th frame for the
indoor scene LeavingLaptop sequence, shown in Figure 7.
The details of the human body and head and the book
are allocated more bitrates, so the subjective quality of the
proposed method is better than the other methods. Moreover,
for quantization parameter selection, if we select a small
value QP, the subjective quality of the three methods is
too good to reflect the difference. Hence, QP is set to
37.
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AltMoabit

BookArrival

40

40

PSNR (dB)

PSNR (dB)

38
38

36

36
34

34
300

800
1300
1800
2300
Rate (left view + right view) (kbps)

32
400

2800

900

1400

1900

2400

2900

Rate (left view + right view) (kbps)

(a) BookArrival

(b) AltMoabit

Newspaper

Kendo

44

41
42
PSNR (dB)

PSNR (dB)

39

37

38

35

33
300

40

800

1300
1800
2300
Rate (left view + right view) (kbps)

36
300

2800

800

(c) Newspaper

1800

(d) Kendo
LeavingLaptop

DoorFlowers

42

1300

Rate (left view + right view) (kbps)

40

PSNR (dB)

PSNR (dB)

40

38

36

36

34
200

38

700
1200
1700
Rate (left view + right view) (kbps)
Zheng
SMBRC
Proposed

2200

34
300

800

1300

1800

Zheng
SMBRC
Proposed
(e) DoorFlowers

2300

Rate (left view + right view) (kbps)

(f) LeavingLaptop

Figure 5: The R-D performance comparisons of three methods.
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Table 2: The detailed control accuracies of the three schemes.
Sequence

BookArrival

AltMoabit

Newspaper

Kendo

DoorFlowers

LeavingLaptop

Target bitrate (kbps)
2454.588
1087.928
569.213
328.962
2898.506
1482.783
766.879
422.260
2624.359
1363.146
700.768
387.959
1664.009
889.142
518.328
323.106
2081.433
878.540
448.642
259.811
2343.246
1029.631
534.344
307.944

Zheng
2461.882
1091.650
571.351
329.536
2895.074
1481.250
771.416
425.840
2629.377
1365.172
697.747
389.030
1669.532
894.546
521.145
325.386
2088.817
882.652
448.616
259.945
2347.945
1023.200
531.283
304.321

Actual bitrate (Kbps)
SMBRC
2457.641
1089.203
571.052
329.185
2902.553
1485.130
768.551
424.130
2630.822
1366.715
703.104
388.711
1673.897
895.593
515.668
320.659
2085.565
879.054
448.214
259.116
2347.679
1031.212
533.795
307.543

Proposed
2456.328
1088.316
569.973
329.137
2901.796
1482.949
767.346
422.078
2626.997
1365.219
702.132
388.285
1666.769
887.494
520.191
325.120
2082.963
877.835
444.370
258.028
2344.263
1027.668
533.878
308.274

Average

Zheng
0.297
0.342
0.376
0.174
0.118
0.103
0.592
0.848
0.191
0.149
0.431
0.276
0.332
0.608
0.543
0.706
0.355
0.468
0.006
0.051
0.201
0.625
0.573
1.176
0.398

𝐸RC (%)
SMBRC
0.124
0.117
0.323
0.068
0.140
0.158
0.218
0.443
0.246
0.262
0.333
0.194
0.594
0.726
0.513
0.757
0.199
0.059
0.095
0.268
0.189
0.154
0.103
0.130
0.267

Proposed
0.071
0.036
0.133
0.053
0.113
0.011
0.061
0.043
0.101
0.152
0.195
0.084
0.166
0.185
0.359
0.623
0.073
0.080
0.952
0.686
0.043
0.191
0.087
0.107
0.192

(a) Zheng’s method

(b) SMBRC method

(c) The proposed method

(d) Partial enlarged image of Zheng’s method

(e) Partial enlarged image of SMBRC
method

(f) Partial enlarged image of the proposed
method

(g) Partial enlarged image of Zheng’s method

(h) Partial enlarged image of SMBRC method

(i) The partial enlargement image of the
proposed method

Figure 6: The subjective image comparison among three methods of AltMoabit sequence (QP = 37, the 52th frame in the view 6).
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(a) Zheng’s method

(b) SMBRC

(c) The proposed method

(d) Partial enlarged image of Zheng’s method

(e) Partial enlarged image of SMBRC method

(f) Partial enlargement images of the proposed method

Figure 7: Continued.

T46

T47

10

The Scientific World Journal

(g) Partial enlarged image of Zheng’s method

(h) Partial enlarged image of SMBRC method

(i) Partial enlargement images of the proposed method

Figure 7: The subjective image comparison for consecutive frames of LeavingLaptop sequence (QP = 37, the 43th frame to 47th frame in
view 10).

5. Conclusion
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A GA-based privacy preserving utility mining method is proposed to find appropriate transactions to be inserted into the database
for hiding sensitive high utility itemsets. It maintains the low information loss while providing information to the data demanders
and protects the high-risk information in the database. A flexible evaluation function with three factors is designed in the proposed
approach to evaluate whether the processed transactions are required to be inserted. Three different weights are, respectively,
assigned to the three factors according to users. Moreover, the downward closure property and the prelarge concept are adopted in
the proposed approach to reduce the cost of rescanning database, thus speeding up the evaluation process of chromosomes.

1. Introduction
Data mining techniques are used to mind the useful information and knowledge from various databases [1–9] to aid
managers for making the efficient decisions. Due to the
quick proliferation of electronic data in the government, the
corporation, and the organization, the mined knowledge may,
however, implicitly contain confidential information and lead
to privacy threats if they are misused. Many algorithms
were thus proposed for hiding the sensitive itemsets in
privacy preserving data mining (PPDM) [10–12]. The privacy
preserving utility mining (PPUM) is an extension of PPDM,
considering the utility factors in the transactions, such as the
quantities and profits. Yeh and Hsu firstly proposed the protection algorithm to modify the quantities of items for hiding
sensitive high utility itemsets [13]. In the privacy preserving
issue for data sanitization, however, it is not suitable to modify
the quantities of the items in the transactional database.
Recently, genetic algorithms (GAs) [14, 15] have become
an important research issue since they could provide feasible
solutions in a limited amount of time. It is derived from
the evolutionary ideas of natural selection and genetics,
including the selection, crossover, and mutation operations to

evaluate the chromosomes in the populations for producing
the appropriate solutions. In this paper, a GA-based approach
through transaction insertion is thus proposed to hide the
sensitive high utility itemsets in privacy preserving utility
mining. A flexible evaluation function with three factors
is designed and three artificial weights are, respectively,
assigned to three factors according to users. The maximal
inserted utility for transaction insertion is found to define the
number of genes in a chromosome. The proposed approach
adopted the downward closure property in utility mining
[16] and the prelarge concept [17] to reduce computations
for rescanning the original database in evaluation process. To
the best of our knowledge, this is the first paper to address
the privacy preserving high utility itemsets mining based on
genetic algorithms. The contributions of this paper can be
illustrated as below.
(1) We adopt a GA-based algorithm to sanitize the
original database in order to hide sensitive high utility
itemsets through transaction insertion. To the best
of our knowledge, there is no GA-based approach
to perturb the original database for data sanitization
through transaction insertion in PPUM.
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(2) We adopt prelarge concepts to reduce the execution
time for rescanning the original database in chromosome evaluation.

New transactions

(3) We design a novel evaluation function to consider the
side effects in PPUM such as hiding failures, missing
costs, and artificial costs. The adjustable weights are
also considered for the three side effects according to
users.

Large Prelarge
itemsets itemsets

2. Review of Related Works
In this section, the related works are then described below.
They are high utility mining, prelarge concepts, data sanitization, and genetic algorithms.
2.1. High Utility Mining. Utility mining [16, 18], an extension
of frequent itemset mining, is based on the measurement
of local transaction utility and external utility. The utility
of an item in a transaction is defined as the product of its
quantity multiplied by its profit. The utility of an itemset
in a transaction is the sum of the utilities of all items in
this transaction. If the ratio of the utilities for an itemset
in all transactions is larger than or equal to the userspecified minimum high utility threshold, the itemset is thus
considered as a high utility itemset.
In the past, many algorithms were proposed for mining high utility itemsets. Yao and Hamilton proposed an
algorithm for efficiently mining high utility itemsets based
on mathematical property of utility constraints [18]. Two
pruning strategies were used to reduce the search space
based on the utility upper bounds and expected utility
upper bounds, respectively. Liu et al. proposed a two-phase
algorithm for efficiently discovering high utility itemsets
[16] based on downward closure property. The proposed
algorithm consists of two phases to level wisely generate-andtest high utility itemsets to, respectively, find the effective
upper bound of each candidate itemset in the transactions
according to the downward closure property of transactionweighted utilization and then perform an additional database
scan to find the real utility values of the remaining candidate
itemsets for discovering high utility itemsets. Lin et al.
presented a high utility pattern (HUP)-tree [19] for efficiently
mining the high utility itemsets.
2.2. Prelarge Concept. In real-world applications, it is necessary to maintain the discovered knowledge in dynamic
database, thus reducing the rescanning time of original
database. Hong et al. proposed prelarge concept for efficiently maintaining the discovered information in dynamic
databases [17]. A prelarge itemset is not really large (frequent)
but might become large (frequent) in the future through
data insertion or data deletion. Two support thresholds are
used to, respectively, find the large and prelarge itemsets
for reducing the time of rescanning original database. The
algorithms are unnecessary to rescan the original database
until a number of transactions have been inserted [20, 21],
deleted [22], or modified [23]. Since rescanning procedure
requires much time, the maintenance cost of rescanning time

Original databases

Small
itemsets

Large
itemsets

Case 1

Case 2

Case 3

Prelarge
itemsets

Case 4

Case 5

Case 6

Small
itemsets

Case 7

Case 8

Case 9

Figure 1: Nine cases when new transactions are inserted into
existing databases.

could thus be saved. When some transactions are inserted
into a database, nine cases then arise in Figure 1 [17].
From Figure 1, Cases 1, 5, 6, 8, and 9 do not disturb the
final frequent itmesets. Cases 2 and 3 may remove some
existing frequent itmesets, and Cases 4 and 7 may generate
new frequent itmesets. If all large and prelarge itemsets were
kept in the original database, Cases 2, 3, and 4 can be easily
handled. Besides, in the maintenance process, the ratio of
new transactions compared to old database is usually very
small. This is more obvious when database grows large that
an itemset in Case 7 cannot possibly be large (frequent) for
entire updated database as long as the number of inserted
transactions is smaller than the safety number 𝑓 shown below
[17]:
𝑓=⌊

(𝑆𝑢 − 𝑆𝑙 ) × 𝑑
⌋,
1 − 𝑆𝑢

(1)

where 𝑓 is the safety number of the new transactions, 𝑆𝑢 is
the upper threshold, 𝑆𝑙 is the lower threshold, and 𝑑 is the
number of transactions in original database. A summary of
the nine cases and their merged results is shown in Table 1.
2.3. Data Sanitization. Data mining techniques can pose
security problems and lead to privacy concerns [24] when the
discovered information is misused. PPDM techniques have
thus become a critical research issue for hiding confidential
or secure information. In the past years, Atallah et al. first
proposed the protection algorithm for data sanitization to
avoid the appearance of the sensitive association rules [25]. It
uses both addition and deletion methods to modify databases
for hiding sensitive information. Dasseni et al. proposed a
hiding algorithm based on the Hamming-distance approach
to reduce the confidence and support values of association
rules [26]. Three heuristic hiding approaches were proposed
to, respectively, increase the support of antecedent parts, to
decrease the support of consequent parts, and to decrease
the support of either the antecedent or the consequent parts.
When the support or the confidence of sensitive association

The Scientific World Journal

3

Table 1: Nine cases and their results for transactions insertion based
on the pre-large concepts.
Cases

Original/new

Case 1

Large/large

Case 2

Large/prelarge

Case 3

Large/small

Case 4

Prelarge/large

Case 5

Prelarge/prelarge

Case 6

Prelarge/small

Case 7

Small/large

Case 8

Small/prelarge

Case 9

Small/small

Merged results
Large
Large or prelarge, decided
through existing
information
Large, prelarge, or small,
decided through existing
information
Large or prelarge, decided
through existing
information
Prelarge
Prelarge or small, decided
through existing
information
Prelarge or small, when the
number of transactions is
small
Prelarge or small
Small

rules is below minimum support thresholds, the sensitive
rules are hidden. Hong et al. proposed a SIF-IDF algorithm
to sanitize the database for hiding sensitive itemsets through
transaction deletion [27]. Lin et al. then proposed a heuristic
approach for inserting dummy transactions to greedy hide
the sensitive itemsets [28].
The privacy preserving utility mining (PPUM) is an
extension of PPDM, considering the utility factors as quantities and profits in real-world applications. In the past, Yeh
and Hsu first proposed the protection algorithm for data
sanitization to avoid exposing the sensitive information [13].
They proposed two algorithms to modify the quantity of
items for hiding the user-specified sensitive information. In
the first HHUIF algorithm, the most influential item in the
transaction which contains the sensitive high utility itemsets
is chosen. The quantity of the chosen item is thus decreased
for hiding the sensitive high utility itemsets. In the second
MSICF algorithm, the conflict count is considered to find
the better choice for deletion. When the itemset utility ratios
of sensitive high utility itemsets were below user-specified
minimum high utility threshold, the sensitive high utility
itemsets could thus be hidden.
In PPUM, the data sanitization for hiding the sensitive
information could be divided into two types, which are
the item sanitization and the transaction sanitization. The
transaction sanitization method is adopted in this paper to
protect the sensitive information.
2.4. Genetic Algorithms. For the past half century, some
nature-inspired algorithms were then proposed to solve the
optimization problems, and one of the mostly common ones
is genetic algorithms (GAs) [4, 26]. Based on the userspecified fitness function, GAs are thus used to provide the

feasible solutions in solving difficult optimization problems.
In the past ten years, GAs have been successfully applied
to the fields of optimization [9, 11], machine learning [11],
and neural networks [10], among others. According to the
principle of survival of the fittest, GAs generate the next
population by various operations with each individual in
the population representing a possible solution. Three main
operations used in the genetic algorithm are described below.
Crossover. The offspring is generated from two chosen individuals in the population by swapping some bits in the
two individuals. The generated offspring thus inherits some
characteristics from the two individuals.
Mutation. One or several bits of an offspring may be randomly
changed. The offspring may thus possess different characteristics from their parents. Mutation increases the possibility to
achieve the global optima.
Selection. Some excellent offspring are chosen for survival
according to predefined rules. This operation keeps the
population size within a fixed amount and preserves the good
offspring into next generation with a high possibility.
On applying the GAs to find the optimal solution, the
first step is to define a representation of the possible solution.
The most common way of representation is the bit string.
An initial population of individuals, called chromosomes, is
defined as a set of possible solutions. Three genetic operations
(crossover, mutation, and selection) are then performed to
generate the next generations. Each chromosome is evaluated
by a fitness function, which is predefined by user to determine
the goodness of chromosome.
This procedure is recursively performed until the termination criterion is satisfied. In this paper, the single-point
crossover is used to generate new offspring; the adopted mutation operator will change the gene value in a chromosome
from one transaction ID to another; a hybrid selection method
is adopted to combine both the Elitism approach and the
Rank approach. The chromosomes in the population are
firstly sorted according to their fitness values in ascending
order. The top 𝑏 (usually n/2) chromosomes are then selected
from the new generation with the next (𝑛 − 𝑏) chromosomes
being randomly selected from the original database forming
the next population. Note that the value 𝑛 is initially set as
the population size for evaluation. The entirely GA process is
shown in Figure 2.

3. The GA-Based Approach for
Privacy Preserving Utility Mining through
Transaction Insertion
In this paper, a GA-based privacy preserving utility mining
approach is thus designed to find the appropriate transactions
from original database to be inserted in the database. It firstly
finds a recommendable size of transactions as the number
of genes in a chromosome, which can be determined by the
maximal inserted utility value and the total utility value in
the original database. The designed algorithm is to extract
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Figure 2: The entire flowchart of the genetic algorithm.

the transactions from the original database as the optimal
solution for a chromosome to be inserted into the database.
A lower utility threshold is also obtained to find the prelarge
transaction-weighted utilization itemsets, thus avoiding the
rescanning time of original database.
A flexible evaluation function with three main factors is
also designed in the proposed approach, and different weights
may be respectively assigned to them depending on users.
Besides, the prelarge concepts with two thresholds and a
proposed sliding count is used to reduce the rescanning time
of the original database, thus enhancing the performance in
evaluation process. The details of the algorithm are stated
below.
3.1. Representation of Chromosomes. In the proposed GAbased approach, a chromosome corresponds to a possible
solution to hide the sensitive high utility itemsets in privacy
preserving utility mining. A maximal size 𝑚 of chromosome
can be discovered from the original quantitative database.
The genes in a chromosome can be represented as a possible
solution (transaction ID) to be inserted into the database.
Note that the genes of a chromosome can contain zero value
in the evaluation process.
3.2. Fitness Function. In traditional GA-based approaches,
it is necessary to define the fitness functions for evaluating
the goodness of chromosomes. In privacy preserving utility
mining (PPUM) [13], the purpose is to hide the sensitive high
utility itemsets with the minimal side effects. The relationship
between itemsets before and after the PPUM process can be
described in Figure 3, where 𝐻 represents the high utility
itemsets in the original database, S represents the sensitive
high utility itemsets defined by users that are of high utility
but need to be protected for privacy preserving, ∼S represents
the nonsensitive high utility itemsets that are of high utility,
and 𝐻 is the high utility itemsets after the sanitization
process for transaction insertion.
Let 𝛼 be the number of sensitive high utility itemsets that
fail to be hidden; that is, it is the number of sensitive high

𝛾

Figure 3: The relationship between itemsets before and after the
PPUM process.

utility itemsets that still appear after the sanitization process.
In the optimal situation, the value should be zero for totally
hiding the sensitive itemsets after PPUM. Thus, 𝛼 can be
represented as the interaction of 𝑆 and 𝐻 (= 𝑆 ∩ 𝐻 ). To
totally hide the sensitive information, 𝛼 should become 0.
Another evaluation criterion is the number of missing
high utility itemsets, which is denoted as 𝛽. A missing high
utility itemset is a nonsensitive high utility itemset in the
original database but is not discovered from the sanitized
database. Thus, 𝛽 can be represented as the difference of ∼S
and 𝐻 (= ∼𝑆 − 𝐻 ). Ideally, the value 𝛽 should be minimized
as well after the PPUM.
The last evaluation criterion is the number of artificial
high utility itemsets, which is denoted by 𝛾. It represents the
set of high utility itemsets appearing in the sanitized database
but not belonging to the high utility itemset in the original
database. Thus, 𝛾 can be represented as the difference of 𝐻
and 𝐻 (= 𝐻 − 𝐻). Thus, the optimal solution is to minimize
the 𝛾 value for data sanitization.
From the above description, it is known that 𝛼 = 𝑆 ∩ 𝐻 ,
𝛽 = ∼𝑆 − 𝐻 = (𝐻 − 𝑆) − 𝐻 , and 𝛾 = 𝐻 − 𝐻. The fitness
function used in this paper may be defined as follows:
fitness (𝑖) = 𝑤1 × 𝛼 + 𝑤2 × 𝛽 + 𝑤3 × 𝛾,

(2)

where 𝑤1 , 𝑤2 , and 𝑤3 are the weighting parameters given by
users. In the traditional GA-based approaches for evaluating
the fitness value, the original database is required to be rescanned for calculating three factors. This evaluation process
requires more computational time to achieve the optimal
solution. In the designed GA-based algorithm, the fitness
values can be easily evaluated without rescanning database
based on the prelarge concept [17] and two-phase approach
[16] for firstly deriving the prelarge transaction-weighted
utilization itemsets. The discovered itemsets can thus reduce
the movement directly from large to small and vice versa
when transactions are inserted.
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Figure 4: The relation between upper threshold, sliding count, and lower threshold.

3.3. Sliding Count. Prelarge transaction-weighted utilization
itemset is not really large (high) transaction-weighted utilization itemset, but it is likely to be the large (high) transactionweighted utilization itemset in the future through the transaction insertion. Based on the prelarge concept, it is unnecessary to rescan the original database until a number of
transactions have been inserted. Since rescanning procedure
requires much time, the maintenance cost of rescanning time
could thus be reduced.
For the proposed GA-based algorithm, a maximal utility
value for insertion will be obtained to derive the lower
utility threshold. Since the lower utility threshold is obtained
according to the maximal insertion utility, it can be considered as an overestimated threshold from all of chromosomes.
For each chromosome 𝐶𝑖 , a precise threshold value will
be determined according to the insertion utility, which is
called sliding count for filtering the unpromising prelarge
transaction-weighted utilization itemsets to reduce the evaluation cost, which is represented as
Sliding Count = 𝑆𝑢 × (TU𝐷 + TU𝑑𝑖 ) − TU𝑑𝑖 ,

(3)

where TU𝐷 is the total utility of the original database 𝐷,
TU𝑑𝑖 is the total inserted or deleted utility chosen by the
chromosome 𝐶𝑖 , and 𝑆𝑢 is the minimal high utility threshold.
The relation between upper threshold, sliding count and
lower threshold is stated in Figure 4.
3.4. Notation. The notations used in the proposed GA-based
algorithm are described below:
𝐼: a set of 𝑟 items, 𝐼 = {𝑖1 , 𝑖2 , . . . , 𝑖𝑗 , . . . , 𝑖𝑟 }, in which
each item 𝑖𝑗 has its own profit value 𝑝𝑗 ;
𝑃: the profit table, {𝑝1 , 𝑝2 , . . . , 𝑝𝑗 , . . . , 𝑝𝑟 }, in which 𝑝𝑘
is the profit value of an item 𝑖𝑗 ;
𝐷: the original quantitative database, 𝐷
=
{𝑇1 , 𝑇2 , . . . , 𝑇𝑘 , . . . , 𝑇V }, in which each transaction
contains several items with its purchased quantities;
𝑑: the set of inserted transactions which is chosen
from the Cand Trans, 𝑑 = {𝑡1 , 𝑡2 , . . . , 𝑡𝑗 , . . . , 𝑡𝑚 }, in
which 𝑚 is the maximal size of inserted transactions;

TID: the unique transaction identification for each
transaction;
TU𝐷: the total utility of the transactions in D;
𝑞𝑘𝑗 : the quantity of item 𝑖𝑗 in the transaction 𝑇𝑘 ;
𝑢𝑘𝑗 : the utility of item 𝑖𝑗 in the transaction 𝑇𝑘 , which
is calculated as 𝑞𝑘𝑗 × 𝑝𝑗 ;
tu𝑘 : the transaction utility of transaction 𝑇𝑘 or 𝑡𝑘 ,
respectively, for the original database and inserted
transactions;
𝑆𝑢 : the upper utility threshold for large (high)
transaction-weighted utilization itemsets. It is the
same as the high utility threshold in the traditional
utility mining;
𝑆𝑙 : the lower utility threshold for the prelarge
transaction-weighted utilization itemsets, 𝑆𝑢 > 𝑆𝑙 ;
Cand Trans: the set of candidate transactions for
insertion;
𝑚: the size of inserted transaction which is represented as the length of chromosome;
𝑛: the population size for the GA-based algorithm;
Maxiutil : the maximal inserted utility decided by
the chromosome size and the content of original
database;
TU𝑑𝑖 : a chromosome composed by a set of TID;
𝑆𝐶𝑖 : the total utility of the inserted transactions 𝑑 in
the chromosome 𝐶𝑖 ;
SI: a utility value which is derived for pruning the
unpromising prelarge transaction-weighted utilization itemsets in the evaluation process;
STUB𝑝 : a set of sensitive high utility itemsets SI =
{si1 , si2 , . . . , si𝑝 , . . . , si𝑠 };
MSTUB: a utility value which represents the safety
transaction utility bound for successfully hiding the
sensitive high utility itemsets si𝑝 ;
au𝑝 : the maximum safety transaction utility bound;
IT: an appropriate set of TID to be inserted for privacy
preserving.
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3.5. Proposed Algorithm

Step 7. Sum up the top-𝑚 transaction utility tu𝑘 in sorted
transactions as the maximal inserted utility Maxiutil .

Input. It includes a quantitative transaction dataset 𝐷, a
minimum high utility threshold 𝑆𝑢 (the same as the upper
utility threshold), a set of user-defined sensitive high utility
itemsets SI, and a population size 𝑛.

Step 8. Derive the lower utility threshold 𝑆𝑙 as

Output. It is a set of appropriate transactions IT to be inserted.

Step 9. Scan database to find the large (high) transactionweighted utilization itemsets and the prelarge transactionweighted utilization itemsets based on the upper utility
threshold 𝑆𝑢 and the lower utility threshold 𝑆𝑙 , respectively.

Step 1. Derive the item utility value 𝑢𝑘𝑗 of each item 𝑖𝑗 in the
transaction 𝑇𝑘 as
𝑢𝑘𝑗 = 𝑞𝑘𝑗 × 𝑝𝑗 ,

(4)

where 𝑞𝑘𝑗 is the quantity of 𝑖𝑗 in 𝑇𝑘 and 𝑝𝑗 is the profit of 𝑖𝑗 in
the profit table 𝑃; sum up the utility values of all the items in
each transaction 𝑇𝑘 as the transaction utility tu𝑘 by

𝑆𝑙 = 𝑆𝑢 −

Maxiutil
× (1 − 𝑆𝑢 ) .
TU𝐷

(9)

Step 10. Initially generate a population of 𝑛 individuals with
𝑚 genes randomly. Each gene is represented as the transaction identification TID chosen from the set of Cand Trans.
Step 11. Execute the crossover operations on the population.

𝑚

tu𝑘 = ∑ 𝑢𝑘𝑗 ;

(5)

𝑗=1

add the transaction utilities for all transactions in 𝐷 as the
total utility TU𝐷 of 𝐷 by
𝑛

TU𝐷 = ∑ tu𝑘 .

(6)

𝑘=1

Step 2. Scan database to calculate the actual utility au𝑝 of each
sensitive high utility itemset si𝑝 as
au𝑝 =

∑
𝑇𝑘 ∈𝐷,𝑇𝑘 ⊇si𝑝 ,𝑖𝑗 ∈si𝑝

𝑢𝑘𝑗 .

(7)

Step 3. Calculate the maximum safety transaction utility
bound (MSTUB) for newly inserted transactions as
𝑠

𝑠

au𝑝

𝑝=1

𝑝=1

𝑆𝑢

MSTUB = max (STUB𝑝 ) = max (

− TU𝐷) ,

(8)

where STUB𝑝 is the safety transaction utility bound of the
sensitive high utility itemset si𝑝 , TU𝐷 is the total utility of
the original database 𝐷, and au𝑝 is the actual utility of the
sensitive high utility itemset si𝑝 .
Step 4. Extract the transactions from the original database 𝐷
without containing any sensitive high utility itemsets SI as the
candidate transactions for insertion. Put the extracted TID in
the set of Cand Trans.
Step 5. Sort the extracted transactions in the set of
Cand Trans in ascending order by their transaction utility
tu𝑘 .
Step 6. Sum up the sorted transactions by their transaction
utility tu𝑘 tuple by tuple; terminate the summation process
until the summed value is larger than to the maximal safety
transaction utility bound MSTUB; calculate the number of
transactions 𝑚 to be terminated under the above condition,
in which 𝑚 is used as the size of chromosome in this GAbased algorithm.

Step 12. Execute the mutation operations on the population.
Step 13. Calculate the fitness value of each chromosome 𝐶𝑖 in
the population. Do the following substeps.
Step 13.1. Sum up the transaction utility of each chromosome
𝐶𝑖 as TU𝑑𝑖 .
Step 13.2. If TU𝑑𝑖 is larger than the maximal safety transaction
utility bound MSTUB, calculate the sliding count 𝑆𝐶𝑖 ; otherwise, the chromosome is considered as an illegal composition,
and do Step 13.4. Calculate the sliding count 𝑆𝐶𝑖 as
𝑆𝐶𝑖 = 𝑆𝑢 × (TU𝐷 + TU𝑑𝑖 ) − TU𝑑𝑖 ,

(10)

where TU𝐷 is the total utility of the original database 𝐷, TU𝑑𝑖
is the total inserted utility chosen by the chromosome 𝐶𝑖 , and
𝑆𝑢 is the minimal high utility threshold.
Step 13.3. Update the large (high) transaction-weighted utilization itemsets and prelarge transaction-weighted utilization itemsets for each chromosome 𝐶𝑖 by upper utility count
(𝑆𝑢 × TD𝐷) and 𝑆𝐶𝑖 value, respectively.
Step 13.4. Calculate the fitness value as
∞,
TU𝑑𝑖 ≤ MSTUB,
fitness (𝑖) = {
𝑤1 × 𝛼 + 𝑤2 × 𝛽 + 𝑤3 × 𝛾, Otherwise,
(11)
where 𝑤1 , 𝑤2 , and 𝑤3 are weighting parameters which are
defined by user, 𝛼 is the number of sensitive high utility
itemsets that fail to be hidden, 𝛽 is the number of missing high
utility itemsets, and 𝛾 is the number of artificial high utility
itemsets.
Step 14. Choose the top 𝑏 chromosomes from the population
and randomly select (𝑛 − 𝑏) chromosomes from the original
database to generate the 𝑛 chromosomes in the next population.
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Table 2: An originally quantitative database.
TID
1
2
3
4
5
6
7
8
9
10
11
12

A
6
0
0
0
0
2
0
0
0
0
0
0

B
0
1
6
0
0
0
1
4
2
0
5
3

C
0
0
0
5
0
2
0
0
3
0
2
0

D
0
5
0
0
0
0
4
0
7
0
5
3

Table 4: Transaction utilities.
E
0
0
0
0
8
3
0
0
0
1
0
0

𝐴
6
0
0
0
0
2
0
0
0
0
0
0

𝐵
0
1
6
0
0
0
1
4
2
0
5
3

𝐶
0
0
0
5
0
2
0
0
3
0
2
0

𝐷
0
5
0
0
0
0
4
0
7
0
5
3

𝐸
0
0
0
0
8
3
0
0
0
1
0
0

Transaction utility
36
37
12
75
80
72
30
8
98
10
75
27

Table 5: Actual utilities for the sensitive high utility itemsets.

Table 3: A proit table.
Item
𝐴
𝐵
𝐶
𝐷
𝐸

TID
1
2
3
4
5
6
7
8
9
10
11
12

Profit ($)
6
2
15
7
10

Step 15. If the termination criterion is not satisfied, go to
Step 11; otherwise, do the next step.
Step 16. Output the inserted transaction identifications IT as
the best chromosome to users.

4. An Illustrated Example
In this section, an example is given to illustrate the proposed
GA-based algorithm for privacy preserving utility mining.
Assume an original quantitative database includes 12 transactions, which is shown in Table 2. Each transaction consists of
its transaction identification (TID), items with its purchased
quantities. The profit of each item is then shown in Table 3 as
the utility table.
The minimum high utility threshold 𝑆𝑢 is set at 30%.
Based on the two-phase approach [16] for mining high utility
itemsets, the discovered high utility itemsets in the original
database are {𝐶}, {𝐷}, {𝐵𝐷}, and {𝐵𝐶𝐷}. Suppose that the
sensitive high utility itemsets are defined as {𝐷} and {𝐵𝐶𝐷}.
The proposed algorithm is then performed as follows.
Step 1. The transaction utility value of each item occurring
in each transaction in Table 2 is first calculated. Take the first
transaction as an example to illustrate the steps. Since there
is one item in the first transaction, the transaction utility for
the first transaction in Table 2 is thus calculated as tu1 = 6 ×
6 = 36. The transaction utilities for the other transactions in
Table 2 are also calculated in the same way. The results are
then shown in Table 4. The total utility of all transactions in
Table 4 is thus calculated as (36 + 37 + 12 + 75 + 80 + 72 + 30 +
8 + 98 + 10 + 75 + 27), which is 560.

Sensitive high utility itemset
{𝐷}
{𝐵𝐶𝐷}

Actual utility
168
173

Table 6: Safety bounds for the sensitive high utility itemsets.
Sensitive high utility itemset
{𝐷}
{𝐵𝐶𝐷}

Safety bound
0
16.67

Step 2. The actual utility value of each sensitive high utility
itemset is first calculated. Take the first sensitive high utility
itemset {𝐷} as an example to illustrate the steps. The sensitive
high utility itemset {𝐷} appears in transactions 2, 7, 9, 11, and
12 with quantities which are, respectively, 5, 4, 7, 5, and 3
which is shown in Table 2. The profit of item 𝐷 is 7 in Table 3.
The actual utility of au𝑑 (𝐷) is thus calculated as (5 + 4 + 7 + 5 +
3) × 7(= 168). Another sensitive high utility itemset {𝐵𝐶𝐷}
is performed in the same way. The results are then shown in
Table 5.
Step 3. The safety bound of each sensitive high utility itemset
is represented as the minimal utility value for transaction
insertion to hide the sensitive high utility itemset. Take the
sensitive high utility itemset {𝐷} as an example to illustrate
the steps. The safety bound of sensitive high utility itemset
{𝐷} is thus calculated as (au𝑝 /𝑆𝑢 ) − TU𝐷(= 168/0.3) − 560 (=
0), where au𝑝 is the actual utility of sensitive high utility
itemset {𝐷}, 𝑆𝑢 is the upper utility threshold, and TU𝐷 is the
transaction utility in the original database. Another sensitive
high utility itemset {𝐵𝐶𝐷} is processed in the same way. The
results are then shown in Table 6. Thus, the maximum safety
transaction utility bound MSTUB is considered as 16.67 for
the two sensitive high utility itemsets.
Step 4. For each transaction in Table 4, if the transaction is
not containing any sensitive high utility itemset, the transaction identification TID is then put into the set of Cand Trans.
Take the first transaction in Table 4 as an example to illustrate
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Table 7: The candidate transactions for insertion with their transaction utilities.
TID
1
3
4
5
6
8
10

𝐴
6
0
0
0
2
0
0

𝐵
0
6
0
0
0
4
0

𝐶
0
0
5
0
2
0
0

𝐷
0
0
0
0
0
0
0

𝐸
0
0
0
8
3
0
1

Transaction utility
36
12
75
80
72
8
10

Table 8: The sorted candidate transactions for insertion.
TID
8
10
3
1
6
4
5

𝐴
0
0
0
6
2
0
0

𝐵
4
0
6
0
0
0
0

𝐶
0
0
0
0
2
5
0

𝐷
0
0
0
0
0
0
0

𝐸
0
1
0
0
3
0
8

Transaction utility
8
10
12
36
72
75
80

the processes. Since the first transaction does not contain
any of sensitive high utility itemsets, it is thus considered
as the candidate transaction for transaction insertion. The
other transactions in Table 4 are also processed in the same
way. After that, the remaining candidate transactions for
transaction insertion are then shown in Table 7.
Step 5. The transactions in Table 7 are then sorted in ascending order according to their transaction utilities. The results
are shown in Table 8.
Step 6. The sorted transactions in Table 8 are then accumulated tuple by tuple until the summed value of transaction
utility is larger than the maximum safety transaction utility
bound MSTUB(= 16.7), which is calculated as (8 + 10) (=
18) > 16.67. The number of transactions is thus achieved by
the above condition and set at 2, which is used for the number
of genes in a chromosome in the proposed algorithm.
Step 7. Sum up the top-2 transaction utility values as the
maximal inserted utility for the top-2 inserted transactions,
which is calculated as Maxiutil (= 80 + 75)(= 155).

lower utility threshold 𝑆𝑙 (= 10.62%). The large transactionweighted utilization itemsets and the prelarge transactionweighted utilization itemsets are then shown in Tables 9 and
10.
Step 10. A population of 1000 individuals (chromosomes)
with two genes composed by TID is randomly generated
from the set of the candidate transactions appearing in
Table 7. In this example, each chromosome is composed of
two genes. Assume that a possible composition is 𝑇1 , and
𝑇10 are randomly selected from the candidate transactions
in the set of Cand Trans to form an initial chromosome.
Thus, the chromosome is considered a legal composition and
represented as (1, 10).
Step 11. The crossover operation is executed on the population.
Step 12. The mutation operation is executed on the population.
Step 13. Assume a chromosome (3, 10) is obtained as a
possible solution. The sliding count for this chromosome
is calculated as (560 + 22) × 0.3 − 22 (= 152.6), which is
used to filter the unpromising prelarge itemset to reduce the
computation time. The evaluation process is then performed
for the itemset with its transaction-weighted utilization being
larger than or equal to the sliding count. After filtering, the
results are shown in Table 11.
With the aid of the prelarge transaction-weighted itemsets, it easily derives the required rules without rescanning
database. In this example, the itemsets in Tables 9 and 11 are
then updated. After that, the results are shown in Figure 5.
The final high utility itemsets for the chromosome (3, 10) are
thus {𝐶}.
After the high utility itemsets shown in Table 9 are
obtained, the number 𝛼 of sensitive high utility itemsets
that fail to be hidden, the number 𝛽 of missing high utility
itemsets, and the number 𝛾 of artificial high utility itemsets
can be easily evaluated. In the above example, the set of
sensitive itemsets that fail to be hidden is {𝐷, 𝐵𝐶𝐷}∩{𝐶, 𝐵𝐷},
which is Ø. The value of 𝛼 is thus 0. The set of missing
itemsets is {𝐶, 𝐷, 𝐵𝐷, 𝐵𝐶𝐷} − {𝐷, 𝐵𝐶𝐷} − {𝐶, 𝐵𝐷}, which
is Ø. The value of 𝛽 is thus 0. The set of artificial itemsets
is {𝐶, 𝐵𝐷} − {𝐶, 𝐷, 𝐵𝐷, 𝐵𝐶𝐷} = Ø. The value of 𝛾 is thus
0. Let the three weight parameters be set as 0.5, 0.25, and
0.25, respectively. The fitness value of the chromosome is then
calculated as follows:
fitness = 0.5 × 0 + 0.25 × 0 + 0.25 × 0 = 0.

(12)

Step 8. The lower utility threshold (𝑆𝑙 ) can be obtained
according to the formula 𝑆𝑙 = 𝑆𝑢 − (Maxiutil /TU𝐷) × (1 −
𝑆𝑢 ). The lower utility threshold is then calculated as 0.3 −
(155/560) × (1 − 0.3), which is 10.62%.

The other chromosomes in the population are evaluated in the
same way to find the feasible solution for PPUM.

Step 9. After the lower threshold is obtained, the original
database is then scanned to, respectively, get the large and the
prelarge transaction-weighted utilization itemsets with their
transaction-weighted utilization values and actual utility
values according to the upper utility threshold 𝑆𝑢 (= 30%) and

Step 14. In this step, 𝑏 is set at 𝑛/2 (= 1000/2)(= 500).
Thus, the top 500 chromosomes from the current population
and the randomly chosen (𝑛 − 𝑏)(= 1000 − 500)(= 500)
chromosomes from the original database are merged together
to form the next population for generation.
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Inserted transactions
TID

B

A

C D E

Large 1-itemset
tu

Itemset

Itemset

AU

E

120 + 10 = 130

3

0

6

0

0

0

12

B

44 + 12 = 56

10

0

0

0

0

1

10

C

180

D

168

Profit table
Item

Large 2-itemset

Profit ($)

A

6

B

2

C

15

D

7

E

10

Prelarge 1-itemset

AU

Itemset

AU

BC

89

BD

192

CD

159

Large 3-itemset
Itemset

AU

BCD

170

Figure 5: The set of sensitive high utility itemsets that fail to be hidden.
Table 9: The large transaction-weighted utilization itemsets.

Itemset
{𝐵}
{𝐶}
{𝐷}

Large 1-itemset
TWU
287
320
267

AU
44
180
168

Itemset
{𝐵𝐶}
{𝐵𝐷}
{𝐶𝐷}

Large 2-itemset
TWU
173
267
173

AU
89
192
159

Itemset
{𝐵𝐶𝐷}

Large 3-itemset
TWU
173

AU
173

Pre-large 3-itemset
TWU
72

AU
72

Table 10: The pre-large transaction-weighted utilization itemsets.

Itemset
{𝐴}
{𝐸}

Pre-large 1-itemset
TWU
108
162

AU
48
120

Itemset
{𝐴𝐶}
{𝐴𝐸}
{𝐶𝐸}

Pre-large 2-itemset
TWU
72
72
72

Table 11: The filtered pre-large transaction-weighted utilization
itemsets by sliding count.

Itemset
{𝐸}

Pre-large 1-itemset
TWU
162

AU
120

Step 15. In the example, two criteria are used as the termination condition. The first condition is when the fitness value is
achieved in stable situation. In this example, the best fitness
value is set at 0 without any side effects. Another condition to
terminate the progress is when the number of generations is
achieved by the user-defined number.
Step 16. Finally, the best composition of a chromosome by the
transaction identification TID to be inserted is thus selected
as the best solution to users.

5. Experimental Results
The experiments are implemented in Java language and
executed on a PC with 3.0 GHz CPU and 4 GB memory. Two

AU
42
42
60

Itemset
{𝐴𝐶𝐸}

datasets are used in the experiments, which are, respectively,
from IBM data generator for a simulation dataset [29] and
the foodmart database [30] in the real-world applications.
A simulation model [16] is then developed to generate the
quantities of the items in the transactions for database, which
is generated from IBM data generator. The range of quantity
is set from 1 to 5 and randomly from 0.01 to 10 for profit in the
utility table, respectively. The foodmart dataset is collected
from an anonymous chain store composed by a quantitative
database about the products sold by the chain store. There are
21,556 transactions and 1,559 items in the dataset.
In the experiments, the minimum high utility thresholds
are, respectively, set at 0.2% and 0.02% for both the simulation
dataset and the foodmart database. The numbers of sensitive
high utility itemsets are then defined by the percentages
of the high utility itemsets in the database, which can
obviously show the performance of the proposed algorithm.
The population size of the genetic algorithm is initially set at
100. The fitness values are firstly compared among different
percentages of sensitive high utility itemsets in two different
databases, respectively, shown in Figures 6 and 7, which is
used to show the convergence rates and the fitness value
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Figure 6: Fitness values in different percentages of sensitive high
utility itemsets in the simulation dataset.

Figure 8: The evaluation of three side effects in simulation dataset.
Foodmart

2.5
Foodmart
Number of side effects (%)

18
17

Fitness value

16
15
14
13

2

1.5

1

0.5

12
0

11
10

50
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150
Generation

200

250

Sensitive: 0.5%
Sensitive: 1.0%
Sensitive: 1.5%

Figure 7: Fitness values in different percentages of sensitive high
utility itemsets in the foodmart database.

(summed up number of each side effect × its adjustable
weight) of the proposed approach.
From Figures 6 and 7, it can be observed that the designed
algorithm can thus achieve a stable situation with the growing
generations. The side effects of the proposed GA-based
approach are then evaluated, including the hiding failure for
the number of sensitive high utility itemsets, the number of
the missing high utility itemsets, and the number of artificial
high utility itemsets, respectively, shown in Figures 8 and 9,
in two databases. This evaluation criteria are used to find out

0.5
1
1.5
Sensitivity percentage of high utility itemset (%)
Hiding failure
Missing cost
Artificial cost

Figure 9: The evaluation of three side effects in foodmart database.

the generation of the number of side effects by the proposed
algorithm.
In Figures 8 and 9, it can be seen that there are only
few side effects of hiding failure in different percentages of
sensitive high utility itemsets by the proposed GA-based
algorithm. The sensitive high utility itemsets are totally hiding
in the proposed approach. The difference between the GAbased algorithm and the GA-based algorithm involving the
prelarge concepts is then also compared, respectively, in the
simulation dataset and foodmart database. The results are
then shown in Figures 10 and 11. This evaluation criteria are
used to find the performance of the execution time compared
to the simple genetic algorithm with the proposed GA-based
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In this paper, a GA-based algorithm is proposed to find
the feasible combination for data sanitization. Each gene
in a chromosome represents a possible transaction to be
inserted. Three user-specific weights are thus assigned to
three factors, which are hiding failure sensitive high utility
itemsets, missing high utility itemsets, and artificial high
utility itemsets, to evaluate the fitness values of chromosomes.
Besides, the designed sliding count based on prelarge concepts is also applied to the GA-based approach, thus reducing
the computational time of rescanning database.
In the proposed GA-based algorithm, transaction insertion is used to hide the sensitive high utility itemsets based
on prelarge concepts. The prelarge concepts consisted of
insertion, deletion, and modification. How to combine those
concepts to produce the dummy transactions for PPUM is
another critical issue in the future.
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Figure 11: Execution time of the original GA-based algorithm
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approach based on prelarge concept (with and without sliding
count).
From Figures 10 and 11, it is obvious to see that the
proposed GA with the prelarge concepts can greatly reduce
the computational time for rescanning the original database
compared to the simple GA-based algorithm. Besides, the
sliding count has a slight help for reducing the execution time.
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Relatedness measurement between multimedia such as images and videos plays an important role in computer vision, which is a
base for many multimedia related applications including clustering, searching, recommendation, and annotation. Recently, with
the explosion of social media, users can upload media data and annotate content with descriptive tags. In this paper, we aim at
measuring the semantic relatedness of Flickr images. Firstly, four information theory based functions are used to measure the
semantic relatedness of tags. Secondly, the integration of tags pair based on bipartite graph is proposed to remove the noise and
redundancy. Thirdly, the order information of tags is added to measure the semantic relatedness, which emphasizes the tags with
high positions. The data sets including 1000 images from Flickr are used to evaluate the proposed method. Two data mining
tasks including clustering and searching are performed by the proposed method, which shows the effectiveness and robustness
of the proposed method. Moreover, some applications such as searching and faceted exploration are introduced using the proposed
method, which shows that the proposed method has broad prospects on web based tasks.

1. Introduction
Relatedness measurement especially similarity between multimedia such as images and videos plays an important role
in computer vision. The image similarity is a base for many
multimedia related applications including image clustering
[1], searching [2, 3], recommendation [4], and annotation [5].
The relatedness problem is relevant to two aspects: images
representation and relatedness measurement. The former
aspect needs an appropriate model to reserve the related
information of an image. The latter aspect requires an effect
method to compute the relatedness accurately.
In the early stage, relatedness measurement is based on
the low-level visual features such as texture [6, 7], shape [8],
and gradient [9]. These visual features are used to represent
effective information of an image. Some distance metrics
including Chi-Square distance [10], Euclidean distance [11],
histogram intersection [12], and EMD distance [13] is used.
Overall, these methods ignore the high-level features such as
semantic information which can be understood by machine

and people easily. These methods are limited to the applications which need semantic level information.
Recently, with the explosion of community contributed
multimedia content available online, many social media
repositories (e.g., Flickr (http://www.flickr.com), Youtube
(http://www.youtube.com), and Zooomr (http://www.
zooomr.com)) allow users to upload media data and annotate
content with descriptive keywords which are called social
tags. We take Flickr, one of the most popular and earliest
photo sharing sites, as an example to study the relatedness
measurement between images. Flickr provides an open
platform for users to publish their personal images freely.
The principal purpose of tagging is to make images better
accessible to the public. The success of Flickr proves that users
are willing to participate in this semantic context through
manual annotations [14]. Flickr uses a promising approach
for manual metadata generation named “social tagging,”
which requires all the users in the social network to label
the web resources with their own keywords and share with
others. The characteristics of social tags are as follows.
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Figure 1: The illustration of four kinds of correlations between concepts.

(1) Ontology free. The ontology based labeling defines
ontology and then let users label the web resources
using the semantic markups in the ontology. Social
tagging requires all the users in the social network
to label the web resources with their own keywords
and share with others. Different from ontology based
annotation, there is no predefined ontology or taxonomy in social tagging. Thus, the tagging task is more
convenient for users.
(2) User oriented. The users can annotate images with
their favorite tags. The tags of an image are determined by users’ cognitive ability. To a same image,
users may give different tags. Each image may be with
one tag at least, and each tag may appear in many
different images.
(3) Semantic loss. Irrelevant social tags frequently appear,
and users typically will not tag all semantic objects in
the image, which is called semantic loss. Polysemy,
synonyms, and ambiguity are some drawbacks of
social tagging.
Based on the above characteristics, we aim at measuring
semantic relatedness between images using social tags. It is
observed that the correlations between the concepts of
images can be divided into four kinds: synonymy, similarity,
meronymy, and concurrence, as illustrated in Figure 1. Synonymy means the same object with different names. Similarity denotes that two objects are similar. Meronymy means
that two objects follow part-of relation. Concurrence means
that two objects appear frequently. Overall, the above four
correlations can be summarized as semantic relatedness [15].
Semantic relatedness is a more generic concept than semantic
similarity. Similar concepts are usually considered to be
related for their likeness (synonymy); dissimilar concepts
can also be semantically related such as meronymy or concurrence. In this paper, we focus on measuring semantic
relatedness between images.
(1) Semantic relatedness follows the cognitive mechanism of people. In [16], the author suggests that the
association relation is the basic mechanism of brain.
When people know a concept such as “hospital,” she/
he may index the related concept such as “doctor” for
appropriate understanding of the original concept.

Since the goal of relatedness measurement is to facilitate related applications such as searching and recommendation, the proposed method should follow user’s
cognitive mechanism.
(2) Semantic relatedness can be used to organize images
based on their associations. In recent literatures, such
as Linked Open Data (LOD) [17] and Semantic Link
Network (SLN) [18–20], the resources are managed
by their semantic relations. The proposed semantic
relatedness measures can be used to build semantic
links between resources especially images, which can
be easily applied in real applications.
The major contributions of this paper are summarized as
follows.
(1) We propose a framework to measure semantic relatedness between Flickr images using tags. Firstly,
the cooccurrence measures are used to compute the
relatedness of tags between two images. Secondly,
we transform the tags relatedness integration to the
assignment in bipartite graph problem, which can
find an appropriate matching to the semantic relatedness of images. Finally, a decline factor considering the position information of tags is used in the
proposed framework, which reduces the noise and
redundancy in the social tags.
(2) A real data set including 1000 images from Flickr with
ten classes is used in our experiments. Two evaluation methods including clustering and retrieval are
performed, which shows that the proposed method
can measure the semantic relatedness between Flickr
images accurately and robustly.
(3) We extend the relatedness measures between concepts to the level of images. Since the association
relation is the basic mechanism of brain. The proposed relatedness measurement can facilitate related
applications such as searching and recommendation.
The rest of the paper is organized as follows. Section 2
gives the related work of social tags and image similarity
measures. The problem definition is introduced in Section 3.

The Scientific World Journal

3

Big Ben at night: London through my lens

London eye

Figure 2: The illustration of a pair of images from Flickr.

Section 4 proposes the method for measuring semantic relatedness of images. Experiments are presented in Section 5.
Conclusions are made in the last section.

2. Related Work
In this section, we give two related aspects of the proposed
work. Some researches about social tags are introduced
first. Then, we give the related work about image similarity
measures.
2.1. On Social Tags. In the area about the usage patterns
and semantic values of social tags, Golder and Huberman
[21] mined usage patterns of social tags based on the
delicious (del.icio.us/post) data set. Al-Khalifa and Davis
[22] concluded that social tags were semantically richer
than automatically extracted keywords. Suchanek et al. [23]
used YAGO (http://www.mpi-inf.mpg.de/yago-naga/yago)
and WordNet (http://wordnet.princeton.edu) to check the
meaning of social tags and concluded that top tags were
usually meaningful. Halpin et al. [24] examined why and how
the power law distribution of tag usage frequency was formed
in a mature social tagging system over time.
Beside research on mining social tags, some researches
modeled the network structure of social tags. Cattuto et al.
[25] investigated the network features of social tags system,
which is seen as a tripartite graph using metrics adapted
from classical network measures. Lambiotte and Ausloos [26]
described the social tags systems as a tripartite network with
users, tags, and annotated items. The proposed tripartite
network was projected into the bipartite and unipartite
network to discover its structures. In [27], the social tags
system was modeled as a tripartite graph which extends
the traditional bipartite model of ontologies with a social
dimension.
Recently, many researchers investigated the applications
of social tags in information retrieval and ranking. In [28],
the authors empirically study the potential value of social
annotations for web search. Zhou et al. [29] proposed a
model using latent dirichlet allocation, which incorporates
the topical background of documents and social tags. Xu et
al. [30] developed a language model for information retrieval

based on metadata property of social tags and their relationships to annotated documents. Bao et al. [31] introduced
two ranking methods: SocialSimRank, which ranked pages
based on the semantic similarity between tags and pages, and
SocialPageRank, which ranked returned pages based on their
popularity. Schenkel et al. [32] developed a top-𝑘 algorithm
which ranked search results based on the tags shared by the
user who issued the query and the users who annotated the
returned documents with the query tags.
2.2. On Measuring Images Similarity. Measuring semantic
similarity is a basic issue in computer vision field. Usually some low-level visual features are used for similarity
measures. For example, shape features, texture features, and
gradient features can be extracted from images. Based on
the extracted low-level features, distance metrics such as the
Euclidean distance, the Chi-Square distance, the histogram
intersection, and the EMD distance are used. In this paper, the
proposed method addresses the problem by semantic-level
features such as social tags.
Different from the methods using low-level features,
recently, a number of papers build image representation
based on the outputs of concept classifiers [33]. Our observation is that Flickr provides the related social tags by web
users, which reflect how people on the internet tend to
annotate images. Several previous methods [34] learn object
models from internet images. These methods tend to gather
training examples using image search results. Besides, their
approaches have to alternate between finding good examples
and updating object in order to robust against noisy images.
On the other hand, some papers [35] use images from Flickr
groups other than search engines, which is claimed to be clean
enough to produce good classifiers.

3. Problem Definition
In this paper, we study the problem of measuring semantic
relatedness between images or videos with manually provided
social tags. Here, a social tag refers to some concepts provided
by users, which is semantically related to the content of an
image or a video. The input of the proposed method is a pair
of images or videos with social tags. The goal of the proposed
method is to identify the semantic relatedness between two
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images or videos. Figure 2 shows the illustration of a pair
of images from Flickr with social tags. These two images
are about “Big Ben” and “London eye”. These two images
may be dissimilar according to the traditional similarity measurement, since they do not share some common low level
visual similarity. But, these two images are semantic related
since they are both the famous sightseeings of London. In the
proposed method, we can compute their semantic relatedness
though they may share little similar visual features.
3.1. Basic Definitions. We first introduce three important
definitions in this paper, the social tags set of an image and
the semantic relatedness between two images.
Definition 1 (social tags set of an image). The social tags
(denoted by 𝑡) set of an image 𝑓 (denoted by 𝑠(𝑓)) is a set
of tags provided by users of an image:
𝑠 (𝑓) = {𝑡1 , 𝑡2 , . . . , 𝑡|𝑠(𝑓)| } .

(1)

For example, in Figure 2, the tags of the right images are
“London” and “eye” other than “London eye”. Since Flickr
provides the related tags of each image, we just download the
tags by Flickr. We do not perform any NLP operations on the
tags.
Definition 2 (semantic relatedness between tags). The
semantic relatedness between tags (denoted by sr(𝑡1 , 𝑡2 )) is
the expected correlation of a pair of tags 𝑡1 and 𝑡2 .
Definition 3 (semantic relatedness between images). The
semantic relatedness between images (denoted by sr(𝑓1 , 𝑓2 ))
is the expected correlation of a pair of images 𝑓1 and 𝑓2 .
The range of sr(𝑡1 , 𝑡2 ) and sr(𝑓1 , 𝑓2 ) is from 0 to 1. A
high value indicates that semantic relatedness between tags
or images is more likely to be confidential. Please notice that
the definition of sr(𝑓1 , 𝑓2 ) can also be extended to videos with
social tags.
3.2. Basic Heuristics. Based on common sense and our
observations on real data, we have five heuristics that serve
as the base of our computation model.
Heuristic 1. Usually each tag of an image appears only one
time.
Different from writing sentences, users usually annotate
an image with different tags. For example, the possibility
of using tags “apple apple apple” for an image is very low.
Therefore, in this paper, we do not employ any weighting
scheme for tags such as tf-idf [36].
Heuristic 2. The order of the tags may reflect the correlation
against the annotated image.
Different tag reflects the different aspects of an image.
According to Heuristic 1, the weight of a tag against the image
cannot be obtained. Fortunately, the order of the tags can be
gotten since user may provide tags one by one.

Heuristic 3. The number of tags of an image may not be
relevant to the annotation correctness.
Different users may give different tags about the same
image. For example, users may give tags such as “apple
iPhone” or “iPhone4 mobile phone” for the same image about
iPhone. It is hardly to say which tag is better for annotation
though the latter annotation has three tags.
Heuristic 4. Usually some tags may be redundant for annotating an image.
Of course, users may give similar tags for an image. For
example, the tag “apple iPhone” may be redundant since
iPhone is very semantic similar to apple.
Heuristic 5. Usually some tags may be noisy for annotating
an image.
Users may give inappropriate or even false tags for an
image. For example, the tags “iPhone” are false for an image
about the iPod.

4. Computation Model
In this section, we propose the computation model for
measuring semantic relatedness between images. Based on
the above five heuristics, the social tags provided by users
are used in our computation model. Overall, the proposed
computation model is divided into three steps.
(1) Tag relatedness computation. In this step, based on
Heuristic 1, all of the tag pairs between two images are
computed.
(2) Semantic relatedness integration. In this step, based
on Heuristics 3–5, we measure semantic relatedness
between images.
(3) Tag order revision. In this step, based on Heuristic 2,
the image relatedness on step 2 is revised.
Table 1 shows the variables and parameters used in the
following discussion. Figure 3 illustrates an overview of the
proposed computation model.
4.1. Tag Relatedness Computation. According to Definition 1,
an image can be represented as a set of tags provided by
users. As for the semantic relatedness of a pair of images, we
can measure the semantic relatedness between tags of these
images. For example, two images with tags “apple iPhone”
and “iPod Nano”, we can measure the semantic relatedness
between these tags. Since the number of each tag is usually one according to Heuristic 1, the semantic relatedness
between tags can be computed without considering their
weight.
Many different methods of semantic relatedness measures
between concepts have been proposed, which can be divided
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Figure 3: The illustration of the proposed method.

Table 1: The variables and parameters used in the proposed computation model.
Name
𝑓
𝑡
𝑠(𝑓)
sr(𝑡1 , 𝑡2 )
sr(𝑓1 , 𝑓2 )
𝑁(𝑡)
𝑁(𝑠(𝑓))
pos(𝑡)

Description
An image
A tag
Tags set of an image
Semantic relatedness of two tags
Semantic relatedness of two images
Page counts of a tag
Set of page counts of an image
Position information of a tag

into two aspects [37]: taxonomy-based methods and webbased methods. Taxonomy-based methods use information
theory and hierarchical taxonomy, such as WordNet, to
measure semantic relatedness. On the contrary, web-based
methods use the web as a live and active corpus instead of
hierarchical taxonomy.
In the proposed computation model, each tag can be
seen as a concept with explicit meaning. Thus, we use some
equations based on cooccurrence of two concepts to measure
their semantic relatedness. The core idea is that “you shall
know a word by the company it keeps” [38]. In this section,

four popular cooccurrence measures (i.e., Jaccard, Overlap,
Dice, and PMI) are proposed to measure semantic relatedness
between tags.
Besides cooccurrence measures, the page counts of each
tag from search engine are used. Page counts mean the
number of web pages containing the query 𝑞. For example,
the page counts of the query “Obama” in Google (http://www.
google.com) are 1,210,000,000 (the data was gotten in the
date 9/28/2012). Moreover, page counts for the query “𝑞
𝐴𝑁𝐷 𝑝” can be considered as a measure of cooccurrence
of queries 𝑞 and 𝑝. For the remainder of this paper, we use
the notation 𝑁(𝑝) to denote the page counts of the tag 𝑝
in Google. However, the respective page counts for the tag
pair 𝑝 and 𝑞 are not enough for measuring semantic relatedness. The page counts for the query “𝑞 𝐴𝑁𝐷 𝑝” should
be considered. For example, when we query “Obama” and
“United States” in Google, we can find 485,000,000 Web
pages; that is, 𝑁(Obama ∩ United States) = 485,000,000. The
four cooccurrence measures (i.e., Jaccard, Overlap, Dice, and
PMI) between two tags 𝑝 and 𝑞 are as follows:
Jaccard (𝑝, 𝑞) =

𝑁 (𝑝 ∩ 𝑞)
,
𝑁 (𝑝) + 𝑁 (𝑞) − 𝑁 (𝑝 ∩ 𝑞)

𝑝 ∩ 𝑞 denotes the conjunction query “𝑝 𝐴𝑁𝐷 𝑞”.

(2)
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Consider
Overlap (𝑝, 𝑞) =

𝑁 (𝑝 ∩ 𝑞)
,
min (𝑁 (𝑝) , 𝑁 (𝑞))

(3)

min(𝑁(𝑝), 𝑁(𝑞)) means the lower number of 𝑁(𝑝) or 𝑁(𝑞).
Consider
Dice (𝑝, 𝑞) =

2 ∗ 𝑁 (𝑝 ∩ 𝑞)
.
𝑁 (𝑝) + 𝑁 (𝑞)

(4)

According to probability and information theory, the mutual
information (MI) of two random variables is a quantity
that measures the mutual dependence of the two variables.
Pointwise mutual information (PMI) is a variant of MI (see
(5)):
PMI (𝑝, 𝑞) =

log ((𝑁 ∗ 𝑁 (𝑝 ∩ 𝑞)) / (𝑁 (𝑝) ∗ 𝑁 (𝑞)))
,
log 𝑁
(5)

where 𝑁 is the number of Web pages in the search engine,
which is set to 𝑁 = 1011 according to the number of indexed
pages reported by Google.
Through (2)–(5), we can compute the tag relatedness as
follows.
(1) Extracting the tags from two images 𝑓1 and 𝑓2 , which
are denoted by
𝑠 (𝑓1 ) = {𝑡1 , 𝑡2 , . . . , 𝑡|𝑠(𝑓1 )| } ,

(6)

𝑠 (𝑓2 ) = {𝑡1 , 𝑡2 , . . . , 𝑡|𝑠(𝑓2 )| } .

(2) Issue the tags from 𝑓1 and 𝑓2 as the query to the web
search engine (in this paper, we choose Google for its
convenient API (http://developers.google.com)), the
page counts can be denoted by
𝑁 (𝑠 (𝑓1 )) = {𝑁 (𝑡1 ) , 𝑁 (𝑡2 ) , . . . , 𝑁 (𝑡|𝑠(𝑓1 )| )} ,

(7)

𝑁 (𝑠 (𝑓2 )) = {𝑁 (𝑡1 ) , 𝑁 (𝑡2 ) , . . . , 𝑁 (𝑡|𝑠(𝑓2 )| )} .

(3) Computing the semantic relatedness between each
tags pair from 𝑓1 and 𝑓2 by (2)–(5). For example, if
we use PMI to compute tag semantic relatedness, the
equation can be
sr (𝑡𝑖 , 𝑡𝑗 ) =

log ((𝑁 ∗ 𝑁 (𝑡𝑖 ∩ 𝑡𝑗 )) / (𝑁 (𝑡𝑖 ) ∗ 𝑁 (𝑡𝑗 )))
log 𝑁

,

(1) Appropriate computation complexity. Since the relatedness between each tag pair of two images should
be computed, the proposed method must be with
low complexity. Recently, web search engines such
as Google provide API for users to index the page
counts of each query. The web search engine gives an
appropriate interface for the proposed computation
model.
(2) Explicit semantics. The tag given by users may not be a
correct concept in taxonomy. For example, users may
give a tag “Bling Bling” for an image about a lovely
girl. The word “Bling” cannot be indexed in many
taxonomy such as WorldNet. The proposed method
uses web search engine as an open intermediate. The
explicit semantics of the newly emerge concepts can
be gotten by web easily.
4.2. Semantic Relatedness Integration. In Section 4.1, we compute the tag pair relatedness of two images. Obviously, the tag
pair relatedness of two images 𝑓1 and 𝑓2 can be treated as a
bipartite graph, which is denoted by
𝐺 = (𝑉, 𝐸) ,
𝑉 = {𝑓1 , 𝑓2 } ,
𝐸 = ⟨𝑡𝑖 , 𝑡𝑗 , sr (𝑡𝑖 , 𝑡𝑗 )⟩ ,

(9)

𝑡𝑖 ∈ 𝑠 (𝑓1 ) ∧ 𝑡𝑗 ∈ 𝑠 (𝑓2 ) .

Based on (9), we change the semantic relatedness integration of all tag pairs to the problem—assignment in bipartite
graph. We want to assign a best matching of the bipartite
graph 𝐺.
A matching is defined as 𝑀 ⊆ 𝐸 so that no two edges in
𝑀 share a common end vertex. An assignment in a bipartite
graph is a matching 𝑀 so that each node of the graph has
an incident edge in 𝑀. Suppose that the set of vertices are
partitioned in two sets 𝑓1 and 𝑓2 , and that the edges of the
graph have an associated weight given by a function 𝑓 :
(𝑓1 , 𝑓2 ) → [0 ⋅ ⋅ ⋅ 1]. The function maxRel: (𝑓, 𝑓1 , 𝑓2 ) →
[0 ⋅ ⋅ ⋅ 1] returns the maximum weighted assignment, that is,
an assignment so that the average of the weights of the
edges is highest. Figure 4 shows a graphical representation
of the semantic relatedness integration, where the bold lines
constitute the matching 𝑀.
Based on the expression of the assignment in bipartite
graphs, we have
maxRel (𝑓, 𝑓1 , 𝑓2 )
𝑗∈𝐽

𝑡𝑖 ∈ 𝑠 (𝑓1 ) ∧ 𝑡𝑗 ∈ 𝑠 (𝑓2 ) .
(8)
From the above steps, the tags relatedness can be computed, which is denoted as a triple ⟨𝑡𝑖 , 𝑡𝑗 , sr(𝑡𝑖 , 𝑡𝑗 )⟩. In the next
section, we will give the detailed analysis for choosing the best
measures from (2)–(5).
Overall, the page counts of each tag should be issued.
Then some cooccurrence based measures are used to compute the semantic relatedness between tags. The reasons for
using page counts based measures are as follows.

max ∑𝑖∈𝐼 𝑠 (𝑡𝑖 , 𝑡𝑗 )
{

 

{
{
,
𝑠 (𝑓1 ) ≤ 𝑠 (𝑓2 ) ,


{
{
𝑠 (𝑓1 )
{
={

 

{
{ max ∑𝑗∈𝐽
𝑠 (𝑓1 ) > 𝑠 (𝑓2 ) ,
{
𝑖∈𝐼 𝑠 (𝑡𝑖 , 𝑡𝑗 )
{
{
,
𝑠 (𝑓2 )
{






𝐼 = [1 ⋅ ⋅ ⋅ 𝑠 (𝑓1 )] , 𝐽 = [1 ⋅ ⋅ ⋅ 𝑠 (𝑓2 )] .

(10)

Using the assignment in bipartite graphs problem to our
context, the variables 𝑓1 and 𝑓2 represent the two images to
compute the semantic relatedness. For example, that 𝑓1 and
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Figure 4: Graphical representation of the assignment in bipartite
graphs problem.

𝑓2 are composed of the tags 𝑠(𝑓1 ) and 𝑠(𝑓2 ). |𝑠(𝑓1 )| > |𝑠(𝑓2 )|
means that the number of tags in 𝑠(𝑓2 ) is lower than that of
𝑠(𝑓1 ). According to Heuristic 3, we divide the result of the
maximization by the lower cardinality of 𝑠(𝑓1 ) or 𝑠(𝑓2 ). In this
way, the influence of the number of tags is reduced, and the
semantic relatedness of two images is symmetric.
Beside the cardinality of two tags set 𝑠(𝑓1 ) and 𝑠(𝑓2 ), the
maxRel function is affected by the relatedness between each
pair of tags. According to Heuristics 4 and 5, the redundancy
and noise should be avoided. In maxRel function, the oneto-one map is applied to the tags 𝑠(𝑓1 ) and 𝑠(𝑓2 ). Thus, the
proposed maxRel function varies with respect to the nature
of two images.
Adopting the proposed maxRel function, we are sure to
find the global maximum relatedness that can be obtained
pairing the elements in the two tags sets. Alternative methods
are able to find only the local maximum since they scroll the
elements in the first set and, after calculating the relatedness
with all the elements in the second set, they select the one
with the maximum relatedness. Since every element in one
set must be connected, at most, at one element in the other
set, such a procedure is able to find only the local maximum
since it depends on the order in which the comparisons occur.
For example, considering the example in Figure 4, 𝑡1 will be
paired to 𝑞1 (weight = 1.0). But when analyzing 𝑡3 , the
maximum weight is with 𝑞2 (weight = 0.9). This means that
𝑡2 can no more be paired to 𝑞2 even if the weight is maximum,
since this is already matched to 𝑡3 . As a consequence, 𝑡2 will
be paired to 𝑞3 and the average of the selected weights will be
(1.0 + 0.3 + 0.9)/3 = 0.73 which is considerably lower than
using MaxRel where the sum of the weights was (1.0 + 0.8 +
0.7)/3 = 0.83.
Overall, the cardinality of two tag sets is used to follow
Heuristic 3. The one-to-one map of tags pair is used to follow
Heuristics 4 and 5. The MaxRel function is used to match a
best semantic relatedness integration of two images.

4.3. Tag Order Revision. According to Heuristic 2, the order
of tags should be considered to compute the semantic relatedness between two images. Intuitively, the tags appearing
in the first position may be more important than the latter
tags. Some researches [39] suggest that people used to select
popular items as their tags. Meanwhile, the top popular tags
are indeed the “meaningful” ones.
In this section, the MaxRel function proposed
in Section 4.2 is revised considering the order of tags.
For example, the relatedness of tags pair with high position
should be enhanced, which is summarized as a constrain
schema.
Schema 1 (tag relatedness declining). This schema means that
the identical tag pairs of two images 𝑓1 and 𝑓2 should be
pruned in MaxRel function. In other words, the semantic
relatedness of the same tag of two images is set as 0.
We add a decline factor to the MaxRel function, and the
detailed steps are as follows.
(1) According to the MaxRel function in Section 4.2, the
best matching tag pairs are selected, which is denoted
by
maxRel (𝑓1 , 𝑓2 ) = ∑ sr (𝑡𝑖 , 𝑡𝑗 ) ,

(11)

𝑡𝑖 ∈ 𝑠 (𝑓1 ) ∧ 𝑡𝑗 ∈ 𝑠 (𝑓2 ) .

Of course, the selected tag pairs are the best matching
of the bipartite graph between images 𝑓1 and 𝑓2 .
(2) Computing the position information of each tag,
which is denoted by Pos(𝑡𝑖 ):
𝑠 (𝑓) + 1 − 𝑖
(12)
, 𝑡𝑖 ∈ 𝑠 (𝑓) .
Pos (𝑡𝑖 ) =    
𝑠 (𝑓)
(3) Add the position information of each tag to (11),
which can be seen as a decline factor:
sr (𝑓1 , 𝑓2 ) = ∑ Pos (𝑡𝑖 ) ∗ sr (𝑡𝑖 , 𝑡𝑗 ) ∗ Pos (𝑡𝑗 ) ,
𝑡𝑖 ∈ 𝑠 (𝑓1 ) ∧ 𝑡𝑗 ∈ 𝑠 (𝑓2 ) .

(13)

(4) Of course, similar to MaxRel function, equation
should divide the result of the maximization by
sr (𝑓1 , 𝑓2 ) =

∑ Pos (𝑡𝑖 ) ∗ sr (𝑡𝑖 , 𝑡𝑗 ) ∗ Pos (𝑡𝑗 )
∑ Pos (𝑡𝑖 ) ∗ Pos (𝑡𝑗 )

.

(14)

We also consider the example in Figure 4. According to
(14), the semantic relatedness is revised as
2
3 1
1
⋅ 0.8 ⋅ + ⋅ 0.7 ⋅ )
3
4 3
4
2 3 1 1 −1
× (1 ⋅ 1 + ⋅ + ⋅ ) = 0.92.
3 4 3 4

(1 ⋅ 1.0 ⋅ 1 +

(15)

Besides adding decline factor to the MaxRel function, we
also add a constrain schema: identical tag pruning.
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Input: The tags set of two images 𝑓1 and 𝑓2 , which is 𝑠(𝑓1 ) and 𝑠(𝑓2 )
Output: The semantic relatedness of two images 𝑓1 and 𝑓2
for each 𝑡𝑖 ∈ 𝑠(𝑓1 ) /∗ page counts and position initial∗ /
𝑁(𝑠(𝑓1 )) ← 𝑁(𝑡𝑖 );
Pos(𝑠(𝑓1 )) ← Pos(𝑡𝑖 );
for each 𝑡𝑗 ∈ 𝑠(𝑓2 )
𝑁(𝑠(𝑓2 )) ← 𝑁(𝑡𝑗 );
Pos(𝑠(𝑓2 )) ← Pos(𝑡𝑗 );
for each 𝑡𝑖 ∈ 𝑠(𝑓1 )
for each 𝑡𝑗 ∈ 𝑠(𝑓2 )
if (𝑡𝑖 == 𝑡𝑗 ) sr(𝑡𝑖 , 𝑡𝑗 ) = 0; /∗ pruning∗ /
else sr(𝑡𝑖 , 𝑡𝑗 ) = 𝑓(𝑁(𝑡𝑖 ), 𝑁(𝑡𝑗 )); /∗ relatedness∗ /
return 𝑚𝑎𝑥𝑅𝑒𝑙(𝑓1 , 𝑓2 ) = 𝑓(Pos(𝑡𝑖 ), Pos(𝑡𝑗 ), sr(𝑡𝑖 , 𝑡𝑗 ));
Algorithm 1: MaxRel.

Schema 2 (identical tag pruning). This schema means that the
identical tag pairs of two images 𝑓1 and 𝑓2 should be pruned
in MaxRel function. In other words, the semantic relatedness
of the same tag of two images is set as 0.
The above schema is used to ensure the relatedness
measures of two images. If we do not prune the identical
tag pairs of two images, the proposed method will be transformed to the similarity measures. For example, the cosine
similarity [36] between two tags is to find the number of
identical elements of two vectors. The overall algorithm of the
proposed computation mode is presented in Algorithm 1.

5. Experimental Results
In this section, we evaluate the results of using the proposed
method for relatedness measurement. In Section 5.1, we
introduce the data set for the evaluation. In Section 5.2,
we determine to use the cooccurrence function for tag
relatedness measures. In Sections 5.3 and 5.4, clustering and
retrieval are used to evaluate the proposed method.
5.1. The Data Sets. We choose Flickr groups as the resources
for building data sets. Users on online photo sharing sites like
Flickr have organized many millions of photos into hundreds
of thousands of semantically themed groups. These groups
expose implicit choices that users make about which images
are similar. Flickr group membership is usually less noisy than
Flickr tags because images are screened by group members.
We download 1000 images from ten groups. These ten groups
can be divided into two classes. The first class includes five
groups, which are car, phone, flower, dog, and boat. The
second class consists of another five groups, which are Louis
Vuitton, Dior, Gucci, Cartier, and Chanel. Of course, these
images are selected by humans, which reduce the noise of the
data set. The reason why we choose two classes of groups is
that we want to test the accuracy of the proposed method
against the semantic relatedness of data set. The semantic
relatedness of the second set is higher than the first set
since the second class is all about the luxury brands. For
example, almost all these brands produce handbags. Thus, if
the proposed method can do well in these groups, we may say

Table 2: The detailed information of the data set.
Average tags per
Average tags per
Group 1
Group 2
image
image
Car
Louis Vuitton
4.4
3.1
Phone
Dior
3.5
3.2
Flower
Gucci
2.2
2.9
Dog
Cartier
5.6
2.8
Boat
Chanel
3.1
2.6

that it can measure the semantic relatedness between Flickr
images accurately and robustly. Table 2 gives the detailed
information of the data set. Table 3 gives some selected tags
from group 2.
5.2. Relatedness Function Selection. In Section 4.1, four cooccurrence measures (i.e., Jaccard, Overlap, Dice, and PMI)
are given for relatedness measures between tags. In [40],
Rubenstein and Goodenough proposed a data set containing
28 word pairs rating by a group of 51 human subjects, which
is a reliable benchmark for evaluating semantic similarity
measures. The higher the correlation coefficient against RG ratings is, the more accurate the methods for measuring
semantic similarity between words are. Figure 5 gives the
correlation coefficient of four functions against R-G test set.
From Figure 5, we can say that PMI performs best on relatedness measures for its highest correlation coefficient. Thus,
in the later experiments, we select PMI as the relatedness
measures between tags.
5.3. Evaluation on Image Clustering. In this section, we evaluate the correctness of using tag order. In Section 4.3, we add
the position information of each tag to the semantic relatedness measures. The tags with high position are treated as the
major element for sematic relatedness measures. We evaluate
the using of tag order by the clustering task. We employ
the proposed semantic relatedness of images into 𝐾-means
[41] clustering model. Since the 𝐾-means model depends on
the initial points, we random select core points 100 times.
We evaluate the effectiveness of document clustering with
three quality measures: 𝐹-measure, Purity, and Entropy [41].
We treat each cluster as if it were the result of the proposed
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Table 3: The selected tags of group 2 from Flickr.

Group 2

Tags
“Louis Vuitton”
“Keepall”
“DIOR”
“lipstick”
“makeup”

Tags
“Louis Vuitton”
“Alma”
“Dior”
“Diorskin Nude”
“Tan Sun Powder”

Gucci

“Gucci”
“Leather Belts”

“Gucci”
“Trainers”

Cartier

“Cartier”
“Pasha”
“Chronograph”

Chanel

“Chanel”
“Coco Noir”

Louis Vuitton
Dior

Tags
“Louis Vuitton”
“Tivoli”
“Dior”
“Makeup”
“Palette”
“Gucci”
“Jolie Leopard”
“Orange”

Tags
“Louis Vuitton”
“Bolsas”

“Replica”
“Gucci”
“Handbags”

“Gucci”
“Cruise”

“CARTIER”
“Love Bracelet”

“Cartier”
“Santos Galbee”

“Calibre”
“Cartier”

“Cartier Watch”
“Tank
Francaise”

“Chanel”
“Chanel Riva”
“Chanel nail polish”

“Coco
Mademoiselle”

“Chanel”
“No 5”

“Chance”
“Chanel”

method and each class as if it were the desired set of images.
Generally, we would like to maximize the 𝐹-measure and
Purity and minimize the Entropy of the clusters to achieve
a high-quality document clustering. Moreover, we compare
the clustering results between the proposed method using tag
order or not. Figures 6 and 7 give the clustering results of
group 1 and group 2 data sets. From Figures 6 and 7, we can
conclude the following.
(1) The proposed method performs better than cosine
based clustering. This result can be obtained from Figures 6 and 7. The three metrics including 𝐹-measure,
purity, and entropy of the proposed method are better
than cosine based clustering. This may be caused by
the inherent feature of the proposed method. The proposed method is based on the semantic relatedness
other than the cooccurrence of the cosine based clustering. If the tags of two images are not overlapped,
the cosine based clustering may be unavailable.
(2) The schema on using of tag order is effective. This
result can also be obtained from Figures 6 and 7.
The three metrics including 𝐹-measure, purity, and
entropy of using tag order are the highest. The position information reflects the importance of each tag.
The proposed method emphasizes the tags with high
order, which raises the performance on images clustering.
(3) The proposed method is robust in different data sets.
The proposed method performs well in group 1 and
group 2 data set. It is worth noting that the difference
between the proposed method and cosine method of
group 2 is higher than that of group 1. The reason of
that is due to the semantic correlation of group 2 being
stronger than group 1. In other words, the performance of the proposed method relies on the semantic
correlation of classes in data sets. The stronger the
semantic correlation between classes of data, the better the proposed method performance.

“Dior”
“Addict 2”

Tags
“LV”
“Multicolore”
“Dior”
“Jadore”
“Perfume”

5.4. Evaluation on Image Searching. In this section, we evaluate the proposed method query-based image searching
task. Five queries from group 2 are selected as the test set
including “Louis Vuitton,” “Gucci,” “Chanel,” “Cartier,” and
“Dior”. These queries are searched in Flickr. The top 50 images
are obtained as the data set. Moreover, we remove the queries
on the tags of each image. For example, the tag “Cartier” of the
top 50 images is removed of the query “Cartier”. The reason
for that operation is that the proposed method is based on
the semantic relatedness other than cooccurrence. We choose
cut-off point precision to evaluate the proposed method on
image searching. The cut-off point precision (𝑃𝑛 ) means that
the percentage of the correct result of the top 𝑛 returned
results. We compute the 𝑃1 , 𝑃5 , and 𝑃10 of the group 2 test
set. Table 4 lists the comparison of the cut-off point precision
between the proposed method and Flickr. From the experimental results, we can conclude the following.
(1) The proposed method performs better than Flickr. In
Table 4, the 𝑃1 , 𝑃5 , and 𝑃10 of the proposed method
are higher than Flickr. The experimental results prove
the correctness of the proposed method on image
searching task.
(2) The proposed method can handle the relatedness
searching problem. The proposed method can measure the semantic relatedness of two images robustly
and correctly.
(3) The proposed method can support the faceted exploration of image search. Faceted exploration of search
results is widely used in search interfaces for structured databases. Recently the faceted exploration is
also appearing in online search engine in the form of
search assistants. The proposed method can measure
the semantic relatedness of two images. Given the
search queries, we can select the related images for
faceted search.
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Table 4: The comparison of the cut-off point precision between the
proposed method and Flickr.
Correlation

Cut-off point Louis Vuitton

0.5

Gucci

Dior

Chanel

Cartier

100%

100%

100%

100%

100%

𝑃 (Flickr)

100%

100%

0

100%

100%

𝑃5

100%

100%

100%

100%

100%

𝑃5 (Flickr)

0.1

80%

60%

60%

60%

80%

𝑃10

0

100%

100%

100%

100%

100%

90%

70%

70%

80%

80%

𝑃

1
1

10

𝑃 (Flickr)

0.579

0.6
0.4

0.346

0.395

0.421

Dice

Overlap

0.3
0.2

Jaccard

PMI

Figure 5: The correlation of four selected functions.
Group 1

6. Conclusions
Correlation

This paper mainly discusses the semantic relatedness measures systematically, puts forward a method to measure the
semantic relatedness of two images based on their tags, and
justifies its validity through the experiments. The major contributions are summarized as follows.

1
0.8

0.912 0.857
0.732

0.967 0.922
0.751

0.6
0.4
0.2

0.0110.018

0
F-measure

(2) A real data set including 1000 images from Flickr with
ten classes is used in our experiments. Two evaluation methods including clustering and searching are
performed, which shows that the proposed method
can measure the semantic relatedness between Flickr
images accurately and robustly.
(3) We extend the relatedness measures between concepts to the level of images. Since the association relation is the basic mechanism of brain. The proposed
relatedness measurement can facilitate related applications such as searching and recommendation.
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Unregistered biological words recognition is the process of identification of terms that is out of vocabulary. Although many
approaches have been developed, the performance approaches are not satisfactory. As the identification process can be viewed
as a Markov process, we put forward a Q-learning with transfer learning algorithm to detect unregistered biological words from
texts. With the Q-learning, the recognizer can attain the optimal solution of identification during the interaction with the texts and
contexts. During the processing, a transfer learning approach is utilized to fully take advantage of the knowledge gained in a source
task to speed up learning in a different but related target task. A mapping, required by many transfer learning, which relates features
from the source task to the target task, is carried on automatically under the reinforcement learning framework. We examined the
performance of three approaches with GENIA corpus and JNLPBA04 data. The proposed approach improved performance in both
experiments. The precision, recall rate, and 𝐹 score results of our approach surpassed those of conventional unregistered word
recognizer as well as those of Q-learning approach without transfer learning.

1. Introduction
From the perspective of computational linguistics, unregistered words are the ones that are out of vocabulary. They
could be terms that are not documented in the vocabulary
or newly generated ones. Studies on unregistered words
are mainly focused on automatic recognition of them.
Approaches of recognizing unregistered words are divided
into rule-based approaches, statistics-based approaches, and
rule-statistics hybrid approaches. Many unregistered words
recognition systems have worked pretty well so far, attaining
high precision in identifying general unregistered words.
However, there are limited unregistered words recognition
systems for dedicated domains, such as recognizer for biology
terms.
Recognition of biological terms is the most important
step in the extraction of biological knowledge [1], with the
overall aim of identifying specific terms, such as gene, protein,
disease, and drug. Numerous technologies in computing
have already been employed. However, it is difficult to

correctly identify biological terms in texts because they often
use alphabets, digits, hyphens, and other characters [2–
6]. Arbitrarily referring to biological terms makes it even
harder to conduct automatic recognition. In biological text,
biological named entities are usually multiword phrases and
some have prefixes and/or suffixes, which makes it harder
to determine the boundaries of terms. Biological terms are
also affected by their context. In some cases, a biological
term has a different meaning among species. As a result,
it is difficult for computers to recognize biological terms
automatically. Thus, general terms recognition system does
not work well when they are implemented to detect biological
terms.
Considering the importance and the disability of current approaches to identify unregistered words, we hereby
propose a novel approach to recognize words based on
transfer learning, by which we turn the process of recognizing
the terms into a property marking process by redefining
the property of terms according to features of terms and
the corresponding context. The approach takes advantage
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of features of extracted candidate terms combined with
transfer based error-driven learning to identify terms. By the
approach, it is easier to recognize the terms with composite
structure. Moreover, since the learning of the rules and feature extraction of terms rely completely on machine learning
methods, it is possible to avoid the subjectivity of artificial
extraction effectively and it can fit the new application well if
we use a new training sample data.

2. Unregistered Words Recognition
The approaches of recognizing words are divided into rulebased approaches, statistics-based approaches, and rulestatistics hybrid approaches. At present, statistics-based
approaches rely on frequency information of words; rulebased approaches depend on the features of the context.
The rule-based approach generates rule set or pattern
base through morphological features of new coming words
and identifies unregistered words by the rules or patterns.
Statistics-based approach uses statistic policy to draw out
candidate string and then either utilizes linguistics knowledge
to exclude fake unregistered words or takes advantage of
statistical analysis models, such as SVM [7–11], 𝑡-test [12], 𝑛gram [13], HMM [14–16], CRF [17–19], neural network model
[20], maximum entropy model [21–23], and other hybrid
approaches [24], to find out the most relevant substring.
Generally, the rule-based unregistered words recognition
system can get high recognition precision through high
quality knowledge by the rules made by experts, as well
as having the advantage of a small system overhead and
fast running speed. However, the establishment of rules
depends largely on the manual efforts, causing the difficulty
of ensuring the consistency of rules. With the increasing of
the rule set scale, it is getting harder and harder to carry
on regular maintenance. What is more, when failing to find
exactly matching rule, the system will get trouble in making
an appropriate decision.
The statistics-based approaches use mathematical statistics as well as confidence of word composition to extract
different kinds of knowledge for recognizing unregistered
words. This kind of approaches is easy to be implemented.
Combining confidence of word composition allows for considering context and experience to a larger extent. The
approach turns the binary rule, true or false, to a quantification index. However, the acquisition of statistical information
depends on the training corpus which needs much manual
efforts. Moreover, computation cost is larger than that of rulebased approach and recognition precision is lower.
In practice, many applications use the combination of the
two approaches.
We can use precision rate and recall rate to evaluate the
performance of recognition evaluation. The definitions of
precision rate, recall rate, and 𝐹 scores are as follows:
Precision rate
=

the number of correctly identified unregistered words
,
the number of all identified words

Recall rate
=

the number of correctly identified unregistered words
,
the number of all unregistered words
𝐹=

2 ∗ precision rate ∗ recall rate
.
precision rate + recall rate
(1)

3. Introduction to Transfer Learning
Under the conventional frame of machine learning, the
objective of learning on the basis of given abundant training
data is to fulfill a model for prediction. However, machine
learning algorithms require great amount of training data
which would cost vast manual cost and material resources.
What is more, training data and testing data are assumed
to obey the identical data distribution in traditional machine
learning which cannot be satisfied under many circumstances. Generally training data is likely to be overdue, which
requests us to remark plenty of training data to meet our
training need, which is very expensive that plentiful manual
efforts and material resources have to be costive.
Therefore it is very important to fully take advantage of
old training data. Transfer learning, which aims at helping
learning task in the new circumstance of knowledge learned
from another circumstance, can transfer knowledge from
existing data to aid future learning. Transfer learning will not
obey the assumption of identical distribution as traditional
machine learning.
At present, the work on transfer learning can be divided
into three parts: instance-based isomorphic space transfer
learning, feature-based isomorphic space transfer learning,
and heterogeneous space transfer learning [25], among which
instance-based isomorphic space transfer learning turns out
to have stronger knowledge transfer ability, feature-based
isomorphic space transfer learning has broader knowledge
transfer ability, and heterogeneous space transfer learning has
stronger study and extension ability. Each has its own merits.
3.1. Instance-Based Isomorphic Space Transfer Learning. The
basic idea of instance-based isomorphic space transfer learning is that there should exist partial assistant training data
which is suitable to train an efficient disaggregated model
and adapt to test data despite the difference between assistant
training data and source training data.
Consequently, the aim of instance-based isomorphic
space transfer learning is to find out instances suitable for
testing data from assistant training data and transferring
those instances to the study of source training data. Some
researchers extended traditional AdaBoost [26] algorithm
and come up with Tradaboosting [27], a boosting algorithm
with transfer ability [28], to give it transfer ability to take full
advantage of assistant training data to help classify the targets
in the study of transfer learning based on instances.
Instance-based isomorphic space transfer learning works
only when source data is extremely similar to auxiliary data.
Actually, it is very difficult for instance-based isomorphic
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space transfer learning to find out transferable knowledge
when there are great differences between source data and
auxiliary data. However, source data and auxiliary data may
be mixed in features level despite the fact that they cannot
share some common knowledge in instances.
3.2. Feature-Based Isomorphic Space Transfer Learning. There
are many research works on feature-based isomorphic space
transfer learning, such as COCC algorithm [29], TPLSA
algorithm [30], spectrum algorithm [31], and self-learning
algorithm [32], which use clustering algorithm to produce a
common feature for learning algorithm.
The basic thought of feature-based isomorphic space
transfer learning is to utilize mutual clustering algorithm to
cluster source data and auxiliary data to obtain common
features which are better than features which are based on
source data only and to realize transfer learning through
source data of the new space. With the idea, feature-based
supervised transfer learning and feature-based unsupervised
transfer learning are then proposed.
The work on supervised features-based transfer learning
[33] depends on mutual clustering based interdisciplinary
classification. That is, how to use existed annotated data in
the original filed to conduct transfer learning when there are
only few sparse annotated data in the new and different field.
A unified information theoretical formalized formulation is
defined for interdisciplinary classification problem, among
which the problems based on mutual clustering turn into
optimization of destination function. In general, the objective
function is defined as the loss of mutual information among
source data, common features space, and auxiliary data.
The work on self-learning clustering algorithm [32] can
be categorized to feature-based unsupervised transfer learning. Feature-based unsupervised transfer learning fits the case
that neither of the auxiliary data of the two fields is available.
Then what we have to deal with is how to utilize plenty of
unannotated auxiliary data for transfer learning. The basic
idea of self-learning clustering is to obtain common features
through clustering on source data and auxiliary data. As new
features are based on auxiliary data, the generated features
tend to be better than those only from source data.
The two learning strategies introduced above solve transfer learning problem that is based on features of source data
and auxiliary data in identical feature space. There is also
another kind of transfer learning that is based on features
across feature spaces, solving the case that source data and
auxiliary data are in different spaces.
3.3. Heterogeneous Space Transfer Learning. Transfer learning aims at solving problems that source data and auxiliary
data exist in different spaces. Lots of easily obtained annotated data are utilized to solve the problem with few annotated
data.
Some work used the data with two views as a bridge
to connect feature spaces of the two data spaces, which
in fact acted as a translator between them. Through the
translator, the nearest neighbor algorithm [34] is combined
with translation features to translate auxiliary data into source

3
data feature space. Thus generating a uniform model for
learning.
3.4. Application of Transfer Learning in Natural Language
Processing. Instance-based method in natural language processing applications was first proposed in machine translation
which found out the example sentence that was the most
similar with input sentence from a large-scale bilingual
corpus and put the sentences in the target language and make
appropriate adjustment as the input sentence translation
result.
Recently, instance-based approaches for natural language
processing have showed some flaws despite their pretty good
behaviors. The main reason that causes them is that the
longest match principle used to solve rule conflict cannot
guarantee full applicability. The second reason is that a set of
patterns is chosen after corpus pruning, despite having some
kind of generality, and also cannot assure the correctness of
results annotated according to this pattern in all cases.
Transfer-learning approach was applied to part-ofspeech tagging with the same good performance as that
of statistics-based approaches. The advantage of transferlearning approach is its ability of making tagging decision on
a richer event set. Moreover, some research work showed that
it was easier to be understood and revised.
The advantages of transfer learning based approach can
exactly make up disadvantages of instance-based approach.
Therefore, our approach, based on the fundamental idea
of instance-based approach, makes use of transfer learning
based approach. The proposed approach obtains proper
nouns through corpus and extracts relative elements which
are defined as feature information of composition and structure of proper nouns from the basic proper nouns string.
And then transfer learning based part draws rules from basic
proper nouns string. Finally the annotation will be tagged to
the candidate proper nouns.

4. Method
Reinforcement learning provides a framework to learn
directly from the interaction and achieves goals [35, 36].
Reinforcement learning framework is abstract, flexible, and
can be applied in many different applications.
In artificial intelligence field, agent is defined as an entity
that has cognitive skills, the ability to solve the problem, and
the ability to communicate with the outside environment. By
agent, we can establish some system for controlling model. In
fact, the model based on agent is an anthropomorphic model;
as a result, we can control the behavior of people in the system
and unify other control units, providing a unified description
of the method. Agents, connected through network, act as
intelligent nodes on the network, therefore constructing a
distributed multiagent system.
In reinforcement learning framework, an agent, named as
controller, is a learner and decision-maker, interacting with
environment which is outside of agent. Controller chooses
an action; the environment responds to the action, generates
new scenes to the agent, and then returns a reward. The
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The term identification process is actually the determination process of which kind of label should be tagged to a
word, and thus can be viewed as Markov processes, denoted
by ⟨𝑋, 𝑈, 𝑅⟩, where 𝑋 represents the state of tagging, 𝑈 stands
for the action by the controller, and 𝑅 indicates the return
attained.

Controller

State

Action

Reward

Environment

Figure 1: Framework of reinforcement learning. Controller selects
an action; the environment responds to the action, generates new
scenes to the agent, and then returns a reward.

framework [35, 37, 38] of reinforcement learning is showed
as Figure 1.
Controller interacts with the environment at each step
during a discrete-time sequence (𝑘 = 0, 1, . . .). At each
time step 𝑘, agent gets the representation of environment
denoted by state 𝑥𝑘 ∈ 𝑋, where 𝑋 is the set of all possible
states; controller chooses an action 𝑢𝑘 ∈ 𝑈 according to
its policy ℎ : 𝑋 → 𝑈 using 𝑢𝑘 = ℎ(𝑥𝑘 ), where 𝑢 is all
available actions. By taking the action, agent receives a reward
𝑟𝑘+1 = 𝜌(𝑥𝑘 , 𝑢𝑘 ) 𝜌 : 𝑋 × 𝑈 → 𝑅 and gets to a new status
𝑥𝑘+1 [39]. The ultimate goal of controller is to maximize the
sum of the rewards in long term. The mapping from state
to action selection is policy of the agent policy, denoted by
𝜋𝑡 . Reinforcement learning solves how agent changes policy
through experience.
The temporal difference (TD) learning is capable of
learning directly from raw experience without determining
dynamic model of environment in advance [36, 38]. Moreover, the model learned by temporal difference is updated
by estimation which is based on part of learning rather than
final results of the learning. These two characteristics of
temporal difference make it particularly suitable for solving
the prediction problems and control problems in real-time
control applications. Given some experience with policy ℎ,
temporal difference learning updates estimated 𝑉 of 𝑉ℎ [40],
as
𝑉 (𝑥𝑘 ) ← 𝑉 (𝑥𝑘 ) + 𝛼 [𝑅𝑘 − 𝑉 (𝑥𝑡 )] ,

(2)

where 𝑅𝑘 is the actual return after time step 𝑘 and 𝛼 is a
step size parameter. Temporal difference learning updates 𝑉
in step 𝑘 + 1 using the observed reward 𝑟𝑘+1 and estimated
𝑉(𝑥𝑘+1 ).
Let 𝑄ℎ (𝑥, 𝑢) be the value of taking action 𝑢, in 𝑈 under a
policy. 𝑄ℎ (𝑥, 𝑢) [41] is defined as
∞

𝑄ℎ (𝑥, 𝑢) = 𝜌 (𝑥, 𝑢) + ∑ 𝛾𝑘 𝜌 (𝑥𝑘 , 𝑢𝑘 ) .

(3)

𝑘=1

Q-learning is an off-policy version of TD control, which
is defined by
𝑄 (𝑥𝑘 , 𝑢𝑘 ) ← 𝑄 (𝑥𝑘 , 𝑢𝑘 )
+ 𝛼 [𝑟𝑘+1 + 𝛾max 𝑄 (𝑥𝑘+1 , 𝑢) − 𝑄 (𝑥𝑘 , 𝑢𝑘 )] .
𝑢

(4)

4.1. Definition of State
Definition 1. Proper noun feature word (F) is the word that
reflects the categorization character of the unregistered word.
There are prefix feature word (PF), intermediate feature word
(IF), and suffix feature word (SF) according to the different
position of the feature word in the proper noun.
Definition 2. Conjunctive word (J) is the conjunction part of
a proper noun word to connect the words.
Definition 3. Word boundary (B) denotes the boundary word
of proper noun word and its contexts. The left word boundary
(LB) represents the previous context of the word and the right
word boundary (RB) is the following context of the word.
Definition 4. Other word (O) is the word that is not any part
of proper noun.
Definition 5. Fundamental proper noun string (FPNS) is the
string that consists of the elements as defined in Definition 1
to Definition 4.
Hereby we define seven states for a candidate term, as
listed in Table 1.
4.2. Definition of Action. In reinforcement learning framework, policy defines the learning agent behavior at a given
time. It in fact is a mapping from perceived states to available
actions. Reinforcement learning model obtains rewards by
mapping the scene to the action which affects not only the
direct rewards, but also the next scene, so that all subsequent
rewards will be influenced. Specific states and actions are very
different in various applications.
Definition 6. Positive rules are those by which features are
determined as proper nouns.
Definition 7. Negative rules are those by which features are
not determined as proper nouns.
Definition 8. Neuter rules are those by which features are not
determined as proper nouns.
We refer the feature with information valid value less than
the average valid value as low information value and the one
greater than the average as high information value.
We extract positive rules from features with low information value supplemented by extracting negative rules and
draw negative rules from features with high information
value supplemented by drawing positive rules. The advantage
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Table 1: States for a candidate term.
Value
0
1
2
3
4
5
6

State
PF
IF
SF
J
LB
RB
O

Table 2: Actions for a candidate term.

Comment
Prefix feature word
Intermediate feature word
Suffix feature word
Conjunctive word
Left word boundary
Right word boundary
Other words

of using this policy is that we can control the total number of
rules and thus spare searching space and storage space.
We define three actions that a controller can choose in a
certain state, as in Table 2.
4.3. Definitions of Reward and Return. Reward function in
reinforcement learning defines the goal of the problem. The
perceived state of the environment is mapped to a value,
reward, representing internal needs of the state. The ultimate
goal of reinforcement learning agent is to maximize the total
reward in long term.
In our work, controller makes decisions under different
combinations of the word-annotation pair, so that by the
actions we can maximal correct tagged unregistered words.
Here, we use annotation quality indicator to evaluate the
behavior. Given a feature, we use valid annotation value to
score the quality of the feature as
Quality (𝑓, 𝑡) = 𝐹 score a feature 𝑓 with tag 𝑡.

(5)

The reward of tagging is given by:
𝑟 = Quality (𝑓, 𝑡) ,
∞

𝑄ℎ (𝑥, 𝑢) = 𝑟 (𝑥, 𝑢) + ∑ 𝛾𝑘 𝑟 (𝑥𝑘 , 𝑢𝑘 ) .

(6)

𝑘=1

4.4. Transfers Learning. Transfer learning involves reusing
knowledge learned from earlier tasks to learn new problems
more effectively. The task learned previously is called the
source task and the new task is called the target task. Figure 2
shows how the action-value 𝑄-value reuses the empirical
works of the source corpus.
We use 𝑄-value reuse for the transfer, where the actionvalue function, 𝑄-source, learned from the corpus is used
as a starting point for the new problem, and a new actionvalue function, 𝑄-target, is learned to correct errors in the
source action-value function. However, the source state and
action spaces may not coincide with the target state and
action spaces. Therefore, the controller must be given a
mapping between the source and target tasks. Therefore, the
controller’s new 𝑄 function is given by
𝑄 (𝑥, 𝑢) = 𝑄source (𝑓𝑥 (𝑥) , 𝑓𝑢 (𝑢)) + 𝑄target (𝑥, 𝑢) .

(7)

The goal of transfer learning algorithms is to utilize
knowledge gained in a source task to speed up learning.

Value
0
1
2

Action
Positive rule decision
Negative rule decision
Neuter rule decision

Algorithm 1 generates a transfer function for reinforcement
learning.
4.5. Unregistered Words Identification by Q-Learning with
Transfer Learning. The processing flow unregistered words
by Q-learning with transfer learning is showed as follows.
Step 1 (Tagging initially). Use an initial tagger machine to
annotate the training corpus.
Step 2 (Generating a set of candidate rules). For each incorrect term, the rule template will be used to generate candidate
rules. The state of the rule condition is the context of the word
and the action is to amend the incorrect tags.
Step 3 (Attaining rules). Apply each rule in candidate rule set
to annotated corpus so as to get a tagging result, and compare
the result with the standard answer, and then get the rule with
the high evaluation score. Use the result returned by the rule
as the basis of next iteration, and assign the rule with the
highest priority.
Step 4. Repeat the above steps until the evaluation score is
less than a predefine threshold.
An ordered rule set will be generated through the above
automatic learning process. By the approach, we can use more
syntactic and semantic rule in a wider range. Particularly,
the tagging can be built on the basis of word and its
corresponding context. The transfer-based tagging requires
much less computation than most of Markov-based model.
What attracts us the most is that the transfer-based approach
is free from over training which is suffered by most hidden
Markov models.

5. Experiment and Results
5.1. Materials. There are numerous benchmark corpuses for
biological terms identification, such as the GENIA [42] data
set and JNLPBA04 shared task data set [43]. The GENIA
corpus contains 2,000 MEDLINE abstracts with more than
400,000 words and almost 100,000 annotations of biological
terms [42]. JNLPBA04 [43] has several shared tasks for natural language processing in biomedicine and its application.
Both data sets are often used as benchmark data sets for
evaluation.
We carry on two rounds of testing. In the first round of
testing, we randomly selected terms from GENIA corpus and
divided them into two parts, one part for training and the
other for testing. In the experiment, we identify four kinds of
unregistered biological terms: DNA, RNA, cell line, protein,
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Inter task mapping
Action, state
Source task
Q -value

Source task
Q -value

Transfer function,
mapping

Controller

Controller
State

Reward

Target task
Q -value

Action

State

Reward

Action

Environment

Environment

Source task

Target task

Figure 2: Framework of reinforcement learning with transfer learning. The 𝑄-value from the source tasks is also involved in the target tasks
through transfer function.

Output: transfer function for reinforcement learning problems
̂0
(1) initialize the 𝑄-function 𝑄
(2) initialize the transfer function 𝑓̂0
(3) 𝑖 ← 0
(4) for each episode
(5) 𝐸𝑄 ← ⌀
(6) 𝐸𝑓 ← ⌀
(7) get a starting state x0
(8) 𝑘 ← 0
(9) repeat
ℎ𝑥 (arg max 𝑄 (𝑥𝑘 , 𝑢𝑘 )) with probability 𝜀
(10) 𝑢𝑘 ←
taking action arbitrarily with probability 1 − 𝜀
(11) take action 𝑢𝑘 , observe 𝑟𝑘 and 𝑥𝑘+1
(12) 𝑘 ← 𝑘 + 1
(13) end
(14) get value of Q by (5)
(15) generate example 𝑒 = (𝑥𝑘 , 𝑢𝑘 , 𝑄𝑘 )
(16) 𝐸𝑄 ← 𝐸𝑄 + {𝑒}
(17) if u is a transfer action then
(18) generate 𝑥𝑓 = (𝑡𝑘 , 𝑥𝑘 , "𝑡𝑟𝑎𝑛𝑠𝑓𝑒𝑟")
(19) else
(20) generate 𝑥𝑓 = (𝑡𝑘 , 𝑥𝑘 , "𝑛𝑜 𝑡𝑟𝑎𝑛𝑠𝑓𝑒𝑟")
(21) 𝐸𝑓 ← 𝐸𝑓 + {𝑥𝑓 }
(22) end if
̂𝑖+1 ← update 𝑄
̂𝑖 with 𝐸𝑄
(23) 𝑄
̂
̂
(24) 𝑓𝑖+1 ← update 𝑓𝑖 with 𝐸𝑓
(25) 𝑖 ← 𝑖 + 1
(26) end for
(27) return transfer function
Algorithm 1: Transfer function learning.

and cell type. And we use precision, recall rate, and 𝐹 score to
evaluate the results. The results are showed as Figure 3.
In the second round of testing, we randomly selected
terms from JNLPBA04 and divided them into two parts, one
part for training and the other for testing. The results are
showed as Figure 4.

We can see from both results that the Q-learning based
recognizer is generally better than the general unregistered
word recognizer, but not for all cases. This is because that Qlearning tries the policy that can get the best identification
effort to the controller’s knowledge. However, it does not
always work as the controller may fall to a local optimal

The Scientific World Journal

7

Input: action table from Table 1, state table from Table 2
Output: identification policy
(1) initialize 𝑄 (𝑥, 𝑢) arbitrarily
(2) repeat
(3) for each episode
(4) initialize x arbitrarily from Table 1
(5) initialize u arbitrarily from Table 2
with transfer learning version
(6) select u from 𝑥 using 𝜀-greedy policy with maximal identification precision by (7)
without transfer learning version
(7) select u from 𝑥 using 𝜀-greedy policy with maximal identification precision by (4)
(8) take action u, and observe r, 𝑥
(9) 𝑄 (𝑥𝑘 , 𝑢𝑘 ) ← 𝑄 (𝑥𝑘 , 𝑢𝑘 ) + 𝛼 [𝑟𝑘+1 + 𝛾max𝑢 𝑄 (𝑥𝑘+1 , 𝑢) − 𝑄 (𝑥𝑘 , 𝑢𝑘 )]
(10) x ← 𝑥
(11) end for
(12) until terminated
(13) return identification policy

General method

Q-learning with transfer learning

Q-learning

Figure 3: Precision, recall rate, and 𝐹 score results of identifying
four kinds of unregistered words: DNA, RNA, cell line, protein, and
cell type from GENIA.

solution. When we add knowledge by transfer learning, the
recognizer gains a remarkable improvement in the three
evaluation factors. Hereby we can say that Q-learning with
knowledge transfer learning approach is the best of the three.

6. Conclusion
Huge numbers of biological texts provide us with a highly
reliable information source for biological research. How to
mine information and find new knowledge efficiently and
effectively are a very important new issue to researchers.
Recognizing unregistered biological words from texts is
essential to biological text mining.
In this work, we propose unregistered biological words.
This approach used Q-learning algorithm so as to attain
optimal solution to choose the tag for the terms and took

DNA
General method

RNA

Cell line

Protein

F

Recall

Precision

F

Recall

Precision

F

Recall

Precision

F

Recall

F

F

Cell type

Precision

Protein

Recall

F

Precision

Recall

F

Precision

Recall

Precision
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Recall

RNA
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0
Precision

DNA

F

Recall

Precision

F

Recall
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90
80
70
60
50
40
30
20
10
0

Precision

Algorithm 2: Unregistered biological terms identification by Q-learning with transfer learning.

Cell type

Q-learning with transfer learning

Q-learning

Figure 4: Precision, recall rate, and 𝐹 score results of identifying
four kinds of unregistered words: DNA, RNA, cell line, protein, and
cell type from JNLPBA04.

advantage of transfer learning to fully take advantage of
existing knowledge (Algorithm 2).
We carried on two rounds of testing on three approaches.
In the first round testing, three recognizers identified unregistered words from GENIA corpus, and in the second round of
testing, they identified unregistered words from JNLPBA04
corpus. Both of the testing results showed that the approach
by Q-learning algorithm with transfer learning, was the
best of the three. It really improved the performance of
unregistered biological words identification.
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Genetic algorithm (GA) is designed to search the optimal solution via weeding out the worse gene strings based on a fitness function.
GA had demonstrated effectiveness in solving the problems of unsupervised image classification, one of the optimization problems
in a large domain. Many indices or hybrid algorithms as a fitness function in a GA classifier are built to improve the classification
accuracy. This paper proposes a new index, DBFCMI, by integrating two common indices, DBI and FCMI, in a GA classifier to
improve the accuracy and robustness of classification. For the purpose of testing and verifying DBFCMI, well-known indices such
as DBI, FCMI, and PASI are employed as well for comparison. A SPOT-5 satellite image in a partial watershed of Shihmen reservoir
is adopted as the examined material for landuse classification. As a result, DBFCMI acquires higher overall accuracy and robustness
than the rest indices in unsupervised classification.

1. Introduction
Novel techniques of image classification, including supervised and unsupervised classifications, have been developed
and widely applied to the problems of pattern recognition.
Supervised classification requires prior knowledge for the
training of the classification model. Taking satellite image
classification, for example, the prior knowledge, means the
average and standard deviation of spectrum of each landuse.
Such a prior knowledge has been taken as criteria and then
the examined image is classified to the distinct object of
interest referring to the criteria [1–5].
On the contrast, unsupervised classification can be implemented automatically by analyst-defined clustering criteria
as the basis for classification rather than the training data
set collected beforehand. Unsupervised classification groups
a set of test data in such a way that the data within a
class (cluster) are more similar in some identities to one
another than in other groups. Unsupervised classification
starts with a specific number of classes either arbitrarily
in accordance with the research objectives or based on the
analyst’s expertise and then interprets all pixels within a data

set into a correspondent class pixel by pixel. In accordance
with such a merit, unsupervised classification is more suitable
for the interpretation of environment with fragmentary land
cover for areas or the image detection without prior statistics
of the training data from the study field [6]. However,
due to lacking of the ground truth, the accuracy of unsupervised classification is inferior to supervised classification [7]. Therefore, the accuracy improvement of unsupervised classification remains a critical issue needing a great
effort.
Inspired by the nature evolution process, GA has been
extensively and successfully applied to many practical problems, such as urban landscape change analysis [8], urban
sprawl detection [9], multicomponent image segmentation
[10], and image edge detection [11]. Therefore, how to apply
GA to get better results has become a remarkable and
practical topic during the past decade. GA can efficiently
improve the results analyzed based upon heuristic methods
away from the local solutions and then get the optimal
results especially in image analysis and interpretation and
artificial intelligence [12–14]. With this superiority, many GA
researches were undertaken and developed.

2
Bandyopadhyay and Maulik [15] integrated DaviesBouldin index, Dunn’s index, Fuzzy C-means index, and Cindex into GA as fitness functions for clustering analysis.
Bandyopadhyay and Maulik [16] also integrated K-means
into clustering GA for unsupervised clustering to improve
the defect of K-means needing the initial cluster numbers a
prior and getting better results. Yang and Wu [17] established
partition separation index and verified its superiority by comparing it with other five noted clustering indices: partition
coefficient index, partition entropy index, Fukuyama and
Sugeno validity function, Xie and Beni validity function, and
Davies and Bouldin validity function.
Accordingly, GA operations can start the evaluation by
individuals (so-called GA strings or chromosomes) of population (initial generation) being substituted over a specified
number of generations which are consisted of the strings
from one initial individual that swapped some segments
between two strings (so-called crossover), so as to find the
optimal fitness piece by piece [18]. Particularly, instead of
searching the optimal solution from a few assigned points
within the searching space of the training data, GAs can
initialize a group of the solution sets selected randomly and
automatically from the solution space [18]. This research
developed a new index by including the merits of DBI and
FCMI, so-called DBFCMI, to promote the accuracy of GAs.
Normally, DBI considers both the distribution of inner cluster
and between clusters with membership usually defined as
classical crisp logic. However, while the interaction of pixels
within an image is considered, the crisp membership function
of classical logic seems unsuitable for the relationship of these
pixels. Instead, FCMI based on fuzzy C-means (FCM) that is
extended from a method known as hard C-means is adopted
in a crisp classifying application, developed by Bezdek [19],
and is an extremely powerful classification method for fuzzy
data. However, FCMI considers only the dispersion of inner
cluster without the dispersion between clusters; therefore, the
clustering efficiency could cause the beneath clustering or the
excessive clustering.
In this research, the new index was verified for its feasibility and stability via various initial sets (i.e., different lengths
of chromosome and numbers of populations), selection ways,
and crossover ways.

The Scientific World Journal
solutions could be evaluated generation by generation until
the optimal solution is derived.

2. Methodology

2.1.1. GA Operating Steps. A genetic string is the foundation
for establishing a genetic algorithm and could describe a
possible solution to a problem. It is made of units what can
represent the characters of the problem. An individual is a
bit string of arbitrary units. Basically, the meaningful string
length must consist of at least two and upper genes [6, 17]. In
this research, the string length is set in 8 and encoded with
the integer number because of the radiometric resolution
of SPOT-5 image and then each unit of the gene string is
comprised of 4 units because of the 4 bands of the image. The
member of a generation, so-called population, also influences
clustering accuracy. Besides, referring to Coley [20], Liu et
al. [21], and Sivanandam and Deepa [22], the member of a
generation, so-called population, 30 through 90, is adopted
in this research.
Once the initial generation is randomly selected from
the universal set, some strings, even number usually, with
superior fitness are partially selected into the crossover
pool. Afterwards, new members of population based on the
operations of crossover and mutation were generated for the
next generation [22, 23]. Roulette wheel selection and rank
selection are the two common selection techniques that were
adopted in this research.
Two typical parameters, including crossover probability
(𝑃𝑐 ) and crossover way, must be determined. The crossover
probabilities of 0.4 through 0.9 are usually suggested [20], so
𝑃𝑐 of 0.8 was adopted in this research. Besides, the most common popular crossover ways, such as single-point crossover,
multipoint crossover, and uniform crossover, were adopted.
In addition, three other crossover forms, including threeparent crossover, ordered crossover, and shuffle crossover,
were also tested.
The purpose of mutation is to prevent GA from being
trapped into local optimal solutions. A low mutation probability, typically between 0.001 and 0.01, is given because a high
mutation probability would change GA to random search.
Sivanandam and Deepa [22] proposed that an appropriate
mutation probability should be determined according to the
reciprocal of string length. That is, supposing the length of the
genetic string consists of 8 genes, the mutation probability is
given as 1/8. Flipping mutation has been widely applied to the
enlarging solution spaces [22] so to be employed in this paper.

2.1. GA Operator. GA, based on mimicking the natural strategies of evolution, can preserve the fittest which is one of the
useful optimization techniques. A genetic string, so-called an
individual, is encoded of a particular solution to a problem.
And the solution must be able to express characteristics of
the sample space. Before an operation of GA, a number
of individuals are produced for the population of initial
generation. Each genetic string is usually encoded by the
types of binary, integer, or real number. After the operations
of crossover and mutation, the possible solutions within
the solution space are obtained and calculated their fitness
according to a fitness function. Repeating the operations of
evolution and preserving the fittest by selection, the possible

2.1.2. Fitness Function. In each generation, the priority of the
genetic strings is ranked according to the fitness values calculated based on a fitness function. Through either maximizing
or minimizing the fitness values generation by generation, the
genetic string with the global optimum could be found to be
the terminal clustering result.
Currently, many indices, such as K-means index (KMI),
separation index (SI), partition separation index (PASI),
Davies-Bouldin index (DBI), and fuzzy C-means index
(FCMI), have been presented to be the fitness functions of
GA. Among the previous indices, DBI considers the inner
differences within a cluster as well as the differences among
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Figure 1: The dissimilarity between classic set and fuzzy set.

the clusters so that the better clustering results could be
acquired. However, rather than considering the influence
between the other clusters, the specified pixel DBI considers
only the influence between the specified pixel and the cluster
it belonged to. FCM basically integrated fuzzy membership
function with C-means clustering and then further integrating into GA as a fitness function, so-called FCMI, can be a
complementary to DBI. Therefore, in this paper, DBFCMI,
integrated FCMI with DBI, is built to attempt to obtain the
better clustering accuracy.
Dunn [24] developed the fuzzy C-means (FCM) which
had been successfully improved and applied to the clustering
analysis by Bezdek [19]. The membership function of the
fuzzy C-means is used to scale the weights of a data to
the clustering centers into a continuous interval [0, 1] rather
than the classical set with the crisp binary units 0 and 1
(see Figure 1). In Figure 1, the 𝐶 values express the clustering
centers and the 𝑥 = {𝑥1 , 𝑥2 , 𝑥3 , . . . , 𝑥𝑛 } denotes an analyzed
image. The subscript n means the number of the pixels of an
image.
Unlike DBI, FCMI considers the influence between each
pixel and all cluster centers. That is, the distance between a
pixel and the pixels in the same cluster will be considerably
less than the distance between a pixel and the pixels in
different clusters. Of course the reciprocal influence of the
former one is considered larger than the latter one. Also
the membership grade is considered based on the same
distance measurement. The objective function of FCMI is
shown as (1), and the optimal cluster centers can be found
by minimizing (1). The center of the 𝑗th cluster is determined
by (2). Equation (3) is the membership function of 𝑥𝑖 being
assigned to the 𝑗th cluster. As for DBI, it can be obtained by
the derivation of (5) [3, 15, 19]. The optimal cluster centers
could be derived by maximizing DBI.
In order to demonstrate the performance of DBFCMI,
this research referred to the literature of Yang and Wu [17]
to apply several indices on a certain man-made data which
display the different shapes of distribution. The experimental

result indicates that the three indices, including DaviesBouldin index (DBI), partition separation index (PASI), and
fuzzy C-means index (FCMI), have the better performances.
Therefore, this research introduced the above three indices
and DBFCMI into GA for the unsupervised clustering analysis.
DBFCMI is mainly based on DBI. Furthermore, it evaluates distance between a pixel and the cluster centers based on
fuzzy membership rather than the distance between the pixel
and the cluster center which the pixel belonged to (see (7)).
The membership function was evaluated via (8).
(a) Fuzzy C-means index (FCMI)
𝑐 𝑛

2
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Table 1: Spectral centers of landuse.
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2.1.3. Termination Criteria. There are two termination criteria for the GA operation, including the convergence of
optimal solution searching or the specified number of generations that have evolved. Even though the latter termination
criterion is adopted by most researchers [3, 10, 12, 21], it
is too time-consuming for mega data, such as GA image
classification. In this research, therefore, the convergence of
optimal solution searching is set as the termination criterion
for the GA operation.
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)

,

2.2. Introduction of Study Site and SPOT-5. The study site is a
hillside within the watershed of Shihmen reservoir located in
Northern Taiwan (see Figure 2). The reservoir supplies water
to 28 districts of Northern Taiwan, including 3.4 million
people. The Shihmen reservoir serves a number of purposes,
including irrigation, hydroelectric power, water supply, flood
prevention, and sightseeing. Thus, the watershed and water
monitoring of Shihmen reservoir become a very important
job [25]. The economic activity of humanity in the watershed
of Shihmen reservoir is an important factor that could
influence the water quality. The landuse classification using
remote sensing data can offer the administrator an efficient
and real-time monitoring of the natural change and agricultural activities [26–28]. Landuse classification can offer the
administrator an efficient and real-time monitoring for the
economic activities of humanity. A SPOT-5 satellite image,
which was photographed on August 19, 2006, was acquired
as the experimental material. SPOT-5 satellite image has a
panchromatic mode (0.48 m–0.71 m) with a spatial resolution
of 5 m and a multispectral mode (0.50 m–0.59 m in green,
0.61 m–0.68 m in red, 0.78 m–0.89 m in near IR, and 1.58 m–
1.75 m in short wave IR) with a spatial resolution of 10 m.
The size of the subset satellite image is 181 × 171 pixels (a
total of 30,951 pixels). The ground truth data was produced
from an aerial photography taken on August 14, 2006. The
landuse patterns include vegetation, water, forest, bare land,
and structure, whose spectral centers and standard deviations
are listed in Tables 1 and 2.
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Figure 2: (a) Location of the Shihmen reservoir; (b) location of the study site; (c) the subset satellite image of the study site; (d) subset aerial
photograph with the same studied range; (e) distributions of ground truth.

Table 2: Standard deviations of the spectrum.
Band
Standard deviation
Overall
Threshold
(2𝜎)
B1 B2 B3 B4 standard deviation
Vegetation 27.2 22.1 7.2 4.0
27.2
22.1
Water
13.5 12.8 11.5 6.6
13.5
12.8
Forest
13.4 11.2 7.4 4.2
13.4
11.2
Bare land 17.7 14.4 12.4 5.5
17.7
14.4
Structure 27.3 16.6 32.3 22.1
27.3
16.6

other categories determined here by GA are all defined as the
6th landuse, so-called others.

Landuse

Most indices whenever are integrated into GA might
probably cause the excessive classifying. Therefore, expect the
5 categories of landuse in accordance with the surface; the

3. The Results
3.1. The Results Varying with Populations. We implemented
different GA operations settings in order to verify the
stable optimum of DBFCMI. In this research, the different
populations consisting of 30, 60, 75, and 90 string numbers
coupled with the given GA parameters, including maximal
string length of 8 genes [29], roulette wheel selection, twopoint crossover [24, 30], crossover probability of 0.8, and
mutation probability of 0.003 [24, 31], were tested. Tables 3
and 4 show the overall accuracy and K-HAT values derived
from the stability analysis varying with the different fitness
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Table 3: Overall accuracy of each index varying with populations.

Population
DBI
30
60
75
90
Standard
deviation

71.6
74.7
70.3
73.8
2.0

Index
Overall accuracy (%)
FCMI
PASI
DBFCMI
73.2
69.3
73.7
65.7
3.7

64.9
68.6
70.8
70.7
2.8

75.5
72.9
72.1
73.9
1.4

Table 5: Overall accuracy of each index varying with selection ways.

Selection way
Average
71.3
71.4
71.7
71.0
—

∗
String length: 8, selection way: roulette wheel selection, crossover rate: 0.8,
crossover way: two-point crossover, and mutation rate: 0.003.

DBI
Roulette wheel
selection
Rank selection
Standard
deviation

Index
Overall accuracy (%)
FCMI PASI DBFCMI

71.6

73.2

64.9

75.5

71.3

68.3

47.7

69.1

75.1

65.0

2.3

18.0

3.0

0.3

—

∗

String length: 8, population: 30, crossover rate: 0.8, crossover way: twopoint crossover, and mutation rate: 0.003.

Table 6: K-HAT of each index varying with selection ways.

Table 4: K-HAT of each index varying with populations.

Population
30
60
75
90
Standard
deviation

Index
K-HAT
PASI
DBFCMI

Selection way

DBI

FCMI

Average

0.36
0.35
0.37
0.32

0.34
0.24
0.31
0.21

0.24
0.07
0.29
0.16

0.48
0.33
0.39
0.36

0.34
0.25
0.34
0.26

0.02

0.06

0.10

0.04

—

∗
String length: 8, selection way: roulette wheel selection, crossover rate: 0.8,
crossover way: two-point crossover, and mutation rate: 0.003.

indices. In the tables, DBFCMI can mostly lead to the better
overall accuracy and K-HAT than the other indices, while the
population is 60. In Tables 5 and 6, the best overall accuracy
of 75.5% and the best K-HAT of 0.48 were derived, while the
population is assigned to 30 based on DBFCMI.
The image classification results corresponding to overall
accuracy and K-HAT values in Tables 3 and 4 are shown
in Figure 3. Figure 3 shows that there were only 3 classes
detected based on the best overall accuracy and K-HAT of
75.4% and 0.48%. It is remarkable that DBI mostly can get
the number of classifications as many as the ground truth.
However, the pixels would mostly be assigned in incorrect
classes especially in vegetation. Unlike DBFCMI, although
the numbers of classifications are mostly under the number
of real landuses, nevertheless, the distribution of each landuse
is more corresponding to the ground truth. In Figure 3, it
is remarkable that DBFCMI can distinguish structure from
the other landuses more accurately and the distribution of
structure is more corresponding to ground truth than the
other associated models.
3.2. The Results Varying with Selection Ways. Optimal solution by elite selection in GA operations includes many ways.
Two of them are adopted widely, that is, roulette wheel
selection and rank selection. Thus, the two selection ways
applied to the four indices were evaluated based on overall
accuracy and K-HAT as well. The testing results presented in
Tables 5 and 6 demonstrate that the DBFCMI can get higher

Average

Roulette wheel
Selection
Rank selection
Standard
deviation

Index
K-HAT
PASI DBFCMI

DBI

FCMI

Average

0.36

0.34

0.24

0.48

0.34

0.19

0.06

0.10

0.39

0.19

0.12

0.20

0.10

0.02

—

∗
String length: 8, population: 30, crossover rate: 0.8, crossover way: twopoint crossover, mutation rate: 0.003.

values in both selection ways and roulette wheel selection
outperforms rank selection for most indices except PASI.
Figure 4 shows the classified results varying with selection ways related to different indices. Comparing the same
six classes between DBI (see Figure 3; population size is equal
to 60) and DBFCMI, DBFCMI can distinguish more pixels of
bare land than DBI properly and thus can get higher values of
both overall accuracy and K-HAT. The results are used once
again to verify the accuracy and stability of DBFCMI.
3.3. The Results Varying with Crossover Ways. In the way of
crossover approaches, including single-point crossover (P1),
two-point crossover (P2), multipoint crossover (P3), threeparent crossover (P4), ordered crossover (P5), and shuffle
crossover (P6), related to the different indices, they were also
tested in this research (see Tables 7 and 8) for the accuracy
and stability analysis. Obviously, the better overall accuracy
and K-HAT values could be derived from DBFCMI than the
other indices as well as the advanced GA operations.
Figure 5 is the classified images related to Tables 7 and
8. Among these results from the indices varying with the
different crossover ways, DBFCMI still can get the higher
values of overall accuracy and K-HAT in substance except a
K-HAT value of FCMI with the multipoint crossover way (see
Table 8). Also, DBFCMI presents its power of distinguishing
structure from the other landuses again although the classes
are mostly beneath the number of ground truth. Besides,
according to Figures 5 and 6, it is presented that while DBI
is integrated with the single-point crossover way (P1) and
two-point crossover way (P2), the results will have the higher
potential in excessive classifying than the other indices.
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Figure 5: The best result interpreted by the different indices varying with crossover ways.

4. Results Analysis
Figure 6 shows the spectral centrals of the optimal solutions
based on the four indices varying with different GA operations versus ground truth. In the figure, the difference of
spectral centers between the optimal solutions and ground
truth can be observed evidently. Among the five landuses,
bare land cannot be determined by all of the four indices
with their optimal models. Even though bare land can be
distinguished from the other landuses with some of the GA
operations, the distribution of it principally disagrees with

ground truth. On the contrary, among the optimal solutions,
the centers of forest can be determined much closer to
the ground truth in both classified centers and distribution
than the other landuses due to its wide spectrum variation,
and then vegetation, structure, and water are in sequence.
DBFCMI can only determine three kinds of landuse (i.e.,
forest, water, and structure), however the spectral centers of
the three landuses classified by DBFCMI seem to be closer
to the ground truth than the other indices especially in forest
and water. Among the GA classifications with four indices,
FCMI results in the greatest difference between the classified
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Table 7: Overall accuracy value of each model varying with
crossover ways.
Crossover
way
DBI
P1
P2
P3
P4
P5
P6
Standard
deviation

Index
Overall accuracy (%)
FCMI
PASI
DBFCMI

Table 8: K-HAT value of each model varying with crossover ways.
Crossover
way

Average

74.3
71.6
70.8
68.8
70.5
68.7

71.6
73.2
72.5
74.5
70.2
64.2

72.9
64.9
71.5
68.9
70.9
56.0

74.6
75.5
72.5
74.7
75.0
75.0

73.3
71.3
71.8
71.7
71.6
73.3

1.2

3.0

1.4

0.2

—

P1
P2
P3
P4
P5
P6
Standard
deviation

Index
K-HAT
PASI
DBFCMI

DBI

FCMI

0.32
0.36
0.26
0.29
0.35
0.23

0.31
0.34
0.33
0.35
0.25
0.20

0.33
0.24
0.30
0.34
0.26
0.10

0.36
0.48
0.32
0.36
0.37
0.39

Average
0.33
0.34
0.30
0.34
0.31
0.23

0.05

0.06

0.09

0.03

—

∗

∗
String length: 8, population: 30, selection way: roulette wheel selection,
crossover rate: 0.8, and mutation rate: 0.003.

centers and ground truth especially in forest for all bands.
It can be observed in Figure 6 that DBFCMI presents its
superiority of conformation in the distribution. On the other
hand, the results of DBI and PASI can get the optimal solution
inferior to DBFCMI; nevertheless, comparing to FCMI, their
classified centers are not only closer to ground truth but also
with a curve as smooth as the ground truth is.
According to the foregoing analysis, it is worth to notice
that rather than classifying the number of landuses accurately

but inconformity with the distribution, the ability of distribution determination possesses the crucial influence upon the
optimal solution.
Figures 7 and 8 are the curve comparison of overall
accuracy and K-HAT based on four indices varying with the
different GA operations, respectively. It can be observed the
higher values and stability of overall accuracy and K-HAT are
presented, while DBFCMI is adopted and then DBI, FCMI,
and PASI are in sequence. FCMI and PASI are based on the
fuzzy theory and the curves of their accuracy related to the

String length: 8, population: 30, selection way: roulette wheel selection,
crossover rate: 0.8, and mutation rate: 0.003.
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Figure 8: Curve comparison of K-HAT based on four indices varying with different GA operation.

different GA operations vibrate violently rather than a curve
as smooth as DBFCMI and DBI. It is remarkable that the
overall accuracy and K-HAT of PASI are inferior to the other
indices mostly in our test.
Figure 9 is the standard deviation of overall accuracy and
K-HAT. It presents the comparison curves of four indices
varying with the different GA operations. In the figure,
the smallest difference between the different GA operations
is presented still at the index of DBFCMI in both overall
accuracy and K-HAT. And then DBI, PASI, and FCMI are in

sequence. Although four indices are varying with the different
selections, FCMI has the largest difference between the four
indices varying with the other GA operations. This means
that the unstable analyzed results are presented at FCMI more
possible than the other indices.

5. Conclusion
This paper presented a novel fitness index, DBFCMI, in GA
process for the unsupervised classification of SPOT-5 satellite
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Figure 9: Standard deviation comparisons of overall accuracy and K-HAT between the four indices varying with different GA operations.

image. For comparison, three indices, including DaviesBouldin index (DBI), fuzzy C-means index (FCMI), and
partition separation index (PASI), were also adopted in GA
classification. The conclusion is drawn as follows.
(i) Spectra of bare land and vegetation are as similar as
forest in the tested image, so that it is difficult to
discriminate the three landuses from each other with
GA classifier. Therefore, in most conditions the best
associated model of GA can only distinguish bare land
and vegetation into forest.
(ii) Overall accuracy and K-HAT are stronger related to
distribution of classified landuse than the number of
classifications. Besides, except distribution, another
critical influence is depending upon the area of
landuse especially the landuse with a large area.
The best overall accuracy of 75.5% and the best KHAT of 0.48 were acquired by DBFCMI, with merely
three landuses, including forest, water, and structure. However, except the distribution of water and
structure which can be determined more identical
than the other indices, the largest region of forest
can be determined appropriately by DBFCMI as well.
Therefore, the influence is not so critical even though
the spectra of bare land and vegetation are too similar
to forest to be distinguished.
(iii) Comparing with the three indices including DBI,
FCMI, and PASI, FCMI and PASI are both based
on fuzzy theory so that all the other cluster centers
will be considered to influence each independent
pixel more or less according to the distance between
the pixel and the centers. On the contrary, DBI
index based on the classic set theory identifies each
pixel in the training data into only one cluster that
reduces computation time but results in moderate
accuracy. Basically, the physical phenomenon of the
spectrum reflection resulted from the neighborhood
objects is inevitable. However, sometimes the ideal
performances of image classification are obtained by
GA coupled with DBI rather than FCMI or PASI.
DBFCMI has possessed both advantages of DBI and
fuzzy theory and all the examination of this research

had been demonstrated that it is effective in the
unsupervised image classification. As a result, the best
overall accuracy of DBFCMI, DBI, FCMI, and PASI is
75.5%, 75.0%, 74.9%, and 74.2% separately. DBFCMI
presents 0.75% increment in the average of the other
indices. Overall accuracy is promoted about 1.01%
in average. On the other hand, the best K-HAT of
DBFCMI, DBI, FCMI, and PASI is 0.48, 0.37, 0.39,
and 0.39 separately. DBFCMI presents 0.1 increments
in the average of the other indices. Accordingly,
DBFCMI can almost promote K-HAT value to 26.13%
in average.

Abbreviations
𝑥𝑛 :
𝑛:
𝐾:
𝑘𝑛 :

Pixel 𝑛 with grey values 𝑥
Total number of pixels
Total number of clusters
The membership value of 𝑛th pixel (if the pixel
𝑛 belongs to 𝑘, 𝑘𝑛 = 1; otherwise, 𝑘𝑛 = 1)
V𝑘 : The centroid of 𝑘th cluster
𝑀𝑘 : The number of pixels belonging to the 𝑘th
cluster
𝑆𝑘 : Standard deviation of the pixels in the 𝑘th
cluster
𝑑𝑘𝑗,𝑡 : Minkowski distance of order 𝑡 between the 𝑘th
and 𝑗th centroids. (here, number 2 is chosen for
𝑡)
𝑖:
The 𝑖th chromosome
𝑚: Total chromosomes of each generation
𝜇𝑗𝑖 : Membership function of pixel 𝑥𝑖 belonging to
the 𝑗th cluster
𝑐𝑗 : Total pixels of 𝑗th cluster
V:
The mean of all of the cluster centers.
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Cloud computing is a new generation of technology which is designed to provide the commercial necessities, solve the IT
management issues, and run the appropriate applications. Another entry on the list of cloud functions which has been handled
internally is Identity Access Management (IAM). Companies encounter IAM as security challenges while adopting more
technologies became apparent. Trust Multi-tenancy and trusted computing based on a Trusted Platform Module (TPM) are great
technologies for solving the trust and security concerns in the cloud identity environment. Single sign-on (SSO) and OpenID have
been released to solve security and privacy problems for cloud identity. This paper proposes the use of trusted computing, Federated
Identity Management, and OpenID Web SSO to solve identity theft in the cloud. Besides, this proposed model has been simulated in
.Net environment. Security analyzing, simulation, and BLP confidential model are three ways to evaluate and analyze our proposed
model.

1. Introduction
The new definition of cloud computing has been born
by Amazon’s EC2 in 2006 in the territory of information
technology. Cloud computing has been revealed because
of commercial necessities and makes a suitable application.
According to NIST definition, “cloud computing is a model
for enabling ubiquitous, convenient, on-demand network
access to a shared pool of configurable computing resources.”
Resource pooling, on-demand self-service, rapid elasticity,
measured serviced, and broad network access are five vital
features of cloud computing. Cloud has various attributes.
It can be executed; supplies materials; can be organized and
is in infrastructure based. These qualities provide rapid and
unrestricted automatic access [1].
“The push for growth in 2011 is leading to changes in emphasis,” said M. Chiu. Also he said that IT is now recognized
by business transformation, or better said that digitalization is accelerating. Cloud computing and IT management
according to statistics are of top ten business and technology priorities of Asian CIOs strongly. Cloud computing,
IT management, mobile technology, virtualization, business

intelligence, infrastructure, business process management,
data management, enterprise application, collaboration technologies, and network data communication are the top
ten technology priorities. Cloud will move to become the
most popular business worldwide. It shows that business
and technology have been dominated by cloud computing.
Therefore, thousands of new business are released every day
about cloud computing technology [2].

1.1. Security and Cloud Computing. While cost and ease
are two top benefits of cloud, trust and security are two
concerns of cloud computing users. Cloud computing has
claimed insurance for sensitive data such as accounting,
government, and healthcare and brought opportuneness for
end users. Virtualization, multitenancy, elasticity, and data
owners which traditional security techniques cannot solve
security problems for them are some new issues in the cloud
computing. Trust is one of the most important issues in cloud
computing security; indeed, two trust questions are in cloud
computing. The first question is do cloud users trust cloud
computing? And second question is how to make a trusted

2
base environment for cloud users? However, when it comes
to transfer their businesses to cloud, people tend to worry
about the privacy and security. Is CSP trustworthy? Will the
concentrated resources in the cloud be more attractive to
hackers? Will the customers be locked in to a particular CSP?
All these concerns constitute the main based obstacle to cloud
computing. Based on these questions and also to address
these concerns when considering moving critical application,
cloud must deliver a sufficient and powerful security level
for the cloud user in terms of new security issues in cloud
computing [3].
Abbadi and Martin illustrated that trust is not a novel
concept but users need to understand the subjects associated
with cloud computing. Technology and business perspective
are two sides of trust computing. The emerging technologies
that best address these issues must be determined. They
believed that trust means an act of confidence, faith, and
reliance. For example, if a system gives users insufficient
information, they will give less trust to the system. In contrast,
if the system gives users sufficient information, they will
trust the system well. There are some important issues with
trust. Control of our assets is the most important security
issue in cloud computing because users trust a system less
when users do not have much control of it. For example,
bank customers use a confidentiality ATM because when they
withdraw money from an ATM machine, they trust it [4].
Cloud computing suppliers should prepare a secure
territory for their consumers. A territory is a collection
of computing environments connected by one or more
networks that control the use of a common security policy.
Regulation and standardization are other issues of trust that
PGP, X509, and SAML are three examples for establishing
trust by using standard. Access management, trust, identity
management, single sign-on and single sign-off, audit and
compliance, and configuration management are six patterns
that identify basic security in cloud computing. Computer
researchers believe that trust is one of the most important
parts of security in cloud computing. There are three distinct
ways to prove trust. First, we trust someone because we know
them. Second, we trust someone because the person puts
trust on us. Third, sometimes we trust someone because
an organization that we trust vouches for that person. In
addition, there are three distinct definitions of trust. First,
trust means the capability of two special groups to define a
trust connection with an authentication authority. Second,
trust identifies that the authority can exchange credentials
(X.509 Certificates). Third, it uses those credentials to secure
messages and create signed security token (SAML). The main
goal of trust is that users can access a service even though that
service does not have knowledge of the users [5].
Trusted computing grows with technology development
and is raised by the Trusted Computing Group. Trusted
computing is the industry’s response to growing security
problems in the enterprise and is based on hardware root
trust. From this, enterprise system, application, and network
can be made safer and secure. With trusted computing, the
computer or system will reliably act in definite ways and
thus works in specific ways, and those performances will
be obligated by hardware and software when the owner of
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those systems enabled these technologies. Therefore, using
trust causes computer environments to be safer, less prone to
viruses and malware, and thus more consistent.
In addition, trusted computing will permit computer
systems to propose improved security and efficiency. The
main aim of trusted computing has prepared a framework for
data and network security that covers data protection, disaster recovery, encryption, authentication, layered security,
identity, and access control [6].
1.2. Cloud Computing and Federated Identity. One of the
problems with cloud computing is the management and
maintenance of the user’s account. Because of the many
advantages of cloud such as cost and security, identity management should promise all the cloud advantages. Therefore,
the new proposed model and standards should make use of
all the cloud advantages and prepare an environment to ease
the use of all of them.
Private cloud, public cloud, community cloud, and hybrid
cloud are four essential types of cloud computing that
were named by cloud users and venders. The community
cloud definition shares infrastructure for definite community
between organizations with common concern and private
or internal cloud shares cloud services between a classified
set of users. Attending to establish the best digital identity
for users to use is the most important concern of cloud
providers. Cloud prepares a large amount of various computing resources; consequently, diverse users in the same system
can share their information and work together. Classified
identity and common authentication are an essential part of
cloud authentication and federated identity acts as a service
based on a common authentication even though it is broadly
used by most important companies like Amazon, Microsoft,
Google, IBM, and Yahoo [7].
Today’s internet user has about thirteen accounts that
require usernames and passwords and enters about eight
passwords per day. It becomes a problem and internet users
face the load of managing this huge number of accounts
and passwords, which leads to password tiredness; indeed
the burden of human memory, password fatigue may cause
users to use password management strategies that reduce the
security of their secured information. Besides, the site centric
Web makes online and each user account is created and
managed in a distinct administrative domain so that profile
management and personal content sharing will be difficult.
SSO or Web single sign-on systems are invited to address the
mentioned problem with the site centric. Web users, identity
provider and service provider are three parts of SSO and they
have a distinct role in identity scenario. An IdP collects user
identity information and authenticates users, while an RP
trusts on the authenticated identity to make authorization
decisions. OpenID is a promising and open user centric Web
SSO solution. More than one billion OpenID accounts have
been permitted to use service providers according to the
OpenID Foundation. Furthermore, the US Government has
cooperated with the OpenID Foundation in the provision of
the Open Government Initiative’s pilot acceptance of OpenID
technology [8].
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Single username and password is an essential part of
single sign-on protocols in terms of authenticate crossway
numerous systems and applications, efforts to statement
privacy, and security issues for web users. There are three
widespread Web SSO implementations that named that
OpenID, Passport/Live ID, and SAML will be enclosed along
with details of common weaknesses and issues [9].
Web SSO solutions were initially advanced by numerous educational institutions in the mid-1990s. For example,
Cornell University’s SideCar, Stanford University’s WebAuth
and Yale’s Central Authentication System (CAS) were entirely
early reformers in the field [10].
SSO today has a critical role in cloud security and
becomes essential to realize how secure the deployed SSO
mechanisms truly are. Nevertheless, it is a new idea and
no previous work includes a broad study on commercially
deployed web SSO systems, a key to understanding of what
extent these real systems are subject to security breaches [11].
In addition, Wang and Shao showed that weaknesses that
do not illustrate on the protocol level could be brought in by
what the system essentially agrees to each SSO party to do
[12].
1.3. Background of the Problem. Madsen et al. in [13] defined
some problems of federated identity and illustrated that FIM
or Federated Identity Management established on standards
permits and simplifies joining federated organizations in
terms of sharing user identity attributes, simplifying authentication and allowance, or denying using service access
requirements. The definition of SSO is defined as using it
facility user authenticates only one time to home identity
provider and logging in to access successive service providing
service providers within the federated identity. There are
some active problems and concerns in a federated identity
environment like misuse of user identity information through
SSO capability in service providers and identity providers,
user’s identity theft, service providers and identity providers,
and trustworthiness of the user. Federated identity has identified that regardless of good architectures it still has some
security problems that should be considered in the real estate
implementation.
Wang in [9] discovered another problem of federated
identity that is switching authentication mechanisms to an
SSO solution. It means further education of the users is
required and possible loss of the user base if the transition
is not smoothly executed. Also worsening the situation is the
lack of demand from users for a Web SSO solution. Studies
have shown that users are already satisfied by their own
password managers.
1.4. Scope and Limitation. This research focuses on trust in
cloud computing. Trust in the cloud is a critical part in cloud
security. As it has been mentioned in the introduction, access
management, trust, identity management, single sign-on and
single sign-off, audit and compliance, and configuration management are six patterns that identify basic security in cloud
computing. This study will focus on federated identity which
is used for user identity management. In addition, there
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are several federated identity architectures for managing this
problem. Hub and spoke model, free form model, and hybrid
model are three models for implementing federated identify
in trusted computing. Although, there are some remaining
issues and challenges in these management trust models so
this study will focus on the hybrid model to enhance and
propose architecture.
Stopping Phishing attacks completely is very difficult.
Therefore, the aim of this study is to decrease the number
of identity theft and Phishing attacks. Trusted computing
that is applied in this study tries to decrease the success
probability of Phishing attack and identity theft. However,
as TPM in OpenID has been leveraged, other attacks, apart
from Phishing, attempt to deal with sensitive information
as an asset of users. Furthermore, in this study attacks that
compromise users’ computers have been ignored. Also key
loggers and rootkits and cookie attacks that look like cross
site request forgery (CSRF) attacks and cross site script (XSS)
attacks have been ignored. Finally, attacks which compromise
the integrity of the website will not be discussed.
In conclusion, this study’s scope is single sign-on authentication by using some of the protocols like SAML, OAuth,
and OpenID. As it has been mentioned, user uses these
authentication models in many APIs uses these authentication models. Visual Studio 2012 and SQL Server 2012 have
been used for simulation of the proposed model.
1.5. Related Work. You and Jun in [14] proposed Internet
Personal Identification Number or I-PIN technique to make
stronger user authentications with the cloud OpenID environment against phishing problem of relying parties which
means users could obtain internet service with the OpenID,
although, forcing in OpenID territory in some countries
has been found by them. Besides, they analyze and evaluate
their methods in comparison with the existing OpenID
method, and they recommend some ways to secure OpenID
environment. In their method user has to choose only 1
company out of 3 companies which delivers OpenID and the
index to be a member in order to obtain OpenID service. If
a user receives I-PIN information from main confirmation
authority via IDP with creation OpenID, the problem of main
authentication that OpenID has could be solved.
In addition, they evaluated their study and after comparison with an existing OpenID they confirmed that authentication is secure and safe against attack and private information
exposition. Also they found the problem of Phishing and
shown that the existing OpenID system could be solving
Phishing problem and relying party authentication guarantees security against the exposition of user’s passwords and
ID.
Ding and Wei in [15] proposed a multilevel security
framework of OpenID authentication. They claimed that
their recommended framework is appropriate for all types of
rule-based security model. They presented the basic OpenID
infrastructure based on the single sign-on explanations that
included hierarchy, OpenID components, and other security
issues. Next they proposed a security access control structure
for OpenID based on BLP model, which can be used to
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resolve the difficulty on the access control of multilevel
security, and finally they store the security label in the XML
document.
Mat Nor et al. in [16] took initiative remote user authentication protocol with both elements of trust and privacy by
using TPM (VTPM). Ding and Wei investigated the security
access control scheme for OpenID based on BLP model,
which can be used to solve the problem on access control
of multilevel security with storing the security label in XML
document. Sun et al. [17] discussed the problem of Web SSO
adoption for RPs and argued that solutions in this space
must offer RPs sufficient business incentives and trustworthy
identity services in order to succeed. Fazli BinMat Nor and
Ab Manan [18] proposed an enhanced remote authentication
protocol with hardware based attestation and pseudonym
identity enhancement to mitigate MITM attacks as well as
improving user identity privacy.
Latze and Ultes-Nitsche in [19] proposed using the
trusted TPM (VTPM) for ensuring both an e-commerce
application’s integrity and binding user authentication to
user credentials and the usage of specific hardware during
the authentication process. Urien in [20] illustrated strong
authentication (without password) for OpenID, according to
a plug and play paradigm, based on SSL smart cards against
Phishing attack. Khiabani et al. in [21] discovered previous
trust and privacy models in pervasive systems and analyzed
them to highlight the importance of trusted computing
platforms in tackling their weaknesses.
1.6. Paper Organization. The rest of this paper is organized
as follows. In the next section, we discuss the proposed
solution in detail. Section 3 provides a simulation of trusted
OpenID. In Section 4, we consider issues that may arise
when implementing the solution and analysis based on these
issues in three approaches, and Section 5 summarizes our
conclusions.

2. Proposed Solution
In this part, the proposed procedure will be explained.
Programming languages help this study to evaluate the
efficiency of the procedure. Waterfall model will be utilized
to design and implement the prototype. Thus, firstly the
requirements will be analyzed and secondly the algorithms
based on the requirements will be proposed to solve the
problem. Thirdly, the implantation steps and the essential
functions are explained.
First step in designing software is requirement analysis.
There are a few activities that need to be done before
designing the algorithm. This research will be conducted
using an experimental and modeling approach. It will begin
with in-depth reading to understand the state of the art in
the areas of cloud computing authentication. One of the
main requirements of this study is a flow diagram of cloud
authentication. Some of the best techniques that have been
proposed were discussed in the related work. The advantages
and disadvantages of those works were discussed. Therefore

The Scientific World Journal
it seems that there are still open issues that are required to be
searched.
This model is based on a hybrid model architecture which
is a mix of both the hub and spoke and free form model. The
hybrid model will also be found in organizations that mix
traditional or legacy computing with a public or private cloud
environment. The aim is to make a seamless authentication
environment that is based on the hybrid model. It has been
trying to bring some consideration for time table between
private clouds and choose the best way to achieve single signon. According to Figure 1, trusted authority to make a good
relation between IDP and RP to prevent ID theft has been
used.
This proposed model in comparison with the previous
proposed models in the related work should grab authentic
cloud services using the user’s privacy policies, an independent third party, and ensure mutual protection of both clients
and providers as main goals to afford identity management
and access control. Cloud computing, SSO, and trusted
computing are highlighted to support to the tasks of OpenID
authentication.
To avoid a weak and vulnerable link in enterprise security, trust must be established in all the components in
the infrastructure. This requires establishing a relationship,
considering the identity of all of the devices and parties
within the trust domain, to exchange essential key secrets
that allows signing any messages that are sent back and forth.
The novelty lies in the fact that the proposed model has not
been offered by OpenID yet. Combining trusted computing,
cloud computing, and federated identity, the model can
contribute to security and privacy of cloud computing. To our
knowledge, this model has not been proposed so far and we
intend to pursue this model in our future work.
Binary attestation and Direct Anonymous Attestation
(DAA) are two types of remote attestation. Binary attestation
which is static in nature and cryptographic protocol which
allows the remote authentication of a trusted platform whilst
preserving the user’s privacy is DAA. In our proposed model,
binary attestation is used for checking integrity of users, RPs,
and IDPs.
Cloud computing users, IDPs, and SPs can use a Trusted
Platform Module to authenticate their hardware devices.
Since each TPM (VTPM) chip or Virtual TPM (VTPM) has
a unique and secret RSA key burned in it as it is produced,
it is capable of performing platform authentication. On the
trusted platform each system should be independent of
any trusted third party. Besides Independence, each system
should be able to unambiguously identify users that can be
trusted both across the Web and within enterprises.
In comparison with the related work, the essential goal of
the proposed model is to provide access control and identity
management which are the following:
(i) being an independent third party;
(ii) authenticate cloud services using the user’s privacy
policies, providing minimal information to the SP;
(iii) ensure mutual protection of both clients and providers.
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Figure 1: Proposed trust based federated identity architecture.

Using trusted computing in OpenID should be platform
independent and flexible enough to meet the challenges of
today’s scalable computing environments. The proposed scenario is as in Figure 1. This figure shows that Trusted Authority to handles trust relationships between user’s browser, RP,
and IDP. The negotiations between them show a six-step
scenario. This proposed model highlights the use of the TPM
(VTPM), Virtual TPM (VTPM), OpenID protocol which
try to support the tasks of authentication, authorization
and identity federation. Beyond these objectives, the main
contribution of our work is the implementation in the
cloud computing. In addition, Figure 2 shows the trusted
based model sequence diagram based on trusted OpenID
proposed model. Besides, Figure 3 illustrates the proposed
model flowchart and highlights Trusted Authority (TA) and
TPM (VTPM) roles in this model.
2.1. Log on Using the User’s URL. OpenID allows us to sign
into websites using a single identifier in the form of a URL.
This URL is used instead of our username and password
and it has been named Personal Identity Portal (PIP) URL.
For example, in the Symantec site for user Bob, the PIP
URL is bob.pip.verisignlabs.com and he can use many sites
that support OpenID instead of username and password.
In this example, these sites are service providers and the
Symantec is identity provider. PIP helps us eliminate the
need to remember different usernames and passwords for
our service providers. PIP also delivers the elasticity and
flexibility to share only the information we choose with each

service provider. Furthermore, by creating a PIP account, we
will receive a PIP URL that we can use to sign in or register at
any service provider that supports OpenID and displays the
OpenID logo.
2.2. Redirection for Client Authentication. In this step, the SP
locates the user’s location and creates an authentication token.
SP asks the user to prove that he/she is who he/she is. For this
reason, after getting the RP’s request, the browser performs
the next step. In the OpenID Authentication version 2.0 the
IDP and RP establish an association with RSA technique
secret key whereas it does not require to associate with RSA
by using TPM (VTPM) hash code.
2.3. Client Authentication with IDP. In this scenario, the
browser proceeds with token exchange based on SAML protocol. Here, users have three options to prove their identity
to IDP, depending on the context of the interaction. Firstly,
proving their identity, this is inserting his/her user name and
password to prove his/her identity. Secondly, this can be done
by using browser cookies if the users activate them. Thirdly,
it can be done through using some software like SeatBelt
extension in Firefox browser which is a plug-in that helps
users when signing into OpenID sites, IDP using PIP URL.
SeatBelt extension detects that the user has clicked on an
OpenID sign-in field and prompts users to sign in. Finally,
after first-time sign in, subsequent requests to SeatBelt will
automatically return the user to the OpenID sign-in page
with his/her PIP already filled in.
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Figure 2: Trusted based model sequence diagram.

2.4. Mutual Attestation. Step 4 is the most critical part
of our proposed OpenID trust based Federated Identity
Architecture. In our environment we have assumed that IDP
can collude with SP to connect user’s alliance and collect
user’s behaviors. Also we have supposed that there is no
Privacy Enhancing Technology (PET) organized in our cloud
environment. Using Trusted Authority (TA) as the core, user’s
browser, Relying Party (RP) or Service Provider (SP), and IDP
must prove their identity based on mutual attestation process
using their TPM- (VTPM-) enabled platforms and verified
by the TA. We have assumed that the Trusted Authority
is trustworthy and must be sanctioned by the country’s
government or authorized by all participating parties in the
Federated Identity Architecture. In this scenario TA is attester
that sends the challenge to attestees (IDP, USER, and SP)
to check their integrity. TA by default uses binary remote
attestation to check their integrity but in this scenario uses
DAA technique regarding integrity checking.

shows IDP is legitimated and verified by a trusted authority.
User decrypts the token by his/her private key. Finally, the
user uses the token to get more services from RP or SP.
It is important to note that the TA in our proposed
architecture will need to deal with Virtual Machine (VM).
It will be associated with different services requested by
the client. Hence, TA needs to attest each virtual TPM
(VTPM) that is associated with each VM on Client Machine.
Finally, this paper highlights the use of an OpenID, trusted
computing, and federated identity which deliver provision
to make secure authentication, authorization, and identity
federation. Trusted computing is very flexible with regards
to its use in a cloud environment allowing a service to be
provided securely and reliably. In comparison with other
frameworks in related work, our proposed model has more
strength because of better security management, shifted risk
management, private remote attestation, and efficient binding
of identity assertions.

2.5. Authorizing User’s Browser. If and only if the mutual
attestation process has been successful, that is, the user and
IDP have confidence in each other, then the IDP will deliver
SAML token to the user’s browser. Today, some of the IDPs
like Google, Facebook, and IBM use SAML token and deliver
their users access rights through SAML token. For future
work we may consider other mechanisms.

3. Simulation of Trusted OpenID

2.6. User’s Browser Request. In this step, the user puts more
confidence in the SP for getting a service base on the SAML
token. IDP sends a encrypt token by the user’s public key that

As mentioned before the overall flow of OpenID authorization works are signed up for an OpenID Consumer Key,
perform discovery, get a pre-approved request token, and
continue with the OpenID Flow. In addition to this flow, in
order to evaluate the process we could find the vulnerabilities
of OpenID flow to better understand the behavior of the
proposed model in the real world.
In this section we turn our attention to simulate the
purpose algorithm and design to develop this model based on
simulation in C#. Our system, referred to as Trust OpenID,
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Figure 3: Trusted based model sequence flow chart.

is composed of different component which has its own
tasks. For now, based on our scope we run our system on
the virtualization system but in the future work we will
explain that our system has this ability to be located in the
cloud environment and integrated with VMware, Microsoft
Azur, XenServer. Our system will observe the data flow of
OpenID, request, discover, approve and authorize the user
and providers. In this simulation first we fetch all the vendors,
process, request, discovery between the user’s browser and
service and identity providers. On the other hand we are
observing and monitoring data exchange between objects and
subjects.

As it is illustrated in Figure 4, the main page contains
sign-in form, registration form, simulation, and exit. This
simulation should cover the communication type, generating
signature, initiation and discovery, establishing association,
request authentication, responding to authentication request,
and verifying assertion. The first step in using OpenID is
to set up an account with one of the many providers on
the web. Registration form helps us to register just one
time for getting and using OpenID account. Next in signin form after getting OpenID account, user can use her
or his OpenID account to get the service’s SP by IDP
account.
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Identity provider parameters added to the HTTP request to
the IDP. Also Figure 6 illustrates the registration information
database which is containing registration information and
TPM (VTPM) and OpenID URL of the users. Figure 7 shows
confirmation of the registration part and OpenID URL which
has been issued by IDP. In this step with OpenID acceptance,
the TPM (VTPM) also saves in the dbo.reginfo SQL database
as shown in Figure 8. Also it shows the OpenID URL which
assigned by the IDP provider.

Figure 4: Main form of simulation.

3.1. Log on Using the User’s URL. Based on the proposed
model as mentioned before, the first step is logged on in
service provider by OpenID URL. OpenID allows us to
sign into websites using a single identifier in the form of a
URL. This study assumed that service providers are Skydrive,
Dropbox, and MSN which accepted our IDPs. First in RP
combo user choose the RP and after that user should enter the
OpenID URL or PIP. Figure 9 simulates that user assigned to
Skydrive by iqbalqazi.usmopenid.com.
3.2. Redirection for Client Authentication. In this step, the
SP redirects user to IDP to prove his or her identity and
get appropriate token. For this reason, after getting the RP’s
request, sign-in form will appear. Figure 10 shows this step.
3.3. Client Authentication with IDP. In this step based on
Figure 10, the user should prove his or her identity. As
mentioned before the user has three options to prove identity
to IDP, depending on the context of the interaction. In this
simulation user is asked to enter username and password.

Figure 5: Registration Form.

If the user is thinking that OpenID sounds a lot like
Facebook Connect, he or she can use this credential to use
other services of other sites which accept Facebook Connect.
It allows users to sign into websites using their Facebook
credentials.
In order for an OpenID Connect Client to utilize OpenID
services for a user, the Client needs to register with the
OpenID Provider to acquire a Client ID and shared secret.
Figure 5 describes how a new Client can register with the
provider, and how a Client already in possession of a Client
ID can retrieve updated registration information. The Client
Registration Endpoint may be coresident with the token
endpoint as an optimization in some deployments. This study
assumes that UTM, UPM, UM, MMU, UITM, and USM are
identity providers. Figure 6 shows IDP’s database which uses
dbo. OpenID to save data.
The user sends request encoded as a post with the Name,
Last Name, ID Number, Email, username, Password, and

3.4. Mutual Attestation. Checking user’s integrity is the aim
of this step. First of all IDP checks the username and password
based on dbo.reginfo. Next, TA checks the integrity based on
the TPM (VTPM). In this study it is assumed that TA after
attestation has all the TPM (VTPM) in its database. Code in
dbo. TA means TPM (VTPM) of the all vendors and users
which has been shown in Figure 11.
This step is the most important part and has been
emphasized by hackers. Simulation after checking username
and password checks the TPM (VTPM) after clicking on the
Check button. If the result of checking the username and
password was correct the continue button will be highlighted
otherwise the Phishing page will appear. Figures 12 and 13
show this process.
3.5. Authorizing User’s Browser. If and only if the previous
process has been successful which means the user and IDP
have confidence in each other. Based on OpenID privacy
user can determine how long the SP accepts her or his
approved identity. Figure 14 illustrates that user can choose
Allow forever, Allow once, and Deny. IDP delivers SAML
token to RP via user’s browser.
3.6. User’s Browser Request. Figure 15 illustrates the confidence between the user and RP; that is, user could get a
service based on the SAML token.
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Figure 6: IDP database.

their attributes are three considerations of each system. The
details of the subjects and objects were discussed and then
the process was explained; finally the Trusted OpenID will
be analyzed by three-approache sample tests. Design phase,
architecture, flowchart, and flow diagram of the proposed
model have been shown and discussed in Section 3. Then
analyzing the results of the proposed design must fulfill the
objectives of the project which is using trusted computing
against identity theft in a cloud identity environment especially in OpenID authentication. Confidentiality analysis,
simulation analysis, and security analysis are three methods
to evaluate and test the proposed model.

Figure 7: Confirmation of registration.

In this part we explained trusted based model, sequence
and flow chart to mitigate identity theft in OpenID single sign
on environment. Next part shows the evaluation and test of
this proposed model.

4. Test and Evaluation
In this part, the simulation and design of the proposed
solution will be discussed in detail. Objectives, subjects, and

4.1. Confidentiality Analysis. Key role in establishing computer system is the security model which has been used
to express the security policy. Availability, integrity, and
confidentiality are three most important concerns in security
area where confidentiality is the aim of this research and in
this part we will explain how our proposed try to confidence
authentication in a cloud environment by using Trusted
computing. There are some security models which attend
to gain security in their enterprises. For example, Biba and
Bell&LaPadula (BLP) are two most popular security models;
Biba focused on integrity in recognized mathematical terms
and BLP is the most classic confidentiality model focused
on confidentiality. In this study BPL will be used as a basic
theory for confidentiality prove in multilevel security Trusted
OpenID and as a way for evaluating the proposed model,
it has been focused on confidentiality of trusted OpenID
mechanism. Also, in case of adopting the BLP model to
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Figure 8: Registration database.

Figure 10: IDP Sign on.
Figure 9: Simulation of RP website.

OpenID we focused on the subjects, objects, and their data
exchange of users’ application to enhance the confidentiality
and security of Trusted OpenID mechanism besides bring the
user convenience.
4.1.1. BLP Model. Military affair is a good example for using
BLP model all the same the designer of computer security
utilized and applied to contribute to computer security. While
this model has so many advantages, but there are some

disadvantages such as forgetting access history [15]. Security
level and access matrix are two main parts in BLP model
which define the access permissions. Security policies accept
information flowing upwards from a low security level to
a high security level and also prevent information flowing
downwards from a high security level to a low security level.
4.1.2. Terminology
Identifier (I): an Identifier is either an “http” or “https” URI,
commonly referred to as a “URL” within this document or an
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Figure 11: TA database.

Figure 12: TPM checking.

XRI (XRI Syntax 2.0). This document defines various kinds
of Identifiers, designed for use in different contexts.
User-Agent (UA): the end user’s Web browser which implements HTTP/1.1. User-Agents will primarily be common Web
browsers
Relying Party (RP): a Web application that wants proof that
the end user controls an Identifier.
OpenID Provider (IDP): an OpenID Authentication server on
which a Relying Party relies for an assertion that the end user
controls an Identifier.

Figure 13: Pass TPM checking.

IDP Endpoint URL (IEU): the URL which accepts OpenID
Authentication protocol messages, obtained by performing
discovery on the User-Supplied Identifier. This value must be
an absolute HTTP or HTTPS URL.
IDP Identifier (II): an Identifier for an OpenID Provider.
User-Supplied Identifier (USI): an Identifier that was presented
by the end user to the Relying Party, or selected by the user
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As mentioned before TA by default uses binary remote
attestation to check their integrity but in this scenario uses
DAA technique regarding integrity checking.
Trusted Authority (TA): an enterprise to verify mutual attestation process using the TPM- (VTPM-)enabled platforms.
Figure 16 shows completely the objects and subjects of the
proposed model and the place based on the final OpenID
authentication architecture. These subjects and objects help
to end user to prove that he or she owns a URL or XRI
through a series of communications between the user and the
website to which he/she is authenticated. The user submits the
URI/XRI identifier at OpenID Relying Party through UserAgent’s browser.

Figure 14: User authorization.

Figure 15: RP accepts user’s credential.

at the OpenID Provider. During the initiation phase of the
protocol, an end user may enter either their own Identifier
or an IDP Identifier. If an IDP Identifier is used, the IDP may
then assist the end user in selecting an Identifier to share with
the Relying Party.
Claimed Identifier (CI): an Identifier that the end user claims
to own; the overall aim of the protocol is verifying this claim.
IDP-Local Identifier (ILI): an alternate Identifier for an
end user that is local to a particular IDP and thus
not necessarily under the end user’s control. http://eqhball.pip.verisignlabs.com.
Generate (G): an identifier which has been generated by TPM
or VTPM.
Challenge (CH): TA is attester that sends the challenge
to attestees (IDP, USER, and RP) to check their integrity.

4.1.3. Protocol Overview. Based on the OpenID authentication [22] in the first step, the end user initiates authentication
by presenting a USI to the RP via their UA. To initiate OpenID
Authentication, the RP should present the end user with a
form that has a field for entering a USI.
Next, after normalizing the USI, RP performs discovery
on USI and establishes the IEU that the end user uses for
authentication. Upon successful completion of discovery, RP
will have IEU and Protocol Version but if the end user did not
enter II the CI and ILI will be present. In this scenario it has
been assumed that the user entered the II and therefore CI
and ILI will be omitted.
The RP and the IDP establish an association based on
their TPM (VTPM). The IDP uses an association to sign
subsequent messages and the RP to verify those messages
whereas OpenID Authentication supports two signature
algorithms which are HMAC-SHA256 with 256 bit key length
and HMAC-SHA1 with 160 bit key length.
Once the RP has successfully performed discovery and
created an association with the discovered IDU, it can send
an authentication request to the IDP to obtain an assertion.
An authentication request is an indirect request. In step three,
RP redirects the end user’s UA to the IDP with an OpenID
Authentication request.
This model is indirect communication in which messages
are passed through the User-Agent. This can be initiated by
either the Relying Party or the IDP. Indirect communication is used for authentication requests and authentication
responses. There are two methods for indirect communication: HTTP redirections and HTML form submission
When an authentication request comes from the UA via
indirect communication, the IDP should determine that an
authorized end user wishes to complete the authentication. If
an authorized end user wishes to complete the authentication,
the IDP should send a positive assertion to the RP.
Next in step four, the IDP establishes whether the end user
is authorized to perform OpenID Authentication and wishes
to do so.
In step five, the TA checks the trust’s objectives
based on their TPM (VTPM). IDP redirects the end
user’s UA back to the RP with either an assertion that
authentication is approved or a message that authentication failed. This identifier includes openid.ns, openid.mode,
openid.op endpoint, openid.claimed id, openid.identity,
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Figure 16: Objects and subjects of the proposed model.

openid.return to, openid.response nonce, openid.invalidate
handle, openid.assoc handle, openid.signed, and openid.sig.
If the IDP is unable to identify the end user or the end user
does not or cannot approve the authentication request, the
IDP should send a negative assertion to the RP as an indirect
response.
Step six and the last step which the RP verifies the
information received from the IDP including checking the
Return URL, verifying the discovered information, checking
the nonce, and verifying the signature by using the TPM
(VTPM) established during the association to the IDP.
4.1.4. Phishing Attack. A special type of Phishing attack is
where the RP is a rogue party acting as a fake RP. The
RP would perform discovery on the EUI and instead of
redirecting the UA to the IDP, it would proxy the IDP through
itself. This would thus allow the RP to capture credentials that
the end user provides to the IDP. While TA prevents this sort
of attack by checking the integrity of the RP and IDP.
4.1.5. Definition of System State. Our proposed model is a
state machine model, and the state is expressed by Figures
16, 17, and 18. It consists of subjects, objects, access attribute,
access matrix, subject functions, and object functions. It
has been defined that the subjects of the proposed model
are Challenge (CH), Generate TPM (VTPM) Identifier (G),
User-Supplied Identifier (USI), IDP Identifier (II), IDP Endpoint URL (IEU), Identifier (I), Claim identifier (CI), and
IDP Local Identifier (ILI). Also objects of the proposed
model are Relying Party (RP), OpenID Provider (IDP), UserAgent (UA), Trust Authority (TA), Trusted Platform Module
(TPM), and Virtual TPM (vTPM). Access attributes are Read,
Write, Read and write, and execute. Access Matrix is access

Top Secret

Secret

Subject A

Write only

Subject B Read/write
Object
secret

Confidential

Subject D Read only

Unclasified

Subject D Read
Read only
only

Figure 17: Access class matrix and relationship between objects and
subjects.

matrix, where each member represents the access authority
of subject to object.
The proposed model state machine is 𝑇 where each
member of 𝑇 is 𝑡.
(1) 𝑡 ∈ 𝑇 where 𝑇 is sorted quaternion.
(2) 𝑇 = (𝑎, 𝐵, 𝑐, 𝐷), where,
(3) 𝑎 ⊆ (𝑆 × 𝑂 × 𝐴),
(4) 𝑆 is a set of subjects.
(5) 𝑂 is a set of objects.
(6) 𝐴 = [𝑟, 𝑤, 𝑎, 𝑒] is the set of access attribute.
(7) 𝐵 is access matrix, where 𝐵𝑖𝑗 ⊆ 𝐴 signifies the access
authority of 𝑠𝑖 to 𝑜𝑖 .
(8) 𝑐 ∈ 𝐶 is the access class function, denoted as 𝑐 =
(𝑐𝑠 , 𝑐𝑜 ).
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state 4 as shown in Figure 1. Therefore, if state 4 is secure all
the states will be secure and based on the Section 4.1.4 this
step also is secure to gain the secure state.

Security level
TPM
G
TA

(19) Σ(𝑅, 𝐼, 𝑊, 𝑧0 ) ⊂ 𝑋 × 𝑌 × 𝑍.

G

CH
CH

G

(21) If and only if (𝑧𝑡 , 𝑦𝑡 , 𝑧𝑡 , 𝑧𝑡−1 ) ∈ 𝑊 for each 𝑡 ∈
𝑇, where 𝑧0 is the initial state. Based on the above
definition, Σ(𝑅, 𝐼, 𝑊, 𝑧0 ) is secure iff all states of the
system, for example, (𝑧0 , 𝑧1 , . . . , 𝑧𝑛 ), are secure states.

IDP

CI and ILI
IEU
USI
CH

RP

I
IEU

UA

(20) (𝑥, 𝑦, 𝑧) ∈ Σ(𝑅, 𝐼, 𝑊, 𝑧0 ).

G (ILI)

BLP model has several axioms (properties) which can
be used to limit and restrict the state transformation. If the
arbitrary state of the system is secure, then the system is
secure. In this study the simple-security property will be
adopted.

Figure 18: Security level, Subject, and object of the proposed model.

4.1.6. Simple-Security Property (SSP)
(9) 𝑐𝑠 is the security level of the subject and includes
the confidentiality level 𝑐1 (𝑆) and category level 𝑐4 (𝑆).
Figure 17 shows the security level in BLP and relation
between subjects and objects.
(10) 𝑐𝑜 signifies the security function of objects. Figure 18
shows the relation the entire subjects, objects, security
functions, security level of the proposed model. As
shown in this figure confidentiality of the TPM
(VTPM) is highest in the state machine and the lowest
is the user agent. Therefore,
(11) Confidentiality level is 𝑐1 (𝑇𝑃𝑀), 𝑐2 (𝑇𝐴), 𝑐3 (𝐼𝐷𝑃),
𝑐4 (𝑅𝑃), and level 𝑐5 (𝑈𝐴).
(12) 𝐷 signifies the existing Hierarchy on the proposed
model as shown in Figure 18.
(13) 𝑒: 𝑅 × 𝑇 → 𝐼 × 𝑇 shows all therolese in the proposed
model in which 𝑒 is the system response and the next
state. 𝑅 is the requests set and 𝐼 is the arbitrate set
of the request which is yes, no, error, and question.
In this study question is important because if the
response equal to question, it means that the current
rule cannot transact with this request.
(14) 𝜔 = [𝑒1 , 𝑒2 , . . . , 𝑒𝑠 ], where 𝜔 is the list exchange data
between objects.
(15) 𝑊(𝜔) ⊆ 𝑅 × 𝐼 × 𝑇 × 𝑇.
(16) (𝑅𝑘 , 𝐼𝑚 , 𝑇∗ , 𝑇) ∈ 𝑊(𝑤).
(17) If and only if 𝐼𝑚 ≠ question and exit a unique 𝐽,
1 ≤ 𝑗 ≤ 𝑠, it means that the current rule is
valid and subject and object also are valid, because
object verifies the TPM (VTPM) of the other object
(attestee) by the request (challenge) for integrity
checking.
(18) Consequently, the result is (𝐼𝑚 , 𝑡∗ ) = 𝑒𝑖 (𝑅𝑘 , 𝑡), which
shows that for all the requests in the 𝑡 there is unique
response which is valid.
We should prove that each state of the proposed model is
secure. It has been assumed that each state is secure except

(22) 𝑡 = (𝑎, 𝐵, 𝑐, 𝐷)
(23) Satisfies SSP if and only if,
(24) For all 𝑠 ∈ 𝑆,
(25) 𝑠 ∈ 𝑆 ⇒ [(𝑜 ∈ 𝑎(𝑠 : 𝑟, 𝑤)) ⇒ (𝑐𝑠 (𝑠), > 𝑐𝑜 (𝑜))],
(26) that is, 𝑐1 (𝑠) ≥ 𝑐2 (𝑜), 𝑐3 (𝑠) ⊇ 𝑐4 (𝑜).
(27) 𝑐1 (𝐺) ≥ 𝑐2 (TPM),
(28) 𝑐1 (IEU) ≥ 𝑐2 (RP),
Based on the figure 18 and the SSP, all the objects of the
proposed model which has been categorized in the proposed
security level can write in the lower state. As well as all the
objects can read at a higher level, but cannot read at a lower
state.
Star property, discretionary security, and compatibility
property are other models which can be used to limit and
restrict the state transformation and they will be used in
future work.
4.2. Simulation Environment and Evaluation. In software
development lifecycle, testing and evaluation is the final step
in developing the software. In fact, testing process verifies
that whether the system has achieved its aim, objectives,
and determined scope. Therefore, proposed model will be
evaluated to show whether it could gain the mentioned
objective. To do this we need to conduct a test.
Based on the objectives the aim of this study is to
mitigate the identity theft and Phishing attack. Thus wrong
RP will be inputted to the system and then it will analyze
the dataset based on the username and TPM (VTPM)
conditions that have been discussed in Section 3. Figures 19,
20, and 21 show this evaluation. First, user goes in the fake
service provider which is http://www.skkydrive.com/. Next,
after passing username checking the TPM (VTPM) will be
checked. After checking Skkydrive’s TPM (VTPM) by TA, TA
sends a Phishing message via user browser and reports false
integrity of the fake RP.
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Figure 19: Phishing Relying Party website.

Figure 20: Checking identity based on TPM.

4.3. Security Analysis. In this section, we examine the
strengths and weaknesses of the proposed solution in terms
of security and consider possible improvements.
4.3.1. Mutual Authentication. Mutual authentication, also
called two-way authentication, is a process or technology in
which both entities in a communications link authenticate
each other. In our proposed model, IDP authenticates a
User-Agent by asking him/her to input the username and
password. As the TA by using TPM (VTPM) approved the
IDP which is only known to the user, other users cannot
guess the correct TPM (VTPM) because of the TPM (VTPM)
characteristics. Meanwhile, the user authenticates the RP
website and deals with it presenting a USI to the RP. We
assume that an attacker can send the UA to the fake IDP;
thus, TA reports to the end user that he/she is on the Phishing
website. The absence of a TA will cause authentication of the
OpenID to fail.
4.3.2. Compromising the TA. The strength of the proposed
model lies in TPM (vTPM) which is a secure vault for
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Figure 21: TA reports phishing message.

certificates and the fact that it is difficult to compromise the
components. The attacker is assumed to call TPM (vTPM)
commands without bounds and without knowing the TPM
(vTPM) root key, expecting to obtain or replace the user
key. The analysis goal in TPM (vTPM) study is to guarantee
the corresponding property of IDP, the user, RP execution,
and the integrity of them [21, 23]. Also, the overall aim
of the proposed model is verifying the TA. Therefore, to
compromise the solution, an attacker must at least know TPM
content and then target the components accordingly.
An essential axiom is TPM (vTPM) and is bound to
one and only one Platform which has been used in this
study to check the integrity. Hence in [24] Black Hat showed
how one TPM could be physically compromised to gain
access to the secrets stored inside. But Microsoft believed
that using a TPM is still an effective means to help protect
sensitive information and accordingly take advantage of
a TPM. The attack shown requires physical possession of
the PC and requires someone with specialized equipment,
intimate knowledge of semiconductor design, and advanced
skills.
While this attack is certainly interesting, these methods
are difficult to duplicate, and as such, pose a very low risk
in our proposed model. Furthermore, IDP asks the user for
his/her credential to gain security assurance. As a result, an
attacker must not only be able to retrieve the appropriate
secret from TPM (vTPM), but also find the user credential
(username and password). If the credential is sufficiently
complex, this poses a hard, if not infeasible, problem to solve
in order to obtain the required key to Phishing attack in
OpenID environment.
4.3.3. Authentication in an Untrustworthy Environment.
Sometimes users have to sign into their web accounts in an
untrustworthy environment, for example, accessing a credit
card account using a public internet in university, shared
computer, or pervasive environment. Our solution is also
applicable to such cases.
In this case, the user must sign into his/her OpenID
account via the trusted device, and then just follow the
OpenID login instructions. In our proposed model required
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checking the TPM for each authentication regardless of
cookies attesting the integrity of the trusted device. Because
of the using TPM and trusted device, the user can read the
authentication information from the device and then log into
the website on the untrustworthy device.
Khiabani et al. [21] described that pervasive systems are
weaving themselves in our daily life, making it possible to
collect user information invisibly, in an unobtrusive manner
by even unknown parties. So OpenID as a security activity
would be a major issue in these environments. The huge
number of interactions between users and pervasive devices
necessitates a comprehensive trust model which unifies
different trust factors like context, recommendation, and
history to calculate the trust level of each party precisely.
Trusted computing enables effective solutions to verify the
trustworthiness of computing platforms in untrustworthiness environment.
4.3.4. Insider Attack. Weak client’s password or server secret
key stored in server side is vulnerable to any insider who has
access to the server. Thus, in the event that this information
is exposed, the insider is able to impersonate either party.
The strength of our proposed protocol is that TPM key is the
essential part in the Trust OpenID protocol and TA stores
TPM database with its TPM key which cannot be accessed
by attackers. Therefore, our scheme can prevent the insider
from stealing sensitive authentication information.
4.3.5. The Man in the Middle Attack. In the man in the
middle (MITM) attack, a malicious user located between two
communication devices can monitor or record all messages
exchanged between the two devices. Suppose an attacker tries
to launch an MITM attack on a user and a website, and that
the attacker can monitor all messages sent to or received by
the user.
The idea of making conventional Phishing, pharming,
and MITM attacks useless will apply to private users, which
usually are not connected to a well-configured network. Furthermore private users often administrate their computers by
themselves. Using public key infrastructures (PKI), stronger
mutual authentication such as secret keys and password,
latency examination, second channel verification, and one
time password are some of the ways which have been released
to prevent MITM in the network area.
Mat Nor et al. in [16] described that many security
measures have been implemented to prevent MITM attacks
such as Secure Sockets Layer (SSL) or Transport Layer
Security (TLS) protocol; adversaries have come out with a
new variant of MITM attack which is known as the Manin-the-Browser (MitB) attack which tries to manipulate the
information between a user and a browser and is much harder
to detect due to its nature of attacks.
Trust relationship between interacting platforms has
become a major element in increasing the user confidence
when dealing with Internet transactions especially in online
banking and electronic commerce. Therefore, in our proposed model in order to ensure the validity of the integrity
measurement from the genuine TPM (vTPM), the Attestation
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Identity Key (AIK) is used to sign the integrity measurement.
AIK is an asymmetric key and is derived from the unique
Endorsement Key (EK) certified by its manufacturer which
can identify the TPM identity and represent the Certificate
Authority role against MITM attack.

5. Conclusion
In this research first we did a thorough literature review to be
familiar with cloud computing, cloud architecture, federated
identity, SAML, OAuth, OpenID, Trusted computing, and
problems of authentication in cloud computing. Next, it
has been defined that Phishing attack, identity theft, MITM
attack, DNS attack are common attacks and vulnerabilities in
the cloud. The related work emphasized on those researches
that found any way against identity theft and Phishing attack
in the federated identity environment.
The proposed algorithm that combined trusted computing with OpenID and adopted trust in federated area
was explained. TPM (vTPM) is an essential part of trusted
computing and also in this research; TPM (vTPM) are
the main part against identity theft. The proposed model
has six steps based on OpenID exchange data flow. For
implementation, Visual Studio and SQL are good tools to
simulate the proposed model. The last part of each project
tested and evaluated the project with real world datasets.
In this part, based on the statistics and security model, we
proposed BLP and adopted it for the Trusted OpenID model.
The main goal of this research was to gain some predefined
security objectives based on the problem statement. Besides,
the simulation method has been evaluated against Phishing
attack and also has evaluated the strengths and weaknesses
of the proposed solution in terms of security and considered
possible improvements.
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Grey theory is an essential uncertain knowledge acquisition method for small sample, poor information. The classic grey theory
does not adequately take into account the distribution of data set and lacks the effective methods to analyze and mine big sample
in multigranularity. In view of the universality of the normal distribution, the normality grey number is proposed. Then, the
corresponding definition and calculation method of the relational degree between the normality grey numbers are constructed. On
this basis, the grey relational analytical method in multigranularity is put forward to realize the automatic clustering in the specified
granularity without any experience knowledge. Finally, experiments fully prove that it is an effective knowledge acquisition method
for big data or multigranularity sample.

1. Introduction
Grey theory [1] is an effective uncertainty knowledge acquisition model, proposed by Professor Deng. It mainly focuses on
small sample and limited information, which is only known
partially.
Grey relational analysis [2] is an important task of grey
theory by which to scale the similar or different level of
development trends among various factors. It has drawn
more and more researchers’ attention in recent years and
achieved many research results. In paper [3], grey relational
degree of decision-making information was defined to solve
the decision-makers clustered situation. A decision method
based on grey relational analysis and D-S evidence theory
was proposed to reduce the uncertainty of decision significantly [4]. In paper [5], the convexity of data was used to
characterize the similarity of the samples, and the concept
of 3D grey convex relation degree was put forward. The
MYCIN uncertain factor in fuzzy set theory and grey relation
method were combined to build an inferential decision
model [6]. In paper [7], the grey degree was seen as the
classification standard of objects’ uncertainty. Then, a novel
grey degree and grey number grading method was proposed

based on set theory. The authors gave the decision method
of quantitative and qualitative change in a scheme and the
measure index of qualitative change judged by evaluator,
and then, time weighted ensuring model was constructed
based on grey relational degree [8]. The computing method of
relational degree was defined based on information reduction
operator of interval grey numbers sequence, and multicriteria
interval grey numbers relational decision-making model was
constructed [9].
From the above research achievements, it should be clear
that the researchers have paid the more and more attention
on the distribution of data in order to reduce the uncertainty
with the development of grey relational analysis field. Simultaneously, other uncertainty knowledge acquisition methods
are combined with it to supply a better application. However,
we do not have the research on multigranularity grey relational analysis for data sequence, especially large data.
How to build the information granules with a strong
data presentation and efficient processing capabilities is the
most important for multigranularity relational analysis. In
this paper, combining with the probability distribution of
the data, the conception of the normality grey number is
proposed. Moreover, the corresponding grey degree and grey
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relational degree are given. Finally, the method of grey relational analysis in multigranularity is constructed. Without
any prior knowledge, it enables automatic clustering in the
specified granularity. The experiments show the effectiveness
of this method which provides a novel thought based on grey
theory for big data knowledge acquisition.

2. Grey Theory Based on Normal Distribution
2.1. Grey Number and Grey Degree
Definition 1 (grey number [1]). A grey number is an uncertain
number in an interval or a data set, denoted as “⊗”. That is,
⊗ ∈ [𝑎, 𝑎], where 𝑎 and 𝑎 are, respectively, the infimum and
supremum. When 𝑎 and 𝑎 → ∞, ⊗ is called black number,
else when 𝑎 = 𝑎, ⊗ is called white number.
Grey number can be whitening with our understanding
towards them. Usually, the whitenization weight function
[1] should be used to describe the varying preferences of a
grey number in the value range. Grey whitenization weight
function presents the subjective information about the grey
number, and the grey degree of a grey number is the level,
which presents the amount of information. The grey degree of
grey number of a typical whitenization weight function was
given by Professor Deng:
𝑔∘ (⊗) =



 


2 𝑏1 − 𝑏2 
𝑎 − 𝑏  𝑎 − 𝑏 
+ max {  1 1  ,  2 2  } .
𝑏1 + 𝑏2
𝑏1
𝑏2

(1)

Based on the length of grey interval 𝑙(⊗) and the mean
̂ , an axiomatic definiwhitening number of a grey number ⊗
tion [10] about grey degree was given by Professor Liu et al.:
̂ . However, there is a problem in preceding def𝑔∘ (⊗) = 𝑙(⊗)/⊗
initions about grey degree. When 𝑙(⊗) → ∞, the grey degree
may tend to infinity. It is not normative. Consequently, a
definition of grey degree based on the emergence background
and domain was proposed by Professor Liu et al.: 𝑔∘ (⊗) =
𝜇(⊗)/𝜇(Ω), where 𝜇(⊗) is the measure of grey number field
and 𝜇(Ω) is the measure of domain [10]. Entropy grey degree
from Professor Zhang and Qin is: 𝑔∘ = 𝐻/𝐻𝑚 , where 𝐻
and 𝐻𝑚 expresses the entropy and maximum entropy of grey
number [11]. This definition requires that the values of grey
number in the interval are discrete; it is not appropriate for
continuous values.
2.2. Normal Distribution Grey Number and Its Grey Degree. A
phenomenon usually is similar to a normal distribution when
it is decided by the sum of several independent and slight
random factors and the effect of every factor is respectively
and evenly small. The normal distribution is widely existed in
natural phenomenon, society phenomenon, science and technology and production activity. Much random phenomenon
in practice obeys or similarly obeys normal distribution.
Definition 2 (normality grey number). It is an uncertain
number in the interval [𝑎, 𝑏] or the data set, where 𝑎 and 𝑏
are the infimum and supremum. The value of this number
obeys the normal distribution where the mean is 𝜇 and the

deviation is 𝜎 in [𝑎, 𝑏]. The normality grey number is denoted
as ⊗𝑁(𝜇,𝜎2 ) , abbreviated as ⊗(𝜇,𝜎2 ) .
On the basis of the definition of normality grey number,
its typical whitenization weight function could be given
(Figure 1).
The definition of grey degree based on normal distribution has an universal significance. According to LindebergLevy central limit theorem, any of the random variables
generated by probability distributions, when it is under
operation of sequence summing or equivalent arithmetic
mean, would be unified induced to normal distribution; that
is,
√𝑛 (𝑋 − 𝜇)
𝜎

→ 𝑁 (0, 1) ,

𝑛 → ∞.

(2)

According to the property of normal distribution, the
normality grey number has the following properties.
Given ⊗(𝜇𝑖 ,𝜎𝑖2 ) , 𝑎, 𝑏 is real number, then 𝑎 ⊗(𝜇𝑖 ,𝜎𝑖2 ) + 𝑏 =
⊗(𝑎𝜇𝑖 +𝑏,𝑎2 𝜎𝑖2 ) .
Given ⊗(𝜇𝑖 ,𝜎𝑖2 ) and ⊗(𝜇𝑗 ,𝜎𝑗2 ) , then ⊗(𝜇𝑖 ,𝜎𝑖2 ) ± ⊗(𝜇𝑗 ,𝜎𝑗2 ) =
⊗(𝜇𝑖 ±𝜇𝑗 ,𝜎𝑖2 +𝜎𝑗2 ) .
Expectation 𝜇 and deviation 𝜎 of normal distribution
are used to denote the distribution of continuous random
variable. There is a higher probability when it gets closer
to 𝜇, conversely, the probability will be lower. Deviation
𝜎 embodies the concentration of variable distribution. The
more concentrated for normal distribution, the larger the
deviation. In normal distribution, the value of random
variable is a striking feature, that is “3𝜎” principle.
As shown in Figure 2, the value distribution in [𝜇−3𝜎, 𝜇+
3𝜎] has achieved 99%, and this interval plays a crucial role in
the whole distribution. So, the paper proposes the definition
of grey degree based on normal distribution.
Definition 3 (grey degree based on normal distribution).
Given normality grey number ⊗𝑁(𝜇,𝜎2 ) ∈ Ω, then 𝑔∘ (⊗) ≈
6𝜎/𝜇(Ω), 𝜇(Ω) is the domain measure.
According to Definition 3, the formal description of grey
̂ (𝑔∘ ) ≈ 𝜇(6𝜎/|𝑏−𝑎|) ,
number based on normal distribution is ⊗
̂ is the kernel of grey number which is usually the
where ⊗
expectation 𝜇 of grey number in domain, and |𝑏−𝑎| is the grey
number which is usually the upper bound or lower bound.
Grey number based on normal distribution provides a
novel thought based on grey system for multigranularity
knowledge acquisition under large data set.
2.3. Hypothesis Testing and Transformation of Normal Distribution. Although normal distribution has favorable universality, many data distributions do not conform to normality
assumption, such as 𝐹 distribution, Γ distribution, and 𝜒2
distribution. So, whether a given data set can transform
into a grey number based on normal distribution needs the
hypothesis testing of normal distribution. There are many
methods for the whole normal testing, such as Jarque-Bera
[12] testing method (be applied to large scale sample) and
Lilliefors [13] normal testing method (be generally used).
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Figure 1: The typical whitenization weight function of normality grey number.
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Figure 2: Value distribution of normal distribution.

If the data set does not satisfy normal testing, it can be
transformed into normal distribution through some methods, such as power transformation of Box and Cox [14],
distribution curve of Johnson [15], item group or packing
[16], and Bootstrap resampling [17]. It should be noted that
the data transformation is not entirely accurate. If the data
set is not normal distribution itself, there will be a new error
after normal transformation.

3. Grey Relational Analysis Based on
Normality Grey Number
3.1. Grey Relational Analysis. Grey relational analysis is a
method for quantitatively describing and comparing to the
development tendency of a system. The core idea is to
compare the geometrical similarity between reference data
sequence and several comparative data sequences. The higher
the grey correlation, the closer these sequences about their
development direction and rate, and their relationship will be
closer to each other.
Definition 4 (grey absolutely relational degree). Let 𝑋𝑖 and
𝑋𝑗 be both the equally spaced sequence [10], and let 𝑋𝑖0 =
(𝑥𝑖0 (1), 𝑥𝑖0 (2), . . . , 𝑥𝑖0 (𝑛)), 𝑋𝑗0 = (𝑥𝑗0 (1), 𝑥𝑗0 (2), . . . , 𝑥𝑗0 (𝑛)),
respectively, be the zeroed value of start point [10].
Then, the grey absolutely relational degree of 𝑋𝑖 and 𝑋𝑗
is
   
1 + 𝑠𝑖  + 𝑠𝑗 
𝜀𝑖𝑗 =
,
    
1 + 𝑠𝑖  + 𝑠𝑗  + 𝑠𝑖 − 𝑠𝑗 




1
 𝑛−1

𝑠𝑖 − 𝑠𝑗  =  ∑ (𝑥𝑖0 (𝑘) − 𝑥𝑗0 (𝑘)) + (𝑥𝑖0 (𝑛) − 𝑥𝑗0 (𝑛)) ,
 


2
𝑘=2

𝑛−1



1
|𝑠| =  ∑ 𝑥0 (𝑘) + 𝑥0 (𝑛) .
𝑘=2

2


(3)
In addition, there is relatively relational degree in grey
relational analysis. Its construction is similar to absolutely
relational degree. A little difference is that 𝑋𝑖 and 𝑋𝑗 will be
processed by initial value before computing the zeroed value
of start point.
3.2. Grey Relational Degree Based on Normal Grey Number.
Grey absolutely relational degree is the basic of grey relational
analysis. However, carefully analyzing Definition 4, there
are the following problems about grey absolutely relational
degree.
(1) The length of sequence 𝑋𝑖 and 𝑋𝑗 must be equal;
otherwise we need to fill the missing data or delete the excess
data of the longer sequence which increases the uncertainty
of system and has a direct impact on values of relational
degree. (2) Grey absolutely relational degree in fact is for
white number. The relational degree will not work if the
sequence itself is uncertain or the element of sequence is grey
number directly.
Based on above analysis, combining with the property
of normality grey number, a grey relational degree based
on normality grey number is proposed. Normal random
distribution is the core of this relational degree, which is
obtained by calculating the area of two intersecting normal
random distributions. The intersecting stations of two normal
distributions are shown in Figure 3 (the shadow area presents
each other’s similarity).
Set 𝑋1 ∼ 𝑁(𝜇1 , 𝜎1 ), 𝑋2 ∼ 𝑁(𝜇2 , 𝜎2 ), 𝑦1 (𝑥) and 𝑦2 (𝑥) as,
respectively, the distribution function of 𝑋1 and 𝑋2 , where
𝑥0 is the intersection of the two curves 𝑦1 and 𝑦2 . Then, the
intersecting area of 𝑋1 and 𝑋2 is
𝑆=∫

𝑥0

−∞

=∫

𝑧2

−∞

∞

𝑦2 (𝑥) 𝑑𝑥 + ∫ 𝑦1 (𝑥) 𝑑𝑥
𝑥0

∞

𝜙 (𝑧) 𝑑𝑧 + ∫ 𝜙 (𝑧) 𝑑𝑧,
𝑧1

(4)

4

The Scientific World Journal
1

1
y1

0.75

0.75

0.5
S1

0

5

0.25

S2

10

15

0

25

20

y2

S2

0.5

y2

0.25
0

1

y1

0

5

10

15

20

25

0

S3

S1

0.25
5

(b) 𝜎1 > 𝜎2

(a)

S2 y2

0.5

S3

S1

y1

0.75

15

25

35

(c) 𝜎1 ≤ 𝜎2

Figure 3: Similar situation between normal distributions.

where 𝑧1 = (𝑥0 − 𝜇1 )/𝜎1 , 𝑧2 = (𝑥0 − 𝜇2 )/𝜎2 , 𝜙(𝑧) is standard normal distribution. If 𝑥0 is known, 𝑧1 and 𝑧2 are then
obtained. Enquiring the table of standard normal distribution, the intersecting area 𝑆 can be calculated.
According to the intersection between distribution curves
|𝑧1 | = |𝑧2 |, then obtain that
𝜇 𝜎 − 𝜇1 𝜎2
𝜇 𝜎 + 𝜇2 𝜎1
,
𝑥0(2) = 1 2
.
𝑥0(1) = 2 1
(5)
𝜎1 − 𝜎2
𝜎1 + 𝜎2
In light of “3𝜎” principle of normal distribution, 99.74%
of values are in [𝜇 − 3𝜎, 𝜇 + 3𝜎]. So, when calculating the
similarity of two normal distributions, we only consider the
distribution of variables in the interval. It would be well as
if set 𝜇1 ≤ 𝜇2 , then, there are the following three situations
about the distribution of 𝑥0(1) and 𝑥0(2) :
(1) If 𝑥0(1) , 𝑥0(1) ∉ [𝜇2 − 3𝜎2 , 𝜇1 + 3𝜎1 ], indicating that the
values distribution of intersections can be neglected,
so 𝑆 = 0.
(2) If there is a point 𝑥0(1) or 𝑥0(2) in the interval [𝜇2 −
3𝜎2 , 𝜇1 + 3𝜎1 ], as shown in Figure 3(a), then
𝑧2

𝑆 = 𝑆1 + 𝑆2 = ∫

∞

−∞

𝑧2

=∫

−∞

𝜙 (𝑥) 𝑑𝑥 + ∫ 𝜙 (𝑥) 𝑑𝑥
𝑧2

𝜙 (𝑥) 𝑑𝑥 + (1 − ∫

𝑧1

−∞

(6)

𝜙 (𝑥) 𝑑𝑥) ,

where 𝑧1 = (𝑥0 − 𝜇1 )/𝜎1 , 𝑧2 = (𝑥0 − 𝜇2 )/𝜎2 .
(3) If 𝑥0(1) and 𝑥0(2) are in the interval [𝜇2 − 3𝜎2 , 𝜇1 + 3𝜎1 ]
simultaneously, as shown in Figures 3(b) and 3(c),
then,
𝑆 = 𝑆1 + 𝑆2 + 𝑆3
𝑧(1)

𝑧(2)

𝑧(1)

2
2
1
{
{
∫ 𝜙 (𝑥) 𝑑𝑥 + (∫ 𝜙 (𝑥) 𝑑𝑥 − ∫ 𝜙 (𝑥) 𝑑𝑥)
{
{
{
−∞
−∞
{ −∞
{
∞
{
{
{
{
+ ∫ (2) 𝜙 (𝑥) 𝑑𝑥 𝜎1 > 𝜎2
{
{
= { 𝑧(1) 𝑧1
𝑧1(2)
𝑧1(1)
{
2
{
{
𝜙
𝑑𝑥
+
(∫
𝜙
𝑑𝑥
−
𝜙 (𝑥) 𝑑𝑥)
∫
∫
(𝑥)
(𝑥)
{
{
{
−∞
−∞
−∞
{
{
∞
{
{
{
{
+ ∫ (2) 𝜙 (𝑥) 𝑑𝑥 𝜎1 ≤ 𝜎2 ,
𝑧2
{

(𝑗)

(𝑗)

where 𝑥0(1) ≤ 𝑥0(2) , 𝑧𝑖 = (𝑥0 − 𝜇𝑖 )/𝜎𝑖 .

(7)

Considering the normalization of the similarity, 𝑆 must be
normalized. The area is seen as the similarity of two normal
distributions after it is normalized.
Definition 5 (similarity of normal grey number). Given
normality grey number ⊗(𝜇1 ,𝜎1 ) , ⊗(𝜇2 ,𝜎2 ) , their relational degree
is:
𝛾 (⊗(𝜇1 ,𝜎1 ) , ⊗(𝜇2 ,𝜎2 ) ) =

2𝑆
(√2𝜋 (𝜎1 + 𝜎2 ))

,

(8)

where 𝑆 is the intersection area between ⊗(𝜇1 ,𝜎1 ) and ⊗(𝜇2 ,𝜎2 ) .
Similarity of normal grey number is abbreviated as normality
grey relational degree.
Similarity of normal grey number better considers the
change of data in interval to show the property of its
probability distributions and to be fundamental for grey
relational analysis based on normality grey number.
3.3. Unsupervised Fast Grey Clustering Based on Grey Relational Degree. Grey clustering is a method to divide some
observation index or object into several undefined categories
according to the grey number relational matrix or whiten
weight function of grey number. The basic ideology is to
nondimensionalize the evaluating indicator of original observation data, to calculate the relation coefficient, relational
degree and to sort the evaluation indicator according to
relational degree. The grey clustering only supports small
sample data at present, and the whole process needs manual
intervention. So, it will increase complexity and uncertainty
of the algorithm. Because of this analysis, unsupervised fast
grey clustering based on grey relational degree is proposed
in this paper. With core of grey relational degree and by
constructing grey relational matrix, this algorithm realizes
unsupervised dynamical clustering using improved 𝑘-means
method.
The analysis of the improved algorithm is as follows. Features that are most similar will divide into the same category
while sample data is classified. Their relationship in space can
be characterized by some norm measure. Through gradual
improvements in their layers (i.e., clustering number), the
relationship of categories between layers is changing with
the increase of layers. This change can be portrayed by some
rules. The clustering will finish, once the requirements of the
rules are met. In this paper, standard deviation of samples
𝑆𝑖 is used to characterize this change. With the increase of
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clustering layers, the various categories will get more and
more aggregative and 𝑆𝑖 will continue to decrease. Judging
if the clustering has finished, the mean sample variance 𝑆𝑛
is used as convergence conditions when 𝐾 = 𝑛 (𝑛 is the
number of samples); that is, clustering will be accomplished
when min(𝑆𝑖 ) < 𝑆𝑛 , (𝑖 = 1, . . . , 𝐾).
Given grey relational matrix 𝑅:
[
[
[
𝑅=[
[
[
[

𝛾11 𝛾12 ⋅ ⋅ ⋅ 𝛾1𝑚
𝛾22

𝛾2𝑚 ]
]
]
,
.. ]
]
d . ]

(9)

𝛾𝑚𝑚 ]

where 𝛾𝑖𝑗 is the grey relational degree of grey number
⊗𝑖 and ⊗𝑗 , it could be grey number which is irregular
data or satisfy one distribution, for example, normal distribution. According to grey relational matrix, unsupervised fast grey clustering based on grey relational degree is
proposed.
Algorithm 6 (unsupervised fast grey clustering based on grey
relational degree).
Input: given 𝑛 sequences, the length of them is 𝑚
𝑋1 = (𝑥1 (1) , 𝑥1 (2) , . . . , 𝑥1 (𝑚)) ,
𝑋2 = (𝑥2 (1) , 𝑥2 (2) , . . . , 𝑥2 (𝑚)) ,
..
.

(10)

𝑋𝑛 = (𝑥𝑛 (1) , 𝑥𝑛 (2) , . . . , 𝑥𝑛 (𝑚)) .
Output: aggregation matrix 𝑅 = {𝑋𝑖 , 𝐺𝑟𝑜𝑢𝑝𝑖𝑑}, 𝑖 =
1, 2, . . . , 𝑛; 𝐺𝑟𝑜𝑢𝑝𝑖𝑑 is category number.
Steps.
(1) Calculating grey relational matrix: 𝑅 = {𝑋𝑖 , 𝑋𝑗 , 𝑠𝑖𝑚,
𝐶𝑙𝑢𝑠𝑡𝑒𝑟𝑖𝑑}//𝑠𝑖𝑚 is grey relational degree of the sample 𝑋𝑖 , 𝑋𝑗 (𝑖 < 𝑗), 𝐺𝑟𝑜𝑢𝑝 is clustering number, whose
invital value is equal to zero.
(2) Extracting all unrepeated 𝑠𝑖𝑚 in 𝑅 to construct an
ascending category vector 𝐶 = {𝑠𝑖𝑚, 𝐶𝑙𝑢𝑠𝑡𝑒𝑟𝑖𝑑}.
(3) Calculating threshold 𝑒, 𝑒 = 𝑆𝑛 //the control condition
of clustering finished.
(4) Initial category 𝐾 = 1, V = 0//V is control variable of
circulating.
(5) 𝐷𝑜
(1) Constructing center category table 𝑇𝐶: divide 𝐶
into 𝐾 + 1 portions equally, and take former 𝐾
portions to join 𝑇𝐶 as the initial category of 𝐶
under the case of 𝐾; set 𝐺𝑟𝑜𝑢𝑝𝑖𝑑 = 0.

(2) Set 𝑒1 = 0//𝑒1 as temporary control variable.
(3) While 𝑒1 ≠
V, execute the following circulating://after clustering tends to stabilize, the standard deviation of all categories will converge to
a steady value.
(a) 𝑒1 = V,
(b) calculating the distance of every value in 𝐶
and all categories in 𝑇𝐶, and merging it into
the category where distance is minimum,
(c) revising the center distance of all categories
in 𝑇𝐶 according to weighted average,
(d) computing the standard deviation 𝑆𝑖 of all
categories in 𝑇, set V = min(𝑆𝑖 ).
(4) 𝐾 = 𝐾 + 1. While (V > 𝑒)//when V ≤ 𝑒,
the aggregation of all categories will be ok, and
clustering finishes.
(6) Update Groupid in 𝑅 by the corresponding 𝑠𝑖𝑚 in 𝐶.
(7) Set 𝐺𝑟𝑜𝑢𝑝𝑖𝑑 = 1, 𝑋𝑖 in ascending order and 𝐶𝑙𝑢𝑠𝑡𝑒𝑟𝑖𝑑
in descending order, 𝑅 will be processed as follows:
(1) Taking 𝑥𝑘 ∈ 𝑋𝑖 and 𝑥𝑘 ∉ 𝑅 in turn, 𝑐𝑖 max is the
largest category number in 𝑋𝑖 . Then, the most
similar sample set of 𝑥𝑘 in 𝑅 is
𝑅 = {(𝑥𝑘 , 𝐺𝑟𝑜𝑢𝑝𝑖𝑑)} ∪ {(𝑥𝑚 , 𝐺𝑟𝑜𝑢𝑝𝑖𝑑) |
𝑥𝑚 ∈ 𝑋𝑗 ,
𝑋𝑖 = 𝑥𝑘 ∧ 𝐶𝑙𝑢𝑠𝑡𝑒𝑟𝑖𝑑 = 𝑐𝑖 max }//the bigger
Clusterid is, the more similar between clusters.
(2) 𝑅 = 𝑅 ∪ {(𝑥𝑘 , 𝑐𝑖 max )}//the most similar sample
of every cluster.
(3) 𝐺𝑟𝑜𝑢𝑝𝑖𝑑 = 𝐺𝑟𝑜𝑢𝑝𝑖𝑑 + 1.
(8) Return 𝑅 .
After clustering by Algorithm 6, we can obtain the equivalent cluster of samples under grey relational degree. The
same 𝐺𝑟𝑜𝑢𝑝𝑖𝑑 is similar sample sequence.
Using classic grey relational degree as the calculating
basic of similar sequence, Algorithm 6 has strict requirement
to the length of sequence and sequence values. However,
the comparative similar sequence is sequence distribution
under normality grey relational degree; there is not a rigid
requirement for the length of sequences and it is suitable for
grey relational analysis of large and multigranularity samples.
For example, given the power consumption of one city in a
year (by the day), we need to analyze and make statistics of
the power consumption of a week, a month, and a quarter.
The traditional grey relational analysis method cannot do
this.
3.4. Multigranularity Grey Clustering Algorithm Based on
Normal Grey Domain. Granularity is a concept from physics
which is mean measure for the size of microparticle and
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the thickness of information in artificial intelligence field.
Physics granularity involves the refinement partition to
physics objects, but granularity information is to measure
information and knowledge refinement [18, 19]. The essence
of granular computing is to select appropriate granularity and
to reduce complexity of solution problem.
Let 𝑅 denote the set which is composed of all equivalence
relation on 𝑋, and the equivalence relation can be defined as
follows.
Definition 7 (the thickness of granularity). Set 𝑅1 , 𝑅2 ∈ 𝑅, if
∀𝑥, 𝑦 ∈ 𝑋, 𝑥𝑅1 𝑦 ⇒ 𝑥𝑅2 𝑦, then it is called that 𝑅1 is finer
than 𝑅2 , denoted as 𝑅1 ≤ 𝑅2 .
Definition 7 expresses the “coarse” and “fine” concept of
granularity. So, the following theorems can be proved [4].
Theorem 8. According to the above definition about the relationship “≤”, 𝑅 forms a comprehensive semisequence lattices.

sequences is not necessarily exactly equal and values of subsequence may be in granularity 𝐿. The partitioning sequence is
composed by 𝑛/𝐿 subsequences. Calculating the expectation
𝜇 and variance 𝜎 of every subsequence, the sequence 𝑋(0) can
be transformed as normality grey sequence:
(0)
= (⊗(0)𝜇 ,𝜎 (1) , ⊗(0)𝜇 ,𝜎 (2) , . . . , ⊗(0)𝜇 ,𝜎 (𝑘)) ,
𝑋𝑁
( 1 1)
( 2 2)
( 𝑘 𝑘)

𝑛
𝑘 = 1, 2, . . . , .
𝐿

After designated granularity partitioning to sequence,
grey clustering algorithm based on normality grey domain
could be obtained.
Algorithm 9 (grey clustering algorithm based on normality
grey domain).
Input: time granularity 𝐿, 𝑛 sequences and the length
of them is 𝑚:

Theorem 8 is very revealing about the core property of
granularity. Based on the theorem, the following sequence
would be obtained:
𝑅𝑛 ≤ 𝑅𝑛−1 ⋅ ⋅ ⋅ ≤ 𝑅1 ≤ 𝑅0 .

𝑋

(0)

(0)

(0)

𝑋1 = (𝑥1 (1) , 𝑥1 (2) , . . . , 𝑥1 (𝑚)) ,
𝑋2 = (𝑥2 (1) , 𝑥2 (2) , . . . , 𝑥2 (𝑚)) ,

(11)

The above sequence is visually correspondent to an 𝑛level tree. Set 𝑇 as an 𝑛-level tree, all its leaf nodes construct a
set 𝑋. Then the nodes in every level correspond to a partition
of 𝑋. The hierarchical diagram of clustering obtaining by
clustering operating also is an 𝑛-level tree. Therefore, there
must be a corresponding sequence of equivalence relation. So,
this fully shows that there is good communicating peculiarity
between clustering and granularity. It is the theory basic of the
proposed algorithm.
According to the property of granular computing and
Algorithm 6, multigranularity grey clustering algorithm
based on normality grey domain is proposed. The algorithm does a partition under the designated granularity
based on time sequence then dynamic clustering. The algorithm includes data partitioning of sequence, normality grey
sequence constructing, and grey clustering. Take the data of
time sequence, for example, to elaborate the algorithm as
follows.
Given time sequence 𝑋(0) = (𝑥(0) (1), 𝑥(0) (2), . . . , 𝑥(0) (𝑛))
and the necessary granularity 𝐿 for analysis, there is the
following partition for original time sequence:
(0)

= (𝑥
(1), 𝑥 (2), . . . , 𝑥 (𝐿) , . . . ,
⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟

(13)

..
.

(14)

𝑋𝑛 = (𝑥𝑛 (1) , 𝑥𝑛 (2) , . . . , 𝑥𝑛 (𝑚)) .
Output: aggregation matrix 𝑅 = {𝑋𝑖 , 𝐺𝑟𝑜𝑢𝑝𝑖𝑑}, 𝑖 =
1, 2, . . . , 𝑛; 𝐺𝑟𝑜𝑢𝑝𝑖𝑑 is category number.
Steps.
(1) Sequence granularity portioning: invoking the formula of sequence partition for sequences to do a partition, its granularity is 𝐿. Obtaining the partitioned
sequence 𝑋𝑖 (𝑘), (𝑖 = 1, 2, . . . , 𝑛; 𝑘 = 1, 2, . . . 𝑚/𝐿).
(2) Normality hypothesis testing to sequences. If they do
not satisfy normal distribution, then make a normal
distribution transformation.
(3) Transforming 𝑋𝑖 (𝑘) into normality grey sequence

𝑋𝐺
(𝑘) = {⊗(𝜇𝑖 ,𝜎𝑖 ) (𝑘)}.
𝑖
(4) Invoking Algorithm 6 to dynamic cluster for
sequence 𝑋𝑖 (𝑘), obtaining 𝑅 .
(5) Return 𝑅 .

𝐿

𝑥(0) (𝑚𝐿 + 1), 𝑥(0) (𝑚𝐿 + 2), . . . , 𝑥(0) (𝑚𝐿 + 𝐿))
⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟

4. Experiment Results and Analysis

𝐿

𝑛
(𝑚 = 1, . . . , ) .
𝐿

(12)

It should be noted that at the designated granularity
partition of time sequence is incomplete. Number of the

In order to evaluate the performance of Algorithm 9, two
data sets of UCI database are selected for experiments (details
shown in Table 1).
Dataset 1 records the power consumption of a family in 4 years (taking samples in 1-minute interval, from
October 1, 2006, to November 1, 2010) in which there are
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Table 1: Test UCI datasets.
ID
1
2

Name of dataset
Individual household electric power consumption
Dodgers loop sensor

Number of items
2,075,259
50,400

Effective items
2,049,280
47,497

Attribute type
Real
Integer

Table 2: The converted normal grey sequence of dataset 1.

Month
1
2
3
4
5
6
7
8
9
10
11
12

2007
(1.546033, 1.29201)
(1.401083, 1.31234)
(1.318627, 1.27604)
(0.891188, 0.98919)
(0.985861, 1.00641)
(0.826814, 0.953)
(0.667366, 0.822755)
(0.764186, 0.896657)
(0.969318, 1.06606)
(1.103910, 1.11954)
(1.294472, 1.21085)
(1.626473, 1.3572)

0.5
0.45
0.4
0.35
0.3
0.25
0.2
0.15
0.1
0.05
0

7

8

6
4
5

9
10
11
3 1 12
2

1

0

The average power consumption (kilowatt/minute)
2008
2009
(1.459920, 1.2058)
(1.410202, 1.23113)
(1.181384, 1.15272)
(1.247567, 1.09718)
(1.245336, 1.14283)
(1.226734, 1.02127)
(1.115972, 1.07732)
(1.140689, 0.973492)
(1.024281, 0.964457)
(1.012855, 0.87253)
(0.994096, 0.977501)
(0.840756, 0.779055)
(0.794780, 0.802558)
(0.618120, 0.628642)
(0.276488, 0.415126)
(0.664618, 0.742219)
(0.987680, 0.962621)
(0.986840, 0.936502)
(1.136768, 1.05956)
(1.144486, 1.04126)
(1.387065, 1.20713)
(1.274743, 1.10642)
(1.275189, 1.05568)
(1.364420, 1.11317)

2

3
(kW/min)

4

5

6

0.9
0.8
0.7
0.6
0.5
0.4
0.3
0.2
0.1
0

2010
(1.430524, 1.14829)
(1.375854, 1.06622)
(1.130075, 0.922584)
(1.027295, 0.836552)
(1.095284, 0.904557)
(0.969614, 0.833514)
(0.721067, 0.641291)
(0.590778, 0.638138)
(0.956442, 0.815049)
(1.163398, 0.991783)
(1.196854, 0.989863)

8

7
9 5
6 1012
4 2 11 1

1

0

2

3
(kW/min)

4

5

6

(a) The average per minute electricity consumption monthly in 2007

(b) The average per minute electricity consumption monthly in
2008
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9
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1
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0.2
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6

(c) The average per minute electricity consumption monthly in
2009
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(d) The average per minute electricity consumption monthly in 2010

Figure 4: Cluster distribution of dataset 1.
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2,049,280 effectively recorded items. Dataset 2 gathers the
vehicle traffic data of a highway junction in Los Angeles
by sensor in 5-minute interval. There are 47,497 effectively recorded items from April 10, 2005, to October 1,
2005.
According to the feature of dataset, we need to analyze
the power consumption of Dataset 1 to find out the peaks and
troughs in electricity demand by the month and to analyze
the traffic station of highway in Dataset 2 by the hour.
Using Algorithm 9 to treat the Dataset 1, the time
sequences are transformed into normal grey sequences under
the designated time granularity (by the month) firstly, as
shown in Table 2.
Clustering normality grey sequences by years under
the designated granularity (by the month), the following
clustering results can be obtained (sort by expectation in
descending order):

Table 3: The converted normal grey sequence of dataset 2.
Time
0

Expectations, variances
(6, 3.90564)

1
2
3

(4, 3.16916)
(3, 3.05947)
(2, 2.08197)

4
5

(3, 2.28398)
(7, 4.32885)

6
7
8

(16, 9.05729)
(28, 13.1354)
(30, 11.8488)

9
10

(29, 9.62101)
(26, 7.61425)

𝑋2007 = {(1, 2, 3, 11, 12) , (4, 5, 6, 9, 10) , (7, 8)} ,

11
12
13

(25, 6.67066)
(26, 6.74319)
(27, 6.64526)

𝑋2008 = {(1, 2, 3, 11) , (4, 6, 10, 12) , (5, 9) , (7) , (8)} ,

14
15

(31, 7.67199)
(34, 8.7623)

16
17
18

(33, 8.87094)
(31, 7.72262)
(30, 7.90683)

19
20

(26, 7.05241)
(20, 6.40364)

21
22
23

(21, 8.41713)
(20, 12.5605)
(12, 8.37453)

𝑋2009 = {(1, 11, 12) , (2, 3, 10, 12) , (4, 5, 9) , (6, 8) , (7)} ,

(15)

𝑋2010 = {(1, 2) , (3, 5, 10, 11) , (4, 6, 9) , (7, 8)} .
We could see that the most power consumption happened in January, February, November, and December and
increased steadily; the more power consumption is in March,
April, May, June, September, October and the change is
relative stability; the least consumption is in July and August,
and the fluctuation is the most evident. The clustering result
is shown in Figure 4.
Using Algorithm 9 to treat the Dataset 2, the time
sequences are transformed into normality grey sequences
under the designated time granularity (by the hour) firstly,
as shown in Table 3.
Clustering normal grey sequences by years under designated granularity (by the hour), the following clustering
results can be obtained (sort by expectation in descending
order):
𝑋 = {(9, 14, 15, 16, 17) , (10, 11, 12, 13, 19) ,
(7, 8) , (20, 21, 22) , (6, 23) , (0, 5) , (1, 2) , (3, 4)} .

(16)

The clustering results show that there is daily the most
heavy traffic at 9, 14, 15, 16, and 17 o’clock and the volume is
relative stability; the more heavy traffic is at 10, 11, 12, 13, and 19
o’clock, and the fluctuation of volume is also not very violent;
the least busy hour is at 3, 4 o’clock in every morning and the
volume is most low and most fluctuant. The clustering result
is shown in Figure 5.
As shown in Figures 4 and 5, after multigranularity clustering using Algorithm 9, the results better match
the actual data distribution. To further compare the clus-

0.2
0.18
0.16
0.14
0.12
0.1
0.08
0.06
0.04
0.02
0

3
4

21
0
5
20
23

0

10

21
22

19
111213 17 14
10 18 15
9
8 16

20
30
40
50
Number of vehicles passing

60

70

Figure 5: Cluster distribution of dataset 2.

tering performance of Algorithm 9, the classic 𝑘-means
and DBSCAN [20] clustering algorithm are introduced
into this experiment. The datasets are all transformed as
normality grey sequences for fairness of experiment. 𝑘means and DBSCAN need to appoint the number of
categories or set the optimum parameters artificially, but
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Table 4: Performance comparison among the algorithms.
Evaluation index

Dataset 1 (individual household electric power consumption)
𝑘-means
(𝑘 = 3)

DBSCAN
(minpts = 1, eps = 0.01)

Algorithm 9

Dataset 2 (Dodgers loop sensor)
𝑘-means
(𝑘 = 7)

DBSCAN
(minpts = 2, eps = 0.1)

Algorithm 9

Entropy

0.21

0.39

0.23

0.17

0.31

0.18

Purity

0.78

0.62

0.77

0.85

0.73

0.83

3

4

4

7

8

8

Clusters

there is not any experience knowledge in Algorithm 9.
The performance of three algorithms is all under the
best experiment results. The comparative criteria contain
entropy and purity [20]. The best algorithm has the lowest
entropy and highest purity. The experiment results are in
Table 4.
Table 4 shows that the performance of Algorithm 9 is
obviously superior to DBSCAN and roughly equivalent to
𝑘-means. The clustering number of Algorithm 9 is almost
the same as the other clustering algorithm, but the former
is automatic clustering and does not need any experience
knowledge.

5. Conclusion
Although grey theory is becoming mature, it is not widely
applied in practice. An important reason is the lack of
effective grey relational analysis method for large data or
multigranularity sample. The concept of normality grey
number is built and the corresponding grey degree is defined
based on probability distributions. Meanwhile, multigranularity grey relational analysis method based on normality grey
relational degree is proposed. The whole method can realize
automatic clustering without the prior knowledge. Finally,
the proposed method has a more effective and significant
performance than other algorithms in the clustering experiments. In further research, we will focus on grey modeling
and predicting models based on normality grey sequence
and build a complete theory system about normality grey
relational analysis and multigranularity simulation and
prediction.
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XML document is now widely used for modelling and storing structured documents. The structure is very rich and carries important
information about contents and their relationships, for example, e-Commerce. XML data-centric collections require query terms
allowing users to specify constraints on the document structure; mapping structure queries and assigning the weight are significant
for the set of possibly relevant documents with respect to structural conditions. In this paper, we present an extension to the MEXIR
search system that supports the combination of structural and content queries in the form of content-and-structure queries, which
we call the Exponentiation function. It has been shown the structural information improve the effectiveness of the search system
up to 52.60% over the baseline BM25 at MAP.

1. Introduction
Nowadays, the XML (http://www.w3.org/TR/xml11/) research is willing increasingly more documents having the
structure with respect to certain structural [1]. Exploiting
this structure is a significant part of improving retrieval
effectiveness which can be divided into two categories: using
document structure and user queries. Several form of the
document’s structure based retrieval models have been developed, such as BM25F [2] ranking function that is composed
of several document fields with potentially different degrees
of importance; PRM-S [3] is based on probabilistic retrieval
model; and FRM [4] is the relevance feedback function based
on the language model. Broschart and Schenkel presented
the proximity weighting to improve the search system [5].
On the other hand, it is based on user queries, such as QRX
[6] which is based on tree matching model without knowing
the exact structure of the data, using the similarity measure
of the vector space model. Unfortunately, this method has
a drawback on the efficiency issue. The weight has been
based on depth of the path and location in the document
logical structure and then used as probabilities function
based on the language model [7]; the length has been used
as a normalization incorporated through a prior probability
in the ranking function [8]. In [9, 10], highlight the structure

weight in TopX (http://topx.sourceforge.net/) search engine.
It assigns a small constant and tunable score for every
navigational condition that is matched to query by using
the frequency of the tag name. The weight has also been
calculated based on the distribution of tag names which is
used in a way similar to the binary independence retrieval
model, but investigating the presence of tags in relevant and
nonrelevant elements, to estimate the tag weights [11]. In [12],
it is shown the structure does not improve the effectiveness
of the retrieval system much because the users are very
bad at giving structural hints with respect to INEX-IEEE
collection and it requires further investigation. In this paper,
we are investigating retrieval technique and related issues
over a strongly structured collection of XML documents with
the Initiative for the Evaluation of XML Retrieval (INEX)
(https://inex.mmci.uni-saarland.de/) collections based on
user queries. With richly structured XML data, we have been
shown that the structural information using the Exponentiation function could be utilized to improve the effectiveness
of search systems.
This paper is organized as follows. Section 2 reviews the
data model and notions. Section 3 explains the presents state
of the art approaches. Section 4 shows the experiment results
and discussion; conclusions and further work are drawn in
Section 5.
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<?xml version = "1.0"?>
− <article id = "1">
<title>xml</title
<!--example comment-->
− <body>
xml
−
<section>
retrieval
<title>xml</title>
<p>information</p>
<p>retrieval</p>
</section>
</body>
</article>

Title

id

Body

xml

xml

1

Section

Retrieval

Title
xml

p

p

Information

Retrieval

Figure 1: The Example of XML Element Tree.
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Title
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Title

p

p

(c) Selective and Distributed

Figure 2: Illustrations of some of the indexing strategies.

2. Data Model and Notions
In this section, we provide some historical perspectives on
areas of XML research that have influenced this article as
follows.

2.1. XML Indexing Methods. The basic XML data model is a
labeled, ordered tree. Figure 1 shows the data tree of an XML
document based on the node-labeled model.

Classical retrieval models have been adapted to XML
retrieval. Several indexing strategies have been developed in
XML retrieval as shown in Figure 2.
Element Base indexing [8] allows each element to be
indexed on the basis of both direct text and the text of
descendants. This strategy has a major drawback in that it is
highly redundant. Text occurring at the nth level of the XML
logical structure is indexed n times and thus requires more
index space. This strategy is illustrated in Figure 2(a), where
all elements are indexed. Leaf-Only indexing [13] allows
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indexing of only leaves through element or elements directly
related to text. This strategy addresses the redundancy issues
noted above. However, the propagation algorithm for the
retrieval of nonleaf elements requires a certain level of
efficiency. This strategy is illustrated in Figure 2(b), where
the leaf elements are indexed. Aggregation-Based indexing
[14] uses the concatenated text of an element to estimate a
term statistic. This strategy has been used to aggregate term
statistics directly on the basis of the text and its descendants.
This is illustrated in Figure 2(b), where the leaf elements
are indexed. Selective indexing [13, 15] involves eliminating
small elements and elements of a selected type; this strategy
is illustrated in Figure 2(c), where only semantic elements
are indexed. Distributed indexing [15] is separately created
for each type of element in conjunction with the selective
indexing strategy, as shown in Figure 2(c). The ranking
model runs each index separately and retrieves ranked lists
of elements. These lists are merged to provide a single rank
across all element types. To merge lists, normalization is
performed to take into account the variation in elements size
across the different indices such that scores across indices are
comparable.

3
2.2.3. The Narrowed Extended XPath I. The Narrowed
Extended XPath I (NEXI) query language was developed at
INEX [25] as a simple query language for content-oriented
XML retrieval evaluation. The enhancement comes from
the introduction of a new function named “about()”. The
“contains()” function of XPath, which requires an element
(its text) to contain the given string content, was replaced
by the “about()” function, which requires an element to be
about the content. The NEXI query provides support for the
descendant axis as follows. //𝑇[𝑡] is simple elements with
paths matching 𝑇 and contents about 𝑡. //𝑆[𝑠]//𝑇 returns
elements 𝑇 which are descendants of the element 𝑆, where
the element 𝑆 contains 𝑠. //𝑆[𝑠]//𝑇[𝑡] returns elements 𝑇
which are descendants of the element 𝑆, where the element
𝑆 contains 𝑠 and the element 𝑇 contains 𝑡.
2.3. Structure Weight IR. Schlieder and Meuss presented the
QRX [6] which is based on tree matching without knowing
the exact structure of the data of the similarity measure of the
vector space model; an element score is computed as follows:
Score (𝑒, 𝑞) = ∑𝑡𝑓𝑡 ∗ 𝑖𝑑𝑓𝑡 .

(1)

𝑡∈𝑞

2.2. XML Query Languages. Querying in structured documents must be with respect to content and structure.
INEX identified two types of queries [23, 24]; they are
content only (CO) and content and structure (CAS) as
follows.
2.2.1. Content Only Queries. These queries are formed by
ignoring the document structure, in the same way as the
traditional queries used in IR collections. However, they pose
a challenge to XML retrieval in that the retrieval results
in returning document components, that is, XML elements
instead of whole documents in response to a user query.
Queries can be elements of various complexities, that is,
at different levels of the XML document’s structure. This
is suitable for XML retrieval where users do not know or
are not concerned about the structure, that is, with the
logical organization of the document, when expressing their
information needs. For example, the best answer for a query
“XML retrieval” applied to Figure 1 may be a “section” and not
“title” or “p” elements.
2.2.2. Content-and-Structure Queries. These queries contain
conditions of both content and structure. These conditions
may refer to the content of specific elements and specify
the type of requested answer elements. However, the complexity and the expressiveness of content-and-structure query
languages are difficult for the end users because they have
to know the logical organization of the document when
expressing their information needs. Trotman and Lalmas [12]
showed that the structure did not improve the effectiveness of
the retrieval system very much because users were normally
not capable of giving useful structural hints with respect to
INEX-IEEE collection. However, the content-and-structure
query can be very useful for expert users in specialized
scenarios.

Stephen et al. [2] and Robertson and Zaragoza [26]
present BM25F as an extension of the baseline BM25 [27]
scoring function that is adapted to score field documents.
Using the BM25F scheme presented in [28], an element score
is computed as follows:
𝑡𝑓𝑒,𝑡
∗ 𝑊𝑡 ,
𝐾
+ 𝑡𝑓𝑒,𝑡
𝑡∈𝑞∪𝑒

Score (𝑒, 𝑞) = ∑

(2)

where Score(𝑒, 𝑞) measures the relevance of element 𝑒 to
query 𝑞, 𝑡𝑓𝑒,𝑓 is a weighted normalized term frequency, 𝐾
is a common tuning parameter for the BM25, and 𝑊𝑡 is the
inverse document frequency weight of term 𝑡.
The weighted normalized term frequency is obtained by
first performing length normalization on term frequency
𝑊𝑒,𝑓,𝑡 of term 𝑡 in field 𝑓 in element 𝑒 as follows:
𝑊𝑒,𝑓,𝑡 =

𝑡𝑓𝑒,𝑓,𝑡
1 + 𝐵𝑓 ∗ ⟨(len𝑒,𝑓 /avglen𝑓 ) − 1⟩

,

(3)

where 𝐵𝑓 is a smoothing parameter, len𝑒,𝑓 is the length of
field 𝑓, and avglen𝑓 is the average length of elements in
the entire collection after multiplying the normalized term
frequency 𝑊𝑒,𝑓,𝑡 by field weight 𝑊𝑓 :
𝑡𝑓𝑒,𝑡 = ∑𝑊𝑓 ∗ 𝑊𝑒,𝑓,𝑡 .
𝑓

(4)

Kim and Croft [4] recently introduced the Field Relevance Model (FRM). FRM employs the notion of field
relevance and a corresponding retrieval model between query
terms and document fields, which are calculated by Field Relevance given a query 𝑞 = 𝑞1 , . . . , 𝑞𝑚 , and field relevance 𝑃(𝐹𝑗 |
𝑞𝑖 , 𝑅) is the distribution of per-term relevance over document
fields. Field Relevance Model is based on field relevance
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estimates 𝑃(𝐹𝑗 | 𝑞𝑖 , 𝑅); the Field Relevance Model combines
field-level scores 𝑃(𝑞𝑖 | 𝐹𝑗 , 𝐷) for each document using field
relevance instead of weights as follows:
Score (𝑒, 𝑞) = ∏ ∑ 𝜆𝑃 (𝐹𝑗 | 𝑞𝑖 , 𝑅)
1≤𝑖≤𝑚 1≤𝑗≤𝑛

(5)

+ (1 − 𝜆) 𝑃 (𝑞𝑖 | 𝐹𝑗 , 𝐷) .

Score (𝑒, 𝑞) = 𝑊𝑡,𝑒 + Prox𝑡,𝑒 ,
(𝑘1 + 1) ∗ 𝑡𝑓𝑡
∗ 𝑖𝑒𝑓𝑡 ,
𝐾 + 𝑡𝑓𝑡
𝑡∈𝑞

𝑖𝑒𝑓𝑡 = log [

(6)

𝑁 − 𝑒𝑡 + 0.5
].
𝑒𝑡 + 1

To compute the proximity part of the score for each term
𝑡, at first compute an accumulated score acc𝑡 that depends
on the distance of this term’s occurrences in the element
to other terms, adjacent query term occurrences using for
each adjacent occurrence of a term 𝑡𝑗 at distance 𝑑 to an
occurrence of 𝑡𝑖 , the acc𝑡,𝑖 grows by (𝑖𝑒𝑓𝑡 )/𝑑. The proximity
score is computed as follows:
Prox𝑡,𝑒 = ∑ min {1, 𝑖𝑒𝑓𝑡 }
𝑡∈𝑞

(𝑘1 + 1) ∗ acc𝑡
,
𝐾 + acc𝑡

(8)

where 𝑃(𝑒) is the probability of relevance for element 𝑒
and 𝑃(𝑞 | ⊖𝑒 ) is the probability of the query 𝑞 generated by
language model ⊖𝑒 . For instance,
𝑛

𝑃 (𝑡1 , . . . , 𝑡𝑛 | ⊖𝑒 ) = ∏𝜆𝑃 (𝑡𝑖 | 𝑒) + (1 − 𝜆) 𝑃 (𝑡𝑖 | 𝐶) , (9)
𝑖=1

where 𝑃(𝑡𝑖 | 𝑒) is estimation of term 𝑡𝑖 in element 𝑒, 𝑃(𝑡𝑖 |
𝐶) is the probability of term 𝑡𝑖 in collection 𝐶, and 𝜆 is the
smoothing parameter.
To account for the length of an element 𝑒, and in particular for the heavily biased distribution of small elements in
XML documents, which can be used to set 𝑃(𝑒) as follows [8]:
𝑃 (𝑒) =

length𝑒
,
∑𝐶 length𝑒

∗ log

⟨(𝑁𝐴 − 𝑒𝑡 + 0.5) /𝑒𝑡 ⟩
,
𝑁𝐴 + 0.5

where len(𝑒𝐴 ) is the length of element 𝑒 with tag 𝐴, avel𝐴 is
the average length of elements in the entire collection with
tag 𝐴, 𝑘1 , and 𝑏 is a common tuning parameter for the BM25.
The modified function provides a dampened influence of
the 𝑡𝑓𝑡,𝑒 with tag 𝐴. However, this strategy is limited in that
each tag name must be the same to implement automatic
grouping and weight calculation.
The idea is to associate a weight to a structural constraint
to reflect its significance. These weights are then used in the
scoring function used to estimate an element relevance.With
the increased availability of the data-centric a need for query
in both structure and content of the XML documents has
become explicit. As a result, a more complex information
source is available, in fact, allowing us to improve the
performance of search systems. Our approach considers the
use of structure weight method, as discussed in Section 3.

3. Method
(7)

where Score(𝑒, 𝑞) measures the relevance of element 𝑒 to a
query 𝑞, acct𝑡 is calculated by (𝑖𝑒𝑓𝑡 )/𝑑.
Ogilvie and Callan [7] is based on language models and
employs element-based indexing. Given a query 𝑞, terms 𝑡𝑖
for each element 𝑒 and its corresponding element language
model ⊖𝑒 , the element 𝑒 is ranked as follows:
𝑃 (𝑒 | 𝑞) = 𝑃 (𝑒) ∗ 𝑃 (𝑞 | ⊖𝑒 ) ,

(𝑘1 + 1) ∗ 𝑡𝑓𝑡,𝑒
𝑡∈𝑞∪𝑒 𝑘1 ∗ ( (1 − 𝑏) + 𝑏 ∗ (len (𝑒𝐴 ) /avel𝐴 ) ) + 𝑡𝑓𝑡,𝑒 (11)

= ∑

Broschart and Schenkel [5] presented the use of
proximity-aware scoring functions that lead to significant
effectiveness improvements for XML retrieval. This method
introduces modified proximity scores that take the document
structure as follows:

𝑊𝑡,𝑒 = ∑

where length𝑒 is the length of element 𝑒 and ∑𝐶 length𝑒 is the
length of element 𝑒 occurring in collection 𝐶.
Theobald et al. [10] present the extended BM25 function
in the TOPX, which is known as the Compactness of the
baseline BM25 as follows:
Score (𝑒, 𝑞)

(10)

In this section, the search results become more refined at
every step, and the refinement ultimately narrows down a set
of potentially interesting documents. Below we describe our
approach in more details.
3.1. Step 1: Elements Score. Firstly, we defined Score(𝑒, 𝐴 =
𝑡) is a score for the relevance of a term 𝑡 of an element
𝑒 and then we used the baseline BM25 [27] in Sphinx
(http://sphinxsearch.com/) [29] formula to score the element
nodes according to query terms 𝑡 contained in content
conditions as follows:
Score (𝑒, 𝐴 = 𝑡)
= 𝑊𝑡 ∗

(12)
(𝑘1 + 1) ∗ 𝑡𝑓𝑡,𝑒
,
𝑘1 ∗ ⟨(1 − 𝑏) + 𝑏 ∗ (len (𝑒) /avel) + 𝑡𝑓𝑡,𝑒 ⟩

where Score(𝑒, 𝐴 = 𝑡) measures the relevance of element 𝑒
to query term 𝑡, 𝑡𝑓𝑡,𝑒 is the frequency of term 𝑡 occurring in
element 𝑒, len(𝑒) is the length of element 𝑒, avel is the average
length of elements in the entire collection, and 𝑘1 and 𝑏 are
used to balance the weight of term frequency and element
length.
And then, we compute the inverse element frequency 𝑊𝑡
as follows:
log ⟨(𝑁 − 𝑒𝑡 + 1) /𝑒𝑡 ⟩
(13)
𝑊𝑡 =
,
log (𝑁 + 1)

The Scientific World Journal

5
5

Table 1: Report for structure in CAS topics of INEX.
10

CAS topics
INEX-2006
INEX-2007
INEX-2008
INEX-2009
INEX-2010
INEX-2011

4
e
3

2

2

Max.
5
6
4
5
4
11

Min.
1
1
1
1
1
1

Avg.
2.65
2.87
2.68
2.47
2.57
2.75

The bold font refer to the % that use to calculate value of improvement.

1
1/2

−4
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−2

−1

0
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1

2

3

4

𝑛

Figure 3: Variation in the value of base 𝑎 parameter.

where 𝑊𝑡 is the inverse element frequency weight of term 𝑡, 𝑁
is the total number of an element in the entire collection,
and 𝑒𝑡 is the total element of a term 𝑡 occur.
For an “about()” function in NEXI operator with multiple
terms that appeared to an element 𝑒, the aggregated score of
𝑒 is simply computed as the sum of the element’s scores for
each term 𝑡1 , . . . , 𝑡𝑛 conditions as follows:
Score (𝑒, 𝑞) = Score (𝑒, 𝐴 [about (𝑡1 , . . . , 𝑡𝑛 )])
= ∑ Score (𝑒, 𝐴 = 𝑡𝑖 ) .

(14)

𝑡𝑖 ∈𝑛

3.2. Step 2: Score Sharing Function. In the second step of our
approach [30], we compute the scores of all elements from
(14), in the collection that contains query terms. We consider
the scores of elements 𝑒 by accounting for their relevant
descendants 𝑒𝑐 . The scores of retrieved elements Score(𝑒, 𝑞)
are now shared between the leaf node and their parents in
the document XML tree according to the following scheme:
Score (𝑒, 𝑞) ← Score (𝑒, 𝑞) + ⟨∑Score (𝑒𝑐 , 𝑞) ∗ 𝛽𝑛 ⟩ ,
𝑒,𝑐

(15)
where Score(𝑒, 𝑞) is a current parent node, Score(𝑒𝑐 , 𝑞) is a
relevant child of element 𝑒, and 𝛽 is a tuning parameter.
IF {0 − 1} THEN preference is given to the leaf node
over the parents.
OTHERWISE, preference is given to the parents.
𝑛 is the distance between the current parent node and
the leaf node.
3.3. Step 3: Exponentiation Weight Function. The third step
of our approach is the structure score evaluation. To improve
the search result with richly structured, we assume that
a query is composed of content (keywords) and structure

constraints. The document-query similarity is evaluated by
considering content and structure separately. We then combine these scores to the set of possibly relevant elements.
Our structural scoring model essentially counts the number
of navigational (i.e., element name-only) query conditions
that are satisfied by a result candidate and thus considering
the content conditions matched for the user queries. It
assigns 𝑐𝑒 for every directional condition that matched the
element name 𝑒name ∈ 𝑑path (i.e., an absolute path on the
document structure). We analysed the structure for each
topic in INEX as shown in Table 1 with respect to the INEX
content-and-structure queries and each topic is including a
few structure indications. Thus, we are proposed the novel
of structural scoring when the user query is matching the
structural constraints against the document tree using the
Exponentiation is 𝑎𝑛 .
In order to evaluate the sensitivity of the Exponentiation,
we have variation in the value of 𝑎 parameter, including base
10, base e, base 2, and base 1/2 as shown in Figure 3. According
to the trend of the graph more smooth than other values and
the powers of 2 are important in computer science because
there are 2𝑛 possible values for an n-bit binary variable. Thus,
we simply for our algorithm calculate base on 2𝑐𝑒 . After that
we recomputed the element score Score(𝑒, 𝑞) as follows:

𝑐𝑒 =

∑
𝑒name ∈𝑑path

𝑒name ,
(16)
𝑐𝑒

Score (𝑒, 𝑞) ← Score (𝑒, 𝑞) ∗ ⟨2 ⟩ ,

where 𝑐𝑒 is the frequency of navigational condition that is
matched with the 𝑒name ∈ 𝑑path .
In the following, we define 𝑇(𝑑) as the set of all elements
in 𝑑 that match the target element of the query. In document
mode, every document 𝑑 inherits the aggregated score among
all target elements 𝑒, and these document scores Score(𝑑, 𝑞)
determine the output ranking among documents as follows:

Score (𝑑, 𝑞) = ∑ Score (𝑒, 𝑞) .
𝑒∈𝑇(𝑑)

(17)
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Table 2: The sphinx search modes.

Mode
Match any

Match phrase

Match extended

Table 5: Compare performing runs based on MAP with and without
the score sharing.

Description
The final weight is a sum of weighted
phrase ranks for matching any of the
query words.
The final weight is the sum of weighted
phrase ranks for matching the query
phrase, which requires a perfect match.
The final weight is the sum of weighted
phrase ranks and the BM25 weight,
multiplied by a thousand and rounded to
the nearest integer.

Table 3: The details of experiments.
Run
p16-BM25-EXPO
p16-TF-EXPO
p16-PHRASE-EXPO
p16-BM25
p16-TF
p16-PHRASE
p16-BM25-SS
p16-TF-SS
p16-PHRASE-SS

Exponentiation
Yes
Yes
Yes
No
No
No
No
No
No

Score Sharing
No
No
No
No
No
No
Yes
Yes
Yes

Table 4: Compare performing runs based on MAP with and
without the exponentiation.
Run
p16-BM25-EXPO
p16-TF-EXPO
p16-PHRASE-EXPO
p16-BM25
p16-TF
p16-PHRASE
%

MAP
0.3479
0.2125
0.1937
0.1830
0.0857
0.0857
52.60

P@10
0.4316
0.2500
0.2342
0.2184
0.1447
0.1447
50.60

P@20
0.3645
0.2171
0.1921
0.1974
0.1118
0.1118
54.16

P@30
0.3298
0.1930
0.1675
0.1939
0.0921
0.0921
58.79

The bold font refer to the % that use to calculate value of improvement.

To see how users use structure in their queries, for
instance, the user query needs “retrieve document sections
with the paragraph 𝑝 contains xml retrieval” as follows:
//section[about(//p, “xml retrieval”)]
The first filter looks for occurrences of the term “xml”
and “retrieval” in elements 𝑒 whose context matches the path
“//section//p” on the 𝑑path . It is possible to assigning more
weight for the return element 𝑒. In this case, we assume the
Score(𝑒, 𝑞) for each element 𝑒 is 10, 𝛽 is 0.7 and then the
calculations are shown in Figure 4.
Thus, the Score(𝑑, 𝑞) for the document 𝑑 is ⟨40 + 20 + 10 +
28 + 9.8 + 13.86⟩ = 121.66.

Run
p16-BM25-EXPO
p16-TF-EXPO
p16-PHRASE-EXPO
p16-BM25-SS
p16-TF-SS
p16-PHRASE-SS
%

MAP
0.3479
0.2125
0.1937
0.0641
0.0641
0.0606
81.58

P@10
0.4316
0.2500
0.2342
0.0737
0.0711
0.0605
82.92

P@20
0.3645
0.2171
0.1921
0.0908
0.0882
0.0829
75.09

P@30
0.3298
0.1930
0.1675
0.1061
0.1044
0.1070
67.83

The bold font refer to the % that use to calculate value of improvement.

Table 6: The significance (𝑃) is computed with a 2-tailed 𝑡-test at
MAP.

BM25

Score Sharing

Run
p16-BM25-EXPO
p16-BM25
𝑃 (𝑡-test)
p16-BM25-EXPO
p16-BM25-SS
𝑃 (𝑡-test)

MAP
0.3479
0.1830
0.48
0.3479
0.0641
0.75

The bold font refer to the % that use to calculate value of improvement.

4. Experiment Setup
In this section, we present and discuss the results based on
the INEX collection. This experiment was performed on Intel
Pentium i5 4 ∗ 2.79 GHz with 6 GB of memory, Microsoft
Windows 7 Ultimate 64 bit Operating System and Microsoft
Visual C♯.NET 2008.
4.1. INEX Collection. The INEX-IMDB collection used in
INEX 2010 (https://inex.mmci.uni-saarland.de) was generated from the plain text files published on the IMDB web
site on April 10, 2010. There are two kinds of objects in
the collection, movies and persons involved in movies. Each
object is richly structured. For example, each movie has
title, rating, directors, actors, and so forth; each person
has name, birth date, and so forth. In total, the IMDB
data collection contains 4,418,081 XML documents, including
1,594,513 movies, 1,872,471 actors, 129,137 directors who did
not act in any movie, 178,117 producers who did not direct or
act in any movie, and 643,843 other people involved in movies
who did not produce or direct or act in any movie.
4.2. INEX Evaluations. The effectiveness of the retrieval
results will be evaluated using the metrics as that in traditional IR, for example, precision, recall, MAP, P@10, P@20,
and P@30 [31, 32]. Given a topic 𝑇 and a set of documents 𝐷,
each tested IR system returns an ordered subset 𝑆 = 𝑠1 , . . . , 𝑠𝑛
of 𝐷, ranked by the system’s estimate of the likelihood
that each document is relevant to 𝑇. Several effectiveness
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Leaf node index:
-/article[1]/body[1]: “xml”

<?xml version = "1.0"?>
− <article id = "1">
<title>xml</title
<!--example comment-->
− <body>
xml
−
<section>
retrieval
<title>xml</title>
<p>information</p>
<p>retrieval</p>
</section>
</body>
</article>

-/article[1]/body[1]/section[1]: “retrieval”
-/article[1]/title[1]: “xml”
-/article[1]/body[1]/section[1]/title[1]: “xml”
Indexing

-/article[1]/body[1]/section[1]/p[1]: “information”
-/article[1]/body[1]/section[1]/p[2]: “retrieval”

Score Sharing method:
/article[1]/body[1]/section[1]/p[2] = 10
/article[1]/body[1]/section[1]/title[1] = 10
/article[1]/title[1] = 10

“q = //section[about(//p, “xml retrieval”)]”

Querying

/article[1]/body[1]/section[1] = (10 ∗ 0.71 ) ∗ 2 = 14
/article[1]/body[1] = (10 ∗ 0.72 ) ∗ 2 = 9.8
/article[1] = (10 = 0.73 ) ∗ 2 + (10 ∗ 0.71 ) = 13.86

Relevance Lists:
-/article[1]/body[1]/section[1] /p[2]
-/article[1]/body[1]/section[1]
-/article[1]/body[1]/section[1]/title[1]
-/article[1]
-/article[1]/title[1]
-/article[1]/body[1]

Exponentiation method:
/article[1]/body[1]/section[1]/p[2] = 10 ∗ (22 ) = 40

/article[1]/body[1]/section[1]/title[1] = 10 ∗ (21 ) = 20
/article[1]/title[1] = 10 ∗ (20 ) = 10

/article[1]/body[1]/section[1] = 14 ∗ (21 ) = 28
/article[1]/body[1] = 9.8 ∗ (20 ) = 9.8
/article[1] = 13.86 ∗ (20 ) = 13.86

Figure 4: An Example of Exponentiation processing.
Table 7: Best performing runs based on MAP over the information topics.
Run
p16-BM25-EXPO [16]
p30-2011CUTxRun2 [17]
p47-FCC-BUAP-R1 [18]
p2-ruc11AMS [19]
p4-UAms2011adhoc [20]
p18-UPFbaseCO2i015 [21]
p77-PKUSIGMA02CLOUD [17]
p48-MPII-TOPX-20-co [17]
p12-IRIT-focus-mergeddtd-04 [22]

MAP
0.3564
0.3449
0.3219
0.3189
0.3079
0.2576
0.2118
0.0900
0.0366

1/Rank
0.8000
0.7067
1.0000
0.6500
0.6750
0.6346
0.5015
0.3890
0.3022

P@10
0.5000
0.5000
0.5600
0.4200
0.3800
0.4600
0.4400
0.2600
0.2200

P@20
0.4200
0.4700
0.4300
0.4500
0.3100
0.4400
0.4200
0.1800
0.1100

The bold font refer to the % that use to calculate value of improvement.

Table 8: Best performing runs based on 1/Rank over the known-item topics.
Run
p4-UAms2011adhoc
p2-ruc11AS2
p48-MPII-TOPX-20-co
p18-UPFbaseCO2i015
p16-BM25-EXPO
p77-PKUSIGMA01CLOUD
p30-2011CUTxRun2
p47-FCC-BUAP-R1
p12-IRIT-large-nodtd-06

MAP
0.8112
0.7264
0.2916
0.3752
0.4745
0.5492
0.3100
0.2500
0.0221

The bold font refer to the % that use to calculate value of improvement.

1/Rank
0.9167
0.9167
0.7222
0.7104
0.6667
0.6389
0.5730
0.3333
0.0487

P@10
0.3167
0.3167
0.2333
0.2500
0.0833
0.3167
0.2667
0.0333
0.0167

P@20
0.2417
0.2417
0.1833
0.2083
0.0417
0.2417
0.1750
0.0167
0.0333
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Table 9: Best performing runs based on MAP over the list topics.

Run
p16-BM25-EXPO
p4-UAms2011adhoc
p77-PKUSIGMA02CLOUD
p2-ruc11AS2
p48-MPII-TOPX-20-co
p18-UPFbaseCO2i015
p12-IRIT-focus-mergeddtd-04
p30-2011CUTxRun3
p47-FCC-BUAP-R1

MAP
0.4251
0.3454
0.3332
0.3264
0.2578
0.2242
0.1532
0.0847
0.0798

1/Rank
0.7778
0.6674
0.5432
0.6488
0.4926
0.5756
0.2542
0.5027
0.3902

P@10
0.4778
0.4222
0.3889
0.4111
0.3000
0.3556
0.2333
0.1889
0.2889

P@20
0.3833
0.3500
0.3667
0.3333
0.3333
0.3278
0.2111
0.1611
0.2500

The bold font refer to the % that use to calculate value of improvement.

measures are computed, including average precision (AP);
precision at 𝑘 returned documents (P@k) defined as follows:
rel (𝑠𝑘 ) ∗ P@𝑘
∑|𝑆|
,
AP = 𝑘=1
𝑅
P@𝑘 =

∑𝑘𝑖=1 rel (𝑠𝑖 )
,
𝑘

(4) The Exponentiation function is used to adjust the
element scores based on linear combination.
(18)

𝑅 = ∑ rel (𝑑) .
𝑑𝑖 ∈𝐷

Performance across a set of topics is measured by calculating the mean of the AP values obtained by the measure for
each individual topic, resulting in MAP. Assuming there are
𝑛 topics:
MAP =

1 𝑛
∗ ∑AP .
𝑛 𝑡=1 𝑡

the leaf nodes to their parents using a top-down
approach.

(19)

4.3. Results and Discussion. In this section, we tuned the 𝛽
parameter using INEX-2005 ad hoc track evaluation scripts
distributed by the INEX organizers. Our tuning approach was
such that the sums of all relevance scores are maximized and
then the total number of leaf node is 2500 and the 𝛽 parameter
is set to 0.60. Following that, we used the Sphinx parameters
for the BM25 where 𝑘1 = 1.20 and 𝑏 = 0.00 and the
entire Sphinx match mode values in our experiment include
MATCH ANY (TF), MATCH PHRASE (PHRASE), and
MATCH EXTENDED (BM25) and are provided in Table 2.
The main components of the MEXIR [33] retrieval system are
as follows.
(1) When new documents are entered into the system, the
Absolute Document XPath Indexing (ADXPI) [34]
indexer parses and analyzes the name of each element
and its position to build inverted lists for each index
in this system.
(2) The SphinxDB search engine is used to build both
indices in the system. The Selected Weight index is
based on term frequency, and the Leaf Node index is
based on the classic BM25 function.
(3) The Score Sharing function is used to assign parent
scores by assigning a proportion of the scores of

The MEXIR search engine retrieves XML elements based
on the leaf node indexed with respect to the significant words
including the Exponentiation and Score Sharing functions,
and then we combine relevance score from the element into
the document score. Thus, the document with the higher
relevance score will be chosen as the retrieval set. The details
of experiment are shown in Table 3.
The performance of different features and ranking methods can now be evaluated. In order to deepen into the
analysis of the Exponentiation scoring function, we have also
run experiments to study the impact of structure weight
with the content-and-structure query in the performance.
Table 4 shows the results compared for the best performing
runs with and without Exponentiation technique. The p16BM25-EXPO used the Exponentiation for boosting element
score, and the p16-BM25 is the baseline BM25 and then
the Exponentiation function was shown to improve the
effectiveness of search system measured in terms of MAP,
P@10, P@20, and P@30 and are 52.60%, 50.60%, 54.16%, and
58.79%, respectively. Table 5 shows the results compared for
the best performing runs with and without the Score Sharing
technique. The p16-BM25-EXPO is used the Exponentiation
and the used the Score Sharing is the p16-SS-SW and then
the Exponentiation weight shown improve the effectiveness
of over the Score Sharing technique measured in terms of
MAP, P@10, P@20 and P@30 are 81.58%, 82.92%, 75.09% and
67.83%, respectively. It can be seen, that p16-BM25-EXPO
obtained the best performance, although the improvement
over both the baseline BM25 and the Score Sharing is significant for most of the considered metrics. The significance
(𝑃) was computed with a 2-tailed t-test as shown in Table 6.
The p16-BM25-EXPO improved by 0.48% over the baseline
BM25 at MAP, and 0.75% over the baseline BM25 with the
Score Sharing at MAP on INEX-IMDB collection.
In this analysis, we take the results that were obtained
from BM25 over the Exponentiation and compare them
with the results from the baseline BM25 and over the Score
Sharing function. It is shown again that Exponentiation
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works well with the document-centric XML documents. We
can conclude that significant improvement of results of the
Exponentiation function can be obtained from the contentand-structure query and document structure. This finding
suggests that it is possible to improve the TF, PHRASE,
and the baseline BM25 approaches, which are the usual
benchmarks in INEX. The main conclusion that can be drawn
from the experiments is that the Exponentiation function
is successful in structure weight and could be utilized to
improve the effectiveness of search systems.
Another major conclusion, is that we analyzed the effectiveness of the runs for each of the three topic types with
respect to the INEX [17] and the results are presented in
Tables 7, 8, and 9. The overall results are satisfactory if
we compare them with those obtained by participants in
the INEX contests. On comparing the effectiveness for the
informational topics, our run ranked first, scoring 0.3564,
measured with MAP; it ranked fifth scoring 0.6667, measured
with 1/Rank for the known-item topics; and in the results of
the list topics, our run ranked first, scoring 0.4251, measured
with MAP.
In this analysis, we take the results that were obtained
from the INEX report [17]. It is shown again that our system
works well with the List and Informational topics of the
document-centric XML documents measured with the MAP
metric. Unfortunately, on the known-item topics, the relevant
answer is a single document; in this area, the performance was
not satisfactory and so further investigation is required.

5. Conclusions
With the increased availability of the data-centric a need for
query in both structure and content of the XML documents
has become explicit. As a result, a more complex information
source is available, in fact, allowing us to improve the
performance of search systems. In this paper, we are investigating retrieval techniques and related issues over a strongly
structured collection using the Exponentiation weight for the
document’s structure over the content-and-structure query,
in the data-centric track of the INEX 2011. Our expectation
is that structure weighted will improve the effectiveness of
the search systems. In terms of processing time, our system
required an average of one second per topic. In addition, our
run for the ad hoc task showed that the structural information
could be utilized to improve the effectiveness of the search
system over the baseline BM25 measured in terms of MAP,
P@10, P@20, and P@30 and are 52.60%, 50.60%, 54.16%,
and 58.79% and over the Score Sharing technique measured
in terms of MAP, P@10, P@20, and P@30 and are 81.58%,
82.92%, 75.09%, and 67.83%, respectively. The success of
our ad hoc run indicates that indexing the complete XML
structure of IMDB and the structure weights are necessary
for effective document retrieval in the search system.
In future work, we will look closer at the relative value
of various types of metadata, tags, and subject headings. We
will also look at the different weighting methods underlying
the relevance judgements and topic categories, such as blind
feedback and recommendation search.
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Data selection has shown significant improvements in effective use of training data by extracting sentences from large generaldomain corpora to adapt statistical machine translation (SMT) systems to in-domain data. This paper performs an in-depth analysis
of three different sentence selection techniques. The first one is cosine tf-idf, which comes from the realm of information retrieval
(IR). The second is perplexity-based approach, which can be found in the field of language modeling. These two data selection
techniques applied to SMT have been already presented in the literature. However, edit distance for this task is proposed in this
paper for the first time. After investigating the individual model, a combination of all three techniques is proposed at both corpus
level and model level. Comparative experiments are conducted on Hong Kong law Chinese-English corpus and the results indicate
the following: (i) the constraint degree of similarity measuring is not monotonically related to domain-specific translation quality;
(ii) the individual selection models fail to perform effectively and robustly; but (iii) bilingual resources and combination methods
are helpful to balance out-of-vocabulary (OOV) and irrelevant data; (iv) finally, our method achieves the goal to consistently boost
the overall translation performance that can ensure optimal quality of a real-life SMT system.

1. Introduction
The performance of SMT [1] system depends heavily upon the
quantity of training data as well as the domain-specificity of
the test data with respect to the training data. A well-known
challenge is that the data-driven system is not guaranteed
to perform optimally if the data for training and testing are
not identically distributed. Thus, domain adaptation has been
the promising study to boost the domain-specific translation
from the model trained on mixture of in-domain and out-ofdomain data.
One of the dominant approaches is to select suitable data
for the target domain from a large general-domain corpus
(general corpus), under the assumption that the general
corpus is broad enough to cover some percentage of sentences
that fall in the target domain. Then a domain-adapted
machine translation system can be obtained by training on
the selected subset (Axelrod et al. [2] defined it as pseudo
in-domain subcorpus, which will also be adopted in this
paper) instead of the entire data. Our work mainly focuses

on these supplementary data selection approaches, which
have shown significant improvements in the construction
of domain-adapted SMT models. Models trained on such
appreciated data will be benefited to improve the quality of
word alignments. Secondly, extraction of a large amount of
irrelevant phrase pairs can be prevented, and, thirdly, the
estimation of reordering factors for target sentences can also
be fairly optimized.
Data selection is often used for language model (LM) and
translation model (TM) optimization. It generally comprises
three processing stages in order to translate the domainspecific data 𝑄 using a general-domain parallel corpus 𝐺 and
a general-domain monolingual corpus 𝑀 in target language.
(1) Scoring. The relevance of each sentence pair ⟨𝑆𝑖 , 𝑇𝑖 ⟩ in 𝐺
to the target domain can be estimated by various similarity
metrics, which can be uniformly stated as follows:
Score (𝑆𝑖 , 𝑇𝑖 ) → Sim (𝑉𝑖 , 𝑅) ,

(1)
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Score𝑖 > 𝜃
Others

(2)

(3) Translation. After collecting a certain amount of ⟨𝑆𝑖 , 𝑇𝑖 ⟩ or
⟨𝐿 𝑖 ⟩, TM and LM will be trained on these pseudo in-domain
subsets.
A phrase-based SMT model, shown in (3), can be
employed to obtain the best translation:
𝑇best = arg max Pr (𝑇 | 𝑆)
𝑇

(3)

= arg max ∑ 𝜆 𝑚 ℎ𝑚 (𝑇, 𝑆) ,
𝑇

V,
R)
Sim
(

Perplexity-based
Word order
Cosine tf-idf

in which Score𝑖 is the similarity value of the 𝑖th sentence pair
⟨𝑆𝑖 , 𝑇𝑖 ⟩ according to (1) and 𝜃 is a tunable threshold. It gives 1
for ⟨𝑆𝑖 , 𝑇𝑖 ⟩, with score higher than 𝜃, and zero otherwise.
Note that the first two steps can also be applied to the
selection of 𝑀, for the construction of the LM. The only
difference is that (1) and (2) can only consider a sentence 𝐿 𝑖
of 𝑀 in monolingual environment.

𝑀

eve

1,
Filter (Score𝑖 ) = {
0,

tri

(2) Resampling. Each scored sentence pair that is given a high
weight value will be kept, otherwise will be removed from
the pseudo in-domain subcorpus according to a binary filter
function:

Edit distance
Word position

Re

where the sentences in source 𝑆𝑖 , target 𝑇𝑖 , or both sides can
be considered for similarity measuring; thus we uniformly
define them as 𝑉𝑖 . And 𝑅 is an abstract model to represent
the target domain. These various applications of (1) will be
detailed in Section 3.

𝑚=1

where the ℎ𝑚 (𝑡, 𝑠) represents a feature function and 𝜆 𝑚 is
the weight assigned to the corresponding feature function.
In general, the SMT system uses a total of eight features: an
𝑛-gram LM, two phrase translation probabilities, two lexical
translation probabilities, a word penalty, a phrase penalty, and
a linear reordering penalty [3–5].
As similarity measuring has shown a great impact on
translation qualities, our goal is to find what kind of data
selection model can better benefit the domain-specific translation effectively and robustly. Therefore, we systematically
investigated and compared three state-of-the-art data selection criteria. The first two are the cosine tf-idf and perplexitybased criteria, which are techniques of information retrieval
and language modeling for SMT. The third one is the editdistance-based method, which is to be explored for the first
time for this special task.
The results show that each individual criterion has the
following natural pros and cons.
(i) Cosine tf-idf regards text as a bag of words and
tries to retrieve similar sentences according to word
overlap. Although it is helpful to reduce the out-ofvocabulary (OOV) words, this simple cooccurrence
based matching will result in weakness of filtering
irrelevant data (noise).
(ii) Perplexity-based similarity metrics employ an 𝑛-gram
LM, which considers not only the distribution of

Query
sentence
(V)

Word overlap

Candidate
sentence
(R)

Figure 1: Data selection criteria pyramid.

terms but also the collocation (𝑛-gram word order).
It works well in balancing the OOVs and noise
by considering more factors. But its performance is
sensitive to the quality of an in-domain LM as well as
the quantity of pseudo in-domain subcorpus.
(iii) Edit-distance-based method is much stricter than
the former two criteria, because the factors of words
overlap, order, and position are all comprehensively
considered for similarity measuring. This seems to
be able to find the most similar sentences, but it
finally fails to outperform the general baseline in our
experiments.
The more factors are considered, the higher constraint
degree of similarity criteria are. This can be depicted by a
pyramid. Figure 1 shows the comparative depths of different
criteria: edit distance at the peak, followed by perplexitybased and the cosine tf-idf. The method would cover all the
factors underneath. For instance, perplexity-based methods
consider both word overlap and word order in similarity
measuring. With considering more factors, the criterion at
higher level is stricter than the ones below.
Although most SMT systems optimized by the presented
methods can outperform the baseline system trained on
general corpus (general baseline), their improvements are still
either unclear or unstable (in Section 2). It is hard for these
individual models to be applied in a real-life system; thus a
combination approach is proposed as a trade-off. We combine
all the presented (cosine tf-idf, perplexity-based, and editdistance-based; criteria by performing linear interpolation
at two levels: (i) corpus level, where we join the pseudo indomain subcorpora selected by different similarity metrics
at the resampling stage, and (ii) model level, where multiple
models trained on pseudo in-domain subsets retrieved via
different similarity metrics are combined together at translation stage. Since TM adaptation and LM adaptation may
benefit each other [6], we combine these two adaptation
approaches.
Comparative experiments were conducted using a large
Chinese-English general corpus, where SMTs are trained and
adapted to translate the in-domain sentences of the Hong
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Kong law statements. We measure the influence of different data selection methods on the final translation output.
Using BLEU [7] as an evaluation metric, results indicate
that our proposed approach successfully obtains a robust
performance, which is still better than any single individual
model as well as the baseline system. Although the editdistance-based technique does not outperform the others in
the individual setting, the selected data by this technique
can complement the data retrieved by the other techniques,
as demonstrated in the combined scenario. Although the
edit-distance-based technique is the strictest one among
the presented criteria, it fails to outperform others for the
domain-specific translation task.
If a small in-domain corpus is available, it is good
to use this to select pseudo in-domain data from general
corpus as well as improve the current translation systems via combination methods. Thus we further combine
the adapted system trained on pseudo in-domain data with
the one trained on a small in-domain corpus using multiple
paths decoding technique (as discussed in Section 2). Finally,
we show that combining this small in-domain TM can further
improve the best domain-adapted SMT system by up to 1.21
BLEU points and is also better than the general + in-domain
system by at most 3.31 points.
The remainder of this paper is organized as follows. We
firstly review the related work in Section 2. The proposed and
other related similarity models are described in Section 3.
Section 4 details the configurations of experiments. Finally,
we compare and discuss the results in Section 5 followed by
the conclusions to end the paper.

2. Related Work
Researchers discussed the domain adaptation problems for
SMT in various perspectives such as mining unknown words
from comparable corpora [8], weighted phrase extraction
[9], corpus weighting [10], and mixing multiple models [11–
13]. Actually, data selection is one of the corpus weighting
methods (there are data selection, data weighting and translation model adaptation) [14]. In this section, we will revisit
the state-of-the-art selection criteria and our combination
techniques.
2.1. Data Selection Criteria. The first selection criterion is the
cosine tf-idf (term frequency-inverse document frequency)
similarity, which comes from the realm of information
retrieval (IR). Hildebrand et al. [15] applied this IR technique
to select less but more similar sentences to the adaptation of
TM and LM. They concluded that it is possible to adapt this
method to improve the translation performance especially in
the LM adaptation. Similar to the experiments described in
this paper, Lü et al. [6] proposed resampling and reweighting
methods for online and offline TM optimization, which are
closer to a real-life SMT system. Furthermore, their results
indicated that duplicated sentences can affect the translations.
They obtained about 1 BLEU point improvement using 60%
of total data. In this study, we still consider using duplicated
sentences as a hidden factor for all the presented methods.
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The second category is perplexity-based approach which
can be found in the field of language modeling. This has
been adapted by Lin et al. [16] and Gao et al. [17], in which
perplexity is used to score text segments according to an indomain LM. More recently, Moore and Lewis [18] derived
the cross-entropy difference metric from a simple variant
of Bayes rule. However, this is a preliminary study that did
not yet show an improvement for MT task. The method was
further developed by Axelrod et al. [2] for SMT adaptation.
They also presented a novel bilingual method and compared
it with other variants. The experimental results show that the
fast and simple technique allows to discard over 99% of the
general corpus resulted in an increase of 1.8 BLEU points.
However, they tested various perplexity-based methods only
using limited threshold in (2) settings, which may not reflect
their overall performances.
In addition, the previous work often separately discussed
related methods on TM [2] or LM [15]. But Lü et al.
[6] pointed out that combining LM and TM adaptation
approaches could further improve their performance. In this
paper, we optimized both TM and LM via data selection
methods.
The third retrieval model is not explicitly used for SMT
but is still applicable to our scenario. Edit distance (ED)
is a widely used similarity measure for example-based MT
(EBMT), known as Levenshtein distance (LD) [19]. Koehn
and Senellart [20] applied this method for convergence of
translation memory (TM) and SMT. Leveling et al. [21] investigated different approximated sentence retrieval approaches
(e.g., LD and standard IR) for EBMT. Both papers gave the
exact formula of fuzzy matching. This inspires us to regard
the metric as a new data selection criterion for SMT domain
adaptation task. Good performance could be expected under
the assumption that the general corpus is big enough to cover
the very similar sentences with respect to the test data.
2.2. Combination Methods. The existing domain adaptation
methods can be summarized into two broad categories: (i)
corpus level by selecting, joining, or weighting the datasets
upon which the models are trained and (ii) model level by
combining multiple models together in a weighted manner
[2]. In corpus level combination, the sentence frequency is
often used as a weighting scheme. Hildebrand et al. [15]
allowed duplicated sentences in selected dataset, which is a
hidden bias to in-domain data. Furthermore, Lü et al. [6] gave
each relevant sentence a higher integer weight in GIZA++
file. Mixture modeling approach is a standard technique in
machine learning [22]. Foster and Kuhn [12] interpolated
the multiple models together by performing linear and loglinear weights on the entries of phrase tables. Interpolation
method is also often used in pivot-based SMT to combine
standard and pivot models [23]. In order to investigate the
best combination on these data selection criteria, we compare
different combination methods at both corpus level and
model level.
Furthermore, the additional in-domain corpora could
also be used to enhance current TMs for domain adaptation.
Linear interpolation (similar to combination at model level)
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could be applied to combine the in-domain TM with the
domain-adapted TM. However, directly concatenating the
phrase tables into one may lead to unpredictable behavior
during decoding. In addition, Axelrod et al. [2] have concluded that it is more effective to use multidecoding method
[24] than linear interpolation. Thus, we prefer to employ the
confusion of multiple phrase tables at decoding model for this
task.

3. Model Description
This section describes four data selection criteria, respectively, based on cosine tf-idf, perplexity, and edit distance as
well as the proposed approach.
3.1. Cosine tf-idf. Each document 𝐷𝑖 is represented as a vector
(𝑤𝑖1 , 𝑤𝑖2 , . . . , 𝑤𝑖𝑛 ), and 𝑛 is the size of the vocabulary. So 𝑤𝑖𝑗 is
calculated as follows:
𝑤𝑖𝑗 = tf𝑖𝑗 × log (idf𝑗 )

(4)

in which tf𝑖𝑗 is the term frequency (TF) of the 𝑗th word in
the vocabulary in the document 𝐷𝑖 and idf𝑗 is the inverse
document frequency (IDF) of the 𝑗th word calculated. The
similarity between two texts is then defined as the cosine of
the angle between two vectors. We implemented this with
Apache Lucene (available at http://lucene.apache.org/) and
it is very similar to the experiments described in [6, 15].
Suppose that 𝑀 is the size of query set and 𝑁 is the number
of sentences retrieved from general corpus according to each
query. Thus, the size of the cosine tf-idf based pseudo indomain subcorpus is SizeCos-IR = 𝑀 × 𝑁.
3.2. Perplexity. Perplexity is based on the cross-entropy (5),
which is the average of the negative logarithm of the word
probabilities. Consider
𝑛

𝐻 (𝑝, 𝑞) = −∑𝑝 (𝑤𝑖 ) log 𝑞 (𝑤𝑖 )
𝑖=1

1 𝑛
= − ∑ log 𝑞 (𝑤𝑖 ) ,
𝑁 𝑖=1

(5)

where 𝑝 denotes the empirical distribution of the test sample.
𝑝(𝑤𝑖 ) = 𝑛/𝑁 if 𝑤𝑖 appeared 𝑛 times in the test sample
of size 𝑁. 𝑞(𝑤𝑖 ) is the probability of event 𝑤𝑖 estimated
from the training set. Thus, the perplexity pp can be simply
transformed as
pp = 𝑏𝐻(𝑝,𝑞) ,

(6)

where 𝑏 is the base with respect to which the cross-entropy
is measured (e.g., bits or nats). 𝐻(𝑝, 𝑞) is the cross-entropy
given in (5), which is often applied as a cosmetic substitute of
perplexity for data selection [2, 18].
Let 𝐻𝐼 (𝑝, 𝑞) and 𝐻𝑂(𝑝, 𝑞) be the cross-entropy of string
𝑤𝑖 according to language model, LM𝐼 and LM𝑂 which are,
respectively, trained by in-domain dataset 𝐼 and generaldomain dataset 𝐺. Considering the source (src) and target

(tgt) sides of training data, there are three perplexity-based
variants. The first is called basic cross-entropy given by
𝐻𝐼-src (𝑝, 𝑞) .

(7)

The second one is Moore-Lewis cross-entropy difference
[18]:
𝐻𝐼-src (𝑝, 𝑞) − 𝐻𝐺-src (𝑝, 𝑞)

(8)

which tries to select the sentences that are more similar to
𝐼 but different to others in 𝐺. All the above two criteria
only consider the sentences in source language. Furthermore,
Axelrod et al. [2] proposed a metric that sums cross-entropy
difference over both sides:
[𝐻𝐼-src (𝑝, 𝑞) − 𝐻𝐺-src (𝑝, 𝑞)]
+ [𝐻𝐼-tgt (𝑝, 𝑞) − 𝐻𝐺-tgt (𝑝, 𝑞)] .

(9)

The candidates with lower scores (obtained by (7), (8),
and (9)) have higher relevance to target domain. The size of
the perplexity-based pseudo in-domain subset SizePP should
be equal to SizeCos-IR . In practice, we perform SRILM toolkit
(available at http://www.speech.sri.com/projects/srilm/) [25]
to conduct 5-gram LMs with interpolated modified KneserNey discounting [26].
3.3. Edit Distance. Given a sentence 𝑠𝐺 from 𝐺 and a sentence
𝑠𝑅 from the test set or in-domain corpus, the edit distance for
these two sequences is defined as the minimum number of
edits, that is, symbol insertions, deletions, and substitutions,
needed to transform 𝑠𝐺 into 𝑠𝑅 . Based on Levenshtein
distance or edit distance, there are several different implementations. We used the normalized Levenshtein similarity
score (fuzzy matching score, FMS):
FMS = 1 −

LD (𝑠𝐺, 𝑠𝑅 )
    ,
Max (𝑠𝐺 , 𝑠𝑅 )

(10)

where |𝑠𝐺| and |𝑠𝑅 | are the lengths 𝑠𝐺 and 𝑠𝑅 [20, 21]. In this
study, we employed the word-based Levenshtein edit distance
function. If there is a sentence of which its score exceeds a
threshold, we would further penalize these sentences according to the whitespace and punctuations editing differences.
The algorithm is implemented in map reduce to parallelize
the process and shorten the processing time.
3.4. Proposed Model. For corpus level combination, we
respectively perform GIZA++ toolkit (http://www.statmt
.org/moses/giza/GIZA++.html) on pseudo in-domain subcorpora selected by different data selection methods. Then
each sentence in different subcorpora can be weighted by
modifying its corresponding occurrences in the GIZA++ file
[6]. Finally, we combine these GIZA++ files together as a new
one. Formally, this combination method can be defined as
follows:
𝛼 Cos IR (𝑆𝑥 , 𝑇𝑥 ) ,
∪𝛽PP Based (𝑆𝑦 , 𝑇𝑦 ) ,
∪𝜆ED Based (𝑆𝑧 , 𝑇𝑧 ) ,

(11)
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where 𝛼, 𝛽, and 𝜆 are weights for sentences pairs (𝑆𝑥 , 𝑇𝑥 ),
(𝑆𝑦 , 𝑇𝑦 ), and (𝑆𝑧 , 𝑇𝑧 ), which are selected by cosine tfidf (Cos IR), perplexity-based (PP Based), and edit-distancebased (ED Based) methods, respectively. Note that the number of sentence occurrence should be integer. In practice,
we made 𝛼, 𝛽, and 𝜆 integer numbers and multiplied these
weights with the occurrences of each corresponding sentence
in GIZA++ file.
For model level combination, we perform linear interpolation on the models trained with the subcorpora retrieved
by different data selection methods. The phrase translation
probability 𝜙(𝑡 | 𝑠) and the lexical weight 𝑝𝑤 (𝑡 | 𝑠, 𝑎) are
estimated using (12) and (13), respectively, as follows:
𝑛

𝜙 (𝑡 | 𝑠) = ∑𝛼𝑖 𝜙𝑖 (𝑡 | 𝑠) ,

(12)

𝑖=0
𝑛

𝑝𝑤 (𝑡 | 𝑠, 𝑎) = ∑𝛽𝑖 𝑝𝑤,𝑖 (𝑡 | 𝑠, 𝑎) ,

(13)

𝑖=0

where 𝑖 = 1, 2, and 3 denoting the phrase translation
probability and lexical weights trained on the subcorpora
retrieved by Cos IR, PP Based, and ED Based model. 𝑠 and 𝑡
are the phrases in source and target language. 𝑎 is the alignment information. 𝛼𝑖 and 𝛽𝑖 are the tunable interpolation
parameters, subject to ∑ 𝛼𝑖 = ∑ 𝛽𝑖 = 1.
In this paper, we are more interested in the comparison of
various data selection criteria, rather than the best combination method; thus we did not tune these weights in the above
equations and gave them equal weights (At corpus level, 𝛼 =
𝛽 = 𝜆 = 1. At model level, 𝛼𝑖 = 𝛽𝑖 = 1/3) in experiments.
Moreover, we will see that even these simple combinations
can lead to an ideal improvement of translation quality.

4. Experimental Setup
4.1. Corpora. Two corpora are needed for the domain adaptation task. The general corpus includes more than 1 million
parallel sentences comprising varieties of genres such as
newswires (LDC2005T10), translation example from dictionaries, law statements, and sentences from online sources.
The domain distribution of the general corpus is shown
in Table 1. The miscellaneous part includes the sentences
crawled from various materials and the law portion includes
the articles collected from Chinese mainland, Hong Kong,
and Macau, which have different laws. The in-domain corpus,
development set, and test set are randomly selected (that are
disjoined) from the Hong Kong law corpus (LDC2004T08).
The size of the test set, in-domain corpus, and general corpus
we used is summarized in Table 2.
In the preprocessing, the English texts are tokenized
by Moses scripts (scripts are available at http://www
.statmt.org/europarl/) [27] and the Chinese texts are segmented by NLPIR (available at http://ictclas.nlpir.org/) [28].
We removed the sentences of which length is more than 80.
Furthermore, we only used the target side of data in general
corpus as the general-domain LM training corpus. Thus, the
target side of the pseudo in-domain corpus obtained by the

Table 1: Proportions of domains of general corpus.
Domain
News
Novel
Law
Miscellaneous
Total

Sent. number
279,962
304,932
48,754
504,396
1,138,044

%
24.60
26.79
4.28
44.33
100.00

previous methods (in Section 3) could be directly used for
training adapted LM.
4.2. Systems Description. The experiments presented in this
paper were carried out with the Moses toolkit [29], a stateof-the-art open-source phrase-based SMT system. The translation and the reordering model relied on “grow-diag-final”
symmetrized word-to-word alignments built using GIZA++
[30] and the training script of Moses. The weights of the loglinear model were optimized by means of MERT [31].
A 5-gram language model was trained using the IRSTLM
toolkit [32], exploiting improved modified Kneser-Ney
smoothing and quantizing both probabilities and back-off
weights.
4.3. Settings. For the comparison, totally, five existing representative data selection models, three baseline systems,
and the proposed model were selected. The corresponding
settings of the above models are as follows.
(i) Baseline: the baseline systems were trained with
the toolkits and settings as described in Section 4.2.
The in-domain baseline (IC-baseline) and generaldomain baseline (GC-baseline) were, respectively,
trained on in-domain corpus and general corpus.
Then a combined baseline system (GI-baseline) was
created by passing the above two phrase tables to the
decoder and using them in parallel.
(ii) Individual model: as described in Sections 3.1, 3.2, and
3.3, the individual models are cosine tf-idf (Cos-IR)
and fuzzy matching scorer (FMS) which is an editdistance-based (ED-Based) instance as well as three
perplexity-based (PP-Based) variants: cross-entropy
(CE), cross-entropy difference (CED), and bilingual
cross-entropy difference (B-CED).
(iii) Proposed model: as described in Section 3.4, we
combined Cos-IR, PP-Based, and ED-Based methods
at corpus level (named iTPB-C) and model level
(named iTPB-M).
The test set, development set [6, 15], and in-domain
corpus [2, 18] can be used to select data from general-domain
corpus. The first strategy is under the assumption that the
input data is known before building the models. But in a
real case, we do not exactly know the test data in advance.
Therefore, we use the development set (dev. strategy) and
additional in-domain corpus (in-domain strategy) which are
identical to the target domain to select data for TM and LM
adaptation.
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Table 2: Corpora statistics.

Data Set
Test set
Dev. set
In-domain
Training set

Lang.
EN
ZH
EN
ZH
EN
ZH
EN
ZH

Sentences

Tokens
60,399
59,628
59,732
59,064
1,330,464
1,321,655
28,626,367
28,239,747

2,050
2,000
2,000
43,621
1,138,044

5. Results and Discussions
For each method, we used the 𝑁-bests selection results, where
𝑁 = {20 K, 40 K, 80 K, 160 K, 320 K, 640 K} sentence pairs out
of the 1.1 M from the general corpus (roughly 1.75%, 3.5%,
7.0%, 14.0%, 28.0%, and 56% of general-domain corpus where
𝑘 is short for thousand and 𝑚 is short for million). In this
section, we firstly discuss three PP Based variants and then
compare the best one with other two models: Cos-IR and
FMS. After that, combined model and the best individual are
compared. Finally, the performance is further improved by a
simple but effective system combination method.
5.1. Baselines. The baseline results (in Table 3) show that a
translation system trained on the general corpus outperforms
the one trained on the in-domain corpus over 2.85 BLEU
points. The main reason is that general corpus is so broad
that the OOVs are much lesser. Combining these two systems
could further increase the GC-baseline by 1.91 points.
5.2. Individual Model. The curves in Figure 2 show that all the
three PP Based variants, that is, CE, CED, and B-CED, could
be used to train domain-adapted SMT systems. Using less
training data, they still obtain better performance than GCbaseline. CE is the simplest PP Based one and improves the
GC-baseline by at most 1.64 points when selecting 320 K out
of 1.1 M sentences. Although CED gives bias to the sentences
that are more similar to the target domain, its performance
seems unstable with dev. strategy and the worst with indomain strategy. This indicates that it is not suitable to
randomly select data from general corpus for training LM𝑂
(in Section 3.2). Similar to the conclusion in [2], B-CED
achieves the highest improvement with least selected data
among the three variants. It proves that bilingual resources
are helpful to balance OOVs and noise. However, when using
in-domain corpus to select pseudo in-domain subcorpora,
their trends are similar but worse. They have to enlarge the
size of selected data to perform nearly as well as the results
under dev. strategy. Therefore, PP Based approaches may not
work well for a real-life SMT application.
Next we use B-CED (the best one among PP Based variants) to compare with other selection criteria. As shown in
Figure 3, Cos-IR improves by at most 1.02 (dev) and 0.88 (indomain) BLEU points using 28% data of the general corpus.
The results approximately match with the conclusions given

Av. len.
29.46
29.09
29.26
29.07
29.16
28.97
25.15
24.81

Table 3: BLEU via general-domain and in-domain corpus.
Baseline
GC-baseline
IC-baseline
GI-baseline

Sentences
1.1 M
45 K

BLEU
39.15
36.30
41.06

Table 4: Translation results of iTPB at different combination levels.
Methods

Sent.

BLEU
(dev. set)

BLEU
(in-domain set)

B-CED

80 K
160 K
320 K

40.91
41.12
40.02

35.50
39.47
40.98

iTPB-C

80 K
160 K
320 K

42.25
43.04
42.42

39.39
41.87
40.44

iTPB-M

80 K
160 K
320 K

42.93
43.65
43.97

40.57
41.95
42.21

by [6, 15], showing that keywords overlap (in Figure 1) plays
a significant role in retrieving sentences in similar domains.
However, it still needs a large amount of selected data (more
than 28.0%) to obtain an ideal performance. The main reason
may be that the sentences including same keywords still may
be irrelevant. For example, two sentences share the same
phrase “according to the article,” but one sentence is in the
legal domain and the other is from news. Figure 3 also shows
that FMS fails to outperform the GC-baseline system even it is
much stricter than other criteria. When adding word position
factor into similarity measuring, FMS tries to find highly
similar sentences on length, collocation, and even semantics.
But it seems that our general corpus is not large enough
to cover a certain amount of FMS-similar sentences. With
the size of general or in-domain corpus increases, it may
benefit the translation quality, because FMS still works better
than IC-baseline, which proves its positive impact on filtering
noise.
Among the three presented criteria, PP Based can achieve
the highest BLEU with considering an appropriate amount
of factors for similarity measuring. However, the curves
show that it depends heavily upon the threshold 𝜃 in (2).
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Figure 2: BLEU scores via perplexity-based data selection methods with dev. (a) and in-domain (b) strategies.
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Figure 3: BLEU scores via different data selection methods with dev. (a) and in-domain (b) strategies.

Selecting more or less pseudo in-domain data will lead to
the performance dropping sharply. Instead, Cos-IR works
steadily and robustly with either and both strategies, but its
improvements are not clear. Thus any single individual model
cannot perform well on both effectiveness and robustness.
5.3. Combined Model. From Figure 3, we found that each
individual model peaks between 80 K and 320 K. Thus, we
only selected the top 𝑁 = {80 K, 160 K, 320 K} for further
comparison. We combined Cos-IR and FMS as well as B-CED
and assigned equal weights to each individual model at both
corpus and model levels (as described in Section 3.4). The
translation qualities via iTPB are shown in Table 4.

At both levels, iTPB performs much better than any single
individual model as well as GC-baseline system. For instance,
iTPB-C has achieved at most 3.89 (dev) and 2.72 (in-domain)
improvements than the baseline system. Also the result is
still higher than the best individual model (B-CED) by 1.92
(dev) and 0.91 (in-domain). This shows a strong ability to
balance OOV and noise. On the one hand, filtering too
much unmatched words may not sufficiently address the data
sparsity issue of the SMT model; on the other hand, adding
too much of the selected data may lead to the dilution of
the in-domain characteristics of the SMT model. However,
combinations seem to succeed the pros and reduce the cons
of the individual model. In addition, the performance of iTPB
does not drop sharply when changing the threshold in (2)
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Table 5: Results of combination models.

Methods
GI-baseline
IC-baseline
B-CED+I

iTPB-C+I

iTPB-M+I

Sent.

45 K
80 K
160 K
320 K
80 K
160 K
320 K
80 K
160 K
320 K

or the strategies. This shows that combined models are both
stable and robust to train a state-of-the-art SMT system. We
also prove that model level combination works better (up
to +1 BLEU) than corpus level combination with the same
settings.
5.4. System Combination. In order to advantageously use
all available data, we also combine the in-domain TM with
pseudo in-domain TM to further improve the translation
quality. We used multiple paths decoding technique as
described in Section 2.2.
Table 5 shows that the translation system trained on a
pseudo in-domain subset selected with individual or combined models can be further improved by combining with
an in-domain TM. The iTPB-M+I system comprising two
phrase tables trained on iTPB-M based pseudo in-domain
subset and in-domain corpus still works best. This tiny combined system is at most 3.31+ (dev) and 1.47+ (in-domain)
points better than the GI-baseline system, 8.07+ (dev) and
6.23+ (in-domain) points better than the in-domain system
alone.

6. Conclusions
In this paper, we analyze the impacts of different data
selection criteria on SMT domain adaptation. This is the first
time to systematically compare the state-of-the-art data selection methods such as cosine tf-idf and perplexity. Among
the revisited methods, we consider edit distance as a new
similarity metric for this task. The in-depth analysis can be
very valuable to other researchers working on data selection.
Based on the investigation, a combination approach to
make use of those individual models is extensively proposed
and evaluated. The combination is conducted at not only the
corpora level but also the models level where domain-adapted
systems trained via different methods are interpolated to
facilitate the translation. Five individual methods, Cos-IR,
CE, CED, B-CED, and FMS; three baseline systems and GCbaseline, IC-baseline, and GI-baseline, as well as the proposed
method are evaluated on a large general corpus. Finally, we

BLEU
(dev. set)

BLEU
(in-domain set)
41.06
36.30

41.05
41.14
41.67
42.85
43.48
43.63
43.33
44.13
44.37

35.80
39.54
40.67
41.45
41.88
41.98
41.83
42.43
42.53

further combined the best domain-adapted system with the
TM trained on in-domain corpus to maximize the translation
quality. Empirical results reveal that the proposed model
achieves a good performance in terms of robustness and
effectiveness.
We analyze the results from three different aspects.
(i) Translation quality: the results show a significant
performance of the most methods especially for iTPB.
Under the current size of datasets, considering more
factors in similarity measuring may not benefit the
translation quality.
(ii) Noise and OOVs: it is a big challenge to balance them
for single individual data selection model. However
bilingual resources and combination methods are
helpful to deal with this problem.
(iii) Robustness and effectiveness: a real-life system should
achieve a robust and effective performance with indomain strategy. Only iTPB obtained a consistently
boosting performance.
Finally, we can draw a composite conclusion that (𝑎 > 𝑏
means that 𝑎 is better than 𝑏)
𝑖TPB > PP Based > Cos-IR > Baseline > FMS.

(14)
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Compared with the space fixed feature of traditional wireless sensor network (WSN), mobile WSN has better robustness and
adaptability in unknown environment, so that it is always applied in the research of target tracking. In order to reach the target,
the nodes group should find a self-adaptive method to avoid the obstacles together in their moving directions. Previous methods,
which were based on flocking control model, realized the strategy of obstacle avoidance by means of potential field. However, these
may sometimes lead the nodes group to fall into a restricted area like a trap and never get out of it. Based on traditional flocking
control model, this paper introduced a new cooperative obstacle avoidance model combined with improved SA obstacle avoidance
algorithm. It defined the tangent line of the intersection of node’s velocity line and the edge of obstacle as the steering direction.
Furthermore, the cooperative obstacle avoidance model was also improved in avoiding complex obstacles. When nodes group
encounters mobile obstacles, nodes will predict movement path based on the spatial location and velocity of obstacle. And when
nodes group enters concave obstacles, nodes will temporarily ignore the gravity of the target and search path along the edge of the
concave obstacles. Simulation results showed that cooperative obstacle avoidance model has significant improvement on average
speed and time efficiency in avoiding obstacle compared with the traditional flocking control model. It is more suitable for obstacle
avoidance in complex environment.

1. Introduction
Traditional mobile wireless sensor mainly uses space fixed
sensor nodes for data collection. Although these nodes’
costs are rather low, due to the limitation of communication
and detection range, this fixed network topology cannot
satisfy the micro, mobile application requirement in the
future. Mobile wireless sensor network (MWSN) [1] has
better adaptability and robustness for the changes of the
environment, and the realization of all kinds of new models
becomes a possibility. Construction of mobile wireless sensor
network by adding some mobile nodes has become a hot spot
in current research field. Based on the feature of mobility of
sensor nodes in MWSN, this paper introduces this feature
into target tracking and has wide application in reality, for
instance, tracking wildlife habits, detecting patients’ health
status, and disaster rescuing. In particular, MWSN showed
great advantage in target tracking in bad conditions.

Unlike space fixed WSN, the network constructed by
mobile wireless sensors is more like a swarm system and the
whole group present flocking behavior [2] through individual
local information. There is a problem in target tracking by
using mobile sensors: with limited computing resources and
detecting range [3], how to make sure sensor nodes do not
collide during tracking the target, and sensor nodes can cooperatively choose their path when group encounters obstacles.
Flocking control method [2] is one of the most popular
cooperative control methods. Flocking can be defined as
follows: a group of independent agents keep the form of a
team moving towards a certain destination, and it is a team
behavior. Lots of mobile sensor nodes communicate with
each other and make sure there are no collision, matching
velocity, and gathering towards the group centre. Therefore,
according to the features of swarm system, it is necessary to
build a cooperative control model for mobile wireless sensor
nodes in target tracking.

2
In the meantime, in practical application of mobile
wireless sensor target tracking, the operation environment
of nodes is rather complicated. There exist not only mobile
obstacle, but also concave obstacles. Due to the relative speed
between nodes and obstacles, it is likely for collision when
nodes encounter mobile obstacles to occur. Besides, concave
obstacle with various kinds of holes can easily trap the sensor
nodes and lead to the failure of target tracking. This bad
situation affects the efficiency of target tracking [4], even
gradually away from the destination.
Aiming at above problems, this paper studied the target
detecting [5] methods in mobile wireless sensor network,
improved the flocking control model in swarm system,
realized and improved SA obstacle avoidance algorithm, and
introduced an efficient cooperative obstacle avoidance model.
The system constructed by nodes has wider detecting range
than individual node, and it will make more reasonable judgment during the target tracking or obstacle avoidance. This
paper further improved the obstacle avoidance algorithm, in
order to make up its defect in complex environment, this
paper further improved the obstacle avoidance algorithm.
Group will predict the steering path when it encounters
mobile obstacles. While group encountered concave obstacles, after group entered the concave obstacle, group will
judge its own environment, searching the path along the edge
of obstacle, and will finally exit the concave obstacle and
continue to track the target. Simulation results showed that,
compared with traditional flocking control model, cooperative obstacle avoidance model has significantly improved in
average speed and time efficiency in avoiding obstacle, and it
is applied to avoid the complex obstacles.

2. Related Researches
In the research of target tracking of MWSN, an important
problem is how to make sure nodes do not collide and
separate during target tracking, and nodes’ velocity stays in
a reasonable state. Flocking control model has always been a
hotspot in this research field.
In 1987, Reynolds introduced a model [6] to simulate
swarm behavior by using computer in three dimensions.
This model includes the following rules: (1) separation: avoid
collision with other nodes in detecting range; (2) coherence:
stay close to other nodes in detecting range; (3) matching
velocity: match other nodes average velocity in detecting
range. Reynolds specifically studied the flocking behavior in
biosphere, and although Reynolds did not give a concrete
model, these three rules lead to a new direction in the
research of flocking control.
Tanner et al. [7–9] were inspired by Reynolds’ model,
they introduced a swarm system with double integral feature
and realized the above three rules in Reynolds model. In
article [7], Tanner et al. mainly concerned the fixed network
topology; individual agent only needs to communicate with a
few particular agents. In article [8], Tanner et al. introduced
their model into dynamic topology; agent’s neighborhood
will change with the time; in other words, only agents within
the neighborhood area can communicate with each other.
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Individual’s control input is determined by the other agents
with its detecting range. Article [9] introduced flocking
control model into multiple static obstacles environment;
group steers its direction to avoid obstacles during the
target tracking procedure. Group might separate into several
subgroups to avoid obstacles and gather together to continue
to track the target. However, due to the limits of the model
itself, efficiency of obstacle avoidance is rather low, and parts
of agent cannot reach the destination. Articles [10, 11] further
studied Tanner’s model and introduced the concept of virtual
leader. It concerned virtual leader as a new control input.
Average velocity of group will stay the same as the virtual
leader. Virtual leader can avoid the separation of group. In
Tanner’s model, agent’s control input is separated into several
parts and different control is used to accomplish different
goals. If there comes a new demand, model only needs to
add new control input. This model can adjust different control
inputs to adapt to new environment.
Flocking control model accomplishes the goal of target
tracking; it fits the requirement of target tracking in MWSN.
Tanner’s model is much simpler than others. Simulation
results showed that this model has good cooperative control
ability too. Besides, flocking control model joined obstacle
avoidance algorithm. However, efficiency of its obstacle
avoidance algorithm is rather low. It exerts a repulsive force
when agent encounters obstacles. This may cause unnecessary waste in agent’s velocity and motion path during the
obstacle avoidance procedure. Aiming at this problem, we
need to introduce an efficient obstacle avoidance algorithm
into Tanner’s flocking control model.
Although flocking control model accomplished the target
tracking goal in MWSN, group needs to avoid obstacles
during the tracking procedure. Its obstacle avoidance algorithm directly determined the motion path of group. Virtual
force obstacle avoidance algorithm [12, 13] is main subject in
the current. It exerts a repulsive force on agent when agent
encounters obstacles; agent cannot get near to the obstacle.
Virtual force model is very convenient to establish, but it only
slows down agent’s velocity during the obstacle avoidance
procedure. Without steering judgment, efficiency of obstacle
avoidance is rather low.
Potential field method is a common method in robot path
planning. This method introduced a virtual potential field to
control the motion of robot. Target produces gravitational
potential field, and obstacle produces repulsion potential
field. With those two potential fields, if agents are moving
towards the negative gradient direction of the potential field,
group might be trapped into concave obstacle. And group
cannot reach the destination due to the local minimum point.
Aiming at the above problems, scholars did many beneficial
attempts. Article [14] introduced local minimum recover
method; combined with potential field method and virtual
force algorithm, it overcomes the local minimum problem
in concave obstacle environment. Due to lack of research
efforts, obstacles are heuristic, and the algorithm efficiency
is only based on simulation results. Article [15] introduced
improved artificial potential field method, combined with
potential field method and genetic algorithm (GA), but it
needs too much computer resources and does not apply to
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real-time application. Besides, some articles introduced bestfirst search [15], simulated annealing algorithm [16], and
immediately search [17, 18] into potential field method and
search for a lower potential field value than the local minimum point and move along with the negative gradient direction till the group reaches the destination. Without enough
heuristic information, efficiency of this search method is very
low. Thus, it always comes to a failure in concave obstacle
environment.
In Reynolds’ article, he introduced an obstacle avoidance
algorithm, Steer to Avoid (SA) algorithm. Some scholars
realized similar algorithm [19]. SA algorithm combined with
biological characteristics, we could regard this algorithm
as the birds’ navigation in nature. This obstacle algorithm
has the following features: agent is only concerned with the
obstacle right in front of its heading direction, operates in
its own coordinate system, and is concerned with the right
angle direction of the obstacle’s centre and itself as steering
direction. SA algorithm allows agents moving along with the
edge of obstacle; it has better understanding of the obstacle
information and further improved obstacle avoidance efficiency.
In conclusion, it is of great importance to avoid obstacles
with high efficiency in flocking control model. SA algorithm
is an efficient obstacle avoidance algorithm, but it has its
own shortage. We need to establish a cooperative obstacle
avoidance model by joining efficient obstacle avoidance
algorithm in flocking control model. Cooperative obstacle
avoidance model can avoid obstacles with high efficiency
during the target tracking procedure.

3. Cooperative Obstacle Avoidance Model
3.1. Problem Description. There are 𝑁 agents on a plate. Agent
size will be ignored, and its mass is 1. Agents are equipped
with sensors, so we can regard every agent as a sensor
node. Sensors can receive information from its neighborhood
agent, such as position and velocity. We assume that the
detection angle is 2𝜋. Agents are moving with the following
functions:
𝑟𝑖̇ = V𝑖 ,
V̇𝑖 = 𝑢𝑖 ,

𝑖 = 1, . . . , 𝑁,

𝑇

(1)

y

i = (xi̇, yi̇)T
ri = (xi , yi )

𝜃i

R

u i = 𝛼 i + 𝛽i + 𝛾 i

o

x

Figure 1: Cooperative obstacle avoidance model.

3.2. Model Establishment. Neighborhood (detection zone),
because of sensor node, can only communicate with nodes
in its detection range, and the control input is acquired from
this information mostly. 𝑁𝑖 is a node set that indicates which
node inside the detection zone of node 𝑖:


(3)
𝑁𝑖 = {𝑟𝑖𝑗 ≤ 𝑅} ⊆ {1, . . . , 𝑁} ,
where 𝑅 is the detection radius of node 𝑖. Because nodes
are moving all the time, the distance between nodes is not
constant, so the neighborhood agents will change with time.
Velocity matching control input 𝛼𝑖 : goal of this control
input is to keep node’s velocity equal to the neighbor’s:
𝛼𝑖 = − ∑ (V𝑖 − V𝑗 ) .
𝑗∈𝑁𝑖

(4)

Synergy control input 𝛽𝑖 : this control input exerts a
repulsion force while two nodes stay too close and exert an
attraction force if the distance between two nodes is too far.
When the distance is longer than 𝑅, there is no force at all. The
combined effects of node 𝑖’s neighboring nodes construct the
control input 𝛽𝑖 . 𝑉𝑖𝑗 is the control input to node 𝑖, which is
exerted by node 𝑗:
𝑛

𝑇

T

𝑉𝑖𝑗 = (𝑟𝑖𝑗 − 𝑟) ;

𝑛 = 1, 3, 5, . . . , 2𝑘 + 1.

(5)

where 𝑟𝑖 = (𝑥𝑖 , 𝑦𝑖 ) is the position of agent 𝑖; V𝑖 = (𝑥𝑖̇ + 𝑦𝑖̇)
is its velocity; the included angle betweenV𝑖 and horizontal
) is its
direction will be 𝜃𝑖 , tan 𝑞𝑖 = 𝑥𝑖̇/𝑦𝑖̇, and 𝑢𝑖 = (𝑥𝑖̈+ 𝑦𝑖̈
control input. Relative position vectors are denoted 𝑅𝑖𝑗 = 𝑟𝑖 −
𝑟𝑗 . The control input consists of three components (Figure 1):

As the group is stabilized, the distance between two nodes
will be 𝑟. 𝑛 is an odd number of positive integer which
depends on the situation. We can define the synergy control
input 𝛽𝑖 as

𝑢𝑖 = 𝛼𝑖 + 𝛽𝑖 + 𝛾𝑖 .

𝛽𝑖 = − ∑ 𝑉𝑖𝑗 .

(2)

The first component, 𝛼𝑖 , is the velocity matching term;
it implements the third goal in Reynolds’ model. 𝛽𝑖 is
the synergy term and it implements the first two goals in
Reynolds’ model. 𝛾𝑖 is the virtual leader term; it can produce
a repulsive force which let the agent 𝑖 move away fromaway
from obstacles and leads agents moving towards destination
𝑟𝑑 = (𝑥𝑑 , 𝑦𝑑 )𝑇 .

𝑗=1,𝑖 ≠𝑗

(6)

Virtual leader control input 𝛾𝑖 : the mission of this term
is to lead nodes moving towards the destination 𝑟𝑑 and
decelerates when nodes encountered an obstacle. When the
obstacle is out of node’s detection range, this control input
exerts a constant force 𝑈𝑖 = 𝑈𝑑 on node towards destination,
and it can lead node moving towards destination. When
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node’s velocity reaches a maximum value Vmax , it cancels the
exertion of 𝑈𝑖 . When node is close to the destination 𝑟𝑖𝑑 <
𝑟min , cancel this force too. And let node finally stay around the
destination. When node detects an obstacle, we first cancel
this attraction force, and seek the nearest point 𝑟𝑜 on obstacle,
exerting a repulsion force on node 𝑖:
−𝑈𝑜
𝑈𝑖 =
𝑚,
(𝑟𝑖𝑜 )

y

Horizontal
𝜑i (𝜎i )

Obstacle
i

i

(7)

Destination
𝜉i
Tangent line

where 𝑈𝑜 is a constant value, and 𝑚 is a positive integer; we
can define the virtual leader control input as 𝛾𝑖 = 𝑈𝑖 .
Thus, the total control input 𝑢𝑖 of node 𝑖 can be defined as
− ∑ (V𝑖 − V𝑗 ) − ∑ 𝑉𝑖𝑗 −𝑈𝑖 −𝑘V𝑖 ;
{
{
{
{ 𝑗∈𝑁𝑖
𝑗∈𝑁𝑖
𝑢𝑖 = {
{
{− ∑ (V𝑖 − V𝑗 ) − ∑ 𝑉𝑖𝑗 −𝑈𝑖 ;
{
𝑗∈𝑁𝑖
{ 𝑗∈𝑁𝑖

o

𝑟𝑖𝑑 < 𝑟min

Figure 2: Direction judgment in SA algorithm.

otherwise.
(8)

When nodes are close to the destination 𝑟𝑖𝑑 < 𝑟min , exert
a damping control −𝑘V𝑖 on nodes.
3.3. SA Algorithm. Tanner’s model realized the three flocking
laws of Reynolds’ model. However, without any steering judgment, this model only slows nodes down while it encounters
the obstacle. We need to add an efficient obstacle avoidance
algorithm. Here, we introduced SA algorithm.
Traditional SA algorithm only concerns the obstacles
right in front of node’s velocity direction. This approach exerts
a steering control input on node. The direction of this control
input is in vertical direction of the line which links the center
of the obstacle and the intersection point on obstacle of
velocity line and the obstacle edge. However, in reality, the
center of the obstacle is difficult to determine, and sensors do
not have such a long detection range. So, this paper improved
Steer to Avoid obstacle avoidance algorithm, defining turning
direction as the tangent line of the intersection point on
obstacle of velocity line and the obstacle edge. It leads nodes
group to avoid the obstacle efficiently.
Procedures of the SA obstacle avoidance algorithm can be
described as follows.
Step 1. When sensor detects an obstacle, calculate the tangent
line of the intersection point on obstacle of velocity line and
the obstacle edge.
Step 2. Tangent line has two directions. We choose one
direction randomly; this azimuth is recorded as 𝜎𝑖 (all the
azimuth is relative to the horizontal). Then, we connect the
node 𝑖 and destination 𝑟𝑑 : the azimuth of this line is recorded
as 𝜉𝑖 , and this line is bound to intersect with the tangent line:
𝜉𝑖 = arctan (

(𝑦𝑖 − 𝑦𝑑 )
).
(𝑥𝑖 − 𝑥𝑑 )

x

(9)

Step 3. Based on Step 2, if we choose 𝜎𝑖 as the turning
azimuth, after node turned its direction, we project velocity
on 𝜉𝑖 line, and we can attain a velocity component. Then, use

𝜎𝑖 subtract 𝜉𝑖 , if result is an acute angle, it means the velocity
component points are at 𝑟𝑑 , so the group is moving towards
𝑟𝑑 . We choose 𝜎𝑖 as the turning azimuth. Reversely, if the
result is an obtuse angle, we use 𝜎𝑖 subtract 𝜋. Finally, we can
attain a turning azimuth 𝜙𝑖 . It is shown in Figure 2 𝜑𝑖 can be
described as
{𝜎𝑖 ;
𝜑𝑖 = {
𝜎 − 𝜋;
{ 𝑖

 𝜋

𝜎𝑖 − 𝜉𝑖  ≤
2
otherwise.

(10)

In addition, it is possible that some nodes do not detect
the obstacle (the turning azimuth is null), but its neighboring
nodes have changed its direction (the turning azimuth is not
null). These nodes can make a turning decision according to
the information from its neighborhood. This decision is made
before nodes detect the obstacle, so the efficiency of obstacle
avoidance is improved.
Before a node makes a turning decision, firstly, we
check if this node detected an obstacle. Node chooses a
turning direction according to the SA algorithm. If there was
no obstacle, node will examine all the neighboring nodes’
turning azimuth, and attain an average turning azimuth.
There are 𝑛 nodes in the neighborhood nodes of node 𝑖, in
which their turning azimuth is not null. It can be described
as
𝜑𝑗
null.
; 𝑗 ∈ 𝑁𝑖 , 𝜑𝑗 ≠
𝜑𝑖 = ∑
(11)
𝑛
𝑗∈𝑁𝑖

In conclusion, through the above model, it leads nodes
group moving towards the destination cooperatively and
avoids the obstacle with a high efficiency. What more, a single
node’s detection range is rather small, because they are lots
of nodes in a group; these nodes construct a huge detection
zone. This will let nodes group make its steering decision
more wisely.
3.4. Cooperative Obstacle Model in Complex Environment.
If there existed mobile obstacle in environment, current
model’s steering judgment might be the same as the velocity
direction of obstacle. It leads to the decrease of obstacle
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Figure 4: Projection of obstacle velocity.
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Figure 3: Movement Prediction.

avoidance efficiency. The following two solutions based on
the features of mobile obstacle combined with SA algorithm
in the obstacle avoidance procedure.
3.4.1. Movement Prediction. According to the mobile obstacle’s velocity, nodes could predict the position of obstacle after
Δ𝑡 seconds (assume that obstacle is moving with the same
speed). Nodes apply its SA algorithm based on the predicted
position. Thus, node group improved its obstacle avoidance
efficiency according to its moving tendency. While obstacles
entered a node’s detecting range, it calculates mobile obstacle’s instant velocity V𝑜 through the differential of obstacle’s
position. We could decompose V𝑜 into vertical and horizontal
direction:
V𝑜𝑥 = V𝑜 × cos 𝜃𝑜 ,
V𝑜𝑦 = V𝑜 × sin 𝜃𝑜 .

(12)

𝜃𝑜 is the included angile between the obstacle velocity
direction and horizontal direction. Position of points (𝑂𝑥 ,
𝑂𝑦 ) on the obstacle after Δ𝑡 seconds will be
𝑂𝑥 = 𝑂𝑥 + V𝑜𝑥 × Δ𝑡,
𝑂𝑦 = 𝑂𝑦 + V𝑜𝑦 × Δ𝑡.

(13)

As shown in Figure 3, node applies its SA algorithm
according to the obstacle’s position after Δ𝑡 seconds. Obstacle
is already not on the node’s velocity direction. And node will
not change its direction. In reality, Δ𝑡 is rather short.
3.4.2. Obstacle Velocity. With the composed effects of the
above model, it only leads nodes moving along with the
edge of obstacle. However, if obstacle tends to move away
from nodes, efficiency of obstacle avoidance will decrease. If
obstacle tends to move towards nodes, SA algorithm cannot
adjust node’s velocity into a reasonable value. Thus, velocity
of obstacle should be considered in the SA algorithm.
According to the original SA algorithm, during the
obstacle avoidance procedure, one tangent direction will

be selected as the node’s steering direction. As shown in
Figure 4, we assume that V𝑖1 is the node’s velocity after the
SA algorithm. We decompose obstacle’s velocity by projecting
it into node’s SA coordination. This coordination uses the
tangent direction as the 𝑋-axis and the vertical direction
of the tangent line as the 𝑌-axis. It attains two velocity
components, V𝑜1 and V𝑜2 .
We can project obstacle’s velocity into node’s SA coordination by the following simultaneous equations from (14) to
(18):
V𝑜1𝑥 + V𝑜2𝑥 = V𝑜𝑥 ,

(14)

V𝑜1𝑦 + V𝑜2𝑦 = V𝑜𝑦 ,

(15)

2
2
2
2
2
2
V𝑜1𝑥
+ V𝑜2𝑥
+ V𝑜1𝑦
+ V𝑜2𝑦
= V𝑜𝑥
+ V𝑜𝑦
,

(16)

tan 𝜑𝑖 =
tan (𝜑𝑖 +

V𝑜1𝑦
V𝑜1𝑥

,

V𝑜2𝑦
𝜋
.
)=
2
V𝑜2𝑥

(17)
(18)

If V𝑜1 and V𝑖1 are on the opposite direction, it is suitable for
nodes group to avoid obstacle, so we choose V𝑖1 as the final
steering direction. If V𝑜1 and V𝑖1 are on the same direction,
it means that nodes group tends to move with the same
direction of obstacle. In this situation, if the speed of obstacle
is rather slow, nodes group could accelerate to go around
obstacle, and if obstacle’s speed is close to node’s speed, we
need to reverse V𝑖1 . If V𝑜1 is smaller than half of V𝑖1 , select V𝑖1
as the steering velocity, and if V𝑜1 is larger than half of V𝑖1 ,
reverse V𝑖1 as the steering direction. We could define V𝑖1 in
the following:
1
{
{V𝑖1 ; V𝑖1 , V𝑜1 opposite, or V𝑜1 < V𝑖1 ,
2
V𝑖1 = {
1
{−V ; V , V same,
and V𝑜1 > V𝑖1 .
𝑖1 𝑖1 𝑜1
2
{

(19)

Combine V𝑖1 and V𝑜1 , and we could obtain the final steering velocity V𝑖 . Because this steering velocity was determined
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by the tendency of obstacle’s movement, the efficiency of
obstacle avoidance is much more higher:

= V𝑜2𝑥 + V𝑖1𝑥 ,
V𝑖𝑥

= V𝑜2𝑦 + V𝑖1𝑦 .
V𝑖𝑦

(20)

In reality, the environment of nodes group is very complicated, not only in mobile obstacles, but also in some
concave obstacles. While nodes group encountered concave
obstacles, due to the limitation of nodes’ detecting range,
nodes group cannot determine its tendency of entering the
concave obstacle. According to the above model, after nodes
detect the concave obstacle, nodes will use SA algorithm to
avoid the obstacles. In the concave obstacle, with gravitation
of the destination, nodes group will be trapped in the
obstacle.
Local information cannot let nodes make a reasonable
path choice due to the limitation of the detecting range.
No matter whether concave obstacles or convex obstacles,
first time of the SA obstacle avoidance judgment is always
the same. Because the gravitation force of destination might
affect the path search procedure, we cancel this gravitation
force after nodes detected obstacles during the SA obstacle
avoidance procedure. In order to make sure nodes group
do not move away from the obstacle, here we introduced a
gravitation force to the obstacles:
𝑈𝑖

𝑈 𝑟 ;
= { 𝑜 𝑖𝑜
0;

0 < 𝑟𝑖𝑜 ≤ 𝑅,
𝑟𝑖𝑜 > 𝑅,

i
Tangent line

o

x

Figure 5: No obstacle was detected on both two directions.

y

Target d
i

i

(21)

(1) No obstacle was detected on both two tangent directions. Due to the limitation of the detecting range, and
the tangent line is on the edge of obstacle, it is hard for
the nodes to attain local information. Here, we move
tangent line to the centre of node 𝑖 and tangent point 𝑜
and determine if this line intersects with obstacles. As
shown in Figure 5, because node cannot determine if
it has already entered the concave obstacle, it uses the
original SA algorithm in (10) to avoid obstacle. Based
on (22), we could get the tangent line 𝑙, where (𝑥𝑜 , 𝑦𝑜 )
is the tangent point of the obstacle and node’s velocity
line:
(𝑥 − 𝑥𝑜 )
(𝑦𝑖 − 𝑦𝑜 )
).
= 𝜎𝑖 (𝑋 − 𝑖
2
2

i

Tangent line

where 𝑈𝑜 is a constant value and 𝑟𝑖𝑜 is the closest point on the
obstacle 𝑂 to the node. This gravitation force applies to node’s
obstacle avoidance procedure, combined with effect of (7). It
makes sure nodes moving along with edge of the obstacle and
keeps obstacle in node’s detecting range.
After the SA obstacle avoidance judgment, we need to let
nodes group move along with the edge of obstacle, without
the effect of the target’s gravitation. In the SA algorithm, we
could attain two tangent angels: 𝜎𝑖 and 𝜎𝑖 − 𝜋; we need to
choose one tangent angel as the steering direction. According
to the local information in the node’s detecting range, we
could choose the steering direction based on the following
three situations.

𝑌−

Target d

y

(22)

o

x

Figure 6: Obstacle was detected in one direction.

(2) Obstacle was detected on one tangent direction. As
shown in Figure 6, node could determine that it is in
the concave obstacle. In order to let node searching
path along with the edge of obstacle, here we ignored
the SA judgment which is close to the target. Tangent line only got one intersection with the edge of
obstacle in node’s detecting range. Select the tangent
direction which is without obstacle in the detecting
range.
(3) Obstacles were detected on both two tangent directions. As shown in Figure 7, node cannot exit concave
obstacle if nodes choose tangent direction as steering
direction. Tangent line has two intersections with the
edge of obstacle. In order to make sure node could
exit the obstacle, we reverse node’s velocity direction
as the steering direction.
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Figure 8: Static obstacle avoidance by applying flocking control
model.

Figure 7: Obstacles were detected in both two directions.

The final steering angel 𝜑𝑖 can be described by the
following, where 𝜃𝑖 is node’s velocity angel before the SA
algorithm.

4. Simulation and Analysis

(24)

Section 3 has already realized cooperative obstacle avoidance model. Experiments simulate the cooperative obstacle
avoidance model and prove the effectiveness and stability
of the model. Because the model was based on Tanner’s
flocking control model, simulation will compare the model
with flocking control. Simulation records the velocity and
position of 10 sensor nodes and analysis will be made based
on the simulation result.
Initiate the 10 sensor nodes as follows: (1) initial velocity
is a random value between (−100, −100) and (100, 100). (2)
Detecting range of the sensor nodes is 150. (3) Initial control
input is 0. (4) Sensor nodes initiate the same coordination
system, but only operate in its own coordination.
After the initialization, these sensor nodes move towards
the target cooperatively and avoid the complex obstacles in
the environment. Simulation records the motion path of 10
sensor nodes. Horizontal axis is the 𝑥 position of nodes, and
vertical axis is the 𝑦 position of nodes.
In simulation, mobile wireless sensor nodes move as a
group. There is no collision or separation during the target
tracking procedure. Single node’s velocity is always close to
the average velocity of the group. Nodes group moves towards
the target with the gravitation force of the target.

Through the above model, mobile wireless sensor nodes
constructed a stable group and move towards the target.
During the target tracking procedure, nodes group might
encounter some obstacles. Model cancels the gravitation force
of the target and lets nodes group searching path along with
the edge of obstacle. It increases the efficiency of obstacle
avoidance. While nodes group encountered mobile obstacle,
nodes will predict the obstacle’s position according to the
velocity of obstacle. While nodes group encountered concave
obstacles, nodes could determine that they have already
entered the concave obstacle. Nodes could adjust its velocity
into a reasonable direction, search for the path along with the
edge of obstacle, and finally avoid the concave obstacle.

4.1. Simulation in Static Obstacle Environment. Simulation
result is shown in Figure 8 by applying Tanner’s flocking
model. While nodes group encountered static obstacles, with
the effects of the control input, nodes group only stay far
from the obstacle and move towards the target again. Due to
the huge cost of nodes’ speed, nodes reached target after two
deceleration.
In Figure 9, we applied the cooperative obstacle avoidance model with SA algorithm. While sensor nodes encountered static obstacles, nodes could make the obstacle avoidance judgment instantly and move along with the edge of
the obstacle. Nodes which encountered obstacle first could
inform the nodes that did not. Simulation results showed that

Equation (10) ;
{
{
{
{
𝜎𝑖 ;
{
{
{
{
{
{
{
𝜑𝑖 = {𝜎𝑖 − 𝜋;
{
{
{
{
{
{
{
{
{
{𝜃𝑖 − 𝜋;
{

no obstacle was detected,
obstacle was detected only
in direction 𝜎𝑖 ,
obstacle was detected only (23)
in direction 𝜎𝑖 − 𝜋,
obstacle was detected in
both two direction.

With the above equation, nodes search the exit path along
with the edge of obstacle by applying improved SA algorithm.
And the gravitation and the repulsion forces keep nodes
moving along with the edge of obstacle. In order to make
sure nodes do not enter the concave obstacle again, here we
record 𝑈𝑖  before nodes exit the obstacle and exert this force
for another Δ𝑡 seconds. Δ𝑡 is dependant on nodes’ velocity,
and it can be defined by the following, where 𝑇 is a constant
value. After Δ𝑡 seconds, resume the gravitation force of the
target,
Δ𝑡𝑖 =

𝑇
.
V𝑖
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Figure 9: Static obstacle avoidance by applying cooperative obstacle
avoidance model.
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Figure 11: Mobile obstacle avoidance by applying flocking control
model.

after the SA steering judgment. Simulation result showed that
cooperative obstacle avoidance model only needs 80 seconds
to reach the target. Thus, cooperative obstacle avoidance
model could avoid the obstacle with a higher speed and
efficiency and reach the target much more sooner.
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Figure 10: Speed curve of static obstacle avoidance.

cooperative obstacle avoidance model improves the efficiency
of obstacle avoidance.
Based on the simulation results, the average motion path
length and the average speed of sensor nodes could also be
regarded as an important value to determine efficiency of the
model. In Figure 10, cooperative obstacle avoidance model
moved less distance than the flocking control model. It chose
better motion path, with less deceleration.
In Figure 10, horizontal axis is the movement time of the
nodes group. Vertical axis is the average speed of the 10 nodes.
The blue curve is the application of Tanner’s flocking control
model. The crimson curve is the application of cooperative
obstacle avoidance model. We could draw a conclusion based
on this simulation result. Flocking control model had a huge
deceleration when nodes encountered obstacle. It needs 200
seconds to reach the destination approximately. Cooperative
obstacle avoidance model only had a small deceleration
during the obstacle avoidance; It regains the velocity soon

4.2. Simulation in Mobile Obstacle Environment. Nodes
group avoids the mobile obstacle by applying flocking control
model; the simulation result is shown in Figure 11.
Tanner’s flocking control model only exerts a repulsion
force on nodes, without any steering judgment. As a result of
that, if nodes decrease their speed when encounter obstacle,
it will take a long time for them to regain the velocity. During
this procedure, obstacle is also moving, and nodes group
might encounter the obstacle again. Thus, efficiency of flocking control model applied in mobile obstacle environment is
rather low.
Simulation result of original cooperative obstacle avoidance model applied in mobile obstacle environment is shown
in Figure 12. With the SA steering judgment, the steering
direction was chosen as the tangent direction. The efficiency
of obstacle avoidance is higher than the flocking control
model. But in the mobile obstacle environment, steering
judgment of SA algorithm might not be the best. If the
steer direction is the same as the mobile obstacle’s velocity
direction, nodes group and obstacle remained relatively
static. The efficiency of obstacle avoidance decreased.
Improved cooperative obstacle avoidance model was
applied in the mobile obstacle environment; it combined the
effects of obstacle’s position and velocity. Simulation result
is shown in Figure 13. If the SA steering velocity is close to
obstacle’s velocity, nodes could reverse its velocity direction.
What is more, nodes predict the mobile obstacle’s position
before the SA algorithm. Improved obstacle avoidance model
increased the efficiency of obstacle avoidance.
Figure 14 revealed the speed curves of the above three
different models.
In Figure 10, horizontal axis is movement time of the
nodes group. Vertical axis is the average speed of the 10
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Figure 12: Mobile obstacle avoidance by applying original cooperative obstacle avoidance model.
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Figure 13: Mobile obstacle avoidance by applying improved cooperative obstacle avoidance model.
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Figure 14: Speed curve of mobile obstacle avoidance.
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Figure 15: Concave obstacle avoidance by applying flocking control
model.

nodes. The blue curve is the application of flocking control model. The black curve is the application of original
cooperative obstacle avoidance model. The crimson curve is
the improved cooperative obstacle avoidance model. Tanner’s
flocking control model based nodes group decelerates when it
encounteres obstacle; efficiency of obstacle avoidance is very
low. It did not reach the target after 100 seconds. Original
cooperative obstacle avoidance model based nodes group has
less waste of speed. Nodes group move along with the edge of
obstacle and finally reach the target. However, obstacle and
nodes group remained relatively static. It takes 90 seconds
to reach the destination. Improved cooperative obstacle
avoidance model took obstacle’s velocity into consideration; it
chose a better motion path. It takes only 60 seconds to reach
the destination. The speed curve reveals that model keeps a
high speed and efficiency to avoid the obstacle.
4.3. Simulation in Concave Obstacle Environment. In
Figure 15, we applied flocking control model into concave
obstacle environment. Flocking control model only exerts a
repulsive force on nodes while nodes stay too close to the
obstacle. After two decelerations in the concave obstacle,
nodes group finally exit the concave obstacle. It takes a long
procedure to make nodes adjust their velocity direction
towards target again. What is more, nodes group might enter
concave obstacle again, and the target tracking procedure fell
into an infinite loop and cannot reach the target forever. The
speed curve of the 10 nodes is shown in Figure 16. It takes
150 seconds for nodes group to reach the target.
Applying original cooperative obstacle avoidance model
into simulation, the result is shown in Figure 17.
According to the SA algorithm, all the steering judgment
is based on the target. Nodes group will make SA judgment
for several times when it enteres the concave obstacle. But
each judgment only let nodes group be trapped in the concave
obstacle rather than exit. The average speed curve of 10 nodes
is shown in Figure 18. Average speed of nodes group slowly
decelerate but still could not get out of the concave obstacle.
It did not reach the target after 150 seconds.
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Figure 17: Concave obstacle avoidance by applying original cooperative obstacle avoidance model.

Improved cooperative obstacle avoidance model takes
concave obstacle into consideration; the application of this
model is shown in Figure 19. When nodes group approach
the obstacle at first time, improved model’s SA judgment is
the same as the original model. On second time, improved
model chose a better path based on the local information. The
gravitation force of obstacle let nodes group search the path
along with the edge of obstacle and finally exited the concave
obstacle. It takes 150 seconds to reach the destination. Average
speed curve is shown in Figure 20.
The average distance curve between nodes and target is
shown in Figure 21. The blue short-dotted curve is the application of flocking control model. Nodes group decelerated
when it encountered obstacle; it took too much time for nodes
group to adjust its velocity to move towards target. Nodes
group reentered obstacle after exiting the concave obstacle.
Thus, average distance between nodes and target rises and
reduces alternately; nodes group cannot reach the target at the
end. The blue solid curve is the application of original cooperative obstacle avoidance model. Based on the SA algorithm,
nodes group made its SA steering judgment several times.
However, each time of the SA steering judgment is always
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Figure 19: Concave obstacle avoidance by applying improved
cooperative obstacle avoidance model.
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Figure 20: Speed curve by applying improved cooperative obstacle
avoidance model.
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results demonstrated the efficiency and the stability of the
model in complex obstacle environment.
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aimed at the target. Distance between nodes group and destination remains a constant value; nodes group did not reach
the target too. The blue long-dotted curve is the application
of improved cooperative obstacle avoidance model. After two
SA judgments, nodes could already determine that it was in
the concave obstacle. Although the procedure of nodes group
search path along with edge of obstacle temporary canceled
the gravitation force of target, the velocity of nodes group was
adjusted very quick, and nodes group reaches the target at
last.
In conclusion, the cooperative obstacle avoidance model
established in this paper has a considerable improvement
in both efficiency and stability in obstacle avoidance. What
is more, improvement of the model based on complex
environment lets model have better flexibility. Cooperative
obstacle avoidance model lets nodes group move towards the
target cooperatively and avoids the complex obstacles in the
environment.

5. Conclusion
This paper studied the features of target tracking in mobile
wireless sensor network and the concept, features, category,
application areas of flocking control mode, and obstacle
avoidance algorithm. This paper introduced the flocking
control model which was realized by Tanner et al., combined
with the improved SA algorithm and introduced cooperative
obstacle avoidance model. Aimed at the defects of the model
in complex obstacle environment, nodes group could predict
the motion tendency of the obstacle, so that nodes could
make a better steering judgment. While nodes group encountered concave obstacles, improved model lets nodes group
search the path along with the edge of obstacle and cancels
the gravitation force of the target. It restores the gravitation
force after nodes group exits the concave obstacle. Simulation
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In digital mammograms, an early sign of breast cancer is the existence of microcalcification clusters (MCs), which is very important
to the early breast cancer detection. In this paper, a new approach is proposed to classify and detect MCs. We formulate this
classification problem as sparse feature learning based classification on behalf of the test samples with a set of training samples,
which are also known as a “vocabulary” of visual parts. A visual information-rich vocabulary of training samples is manually built
up from a set of samples, which include MCs parts and no-MCs parts. With the prior ground truth of MCs in mammograms, the
sparse feature learning is acquired by the 𝑙𝑃 -regularized least square approach with the interior-point method. Then we designed
the sparse feature learning based MCs classification algorithm using twin support vector machines (TWSVMs). To investigate its
performance, the proposed method is applied to DDSM datasets and compared with support vector machines (SVMs) with the same
dataset. Experiments have shown that performance of the proposed method is more efficient or better than the state-of-art methods.

1. Introduction
Breast cancer is the most common tumor disease in women,
with the increasing incidences in recent years. And also, it is
one of the major death causes among middle-aged women
in the world. Currently, digital mammograms are one of the
most reliable methods to perform the early diagnosis, which
is very important for the effectiveness of treatment methods.
In digital mammograms, an important sign of the early
breast cancer is the existence of MCs. They always exist in
30%–50% of mammographically diagnosed cases, which are
present with tiny bright spots of different morphology. Microcalcifications are small calcifications with different shapes
and densities, approximately 0.1–1 mm in diameter. Isolated
microcalcifications are not dangerous, but a microcalcification cluster might be an early sign of breast cancer [1], which
is a region including more than three microcalcifications per
5 mm × 5 mm.
However, there is only about 3% of useful information in
mammograms, which can be seen by doctors with the naked
eye. Due to the fact that most details in mammograms cannot
be perceived by human eyes, it is even very difficult for a
skillful radiologist to find the sign of early breast cancer, that

is, MCs, as a result missing the best time for treatment. So, one
of the key techniques for early diagnosis of the breast cancer
is to detect MCs and to judge whether they are malignant or
not in mammograms.
According to recent researches, there are several existing
criteria to characterize the MCs shape properties. Among
them, one of the well known is the category criterion
proposed by Le Gal et al. [2], which illustrates five groups
(shown in Figure 1). Different groups identify different kinds
of MCs in the ascending order of the degree of malignancy.
As shown in Figure 1, the first group describes the O-shaped
calcifications and partially calcified ones, known as teacup
calcifications. The second one includes regular and round
calcifications with uniform density. The third is composed
of calcifications with the same shape and smaller size than
the second one. Class IV is also called salt shaped, which is
irregular MCs related to the high degree of malignancy. Type
V is also closely related to a very high degree of malignancy,
which is called vermicular shaped.
Up till now, computer aided diagnosis (CAD) is still a
useful tool in breast cancer detection to improve the accuracy
of radiologists and to help radiologists to read mammogram
films. It may provide good help to radiologists in interpreting
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Figure 1: Le Gal’s MCs classification standards. Type I: annular; Type II: regularly punctiform; Type III: dusty; Type IV: irregularly punctiform;
Type V: vermicular calcification.

mammograms to detect MCs and classify them into malignancy or not. A large number of researchers in this field have
been trying to find effective methods to automatically detect
MCs and categorize them as normal, benign, or malignant.
Because it is very important in breast cancer diagnosis,
the detection accuracy of MCs has become a crucial application task and research. Recently a lot of methods have been
developed. These approaches have been also greatly assisting
radiologists and doctors in diagnosing the disease [3–5].
Among them, several methods focus on image enhancement
and segmentation of regions of interests (ROIs), such as local
threshold and classical image filter [6, 7], optimal filters [7, 8],
fractal models [9], wavelet and multiscale analysis [6, 10, 11],
and mathematical morphology [12, 13]. Various classification
approaches based on machine learning have also been presented to detect and classify MCs, such as rule-based systems
[14], fuzzy logic systems [15–19], statistical methods based
on Markov random fields [20, 21], support vector machines
(SVMs) [20, 22], twin support vector machines (TWSVMs)
[23, 24], and twin support tensor machines (TWSTMs) [24].
In the last ten years, a lot of researches reported in the literatures have used neural networks for MCs characterization
[9, 10, 12, 25–28]. With the development of SVMs, various
SVMs have been designed to categorize ROIs [29].
However, how to successfully apply the mammography
technology to detect breast cancer and design a breast cancer
detection system greatly depends on the careful designing
of the two important modules: feature selection and sample
classification. A lot of well-established methods have been
proposed to address this challenge problem. According to
[30], these methods can be categorized into the following
groups: (a) traditional methods, such as linear discriminant
analysis (LDA), K-nearest neighbor (KNN), logistic regression (LR), and generalized partial least square (GPLS); (b)
classification trees and aggregation methods, such as classification and regression tree (CART), bagging and boosting
(BB), random forest (RF), and ensemble learning (EL); (c)
machine learning based methods, such as neural network
(NN), support vector machines (SVMs), and twin support
vector machines (TWSVMs); and (d) generalized methods,
such as flexible discriminant analysis (FDA), bias discriminant analysis (BDA), mixture discriminant analysis (MDA),
and shrunken centroid method.
To detect the early sign of this disease and to aid doctors
to diagnose breast cancer in early stage, a novel approach
for MCs classification is proposed based on sparse feature

learning and representation with TWSVMs, which is inspired
by the recent progress in 𝑙1 -norm minimization-based
approaches [31, 32]. These approaches, such as compressive
sensing for sparse signal reconstruction, basis pursuit denoising, and the Lesso algorithm for features selection, have been
well developed. Inspired from the above well-established
approaches, our approach presented in this paper is based
on the belief that the key problem to finding a solution to
the problem depends on learning the suitable representation.
Especially, to extract high-level and conceptual information, for example, the existence of an MC in a mammogram
block, it is very important for us to convert the low-level
input, such as the pixel value, to high-level and more meaningful representations. Through this transformation, the feature learning and detection process will be well constructed.
Ideally, a test example can be represented just from the
training samples of the same category. Therefore, when the
test sample is expressed as a linear combination of the entire
training sample, the coefficient vector will be sparse. That
is, there will be relatively few nonzero coefficients in the
vector. Test samples from the same category will have a similar sparse representation, while test samples from different
categories will lead to different sparse representations. So the
sparse representation coefficients can be treated as the more
meaningful and discriminant information for the samples
classification. In order to get the sparse coefficient vector, we
use 𝑙1 -regularized least square [33] to solve the problem.
To achieve a good performance for MCs detection, we
designed two methods to achieve the goal of the detection
system. The first one is the sparse discriminant analysis algorithm, which is achieved by computing the residuals of sparse
coefficients of the test sample between the centroid sparse
coefficients of training samples. As we have known traditional
supervised learning methods always use a training procedure
to create a classification model for testing. But the proposed
sparse representation based approach does not contain the
separate training and testing sections. We directly achieved
the classification goal out of the testing samples’ sparse
representation according to the training samples. Another
unique feature of the new method is that no model selection
is needed. The second one is designed by the combination
of sparse representation and the state-of-the-art classifier
TWSVMs. We employ the sparse representation approach as
a feature learning method in terms of the coefficient vector
for samples feature extraction, and then we feed it with the
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trained TWSVMs to formulate the detection method as a
supervised learning approach.
The paper is organized in five sections. Technology
backgrounds of our approach are presented in Section 2;
sparse representation based MCs detection algorithm and
TWSVM based MCs detection with sparse representation are
given in Section 3. Thereafter, the sparse representation based
MCs detection algorithms are formulated, and experimental
results are illustrated in Section 4 accordingly. Finally, conclusions are drawn in Section 5.

2. Technology Backgrounds
2.1. Image Sparse Representation and Learning. Given a training dataset {(x𝑖 , 𝑙𝑖 ); 𝑖 = 1, . . . , 𝑛}, x𝑖 ∈ 𝑅𝑑 , 𝑙𝑖 ∈ {1, 2, . . . , 𝑁},
where x𝑖 is the 𝑖th sample, a 𝑑-dimension column vector
contains MCs features, 𝑑 is the number of features, and 𝑙𝑖
represents the label of the 𝑖th sample with 𝑁 as the number
of categories, and a test sample y ∈ 𝑅𝑑 , the problem of
sparse representation aims to find a column vector c =
[𝑐1 , 𝑐2 , . . . , 𝑐𝑛 ]𝑇 such that
y = 𝑐1 x1 + 𝑐2 x2 + ⋅ ⋅ ⋅ + 𝑐𝑛 x𝑛 ,

(1)

and ‖𝑐‖0 is minimized, where ‖𝑐‖0 represents the 𝑙0 -norm,
which means that it is equal to the number of non-zero
components in the vector c.
Suppose that we define a matrix by putting x𝑖 as the 𝑖th
column of A = [x1 , x2 , . . . , x𝑛 ]; we can convert the problem of
sparse representation into
c  subject to y = Ac.
c = min
 
(2)
c ∈𝑅𝑛  0
How to get the close solution of the sparse representation problem is NP-hard, because it is a combinational
optimization. If we replace the 𝑙0 -norm in (2) with 𝑙𝑝 -norm,
an approximation solution can be gotten. Thus,
  
c  subject to y = Ac,
c = min
(3)

𝑛
c ∈𝑅  𝑝
where the 𝑙𝑝 -norm of a vector u is defined as ‖u‖𝑝
𝑝 1/𝑝

=

(∑𝑖 |u𝑖 | ) . A generalized version of (3), which allows for
certain degree of noise, is defined to find a vector c, when the
following objective function is minimized:


𝐽 (c, 𝜆) = min
{Ac − y2 + 𝜆‖c‖𝑝 } ,
c

(4)

where the scalar regularization 𝜆 is a positive parameter,
which balances the trade-off between sparsity and reconstruction error.
Recently, development in the theory of compressed sensing and sparse representation reveals that, if the solution
of (2) is sparse enough, the solution of the 𝑙0 -minimization
problem is equal to the solution of the following 𝑙1 minimization problem [33], which takes 𝑝 = 1 in (4):
  
c  subject to y = Ac,
c = min

𝑛
c ∈𝑅  1
(5)


Ac
−
y
𝐽 (c, 𝜆) = min
{
+
𝜆‖c‖
}
.


1
2

c

We can solve the problem in polynomial time by quadratic programming or standard linear programming methods. If the solution is very sparse, there will be more efficient
methods to solve this problem.
2.2. Twin Support Vector Machines. Twin support vector
machines (TWSVMs) are a new binary data classifier proposed by Jayadeva et al. [34], which aims at obtaining two
nonparallel planes close to two nonparallel planes such that
each plane is closer to one of the two classes and is as
far as possible from the other. There are two quadratic
programming problems (QPPs) to be solved in the TWSVMs.
But each QPP is of a smaller size instead of a large one as we
have in the traditional SVMs. So, to some extent, TWSVMs
work much faster than the stand SVMs facing the same
classification problem; that is, it is more efficient
According to (6) we can solve the following two QPPs to
obtain the TWSVM classifier:
(TWSVM1)
min

w(1) ,𝑏(1) ,q

𝑇
1
(Aw(1) + e1 𝑏(1) ) (Aw(1) + e1 𝑏(1) ) + 𝑐1 e𝑇2 q
2

− (Bw

s.t.

(1)

(1)

+ e2 𝑏 ) + q ≥ e2 ,

(6)

q ≥ 0,

(TWSVM2)
min

w(2) ,𝑏(2) ,q

s.t.

𝑇
1
(Bw(2) + e2 𝑏(2) ) (Bw(2) + e2 𝑏(2) ) + 𝑐2 e𝑇1 q
2

(Aw

(2)

(2)

+ e1 𝑏 ) + q ≥ e1 ,

(7)

q ≥ 0,

where e1 and e2 are vectors of ones with proper dimensions
and 𝑐1 , 𝑐2 > 0 are scalar parameters.
The first term, in the objective function of (6) or (7), is
defined by the sum of squared distances from the points of
each class to the hyper plane. So, minimizing the objective
function tends to keep the hyper plane close to points which
belong to one class (say class +1). Meanwhile, the constraints
request of the hyper plane to be a distance of no less than
1 to the points belonging to the other class (say class −1).
In the model, we use a set of error variables to measure the
computing error, whenever the distance to the hyper plane is
less than 1. In (7), the objective function aims at minimizing
the total error variables, so as to attempt to minimize the misclassification with respect to the points belonging to class −1.
TWSVMs are composed of two QPPs. And the objective
function in each QPP, corresponding to a particular class and
constrains, is determined by the patterns belonging to the
other class. In TWSVM1, patterns of class +1 are clustered
near the hyper plane x𝑇 w(1) + 𝑏(1) = 0. Similarly, in
TWSVM2, patterns of class −1 are clustered around the
hyper plane x𝑇 w(2) + 𝑏(2) = 0. The Lagrange equation
corresponding to TWSVM1 is given by
𝐿 (w(1) , 𝑏(1) , q, 𝛼, 𝛽)
𝑇
1
= (Aw(1) + e1 𝑏(1) ) (Aw(1) + e1 𝑏(1) ) + 𝑐1 e𝑇2 𝑞
2

− 𝛼𝑇 (− (Bw(1) + e2 𝑏(1) ) + q − e2 ) − 𝛽𝑇 q,

(8)
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where 𝛼 = (𝛼1 , 𝛼2 , . . . , 𝛼𝑚2 )𝑇 and 𝛽 = (𝛽1 , 𝛽2 , . . . , 𝛽𝑚2 )𝑇
are the vectors of Lagrange multipliers. The Karush-KuhnTucker (K.K.T.) conditions for TWSVM1 are given by
A𝑇 (Aw(1) + e1 𝑏(1) ) + B𝑇 𝛼 = 0,
e1 𝑇 (Aw(1) + e1 𝑏(1) ) + e𝑇2 𝛼 = 0,
𝑐1 e2 − 𝛼 − 𝛽 = 0,
− (Bw(1) + e2 𝑏(1) ) + q ≥ e2 ,

q ≥ 0,

𝛼𝑇 (− (Bw(1) + e2 𝑏(1) ) + q − e2 ) = 0,
𝛼 ≥ 0,

3. Materials and Methods
(9)

𝛽𝑇 q = 0,

𝛽 ≥ 0.
𝑇

If we define H = [A e1 ], G = [B e2 ], and u = [w(1) ; 𝑏(1) ] ,
we can get
−1

u = −(H𝑇 H) G𝑇 𝛼,

(10)

where H𝑇 H is positive semidefinite. With the K.K.T. conditions and the Lagrange equation of problem TWSVM1, we
can get the Wolfe dual of TWSVM1 as follows:
(DTWSVM1)
max
𝛼

s.t.

−1
1
e𝑇2 𝛼 − 𝛼𝑇 G(H𝑇 H) G𝑇 𝛼
2

(11)

0 ≤ 𝛼 ≤ 𝑐1 .

Similarly, if we consider TWSVM2; then we can also obtain
its dual as
(DTWSVM2)
−1
1
e𝑇2 𝛾 − 𝛾𝑇 H(G𝑇 G) H𝑇 𝛾
2

given 0 < 𝛼𝑖 < 𝑐1 (𝑖 = 1, 2, . . . , 𝑚2 ), and such patterns of class
−1 are called support vectors of class 1 according to class −1
as they play a key role when we determine the required hyper
plane. A similar observation can be gotten from the problem
TWSVM2. From the example shown in Figure 2, one can find
the difference between TWSVMs and traditional SVMs.

3.1. Database and Evaluation Metrics. The digital database
for screening mammography (DDSM) [35] was built by the
University of South Florida, which is available for research at
[36]. In our experiments, all images manually selected from
this database are intensity images, digitized at 43.5 𝜇m/pixel
and 12-bit gray scale. To evaluate our methods, we totally
selected a set of 267 images from the DDSM, which are all
clinical mammograms, to form an evaluation database.
To summarize quantitatively the performance of the
proposed method, we used receiver operating characteristic
(ROC) curves [37]. Receiver operating characteristic analysis
is based on statistical decision theory, which is a commonly
used criterion for classification performance measure. We can
get a ROC curve by figuring the plotting of the classifier’s
sensitivity (also known as true positive classification rate)
as a function of the classifier’s specificity (also known as
false positive rate). Sensitivity is a probability of correctly
classifying a target object. Specificity is a probability of
incorrectly classifying a non-target object. The area under the
ROC curve (Az) is defined as an accepted way to compare
the classifiers performance. Higher Az would characterize the
greater discrimination capacity. A good classifier should have
a true positive rate of 1.0 (or 100%) and the false positive rate
of 0.0 accordingly with respect to an Az of 1.0.

(15)

3.2. MCs Classification Based on Sparse Representation. Ideally, the nonzero entries in the estimated c will be associated
with all the columns in A from a single category. So we can
easily designate the test image y to that category. However,
because of the existence of noise, the nonzero entries sometimes may be related to multiple categories. A lot of the-stateof-art classifiers can resolve the problem. For example, we can
simply designate y to the category with the largest entry of c.
However, such heuristics cannot model the structure of the
subspace associated with MCs blocks.
To better model the structure, we classify y based on how
much the coefficients relate to the training sample of each
category reproducing y alternatively. For each category 𝑖 we
define the corresponding characteristic function 𝛿𝑖 : R𝑛 →
R𝑛 to select the coefficients associated with the 𝑖th category.
If 𝑥 ∈ R𝑛 , 𝛿𝑖 (𝑥) ∈ R𝑛 is a new vector whose nonzero entries
are the entries in 𝑥 that belongs to the category 𝑖 and whose
entries associated with all the other subjects are zero or very
close to zero. The classification algorithm can be summarized
as follows.

where | ⋅ | represents a vertical distance of the point x to the
plane x𝑇w(𝑙) + 𝑏(𝑙) = 0, 𝑙 = 1, 2.
From the K.K.T. conditions, we can observe that patterns
lie on the hyper plane given by x𝑇 w(1) + 𝑏(1) = 0 of class −1

Algorithm 1 (MCs detection and classification based on sparse
representation (MCs-SRC)). Input: We have a matrix of
training images A ∈ R𝑚×𝑛 from two categories (MCs or not),
a linear transform D ∈ R𝑑×𝑚 , and an error tolerance 𝜀.

max
𝛾

s.t.

(12)

0 ≤ 𝛼 ≤ 𝑐1 .
𝑇

And we define the augmented k = [w(2) ; 𝑏(2) ] as
−1

k = −(G𝑇 G) H𝑇 𝛾.

(13)

If we get the vector u and k from (10) and (13), the hyper
planes
x𝑇 w(1) + 𝑏(1) = 0,

x𝑇 w(2) + 𝑏(2) = 0

(14)

can be obtained. Suppose that we have a new sample x ∈ 𝑅𝑛 ,
which is assigned to class 𝑝 (𝑝 = 1, 2). The data belongs to
which category will be determined by the closer plane to the
sample; that is,


x𝑇 w(𝑝) + 𝑏(𝑝) = min x𝑇 w(𝑙) + 𝑏(𝑙)  ,
𝑙=1,2
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Figure 2: An example of SVMs and TWSVMs: (a) SVMs and (b) TWSVMs. All the points of class +1 are represented by a “×” and those of
class −1 by “I.”

̃ = DA, and
(1) Compute features ỹ = Dy and A
̃
normalize ỹ and columns of A to unit length.
(2) Solve the convex optimization problem:
  
c  subject to y = Ac,
c = min

𝑛
c ∈𝑅  1
(16)


Ac
−
y
𝐽 (c, 𝜆) = min
{
+
𝜆‖c‖
}
.


1
2

c

performance of our methods by using the real mammogram
data obtained from DDSM. In our experiments, we use
the training, test, and validation sets, which were randomly
selected from the preprocessed image blocks. The blocks
included 3000 with true MCs and 3000 with normal tissue.
We chose 75% of the blocks for training and 25% for test.
For a given digital mammogram, we formulate the MCs
detection and classification approach as the following steps.

̃
(3) Compute the residuals 𝑟𝑖 (y) = ‖̃y − Ac‖
2 for 𝑖 =
+1, −1.

Step 1. We first preprocess the mammogram to remove the
artifacts, suppress inhomogeneity of the image background,
and enhance microcalcifications in the breast area.

Output: 𝑓(y) = arg min𝑖 𝑟𝑖 (y).
3.3. MCs Classification Approach with Twin Support Machines
and Sparse Representation (TWSVMs-SR). Given a set of
mammogram blocks, each block is transformed and represented in terms of the sparse coefficients with respect to
the parts from the vocabulary constructed in the image
sparse representation and learning stage. Each block is then
transformed into a vector and represented as a sparse feature
vector based on the vocabulary parts (the negative and
positive samples in the sparse learning set). Then we can use
the learned sparse coefficients as each block’s sparse feature.
So we consider the sparse representation approach as a feature
extraction method in terms of the coefficient vector, and
then we feed it with the state-of-the-art classifier (TWSVMs)
to formulate the detection method as a supervised learning
approach.
If we have a set of training blocks labeled as positive
(MCs) or negative (non-MCs), each image is represented as a
feature vector using the method described above. These feature vectors are then fed as inputs to TWSVMs, which learns
to classify an image block as a member or not a member of
the object category, under some associated confidence. When
we get the learned TWSVMs model, we can use the learned
classifier as a reliable detector to perform the detection task.

4. Results and Discussion
Up till now, we have illustrated our new methods to detect
MCs in mammograms. In this section, we will evaluate the

Step 2. At each pixel location of the image, we manually select
a small window (x = 𝐴 𝑚×𝑚 , where 𝑚 = 115) to describe its
surrounding image feature.
Step 3. Get the sparse representation of each image block by
using the proposed methods.
Step 4. Apply the proposed MCs detection methods to decide
whether x belongs to MCs or not.
In our experiments, they are designed to quantitatively
verify the performance of sparse representation based methods for MCs detection and classification by using mammograms. To get an accurate performance measure in this
study, a stratified 5-fold cross validation method is employed.
We also compared our approaches with the state-of-the-art
algorithm, SVMs, which have been successfully applied in
MCs detection.
All the experiments are performed on a notebook computer with DUO Intel 2.54 G CPU and 4 G memory under
Windows 7. MATLAB 2011 is used to implement sparse
representation based MCs detection methods. To get the
sparse representation of each image block, we employed the
𝑙1 𝑙𝑠 MATLAB package to achieve the optimization. 𝑙1 𝑙𝑠 is
a toolbox in MATLAB implementation of the interior-point
method for 𝑙1 -regularized least squares solution.
Before we performed the MCs detection methods, we first
used the 𝑙1 𝑙𝑠 package to learn the sparse transform matrix
with the training dataset. The trained sparse transform matrix
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Table 1: Experimental results of the proposed MCs-SRC method
for MCs detection, compared with sparse representation based
TWSVMs and SVMs methods.
Methods
Sensitivity
MCs-SRC
90.84 ± 1.07%
TWSVMs-SR 92.07 ± 0.89%
SVMs-SR
87.53 ± 0.94%
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Figure 3: Comparisons of ROC curves of MCs detection and
classification using the proposed methods.

is evaluated using all the mammograms in the test dataset.
Because TWSVMs do not vary significantly over a wide
range of parameter settings, we chose the fixed parameters
of TWSVMs, having an RBF kernel with 𝜎 = 15 and 𝑐1 = 𝑐2 =
1000 in our experiments.
First, we did the experiments using MCs-SRC algorithm
to perform the MCs detection and classification. The test
results are summarized with ROC curves in Figure 3 for the
MCs-SRC method. For comparison, ROC curve is also shown
for the sparse representation based TWSVMs and SVMs
methods with the same inputs.
From Figure 3, it can be shown that the proposed algorithm has a higher detection accuracy rate compared with
SVMs and TWSVMs with the same dataset and configuration. By using the same test samples, compared with SVMs
and TWSVMs, the proposed method has a better detection
performance when we train the classifier. In particular,
the proposed method achieved the averaged sensitivity of
approximately 92.17% with respect to 7.83% false positive
rate and Az = 0.9507. With the same training data set and
test data set, the TWSVMs classifier achieved a sensitivity of
90.01%, 9.63% false positive rate, and Az = 0.9459, and SVMs
achieved a sensitivity of 87.13%, 9.88% false positive rate, and
Az = 0.9298.
To evaluate the stability of our methods, we repeat the
sampling 50 times so that we can compute the mean and
standard deviation of the detection accuracy, sensitivity,
and specificity. We perform the detection and classification
task in 20 rounds, and in each round we randomly select
training samples from 95% of training samples to 5% to
train classifiers. The trained classifiers are evaluated using the
other 500 test samples. Average experimental results of the
MCs-SRC method, compared with SVMs and TWSVMs, are
shown in Table 1.
From Table 1, we can see that the MCs classification
with Twin Support Machines and sparse representation
(TWSVMs-SR) approach has a bit better performance than
the other two. But as we have known, the MCs-SRC method

Specificity
92.37 ± 0.78%
89.93 ± 0.91%
89.72 ± 0.88%

Az
0.9407 ± 0.0564
0.9678 ± 0.0977
0.9304 ± 0.1001

does not need to train a classifier, because the features are
acquired by learning, so it will get the classification more efficiently.

5. Conclusions
In this paper, a novel approach is described to aid breast
cancer detection and classification using digital mammograms. The proposed method is based on sparse feature
learning and representation, which expresses a testing sample
as a linear combination of the built vocabulary (training
samples). The sparse coefficient vector is obtained by using
𝑙1 -regularized least square method. MCs detection and classification are achieved by defining discriminating functions
from the coefficient vector for each category (called MCsSRC) and TWSVMs based algorithm using sparse representation as a feature learning method (called TWSVMsSR). The demonstrated experiments show that TWSVMsSR method gets the best performance, and MCs-SRC can
match the performance achieved by the-state-of-art classifier.
Furthermore, the MCs-SRC approach does not need to select
optimal model parameters of the used classifier.
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OWL-S, one of the most important Semantic Web service ontologies proposed to date, provides a core ontological framework
and guidelines for describing the properties and capabilities of their web services in an unambiguous, computer interpretable form.
Predicting the reliability of composite service processes specified in OWL-S allows service users to decide whether the process meets
the quantitative quality requirement. In this study, we consider the runtime quality of services to be fluctuating and introduce a
dynamic framework to predict the runtime reliability of services specified in OWL-S, employing the Non-Markovian stochastic
Petri net (NMSPN) and the time series model. The framework includes the following steps: obtaining the historical response
times series of individual service components; fitting these series with a autoregressive-moving-average-model (ARMA for short)
and predicting the future firing rates of service components; mapping the OWL-S process into a NMSPN model; employing the
predicted firing rates as the model input of NMSPN and calculating the normal completion probability as the reliability estimate.
In the case study, a comparison between the static model and our approach based on experimental data is presented and it is shown
that our approach achieves higher prediction accuracy.

1. Introduction
Web Services are interfaces that describe a collection of
operations that are network-accessible through standardized
protocols. Web services in the Semantic Web are described
through ontologies, which represent formally the service
features by using a semantic mark-up language that follows a
logical paradigm. One of the most used ontologies to specify
Semantic Web service compositions is OWL-S (Ontology
Web Language for Services) [1], which uses the OWL
language capabilities to represent the service and enables
agents to make inferences about it. OWL-S is a computerinterpretable semantic mark-up language, where ontologybased descriptions of service functionality and of interaction
service behaviour coexist.
Recently, various studies have discussed how to effectively
model and predict the reliability of service compositions
based on the aggregations of the reliabilities of its constituent
activities. These studies share a common idea that they all try

to fit historical reliability data of activities into assumed distributions (deterministic, exponential, geometrical, or general
distributions) and employ these obtained distributions as the
static model input into the static stochastic models (continuous Markovian model, discrete Markovian model, or PERT
(Program Evaluation and Review Technique, [2]) mode,
etc.) to obtain the predicted reliability. A comprehensive
investigation and discussion of these studies are given in the
Section.
Our aim in this paper is therefore the development of
a dynamic reliability prediction approach for service compositions, with special attention to control flow modelling
of OWL-S processes and the dynamics of service quality
in runtime environment. This research employs the OWLS service processes as the example. The main innovation
includes a feature-completed translation from OWL-S to
Non-Markovian stochastic Petri net (NMSPN for short) and
an analytical reliability method using the predicted quality
parameters (using the ARMA model) as model input. In

2
the case study, we obtain the experimental reliability data of
actual service ontologies and conduct a comparative study
between our approach and the static models. The comparison
suggests that our dynamic prediction model produces less
errors and achieves higher prediction accuracy.

2. Related Studies
During the last decade, the QoS of web services and service
compositions has received a lot of attention in the research
community. Reference [3] presents the seminal work on
this topic, where the three most important quality parameters, namely, completion time, cost, and dependability, to
describe the QoS of composite services at the task level are
proposed. This study also proposes a stochastic workflow
reduction model (SWR) approach to graphically capture the
control flow and predict the QoS. To simplify the problem,
this approach assumes execution times and the normalcompletion-rates of service tasks to be deterministically
distributed rather than random. These deterministic values
can be directly derived from the Service-Level-Agreement
(SLA).
In this case, a composite service is equivalent to a static
PERT network with deterministic edges. The service completion time can be easily calculated as the longest execution
path of the PERT network. Similar works can be found in [4–
7], where deterministic execution times of tasks are assumed.
It is easy to see that the aforementioned assumption of
deterministic task execution times and normal completion
rates of service tasks is unrealistic for real-world scenarios.
Recent studies therefore assume randomly distributed variables as the model input instead. To simplify the solution,
exponential or geometric distributions of tasks are assumed
in [8–11] and our studies of [12, 13] to derive a Markovian
state-space and achieve closed-form expressions of QoS
results. These studies all rely on the assumption of Markov
property. In probability theory, a stochastic process has the
Markov property if the conditional probability distribution
of future states of the process, given the present state and
all past states, depends only upon the present state and not
on any past states; that is, it is conditionally independent of
the past states (the path of the process) given the present
state (also termed the memory-less property). However, the
Markov property is often an unrealistic assumption and rarely
satisfied by real scenarios. In reality, tasks may have arbitrary
distributions (in some extreme cases, for instance, some
safety-critical systems tasks are required to take deterministic
delay for the purpose of obtaining fully predictable system
behaviours and bounded turn-around-time).
Recently, a step forward is taken by assuming generally distributed task execution times and reliabilities. For
example, the work in [14] assumes that tasks in composite
services follow discrete-general-distributions, where distributional functions of task execution time maps outcome to
values of a countable set. Although the assumption of general
distribution provides a more refined characterization of real
distributions of task execution times and reliabilities than that
of deterministic variables and exponential variables, it still
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has limitations. In deriving the probability-distributionalfunctions (PDF) of QoS of service activities, these studies
simply employ the historical empirical distribution as the
actual PDF and assume that such PDF is capable of characterizing even the future changes of QoS. In doing so, the cumulative ratio or density of QoS metric equalling a certain value is
considered to be the future rate of equalling such value, while
ignoring the trend and seasonality by which the historical
QoS values increase or decrease. For example, consider the
execution times of tasks. The empirical PDF may suggest a
normal distribution. However, the empirical PDF may fail in
capturing the fact that the density of execution time being low
decreases, probably caused by the deteriorating connectivity
of network. By contrast, a time series analysis may reveal the
up-going trend and suggest a tailed distribution. In this case,
only a time series-based prediction of future execution times
guarantees the correctness and accuracy.

3. The ARMA Model
Autoregressive/moving average (ARMA) [14] models have
been successfully used to model and predict QoS of network,
ATM, manufacturing system, and so forth. We now show
that they can be used to model the QoS of service activities
in composite service flows as well. Intuitively an ARMA(1, 1)
model captures the correlated nature of a time varying
distribution through a combination of an autoregressive (AR)
component and a moving average (MA) component. The
parameter (1, 1) describes the number of terms in the AR and
MA components, respectively. For a stationary time series 𝑋𝑡 ,
we define an ARMA(𝑝, 𝑞) process as
𝜙 (𝐵) 𝑋𝑡 = 𝜃 (𝐵) 𝑍𝑡 ,

(1)

where 𝜙(𝐵) is the autoregressive polynomial of degree 𝑝 and
𝜃(𝐵) is the moving average polynomial of order 𝑞,
𝜙 (𝐵) = 1 − 𝜙1 𝐵 − ⋅ ⋅ ⋅ − 𝜙𝑝 𝐵𝑝 ,
𝜙 (𝐵) = 1 + 𝜃1 𝐵 + ⋅ ⋅ ⋅ + 𝜃𝑞 𝐵𝑞 ,

(2)

and 𝐵 is the back-shift operator defined as
𝐵𝑖 𝑋𝑡 = 𝑋𝑡−1 ,

(3)

where 𝑖 = 0, ±1, ±2, . . ..
The innovations 𝑍𝑡 are assumed to be independent
identically distributed random variables with zero mean and
variance 𝜎2 . If 𝜃(𝑍) = 1 we have a pure autoregressive (AR)
process, while if 𝜙(𝑧) = 1 we have a pure moving average
process (MA).
To predict the future value of an established ARMA(𝑝, 𝑞)
series, Box-Jenkins method is used. Box-Jenkins ARMA
model requires series to be stationary. Intuitively a time series
is stationary if the statistical properties such as the mean
and the variance are not time dependent. Generally if the
values of the time series fluctuate about a constant mean
value without a trend, then the time series is stationary. BoxJenkins method involves four iterative steps that must be
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followed as follows: series stationarity, model identification,
optimization and selection, and model diagnostic checking.
The details of these iterative steps can be found in [14] and
are therefore omitted in this paper. The prediction program
can be easily implemented using the standard procedures for
the Box-Jenkins ARMA model analysis in Matlab 7.0.

4. Model Translation of OWL-S
In this section, we introduce the translation rules for OWLS. Because the syntax of OWL-S is too vast, we restrict the
translation into a subset (OWL-S elements such as inputbinding, output-binding, data manipulation, boolean condition evaluation, preconditions, and results are abstracted
away and omitted), which describes the control flows of
the activity executions and message exchanges. This subset
is mainly specified by the Service grounding and Service
model specifications. It captures the control flow evolution of
the OWL-S workflow, the compositional patterns by which
the processes are organized, and the invocation of external
services (from abstract processes to the concrete services
specified by the WSDL documents).
Firstly, translation rule for atomic process is presented.
The atomic process in OWL-S is a description of a service
that expects one (possibly complex) message and returns
one (possibly complex) message in response. It is invoked
through the ⟨𝑝𝑒𝑟𝑓𝑜𝑟𝑚⟩ construct. It corresponds to an action
that a service can perform in a single interaction, and it
can be executed in a single step by sending and receiving
appropriate messages. The main operation of The atomic
process is to contact and invoke the partner services through
the grounding mechanism. The grounding is a mapping
from the abstract specifications to actual executable services
(specified by WSDL documents).
According to the discussion above, an atomic process
in OWL-S can be translated into the NMSPN model given
in Figure 1. In Figure 1, the started and completed places
indicate the initial and completed states of the process,
respectively. The execution d timed transition denotes the
duration needed for the invoked service to complete execution. Timer denotes the timeout threshold. Because the
external services are invoked through SOAP messages and
the SOAP connections are subject to failure (caused by
message loss, for instance), the soap f transition is used to
capture the SOAP failure and it directly marks failed (in
gray) to indicate the unsuccessful invocation. If no SOAP
failure occurs and the service execution duration exceeds
the timeout threshold, a timeout event is triggered and the
failed place is marked. Otherwise, the timeout transition is
prevented and the timely place is marked. In this case, the
execution of the invoked external service can either be faulty
(by firing the ivk f transition and marking the failed place)
or successful (by firing the complete transition and marking
the completed place). Note that the 𝑑𝑡𝑒1 and 𝑑𝑡𝑒2 (dte stands
for dead-token-elimination) transitions ensure that no dead
token exists when the atomic process normally completes or
fails.
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In the following, we present translation rules for composite processes. All composite processes are composed of
atomic processes. The ⟨𝑐𝑜𝑚𝑝𝑜𝑠𝑒𝑑𝑂𝑓⟩ property in OWL-S
describes the control flow and the data flow of subprocesses
within a composite process, yielding constraints on the ordering and conditional execution of these subprocesses. The
composite processes can be implemented by the ⟨𝑠𝑒𝑞𝑢𝑒𝑛𝑐𝑒⟩,
⟨𝑠𝑝𝑙𝑖𝑡⟩, ⟨𝑠𝑝𝑙𝑖𝑡-𝑗𝑜𝑖𝑛⟩, ⟨𝑐ℎ𝑜𝑖𝑐𝑒⟩, ⟨𝑎𝑛𝑦-𝑜𝑟𝑑𝑒𝑟⟩, ⟨𝑖𝑓-𝑡ℎ𝑒𝑛-𝑒𝑙𝑠𝑒⟩,
⟨𝑟𝑒𝑝𝑒𝑎𝑡-𝑤ℎ𝑖𝑙𝑒⟩, and ⟨𝑟𝑒𝑝𝑒𝑎𝑡-𝑢𝑛𝑡𝑖𝑙⟩ patterns.
We start with the ⟨𝑠𝑒𝑞𝑢𝑒𝑛𝑐𝑒⟩ process. In this process, a list
of control constructs is executed sequentially. The equivalent
NMSPN model of this process is given in Figure 2. For
simplicity, we assume that there exist only two subprocesses,
namely, 𝑃1 and 𝑃2 . The failure mode of ⟨𝑠𝑒𝑞𝑢𝑒𝑛𝑐𝑒⟩ is simply
implemented by propagating the inner failures of 𝑃1,2 to the
level of ⟨𝑠𝑒𝑞𝑢𝑒𝑛𝑐𝑒⟩ itself through the immediate transitions
from 𝑓𝑎𝑖𝑙𝑒𝑑1,2 to failed.
The ⟨𝑐ℎ𝑜𝑖𝑐𝑒⟩ process stipulates that a single one from a
given group of subprocesses (specified by the ⟨𝑐𝑜𝑚𝑝𝑜𝑛𝑒𝑛𝑡𝑠⟩
property) is executed. As shown in Figure 3, the choice
construct includes two selective branches, 𝑃1 and 𝑃2 . It
is organized by an XOR selective construct. Selecting and
completing either branch would allow the ⟨𝑐ℎ𝑜𝑖𝑐𝑒⟩ process
to finish. The failure mode of ⟨𝑐ℎ𝑜𝑖𝑐𝑒⟩ is implemented in a
similar way to that of the ⟨𝑠𝑒𝑞𝑢𝑒𝑛𝑐𝑒⟩ process.
The ⟨𝑠𝑝𝑙𝑖𝑡⟩ process stipulates that branches are executed
in parallel. It completes as soon as all of its branches have been
scheduled for execution and does not wait for the completion
of those branches. The translation of the ⟨𝑠𝑝𝑙𝑖𝑡⟩ process is
given in Figure 4.
The ⟨𝑠𝑝𝑙𝑖𝑡-𝑗𝑜𝑖𝑛⟩ process also supports concurrent execution but is intrinsically different from the ⟨𝑠𝑝𝑙𝑖𝑡⟩ process. It
consists of the concurrent execution of a bunch of processes,
following a barrier synchronization style. That is, it completes
when all of its subprocesses have completed. The equivalent
NMSPN model of the ⟨𝑠𝑝𝑙𝑖𝑡 + 𝑗𝑜𝑖𝑛⟩ process is given in
Figure 5.
The ⟨𝑖𝑓-𝑡ℎ𝑒𝑛-𝑒𝑙𝑠𝑒⟩ process is a control construct associated with a Boolean decision. If the condition is satisfied,
the true branch (i.e., the ⟨𝑡ℎ𝑒𝑛⟩ branch) is selected and
executed, otherwise the false branch (i.e., the ⟨𝑒𝑙𝑠𝑒⟩ branch).
The ⟨𝑖𝑓-𝑡ℎ𝑒𝑛-𝑒𝑙𝑠𝑒⟩ process is accomplished when its selected
branch is completed. The equivalent NMSPN model is given
in Figure 6, where the true/false immediate transitions denote
the true/false evaluation of the Boolean condition.
The ⟨𝑎𝑛𝑦-𝑜𝑟𝑑𝑒𝑟⟩ process allows the subprocesses to be
executed in some unspecified order but not concurrently.
Execution and completion of all branches are required.
As shown in Figure 7, the execution of branches in an
⟨𝑎𝑛𝑦-𝑜𝑟𝑑𝑒𝑟⟩ process cannot overlap and all branches must
be executed before the ⟨𝑎𝑛𝑦-𝑜𝑟𝑑𝑒𝑟⟩ process completes. The
single place and the bidirectional arcs from single guarantee
that 𝑃1 and 𝑃2 are not executed concurrently.
Both the ⟨𝑟𝑒𝑝𝑒𝑎𝑡-𝑤ℎ𝑖𝑙𝑒⟩ and ⟨𝑟𝑒𝑝𝑒𝑎𝑡-𝑢𝑛𝑡𝑖𝑙⟩ processes
support iterative execution. They keep iterating until a condition becomes false or true. ⟨𝑟𝑒𝑝𝑒𝑎𝑡-𝑤ℎ𝑖𝑙𝑒⟩ tests for the
loop condition loop if the condition is true and otherwise
execute the nested process. ⟨𝑟𝑒𝑝𝑒𝑎𝑡-𝑢𝑛𝑡𝑖𝑙⟩ executes the nested
process, tests for the condition, exits if it is true, and
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otherwise loops. Thus, ⟨𝑟𝑒𝑝𝑒𝑎𝑡-𝑤ℎ𝑖𝑙𝑒⟩ may never execute
its nested process, whereas ⟨𝑟𝑒𝑝𝑒𝑎𝑡-𝑢𝑛𝑡𝑖𝑙⟩ always executes
the nested process at least once. Figures 8 and 9 show the
NMSPN models of the two processes. In these figures, the
back immediate transition leads the control flow back to
the beginning, and the skip immediate transition leads the
control flow out.

5. A Case Study
In this section, we conduct a case study to illustrate the
effectiveness of the translation introduced above. The case

P2

Completed2

Started2
Failed2

Failed

Figure 5: NMSPN model of the split-join process.

study is based on the frequently used CongoProcess sample
given in [15]. The FullCongoBuy process is the uppermost
composite process of the sample. It is organized by a
⟨𝑠𝑒𝑞𝑢𝑒𝑛𝑐𝑒⟩ process and composed of an atomic process,
LocateBook, and a composite process, OrderManagement.
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Thus, the firing rates measured at different times can be
described as a sequence of data with equal time intervals:

Completed1
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P1

𝑅 (𝑡) = {𝑟 (𝑡 − (𝑝 − 1) × 𝑖𝑛V) , 𝑟 (𝑡 − (𝑝 − 2) × 𝑖𝑛V) ⋅ ⋅ ⋅𝑟 (𝑡)} ,
(5)
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where 𝑟(𝑡) denotes the firing rate at time 𝑡, 𝑝 is the volume of
the time series, and 𝑖𝑛V is the interval of the time series.
Employing 𝑅𝑡 as the model input, we can use the BoxJenkins method to predict the future firing rate at time 𝑡 +
𝑖𝑛𝑡V. Since the Box-Jenkins method is well established and
commonly used, its detailed process is omitted.

7. Reliability Prediction
Figure 6: NMSPN model of the if-then-else process.

The OrderManagement process implements an ⟨𝑎𝑛𝑦-𝑜𝑟𝑑𝑒𝑟⟩
process and includes two composite processes, namely, CongoBuyBook and UserInfoRetrieval. The UserInfoRetrieval process implements sequential process and includes two atomic
processes, namely, LoadUserProfile and ValidateUserEmail.
The CongoBuyBook process also implements sequential processes and includes a composite process, BuySequence. The
BuySequence process implements a sequential process and
includes an atomic process, PutInCart, and a composite process, SignInAndSpecify. The SignInAndSpecify process implements a ⟨𝑠𝑝𝑙𝑖𝑡-𝑗𝑜𝑖𝑛⟩ process and includes two atomic processes, namely, SpecifyPaymentMethod and ShipmentManagement. Based on the translation rules given in the previous
section, the sample can be translated to the NMSPN model
given in Figure 10.

6. Predicting the Firing Rates of
Timed Transitions

𝑁
,
∑1≤𝑖≤𝑁,𝑖∈𝑁 𝑑𝐿 (𝑡 + (𝑖 − 1) × 𝑖𝑛V )

𝑅𝐴𝑃 = 1 − 𝑃 {𝑓𝑎𝑖𝑙𝑒𝑑} .

(6)

According to earlier discussions, the failed place in
Figure 1 can be marked for three reasons, namely, the SOAP
error (by firing immediate transition soap f ), the triggering
of timeout (by firing timeout), and faults of invoked external
services (by firing ivk f ). 𝑃{𝑓𝑎𝑖𝑙𝑒𝑑} is therefore calculated as
𝑃 {𝑓𝑎𝑖𝑙𝑒𝑑} = 𝑝𝑟𝑒 (𝑠𝑜𝑎𝑝 𝑓) + (1 − 𝑝𝑒 (𝑠𝑜𝑎𝑝 𝑓)) × 𝑃𝑇𝐸

As discussed earlier, timed transitions correspond to two
kinds of activities in the atomic processes, namely, the
timeout activities and activities of executing invoked services.
The former always have invariable delays (prescribed by
system settings) and the latter always have nondeterministic
delays. Instead of the static evaluation of model inputs, we
dynamically fit the historical data of these nondeterministic
delays into a time series model and predict the future
firing rates using the ARMA method. The prediction is
implemented as follows.
For any nondeterministic timed transition, its empirical
firing rate at time 𝑡 can be obtained as
𝑟 (𝑡) =

In this section, we introduce the analytical methods to
predict reliability of OWL-S process. This method takes the
predicted fire rates (based on ARMA methods discussed
earlier) and the NMSPN representations as model inputs. We
use process-normal-completion-probability (PNCP) as the
metric of reliability. From the NMSPN view, PCNP denotes
the probability that the completed place of the outer-most
process is marked and no failed place is marked.
To predict PNCP, we first have to predict reliabilities of
individual atomic processes. Let 𝑃{𝑓𝑎𝑖𝑙𝑒𝑑} denote the probability that place failed in Figure 1 is marked, the reliability of
the atomic process, RAP, can therefore be calculated as

(4)

where 𝑑𝐿(𝑡) denotes measured delay at time 𝑡, 𝑁 denotes
the number of test samples with the time window, and 𝑖𝑛V
denotes the time interval of samples. This equation suggests
that the firing rate can be calculated as the reciprocal of the
mean of the 𝑁 delay samples within the time window of
[𝑡, 𝑡 + (𝑁 − 1)𝑖𝑛V ].

+ (1 − 𝑝𝑒 (𝑠𝑜𝑎𝑝 𝑓)) × (1 − 𝑃𝑇𝐸) × 𝑝𝑒 (𝑖V𝑘 𝑓) ,
(7)
where 𝑝𝑒(𝑠𝑜𝑎𝑝 𝑓) and 𝑝𝑒(𝑖V𝑘 𝑓) denote the probabilities
of firing 𝑠𝑜𝑎𝑝 𝑓 and ivk f, respectively. PTE denotes the
probability of triggering timeout. PTE is calculated as
𝑃𝑇𝐸 = 𝑃 {𝑡𝑜 < 𝑑𝑒𝑙𝑎𝑦𝑖 } ,

(8)

where 𝑡𝑜 denotes the timeout threshold and 𝑑𝑒𝑙𝑎𝑦𝑖
denotes the execution duration of the timed transition
𝑠𝑜𝑎𝑝 𝑑𝑖 . 𝑃{𝑡𝑜 < 𝑠𝑜𝑎𝑝 𝑑𝑖 } can be approximately calculated as
𝑃 {𝑡𝑜 < 𝑑𝑒𝑙𝑎𝑦𝑖 } ≈ 𝑒−𝑟𝑎𝑡𝑒𝑖 ×𝑡𝑜 ,

(9)

where 𝑟𝑎𝑡𝑒𝑖 is the predicted future firing rate using the ARMA
model.
Prediction of composite processes is easier. For example,
the reliability of ⟨𝑠𝑒𝑞𝑢𝑒𝑛𝑐𝑒⟩ process in Figure 2, RSE, is
𝑅𝑆𝐸 = 𝑅𝑃1 × 𝑅𝑃2 ,

(10)

where 𝑅𝑃1,2 denote reliabilities of processes 𝑃1,2 . Note that
this equation also applies to the ⟨𝑠𝑝𝑙𝑖𝑡⟩, ⟨𝑠𝑝𝑙𝑖𝑡 + 𝑗𝑜𝑖𝑛⟩, and
⟨𝑎𝑛𝑦𝑜𝑟𝑑𝑒𝑟⟩ processes.
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Figure 7: NMSPN model of the any-order process.
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completion (by marking the completed place in Figure 8), we
have that the reliability for ⟨𝑟𝑒𝑝𝑒𝑎𝑡-𝑤ℎ𝑖𝑙𝑒⟩, RRW, is calculated
as the total probability of
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Figure 8: NMSPN model of the repeat-while process.
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where 𝑃{𝑁𝑅𝐸 = 𝑖} denotes the probability that NRE equals
𝑖. Since the theoretical distribution of NRE is difficult to
evaluate (some studies suggest that the probability of skipping
repetition when every iteration ends can be approximately
seen stable and the number of repetitive cycles therefore follows the geometrical distribution and employ the expectation
of geometrical distribution in evaluating the QoS of repetitive
constructs, e.g., [4, 16, 17]), we can approximately calculate
𝑃{𝑁𝑅𝐸 = 𝑖} as the occurrence rate of NRE equalling 𝑖 based
on the experimental test or historical logs. That is
𝑃 {𝑁𝑅𝐸 = 𝑖} ≈

Failed1

Failed

Figure 9: NMSPN model of the repeat-until process.

The reliability of ⟨𝑖𝑓-𝑡ℎ𝑒𝑛-𝑒𝑙𝑠𝑒⟩ process, RIF, is decided
by reliabilities of its two branches and the probability for
the associated boolean condition to be true. RIF is therefore
calculated as the weighted (by the firing probabilities of true
and false in Figure 6) reliabilities of its two branches:
𝑅𝐼𝐹 = 𝑝𝑒 (𝑡𝑟𝑢𝑒) × 𝑃𝑅1 + 𝑝𝑒 (𝑓𝑎𝑙𝑠𝑒) × 𝑃𝑅2 .

(11)

The prediction of ⟨𝑟𝑒𝑝𝑒𝑎𝑡-𝑤ℎ𝑖𝑙𝑒⟩ process needs more
effort. Its reliability is decided by the reliability of the
embedded processes and the number of repetitive executions.
Letting NRE denote the number of repetitive cycles to achieve

(12)

𝑓𝑟𝑞 (𝑁𝑅𝐸 𝑒𝑞𝑢𝑎𝑙𝑖𝑛𝑔 𝑖)
,
𝑁𝑇

(13)

where 𝑓𝑟𝑞(𝑁𝑅𝐸 𝑒𝑞𝑢𝑎𝑙𝑙𝑖𝑛𝑔 𝑖) denotes the frequency of the
event of NRE equalling 𝑖 and NT denotes the number of
experimental trials.
As discussed earlier, the ⟨𝑟𝑒𝑝𝑒𝑎𝑡-𝑢𝑛𝑡𝑖𝑙⟩ process also supports the repetitive execution. However, it differs from the
⟨𝑟𝑒𝑝𝑒𝑎𝑡-𝑢𝑛𝑡𝑖𝑙⟩ process because it tests the loop condition after
the first round of executing 𝑃1 . That is to say that the total
round of executing 𝑃1 is the number of repetitive execution
of 𝑃1 , NRE, plus the inevitable first round:
𝑅𝑅𝑊 = ∑ 𝑅𝑃𝑖+1
1 × 𝑃 {𝑁𝑅𝐸 = 𝑖} .
0≤𝑖≤∞

(14)

8. Experiments and Validation
To prove the feasibility and accuracy of our model, we
execute the OWL-S sample given in Section 3 on the OWLS API tool [18] and conduct a confidence-interval-analysis.
The OWL-S API tool is a Java API for programmatic
access to read, execute, and write OWL-S documents. The
API provides an execution engine that can invoke atomic
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Figure 10: NMSPN model of the any-order process.
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processes with WSDL groundings and composite processes
that uses OWL-S control constructs. It also provides log
files on the starting time and ending time of each service
component and the state changes of processes. The six atomic
processes are implemented by services specified by the WSDL
grounding document at http://www.daml.org/services/damls/0.7/CongoGrounding.daml. The timeout threshold for all of
the service invocation is $500 ms$.
Using the soapUI [19] test tool, we also obtain the
execution delay data of the six invoked services through
repetitive SOAP invocation tests. The test started at time 10:00
on November 10, 2012. The invocation interval is 250 ms (i.e.,
𝑖𝑛V in (4) is 250 ms). Based on these data, the time series of
firing rates of the six invoked services can be derived using
(4)–(14) and is illustrated in Figures 11, 12, 13, 14, 15, and 16.
Note that the interval of the series is 500 ms (i.e., 𝑖𝑛V in (5) is
500 ms).
We also obtain the SOAP failure connection rates of the
six atomic processes as 0.0042, 0.0019, 0.0068, 0.0075, 0.0054,
and 0.0048. That is to say, firing probabilities of 𝑝𝑒(𝑠𝑜𝑎𝑝 𝑓1−6 )
in (7) are 0.0042, 0.0019, 0.0068, 0.0075, 0.0054, and 0.0048.
Moreover, we obtain the service failure rates of the six invoked
operations as 0.0035, 0.0014, 0.0032, 0.0078, 0.0053, and
0.0025. That is to say, firing probabilities of 𝑝𝑒(𝑖V𝑘 𝑓1−6 ) in
(7) are 0.0035, 0.0014, 0.0032, 0.0078, 0.0053, and 0.0025.
Using the ARMA as the prediction model and the firing
rates series shown in Figures 11–16 as model input, we can
predict the future firing rates of the 𝑠𝑜𝑎𝑝 𝑑1−6 transitions.
Employing the predicted firing rates as the input of the
NMSPN model, we can predict the future PNCP of the OWLS process. The predicted PNCP results are compared with the
actual probabilities of normal completion in Figure 17.
Figure 17 also shows the results of predicted reliability
based on the static method mentioned in Section 2. It is easy
to see that our approach achieves a better curve-fitting and a
better characterization of reliability fluctuation.

3.7
3.6
3.5
3.4
3.3
3.2
3.1
3
2.9
2.8

(1) developing tools for automatic translation of OWL-S
processes and reliability/dependability computation.
We are currently cooperating with the Center of
National Software Engineering of Peking University
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Figure 11: Firing rate series of LocateBook.
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Figure 12: Firing rate series of ShipmentManagement.

9. Conclusions
In this paper, we present a comprehensive dependability
prediction model for OWL-S processes. We first introduce
a set of translation rules to map the process-level elements
of OWL-S into the Non-Markovian stochastic Petri net
(NMSPN). Based on the NMSPN representations, we employ
the ARMA-based time series method to predict the future
firing rates of the execution delays of invoked external
services. Using these firing rates as model input, we introduce an analytical method to calculate the process-normalcompletion-probability as the predicted future reliability. In
the case study of real-world OWL-S ontologies, we show that
our approach achieves higher prediction accuracy than the
static evaluation model.
Based on the current research, we are also considering
further studies as follows:
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Figure 13: Firing rate series of LoadUserProfile.
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Figure 14: Firing rate series of SpeficyPaymentMethod.

Figure 17: The comparison of the predicted PNCP and the actual
reliabilities.

5.4
5.2

to integrate our prediction models into their automatic formal translation tools. It is hoped that a
new tool for automatic Petri-net-translation will be
realized;

5
4.8
4.6

(2) introducing methods to predict other metrics such
as performance, mobility, reputation, maintainability,
and reusability.
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Figure 15: Firing rate series of PutInCart.

4
3.9
3.8

(3) Developing selection and scheduling algorithms.
Based on our research, the reliability of a given
composite OWL-S service process can be calculated.
However, sometimes we are more interested in knowing, for a given process definition, how to choose from
many functionally identical but qualitatively different
services and schedule services to achieve the best
reliability. We are therefore developing selection and
scheduling algorithms based on the NMSPN-based
reliability model.
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Routing in wireless sensor networks (WSNs) is an extremely challenging issue due to the features of WSNs. Inspired by the large and
single-celled amoeboid organism, slime mold Physarum polycephalum, we establish a novel selecting next hop model (SNH). Based
on this model, we present a novel Physarum-based routing scheme (P-bRS) for WSNs to balance routing efficiency and energy
equilibrium. In P-bRS, a sensor node can choose the proper next hop by using SNH which comprehensively considers the distance,
energy residue, and location of the next hop. The simulation results show how P-bRS can achieve the effective trade-off between
routing efficiency and energy equilibrium compared to two famous algorithms.

1. Introduction
Wireless sensor networks (WSNs) are a class of wireless ad
hoc networks which consist of a set of sensor nodes and aim
at several applications, such as industrial sensing and control
and environment monitoring [1]. Each sensor node is a lowcost, short range wireless transceiver typically equipped with
a low-computation processor and a battery operated power
supply. Under many cases, sensors need to work without battery replacement for several years. Thus, there are two questions needing to be considered. One is how to achieve the
energy balance of sensor nodes to avoid the emergence of
energy hole which commonly occurs around the 𝑆𝑖𝑛𝑘, since
the data traffic follows a many-to-one communication pattern and nodes nearer the 𝑆𝑖𝑛𝑘 have to take heavier traffic
load. The other is how to obtain high routing efficiency under
multihop transmission circumstance, since WSNs can contain hundreds of such low-cost sensor nodes. Therefore,
designing such networks should primarily focus on both
routing efficiency and energy equilibrium in terms of tradeoff.
Location-aware routing protocols seem to possess high
routing efficiency. However, there are two extremes in location-aware routing, the greedy strategy and the robust strategy. Greedy strategies may suffer failures to route packets to

destination, while robust strategies need very high flooding
rates to ensure reliability and rapid delivery of data. Thus,
many location-aware routing protocols are mostly to propose
methods to overcome the mentioned drawbacks. GPSR [2] is
a famous greedy routing protocol, which makes greedy forwarding decisions using only information about a router’s
immediate neighbors. Sivrikaya et al. [3] propose randomized
routing based on Markov chains to balance the load and routing performance. Kuhn et al. [4] utilize face (or perimeter)
routing to go around voids in the topology. Bai et al. [5] present a routing algorithm which routes the connections in a
manner that link failure does not shut down the entire stream
but allows a continuing flow for a significant portion of the
traffic along multiple paths to address the issues of reliability
and energy efficiency. Trajcevski et al. [6] present heuristic
approaches to relieve some of the routing load of the boundary nodes of energy holes in location-aware WSNs. Wang and
Syue [7] propose a relay selection protocol based on geographical information, in which multihop transmission is
realized by concatenation of single cluster-to-cluster hops.
The energy-aware routing attracts more attention of
researcher than location-aware routing for the significance of
energy. For maximizing the network lifetime, Rao and Fapojuwo [8] present a battery-aware distributed clustering and
routing protocol which incorporates the state of the battery’s
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remaining charge and health parameters in computing the
charge utility metric at each cluster formation round. Trajcevski et al. [9] construct a data aggregation tree that minimizes the total energy cost of data transmission. By allowing
the battery to rest for certain duration, without being subjected to heavy loads, Chau et al. [10] consider that a portion
of the lost charge can be recovered due to the battery’s recovery effect and present a battery model. A battery-aware power
allocation model was studied in [11] for a single-hop transmission scheme to balance the network energy consumption based on the nonlinear battery parameters proposed
in [12].
In recent years, bio-inspired technology has been concerned by researchers [13–15]. We draw the inspiration from
the slime mold Physarum polycephalum which is a large and
single-celled amoeboid organism. Nakagaki et al. [16] validate
physarum which is apparently able to solve shortest path problems by constructing a maze. Tero et al. [17] use physarum
forms of a network with comparable efficiency, fault tolerance, and cost to those of Tokyo rail system. Tero et al. [18]
propose a mathematical model for the behavior of physarum
and argue extensively that the model is perfect. We migrate
the physarum foraging model to wireless networks to develop
physarum-based routing algorithms through dimensionless
analogy analysis [19, 20].
Based on our prior works [19–23], this paper focuses on
how to choose the proper next hops to transmit data to the
𝑆𝑖𝑛𝑘 in thinking of both routing efficiency and energy equilibrium, which is partially same to GEAR [24], other than
only depending on the remaining energy [25]. The rest of this
paper is organized as follows. Section 2 formulates the bioinspired model. Section 3 proposes the P-bRS routing.
Section 4 evaluates our P-bRS by simulations. Finally, the
conclusion is presented.

2. System Models
2.1. Typical WSNs Scenario. This paper considers large multihop WSNs which consist of 𝑛 static sensor nodes and a mobile
𝑆𝑖𝑛𝑘 node, and the sensor nodes are distributed uniformly in
a two-dimensional space. We assume that (1) all sensor nodes
are aware of their locations, which may be achieved through
GPS receivers or other methods; (2) each sensor node is aware
of its energy residue; and (3) the 𝑆𝑖𝑛𝑘 node moves along a
certain orbit in the field and broadcasts periodically its current positions.
In WSNs, each node 𝑖 has a fixed circular transmission
range 𝑟 which determines the set of sensors in which each
node can communicate with node 𝑖 in one hop. We abstract
such WSNs using a graph 𝐺 = (𝑉, 𝐸), where each node V ∈
𝑉 represents a sensor and each edge 𝑒 ∈ 𝐸 represents the
existence of one-hop wireless link between two sensors. An
example of WSNs’ topology is shown in Figure 1.
The transmission range of 𝑠 is drawn as a dashed circle
whose radius is 𝑟 and center is 𝑠. We call the angle 𝜃 to be the
angle of deviation, which represents a measurement of the
next hop deviating from the 𝑆𝑖𝑛𝑘 𝑑. The Euclidean distance of
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Figure 1: An example of WSNs’ topology.

any two nodes and the angle 𝜃 can be calculated following (1)
and (2), respectively. Consider
2

2

𝐿 𝑖𝑗 = √ (𝑥𝑖 − 𝑥𝑗 ) + (𝑦𝑖 − 𝑦𝑗 ) ,
𝜃 = arccos

𝐿2𝑠𝑐 + 𝐿2𝑠𝑑 − 𝐿2𝑐𝑑
,
2 × 𝐿 𝑠𝑐 × 𝐿 𝑠𝑑

(1)
(2)

where (𝑥𝑖 , 𝑦𝑖 ) and (𝑥𝑗 , 𝑦𝑗 ) are the coordinates of nodes 𝑖 and 𝑗,
respectively.
If the node 𝑠 needs to transmit data to the 𝑆𝑖𝑛𝑘 𝑑, it will
select its next hop in the dashed circle. However, the nodes in
semicircle far from the 𝑆𝑖𝑛𝑘 are apparently inappropriate to
be chosen as the next hop. Usually, we choose the next hop in
the semicircle nearer to the 𝑆𝑖𝑛𝑘. Obviously, the smaller the
angle 𝜃 is, the closer the next hop is to the 𝑆𝑖𝑛𝑘. Therefore, we
are apt to choose the node whose 𝜃 is smaller as the next hop.
In order to simplify discussion, we define the 𝑁𝑠 , 𝑁𝑠𝐹 , and
𝑁𝑠𝑁 as the sets of neighbors (the nodes in the dash circle in
Figure 1), far neighbors (the nodes in the left dash circle in
Figure 1), and near neighbors (the nodes in the right dash circle in Figure 1), of node 𝑠, respectively, where 𝑁𝑠 , 𝑁𝑠𝐹 , and 𝑁𝑠𝑁
satisfy 𝑁𝑠 = 𝑁𝑠𝐹 ∪ 𝑁𝑠𝑁 and 𝑁𝑠𝐿 ∩ 𝑁𝑠𝑅 = 0.
In addition, acquiring energy residues of neighbors is
important for choosing next hop to balance the energy of sensor’s nodes. We think of the basic theory of wireless transmission combing with Figure 1. If node 𝑠 transmits a group of data
to 𝑐, all of the nodes in 𝑁𝑠 would receive the wireless radio and
check the packet header. The node 𝑐 matches the field
𝐷𝑒𝑠𝑡𝑖𝑛𝑎𝑡𝑖𝑜𝑛 and receives the packet. Other nodes mismatch
the field 𝐷𝑒𝑠𝑡𝑖𝑛𝑎𝑡𝑖𝑜𝑛, then ignore the packet, and go on
sleeping.
In order to acquire the energy residue of neighbors, we
add a new field 𝐸𝑛𝑒𝑟𝑔𝑦 𝑅𝑒𝑠𝑖𝑑𝑢𝑒 to the packet header. When
node 𝑠 transmits a group of data to 𝑐, all of the nodes in
𝑁𝑠 extract the fields of 𝑆𝑜𝑢𝑟𝑐𝑒 and 𝐸𝑛𝑒𝑟𝑔𝑦 𝑅𝑒𝑠𝑖𝑑𝑢𝑒 from the
packet header and save 𝐸𝑛𝑒𝑟𝑔𝑦 𝑅𝑒𝑠𝑖𝑑𝑢𝑒 in local memory
according to field 𝑆𝑜𝑢𝑟𝑐𝑒. Then, the node 𝑐 matches the field
𝐷𝑒𝑠𝑡𝑖𝑛𝑎𝑡𝑖𝑜𝑛 and receives the packet. Other nodes mismatch
the 𝐷𝑒𝑠𝑡𝑖𝑛𝑎𝑡𝑖𝑜𝑛, then ignore the packet, and go on sleeping.
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Figure 3: (a) If there are two candidates for next hop, the node who
has the greater 𝑘 × ER + (1 − 𝑘) cos 𝜃 will be picked as the next hop.
(b) If two food sources are connected by two tubes, the longer tube
𝐿1𝑖𝑗 will vanish with time going by.

Figure 2: The orbit of the 𝑆𝑖𝑛𝑘 node.

Since each node needs to listen in real time to every packet
and try to match its field 𝐷𝑒𝑠𝑡𝑖𝑛𝑎𝑡𝑖𝑜𝑛, only adding an operation of saving 𝐸𝑛𝑒𝑟𝑔𝑦 𝑅𝑒𝑠𝑖𝑑𝑢𝑒 would not add a considerable
effect on energy consumption. Therefore, we neglect the cost
of acquiring energy residue of neighbors.
When the 𝑆𝑖𝑛𝑘 moves along the certain orbit, it broadcasts periodically its current positions, as shown in Figure 2.
Thus, the sensor nodes can achieve the current position of
the 𝑆𝑖𝑛𝑘 in real time. When a sensor node needs to send data
to the 𝑆𝑖𝑛𝑘, it can calculate the 𝜃 following by the mode in
Figure 1.
2.2. Selecting Next Hop Model Based on Physarum. In this
section, we draw a selecting next hop model (SNH) based on
physarum foraging mechanism. From paper [18], the flux
through each plasmodial tube is as follows:
𝑄𝑖𝑗 =

𝜋𝑟𝑖𝑗4 (𝑃𝑖 − 𝑃𝑗 )
8𝜂𝐿 𝑖𝑗

=

𝐷𝑖𝑗 (𝑃𝑖 − 𝑃𝑗 )
𝐿 𝑖𝑗

=

𝐷𝑖𝑗 Δ𝑃𝑖𝑗
𝐿 𝑖𝑗

,

(3)

where Δ𝑃𝑖𝑗 = 𝑃𝑖 − 𝑃𝑗 is the difference of pressures, 𝜂 is the viscosity of the fluid, and 𝐷𝑖𝑗 = 𝜋𝑟𝑖𝑗4 /8𝜂 is a measure of the conductivity of the tube.
Physarum forages for distributed food sources through
adapting the adaptive behavior of the plasmodium. Consider
𝑑
 
𝐷 = 𝜑 (𝑄𝑖𝑗 ) − 𝛿𝐷𝑖𝑗 ,
𝑑𝑡 𝑖𝑗

(b)

(4)

where 𝛿 is a decay rate of the tube and 𝜑(⋅) is a monotonically
increasing continuous function satisfying 𝜑(0) = 0. Since
(3) and (4) come from fluid dynamics and cannot be directly
used in WSNs, we should discuss how to migrate (3) and (4)
to WSNs.
Firstly, we discuss the replacement of physical quantities
in (3). Because the 𝐷𝑖𝑗 is an inherent characteristic of the tube,
we replace the 𝐷𝑖𝑗 by an inherent physical quantity of wireless
link-link quality Φ𝑖𝑗 . Since the meaning of 𝐿 𝑖𝑗 is the same as
that in fluid dynamics, its meaning remains in our model. The
replacement of Δ𝑃𝑖𝑗 is rather complex. If flux (e.g., fluid or
data packet) wishes migrate from source to destination passing by two other nodes, the fluid tends to flow through the
node with lower pressure in fluid dynamics, while data packet
should be relayed by the node with higher energy residue and
lower angle of deviation. Therefore, we replace the 𝑃𝑗 of node

𝑗 by 𝑘⋅ER𝑗 +(1−𝑘) cos 𝜃𝑗𝑖𝑑 , so does 𝑃𝑖 of node 𝑖. Since 𝑃𝑖 is the
base pressure, we replace Δ𝑃𝑖𝑗 by 𝑃𝑗 through omitting 𝑃𝑖 .
Using (3), we have
𝑄𝑖𝑗 =

𝐷𝑖𝑗 ⋅ Δ𝑃
𝐿 𝑖𝑗

=

Φ𝑖𝑗 [𝑘 ⋅ ER𝑗 + (1 − 𝑘) cos 𝜃𝑗𝑖𝑑 ]
𝐿 𝑖𝑗

,
(5)

where 𝑄𝑖𝑗 is the virtual flux of communication through the
wireless link 𝑖𝑗; Φ𝑖𝑗 is the link quality; ER𝑗 is the energy
residue of node 𝑗; 𝐿 𝑖𝑗 is the Euclidean distance of nodes 𝑖 and
𝑗; 𝜃𝑗𝑖𝑑 is the angle of deviation and its range is [−𝜋/2, 𝜋/2]; 𝑘 is
a proportional coefficient which is used to adjust the weight of
ER𝑗 and cos 𝜃𝑗𝑖𝑑 .
Because of the same characteristic of each node, we
suppose that the Φ𝑖𝑗 of each link is the same and ignore it to
simplify discussion. Thus, we have
𝑄𝑖𝑗 =

𝐷𝑖𝑗 ⋅ Δ𝑃
𝐿 𝑖𝑗

=

𝑘 ⋅ ER𝑗 + (1 − 𝑘) cos 𝜃𝑗𝑖𝑑
𝐿 𝑖𝑗

.

(6)

Secondly, we analyze the adaptive behavior of plasmodium referring to Figure 3(b), where two food sources are connected by two tubes. Because Δ𝑃𝑖𝑗1 = Δ𝑃𝑖𝑗2 and 𝐿1𝑖𝑗 > 𝐿2𝑖𝑗 , the
flux 𝑄𝑖𝑗2 will be greater than 𝑄𝑖𝑗1 from (3). Note that 𝐿1𝑖𝑗 and 𝐿2𝑖𝑗
are kept constant throughout the adaptation process in contrast to 𝐷𝑖𝑗 . Therefore, the adaptive behavior of plasmodium is
fulfilled by the evolution of 𝐷𝑖𝑗 (𝑡). In WSNs, node 𝑖 chooses
the next hop form candidates as shown in Figure 3(a).
Because (1) 𝐿 𝑖𝑗1 and 𝐿 𝑖𝑗2 are kept constant, and (2) Δ𝑃𝑖𝑗1 and
Δ𝑃𝑖𝑗2 are different and time-varying, we can achieve the adaptation by the evolution of Δ𝑃𝑖𝑗 (𝑡). Supposing that 𝜑(𝑄) = 𝑄𝜇 ,
we have
Φ𝑖𝑗 Δ𝑃𝑖𝑗 𝜇
𝑑
) − 𝛿Δ𝑃𝑖𝑗 ,
Δ𝑃𝑖𝑗 = 𝜑 (|𝑄|) − 𝛿Δ𝑃𝑖𝑗 = (
𝑑𝑡
𝐿 𝑖𝑗

(7)

where 𝛿 is a decay rate of Δ𝑃𝑖𝑗 and 𝜇 is a constant satisfying 𝜇 >
0. We call (7) SNH and use it to determine the next hop in our
P-bRS; namely, we choose the node with the largest 𝑑Δ𝑃𝑖𝑗 /𝑑𝑡
as the next hop.

4
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3. P-bRS Routing Scheme
3.1. Data Structure in P-bRS. In this section, we introduce the
data which should be conserved in each node. Each node 𝑖
needs to conserve the following information: 𝐿 𝑖𝑗 (𝑗 ∈ 𝑁𝑖 ),
𝜃𝑗𝑖𝑑 (𝑗 ∈ 𝑁𝑖𝑅 ), ER𝑖𝑗 (𝑗 ∈ 𝑁𝑖 ), ER𝑖𝑖 , and 𝛽𝑖𝑝𝑗 (𝑗 ∈ 𝑁𝑖𝐿 ), where
node 𝑝 is the previous hop of node 𝑖, ER𝑖𝑖 represents the ER𝑖
stored in node 𝑖, and ER𝑖𝑗 represents the ER𝑗 stored in node 𝑖.
As our WSNs are location-aware, the 𝐿 𝑖𝑗 , 𝜃𝑗𝑖𝑑 , and 𝜃𝑖𝑝𝑗 are easily acquired following (1) and (2). Note that the nodes in our
WSNs are fixed, and we only need to calculate the 𝐿 𝑖𝑗 once at
WSNs deployment time. For the difference between ER𝑗 and
̂ 𝑗 . Therefore, we obtain
cos 𝜃𝑗𝑖𝑑 , we normalize ER𝑗 to ER

chosen as the next hop of the routing and the regular processing routine is going on. Consider
̂ 𝑗 + (1 − 𝑘)𝛽𝑎𝑠𝑗 𝜇
𝑘 × ER
𝑑
)
Δ𝑃 = (
𝑑𝑡 𝑖𝑗
𝐿 𝑖𝑗

(10)

̂ 𝑗 + (1 − 𝑘) 𝛽𝑎𝑠𝑗 ] ,
− 𝛿 [𝑘 × ER
where 𝛽𝑎𝑠𝑗 is the angle of line 𝑠𝑎 and line 𝑠𝑗. Equation (10)
indicates that it tends to choose a node which sharply deviates
from the node 𝑎 as the next hop to avoid entering the energy
hole again.
Step 9. The process is repeated, like a rolling wheel, until the
𝑆𝑖𝑛𝑘 𝑑 is found.

𝑄𝑖𝑗 =

̂ 𝑗 + (1 − 𝑘) cos 𝜃𝑗𝑖𝑑
𝑘 × ER
𝐿 𝑖𝑗

,

̂ 𝑗 + (1 − 𝑘) cos 𝜃𝑗𝑖𝑑 𝜇
𝑘 × ER
𝑑
)
Δ𝑃 = (
𝑑𝑡 𝑖𝑗
𝐿 𝑖𝑗

(8)

(9)

̂ 𝑗 + (1 − 𝑘) cos 𝜃𝑗𝑖𝑑 ] .
− 𝛿 [𝑘 × ER

3.3. Algorithm Analysis. In this section, we analyze the feasibility of SNH by mathematical theoretical analysis. We study
cases in which two nodes connected to the same node compete to be the next hop, as shown in Figure 3(a).
There are four nodes 𝑖, 𝑗1 , 𝑗2 , and 𝑆𝑖𝑛𝑘 𝑑. For simplicity,
we hereafter replace 𝐿 𝑖𝑗1 , 𝐿 𝑖𝑗2 , 𝑄𝑖𝑗1 , 𝑄𝑖𝑗2 , Δ𝑃𝑖𝑗1 , and Δ𝑃𝑖𝑗2 by 𝐿 1 ,
𝐿 2 , 𝑄1 , 𝑄2 , Δ𝑃1 , and Δ𝑃2 , respectively. In multipath routing,
the virtual fluxes along each path are calculated as follows:
𝑄1 =

Δ𝑃1 /𝐿 1
,
Δ𝑃1 /𝐿 1 + Δ𝑃2 /𝐿 2

3.2. Routing Scheme Algorithm. If node 𝑠 needs to send data
to the 𝑆𝑖𝑛𝑘 𝑑, it searches for a routing in the following
method.

Δ𝑃2 /𝐿 2
𝑄2 =
.
Δ𝑃1 /𝐿 1 + Δ𝑃2 /𝐿 2

Step 1. Receive the positioning information of the 𝑆𝑖𝑛𝑘 node,
and then calculate each 𝜃𝑗𝑖𝑑 and 𝛽𝑖𝑝𝑗 .

Since 𝑄1 and 𝑄2 are nonnegative, adaptation equation (7)
becomes

Step 2. Divide each node 𝑗 ∈ 𝑁𝑠 into 𝑗 ∈ 𝑁𝑠𝐹 or 𝑗 ∈ 𝑁𝑠𝑁 based
on the positioning information of the 𝑆𝑖𝑛𝑘 node.

𝑑
(Δ𝑃1 ) = 𝜑 (𝑄1 ) − 𝛿 ⋅ Δ𝑃1 ,
𝑑𝑡

Step 4. Each node 𝑗 ∈ 𝑁𝑠𝑁 is saved into a temporary array
variable 𝑇𝑒𝑚𝑝 in descending order by 𝑑Δ𝑃𝑠𝑗 /𝑑𝑡.
Step 5. The first node in 𝑇𝑒𝑚𝑝 is picked as the next hop of the
routing.
Step 6. If the next hop 𝑎 of node 𝑠 satisfies 𝑁𝑎𝑁 = 0, namely,
there is an energy hole in WSNs, the node 𝑎 will not send
𝐴𝐶𝐾 to 𝑠. Then, the node 𝑠 will trigger a specific processing
routine.
Step 7. If |𝑇𝑒𝑚𝑝[0] → 𝜃𝑗𝑠𝑑 −𝑇𝑒𝑚𝑝[1] → 𝜃𝑗𝑠𝑑 | ≥ 𝜋/2, node 𝑠
will choose the node 𝑇𝑒𝑚𝑝[1] as the next hop. Then, the
regular processing routine is going on.
Step 8. Otherwise, each 𝑑Δ𝑃/𝑑𝑡 (𝑗 ∈ 𝑁𝑠𝐹 ) is calculated following (10) and the nodes are saved into the 𝑇𝑒𝑚𝑝 in ascending order by 𝑑Δ𝑃/𝑑𝑡. Then, the first node in 𝑇𝑒𝑚𝑝 is

(12)

𝑑
(Δ𝑃2 ) = 𝜑 (𝑄2 ) − 𝛿 ⋅ Δ𝑃2 .
𝑑𝑡

𝑁𝑠𝑁) following from (9),

Step 3. Calculate each 𝑑Δ𝑃𝑠𝑗 /𝑑𝑡 (𝑗 ∈
̂ 𝑠𝑗 are acquired by node 𝑠 beforehand.
̂ 𝑠𝑗 , and 𝐿
where 𝜃𝑗𝑠𝑑 , ER

(11)

Setting 𝜑(𝑄) = 𝑄𝜇 , (𝑑/𝑑𝑡)(Δ𝑃1 ) = 0, and (𝑑/𝑑𝑡)(Δ𝑃2 ) =
0, we have
(

𝜇
Δ𝑃1 /𝐿 1
) = 𝛿 ⋅ Δ𝑃1 ,
Δ𝑃1 /𝐿 1 + Δ𝑃2 /𝐿 2

𝜇
Δ𝑃2 /𝐿 2
(
) = 𝛿 ⋅ Δ𝑃2 .
Δ𝑃1 /𝐿 1 + Δ𝑃2 /𝐿 2

(13)

From (13), we obtain
1−1/𝜇

Δ𝑃2 = (𝛿−1/𝜇 (Δ𝑃1 )

− Δ𝑃1 )

𝐿2
.
𝐿1

(14)

From (13) and (14), we obtain
𝜇

1
1
] .
Δ𝑃1 = [
𝛿 (1 + (𝐿 /𝐿 )1/1−𝜇 )
1
2
]
[

(15)
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Figure 5: Sensors distribution.

ΔP1 = 𝜙(ΔP2 )
ΔP2 = 𝜓(ΔP1 )

Similarly,
𝜇

1
1[
] .
𝛿 (1 + (𝐿 /𝐿 )1/1−𝜇 )
2
1
]
[

(16)

Namely, equilibrium point is given by (Δ𝑃1 , Δ𝑃2 ). We
perform the simulation by setting the parameters 𝜇 = 0.8, 𝛿 =
0.3, 𝐿 1 = 10, and 𝐿 2 = 12 following from (13), and the visualization of the solutions is shown in Figure 4, where point
𝐸 is the equilibrium point of two curves. Therefore, the routing of WSNs will reach equilibrium with our SNH, which is
very important to a routing strategy.

4. Simulation Results
We design a simulation platform using C++ to validate P-bRS.
In the simulation, 400 sensors are relatively regularly deployed in the field of 200 m × 200 m, and the 𝑆𝑖𝑛𝑘 node is
deployed the right of the field, as shown in Figure 5. The
sensing radius of each sensor is 30 m, the original energy of
each node is 100, and the energy of the 𝑆𝑖𝑛𝑘 node is inexhaustible. We suppose that the energy consumption of one
transmission is 1, if the transmission distance is 20 m. Therefore, the energy consumption of one transmission of two
nodes 𝑖 and 𝑗 is (𝐿 𝑖𝑗 /20).
In order to validate the energy equilibrium, we only
choose the nodes in the center or peripheral simulation field
(enclosed by red dashed circle or two red dashed rectangles in
Figure 5) to transmit data to the 𝑆𝑖𝑛𝑘. If a chosen node transmits a group of data to the 𝑆𝑖𝑛𝑘, the P-bRS is used to choose
next hops until the 𝑆𝑖𝑛𝑘 is found, which is called a 𝑟𝑜𝑢𝑛𝑑. This
iterative process will halt after 𝑛 rounds until WSNs break
down. We run GPSR, GEAR (𝑘 = 0.5, 0.9, where we use 𝑘 to

240
Number of dead nodes

Figure 4: Asymptotic behavior of the solution in 𝜇 = 0.8, 𝛿 = 0.3,
𝐿 1 = 10, and 𝐿 2 = 12: two curves which come from (13) intersect in
a point 𝐸, which is the sole equilibrium point.
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Figure 6: Lifetime of network.

replace 𝛼 which is used in [24] to bring into correspondence
with P-BRS) and P-bRS (𝑘 = 0.5, 0.9) 10 times, respectively, to
acquire their average value and compare them. If the distance
between the nodes and the 𝑆𝑖𝑛𝑘 is less than 30 m, we set the
nodes to directly transmit data to the 𝑆𝑖𝑛𝑘 to quicken convergence of P-bRS, and the energy consumption is set to 1.
4.1. Energy Equilibrium of P-bRS. Figure 6 illustrates the lifetime of WSNs. In GPSR, the first dead node emerges in round
of 406, and the WSNs break down in round of 1857. In GEAR
(𝑘 = 0.5), the first dead node emerges in round of 1955, and
the WSNs break down in round of 3042. In P-bRS (𝑘 = 0.5),
the first dead node emerges in round of 2284, and the WSNs
break down in round of 3351. In GEAR (𝑘 = 0.9), the first dead
node emerges in round of 3462, and the WSNs break down in
round of 4043. In P-bRS (𝑘 = 0.9), the first dead node
emerges in round of 3524, and the WSNs break down in round
of 4108. Therefore, the lifetime of GEAR (𝑘 = 0.5) is 63.8%
longer than that of GPSR; the lifetime of P-bRS (𝑘 = 0.5) is
10.2% longer than that of GEAR (𝑘 = 0.5); and the lifetime of

6

The Scientific World Journal
200

200

160

160

120

120

80

80

40

40

0

0
0

40

80

120

160

200

0

40

(a) P-bRS, 𝑘 = 0.5, round = 2750

80

120

160

200

(b) GEAR, 𝑘 = 0.5, round = 2750

Figure 7: Distribution of dead sensor nodes.
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Number of hops

P-bRS (𝑘 = 0.9) is 1.6% longer than that of GEAR (𝑘 = 0.9).
From Figure 6, we can differ that (1) whether considering
energy residue of next hops or not will impact on the lifetime
of WSNs greatly; (2) in energy balanced WSNs, the time
period is very short from emerging dead nodes to networks
breaking down, because all nodes reach exhausted status of
energy in same time period.
Figure 7 illustrates the dead nodes distributions of GEAR
(𝑘 = 0.5) and P-bRS (𝑘 = 0.5) in the rounds of 2750. The
results show that P-bRS (𝑘 = 0.5) has much less dead nodes
than GEAR (𝑘 = 0.5). We can also differ that the dead nodes
of both algorithms are converged on a specific field but not
spread around the entire range of WSNs, which is useful
in deploying such WSNs to prolong the lifetime through
rationally deploying the specific field.
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Figure 8: Needing hops of transmission of each round.

4.2. Efficiency of P-bRS. Figure 8 illustrates the number of
hops that the different algorithms need in different rounds of
transmission. By calculating, the average hops of GPSR,
GEAR (𝑘 = 0.5), P-bRS (𝑘 = 0.5), GEAR (𝑘 = 0.9), and
P-bRS (𝑘 = 0.9), are 9.7, 12.2, 11.1, 14.8, and 13.3, respectively.
In the case of 𝑘 = 0.5, the average hop of P-bRS is 14.4%
more than that of GPSR, and the hop of GEAR is 25.8% more
than that of GPSR. Combing with Figure 8, the increment of
average hops of 14.4% will lead to the increment of lifetime
of more than 70% from GPSR to P-bRS, while the increment
of average hops of 25.8% will only lead to the increment of
lifetime of more than 60% from GPSR to GEAR. Therefore,
the P-bRS is more efficient in balance of routing efficiency and
energy equilibrium than GEAR.
In the case of 𝑘 = 0.9, the average hop of P-bRS is 37.1%
more than that of GPSR, and the hop of GEAR is 52.6% more
than that of GPSR. Combing with Figure 6, the increment of
14.4% of average hops will lead to the increment of about 70%
of lifetime from GPSR to P-bRS (𝑘 = 0.5), while the increment of 19.8% of average hops will only cause the increment of
22.6% of lifetime from P-bRS (𝑘 = 0.5) to P-bRS (𝑘 = 0.9).

That is to say, the larger 𝑘 is, the smaller the increment of 𝑘
impacts on lifetime of WSNs. Therefore, it is improper to set a
larger 𝑘, so does GEAR.

5. Conclusion
The physarum forages for patchily distributed food sources
through accommodating its body to form networks with
comparable efficiency, fault tolerance, and cost. We draw
inspiration from the physarum model and improve it to
suit the routing choice for WSNs. The P-bRS algorithm can
deal with the trade-off between routing efficiency and energy
equilibrium in WSNs, which greatly reduces the processing
delay and saves the energy of sensors. Based on the simulation
results, we discuss the P-bRS’s performance. In future work,
we consider introducing actual mobility model of nodes into
P-bRS to make it fit in with mobile WSNs. Moreover, we consider the model may also provide a useful help to develop the
routing protocols in other networks, which will be our future
focus.
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Modeling of task planning for multirobot system is developed from two parts: task decomposition and task allocation. In the
part of task decomposition, the conditions and processes of decomposition are elaborated. In the part of task allocation, the
collaboration strategy, the framework of reputation mechanism, and three types of reputations are defined in detail, which include
robot individual reputation, robot group reputation, and robot direct reputation. A time calibration function and a group calibration
function are designed to improve the effectiveness of the proposed method and proved that they have the characteristics of time
attenuation, historical experience related, and newly joined robot reward. Tasks attempt to be assigned to the robot with higher
overall reputation, which can help to increase the success rate of the mandate implementation, thereby reducing the time of
task recovery and redistribution. Player/Stage is used as the simulation platform, and three biped-robots are established as the
experimental apparatus. The experimental results of task planning are compared with the other allocation methods. Simulation
and experiment results illustrate the effectiveness of the proposed method for multi-robot collaboration system.

1. Introduction
The field of distributed robotics started in the late 1980s, when
several researchers began investigating issues in multiple
mobile robot systems. Prior to this time, researches had
concentrated on either single robot systems or distributed
problem-solving systems that did not involve robotic components [1]. In the early distributed robotics work, the topics
of particular interest include (1) cellular (or reconfigurable)
robot systems, such as cellular robotic system [2] and cyclic
swarms [3]; (2) multirobot motion planning, such as traffic
control [4] and movement in formation [5]; (3) architectures
for multirobot collaboration, such as ACTRESS [6]. Also,
literatures on other particular topics, such as robot colonies
[7] and heterogeneous multirobot systems [8], have been
published.
In recent years, multirobot systems research has made
great progress in many areas [9]. Issues of multirobot system
[10] include biological inspirations, communication, architectures, localization/mapping/exploration, object transport

and manipulation, motion coordination and formation [11,
12], reconfigurable robots, and learning.
Collaboration is an important characteristic and a major
evaluation indicator for multirobot systems [6]. Multirobot
systems can complete the mission through collaboration
which a single robot cannot achieve. It is not the linear
summation of the role of single robot but includes the
individual-based interactively incremental besides the linear
summation, which increases the overall performance [13].
Task planning includes two aspects [9]: task decomposition and task allocation. Presently, task planning system
has been widely used in the space shuttle satellites, pilotless
aircraft, and so forth. The research of multirobot systems is
closely related to the distributed artificial intelligence, which
consists of two main areas of research: distributed problem
solving (DPS) and multiagent systems. DPS mainly focuses
on how to decompose a particular problem and how to
solve the problem among multiple agents, including three
main aspects, which are problem decomposition, subproblem
solving, and synthesis of the findings.

2
In the task decomposition and distribution research,
there are several traditional methods: Contract Net Mechanism [14], Local/Global Planning [15], Distributed Searching,
and Joint Intentions. Contract Net Protocol is an important
noncentralized task decomposition and distribution model in
distributed artificial intelligence.
The traditional task allocation is mainly based on contract
net protocol (CNP) [14], which can provide the solution
for the issues by consulting to avoid conflict. Parker [16]
developed a behavior-based distributed multirobot collaboration structure named L-ALLICANCE and the corresponding system with the capability of parameters learning
named L2-ALLICANCE [17] in MIT. The system utilizes an
incentive-based task allocation mechanism for behavior and
enhances the generalization and error tolerance of multirobot
system. Parker also proposed a behavior-based task allocation
mechanism named ASyMTRe [18].
Gerkey applied the market algorithm in multirobot system to deal with dynamic task allocation problem named
MURDOCH [19]. The market mechanism in task allocation is
based on consultations. The robots complete the task assigned
through mutual consultation and negotiation on the basis of
certain agreement in multirobot system.
However, the task allocation methods have their limitations to some extent. Behavior-based task allocation mechanism does not take into account the influence of collaboration
history, while market-mechanism-based task allocation does
not fully consider the impact of the time factor, leading to
poor robustness.
In addition, the topics of multirobot search and rescue,
cooperative localization, motion coordination, and formation control attract a lot of researchers in the fields of
robot collaboration system [20]. Collaboration optimization
method, including linear programming method and the
Hungarian algorithm [21], can be applied to solve simple tasks
and robot collaboration optimization problems. But when
the number of robots and tasks increases in the system, the
computational complexity will increase exponentially.
In this paper, a task planning method based on reputation
mechanism is proposed. Reputation plays an important
role in the collaboration among people. In many cases,
task allocation is based on someone’s reputation, which is
gained from the evaluation of the completion of historical
tasks. Reputation theory is attracting interest from industrial
and academic research communities and increasingly being
integrated with online services and applications, especially in
network computing system.
Reputation of robots is the overall assessment and
the summary of past actions observed from one robot
to another through the gradual dynamic capabilities in a
continuous interactive process. The assessment can be used
to guide further actions of the robot. Reputation includes
five attributes: (1) the related characteristics of environmental context, (2) dynamic characteristics of changing over
time, (3) time lag characteristics of forming through the
continuous learning and historical experience, (4) group
characteristics of being affected by the group or alliance of the
robot, and (5) incentive and reward mechanism. The robot
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with good reputation should be rewarded in task allocation.
Otherwise, it should be punished.
The rest of the paper is organized into four sections as
follows: the system structure and basic concepts are presented
in Section 2. The modeling of task planning using reputation mechanism is proposed in Section 3. Simulation and
experimental results are shown in Section 4, and concluding
remarks are in Section 5.

2. Basic Concepts and System Structure
Task planning consists of two parts: decomposition and
allocation. Task allocation in the multirobot system is divided
into two categories: direct allocation and delegation allocation. Direct allocation is to assign a task to robot that can
provide collaboration directly. If the robot cannot complete
the assigned task, the assigned task can be delegated to other
robots. The task can be further delegated if needed.
The periodical constraint is utilized to guarantee the
time effectiveness of task allocation. (𝑡𝑏 , 𝑡𝑒 ) is a periodical
constraint from 𝑡𝑏 to 𝑡𝑒 , which means that the task allocation
is valid in the period from the time 𝑡𝑏 to 𝑡𝑒 . If a task cannot
be accomplished in the arranged time, it will be withdrawn,
which can improve the performance of the system. A typical
collaboration system is shown in Figure 1.
In Figure 1, there are two cooperative groups. Tasks can
be assigned by direct allocation or indirect delegation.
In the robot reputation system, robot reputation level
(RRL) is proposed to quantify the reputation of each robot,
which is based on the historical experience and the overall
evaluation of the system. “0” and “1” are used to quantize the
reputation value. “0” represents the lowest reputation and “1”
represents the highest reputation. The symbol of robots group
is indicated as 𝐷. The value on the line from robot 𝑅1 to robot
𝑅2 is the direct reputation from 𝑅1 to 𝑅2 , and the individual
reputation value of the robot 𝑅1 is the value on the robot,
shown in Figure 2.
In Figure 2, the reputation of the group is the value
beside the name of the group; for example, the reputation of
group 𝐷1 is 0.5. The reputation of robots in the collaboration
system consists of three parts: (1) the individual reputation;
(2) the group’s reputation where the robot belongs to; (3) the
reputation between the two robots intending to cooperate.

3. Task Planning Using
Reputation Mechanism
In this section, task planning is divided into two parts: task
decomposition and task allocation. Firstly, the condition and
process of the task decomposition are presented. Secondly,
task allocation using reputation mechanism is defined and
presented in detail.
3.1. Task Decomposition. A task can be decomposed if it
meets certain conditions. Four task decomposition conditions are given in [22]. If the task can be decomposed and
is assignable, the formal definition of automata is as follows.
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Figure 1: Robot collaboration system.
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where, 𝑒1 , and 𝑒2 are events; 𝐸 is a set of total events; local
event sets 𝐸𝑖 ; a set of states 𝑄; a transition relation 𝛿; If state 𝑞
is reachable under events 𝑒1 , 𝑒2 that means existing a local
events 𝐸𝑖 which contains events 𝑒1 , 𝑒2 , making the state 𝑞
remain reachable under the event sequence 𝑒1 𝑒2 and 𝑒2 𝑒1 .

Figure 2: Reputation of the robot collaboration system.

An automata is a tuple 𝐴 = (𝑄, 𝑞0 , 𝐸, 𝛿, 𝐹), consisting of a
set of states 𝑄; the initial state 𝑞0 ; a set of events 𝐸 that causes
transitions between the states; a transition relation 𝛿; 𝐹 is the
acceptable states set. 𝑠 = 𝑎0 𝑎1 ⋅ ⋅ ⋅ 𝑎𝑛−1 ∈ 𝐸∗ is a finite alphabet
and a sequence 𝑞0 , 𝑞1 , . . . , 𝑞𝑛 of 𝑛 + 1 states in 𝑄, and 𝑞0 ∈ 𝑄0 ,
𝑞𝑖+1 ∈ 𝛿(𝑞𝑖 , 𝑎𝑖 ).
The parallel composition of 𝐴 1 and 𝐴 2 is the automaton
𝐴 1 ‖ 𝐴 2 = (𝑄, 𝑞0 , 𝐸, 𝛿), defined as follows:
𝑄 = 𝑄1 × 𝑄2 ;
𝑞0 =

(𝑞10 , 𝑞20 ) ;

(2) Decomposition Condition 2
∀𝑒1 , 𝑒2 ∈ 𝐸, 𝑞 ∈ 𝑄, 𝑠 ∈ 𝐸∗
[𝛿 (𝑞, 𝑒1 𝑒2 𝑠)! ∨ 𝛿 (𝑞, 𝑒2 𝑒1 𝑠)!]
⇒ [∃𝐸𝑖 ∈ {𝐸1 , . . . , 𝐸𝑛 } , {𝑒1 , 𝑒2 } ⊆ 𝐸𝑖 ]

(3)

∨ [𝛿 (𝑞, 𝑒1 𝑒2 𝑠)! ∧ 𝛿 (𝑞, 𝑒2 𝑒1 𝑠)!] ,
∗

where 𝐸 is sequence of events. If the state 𝑞 is reachable
under the event sequence 𝑒1 𝑒2 or 𝑒2 𝑒1 , it can launch a local
existing events 𝐸𝑖 , which contains events 𝑒1 , 𝑒2 , making the
state 𝑞 remain reachable under the event sequence 𝑒1 𝑒2 𝑠 and
𝑒2 𝑒1 𝑠.

𝐸 = 𝐸1 ∪ 𝐸2 ;

∀ (𝑞1 , 𝑞2 ) ∈ 𝑄, 𝑒 ∈ 𝐸
𝛿 ((𝑞1 , 𝑞2 ) , 𝑒)
𝛿1 (𝑞1 , 𝑒) , 𝛿2 (𝑞2 , 𝑒)
{
{
{
{
{
{
{
= {(𝛿1 (𝑞1 , 𝑒) , 𝑞2 )
{
{
{
(𝑞 , 𝛿 (𝑞 , 𝑒))
{
{
{ 1 2 2
{𝜙

(2)

(3) Decomposition Condition 3

if 𝛿1 (𝑞1 , 𝑒) , 𝛿2 (𝑞2 , 𝑒) ,
𝑒 ∈ 𝐸1 ∩ 𝐸2
if 𝛿1 (𝑞1 , 𝑒)!, 𝑒 ∈ 𝐸1 \ 𝐸2
if 𝛿2 (𝑞2 , 𝑒)!, 𝑒 ∈ 𝐸2 \ 𝐸1
otherwise.

𝑛

𝛿 (𝑞0 , | 𝑝𝑖 (𝑠𝑖 ))!,
𝑖=1

̃ (𝐴 𝑆 ) ,
∀ {𝑠1 , . . . , 𝑠𝑛 } ∈ 𝐿

∃𝑠𝑖 , 𝑠𝑗 ∈ {𝑠1 , . . . , 𝑠𝑛 } ,
(1)

(4)

𝑠𝑖 ≠
𝑠𝑗 ,

̃ 𝑆 ) ⊆ 𝐿(𝐴 𝑆 ) and 𝐿(𝐴
̃ 𝑆 ) are the biggest subset of
where 𝐿(𝐴

̃
̃ 𝑆 ), ∃𝐸𝑖 , 𝐸𝑗 ∈ {𝐸1 , . . . , 𝐸𝑛 },
𝐿(𝐴 𝑆 ) for all 𝑠 ∈ 𝐿(𝐴 𝑆 ), ∃𝑠 ∈ 𝐿(𝐴
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𝑖 ≠
𝑗 can launch 𝑝𝐸𝑖 ∩𝐸𝑖 (𝑠) and 𝑝𝐸𝑖 ∩𝐸𝑖 (𝑠 ), beginning with the
same event. 𝐿(𝐴 𝑆 ) is the set of all sequences of events of
̃ 𝑆 ) is the set of the sequences of events of
automaton 𝐴 𝑆 ; 𝐿(𝐴
automata 𝐴 𝑆 ; the natural projections of the 𝑖th local event set
in the corresponding sequence of events 𝑠𝑖 .
(4) Decomposition Condition 4
𝑥2 , 𝑒 ∈ 𝐸𝑖 ,
∀𝑖 ∈ {1, . . . , 𝑛} , 𝑥 ⋅ 𝑥1 ⋅ 𝑥2 ∈ 𝑄𝑖 , 𝑥1 ≠
𝑡 ∈ 𝐸𝑖∗ , 𝛿𝑖 (𝑥, 𝑒) = 𝑥1 , 𝛿𝑖 (𝑥, 𝑒) = 𝑥2

(5)

𝛿𝑖 (𝑥1 , 𝑡)! ⇐⇒ 𝛿𝑖 (𝑥2 , 𝑡)!.
Formal linear temporal logic language is used to present
the whole tasks of the robot system, which is almost the same
with the natural language in structure.
Several temporal operators of task decomposition are
presented as follows [22]:
(i) next state “o”: requires that a property hold in the next
state of the path;
(ii) until “∪”: used to combine two properties. The combined property holds if there is a state on the path
where the second property hold, and at every preceding state on the path, the first property holds;
(iii) eventually “⬦”: used to assert that a property will hold
at some future state on the path;
(iv) always “◻”: specifies that a property holds at every
state on the path. Such as: 𝐸 = {𝐸1 , 𝐸2 , . . . , 𝐸𝑛 }.
𝐸3

The reachability while avoiding some events: ¬ (𝐸1 ∨𝐸2 )∪
Sequence: ⬦(𝐸1 ∧ ⬦(𝐸2 ∧ ⬦𝐸3 ))
Coverage: ⬦𝐸1 ∧ ⬦𝐸2 ∧ ⬦𝐸3
Recurrence: ◻(⬦𝐸1 ∧ ⬦𝐸2 ∧ ⬦𝐸3 ).

The equivalent task automata 𝐴 𝑆 can be transformed
from the formula. The natural projections of 𝐴 𝑆 to local event
sets 𝐸𝑖 are obtained as 𝑃𝑖 (𝐴 𝑆 ). Linear temporal logic and
automata have a close relationship, which can be directly
exported from linear temporal logic formula, because every
linear temporal logic formula consists of connectors and
temporal operators.
3.2. Reputation Mechanism. The negotiation process of the
robot collaboration system is presented, which mainly is
concerned about how to build partnerships between the
collaborative robots according to the reputation mechanism.
Definition 1 (robot initialization set). The robot initialization
set 𝐼 is identified as ⟨𝜅𝐼 , 𝐸𝐼 , CHAP𝐼 , AC𝐼 ⟩, where 𝜅 denotes
the ontology of collaboration robot, which can get the
identification corresponding to 𝜅; 𝐸 ⊂ 𝜀 is an identification
set, these identification sets are issued to 𝜅 in 𝐼. CHAP: 𝜏 →
𝑃 is a partial order function, mapping a finite subset of
attributes to the strategy set. The properties of CHAP are
called limited properties. For the limited property 𝑡, CHAP[𝑡]
is called the verification strategy of 𝑡. AC: 𝑅 → 𝑃 is a partial
order function, mapping resources to a finite strategy set.

Definition 2 (robot collaboration strategy). A collaboration
strategy is defined as a quintuple ⟨𝑄, 𝑀, init𝑅 , start𝑀, reply⟩,
where 𝑄 is the finite set of the collaboration process state, each
state denoted by 𝑞, and, 𝑞 ∈ 𝑄; 𝑀 is the finite set of the collaboration process messages. The massage is denoted by 𝑚 and
usually consists of subscripts. The message sequences can be
denoted as 𝑚1 , . . . , 𝑚𝑛 . The function init𝑅 : 𝐼 × 𝑘 → 𝑄 defines
the initial state of the requester. When the initialization set
and requesting robot are given, this state is init𝑅 (𝐼, 𝐾𝑅 ) = 𝑞,
where 𝑞 ∉ {success, failure}. start𝑀: 𝐼 × Res × 𝑘 → 𝑄 × 𝑀
defines that the collaboration is started by a requested robot.
The function reply: 𝑄 × 𝑀 → 𝑄 × 𝑀 defines each action of
the robot. When the robot initialization set 𝐼, current state
𝑞 and the latest message 𝑚 from the other side are given,
reply(𝑞, 𝑚) = ⟨𝑞 , 𝑚 ⟩.
Definition 3 (framework of reputation mechanism). Giving
that 𝐷1 denotes the domain where 𝑅1 belongs to, 𝐷2 denotes
the domain where 𝑅2 belongs to, 𝑡 denotes the time of collaboration and 𝑙 denotes the specific group. The collaboration
relationship from 𝑅1 to 𝑅2 is expressed as Γ(𝑅1 , 𝑅2 , 𝑡, 𝑐, 𝑙):
Γ (𝑅1 , 𝑅2 , 𝑡, 𝑙, 𝑐) = 𝛼 × Θ (𝑅1 , 𝑅2 , 𝑡, 𝑙, 𝑐)
+ 𝛽 × Ω (𝑅2 , 𝑡, 𝑙, 𝑐) + 𝜃 × Ψ (𝐷1 , 𝐷2 , 𝑡, 𝑐) ,
(6)
where Θ(𝑅1 , 𝑅2 , 𝑡, 𝑙, 𝑐) denotes the direct reputation between
robot 𝑅1 and robot 𝑅2 . 𝛼 denotes the direct reputation weight
coefficient, 0 ≤ 𝛼 ≤ 1. Ω(𝑅2 , 𝑡, 𝑙, 𝑐) denotes the individual
reputation value of robot 𝑅2 ; 𝛽 is the reputation weight
coefficient. 0 ≤ 𝛽 ≤ 1. Ψ(𝐷1 , 𝐷2 , 𝑡, 𝑐) denotes the reputation
value from the robot group 𝐷1 to the group 𝐷2 . 𝜃 denotes the
group weight coefficient, 0 ≤ 𝜃 ≤ 1, 𝛼 + 𝛽 + 𝜃 = 1, 𝛼, 𝛽, 𝜃 ≥ 0.
Definition 4 (direct reputation). Giving that 𝐷1 denotes the
domain where 𝑅1 belongs to, 𝐷2 denotes the domain where
𝑅2 belongs to. The direct reputation from 𝑅1 to 𝑅2 is presented
as
Θ (𝑅1 , 𝑅2 , 𝑡, 𝑙, 𝑐) = DRM (𝑅1 , 𝑅2 , 𝑡, 𝑐)
× 𝛾 (𝑡 − 𝑡𝑎−𝑏 , 𝑐) × 𝜏 (𝑙𝑎 , 𝑙𝑏 , 𝑐) ,

(7)

where the definition of DRM (Direct Reputation Matrix) can
be seen in Definition 7. 𝑡𝑎−𝑏 denotes the last collaboration
time between 𝑅1 and 𝑅2 ; 𝛾(𝑡 − 𝑡𝑎−𝑏 , 𝑐) denotes the function
of time calibration; 𝜏(𝑙𝑎 , 𝑙𝑏 , 𝑐) denotes the function of group
calibration function; and 𝛾(𝑡 − 𝑡𝑎−𝑏 , 𝑐) denotes the time
calibration function.
Definition 5 (individual reputation). Giving that 𝐷1 denotes
the domain where 𝑅1 belongs to, 𝐷2 denotes the domain
where 𝑅2 belongs to. The individual reputation of robot 𝑅2
in the collaboration system is presented as
Ω (𝑅2 , 𝑡, 𝑙, 𝑐) =

1 𝑛
∑𝑆 (𝜌𝑖 + Γ𝑖 (𝑅𝑖 , 𝑅2 , 𝑡, 𝑙, 𝑐))
𝑛 𝑖=1
× 𝛾 (𝑡 − 𝑡𝑧𝑖 −𝑏 , 𝑐) × 𝜏 (𝑙𝑧𝑖 , 𝑙𝑏 , 𝑐) ,

(8)
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where 𝑆(𝜌𝑖 + Γ𝑖 (𝑅𝑖 , 𝑅2 , 𝑡, 𝑙, 𝑐)) denotes the function of the
reputation calibration; 𝜌𝑖 denotes the standard deviation of
reputation value at the No. 𝑖 collaboration; 𝜆(𝑡 − 𝑡𝑧𝑖 −𝑏 , 𝑐)
denotes the function of time calibration; 𝜏(𝑙𝑧𝑖 , 𝑙𝑏 , 𝑐) denotes
the function of group calibration function; and 𝑛 denotes the
number of robots in the collaboration system who is cooperating with robot 𝑅2 .
Definition 6 (group reputation). Giving that 𝐷1 denotes the
domain where 𝑅1 belongs to, 𝐷2 denotes the domain where
𝑅2 belongs to. Group reputation in the collaboration system
is
Ψ (𝐷1 , 𝐷2 , 𝑡, 𝑐) = Ψ (𝐷1 , 𝐷2 , 𝑡𝑎−𝑏 , 𝑐) × 𝛾 (𝑡 − 𝑡𝑎−𝑏 , 𝑐) ,

(9)

where Ψ(𝐷1 , 𝐷2 , 𝑡𝑎−𝑏 , 𝑐) denotes the group reputation value
of the last collaboration between the group 𝐷1 and the group
𝐷2 . 𝛾(𝑡 − 𝑡𝑎−𝑏 , 𝑐) denotes the function of time calibration.
Definition 7 (direct reputation matrix (DRM)). If the cooperative system is composed by 𝑛 robots, DRM will be 𝑛 ∗ 𝑛
matrix. Direct reputation value Θ(𝑅1 , 𝑅2 , 𝑡, 𝑙, 𝑐), Θ ∈ [0, 1].
For example, there are 26 robots in the collaboration system,
named from 𝑅𝐴 to 𝑅𝑍 , the DRM of which is the following
matrix:
1
Θ (𝑅𝐴 , 𝑅𝐵 , 𝑡, 𝑙, 𝑐)
[
[
[ Θ (𝑅𝐵 , 𝑅𝐴, 𝑡, 𝑙, 𝑐)
1
[
[
[
⋅⋅⋅
⋅⋅⋅
[
[
[Θ (𝑅𝑍 , 𝑅𝐴 , 𝑡, 𝑙, 𝑐) Θ (𝑅𝑍 , 𝑅𝐵 , 𝑡, 𝑙, 𝑐)

⋅ ⋅ ⋅ Θ (𝑅𝐴 , 𝑅𝑍 , 𝑡, 𝑙, 𝑐)

]
]
⋅ ⋅ ⋅ Θ (𝑅𝐵 , 𝑅𝑍 , 𝑡, 𝑙, 𝑐) ]
]
].
]
⋅⋅⋅
⋅⋅⋅
]
]
⋅⋅⋅
1
]
(10)

Definition 8 (time calibration function). Giving that 𝐷1
denotes the domain where 𝑅1 belongs to, 𝐷2 denotes the
domain where 𝑅2 belongs to. 𝑡𝑎−𝑏 denotes the last collaboration time between robot 𝑅1 and robot 𝑅2 . The time calibration
function can be expressed as
−𝑘(𝑡−𝑡𝑎−𝑏 )

𝛾 (𝑡, 𝑐) = 𝑘0 𝛾 (𝑡𝑎−𝑏 , 𝑐) + 𝑘1 𝑒
− 𝑘2 𝑒−𝑘(𝑡−𝑡𝑎−𝑏 ) (

𝑡 − 𝑡𝑎−𝑏 +
(
𝑟 )𝑆
𝑇

𝑡 − 𝑡𝑎−𝑏 −
𝑟 ) (𝑆 − 1)
𝑇

(11)

− 𝑘3 (1 − 𝑒−𝑘(𝑡−𝑡𝑎−𝑏 ) ) 𝛾 (𝑡𝑎−𝑏 , 𝑐) ,
where 𝑘0 denotes the history experience coefficient, generally,
𝑘0 = 1. 𝑘1 denotes the reputation reward coefficient. 𝑒−𝑘(𝑡−𝑡𝑎−𝑏 )
denotes the correction operator. 𝑘2 denotes the reputation penalty coefficient. 𝑟+ denotes the incentive ratio in time
𝑇. 𝑟− denotes the penalty ratio in time 𝑇. 𝑆 denotes validation coefficient of the collaboration, if the assigned task is
successfully finished, 𝑆 = 1; otherwise 𝑆 = 0. 𝑘3 denotes the
attenuation coefficient.

If the robot does not take any assigned task, its reputation
will diminish as the time went on. The coefficients is satisfied
with 0 < 𝑘0 , 𝑘1 , 𝑘2 , 𝑘3 ≤ 1, 𝑘 > 0.
Characteristic 1 (time attenuation). With no compensation,
the proposition will be proved if 𝛾(𝑡1 ) > 𝛾(𝑡2 ), when 𝑡1 < 𝑡2
𝛾 (𝑡1 , 𝑐) = 𝑘0 𝛾 (𝑡0 , 𝑐) − 𝑘3 (1 − 𝑒−𝑘(𝑡1 −𝑡0 ) ) 𝛾 (𝑡0 , 𝑐) ,
𝛾 (𝑡2 , 𝑐) = 𝑘0 𝛾 (𝑡0 , 𝑐) − 𝑘3 (1 − 𝑒−𝑘(𝑡2 −𝑡0 ) ) 𝛾 (𝑡0 , 𝑐) ,

(12)

𝛾 (𝑡1 , 𝑐) − 𝛾 (𝑡2 , 𝑐) = 𝑘3 𝛾 (𝑡0 , 𝑐) (𝑒−𝑘(𝑡1 −𝑡0 ) − 𝑒−𝑘(𝑡2 −𝑡0 ) ) ,
where 𝑘3 𝛾(𝑡0 ) > 0 and 𝑡1 < 𝑡2 , so the equation above is greater
than 0; therefore, the proposition may be established. In the
process of collaboration, if no compensation, the value of the
function will be decreased.
Characteristic 2 (natural attenuation curve). Generally, 𝑘0 is 1.
The value of (11) is related to 𝑘 and 𝑘3 . Taking that 𝑘 > 0, 0 <
𝑘3 ≤ 1, a different set of curves will be obtained, which are
called the attenuation curves.
The curve, when 𝑘 = 0.2, 𝑘3 = 0.5, is defined as the
natural attenuation curve. Assuming that the initial value
𝑘0 𝛾(𝑡0 , 𝑐) = 1, 𝑘3 = 0.5 could be the case, 𝑘 is 0.1, 0.2, 0.3,
and 0.4, respectively.
Characteristic 3 (historical experience related). Assuming that
(11) do not have the characteristics of historical relevance,
in the absence of natural attenuation as well as under the
circumstances of no penalty and award compensation, reputation will have nothing to do with the historical experience.
Then 𝑘0 𝛾(𝑡𝑎−𝑏 , 𝑐) = 0, because 𝛾(𝑡𝑎−𝑏 , 𝑐) is not equal to
0. Therefore,
zero, so 𝑘0 = 0, which is conflicted with 𝑘0 ≠
the assumption is wrong; that is, (11) is historical experience
related.
Definition 9 (group calibration function). Giving that 𝑙𝑎
denotes the group where robot 𝑅1 belongs to, 𝑙𝑏 denotes the
group where robot 𝑅2 belongs to, 𝑐 denotes the environment
context, the group calibration function is expressed as
𝑚0
{
{
𝜏 (𝑙𝑎 , 𝑙𝑏 , 𝑐) = { 1 + 𝑚1 √(Ω𝐷1 + Ω𝐷2 ) /2
{
{1

𝑙𝑏
𝑙𝑎 ≠

(13)

𝑙𝑎 = 𝑙𝑏 .

If Ω𝐷1 = NULL or Ω𝐷2 = NULL, then 𝜏(𝑙𝑎 , 𝑙𝑏 , 𝑐) ∈
[0.5–0.8]. 0 < 𝑚0 ≤ 1, 0 < 𝑚1 ≤ 1, 𝑚0 denotes the positive
coefficient, 𝑚1 denotes the negative coefficient. The typical
parameters of groups are given in Table 1.
Characteristic 4 (newly joined robot reward). According to
(13), if a robot does not belong to a group or has no collaboration with any robot in the group, the group reputation
of the robot is NULL. When cooperating with the other
robots, 𝜏(𝑙𝑎 , 𝑙𝑏 , 𝑐) ∈ [0.5–0.8], which stands for relatively high
reputation.
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R1 toD1

R 1 onD1
h3

h2
D3 to3

R3 toD3

R2 toD2

R 3 onD3

R 2 onD2
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h2
R2 toD2

R 3 onD3

R 2 onD2
D2 to3

R1 R3 onD2

R3 toD3

R1 R3 toD2

R2 toD1
R 2 onD1
D1 to3

Figure 3: Task automata.

Table 1: Typical group parameters.
𝑚1
𝑚0
𝑚1
𝑚0

Loyalty
0–0.1
0.9–0.99
Concealment
0.6–0.7
0.4–0.5

Honesty
0.1–0.2
0.8–0.9
Tricky
0.7–0.8
0.2–0.3

Improvement
0.2–0.3
0.7–0.8
Corruption
0.8–0.9
0.1–0.2

Randomization
0.4–0.6
0.5–0.7
Deceivement
0.9–0.99
0–0.1

4. Experiments and Results Analysis
Many simulation platforms can be used for multirobot
systems [23], for example, Player/Stage, TeamBots, Gazebo,
USARSim, Webots, Microsoft Robotics Studio, Swarmbot
3D, Swarmanoid Simulator, and so forth. In this paper,
Player/Stage is selected as the simulation platforms because
of the simple operability and flexibility. Player/Stage [24]
was developed by Robotics Research Lab in University of
Southern California in 1999, which is an open-source project
that provides internal interface and simulation environment
for multirobot system. The platform can be modified and
expanded by the researchers worldwide according to their
requirements.
4.1. Simulation and Performance Analysis. Three robots 𝑅1 ,
𝑅2 , and 𝑅3 are put in area 1 and with the thrust capability of
2𝑁, 3𝑁, and 5𝑁, respectively. Their initial reputation values
are 0.5, 0.9, and 0.7. Three boxes 𝐷1 , 𝐷2 , and 𝐷3 are put in area
2, which need moving thrust of 2𝑁, 6𝑁, and 4𝑁, respectively.
The moving condition is that the thrust provided by the robot
is greater than the needed thrust of the box.
Robot 𝑅2 is given the highest reputation value who is
responsible for sending arranged commands to 𝑅1 and 𝑅3 .
Assuming that assignment is given to one robot to push the
box, the robot moves from area 1 to area 2, and then finds the
homologous box and try to push it.
However, if 𝐷2 is too heavy to be pushed and needs
cooperation from other robots, 𝑅1 and 𝑅3 are required to

cooperate. The robot 𝑅2 goes to push 𝐷1 , and after that 𝑅1 and
𝑅2 will go back to area 1. 𝑅3 returns to area 2, and continues
pushing 𝐷3 to area 3. All of them return to the initial place
waiting for next assignment. The process can be translated
into task automata 𝐴 𝑠 , shown in Figure 3.
The assigned task is to push the boxes to area 3. The local
event set of each robot is presented as follows:
𝐸1 = {ℎ1 , 𝑅1 to 𝐷1 , 𝑅1 on 𝐷1 , FWD, 𝑅1 𝑅3 to 𝐷2 ,
𝑅1 𝑅3 on 𝐷2 , 𝐷2 to 3, 𝑟} ,
𝐸2 = {ℎ2 , 𝑅2 to 𝐷2 , 𝑅2 on 𝐷2 , FWD, 𝑅2 to 𝐷1 ,
𝑅2 on 𝐷1 , 𝐷1 to 3, 𝑟} ,

(14)

𝐸3 = {ℎ3 , 𝑅3 to 𝐷3 , 𝑅3 on 𝐷3 , FWB, 𝑅1 𝑅3 to 𝐷2 ,
𝑅1 𝑅3 on 𝐷2 , 𝐷2 to 3,
𝑅3 to 𝐷3 , 𝑅3 on 𝐷3 , 𝐷3 to 3, 𝑟} .
Checking that the decomposition conditions 𝐸1 , 𝐸2 , and
𝐸3 , if 𝑃1 (𝐴 𝑆 ) ‖ 𝑃2 (𝐴 𝑆 ) ‖ 𝑃3 (𝐴 𝑆 ) ≅ 𝐴 𝑆 , which certify that
the task is decomposable and decomposed into three subtasks
𝑃1 (𝐴 𝑆 ), 𝑃2 (𝐴 𝑆 ), and 𝑃3 (𝐴 𝑆 ).
DTM presents the direct reputation relationships among
robots. Three robots in the collaboration system named from
𝑅1 to 𝑅3 , the DTM is shown as
1 0.7 0.4
[0.7 1 0.8] .
[0.4 0.8 1 ]

(15)

The reputation in the matrix is updated after each step of
the collaboration. Box moving is simulated by the approach,
shown in Figure 4.
Two typical allocation algorithms are used to make contrast and evaluate the performance of the proposed method,
which are sequence allocation and auction allocation. The
simulation has seven robots in area 1 and 14 boxes in area 2,
without obstacles between them.
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Area 1

Area 2

Area 3

Area 1

Area 2

(a) Initialization

Area 1

Area 3

(b) Taking the assignment

Area 2

Area 2

Area 1

Area 3

(c) Pushing boxes

Area 3

(d) Waiting for next assignment

Figure 4: Simulation process of the approach.

In the case of the sequence allocations, the results of 𝑁
mod 3 may be 1, 2, 3, 4, 5, 6, and 0. Tasks are assigned to the
robot 𝑅1 , 𝑅2 , . . . , 𝑅7 , respectively. The simulation process of
sequence allocation is in Figure 5.
In the case of the auction allocation, the bidding is
lauched at the beginning by the auctioneer. The best bid is

𝑅1
𝑅2
𝑅3
𝑅4
𝑅5
𝑅6
𝑅7

01
5
12
10
11
13
10
9

02
7
8
6
5
10
14
7

03
13
11
12
10
9
8
7

04
5
8
10
11
12
17
20

05
7
9
10
12
11
10
9

06
10
13
11
10
10
9
8

The tasks are performed in the following sequence: 𝑅5 , 𝑅6 ,
𝑅1 , 𝑅7 , 𝑅4 , 𝑅2 , 𝑅3 , 𝑅5 , 𝑅6 , 𝑅1 , 𝑅7 , 𝑅4 , 𝑅2 , 𝑅3 . The simulation
process can be described in Figure 6.
In the case of the task allocation by reputation, the initial
reputation value of the system is the following matrix:
[𝑅1 𝑅2 𝑅3 𝑅4 𝑅5 𝑅6 𝑅7 ]

𝑇
𝑇

= [0.81 0.61 0.55 0.48 0.83 0.46 0.72] .

(17)

picked out by the predetermined standard. The task will be
assigned to the winner of the auction. The winner of the
auction is chosen by the auctioneer giving the highest bid.
The bid matrix is used to store the value of robot biding
for each assignment. A typical bid matrix in the simulation is
presented as
07
9
10
15
14
13
12
11

08
5
12
10
11
13
10
9

09
7
8
6
5
10
14
7

10
13
11
12
10
9
8
7

11
5
8
10
11
12
17
20

12
7
9
10
12
11
10
9

13
10
13
11
10
10
9
8

14
9
10
15
14
13
12
11

(16)

The DRM of seven robots is shown as
𝑅1
𝑅2
𝑅3
𝑅4
𝑅5
𝑅6
𝑅7

𝑅1
1.00
0.65
0.58
0.86
0.75
0.85
0.87

𝑅2
0.65
1.00
0.84
0.85
0.77
0.69
0.63

𝑅3
0.58
0.84
1.00
0.59
0.82
0.79
0.74

𝑅4
0.86
0.85
0.59
1.00
0.55
0.61
0.85

𝑅5
0.75
0.77
0.82
0.55
1.00
0.78
0.71

𝑅6
0.85
0.69
0.79
0.61
0.78
1.00
0.88

𝑅7
0.87
0.63
0.74
0.85
0.71
0.88
1.00

(18)
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A

(a) Initialization

A

B

(b) Taking the assignments

A

B

(c) Pushing boxes

B

(d) Completing assignment

Figure 5: The simulation of sequence allocation.

The value of DRM is updated after each process of
collaboration. If successfully finished the assigned task, the
value of direct reputation between the robots increases by
0.01, otherwise reduces 0.05. In the simulation process, if the
assigned task failed, the moving trajectory of the robot is the
same to facilitate the performance comparison. The process
of performing tasks is shown in Figure 7.
Every experiment is simulated six times to get a reasonable performance assessment. The ultimate results are the
arithmetic average of the six times.
The order allocation needs about 635.71 s to complete the
assigned tasks. The auction allocation needs about 591.63 s to
complete the tasks. The reputation-based allocation method
needs about 525.15 s. The efficiency of task allocation by
reputation is higher than the average of the other two
methods, as shown in Figure 8.
4.2. Experimental Apparatus and Evaluation. The bipedrobot apparatus are utilized as the experimental platform.
The shape parameters of the robot are with upright height
33.3 cm, width 9.9 cm, arm length 15.9 cm, arms stretched
flat horizontal length 41.7 cm, upper high 13.9 cm, waist high
19.4 cm, and weight 1 kg, as shown in Figure 9.
The wireless sensor module is used to send and receive
commands, which are coded as the standard serial data and
sent to the assigned robot. The effective transmission distance

Table 2: The experimental parameters.
Parameters
⟨𝜅, 𝜏, 𝜀, Res⟩

Value
𝜅: four robots’ identity
Res: Transport, Movement

⟨𝑅, 𝑀, 𝑆, 𝑇, 𝑃⟩

R, M: four robots
P: logic set

[𝑟𝑏 , 𝑟𝑒 ]

𝑟𝑏 : Time of box picked up
𝑟𝑒 : 𝑟𝑏 + 30 s

own

0

G

G: four robots

𝑚0 , 𝑚1

0.6, 0.5

𝛼, 𝛽, 𝜃

1/3, 1/3, 1/3

is about 30 m. The experimental parameters of task allocation
are shown in Table 2.
Four task allocation methods are engaged to evaluate the
efficiency. In addition to the proposed method, the other
three methods are random allocation, order distribution, and
simultaneous allocation.
A nonnumbered box with the size 8 cm3 is arranged to
be moved to the destination. The moving distance is set to be
0.6 m. After receiving the task assignment, the robot moves to
the side of the box, pick it up, move it, and put it down at the
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A
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(a) Initialization
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A

A

B
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Figure 6: Simulation of auction allocation.
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Robot R5

End
Robot R5
R5,2 = 0.79
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Robot R3
R3,5 = 0.83
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Robot R2
R2,5 = 0.84

Robot R2
R2,3 = 0.85

Succeed

Succeed
Simulation
process

Robot R5
R5,2 = 0.83

Robot R4
R4,2 = 0.86
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Succeed
Robot R1
R1,4 = 0.87

Robot R2
R2,3 = 0.81

Succeed

Succeed

Robot R3
R3,2 = 0.86
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Robot R7
R7,1 = 0.88
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R2,4 = 0.81

Fail

Robot R4
R4,1 = 0.82
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R1,7 = 0.83

Succeed

Fail

Figure 7: Process of task allocation by reputation.
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Figure 10: Comparison of small number of arranged tasks.
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Figure 8: Comparison of the three allocation method.
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Figure 9: Biped-robot experimental apparatus.

destination. The processes of picking up and putting down are
done manually; other actions are done automatically.
For the case of task allocation using order distribution
algorithm, the results of 𝑁 mod 3 may be 1, 2, and 0. Tasks
are allocated to the robot 𝑆1 , 𝑆2 , and 𝑆3 , respectively based on
the results, and every task allocation time interval is 30 s. For
the simultaneous allocation algorithm, the allocation time
interval is 0 s.
For the case of task allocation using random distribution,
the random number set [0, 1) is used. When the generated
random number 𝑅 ∈ [0–1/3), the task will be assigned to
robot 𝑆1 ; if 𝑅 ∈ [1/3–2/3), the task will be assigned to robot
𝑆2 ; if 𝑅 ∈ [2/3–1), the task will be assigned to robot 𝑆3 .
The tasks numbered 𝑂1 , 𝑂2 , . . . , 𝑂𝑁 are generated by the
task sequences. 𝑁 stands for the number of tasks. 𝑁 = 9 is
taken, respectively, as the arranged tasks and each running
time is 7 s. The arithmetic mean value of the maximum time
and minimum time is removed to effectively prevent the

Simultaneous
Reputation

Figure 11: Comparison of medium number of tasks.

unexpected result of random events. The results are shown
in Figure 10.
With the number of tasks increasing to 𝑁 = 33, it is
taken, respectively, as the arranged tasks (medium number
tasks). The arithmetic mean value of the maximum time and
minimum time are removed. The experimental results are
shown in Figure 11.
According to the practical application, the robots with
relatively high-speed capability are allocated more tasks and
the efficiency of the task allocation by reputation is 4.35%
higher than the second high method.
When the number of tasks continues to increase to 𝑁 =
180, which are taken, respectively, as the arranged tasks (large
number of tasks). The test results are shown in Figure 12.
In the case of large number of tasks, the efficiency of task
allocation by reputation is 3.57% higher than the second high
method.
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The experimental results show that the task allocation
using reputation mechanism can effectively increase the performance and prevent a robot from a delay in the case of the
individual robot failure.

5. Conclusion
Task planning is developed by two parts: task decomposition
and task allocation. The processes of the task decomposition and task allocation using reputation mechanism, are
presented. The robot collaboration strategy, the framework
of reputation mechanism, and three reputations are defined
in detail, which includes robot individual reputation, robot
group reputation, and robot direct reputation. Time calibration function and group calibration function are designed to
improve the effectiveness of the method, which are proved
to be with characteristics of time attenuation, historical
experience related, and newly joined robot reward. The
success rate of collaboration is enhanced and the time of
recovery and redistribution of the task are reduced.
Player/Stage is used as the simulation platform, and three
biped-robots are established as the experimental apparatus.
In the simulation, task decomposition is studied, and the
result of task allocation is compared with the sequence and
auction allocation methods. The biped-robots are used in the
experiments, and four task allocation methods are engaged
to evaluate the efficiency. The simulation and experimental
results show that the approach can provide an effective
performance for multirobot system.
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Feature selection is a key issue in the domain of machine learning and related fields. The results of feature selection can directly
affect the classifier’s classification accuracy and generalization performance. Recently, a statistical feature selection method named
effective range based gene selection (ERGS) is proposed. However, ERGS only considers the overlapping area (OA) among effective
ranges of each class for every feature; it fails to handle the problem of the inclusion relation of effective ranges. In order to overcome
this limitation, a novel efficient statistical feature selection approach called improved feature selection based on effective range
(IFSER) is proposed in this paper. In IFSER, an including area (IA) is introduced to characterize the inclusion relation of effective
ranges. Moreover, the samples’ proportion for each feature of every class in both OA and IA is also taken into consideration.
Therefore, IFSER outperforms the original ERGS and some other state-of-the-art algorithms. Experiments on several well-known
databases are performed to demonstrate the effectiveness of the proposed method.

1. Introduction
Feature selection is widely used in the domain of pattern
recognition, image processing, data mining, and machine
learning before the tasks of clustering, classification, recognition, and mining [1]. In real-world applications, the huge
dataset usually has a large number of features which contains
much irrelevant or redundant information [1]. Redundant
and irrelevant features cannot improve the learning accuracy
and even deteriorate the performance of the learning models.
Therefore, selecting an appropriate and small feature subset
from the original features not only helps to overcome the
“curse of dimensionality” but also contributes to accomplish
the learning tasks effectively [2]. The aim of feature selection
is to find a feature subset that has the most discriminative
information from the original feature set. In general, feature
selection methods are usually divided into three categories:
embedded, wrapper, and filter methods [3, 4]. They are
categorized based on whether or not they are combined with
a specific learning algorithm.

In the embedded methods, the feature selection algorithm is always regarded as a component in the learning
model. The most typical embedded based feature selection
algorithms are decision tree approaches, such as ID3 [5], C4.5
[6], and CART algorithm [7]. In these algorithms, the features
with the strongest ability of classification are selected in the
nodes of the tree, and then the selected features are utilized to
conduct a subspace to perform the learning tasks. Obviously
the process of decision tree generation is also feature selection
process.
Wrapper methods directly use the selected features to
train a specific classifier and evaluate the selected subset
according to the performance of the classifier. Therefore,
the performances of wrapper methods strongly depend on
the given classifier. Sequential forward selection (SFS) and
sequential backward selection (SBS) [8] are two well-studied
wrapper methods. SFS was initialized to an empty set. Then,
the best feature from the complete feature set was chosen
according to the evaluation criteria in each step and added
into the candidate feature subset until it meets the stop
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condition. On the contrary, SBS started from the complete
feature set. Then, it eliminated a feature which has the
minimal impact on the classifier in each step until it satisfied
the stop condition. Recently, Kabir et al. proposed a new
wrapper based feature selection approach using neural network [9]. The algorithm was called constructive approach for
feature selection (CAFS). The algorithm used a constructive
approach involving correlation information to select the
features and determine the architectures of neural network.
Another wrapper based feature selection method was also
proposed by Ye and Gong. In their approach, they considered
the feature subset as the evaluation unit and the subset’s
convergence ability was utilized as the evaluation standard
[10] for feature selection.
Different from the embedded and wrapper based algorithms, filter based feature selection methods directly select
the best feature subset based on the intrinsic properties of the
data. Therefore, the process of feature selection and learning
model is independent in them. At present, the algorithms of
filter based feature selection can be divided into two classes
[11]: ranking and space searching. For the former, the feature
selection process can be regarded as a ranking problem. More
specifically, the weight (or score) of each feature is firstly
computed. Then, the top 𝑘 features are selected according to
the ascending order of weight (or score). Pearson Correlation
Coefficient (PCC) [12], Mutual Information (MI) [13], and
Information Gain (IG) [14] are three commonly used ranking
criterion to measure the dependency between each feature
and the target variable. Another ranking criterion method
named Relief [15], which analyzed the importance of each feature by computing the relationship between an instance and
its nearest neighbors from the same and different classes, was
proposed by Kira and Rendell. Then, an extension of Relief
termed Relief-F was developed in [16]. Besides, there also
exist many other methods proposed for ranking based filter
feature selection. For more details about these algorithms,
the readers can refer to [3, 4]. Although the ranking based
filter methods have been applied to some real-world tasks
successfully, a common shortcoming of these methods is that
the feature subset selected by them may contain redundancy.
In order to solve this problem, some space searching based
filter methods have been proposed to remove the redundancy
during feature selection. Correlation-based feature selection
(CFS) [17] is a typical space searching algorithm; it did not
only consider the correlation among features but also take the
correlation between features and classes into account. Thus,
CFS inclined to select the subset contains features that are
highly correlated with the class and uncorrelated with each
other. Minimum redundancy maximum relevance (MRMR)
[18] is another method presented to reduce the redundancy
of the selected feature subset.
Since both embedded and wrapper based feature selection methods interact with the classifier, they can only select
the optimal subset for a particular classifier. So the features
selected by them may be worse for other classifiers. Moreover,
another disadvantage of the two methods is that they are more
time consuming than filter method. Therefore, filter method
is more fit for dealing with data that has large amounts of
features since it has a good generalization ability [19]. As
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a result, we mainly focus on the research for filter based
feature selection in this work.
In this paper, an integrated algorithm named Improved
feature selection based on effective range (IFSER) is proposed
for filter based feature selection. Our IFSER can be considered
as an extension of the study in [20]. In [20], Chandra and
Gupta presented a new statistical feature selection method
named effective range based gene selection (ERGS). ERGS
utilized the effective range of statistical inference theory [21]
to calculate the weight of each feature, and a higher weight
was assigned to the most important feature to distinguish
different classes. However, since ERGS only considered the
overlapping area (OA) among effective range of each class
for every feature, it fails to handle the other relationships
among the features of different classes. In order to overcome
this limitation, the concept of including area (IA) is introduced into the proposed IFSER to characterize the inclusion relationship of effective ranges. Moreover, the samples’
proportion for each feature of every class in both OA and
IA is also taken into consideration in our IFSER. Therefore,
IFSER outperforms the original ERGS and some other stateof-the-art algorithms. Experiments on several well-known
databases are performed to demonstrate the effectiveness of
the proposed method.
The rest of this paper is organized as follows. Section 2
briefly reviews ERGS and effective range. The proposed
IFSER is introduced in Section 3. Section 4 reports experimental results on four datasets. Finally, we provide some
conclusions in Section 5.

2. A Briefly Review on ERGS
In this section, we will review the effective range and ERGS
algorithm briefly [20].
Let 𝐹 = {𝐹𝑖 } be the feature set of the dataset 𝑋 ∈
𝑅𝑁×𝑑 , 𝑖 = 1, 2, . . . , 𝑑. 𝑌 = {𝑌𝑗 } (𝑗 = 1, 2, . . . , 𝑙) is the class
labels of 𝑋. The class probability of 𝑗th class 𝑌𝑗 is 𝑝𝑗 . For
each class 𝑌𝑗 of the 𝑖th feature 𝐹𝑖 , 𝜇𝑖𝑗 and 𝜎𝑖𝑗 denote the
mean and standard deviation of the 𝑖th feature 𝐹𝑖 for class 𝑌𝑗 ,
respectively. Effective range (𝑅𝑖𝑗 ) of 𝑗th class 𝑌𝑗 for 𝑖th feature
𝐹𝑖 is defined by
𝑅𝑖𝑗 = [𝑟𝑖𝑗− , 𝑟𝑖𝑗+ ] = [𝜇𝑖𝑗 − (1 − 𝑝𝑗 ) 𝛾𝜎𝑖𝑗 , 𝜇𝑖𝑗 + (1 − 𝑝𝑗 ) 𝛾𝜎𝑖𝑗 ] ,
(1)
where 𝑟𝑖𝑗− and 𝑟𝑖𝑗+ are the lower and upper bounds of the
effective range, respectively. The prior probability of 𝑗th class
is 𝑝𝑗 . Here, the factor (1 − 𝑝𝑗 ) is taken to scale down effect of
class with high probabilities and consequently large variance.
The value of 𝛾 is determined statistically by Chebyshev
inequality defined as
1


𝑃 (𝑋 − 𝜇𝑖𝑗  ≥ 𝛾𝜎𝑖𝑗 ) ≤ 2
𝛾

(2)

which is true for all distributions. The value of 𝛾 is set as 1.732
for the effective range which contains at least 2/3rd of the data
objects [20].
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Overlapping area (OA𝑖 ) among classes of feature 𝐹𝑖 is
computed by
𝑙−1

𝑙

OA𝑖 = ∑ ∑ 𝜑𝑖 (𝑗, 𝑘) ,

(3)

𝑗=1 𝑘=𝑗+1

where 𝜑𝑖 (𝑗, 𝑘) can be defined as
𝜑𝑖 (𝑗, 𝑘) = {

−
𝑟𝑖𝑗+ − 𝑟𝑖𝑘
0

−
if 𝑟𝑖𝑗+ > 𝑟𝑖𝑘
otherwise.

(4)

In ERGS, for a given feature, the effective range of every
class is first calculated. Then, the overlapping area of the
effective ranges is calculated according to (3), and the area
coefficient is computed for each feature. Next, the normalized
area coefficient is regarded as the weight for every feature and
an appropriate number of features are selected on the basis
of feature weight. For more detailed information about the
ERGS algorithm, the readers can refer to [20].

3. Improved Feature Selection Based on
Effective Range
In this section, we present our improved feature selection
based on effective range (IFSER) algorithm, which integrates
overlapping area, including area and the samples’ proportion
for each feature of every class, into a unified feature selection
framework.
3.1. Motivation. Although ERGS considers the overlapping
area of every class for each feature, it fails to handle the
problem of the inclusion relation of effective ranges. The
problem is very realistic in real-world applications. Taking
the gene data set as an example, Figure 1 shows the effective
ranges of two gene samples from the Leukemia2 [22] gene
database. From this figure, we can see that the overlapping
area of gene number 9241 in Figure 1(a) is 165.7, and the
overlapping area of gene number 3689 in Figure 1(b) is 170.8.
Since the two overlapping areas of these two genes are similar,
their weights obtained by ERGS are also similar. However,
the relationships between the effective ranges in these two
genes are very different. In Figure 1(a), the effective range of
class 1 is completely included in the effective range of class
2, while the effective range of class 1 is partly overlapping
with the effective range of class 2 in Figure 1(b). Therefore,
the weight of the gene number 9241 in Figure 1(a) should be
less than that in Figure 1(b) since all the samples in class 1
cannot be corrected and classified in this case. For this reason,
the inclusion relation between the effective ranges (including
area) must be taken into consideration.
Another example is shown in Figure 2. As can be seen
from this figure, it is clearly found that the two features in
Figures 2(a) and 2(b) have the same size of the overlapping
area. However, the number of samples in these two areas
is very different. In Figure 2(a), the number of samples
belonging to the overlapping area is small but the number
of samples belonging to the overlapping area in Figure 2(b)
is relatively large. Thus, it is obvious that feature 1 is more

important than feature 2 since more samples can be correctly
classified. In other words, the weight assigned to feature1
should be greater than that assigned to feature 2. From this
example, we can see that the samples’ proportion for each
feature of every class in both overlapping and including areas
is also a vital factor to influence the features’ weights and
should be considered in the feature selection process.
3.2. Improved Feature Selection Based on Effective Range.
Similar to ERGS, we suppose 𝐹 = {𝐹𝑖 } is the feature set
of the dataset 𝑋 ∈ 𝑅𝑁×𝑑 , 𝑖 = 1, 2, . . . , 𝑑. 𝑌 = {𝑌𝑗 } (𝑗 =
1, 2, . . . , 𝑙) is the class label set of the data samples in 𝑋. The
class probability of 𝑗th class 𝑌𝑗 is 𝑝𝑗 . For each class 𝑌𝑗 of 𝑖th
feature 𝐹𝑖 , 𝜇𝑖𝑗 and 𝜎𝑖𝑗 denote the mean and standard deviation
of the 𝑖th feature 𝐹𝑖 in class 𝑌𝑗 , respectively.
The first step of our proposed IFSER is to calculate the
effective range of every class by
𝑅𝑖𝑗 = [𝑟𝑖𝑗− , 𝑟𝑖𝑗+ ] = [𝜇𝑖𝑗 − (1 − 𝑝𝑗 ) 𝛾𝜎𝑖𝑗 , 𝜇𝑖𝑗 + (1 − 𝑝𝑗 ) 𝛾𝜎𝑖𝑗 ] ,
(5)
where the definitions of 𝑟𝑖𝑗− , 𝑟𝑖𝑗+ , 𝑝𝑗 , and 1 − 𝑝𝑗 are the same as
those in ERGS.
The second step of our IFSER is to calculate overlapping
areas OA𝑖 among classes of feature 𝐹𝑖 (𝑖 = 1, 2, . . . , 𝑑) by
𝑙−1

𝑙

OA𝑖 = ∑ ∑ 𝜑𝑖 (𝑗, 𝑘) ,

(6)

𝑗=1 𝑘=𝑗+1

where the definition of 𝜑𝑖 (𝑗, 𝑘) is as same as in ERGS.
The third step of our proposed IFSER is to compute
including area IA𝑖 among classes of feature 𝐹𝑖 (𝑖 = 1, 2, . . . , 𝑑)
by
𝑙−1

𝑙

IA𝑖 = ∑ ∑ 𝜓𝑖 (𝑗, 𝑘) ,

(7)

𝑗=1 𝑘=𝑗+1

where 𝜓𝑖 (𝑗, 𝑘) can be defined as
𝜓𝑖 (𝑗, 𝑘) = {

+
−
𝑟𝑖𝑘
− 𝑟𝑖𝑘
0

+
if 𝑟𝑖𝑗+ ≥ 𝑟𝑖𝑘
otherwise.

(8)

The fourth step of our proposed IFSER is to compute area
coefficient (AC𝑖 ) of feature 𝐹𝑖 (𝑖 = 1, 2, . . . , 𝑑) as
AC𝑖 =

SA𝑖
Max𝑗 (𝑟𝑖𝑗+ ) − Min𝑗 (𝑟𝑖𝑗− )

,

(9)

where SA𝑖 = OA𝑖 + IA𝑖 . Then, the normalized area coefficient
(NAC𝑖 ) can be obtained by
NAC𝑖 = 1 −

AC𝑖
,
max (AC𝑠 )

for 𝑠 = 1, 2, . . . , 𝑑.

(10)

From (10), we can clearly see that the features with larger NAC
values are more important for distinguishing different classes.
The fifth step of our proposed IFSER is to calculate the
samples’ number of each class in OA𝑖 and IA𝑖 for each feature
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Figure 1: The ER of the gene accessions numbers 9241 and 3689 from the Leukemia2 gene database.
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Figure 2: Different feature with the same size of overlapping area but different sample proportions in the two areas.

𝐹𝑖 . Let 𝐻𝑖𝑗 and 𝐺𝑖𝑗 denote samples’ numbers of the 𝑗th class in
OA𝑖 and IA𝑖 for each feature 𝐹𝑖 . Assume that 𝐾𝑗 represents the
number of samples in the𝑗th class. Then we use 𝐾𝑗 divided by
𝐻𝑖𝑗 and 𝐺𝑖𝑗 to represent the proportions of samples in OA𝑖 and
IA𝑖 , and for all classes of each feature the sums of the 𝐻𝑖𝑗 /𝐾𝑗
and 𝐺𝑖𝑗 /𝐾𝑗 are written as 𝐻𝑖 and 𝐺𝑖 .
For all classes of each feature 𝐹𝑖 , the normalized 𝐻𝑖 and
𝐺𝑖 can be obtained by

𝐻𝑖
max (𝐻𝑠 )
𝐺𝑖
𝐺𝐻𝑖 = 1 −
,
max (𝐺𝑠 )

𝑁𝐻𝑖 = 1 −

for 𝑠 = 1, 2, . . . , 𝑑.

(11)

From (11), the larger the value of 𝑁𝐻𝑖 and 𝐺𝐻𝑖 , the more
significant the feature is.
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The last step of our proposed IFSER is to compute the
weight of each feature as
𝑊𝑖 = 𝑉𝑖 × 𝑍𝑖 ,

(12)

where 𝑉𝑖 = NAC𝑖 and 𝑍𝑖 = 𝑁𝐻𝑖 + 𝐺𝐻𝑖 . From (12), we can see
that a larger value of 𝑊𝑖 indicates that the 𝑖th feature is more
important. Therefore, we can select the features according to
their weights and choose features with larger weights to form
the selected feature subset.
Finally, the proposed IFSER algorithm can be summarized as in Algorithm 1.

4. Experiment and Results
In this section, in order to verify the performance of
our proposed method, we conducted experiments on four
datasets (Lymphoma [23], Leukemia1 [24], Leukemia2 [22],
and 9 Tumors [25]) and compare our algorithm with five
popular feature selection algorithms including ERGS [20],
PCC [12], Relief-F [16], MRMR [18], and Information Gain
[14]. Three classifiers are used to verify the effectiveness
of our proposed method. The classification accuracies are
obtained through leave-one-out cross-validation (LOOCV)
in this work.
4.1. The Description of Datasets
4.1.1. Lymphoma Database. The Lymphoma database [23]
consists of 96 samples and 4026 genes. There are two classes
of samples in the dataset. The dataset comes from a study on
diffuse large B-cell lymphoma.
4.1.2. Leukemia1 Database. Leukemia1 database [24] contains
three types of Leukemia samples. The database has been
constructed from 72 people who have acute myelogenous
leukemia (AML), acute lymphoblastic leukemia (ALL) B cell,
or ALL T-cell, and each sample is composed of 5327 gene
expression profiles.
4.1.3. Leukemia2 Database. The Leukemia2 dataset [22] contains a total of 72 samples in three classes: AML, ALL, and
mixed-lineage leukemia (MLL). The number of genes is 11225.
4.1.4. 9 Tumors Database. 9 Tumors database [25] consists
of 60 samples of 5726 genes and categorized into 9 various
human tumor types.
4.2. Experimental Results Using C4.5 Classifier. In this subsection, we estimate the performance of our proposed IFSER
using C4.5 classifier on the four gene databases. Tables
1, 2, 3, and 4 summarize the results of the classification
accuracies achieved by our methods and other methods. As
we can see from Tables 1–4, the proposed IFSER method
performs better than the other five algorithms in most cases.
In particular, our proposed IFSER is much better than ERGS.
The reason is that our proposed IFSER not only considers the
overlapping area (OA) but also takes the including area and

Input: Data matrix 𝑋 ∈ 𝑅𝑁×𝑑 , 𝑖 = 1, 2, . . . , 𝑑, the number of
selected feature k.
Output: Feature subset.
(1) Compute the ER of each feature by (5);
(2) Compute the 𝑂𝐴 𝑖 and 𝐼𝐴 𝑖 by (6) and (7);
(3) Compute the 𝐴𝐶𝑖 by (9);
(4) Normalize the 𝐴𝐶𝑖 by (10);
(5) Calculate the 𝑁𝐻𝑖 and 𝐺𝐻𝑖 by (11);
(6) Compute the weight of each feature by (12);
(7) Sort the weight of all features in a descending order;
(8) Select the best k features;

Algorithm 1

samples’ proportion into account. These results demonstrate
the fact that IFSER is able to select the best informative genes
compared to other well-known techniques.
For Lymphoma database, the classification accuracy of
our proposed IFSER is substantial improvement compared
with other algorithms. What is more, it is worth mentioning
that our method only uses 10 features to achieve 93.75% classification accuracy. With the increase in feature dimension, the
classification results of most methods (such as our proposed
IFSER, PCC, IG, and ERGS) are reduced. For Relief-F and
MRMR, the classification results are very low when the
feature dimension is equal to 10 at the beginning. Then,
with the increase in feature dimension, the classification
results are improved. When they achieve the best results, the
classification results begin to decrease with the increase in the
dimension again.
For Leukemia1 and Leukemia2 databases, the performance of our proposed IFSER is also better than ERGS and
other methods. Our proposed IFSER can achieve the best
results when the feature dimension is between 50 and 70. For
Leukemia1 database, the performances of MRMR and ERGS
keep stable on most dimensions. The trend of the classification results of PCC on Leukemia2 is inconsistent with those
on Lymphoma database since it is almost monotonously
decreased with the increase of feature dimension. And the
other results are consistent with the experiments on Lymphoma database.
For 9 Tumors database, as we can see from Table 4, the
performances of all the methods are very low due to the
fact that database only contains 60 samples but 5726 genes.
However, the performance of our proposed IFSER is much
better than other algorithms. This result demonstrates the fact
that our proposed IFSER is able to deal with the small sample
size and high dimensions gene data.
4.3. Experimental Results Using NN Classifier. In this subsection, we evaluate the performance of our proposed IFSER
using nearest neighbor (NN) classifier on the four gene
databases. The results of the classification accuracies achieved
by our proposed and other methods are listed in Tables 5, 6,
7, and 8. Comparing Tables 5–8 with Tables 1–4, we can see
that the classification results of all the methods are improved.
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Table 1: Classification accuracies (%) of different feature selection
methods with C4.5 on Lymphoma database.
10
PCC
84.38
Relief-F 69.79
IG
78.13
MRMR 71.88
ERGS
86.46
IFSER 93.75

30
82.29
72.92
76.04
79.17
85.42
86.46

50
80.21
72.92
76.04
79.17
82.29
83.33

70
78.13
75.00
72.92
80.21
81.25
83.33

90
79.17
68.75
77.08
81.25
83.33
83.33

110
79.17
66.67
77.08
80.21
83.33
80.21

130
80.21
82.29
77.08
79.17
84.38
79.17

Table 2: Classification accuracies (%) of different feature selection
methods with C4.5 on Leukemia1 database.
PCC
Relief-F
IG
MRMR
ERGS
IFSER

10
88.89
75.00
80.56
84.72
88.89
84.72

30
88.89
79.17
84.72
84.72
88.89
84.72

50
88.89
75.00
84.72
84.72
88.89
86.11

70
87.50
80.56
84.72
84.72
88.89
90.28

90
87.50
81.94
84.72
84.72
88.89
90.28

110
87.50
79.17
84.72
84.72
88.89
88.89

130
87.50
80.56
84.72
84.72
88.89
87.50

Table 3: Classification accuracies (%) of different feature selection
methods with C4.5 on Leukemia2 database.
PCC
Relief-F
IG
MRMR
ERGS
IFSER

10
80.56
77.78
84.72
84.72
86.11
79.17

30
83.33
75.00
87.50
88.89
84.72
88.89

50
87.50
84.72
87.50
88.89
88.89
90.28

70
87.50
86.11
87.50
88.89
88.89
88.89

90
87.50
80.56
87.50
88.89
88.89
88.89

110
86.11
77.78
87.50
88.89
87.50
87.50

130
86.11
76.39
87.50
88.89
87.50
88.89

Table 4: Classification accuracies (%) of different feature selection
methods with C4.5 on 9 Tumors database.
PCC
Relief-F
IG
MRMR
ERGS
IFSER

10
28.33
20.00
38.33
38.33
28.33
25.00

30
28.33
16.67
38.33
38.33
28.33
36.67

50
26.67
30.00
41.67
40.00
23.33
43.33

70
25.00
28.33
40.00
36.67
25.00
48.33

90
28.33
31.67
40.00
38.33
23.33
46.67

110
26.67
36.67
40.00
40.00
21.67
43.33

130
28.33
36.67
38.33
40.00
26.67
43.33

For Lymphoma database, IFSER, PCC, and ERGS are better
than Relief-F, IG, and MRMR. For Leukemia1 database, our
proposed IFSER and PCC outperform Relief-F, IG, MRMR,
and ERGS. And the best result of IFSER is the same as PCC.
However, for Leukemia2, IFSER, IG, and Relief-F achieve the
best results than PCC, MRMR, and ERGS. For 9 Tumors
database, the performance of IFSER is worse than PCC, IG,
and MRMR, but better than Relief-F and ERGS. These results
demonstrate the fact that result of feature selection depends

Table 5: Classification accuracies (%) of different feature selection
methods with NN on Lymphoma database.

PCC
Relief-F
IG
MRMR
ERGS
IFSER

10
89.58
68.75
88.54
88.54
89.58
94.79

30
96.88
84.38
95.83
91.67
94.79
94.79

50
94.79
86.46
94.79
93.75
95.83
96.88

70
95.83
88.54
94.79
93.75
97.92
96.88

90
97.92
87.50
95.83
93.75
95.83
97.92

110
97.92
85.42
96.88
93.75
97.92
97.92

130
96.88
88.54
96.88
93.75
97.92
97.92

Table 6: Classification accuracies (%) of different feature selection
methods with NN on Leukemia1 database.
PCC
Relief-F
IG
MRMR
ERGS
IFSER

10
93.06
69.44
93.06
88.89
94.44
81.94

30
94.44
76.31
94.44
93.06
95.83
91.67

50
95.83
75.00
91.67
90.28
94.44
93.06

70
97.22
75.00
93.06
93.06
95.83
91.67

90
95.83
73.61
93.06
93.06
95.83
97.22

110
97.22
76.39
94.44
94.44
95.83
94.44

130
95.83
80.56
93.06
93.06
95.83
95.83

Table 7: Classification accuracies (%) of different feature selection
methods with NN on Leukemia2 database.
PCC
Relief-F
IG
MRMR
ERGS
IFSER

10
88.89
69.44
83.33
88.89
86.11
84.27

30
88.89
83.33
83.33
90.28
86.11
91.67

50
90.28
83.33
94.44
93.06
93.06
93.06

70
93.06
83.33
94.44
93.06
93.06
91.67

90
91.67
87.50
94.44
93.06
91.67
88.89

110
91.67
93.06
94.44
93.06
93.06
90.28

130
91.67
94.44
94.44
93.06
93.06
94.44

Table 8: Classification accuracies (%) of different feature selection
methods with NN on 9 Tumors database.
PCC
Relief-F
IG
MRMR
ERGS
IFSER

10
28.33
25.00
48.33
38.33
25.00
35.00

30
41.67
28.33
51.67
46.67
30.00
36.67

50
51.67
21.67
60.00
56.67
40.00
38.33

70
51.67
26.67
58.33
55.00
38.33
46.67

90
51.67
30.00
60.00
60.00
41.67
46.67

110
50.00
35.00
61.67
65.00
41.67
45.00

130
51.67
33.33
58.33
61.67
45.00
46.67

on the classifier, and it is crucial to choose an appropriate
classifier for different feature selection methods.
4.4. Experimental Results Using SVM Classifier. The performance of our proposed IFSER using support vector machine
(SVM) classifier on the four gene database is tested in this
subsection. Figures 3–6 show the classification accuracies of
different algorithms on four gene databases. From Figures
3 and 4, we can see that our proposed IFSER outperforms
other algorithms in most cases. And the IFSER achieves
its best result at a lower dimension than other algorithms.
This result further demonstrates the fact that IFSER is able
to select the best informative genes as compared to other
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Figure 6: The classification accuracies of different algorithms on the
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A robust H.264/AVC video watermarking scheme for copyright protection with self-adaptive drift compensation is proposed. In
our scheme, motion vector residuals of macroblocks with the smallest partition size are selected to hide copyright information in
order to hold visual impact and distortion drift to a minimum. Drift compensation is also implemented to reduce the influence of
watermark to the most extent. Besides, discrete cosine transform (DCT) with energy compact property is applied to the motion
vector residual group, which can ensure robustness against intentional attacks. According to the experimental results, this scheme
gains excellent imperceptibility and low bit-rate increase. Malicious attacks with different quantization parameters (QPs) or motion
estimation algorithms can be resisted efficiently, with 80% accuracy on average after lossy compression.

1. Introduction
With the rapid development of Internet and computer technology, digital multimedia industry meets huge opportunities
as well as great challenges: copyright protection. Utilizing
modern techniques, people can easily make the copied digital
content identical to the original one. Digital watermarking
technology is one of the most effective and efficient techniques to protect copyright under the open network circumstance. Since video products are mostly transmitted in compressed format, it is impossible to design a general watermark
scheme applicable to different compression types. Thereby
the compression standard must be considered in the design
of video watermarking algorithm.
The H.264/AVC standard is the latest video codec
released by the Joint Video Team (JVT). As one of the most
commonly used formats for the compression and distribution
of high definition video, H.264/AVC introduces several new
coding methods to improve the rate-distortion performance
comparing with the past coding standards, such as MPEG-x
and H.263.
The earliest compressed domain watermarking scheme
is based on Variable Length Coding (VLC) [1]. Hartung

and Girod [2] firstly proposed embedding spread-spectrum
watermark into compressed video for content protection.
For the payload of watermark, Biswas et al. [3] embedded
watermark by modifying Discrete Cosine Transform (DCT)
coefficients. Kutter et al. [4] proposed the first video watermarking scheme involving motion vectors and focused on
the parity of motion vector. From then on, several schemes
based on motion vector were devised with different selection
algorithms. Chen et al. [5] followed a common criterion
based on the magnitude and the watermark position from the
phase angle of a certain motion vector. Feng and Wu [6] proposed selecting motion vectors with small splitting and minimizing the Laragian function in motion search. Aly [7] chose
the candidate subset of motion vectors according to their
associated macroblock prediction error. Apart from motion
vector, block types and modes of intracoded blocks were
regarded as payload by Yang et al. [8].
Insofar as evaluation criteria of watermark, imperceptibility is the basic principle, whereas the watermark embedding operation can easily import distortion drift, leading to
a severe visual impact. Ma et al. [9] embedded data into the
quantized DCT coefficients of I-frames and utilized direction of intraframe prediction to avert distortion drift in

2
intraframe scenario. Zeng et al. [10] adopted drift compensation to prevent interframe error propagation, but this
method requires a partial reconstruction of some pixels.
Gong and Lu [11] avoided employing drift compensation
by attaching watermark embedder with the video encoder,
yet the computation burden increased inevitably. Hence, an
effective and efficient algorithm to offset distortion drift is of
high significance for motion vector based scheme.
Another important concern of watermark is the robustness against unintentional/intentional attacks. Langelaar and
Lagendijk [12] proposed the Differential Energy Watermarking (DEW) algorithm for the first time, which could resist
reencoding attacks. Wu et al. [13] devised a blind watermarking algorithm with I-frames as payload, which successfully
survives H.264 compression attacks with a larger than 40 : 1
ratio in I-frames; however, it requires decompressing the
video in order to execute embedding operation. Noorkami
and Mersereau [14] also took robustness into consideration, yet the original (uncompressed) video is required for
calculating the parameter of visual model, resulting in a
computationally expensive prediction process. Therefore, the
demands of watermark call for a robust watermarking scheme
which can resist attacks and maintain low computational
complexity at the same time.
The objective of this paper is to present a robust motion
vector based watermarking method for H.264 video stream
with drift compensation. DCT transform is adopted to
motion vector residual groups in order to generate energy
relationship between two certain groups, and this relationship can conserve stability under attacks. Experimental
results indicate that the proposed scheme is robust to intentional attacks with no visual distortion influence.
The rest of this paper is organized as follows. In Section
2, some important features of H.264/AVC are introduced.
Section 3 presents our watermarking scheme. Section 4
demonstrates the experimental results and analysis. Conclusions are drawn in Section 5.

2. Relevant Features for H.264/AVC
Video Compression
H.264/AVC contains a number of new features that allow it
to compress video much more effectively than older standards and to provide more flexibility for application to a wide
variety of network environments. Tree structured block size,
motion compensation, and distortion drift provide theoretical support for our watermarking scheme.
2.1. Tree Structured Block Size. H.264/AVC supports motion
compensation block sizes ranging from 16 × 16 to 4 × 4
luminance samples with many options. The luminance component of each MB (macroblock) (16 × 16 samples) may be
split up in 4 ways as shown in Figure 1.
Each of the subdivided regions is a MB partition. If the 8 ×
8 mode is chosen, each of the four 8 × 8 MB partitions within
the MB may be further split in 4 ways as shown in Figure 2.
These partitions and subpartitions give rise to a large
number of possible combinations within each MB [15].
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Figure 1: Macroblock partitions: 16 × 16, 8 × 16, 16 × 8, or 8 × 8.
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Figure 2: Macroblock subpartitions: 8 × 8, 4 × 8, 8 × 4, or 4 × 4.

2.2. Motion Compensation. In block motion compensation,
the frames are partitioned into blocks of pixels (e.g., MB of 16
× 16 pixels). Each block is predicted from a block of equal size
in the reference frame. The blocks are not transformed in any
way apart from being shifted to the position of the predicted
block. This shift is represented by a motion vector.
To exploit the redundancy between neighboring block
vectors (e.g., for a single moving object covered by multiple
blocks), it is common to only encode the difference between
current motion vector and previous motion vector in the
bitstream. The result of this differencing process is mathematically equivalent to a global motion compensation that is
capable of panning. Then, an entropy coder will take advantage of the resulting statistical distribution of the motion
vectors around the zero vector to reduce the output size.
2.3. Distortion Drift Theory. In motion compensation, there
are three kinds of motion vectors named MV, MVP, and
MVD. Apparently, MV is the abbreviation of motion vector,
which is a two-dimensional vector used for interprediction
that provides an offset from the coordinates in the decoded
picture to those in a reference picture. MVP means motion
vector prediction, which represents the motion vector in the
reference picture. MVD stands for motion vector difference,
that is, the coded and transmitted motion vector residual. The
relationship among these vectors is as follows:
MVD = MV − MVP.

(1)

Altering the value of motion vector difference will make
the embedded MB change, which means that a certain block
in frame becomes different. What is more, this distortion
is then propagated to the adjacent MBs and succeeding
frames due to motion prediction compensation, even though
these MBs and frames are not watermarked at all. This is
called distortion drift and methods adopted to prevent such
distortion from happening are called drift compensation.
For instance, we have two 16 × 16 MBs named as A and
B, where A is the reference block of B in the process of
median prediction which means MVPB = MVA . MVDA
being increased by 1 (step A in Figure 3) leads to MVA
(step B in Figure 3) as well as MVPB (step C in Figure 3)
increasing by 1 given that MVPA is not modified. Even with
MVDB unchanged, MVB will finally increase by 1 (step D in
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3

Keep still
2
1
MVDA ↑ = MVA ↑ − MVPA
3
MVPB ↑ = MVA ↑
Keep still
4
MVDB ↑ = MVB ↑ − MVPB ↑

Original
video

Watermarked
video

Figure 3: Example of distortion drift.
Table 1: Comparison between original frame and frame with
distortion drift.
Original frame

Frame with distortion drift

Macroblock
selection

DCT on motion
vectors

Drift distortion

Watermark
embedding

Figure 4: Framework of our scheme.

Finally, the binary image is converted into a scrambled
binary sequence. This scrambled sequence is the watermark
signal to be embedded; see Figure 5. This process can be
denoted as
𝑊 = 𝐵 (Γ (𝑇2 , 𝐾)) ,

Figure 3). Such influence will spread to MBs in a certain scope
and cause severe distortion drift, as can be seen in Table 1.

(3)

where Γ is Arnold’s transform, 𝐵 is the process to generate
binary sequence, and 𝑊 is the watermark signal to be
embedded.

(2)

3.2. Macroblock Selection. As indicated in Table 2, to maintain the imperceptibility of watermark, those MBs with
“mb type” = 4 are selected to embed watermark in our
scheme, because such MB contains four 8 × 8 sub-MBs
whereas “mb type” = 0, 1, 2 means one 16 × 16 MB, two 16
× 8 MBs, and two 8 × 16 MBs, respectively. The P 8 × 8ref0
prediction mode is just a short-hand way of expressing a
combined selection of P 8 × 8 and ref idx l0 = 0 which is
just a requirement for the bitstream. Furthermore, these 8
× 8 sub-MBs may be split into more subpartitions, which
helps to reduce the visual influence to the most extent. In
our scheme, we select the right bottom sub-MB and the right
bottom subpartition is the final place to embed watermark
when subpartition exists.
Actually, we have another reason to choose the right
bottom sub-MB/subpartition to embed watermark. As mentioned above, changes in one MB may cause distortion drift
once this MB is referred by other MBs. But the right bottom
sub-MB/subpartition is the least possible one to be referred
by adjacent MBs.
Specifically, in the motion vector median prediction, suppose E in Figure 6 is the current MB/sub-MB/subpartition, A
is on the left side, B is on the top, and C is on the up right side.
If more than one block is on the left side of E, then choose the
uppermost as A. The leftmost one as B may be chosen under
the same consideration. As you can see, with a right bottom 8
× 8 sub-MB or even 4 × 4 subpartition selected to embedded
watermark, the possibility to be taken as reference MB is the
lowest.

where 𝐾 is the chosen secret key and pixel value at (𝑥, 𝑦)
is replaced by value at (𝑥 , 𝑦 ) calculated from the above
formula.
With such a transformation, a scrambled image can
be generated through pixel permutation. If secret key is
unavailable, no readable information can be obtained even
after watermark being correctly detected.

3.3. Watermarking Embedding Scheme. Figure 7 illustrates
our watermark embedding approach. The detailed embedding process is as follows.
(1) The target video should be decoded until reaching the
slice level.
(2) When encountering I/B slice, skip to the next slice.
Only if the current slice is P slice, proceed further decoding.

3. Proposed Video Watermarking Scheme
Our proposed watermarking scheme is shown in Figure 4.
First, in consideration of imperceptibility, proper macroblocks should be selected according to the syntax element
in H.264 named MB TYPE to reduce the visual impact
of embedded watermarks. Reasonable macroblock selection
will also diminish the probability of distortion drift. Second,
DCT will be applied to groups of the selected motion vectors
to utilize the “energy compact” property so that intentional
attacks can be resisted. The watermarks are embedded in the
DC and 2 AC coefficients mostly adjacent to DC coefficient.
Finally, drift compensation is implemented to avoid distortion drift.
3.1. Watermark Generation. In our experimental works, one
binary image is taken as the content of the watermark. To
improve the security of our algorithm and the robustness
of embedded watermark, pseudorandom permutation with
a secret key is performed on the watermark image before
embedding.
Assume that 𝑇2 is the original watermark image with
binary value. Use the given secret key 𝐾 to perform Arnold
transform on 𝑇2 . Regarding 𝑇2 as the 2-dimensional image
space, the Arnold transform is the transformation Γ : 𝑇2 →
𝑇2 given by
𝑥
2 1 𝑥
Γ ([ ]) = [
] [ ] mod 𝐾,
𝑦
1 1 𝑦

4

The Scientific World Journal

(a)

(b)

Figure 5: Images before and after Arnold transform.

Table 2: mb type in P slice.
mb type
0
1
2
3
4
N/A

Type name

Partition
amount

Partition
width

Partition
height

P L0 16 × 16
P L0 L0 16 × 8
P L0 L0 8 × 16
P 8×8
P 8 × 8ref0
P Skip

1
2
2
4
4
1

16
16
8
8
8
16

16
8
16
8
8
16

B
4×8

3
3
𝜋
1
MVD𝑘1 𝑘2 = ∑ ∑ MVD𝑛1 𝑛2 cos [ (𝑛1 + ) 𝑘1 ]
3
2
𝑛2 =0 𝑛1 =0

E
16 × 16

Figure 6: Current block and adjacent blocks with subpartitions.

(3) Decode MB syntax of P slice. Only the P MBs
containing four 8 × 8 sub-MBs are selected. Find the right
bottom sub-MB (8 × 8) and read motion vectors of the right
bottom subpartition if subpartition exists. In Figure 8, the
horizontal motion vector residuals of shadowed partition are
used to embed watermark.
(4) Take a line as a unit and start searching from the right
bottom corner of the slice. If we succeed to collect 8 P MBs,
continue to search the next line until we gather 32 MBs (4
lines are needed):
7

(5)

where the expression on the right-hand side means the two
divided motion vector residual groups each containing 16
elements. The MOD 10 operation aims to reduce the energy
difference between two groups, leading to a relatively small
gap. Thus, if we need to reverse the energy relationship
between two groups in order to embed watermark, only a
slight modification of DCT coefficients is enough, which will
in turn only affect the units digits of motion vectors.
(6) Convert each group into 4 × 4 matrix and perform
DCT transform:

A
8×4

3

1 15

MVD = ⋃ ⋃MVD𝑖𝑗 mod 10,
𝑗=0 𝑖=0

C
16 × 8

MVD ∈ ⋃ ⋃ MVD𝑖𝑗 ,

subpartition in each MB by modulus 10; that is, extract units
digit of each MVD:

if mb type = 4,

(4)

𝑗=0 𝑖=0

where the expression on the right-hand side represents the
motion vector residual group which meets the requirement.
(5) Divide these 32 MBs into two groups (16 MBs each),
and then process horizontal MVDs of the right-bottom

𝜋
1
× cos [ (𝑛2 + ) 𝑘2 ]
3
2

(6)

𝑘1 = 0, . . . , 3, 𝑘2 = 0, . . . , 3.
(7) According to the watermark bit to be embedded,
modify the value of DC coefficients and 2 low-frequency
AC coefficients which are mostly adjacent to DC coefficients
according to
MVDA − MVDB > 𝑇,

if watermark = 1,

MVDA − MVDB ≤ 𝑇,

if watermark = 0,

(7)

where MVDA and MVDB are the sum of DC and 2 AC
coefficients from group A and group B, respectively. 𝑇 is the
threshold which is set to 5 according to experimental results.
(8) Take IDCT transform, and then calculate the final
motion vectors as follows:
MVD𝑘 = MVD − MVD mod 10 + MVD𝑘 ,

𝑘 = 0, . . . , 31,
(8)

where MVD𝑘 is the IDCT result after DCT coefficients
modified, and MVD is the original horizontal motion vector
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Figure 7: Watermark embedding approach.
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Figure 8: Watermarked macroblock subpartitions: 8 × 8, 4 × 8, 8 ×
4, and 4 × 4.

residual. Therefore, the final motion vector MVD𝑘 has the
same tens digit with the original one, only with minor change
in units digit.
(9) Encode the current P slice.
(10) Loop from step (2) until we reach the end of slice.
Comparing with previous watermarking schemes based
on motion vector, our scheme can survive intentional attacks
such as lossy compression or motion estimation algorithm
change. Because for traditional watermarking schemes which
regard the parity of motion vector as payload, the only one
bit difference in parity will vanish after being reencoded,
the embedded watermark cannot survive after some normal
operations, let alone intentional attacks.
We adopt DCT in our scheme for its “energy compaction”
property [16]: most of the signal information tends to be
concentrated in a few low-frequency components of the
DCT. Specifically, when confronted with some unintentional/intentional attacks, value of motion vector residuals
will undoubtedly change, but the gross energy of motion
vectors in a certain group will not change a lot so the energy
relationship between two groups will be quite stable even
with lossy compression operation. That is the reason that this
design in our scheme is robust to intentional attacks.
3.4. Watermarking Detection Scheme. Figure 9 demonstrates
the watermark detection approach. The watermark detection
scheme is described as follows.
(1) The watermarked video is decoded until slice level is
reached.
(2) Only decode the current slice when it is P slice and
skip to the next slice for I/B slice.
(3) Decode MB syntax of P slice. Search for P MBs
containing 8 × 8 sub-MBs. Read motion vectors of each subMB and record horizontal MVD of the right bottom sub-MB.

(4) Take a line as a unit and start searching from the right
bottom corner. If we succeed to collect 8 P MBs, continue to
search the next line until we get 32 MBs (4 lines in all).
(5) Divide these 32 MBs into two groups (16 MBs each),
and then process horizontal MVDs of the right bottom
subpartition in each MB by modulus 10.
(6) Convert each group into 4 × 4 matrix and take DCT
transform.
(7) Make comparison between the sum of DC and the 2
nearest AC coefficients in two groups:
watermark = 1,

if MVDA − MVDB > 𝑇,

watermark = 0,

if MVDA − MVDB ≤ 𝑇.

(9)

(8) Loop from step (2) until we reach the end of slice.
3.5. The Mechanism of Drift Compensation. For the example
mentioned in Section 2.3, we can easily make minus 1 to
compensate the increase due to watermarking.
As shown in Figure 10(a), the black block “W” indicated
the block being watermarked and all grey blocks are influenced by distortion drift. The number in block means the
order of impact. “1” blocks are impacted by “W” blocks and
“2” blocks are changed because of “1” blocks. For Figure
10(b), “C” blocks are the blocks being compensated so that
no further impact happens on the adjacent blocks.
Since general circumstances are more complicated, the
following steps should be taken to carry out drift compensation.
Step 1. Store information (MB number and amount of modification) of previous MB which has MVD changed because
of watermark embedding.
Step 2. For the case that the reference MB of current MB has
been watermarked according to the information recorded in
Step 1, consider the following.
(a) If the current MB is not selected to embed watermark,
just perform reverse modification according to the reference
MB.

6
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Figure 9: Watermark detection approach.
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Figure 10: Distortion drift and drift compensation.

(b) If the current MB is selected to embed watermark,
do the embedding modification and store information of
current MB. However, the two modifications on current MB
and the reference MB need to be accumulated; hence, drift
compensations can be conducted together next time.
However, even though it is possible to know which MB is
taken as reference in the process of decoding, the reference
MB will sometimes change to other MB when modification
is performed. Thus the drift compensation may cause worse
effects. The reason for such change in reference MB is that in
the interprediction stage, three adjacent MBs are taken into
consideration and MB with median motion vector value is
selected as reference one. Modification on MVD will change
MV so that this increase/decrease in motion vector value
will impact the relationship of the three MBs and lead to the
alteration of reference MB.
To solve such a problem, more work needs to be done
before Step 2.
(i) If median prediction is disabled for the current MB,
the reference MB before and after embedding will not
change. Just go to Step 2.
(ii) If median prediction is chosen, retrieve MVs of
three adjacent MBs and increase or decrease them
according to the modification information stored.
Thus through calculating actual median value, the
reference MB after embedding can be determined.
(iii) If reference MB stays the same, go to Step 2.
(iv) If change happens, denote new modification as the
difference between MV of new reference MB and
MV of the original reference MB. Then go to Step 2.
Specifically, for the case where reference MB changed,

Table 3: Parameters of experimental environment.
Profile
Image size
Frame rate
Sequence rype
Motion estimation
YUV

Type name
CIF (352 × 288)
20
IPPP
Full search
4:2:0

different MVPs will render MV of this MB erroneous. Hence, by adding/subtracting new modification amount, final MV of this MB can be rectified to
the original value before being watermarked.
The drift compensation approach is illustrated in
Figure 11.

4. Experimental Results
In this experiment, the H.264/AVC codec JM8.6 [15], officially released by the Joint Video Team (JVT), is used to
test universal standard test sequence (CIF), 352 × 288 “Bus,”
“Flower,” “Mobile,” and “Stefan,” respectively. All of them use
context-adaptive binary arithmetic coding (CABAC) method
with a frame rate of 20 frames per second. Table 3 shows the
experimental parameters.
4.1. Watermark Imperceptibility. According to the experimental conditions mentioned, we set the default quantization
parameter (QP) to 28, choose IPPP type as coding sequence,
and select “Bus,” “Flower,” “Mobile,” and “Stefan” sequences
for testing. A video quality analysis software named “Elecard
Stream Tools” is employed in our experiment.
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Figure 11: Drift compensation approach.

4.1.1. Comparison with Original Video. Table 4 shows one
frame of the reconstructed image before and after the four
decoded video streams being watermarked. The bright area
in “Difference” row means the difference between the original
video and the watermarked video. As we can see from the
above table, the embedded watermark does not affect the
subjective video quality of the reconstructed image.
To evaluate the change of video quality before and after
being watermark embedded, we introduce four new objective
evaluation indicators:
(i) NQI: new quality metrics;
(ii) VQM: Video Quality Measurement techniques;
(iii) SSIM: structural similarity;
(iv) MOVIE: motion-based video integrity evaluation
[17].
These four indicators can present numerical difference
between the original and watermarked video. With the
use of Elecard Video Quality Estimator, we encoded video
sequences with different QP values. Results are shown in
Table 5.
NQI takes the brightness distortion, contrast distortion,
and relativity loss into account, ranging from −1 to 1. NQI
closer to 1 means a higher video fidelity. As indicated from
Table 5, NQI values range from 0.9678 to 0.9966, and most
of these values are above 0.97, which means that our scheme
has little influence on video perceptibility. With the increase
of QP value, NQI has a slight tendency to drop down, because
QP is also a significant factor which affects the video quality
to some extent.
VQM is used to measure perceptual effects of video
impairments including blurring, unnatural motion, global
noise, block distortion, and color distortion. VQM closer
to 0 means a smaller distortion and it is sensitive to QP
value. As shown in Table 5, VQM values range from 0.2096
to 0.6908 and are mostly smaller than 0.5, which means a
minor variance between original and watermarked images.
Therefore, the capability to stabilize VQM under 0.5 implies
good imperceptibility of our watermarking scheme.

SSIM is a new indicator measuring the similarity of two
video frames whose range is [0, 1]. It is based on measuring
three components (luminance similarity, contrast similarity,
and structural similarity) and combining them into result
value. SSIM closer to 1 indicates a higher similarity of two
videos. From data in Table 5, maximum value is 0.9958,
minimum value is 0.9822, and most of the values are above
0.98, which can illustrate that there is almost no impact on
video similarity before and after being watermark embedded.
MOVIE is a general, spatiospectrally localized multiscale
framework for evaluating dynamic video fidelity that integrates both spatial and temporal (and spatiotemporal) aspects
of distortion assessment. Better video fidelity is obtained
when value of MOVIE is closer to 0. As shown above,
the MOVIE ranges from 0.000890 to 0.005121. So we can
conclude that the video fidelity has been little influenced after
being watermarked.
4.1.2. Experiments on Drift Compensation. Drift compensation is adopted in our scheme to avoid distortion drift and
to improve the quality of watermarked video. As mentioned
before, NQI closer to 1 indicates a better imperceptibility.
As shown in Figure 12, scheme with drift compensation
(DC) obtains a higher NQI value compared with scheme
without drift compensation for all four test samples. The
difference reaches 0.0682 at most, and Figure 13 shows results
for “Mobile” whose NQI drops to 0.0613. Conclusion can
be drawn that drift compensation has significant effect on
reducing the distortion caused by watermarking.
Lower VQM value indicates better video quality and
Figure 14 shows that scheme using drift compensation gains
much lower VQM values and this value increases to 1.3209 at
most than scheme without it. Therefore, drift compensation
can ensure better imperceptibility.
We find that SSIM value drops fiercely if drift compensation is not carried out in our scheme as shown in Figure
15. The drop of SSIM value is 0.0808 at most, which means
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Table 4: Comparison between the original video and the video with watermark.
Bus

Flower

Mobile

Stefan

Original

Embedded

Difference

Original

Embedded

Original

a great decrease in video quality. Figure 16 shows results for
“Bus” whose NQI drops to 0.0506. Hence, scheme using drift
compensation gains a better imperceptibility.
As indicated above, lower MOVIE is obtained when drift
compensation scheme is applied. The largest difference in Figure 17 is 0.001704 for “Stefan,” whereas the smallest difference
is 0.000775 for “Bus.” The import of drift compensation leads
to a 40% drop in MOVIE on average. So we can conclude that
imperceptibility of scheme with drift compensation is better
than that without it.

4.1.3. Comparison with Other H.264/AVC Schemes. To analyze the imperceptibility of our scheme, we compare our
scheme with Sun et al.’s algorithm [18].
In this experiment, we use sequence “Bus” with QP
ranging from 24 to 32. As shown in Figure 18, when QP = 24,
the VQM value of our scheme is slightly larger than Sun et
al.’s scheme [18], but for the case of QP = 26, 28, 30, 32, our
VQM values are much smaller than Sun et al.’s scheme and
show a better stability. The reason is that Sun et al.’s scheme
embedded watermarks in VLC domain so that it performs
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Table 5: Results of video quality test.

QP
24
26
28
30
32

Bus
0.4098
0.2906
0.2288
0.5948
0.6908

QP
24
26
28
30
32

Bus
0.9925
0.9918
0.9958
0.9833
0.9822

QP
24
26
28
30
32

Bus
0.002793
0.003583
0.004565
0.005121
0.004593
1.00
0.98
0.96
0.94
0.92
0.90
0.88

NQI
Flower
0.9966
0.9956
0.9943
0.9949
0.9956
VQM
Flower
0.3268
0.3949
0.3828
0.3655
0.3464
SSIM
Flower
0.9949
0.9934
0.9912
0.9921
0.9931
MOVIE
Flower
0.000890
0.002265
0.002644
0.003308
0.002943

Mobile
0.9883
0.9879
0.9895
0.9889
0.9883

Stefan
0.9678
0.9794
0.9748
0.9730
0.9788

Mobile
0.3591
0.3520
0.2916
0.3268
0.4459

Stefan
0.4835
0.2827
0.4275
0.3472
0.3157

Mobile
0.9905
0.9911
0.9913
0.9926
0.9898

Stefan
0.9873
0.9914
0.9907
0.9861
0.9889

Mobile
0.001482
0.004852
0.003575
0.004325
0.004390

Stefan
0.002233
0.002740
0.002550
0.001656
0.002884

(a)

(b)

Figure 13: Effect of decrease on NQI by 0.0613.

VQM

Bus
0.9909
0.9909
0.9942
0.9833
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NQI

QP
24
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30
32

1.8
1.6
1.4
1.2
1.0
0.8
0.6
0.4
0.2
0.0

Bus

Flower

Mobile

Stefan

DC

0.4098

0.3268

0.3591

0.4835

No DC

0.9418

1.6477

1.1310

0.8138

Figure 14: VQM comparison between schemes with DC and
without DC.
Bus

Flower

Mobile

Stefan

DC

0.9909

0.9966

0.9883

0.9678

No DC

0.9489

0.9284

0.9270

0.9416

Figure 12: NQI comparison between schemes with DC and without
DC (DC stands for drift compensation).

well in high bit-rate condition, whereas the influence of
watermark will become inevitable when confronted with
quality decrease situation.
Conclusions can be drawn from all of the data above.
(1) For most of the time, NQI is above 0.97, VQM is below
0.5, SSIM is above 0.98, and MOVIE is below 0.005. All these
four indicators demonstrate that our scheme has excellent
imperceptibility.
(2) For scheme without drift compensation, NQI drops
to 0.06, VQM increases to 1.3, SSIM decreases to 0.08, and

MOVIE increases to 0.001704 at most. Our scheme with drift
compensation gains better video quality.
(3) In comparison with Sun et al.’s [18] scheme, better
performance can be obtained in our scheme when QP ranges
from 26 to 32.
4.2. Robustness against Intentional Attacks. In this experiment, all four sequences “Bus,” “Flower,” “Mobile,” and
“Stefan” are used. After watermark is being embedded, these
videos are decoded and reencoded with different QP values
and motion estimation algorithms to generate recompression.
4.2.1. Intentional Attack with Different QP Values. To verify
the robustness under lossy compression, the watermarked
video is recompressed with different QP values. Table 6 illustrates the effect on content after compression. The watermark
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1.00
0.98
0.96
0.94
0.92
0.90
0.88
0.86

DC
No DC

0.005
0.004
MOVIE

SSIM
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0.003
0.002
0.001
0.000

Bus

Flower

Mobile

Stefan

0.9925

0.9949

0.9905

0.9873

DC

0.9660

No DC

0.9419

0.9141

0.9338

Flower

Mobile

0.002793

0.000890

0.001482

0.003568

0.002044

0.002846

0.002233
0.003937

Figure 17: MOVIE comparison between schemes with DC and
without DC.

VQM

Figure 15: SSIM comparison between schemes with DC and without
DC.

Stefan

Bus

1.6
1.4
1.2
1.0
0.8
0.6
0.4
0.2
0.0

24

Sun et al. [17] 0.2858
Our scheme
0.4098

26

28

30

32

0.6134
0.2906

1.0852
0.2288

1.2076
0.5948

1.3786
0.6908

(a)

Figure 18: Comparison of imperceptibility performance.

Figure 19 shows the robustness of our watermark scheme
against lossy compression attack with different QP values. The
recompression rate defined in (11) ranges from 40% to 80% as
𝑅=1−

(b)

Figure 16: Effect of decrease on SSIM by 0.0506.

images detected from each recompressed video are shown in
Table 7.
In Table 6, the bright areas indicate differences with the
original frame. The impact of QP value on video quality
is visually obvious. As illustrated by Table 7, the watermark
image changes more or less after attack. With the increase
of QP value, the compression rate becomes higher and the
loss of watermark information becomes severer. However, the
pattern can still be easily recognized, and the lowest correct
rate is still above 70%, which is defined as follows:
Acc =

𝑐
,
𝑤

(10)

where Acc is correct rate, 𝑤 is the bit number of a certain
watermark, and 𝑐 is the number of bits correctly detected.

𝑆𝑤
,
𝑆𝑜

(11)

where 𝑅 stands for the recompression rate, 𝑆𝑤 and 𝑆𝑜 denote
watermarked video size and original video size, respectively.
As can be seen from Figure 19, under a lossy compression
rate less than 50%, the correctness rate can keep above 79%,
and the best correctness can be as high as 88% with the lowest
recompression rate 40%. Even with a high recompression rate
of 80%, the correctness of watermark detection can still reach
70%. The correctness rate decreases as the lossy compression
rate increases and such decline is much more apparent for
sequences “Bus” and “Stefan,” because the motion amplitude
of objects in these two videos is quite huge and the lossy
compression will have a significant impact on the motion
estimation with relatively large original motion vectors.
4.2.2. Intentional Attack with Different Motion Estimation
Algorithms. Motion estimation algorithm is the most relevant factor for motion vector because different motion estimation algorithms will cause huge change to the final motion
vector.
In this experiment, we keep the QP value unchanged
and choose different motion estimation algorithms in the
process of encoding. We firstly use JM8.6 to generate video
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Table 6: Frame difference with different compression rates.

QP

Original

24

26

28

30

32

Frame

Difference

QP

Frame

Difference

Table 7: Watermark images detected from “Flower” after lossy compression attack.
QP

24

26

28

30

32

Image

files with embedded watermark and decode video files into
YUV sequences. A video encoder software named X264 is
then used to encode these YUV sequences into video files
again. However, different motion estimation algorithms are
chosen in this encoding process so that intentional attack can
be performed.
The default motion estimation algorithm of JM8.6 is
“Fast Full Pel Block Motion Search,” whereas X264 has
five different motion estimation algorithms named “Diamond Search,” “Hexagonal Search,” “Uneven Multi-Hexagon
Search,” “Exhaustive Search”, and “Transformed Exhaustive
Search.”
As indicated in Figure 20, the robustness of our watermark scheme against reencoding with different motion estimation algorithms is satisfactory. Under most circumstances,

the correctness rate is above 90%. The results of “Stefan” are
relatively below normal level because this video sequence
contains fierce movements so that the large motion amplitude
will be greatly influenced by the chosen algorithm.
As mentioned before, few research works focused on
robust watermarking scheme based on motion vector, so it
becomes extremely difficult to do comparison experiments
with other proposed algorithms. The most relevant literature
we found is proposed by Li et al. [19] which focused on
MPEG-2, but it is still quite different compared with our
scheme on H.264/AVC.
In our experiment, an extreme lossy compression rate
80% is tested and such high compression rate will cause
great decline in video quality. Nevertheless, the correctness
of watermark detection can still keep above 70% under such
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Table 8: Comparison of different watermark capacities.

Original

2 bits embedded

Watermark retrieval correctness (%)

Watermark retrieval correctness (%)

90

3 bits embedded

85

80

75

100
90
80
70
60
Dia

Hex

Umh

Esa

Tesa

Motion estimation algorithm
70
40

Bus
Flower

50
60
Recompression rate (%)

70

80

Mobile
Stefan

Figure 19: Watermark correctness rate after lossy compression with
different QP values.

a circumstance. In the meantime, the watermark retrieval
correctness has a high stability under different motion estimation algorithms. Conclusion can be drawn that our scheme
has an excellent robustness against intentional attacks.
4.3. Watermark Capacity Analysis. The capacity of a watermarking scheme decides the application scope of the algorithm. With our proposed scheme, different bits of watermark
are embedded into video and visual impact is observed
carefully. As a result, two-bit watermark can be embedded
into each P frame and little visual decrease can be noticed. But
if we try to embed 3 bits in each frame, the imperceptibility
of our scheme will suffer a slight decrease occasionally.
As illustrated in Table 8, with two bits embedded, the
video quality has no visible decrease compared with the
original video frame, whereas given that 3 bits are embedded
in one frame, some distortion is visually obvious. For this
reason, we conclude that at most two bits can be embedded
into one frame. For an “IPPP” GOP type, each of the four
frames has 6 bits embedded, which means that an average
capacity of 1.5 bits per frame can be achieved.
Videos are usually displayed at a rate of more than
24 frames per second so that at least 22.5 bits of covert
information can be embedded within one second in video.
With content of watermark elaborately designed, we may

Bus

Mobile

Flower

Stefan

Figure 20: Watermark correctness rate after recoding with different
motion estimation algorithms.

Bit-rate increase rate (%)

30

0.25
0.20
0.15
0.10
0.05
0.00

Bus

24
0.08%

26
0.05%

28
0.12%

30
0.16%

32
0.20%

Flower

0.07%

0.08%

0.10%

0.12%

0.15%

Mobile

0.08%

0.03%

0.04%

0.05%

0.07%

Stefan

0.08%

0.05%

0.06%

0.08%

0.10%

Figure 21: Bit-rate increase rate for different sequences and QPs.

embed one entire watermark within several seconds (video
time).
4.4. Impact on Video Bit Rate. Bit rate is an important feature
of video quality, especially for those low bit rate H.264 videos
which have a high request on rate control. The watermark
embedding is bound to affect the video bit rate. The ability
to control bit rate effectively and strictly is also an important
indicator of H.264 video watermarking scheme.
Figure 21 shows the comparison of bit-rate change of all
four sequences encoded with different QP values, from which
conclusion can be drawn that the bit-rate increase rate ranges
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from 0.03% to 0.20%. The average of bit-rate increase rates is
0.09%, which is acceptable for normal watermarking scheme.
According to the data analysis, the bit-rate of each video
slightly increases along with the increase of QP value, but
no sudden change has occurred and the range of increase is
limited. For normal circumstance, QP = 28 is mostly used
and 0.12% is the biggest increase rate when QP = 28. So the
scheme can effectively control the video rate change before
and after being watermark embedded.

5. Conclusion
In this paper, a robust video watermarking scheme with drift
compression is proposed. The devised MB selection scheme
can lower the influence on video quality and reduce the possibility of drift distortion. In the meantime, a new drift compensation scheme is adopted to improve the imperceptibility
of watermarking. Besides, the “energy compaction” property
of DCT is utilized to embed the watermark into motion vector
residual with good robustness against intentional attack. The
experimental results indicate that the video quality is almost
the same as that of the original one, and the increase of bit rate
is less than 0.2%, which keeps the high video compression
rate of H.264. This scheme is also robust against malicious
attack with different QPs or motion estimation algorithms.
Even with a high recompression rate of 80%, the correctness
of watermark detection can still reach 70%.
Our future work will focus on the robustness against
other video attacks and improving the performance of video
sequences containing fierce movements.
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In recent years, earthquakes have frequently occurred all over the world, which caused huge casualties and economic losses. It is
very necessary and urgent to obtain the seismic intensity map timely so as to master the distribution of the disaster and provide
supports for quick earthquake relief. Compared with traditional methods of drawing seismic intensity map, which require many
investigations in the field of earthquake area or are too dependent on the empirical formulas, spatial information technologies
such as Remote Sensing (RS) and Geographical Information System (GIS) can provide fast and economical way to automatically
recognize the seismic intensity. With the integrated application of RS and GIS, this paper proposes a RS/GIS-based approach for
automatic recognition of seismic intensity, in which RS is used to retrieve and extract the information on damages caused by
earthquake, and GIS is applied to manage and display the data of seismic intensity. The case study in Wenchuan Ms8.0 earthquake
in China shows that the information on seismic intensity can be automatically extracted from remotely sensed images as quickly
as possible after earthquake occurrence, and the Digital Intensity Model (DIM) can be used to visually query and display the
distribution of seismic intensity.

1. Introduction
The attenuation map of seismic intensity is continuous and
planar in a very large area. It reflects the strength and
change rules of damage intensity caused by an earthquake.
It is very useful in the analyses of the extent of damage
and the distribution of earthquake disaster [1]. The seismic
intensity map is the foundation and key task for seismic
disaster assessment, relief, and mitigation. The traditional
way of drawing seismic intensity map is mainly by field
investigation or based on empirical formulas. However, on
the one hand, field surveys need to spend a lot of manpower,
material resources and are easy to be affected by traffic and
weather. On the other hand, the formula way is too relied on
the experiences. So, it is difficult to draw seismic intensity
map with high precisions that is suitable to the geological
conditions of earthquake disaster region.
The rapid development of Remote Sensing (RS) and
image processing technology makes it possible to extract the
damage information and assess the disaster losses caused by

earthquake [2–4], while the GIS-(Geographical Information
System-) based data management and graphics drawing technology provide technical supports to the seismic intensity
map drawing and rendering. Based on the integrated application of RS and GIS technology, an automatic recognition
approach for seismic intensity has been proposed in this
paper. It can automatically recognize and extract the potential
damage information from the remotely sensed images of the
earthquake disaster area and then quickly generate seismic
intensity map without going outside. It can provide effective,
exact and quick supports for the assessment, relief, and
mitigation of earthquake disaster.

2. Principle and Methodology
2.1. Framework of the Theory and Technology. The automatic
recognition of seismic intensity mainly includes two parts:
the extracting of information on seismic damage and the
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management of the corresponding data. Based on this theory, this paper integrates RS and GIS to recognize seismic
intensity automatically, where RS is applied to extract the
earthquake damage information, and GIS is used to manage
and display the data.
2.2. The Definition of Seismic Intensity. Seismic intensity is
the degree of strength of earthquake damage. It is closely
related to the earthquake magnitude, location, and distance
from the epicenter, as well as the geotechnical properties
[5]. Intensity and magnitude are two fundamental standards
to measure an earthquake. They are two closely connected
but different concepts. Magnitude represents the severity of
an earthquake, and it is a description of the seismic energy
[6]. Intensity indicates the damage degree of an earthquake
at various points in a large area. An earthquake has only
one magnitude but can have many different intensity values.
Intensity is very important for earthquake disaster assessment
and earthquake relief.
Seismic intensity is mainly based on the building damage,
surface destruction, feelings of people, and so on. Earthquake
researchers around the world have developed many different
seismic intensity scales. For an example, based on the degree
of damages caused by earthquake, the seismic intensity in
China is divided into 12 degrees [7].
A lot of points with the same intensity value in a large
area can constitute an isoseismal map [8]. In the earthquake
disaster assessment, researchers often convert the discrete
isoseismal into the continuous seismic intensity attenuation
map. Seismic intensity distribution map can help people to
master the distribution of earthquake damage and calculate
and assess the losses resulted from the earthquake.
2.3. RS-Based Automatic Recognition of Earthquake Damage.
Remotely sensed imagery can reflect the degree of earthquake
disaster. It can be used to recognize the collapse rate of
buildings and the changes of the earth’s surface through comparing the remotely sensed images before and after the earthquake. Different degree of destructions and losses represents
different seismic intensity region. Therefore, through image
processing and information extraction, seismic intensity can
be identified automatically from the remotely sensed images.
2.3.1. Preprocessing of Remotely Sensed Images. In acquisition
process, remotely sensed images are easily affected by time,
spectrum, and so forth. This will lead to errors between
the images and the complex surface information, which
would influence the image interpretation and the accuracy
of the extracted damage. Therefore, it is very necessary to
preprocess the original images before their utilization. Preprocessing of remotely sensed images mainly includes image
correction, registration, and enhancement. After processes
of deformation, distortion, blur, and noise, image correction
can obtain an image as real as possible in geometry and
radiation [9, 10]. After image correction and registration, the
coordinates and positions of damage information are more
accurate. It makes the collapsed buildings in the image clearer
and easier to be recognized. Image enhancement is mainly
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used to eliminate the noise of the images, improve image
visual effect, and highlight the image with earthquake damage
information [11, 12]. So it is more easily to recognize the
earthquake damages caused by the destruction of buildings
and lifeline engineering.
2.3.2. Extraction of Earthquake Damage Information. According to the classification standard of seismic intensity, the
information of earthquake damage is generally characterized
by buildings and surface destructions. So the RS image-based
information extraction of buildings and surface destructions
is the premise of seismic intensity recognition. Scholars
around the world have made a lot of related researches [13–
16]. Currently, the main extraction methods are change detection and information classification. Visual interpretation,
supervised classification, unsupervised classification, and
object-oriented classification are all the prevailing classification ways. Both the methods of supervised classification and
unsupervised classification extract information according to
spectral feature in pixels unit. They rarely consider the texture
structure and the correlation between adjacent pixels [17–19],
so, after the classification, small patches will still exist [20].
The object-oriented classification is a new classification
method, which is suitable for remotely sensed images with
high resolution. The basic principle is to form the pixels
that have the same characteristics of an object according to
the pixel shape, color, texture, and other parameters, and
then to do classification according to the features of each
object. Firstly, the image is divided into several pixel sets, and
every pixel set has similar information. Secondly, regarding
the pixel set as a basic classification unit, fuzzy classification
algorithm is used to generate the probability that the object
belongs to a certain class. Finally, the classification results are
determined based on the maximum probability.
This paper adopts the method of object-oriented classification to realize the automatic identification of damages from
the remotely sensed images. Then, supplement by manual
inspection is used to further complete the information
recognition and extraction. Firstly, we do the multiscale
segmentation of remotely sensed images and then classify
each object through the color, shape, texture, and other
features. At last, we extract the damage information according
to the feature information. After quantitative analyses of the
extraction results, we can give the collapse rate of buildings
and the earth’s surface destruction status, which is very
important for the next recognition of seismic intensity.
2.3.3. Recognition of Seismic Intensity. The recognition of
seismic intensity is mainly based on the collapse rate of
buildings and the earth’s surface damage status. After comparing the damage situations with the intensity standard,
we can generate the intensity in a region. According to the
earthquake damage matrix of Sichuan, Gansu, and Shanxi
Province in China, Table 1 gives the complete collapse rate
of buildings with three different types of structures. In the
experiment, when the intensity value is below six, most
buildings are only general or slight damaged, and it is very
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Table 1: Standard of seismic intensity division.

Seismic
intensity

Condition of building collapse
Multilayer
General
Concrete
brick
houses

Mean damage index

VII

0.00

5.47%

6.00%

0.11–0.30

VIII

0.00

12.91%

15.00%

0.31–0.50

IX

5.40%

25.86%

33.00%

0.51–0.70

X

24.73%

50.79%

88.00%

0.71–0.90

XI

50.00%

80.00%

95.00%

0.91–1.00

Earth’s surface status
Soft land is cracked; most detached brick chimneys are
moderately damaged; riverbank is collapsed.
Hard land is cracked; most detached brick chimneys are
seriously damaged.
Hard land is cracked; most detached brick chimneys are
collapsed; bed rock is cracked; landslide occurs.
Landslide and rupture appear; most detached brick
chimneys are collapsed from the root; bedrock arch is
destroyed.
The earthquake ruptures continue long; a large number
of landslides occur.

where 𝐼𝑝 is the intensity value at point 𝑝; 𝑋𝑝 and 𝑌𝑝 are the
coordinates of point 𝑝; 𝑛 is the number of ground points.

Figure 1: IKONOS remotely sensed image of Wenchuan County.

difficult to identify these damaged houses. So intensity values
in Table 1 are all above six.
2.4. GIS-Based Seismic Intensity Drawing and Rendering.
Each seismic intensity value obtained through remote sensing
interpretation only presents the disaster degree in a partial
small area. It is a point-shaped and discrete intensity. However, in order to know the distribution of disaster caused
by an earthquake in a larger scale, we need to obtain all
intensity values in the disaster region. Seismic intensity map
is a planar-shaped and continuous intensity. Therefore, it
is quite necessary to convert the point-shaped and discrete
intensity to planar-shaped and continuous ones.

2.4.2. Map Drawing and Rendering. In the digital intensity
model, every point in the earthquake-stricken area has
a seismic intensity value. The continuous and abundant
information is convenient for people to quickly assess the
earthquake damage and spatial distribution of the disaster.
However, the intensity values obtained from the interpretation of remotely sensed images are always discrete and
limited. Based on DIM, a mathematical interpolation method
has been proposed to draw isoseismal line by using these
discrete intensity values. After comparison of several mathematical methods, this study adopts the minimum curvature
interpolation method. The interpolation surface generated
by the minimum curvature method is similar to rectangular
elastic thin films. It covers each point and has a minimum
amount of bending. This method not only strictly respects
the data but also generates smooth curved surface that is
extremely close to the theoretical intensity curve.
Although isoseismal line has realized the conversion
from discrete intensity values to continuous ones, however,
it is still discrete between the lines. In order to solve this
problem, we construct a rendering seismic intensity map,
in which different color represents different intensity. It is
really a continuous way to express the distribution of seismic
intensity.

3. Case Study
2.4.1. Digital Intensity Model. In this paper, we introduce the
idea of Digital Terrain Model (DTM) in GIS to build Digital
Intensity Model (DIM). In DIM, through interpolation of the
discrete intensity value, we can obtain the intensity value at
any point on the map.
In the view of mathematics, DIM is a sequence of two
dimensional function as follows:
𝐼𝑝 = 𝑓𝑝 (𝑥𝑝 , 𝑦𝑝 ) ,

(𝑝 = 1, 2, 3, . . . , 𝑛) ,

(1)

3.1. Studied Area. On May 12, 2008, the Ms8.0 earthquake
occurred in Wenchuan County of Sichuan Province in western China. The epicenter intensity was eleven. The epicenter
is mainly located at 103.36 degrees of east longitude and 30.98
degrees of north latitude. The focal depth of this earthquake
was very shallow and the secondary disasters were serious. In
this earthquake, almost seventy thousand people died, and
huge economic losses were caused in the disaster areas. It is
one of the most destructive and biggest earthquakes in China,
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Table 2: Building damage rate in Wenchuan County.

Destruction category
Collapse
Destroy
Basic intact

Concrete
21%
40%
39%

Multilayer brick
43%
35%
22%

General houses
90%
9%
1%

(a)

(c)

Earth’s surface status
Landslides occur in large area; ground surfaces are fractured.

(b)

(d)

Figure 2: (a) Result image of automatic control point matching; (b) original image before enhancement; (c) Image after enhancement; (d)
image after preprocessing.

even in the world. The remotely sensed IKONOS image of
Wenchuan County is shown in Figure 1.
3.2. RS-Based Automatic Recognition of Seismic Intensity.
Before drawing a seismic intensity map, at first, it needs to
obtain a lot of intensity values in the region. Take Wenchuan
County as an example, this section gives the method of
automatic recognition of seismic intensity.
3.2.1. Preprocessing of RS Images. This study chooses
IKONOS satellite remotely sensed image to extract
earthquake disaster information. Firstly, using the algorithm
of feature matching, we matched the 1 : 10000 orthophotomap
and DEM data. The accuracy is consistent with the reference

data. This will not only meets the same level of imagery
production requirements but also greatly improves the
efficiency of access control points. Figure 2(a) shows the
result image of automatic control point matching. The
enhancement of remotely sensed image is to highlight the
target information so as to make it clearer. Figures 2(b) and
2(c) are images before and after the enhancement. It shows
that after enhancement, the image has higher resolution
and clearer level, especially for the buildings. It is easier and
facilitated for the next interpretation and recognition. After
these preprocessing, the remotely sensed image of Wenchuan
County could be seen in Figure 2(d).
3.2.2. Automatic Extraction of Damage Information from RS
Images. The object-oriented way to extract the information

The Scientific World Journal

5

Table 3: Results of seismic intensity recognition.
Region
Wenchuan
Doujiangyan
Zundao
Zagunao
Yinxiu
Anxian
Jiangyou
Mianyang
Nanba
Maoxian
Pengzhou
Qingchuan
Hongbai
Wangchang
Beichuan

Intensity
X
X
IX
VIII
XI
X
X
VIII
IX
VIII
IX
X
XI
VIII
XI

(a)

(b)

Figure 4: (a) Fifteen points labeled in remotely sensed satellite
image; (b) isoseismal line based on the fifteen discrete evaluation
areas.

Collapsed

Road

the nearest neighbor distance method. After these four steps,
there are still a small amount of misclassified cases. It needs to
do some manual inspection as a supplement. Figure 3 shows
the extraction result of collapsed buildings from the remotely
sensed images in the studied area.

River

Figure 3: The extraction result of collapsed buildings from RS
image.

of destroyed buildings mainly includes two parts. One is
the image segmentation used to form image object. The
other is the recognition of buildings through the feature of
image object. This study adopts four categories to get the
final classification result of damage information. Firstly, we
extract the nonvegetation information based on Normalized
Difference Vegetation Index (NDVI). Secondly, we extract the
basic intact buildings in the nonvegetation category. Thirdly,
we extract the destructive buildings by the feature of lengthwidth ratio. Lastly, we extract the collapse buildings through

3.2.3. Recognition of Seismic Intensity from RS Images. Based
on the preprocessing and damage information extraction
above, we can obtain the layer of building damage classification and the layer of building structure classification.
After overlaying these two layers, we can get the basic intact
rate, destroy rate, and collapse rate of these three types of
buildings with different corresponding structures, as well as
the destructive situation of the earth surface (Table 2).
After comparison between Tables 1 and 2, it can be concluded that the building damage rate in Wenchuan County is
very similar to the tenth degree of seismic intensity area. So
the seismic intensity value of Wenchuan County is recognized
to be ten.

6
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(a)

(b)

Figure 5: (a) Forty points labeled in remotely sensed satellite image;
(b) isoseismal line based on forty discrete evaluation areas.

3.3. Seismic Intensity Map Drawing and Rendering
Based on GIS
3.3.1. Isoseismal Drawing Based on DIM. Isoseismal line
drawing is a conversion from the single and discrete intensity
values into continuous intensity line. It needs to obtain
several intensity values. In this study, we first choose 15
representative areas to evaluate their seismic intensity values,
and the results are shown in Table 3.
In DIM, each point has three attributions as (𝑥, 𝑦, 𝐼), in
which 𝑥 and 𝑦 are the coordinates like longitude and latitude,
𝐼 is the seismic intensity. Any point with corresponding 𝑥
and 𝑦 can be labeled to the remotely sensed satellite image
of the studied area, and then the isoseismal line can be drawn
according to the minimum curvature method. Figure 4 shows
the isoseismal line based on the fifteen evaluation areas in
Table 3.
The number of the evaluation areas would affect the accuracy of the isoseismal line. As a comparison, this study added
other twenty-five evaluation areas to draw the isoseismal line.
They were Xiaojin County, Baoxing County, Pingwu County,
and so forth. Figure 5 shows the isoseismal line based on the
forty evaluation areas.

3.3.2. Seismic Intensity Map Rendering Based on GIS. The
visual output of seismic intensity value needs to convert the
isoseismal line to render map. By overlaying the seismic
intensity map and the administrative area map with GIS, it
is clear to know the severity degree of the earthquake disaster
in each region (Figure 6).
Overall, the three earthquake intensity maps in Figure 6
are very similar. The main damage areas are distributed along
the Longmenshan fault zone. The intensity of earthquake
center is eleven and distributed around Yingxiu and Beichuan
County. However, there are still some differences among
them. Firstly, Figure 6(b) with forty points is closer to the field
investigation result in Figure 6(c) than Figure 6(a) with only
fifteen points. The main reasons are that the seismic intensity
map drawn from fewer evaluation areas is more dependent on
the mathematical interpolation method, which would reduce
the accuracy. Secondly, the recognition of seismic intensity
in high intensity area is more accurate than that in the low
intensity area. In high intensity area, the buildings are more
vulnerable, and therefore the collapsed houses are easier to be
recognized than the slightly damaged houses in low intensity
area from remotely sensed images. Thirdly, the minimum
intensity recognized in this study is seven. However, in the
field investigation map, the minimum seismic intensity is six.
The main reason is that the slightly damaged houses are hard
to be recognized, especially in the remotely sensed images
with low resolution.

4. Conclusions
This paper proposes an automatic recognition approach
for seismic intensity based on the integration of spatial
information technologies such as RS and GIS. It uses remotely
sensed image to discover and retrieve the potential damage
information caused by earthquake, which can automatically
realize the fast extraction and recognition of the information
on seismic intensity. In addition, GIS technology is applied to
draw and render the seismic intensity map, which provides
a visual way to query and output the information of seismic
intensity.
The case study in Wenchuan Ms8.0 earthquake shows
that the seismic intensity map recognized by the approach
proposed in this paper is very similar to the real results
investigated from the field area. However, the RS/GIS based
method is much superior to the way of field investigation
in time and resource expenditure. It can rapidly know
the distribution of earthquake disaster, locate the strong
seismic intensity area, and therefore win golden time for
earthquake relief. Although the approach is only exemplified
in Wenchuan Ms8.0 earthquake in China, it can be extended
to a national or global level so as to recognize the seismic
intensity in an effective, quick, and economical way. With
the development of remote sense technology, more and more
high-resolution images will be available in the near future;
the RS/GIS-based approach proposed in this paper can play
more significant roles in the automatic recognition of seismic
intensity, especially in the cases that the transportation and
communication are completely interrupted by earthquake.
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Figure 6: (a) Intensity map based on fifteen evaluation areas; (b) intensity map based on forty evaluation areas; (c) intensity map based on
field investigation (published by Seismological Administration of China).
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Dynamic scene stitching still has a great challenge in maintaining the global key information without missing or deforming if
multiple motion interferences exist in the image acquisition system. Object clips, motion blurs, or other synthetic defects easily
occur in the final stitching image. In our research work, we proceed from human visual cognitive mechanism and construct a
hybrid-saliency-based cognitive model to automatically guide the video volume stitching. The model consists of three elements of
different visual stimuli, that is, intensity, edge contour, and scene depth saliencies. Combined with the manifold-based mosaicing
framework, dynamic scene stitching is formulated as a cut path optimization problem in a constructed space-time graph. The
cutting energy function for column width selections is defined according to the proposed visual cognition model. The optimum
cut path can minimize the cognitive saliency difference throughout the whole video volume. The experimental results show that it
can effectively avoid synthetic defects caused by different motion interferences and summarize the key contents of the scene without
loss. The proposed method gives full play to the role of human visual cognitive mechanism for the stitching. It is of high practical
value to environmental surveillance and other applications.

1. Introduction
Wide field of view (FOV) is demanded in many application
domains, such as intelligent transportation, military defense,
and civil security. A larger scope of image information is
beneficial for improving the reliability and the safety of the
system. However, the FOV of an ordinary camera is usually
much smaller than that of humans due to the limitations of
the fabrication process of enlarging the sensor size. Image
stitching technology supplies an effective solution for breaking the limitation of the camera FOV, which is getting more
and more attentions of researches. It is to align a sequence
of overlapping images and blend the overlapping regions to
form a seamless wide FOV image. The techniques nowadays
can be summarized into two mainstreams: one is represented
by Szeliski who proposed the classical stitching model based
on geometric relationships of camera motions [1], and the
other is represented by Peleg et al. who proposed an improved
adaptive manifold mosaicing model [2]. The former one is to
extract the geometric transform between partly overlapped
adjacent images for image registration and fusion [3–5]. This
model is deemed as the foundation of image alignment and

stitching research, handling many camera motions, that is,
translation, rotation, affine, projective motion, and so forth.
The latter one is to cut narrow strips which are perpendicular
to optical flow from high-overlapping images and paste their
warped strips whose optical flows become parallel to the camera motion direction to form the output manifold mosaics
adaptively. Such stitching model breaks through the restriction of camera motions and promotes the development of
image stitching, becoming a new research focus [6–9].
Both of the above two categories of image stitching algorithms address the registration and the blending processes
on pixel levels, ignoring the visual perception mechanism of
humans and the relations among image contents. Sometimes
the algorithms cannot guarantee the integrity of interesting
contents, especially when the camera capturing platform
moves and the scanned scene contains multidimensional
moving objects. Some potential stitching defects, for example,
object clipping, motion blurring, or ghosting, caused by
moving objects and scene movement as well as parallax, easily
appear in the final mosaic image. There is still a practical
challenge in such dynamic scene stitching.

2
Image is a kind of nonstructural perception information.
Comparing to direct pixel operations, how to cooperate with
human cognitive mechanism and relative mathematic models
to construct new computational models and methods for
image processing is a meaningful and necessary work. It is
helpful for improving the process efficiency and further comprehensive understanding if considering the guide role of
visual cognitive mechanism as much as possible. In this paper,
we address the dynamic scene stitching from the visual cognition point of view, and an effective stitching approach driven
by hybrid-saliency-based visual cognition model for dynamic
video sequence is proposed to avoid synthetic defects caused
by different movements of the scene. It considers human
visual perception mechanism first. And a cognition model is
proposed, consisting of multiple visual stimuli, that is, intensity, edge contour, and scene depth saliencies of the input
frames. Moreover, under the manifold mosaicing framework,
the stitching process is formulated as a cut path optimization
problem in a constructed space-time graph from the original
input video volume. The proposed cognitive model constrains the cutting energy function for column width selections during the manifold synthesis. The effectiveness of the
idea, introducing visual cognitive mechanism into the image
stitching process, is verified by the experiments. The key
salient contents of the wide FOV scene can be summarized
without missing or deforming. The algorithm is conducive to
support further analysis of global situations within the wide
FOV, and it could provide a concrete reference and some
inspiration to other problems in image processing driven by
visual cognition as well.
The paper is organized as follows. Section 2 formulates our dynamic scene stitching problem in mathematical
descriptions. Section 3 addresses the hybrid-saliency-based
visual cognition model and its calculation details. Section 4
gives the solutions of the output manifold via graph construction and cut path optimization at a minimum cognitive cutting cost. Section 5 shows the comparisons and experimental
results in support of the effectiveness of the proposed method.
Finally, we conclude this paper in Section 6.

2. Problem Formulation
We assume that the original dynamic scenes are captured by
a camera settled on a horizontal stabled pan unit which can
move in a smooth path, and scanning the scene with a certain
semirotation, as shown in Figure 1. The video frames of the
dynamic scenes are high-overlapped in the major scanning
direction and seldom vertical movements. Since manifold
mosaicing algorithm is an effective solution for breaking
through the restriction of camera motions, we stitch the
dynamic scene in this framework. The spirit of manifoldbased mosaicing technique is to cut and paste proper strips,
similar to the “scanning line” in 1D linear camera imaging,
into an adaptive manifold of the output mosaics. The strips
from each input frame are required to be perpendicular to
the optical flow and proportional to the camera motion [2].
Under the scheme of manifold mosaicing and inspired
by [7, 8], an idea of avoiding cutting moving objects or
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Figure 2: The principle for dynamic scene stitching.

other regions for dynamic scene stitching is to select different
widths of columns from every frame to form strips and align
them smoothly into an adaptive nonlinear manifold. The
process can be summarized as in Figure 2. The aligned neighboring strips must look locally like the real scene without any
visual artifacts.
Definition 1. Given a set of space-time volumes 𝑉(𝑥, 𝑦, 𝑡),
where 𝑉(𝑥, 𝑡) represents the 𝑥th column of the 𝑡th frame, the
output stitching image has 𝐿 columns in all, that is, {𝜃𝑖 | 𝑖 =
[1, 𝐿]}. The mapping Γ(𝜃𝑖 ) between the output column 𝜃𝑖 and
the input image column 𝑉(𝑥, Δ𝑦, 𝑡) is the vector of (𝑥, Δ𝑦, 𝑡),
in which Δ𝑦 is the vertical motion offset; if the major motion
direction of the camera is horizontal, then Δ𝑦 ≈ 0. The set
𝑃(𝑥, 𝑡) = {Γ(𝜃𝑖 )}𝐿𝑖=1 is defined as a cut path of the column strips
along time 𝑡.
On the above hypothesis, each cut path corresponds to
an output stitching image; therefore the process of dynamic
scene stitching becomes to search and optimize the mapping
relationships between the output columns and the input
columns. We can then formulate the problem as the selection
of the cut path at a minimum cutting cost throughout the
space-time volumes.
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Definition 2. If Γ(𝜃𝑖 ) = 𝑉(𝑗, 0, 𝑘) and Γ(𝜃𝑖+1 ) = 𝑉(𝑔, 0, ℎ), that
is, the 𝜃𝑖 th and the 𝜃𝑖+1 th columns of the output manifold are
𝑉(𝑗, 𝑘) and 𝑉(𝑔, ℎ), that is, the 𝑗th column of the 𝑘th input
frame and the 𝑔th column of the ℎth input frame, respectively,
then the cutting cost is defined as follows:
𝐶 (Γ, 𝜃𝑖 )

 

= min {𝑉 (𝑗, 𝑘) − 𝑉 (𝑔 − 1, ℎ) , 𝑉 (𝑗 + 1, 𝑘) − 𝑉 (𝑔, ℎ)} .
(1)
The cost indicates the smoothness of the transition
between consecutive column strips. If 𝐶 is sufficiently small,
it implies that the appearance of these two neighboring
columns, 𝑉(𝑔, ℎ) and 𝑉(𝑗, 𝑘), of the output manifold is as
similar as that of the columns, 𝑉(𝑔 − 1, ℎ) and 𝑉(𝑔, ℎ), of the
ℎth input frame, or as that of the columns, 𝑉(𝑗, 𝑘) and 𝑉(𝑗 +
1, 𝑘), of the 𝑘th input frame, keeping the local consistency of
the original input frames. In this paper, a hybrid-saliencybased visual cognition model is proposed and a cognitive
cutting cost is designed, specifically according to the model.
More computation details are introduced in the following
section.

3. Hybrid-Saliency-Based Computational
Model of Visual Cognition
Visual attention mechanism plays an important role in visual
cognition [10]. How to utilize this mechanism and relative
mathematic representations to establish a computational
model for visual cognition and guide for image processing to
improve the performance of the algorithms is a meaningful
research work. In this paper, we propose a visual cognition
model, considering the potential directive effects as much as
possible, and apply it to dynamic scene stitching to enhance
the quality of the output mosaics.
The recent research on visual psychology shows that
human’s attention can be caused by the visual stimulus
directly or by the observation task to find specific regions
which are matched to the task. Based on these two kinds of
causes, the visual attention patterns can be summarized into
two categories: the bottom-up pattern driven by stimulus and
the top-down pattern driven by task [11]. The most general
dynamic scene stitching often encounters many different
kinds of image contents, such as moving cars, people or
animals, artificial buildings, and nature landscape. It is hard
to define a uniform task to guide the stitching. Thus, the
proposed visual cognition model adopts the bottom-up way
to establish the computing model. Since interesting objects
usually lie in the salient regions in regard to human visual
perception, the model is established based on multiple visual
stimuli by forming hybrid saliency maps of the moving
targets and other interesting regions. The visual cognition
model mainly involves three elements of different stimuli,
defined as follows:
VCM (𝐼) = 𝛼𝐶𝐼 (𝐼) + 𝛽𝐶𝐸 (𝐼) + 𝛾𝐶𝐷 (𝐼) ,

(2)

where 𝐶𝐼 (𝐼), 𝐶𝐸 (𝐼), and 𝐶𝐷(𝐼) are the intensity, the edge
contour, and the scene depth information of the image,
respectively, and 𝛼, 𝛽, 𝛾 are the weight coefficients of different
stimuli. These elements reflect image saliency in different
aspects. The intensity is the basic representation of an image.
The edge contour is another important stimulus of image
contents for analysis. And using depth information to distinguish the background and the objects is the fundamental
function of biological vision [12]. The composing weights
can be estimated by the content-based global amplification
method [13]. Driven by the visual cognition model, the overall
cutting cost of the optimum output manifold along the cut
path 𝑃 becomes
𝐿



min Cost (𝑃) = min ∑ 𝐶VCM (Γ, 𝜃𝑖 )
𝑖=1

𝐿−1

(3)



= min ∑ ΓVCM (𝜃𝑖 ) − ΓVCM (𝜃𝑖+1 ) ,
𝑖=1

where 𝐶VCM (Γ, 𝜃𝑖 ) = 𝛼𝐶𝐼 (Γ, 𝜃𝑖 ) + 𝛽𝐶𝐸 (Γ, 𝜃𝑖 ) + 𝛾𝐶𝐷(Γ, 𝜃𝑖 )
indicates the saliency difference between the neighboring
columns, ΓVCM (𝜃𝑖 ) and ΓVCM (𝜃𝑖+1 ), of the hybrid visual
cognitive map volumes. The cost reveals the smoothness of
the transition between consecutive column strips in intensity,
contour, and salient region. The hybrid saliency differences in
different visual cognition aspects are calculated as follows.
3.1. Intensity Cognitive Saliency Difference. Intensity is
deemed as the primitive features in psychological and biological visual cognition [14] and relatively easy to compute.
We describe the intensity of input images by their gray or
color values directly. The intensity difference between consecutive columns, Γ(𝜃𝑖 ) = 𝑉(𝑥𝑖 , 𝑡𝑖 ) and Γ(𝜃𝑖+1 ) = 𝑉(𝑥𝑗 , 𝑡𝑗 ), of
the input volumes, is computed as follows:


𝐶𝐼 (Γ, 𝜃𝑖 ) = min {𝑉gray (𝑥𝑖 , 𝑡𝑖 ) − 𝑉gray (𝑥𝑗 − 1, 𝑡𝑗 ) ,


𝑉gray (𝑥𝑖 + 1, 𝑡𝑖 ) − 𝑉gray (𝑥𝑗 , 𝑡𝑗 )} ,



(4)

where 𝑉gray (𝑥𝑖 , 𝑡𝑖 ) and 𝑉gray (𝑥𝑗 , 𝑡𝑗 ) are the gray values of the
𝑥𝑖 th and the 𝑥𝑗 th columns in the 𝑡𝑖 th and the 𝑡𝑗 th frames,
respectively. Minimizing this difference will maintain the
basic visual appearance information among the neighboring
strips. It is the primary premise to keep a smooth transition.
3.2. Edge Contour Cognitive Saliency Difference. Besides the
salient intensity feature, the geometric contour structure is
also a significant factor, impacting the continuity of the
mosaic strips. The saliency of contour structures can be
extracted by edge detectors, for example, Sobel, Canny, and
so forth, which are easy to calculate and of definite physical
meanings. Nevertheless, the detection results usually depend
on the extent of luminance variance and contrast changes. We
suggest extracting phase congruency (PC) which reflects the
behavior in the frequency domain to express the saliency of
contour structure of the image. Based on many physiological
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and psychophysical evidences [15, 16], it is demonstrated that
PC theory can provide a biologically plausible model for
how human visual systems detect and identify features in
an image. Compared with gradient-based edge detectors, it
is not only invariant to illumination and contrast, but also
superior in detecting and identifying multiple edge saliencies,
including ramp edge, step edge, roof edge, and line edge. It
can be considered as a dimensionless measure for the significance of a local structure. This property ensures that the PCbased contour saliency difference reflects the structural continuity cost among consecutive strips conforming to visual
cognition behaviors. Therefore, the edge contour cognitive
saliency difference between neighboring columns, Γ(𝜃𝑖 ) =
𝑉(𝑥𝑖 , 𝑡𝑖 ) and Γ(𝜃𝑖+1 ) = 𝑉(𝑥𝑗 , 𝑡𝑗 ), of the input volumes, is
defined as follows:


𝐶𝐸 (Γ, 𝜃𝑖 ) = min {𝑉PC (𝑥𝑖 , 𝑡𝑖 ) − 𝑉PC (𝑥𝑗 − 1, 𝑡𝑗 ) ,


𝑉PC (𝑥𝑖 + 1, 𝑡𝑖 ) − 𝑉PC (𝑥𝑗 , 𝑡𝑗 )} ,


(5)
where 𝑉PC (𝑥𝑖 , 𝑡𝑖 ) and 𝑉PC (𝑥𝑗 , 𝑡𝑗 ) are the phase congruency
values of the 𝑥𝑖 th and the 𝑥𝑗 th columns in the 𝑡𝑖 th and the
𝑡𝑗 th PC maps, respectively.
The PC map volume 𝑉PC (𝑥, 𝑦, 𝑡) can be calculated from
the input space-time volume 𝑉(𝑥, 𝑦, 𝑡). Rather than defining
the saliency of edge features directly at points with sharp
changes in intensity, the PC model postulates that features
are perceived at points where the Fourier components are
maximal in phase according to the psychophysical effects on
human visual perception. It is derived from the local energy
model [17], a salient feature measurement in frequency
domain, and initially expressed as follows:
PC (𝑥) =

|𝐸 (𝑥)|
,
∑𝑛 𝐴 𝑛 (𝑥)

(6)

where 𝐴 𝑛 (𝑥) is the amplitude of Fourier components at the
location 𝑥 in the signal and |𝐸(𝑥)| is the local energy. The
essence of the PC is to measure the phase similarity among all
Fourier components. It is valued from 1 to 0, representing the
saliency of features from significant down to none. However,
this measure of PC does not provide good localization and it
is also sensitive to noise. We adopt the improved PC based
on banks of Log-Gabor wavelets and quadrature pairs of
filters, which is developed by Kovesi [18] and widely used in
the literature, to calculate 𝑉PC (𝑥, 𝑦, 𝑡). Since the local phase
obtained by Log-Gabor wavelets lacks rotational invariance,
orientation samplings are required to guarantee that the
salient features are treated equally at all the possible orientations. The phase congruency at position (𝑥, 𝑦) becomes
PC2 (𝑥, 𝑦) =

∑𝑜 ∑𝑛 𝑊𝑜 (𝑥, 𝑦) ⌊𝐴 𝑛𝑜 (𝑥, 𝑦) ΔΦ𝑛𝑜 (𝑥, 𝑦) − 𝑇𝑜 ⌋
.
∑𝑜 ∑𝑛 𝐴 𝑛𝑜 (𝑥, 𝑦) + 𝜀
(7)

The symbols ⌊⋅⌋ denote that the enclosed quantity is equal
to itself when its value is positive and zero otherwise. 𝜀
is a small constant to avoid division by zero. 𝑊𝑜 (𝑥, 𝑦) is

a factor weight for frequency spread in orientation 𝑜. 𝑇𝑜 is the
noise threshold, the estimated noise influence. Only energy
values that exceed 𝑇𝑜 are counted in the result. 𝐴 𝑛𝑜 (𝑥) is
the local amplitude of frequency component on scale 𝑛 and
in orientation 𝑜. ΔΦ𝑛𝑜 (𝑥, 𝑦) is the phase derivation function
which can be expanded as follows:
ΔΦ𝑛𝑜 (𝑥, 𝑦) = cos (𝜙𝑛𝑜 (𝑥, 𝑦) − 𝜙𝑜 (𝑥, 𝑦))
(8)



− sin (𝜙𝑛𝑜 (𝑥, 𝑦) − 𝜙𝑜 (𝑥, 𝑦)) ,

where 𝜙𝑜 (𝑥, 𝑦) is the local mean phase angle in orientation
𝑜. The product of 𝐴 𝑛𝑜 (𝑥) and ΔΦ𝑛𝑜 (𝑥, 𝑦) can be calculated as
follows:
𝐴 𝑛𝑜 (𝑥, 𝑦) ΔΦ𝑛𝑜 (𝑥, 𝑦)
= 𝑒𝑛𝑜 (𝑥, 𝑦) 𝜙𝑒 (𝑥, 𝑦) + 𝑜𝑛𝑜 (𝑥, 𝑦) 𝜙𝑜 (𝑥, 𝑦)

(9)



− 𝑒𝑛𝑜 (𝑥, 𝑦) 𝜙𝑜 (𝑥, 𝑦) + 𝑜𝑛𝑜 (𝑥, 𝑦) 𝜙𝑒 (𝑥, 𝑦) ,
where 𝜙𝑒 (𝑥, 𝑦) = ∑𝑛 𝑒𝑛𝑜 (𝑥, 𝑦)/𝐸(𝑥, 𝑦), 𝜙𝑜 (𝑥, 𝑦) = ∑𝑛 𝑜𝑛𝑜
(𝑥, 𝑦)/𝐸(𝑥, 𝑦). The local energy 𝐸(𝑥, 𝑦) is defined as follows:
2

2

𝐸 (𝑥, 𝑦) = √ (∑ 𝑒𝑛𝑜 (𝑥, 𝑦)) + (∑ 𝑜𝑛𝑜 (𝑥, 𝑦)) ,
𝑛

𝑛

(10)
𝑒
𝑜
where 𝑒𝑛𝑜 (𝑥, 𝑦) = 𝑉(𝑥, 𝑦)∗𝑀𝑛𝑜
and 𝑜𝑛𝑜 (𝑥, 𝑦) = 𝑉(𝑥, 𝑦)∗𝑀𝑛𝑜
are the convolution results of the input image signal 𝑉(𝑥, 𝑦)
𝑜
and
with even- and odd-symmetric Log-Gabor filters, 𝑀𝑛𝑜
𝑒
𝑀𝑛𝑜 , on scale 𝑛 and in orientation 𝑜.

3.3. Scene-Depth Cognitive Saliency Difference. Depth is an
important component channel in biological vision organisms. It assists in focusing attention on important locations
and objects of the viewed scene. Since the human visual system has evolved predominantly in natural 3D environments,
it is inspired to utilize depth information to accomplish visual
task by instinct. There have been several efforts to include the
depth channel in computational attention models to make the
artificial visual attention biologically plausible [12, 19, 20]. In
this paper, we take advantage of the characteristic that depth
information has prominent effect on highlighting regional
objects to define the scene-depth-based cognitive saliency
difference between neighboring output columns, Γ(𝜃𝑖 ) =
𝑉(𝑥𝑖 , 𝑡𝑖 ) and Γ(𝜃𝑖+1 ) = 𝑉(𝑥𝑗 , 𝑡𝑗 ), as follows:


𝐶𝐷 (Γ, 𝜃𝑖 ) = min {𝑉depth (𝑥𝑖 , 𝑡𝑖 ) − 𝑉depth (𝑥𝑗 − 1, 𝑡𝑗 ) ,


𝑉depth (𝑥𝑖 + 1, 𝑡𝑖 ) − 𝑉depth (𝑥𝑗 , 𝑡𝑗 )} ,



(11)

where 𝑉depth (𝑥𝑖 , 𝑡𝑖 ) and 𝑉depth (𝑥𝑗 , 𝑡𝑗 ) are the estimated depth
values of the 𝑥𝑖 th and the 𝑥𝑗 th columns in the 𝑡𝑖 th and the 𝑡𝑗 th
depth label maps, respectively. The depth saliency difference
reflects the regional homogeneity in visual cognition.
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Step 2 (compute the local match cost in a bidirectional way).
Taking each pair of neighboring frames as the reference image
and the matched image, the match cost of pixel (𝑥, 𝑦) and
disparity 𝑑 between the reference frame and the matched
frame in a local window 𝑁(𝑥, 𝑦) are calculated in a bidirectional way. Consider

P

p

Z

x x

p
x



x

𝐶𝐷 (𝑥, 𝑦, 𝑑) = (1 − 𝜔) ∗ 𝐶SAD (𝑥, 𝑦, 𝑑)

f

+ 𝜔 ∗ 𝐶GRAD (𝑥, 𝑦, 𝑑) ,
T

𝐶SAD (𝑥, 𝑦, 𝑑) =

Figure 3: Relationship between depth and disparity.

𝐶GRAD (𝑥, 𝑦, 𝑑) =
Computing depth for an attention system is usually solved
in stereo vision problems. In general, sensing the same scene
from different view points, the depth information can be
obtained by computing the disparity, that is, the parallax,
between corresponding pixel pairs based on the triangulation
principle [21]. The relationship between depth and disparity
can be explained briefly as shown in Figure 3. Suppose that
two corresponding projected pixels of the scene point 𝑃,
whose depth is 𝑍 in the neighboring frames, are 𝑝(𝑥, 𝑦) and
𝑝 (𝑥, 𝑦), lying in the equal scanning line, that is, Δ𝑦 ≈ 0;
then the disparity becomes 𝑑(𝑥, 𝑦) = 𝑥 − 𝑥 . If given the focal
length 𝑓, according to the similar triangle principle, we have
𝑍 𝑓
= .
𝑇 𝑑

(12)

It shows that if given the depth 𝑍 of a fixed point, then
the disparity between its corresponding projected pixels is
determined. Conversely, the depth can be also calculated by
the disparity. Based on this fundamental correspondence,
they are easy to interconvert with each other. With the
increase of depth, the disparity goes down to 0 at the infinite
points, whereas the nearest point with maximum disparity is
denoted as 𝐷max . Thus, the disparity range of arbitrary points
in the scene is 𝐷𝑠 = [0, 𝐷max ], usually discretized as 𝐷𝑠 = {0 =
𝑑0 < 𝑑1 < ⋅ ⋅ ⋅ < 𝑑𝑛 = 𝐷max } in pixels. According to the above
correspondence relationship, the depth map volume 𝑉depth
can be computed between each two neighboring frames from
the disparity field, 𝑑𝑝 ∈ 𝐷𝑠 , by matching one to a reference
one and mapping to the discrete disparity space to obtain
the disparity of every pixel in the reference frame. In this
paper, we simplify the disparity estimation algorithm of [22]
and calculate the depth cognitive saliency difference based on
mean-shift disparity filter, assuming that disparity values vary
smoothly in homogeneous regions and depth discontinuities
only occur on region boundaries. The specific steps for depth
map calculation are as follows.
Step 1 (segment the homogeneous regions by mean-shift).
We adopt mean-shift algorithm to decompose the reference
frame into regions of homogeneous color or grayscale. It is
easy to oversegment a whole region into multiple regions,
which is preferred here to satisfy the disparity variance
assumption in practice.

∑
(𝑖,𝑗)∈𝑁(𝑥,𝑦)

∑
(𝑖,𝑗)∈𝑁𝑥 (𝑥,𝑦)

+



𝐼1 (𝑖, 𝑗) − 𝐼2 (𝑖 + 𝑑, 𝑗) ,



∇𝑥 𝐼1 (𝑖, 𝑗) − ∇𝑥 𝐼2 (𝑖 + 𝑑, 𝑗)

∑
(𝑖,𝑗)∈𝑁𝑦 (𝑥,𝑦)



∇𝑦 𝐼1 (𝑖, 𝑗) − ∇𝑦 𝐼2 (𝑖 + 𝑑, 𝑗) .


(13)

The matching criterion 𝐶𝐷 combines sum of absolute
differences (SAD) and gradient absolute differences (GRAD).
It is adaptive to the scene changes and would provide better
accuracy, especially on the surface with textures.
Step 3 (estimate initial disparity map via cross-checking
and WTA). In order to detect unreliable matches, a crosschecking procedure to the bidirectional matching cost is
employed in conjunction with the winner-take-all (WTA)
optimization strategy (choosing the disparity with the lowest
matching cost). If given the range of disparities, 𝑅𝑑 =
[𝑑min , 𝑑max ], in which the number of discrete disparities
becomes 𝑁𝑑 = 𝑑max − 𝑑min + 1, then the initial matched
disparity of the reference frame is
𝐷int (𝑥, 𝑦) = arg min 𝐶𝐷 (𝑥, 𝑦, 𝑑) .
𝑑∈𝑅𝑑

(14)

Step 4 (simplify the computing by filtering the disparity map
based on mean-shift segments). On the assumption that
disparity values vary smoothly in homogeneous regions and
depth discontinuities only occur on region boundaries, a single depth value is computed for each homogeneous region.
The initial disparity map is filtered by taking the median disparity value of each mean-shift segment as its whole parallax,
that is,
𝐷𝑠𝑖 = median (𝐷int (𝑥, 𝑦)) ,

(𝑥, 𝑦) ∈ Seg𝑖 .

(15)

After the above disparity calculation steps, the depth
information is obtained indirectly. We can transform the
disparity map volume into its depth map volume at last.

4. Cut Path Optimization via
Graph Construction
Since the columns of input frames are deemed as the basic
elements for forming the output manifold, every column of
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t

Step 2. For each V in 𝑉 \ 𝑆𝑖 , that is, V ∈ 𝑆𝑖 (𝑆𝑖 = 𝑉 \ 𝑆𝑖 ), replace
𝑢, 𝑤(𝑢V) = ∞. If
𝑙(V) by min𝑢∈𝑆𝑖 {𝑙(V), 𝑙(𝑢) + 𝑤(𝑢V)}. When V ≠
𝑙(V) is replaced, put a label (𝑙(V), 𝑢𝑖 ) on V.

Cut path

t=N

Step 3. Compute min𝑢∈𝑆𝑖 {𝑙(V)}, V ∈ 𝑆𝑖 (𝑆𝑖 = 𝑉\𝑆𝑖 ), and denote
the corresponding node as 𝑢𝑖+1 ; then let 𝑆𝑖+1 = 𝑆𝑖 ∪ {𝑢𝑖+1 }.

..
.

Step 4. If 𝑖 = |𝑉| − 1, then stop. If 𝑖 < |𝑉| − 1, then replace 𝑖
by 𝑖 + 1 and go to Step 2.

W

t=2
t=1
V(1, t) V(2, t)

···

V(K, t)

x

Figure 4: Graph construction in 𝑥-𝑡 space and its cut path for
dynamic scene stitching.

the input images is regarded as a node so that the video
volume can be abstracted as a graph. Let 𝐺(𝑉, 𝐸, 𝑊) denote
the graph, as shown in Figure 4. The nodes 𝑉 = {𝑉(𝑘, 𝑡)} are
the 𝐾 × 𝑁 image columns. The edges 𝐸 encode the possible
transitions among the columns. And each edge has an
associated transition cost 𝑊 = 𝐶VCM (Γ, 𝜃𝑖 ), that is, the cutting
cost, defined as the above cognitive saliency difference from
the hybrid visual cognitive map volumes.
During the cost computation, due to the instability of
point-to-point comparison of columns, we compute the
hybrid cognitive saliency difference between Γ(𝜃𝑖 ) and Γ(𝜃𝑖+1 )
in their centered rectangle windows. Moreover, there is
no need to add all possible edges to the graph since the
frames come from high-overlapping video sequences. Only
those edges among nearby patches, as those dashed edges in
Figure 4, are computed depending on the expected maximal
motion velocity.
The goal of cut path optimization is to find a shortest path
from 𝑉start to 𝑉end . It minimizes the cutting cost along the cut
path, in which the salient regions are kept with minimum
deformation as much as possible. Due to the efficiency of
Dijkstra algorithm [23] for solving the shortest path problem
between given nodes in a graph with nonnegative edge costs,
we adopt it to search the cut path from the starting frame
to the ending frame. Suppose 𝑢0 = 𝑉start is the source node
and V0 = 𝑉end is the destination node. The basic idea of the
algorithm is to calculate the shortest path and distance from
𝑢0 to all the possible transition nodes of 𝐺, in the order of their
distance to 𝑢0 . It stops until V0 or covering all the possible
transition nodes of 𝐺. In the meantime, labels are used to
avoid repeating and keep the computing information of every
step. The algorithm steps are as follows.
Step 1. Set 𝑙(𝑢0 ) = 0, and 𝑙(V) = ∞, 𝑆0 = {𝑢0 }, 𝑖 = 0 for V ≠
𝑢0 .
If |𝑉| = 1, then stop; otherwise go to Step 2.

After optimizing the cut path of the dynamic volume,
select the column strips in every frame according to the path
and paste them together into a large adaptive manifold. The
output stitching scene is then composed without deformations or other artificial defects.

5. Experiments and Comparisons
In order to testify the performance of the proposed algorithm
in dealing with moving objects, we captured a series of video
sequences under the previously described camera motion
mode. Different complex human movements were involved
in the videos. And the proposed method was also compared
to another two manifold mosaicing algorithms [6, 8].
Two typical examples of dynamic scene stitching are
shown in Figures 5 and 6. The visual cognitive maps of different salient stimuli are seen in Figures 5 and 6, in which (a)s
are original inputs in gray intensities, (b)s are the PC-based
contour saliency maps, and (c)s are the depth saliency maps.
The stitching results of [6, 8] and our proposed algorithm are
shown in Figures 7–9, respectively. Reference [6] estimates
the global motion parameters between neighbor frames at
first by iterating Lucas-Kanade optical flow under Gaussian
pyramid strategy. And then the strips are selected from the
middle of video frames according to the classical manifold
mosaicing technique. The final output mosaics are composed
without any a priori perception or optimization. The algorithm of [6] can stitch the background of the scene entirely,
but it is poor in dealing with nonrigid moving objects,
as seen in Figure 7. Instead of treating scene stitching as
geometrical alignment, [8] poses it as a minimal appearance
distortion in pure pixel processing level. The algorithm of [8]
shows some effectiveness on maintaining moderate moving
objects during the stitching, as the walking person in scene
1 is only elongated a little bit; see Figure 8(a). Nevertheless,
when the scene contains more complex movements, such
as the movements of the person, cleaning the blackboard,
in scene 2, the moving object would be easily clipped, as
seen in Figure 8(b). The performance of the algorithm in [8]
needs to be improved. The stitching results of the proposed
method are shown in Figure 9. And the corresponding cut
paths are shown in Figure 10. It can be seen that, driven by
the visual cognition model, the cut paths successfully avoid
cutting the salient movement regions and the backgrounds as
well, whereas the other two algorithms cannot guarantee the
integrity of the moving objects in different degree, especially
when the object moves in high mobility, since their manifold
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(a) Original inputs in gray intensities

(b) PC-based contour saliency maps

(c) Depth saliency maps

Figure 5: Multiple visual stimuli of dynamic scene 1.

(a) Original inputs in gray intensities

(b) PC-based contour saliency maps

(c) Depth saliency maps

Figure 6: Multiple visual stimuli of dynamic scene 2.
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(a) Dynamic scene 1

(b) Dynamic scene 2

Figure 7: Stitching results of [6].

(a) Dynamic scene 1

(b) Dynamic scene 2

Figure 8: Stitching results of [8].

(a) Dynamic scene 1

(b) Dynamic scene 2

Figure 9: Stitching results of the proposed method.
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Figure 10: Cut paths for forming the optimum output manifolds.
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synthesis processes neglect the visual cognitive mechanism
stimulated by multichannel saliencies.
After a sequence of experimental tests, it shows that the
proposed method is robust to different dynamic movements.
The hybrid-saliency-based cognitive model guarantees
the stitching effect nicely. The proposed method can solve
the dynamic scene stitching problem effectively.

6. Conclusions
This paper investigates dynamic video sequence stitching,
especially under the situation that the scene, captured on a
movable platform, contains moving objects or other important interesting regions. There is a great challenge to preserve
the moving objects and the salient regions in the final
stitching image as their original looks without any missing or
deformation. In our research work, we proceed from human
visual cognitive mechanism and analyze multiple visual
stimuli to construct a hybrid-saliency-based cognitive model.
Constrained by this model and combined with the manifold
mosaicing framework, we proposed an effective dynamic
scene stitching algorithm without any camera calibration
and motion estimation. It can give full play to the role of
visual cognitive mechanism of human in image synthesis for
global scenes and reasonably avoid synthetic defects, such
as motion blur and object clipping. The experimental results
show that the proposed method performed quite well. It can
be applied to wide-field monitoring system for supporting
global situation judgments and decision-making, or other
security investigations. The next goal is to study the sensitivity
towards the selection of parameters in the cognition model,
cooperating with quantitative stitching assessment.
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With the improvement of science and technology, the development of the network, and the exploitation of the HDTV, the demands
of audio and video become more and more important. Depending on the video coding technology would be the solution for
achieving these requirements. Motion estimation, which removes the redundancy in video frames, plays an important role in the
video coding. Therefore, many experts devote themselves to the issues. The existing fast algorithms rely on the assumption that the
matching error decreases monotonically as the searched point moves closer to the global optimum. However, genetic algorithm
is not fundamentally limited to this restriction. The character would help the proposed scheme to search the mean square error
closer to the algorithm of full search than those fast algorithms. The aim of this paper is to propose a new technique which focuses
on combing the hexagon-based search algorithm, which is faster than diamond search, and genetic algorithm. Experiments are
performed to demonstrate the encoding speed and accuracy of hexagon-based search pattern method and proposed method.

1. Introduction
With the high compression ratio requiring and the channel bandwidth limiting, video coding is an indispensable
process for many visual communication applications. In a
video, sequence between successive frames which would have
a great amount of similarity called temporal redundancy
requires properly identifying and elimination to achieve coding the difference between frames. Block matching motion
estimation which aimed to reduce such strong temporal
redundancy between successive frames has been adopted by
numerous video-coding standards. After parting a current
frame into nonoverlaping equal size blocks, block matching
distortion algorithms attempt to find the best-matched block
in the current frame from a reference frame. In the reference
picture, the block moves inside a search window that is
centered on the position of the block in the current frame as

depicted in Figure 1. The matching criterion of mean square
error (MSE) would be used for finding the best case between
the pair of blocks.
The motion vector would be obtained from the bestmatched reference block as shown in Figure 2. Full search
algorithm is the most direct method, which provides the optimal result after matching all possible candidates within the
search window. It is just because full search exhaustively evaluates all possible candidate blocks within the search window,
the computation of the method is very intensive. But the time
cost is very high and the computation is complicated. Therefore, fast and accurate block-based search technique is highly
desirable to reduce processing delay while maintaining good
reconstructed image quality. Many other popular fast block
matching algorithms reduce computational complexity by
limiting the number of checking points within the search
window. Typical methods are developed seriatim, such as

2

The Scientific World Journal
Reference picture
−7
(x, y)

8

(x, y)

7
8

−7

Current picture

8
8

Macroblock

7
[−7, 7] Search window

Figure 1: The reference picture with search window.

2. Fast Block Motion Estimation Algorithm
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the well-known Lucas-Kanade differential algorithm. For
promoting the performance of the speed and distortion, the
proposed method tries to get rid of the limiting which is the
assumption that distortion measurement decreases monotonically as the search point gets closer to the global minimum [9–12].
In this paper, we propose genetic algorithm methods to
improve the performance of hexagon-based search method.
In the following, diamond search pattern, hexagon-based
search pattern, and genetic algorithm will be introduced in
detail.

Motion vector (u, )

8
(x + u, y + )
Best
match

Figure 2: The best-matched reference block composes the motion
vector.

three-step search (TSS) [1], four-step search (4SS) [2, 3], diamond search (DS) [4], and hexagon-based search (HEXBS)
[5]. In TSS, NTSS, and 4SS algorithms, square-shaped search
patterns of different sizes are employed. On the other hand,
the DS algorithm adopts a diamond-shaped search pattern,
which has demonstrated faster processing with similar distortion in comparison with TSS, NTSS, and 4SS. After an indepth examination, the influence of search pattern compared
to diamond search pattern on speed performance, Zhu et al.
[5] proposed a novel algorithm using a hexagon-based search
pattern. And then, Zhu et al. demonstrate the method significant speedup gain over the diamond-based search. Although
diamond search pattern speeds up the performance and
reduces the searching points, the obtained motion vector after
searching algorithm is not exactly the truly optimal solution.
In [6], an evolutionary control paradigm for visionsystem pose planning for object motion estimation is proposed. A hybrid genetic algorithm is proposed to search for
the optimal vision system pose that is occlusion free. Saha
et al. [7] present a boundary-based approach towards pixel
decimation with applications in block-matching algorithms
(BMAs). Apart from the boundary-based approach, the
novelty in our contribution also lies in performing a genetic
algorithm- (GA-) based search to find optimal 𝑀-length
patterns in an 𝑁 × 𝑁 block. Tagliasacchi illustrates a new
optical flow estimation technique that builds upon a genetic
algorithm (GA) [8]. For each region, a two-parameter motion
model is estimated using a GA. The fittest individuals identified at the end of this step are used to initialize the population
of the second step of the algorithm, which estimates a sixparameter affine motion model, again using a GA. The proposed method is compared with a multiresolution version of

It is obvious that, in using block motion algorithm, the most
accurate strategy is the full search (FS) method which exhaustively evaluates all possible candidate motion vectors over
a predetermined neighborhood search window to find the
optimum. The candidate that gives the best match for a given
block distortion measure is chosen as the estimated motion
vector. Nevertheless, this method has not been a popular choice because the high computational cost loading is
needed. To overcome the drawback that reduced number
of search points for finding the optimum motion vector,
many fast block matching algorithms have exploited different
search pattern and search strategies.
2.1. Diamond Search Pattern. A fast motion estimation algorithm named diamond search (DS) was first introduced in
[4] and was proposed to promote the performance, which
decrease the number of block matching within the search
window. The search pattern’s shape and size exploited in
the fast algorithm have an important influence on not only
its search speed but also distortion performance. The error
surface is usually not monotonic especially for those image
sequences with large motion content. Generally, multiple
local minimum points exist in the search window. For example, the one used in BBGDS [13] with size of 3 × 3 searching
with a small search pattern is quite likely to be trapped into a
local minimum for those video sequences with large motion
content. On the other hand, a large search pattern with size of
9 × 9 and fewer checking points as exploited in the first step
of TSS is most likely to mislead the search path to a wrong
direction and hence miss the optimum point. The DS pattern
can find large motion blocks with fewer search points and also
reduce to get stuck susceptibility in local optimum due to its
relatively large step size in horizontal and vertical directions.
The compact shape of the DS pattern around the center also
yields fewer search points than 4SS for finding stationary
or small motion vector. Square-shaped search patterns of
different size are employed in TSS, NTSS, and 4SS algorithms.
However, the DS algorithm uses a diamond-shaped search
pattern, which has demonstrated faster processing with
similar distortion in comparison with those techniques mentioned above. The motion vector of the block displacement
of real-world video sequences could be in any direction, but
mainly in horizontal and vertical directions. Based on these
two crucial observations, the search points incurred within
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Figure 3: An appropriate search pattern is a circular area with a
radius of two pixels.

the circle with radius of two pixels are the most appropriate
ones to be chosen to compose the search pattern as illustrated
in Figure 3.
The DS algorithm employs two basic search patterns as
shown in Figure 4, which are derived from the crosses in
Figure 3. The large diamond search pattern (LDSP) comprises
the MSE of the nine checking points which are formed by the
eight points surround the center one to compose a diamond
shape as shown in Figure 4(a). The same searching procedure
repeats until the block with the minimum MSE just locates
on the center of diamond and again finds the minimum MSE
using the SDSP as illustrated in Figure 4(b).
The checking points are partially overlapped between
adjacent steps when LDSP is repeatedly used. For illustration
in Figure 5, three cases of checking point overlapping are presented. When the previous minimum block distortion point
is located at one of the corners or edge point of LDSP, only
five or three new checking points are required to be calculated
as shown in Figures 5(a) and 5(b), respectively. If the center
point of LDSP produces the minimum block distortion, the
final search stage would be used. In the final search, the search
pattern would be switched from LDSP to SDSP. The small
diamond search pattern (SDSP) as depicted in Figure 5(c)
consisting of five checking points forms a smaller diamond
shape. Among the five checking points in SDSP, the best
matching block would be obtained for motion vector.
The instance shown in Figure 6 would be understood
as the overlapping procedure when checking points with
possible searching path using DS algorithm within a 15 × 15
search window. The starting search pattern will be formed by
eight points which centered the position (0, 0). After getting
the minimum MSE position (−2, 0), next step will produce
five new points which centered the position (−2, 0) to form
another large diamond search pattern. In the next calculating,
when (−3, −1) is the minimum block distortion, the next large
diamond search pattern will be formed by producing three
new points centered by the point (−3, −1) for next calculating.
The algorithm will keep the same large diamond search pattern, until the minimum block distortion locates on the center
position. Then, the small diamond search pattern will be used
for the final deciding points for motion vector.

3

(a)

(b)

Figure 4: (a) Large diamond search pattern (LDSP). (b) Small
diamond search pattern (SDSP).

The diamond search pattern algorithm is summarized as
follows:
Step 1. The original LDSP is centered at (0, 0) of the search
window and then checking the nine points for finding the best
match. If the best match occurred at the center of the diamond
search pattern, proceed to Step 3; if it did not so, proceed to
Step 2.
Step 2. Keep the minimum block distortion finding from previous procedure on the center of LDSP. If the new minimum
block distortion point was located at the center position,
proceed to Step 3, otherwise, keep on repeating this step.
Step 3. Switch the search pattern from LDSP to SDSP. The
minimum block distortion point found in this step would be
the best matching block. And the candidate point that gives
the best match would be chosen as the motion vector.
From above description, DS has some advantages. One is,
in large motion content, getting the optimal minimum using
fewer points than other mentioned method. The second is,
in large motion content, the fewer points than those of mentioned method which were used for getting the optimal minimum. Third, DS is still faster than the traditional method of
4SS as to small motion content. Fourth, DS is highly sensitive
in all directions in terms of the searching mode. Fifth, DS is
harder to fall into the local minimum, as comprising with
those mentioned methods. In contrast, the best point with
the smallest distortion has more chance to locate nearest the
smallest group distortion basically on the assuming. Then,
there must exist some redundant point which has been calculated, especially in low resolution. Such distribution of search
points in DS pattern is inefficient in finding possible candidates in the next step. For example, in Figure 5(b), according
to the assumption, if point “9” is the minimum or the nearest
to the minimum among the marked points, the distortion for
point “4” with distance √2 should most likely be smaller than
that for point “5” with distance 2. Therefore, in Figure 5(b),
the point marked “9” would be not a good case for being a
winner in the next step. The same case applies to the point
marked “13” and the points marked “9” and “11” in Figure 5(c)
which are also not good candidates for the searching in next
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step. The reason which causes such condition to result in
disadvantages above mentioned is that the diamond shape is
not approximately enough a circle, but it is just a 90∘ rotation
square. Such condition makes Zhu et al. [5] propose a circleshaped to search pattern with a uniform distribution of a minimum number of search points which is desirable to achieve
the fastest search speed uniformly. The following will mention
the comments on DS algorithm implementation. When the
search pattern (LDSP or SDSP) is near or at the search window boundary, the searching procedure would be confined
within the search window boundary. Naturally, the checking
points outside the search window are truncated. For this
reason, except drawing the searching window, restricting the
searching range for the search pattern is necessary.
2.2. Hexagon-Based Search Pattern (HEXBS). With curiosity what mechanism behind makes the DS pattern speed
improvement up those square-shaped search pattern inspires
Zhu et al. [5] investigated the research. After an extensive and
intensive examination of search pattern, Zhu et al. proposed a
hexagon-based search algorithm that can achieve substantial
speed improvement up the DS algorithm with similar distortion performance. At the same time, HEXBS demonstrates

significant speedup gain over the diamond-based search. And
there are two drawbacks behind DS improved. One is that DS
is searching with diamond shape, which is not approximately
enough a circle but just 90∘ rotation of a square. Therefore,
a circle-shaped search pattern with a uniform distribution of
a minimum number of search points is desirable to achieve
the fastest search speed uniformly. Practically, a more circleapproximated search pattern in the motion field is attainable
in which a minimum number of search points are distributed
uniformly. Each search point can be equally utilized with
maximum efficiency, where the redundancy among search
points should be removed maximally. The other is that the
large diamond search pattern has some redundancy among
the search pong in terms of distance between neighboring
points, especially in the lower resolution search. And of
course, such distribution of search points in DS pattern is
inefficient in finding possible candidates in the next step.
A hexagon-based search pattern which is depicted in
Figure 7(a) consists of seven checking points with the center
surrounded by the six hexagon endpoints with the two edge
horizontal points including up and down being excluded.
Of the six endpoints in the hexagon, two horizontal points
are away from the center point with distance of 2 and the
other four points have a distance of √5 from the center point,
respectively. That is, the distance between any neighboring
pair of endpoints among the six endpoints is either 2 or √5. In
other words, the six endpoints are approximately uniformly
distributed around the center. On the other hand, the hexagonal search pattern also contains two fewer checking points
than DS pattern with 9 points. In the search process, the
hexagon-based search pattern keeps advancing with the
center moving to any six directions. After calculating the first
six endpoints of MSE, the minimum MSE will be obtained.
No matter where the minimum MSE position is, three new
endpoints will be produced with the overlapped three points
which are centering the matching block distortion endpoint
to form a new hexagon pattern. In the motion field, the
focused inner search would be used finally. A smaller shrunk
hexagonal pattern illustrated in Figure 7(b) covers four
checking points around the center with distance of 1. The
shrunken hexagonal pattern includes the same checking
points the same as the small diamond search pattern. With
the hexagonal search-point configuration, the search procedure is as follow. In the first step, the large hexagonal pattern
with seven checking points is used for searching. If the optimum value was found at the center, the shrunken hexagonal
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Figure 7: (a) Large HEXBS pattern. (b) Small HEXBS pattern. (c) Search path example.

pattern would be switched to be used for proceeding with four
checking points of inner search, otherwise, the search continues around the point with minimum MSE using the same
large hexagonal pattern. While the large hexagonal pattern
moves along the direction of decreasing distortion, only three
new nonoverlapped checking points will be evaluated as candidates each time. Figure 7(c) shows an example of the search
path strategy leading to the motion vector, where 20 search
points are evaluated in five steps sequentially.
The first better candidate is (1, −2), obtained from the first
large search pattern. Then, the next pattern will be centered
(1, −2) producing three new endpoints to form another large
search pattern. Candidates (2, −4) and (4, −4) are the smallest
MSE for the third and the forth large HEXBS patterns, respectively. Consequently, the candidate (4, −4) is obtained for the
final searching with the small HEXBS pattern. The HEXBS
algorithm can be summarized in the following detailed steps.
Step 1. The original large hexagon with seven checking points
is centered at (0, 0), the center of a predefined search window
in the motion field. If the best match point occurred at the
center of the large hexagon, proceed to Step 3; if it did not so,
proceed to Step 2.
Step 2. With the minimum MSE point in the previous search
step as the center, a new large hexagon is formed with the
three new candidate points and the nonoverlapped three old
candidate points are checked. And the minimum MSE point
is again identified. If the minimum MSE point was still the
center point of the newly formed hexagon, then go to Step 3,
otherwise, keep on repeating this step.
Step 3. Switch the search pattern from the large to the small
size of the hexagon. The four points covered by the small
hexagon are evaluated to compare with the current minimum

MSE point. The new minimum MSE point is the final solution
of the motion vector.
Here, the HEXBS algorithm will be examined to compare
with DS algorithm in terms of number of points evaluated
to find the same motion vectors. For the stationary motion
vector (0, 0), the DS algorithm checks 13 (= 9 + 4) blocks
illustrated in Figure 8, whereas HEXBS algorithm evaluates
11 (= 7 + 4) blocks shown in the Figure 9. If (0, +2) was
chosen, DS algorithm will need 18 block matches. However,
HEXBS algorithm will need 14 search points. In such two
conditions, two and four block matches can be saved using
HEXBS algorithm as presented in Figure 10.
In short, the HEXBS scheme can find the same motion
vector in the motion field with fewer search points than the
DS algorithm. In Figure 10, can be seen that, it as the motion
vector becomes farther from (0, 0), more search points will be
calculated. Generally speaking, the larger the motion vector
is, the more search points the HEXBS algorithm can save. It
is one of the reasons that causes the pattern of HEXBS algorithm to be used for designing the chromosomes for the proposed algorithm.
The fast algorithms, which have been mentioned previously, are based on assumption that the distortion decreases
monotonically as the search point gets closer to the global
minimum. The assumptions cause the block matching falling
into local minimum as illustrated in Figure 11. In the figure,
the 𝑥 coordinate is block candidates and the 𝑦 coordinate is
MSE. If the search path was always directed in the constant
direction, the motion block matching would be easily gotten
into local minimum. However, if the two characters of genetic
algorithm and HEXBS algorithm were combined, the motion
block matching would be not so easy to get into local
minimum as shown in Figure 12.
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Figure 9: Minimum possible number of search points within the
search window with DS.

After analysis of the research, many cases in a picture do
not obey the assumption. On the contrary, they are usually
falling into local optimal. On the other hand, after calculating,
if there were two same minimum values, the process would
have chance to get the longer way as shown in Figure 13.
The coordinates (−1, −2) and (1, −2) have the same smallest
value of MSE at the same time. If the moving direction was
not going from the direction of (1, −2), it is of course will
precede more points than choosing (1, −2) to calculate as
illustrated in Figure 13. Besides, in this case, there are some
points which will be never found in the searching procedure,
such as (4, −5), (4, −7), (6, −5), and (6, −7).

The proposed algorithm will overcome these mentioned
drawbacks. The proposed objective will be not only to get rid
of the assumption to prevent the optimal value from falling
into local minimum, but also to promote the search efficiency
by combing the two techniques characters using genetic
algorithm based on hexagon-based search pattern.

3. Genetic Algorithm for Hexagon-Based
Motion Estimation
Genetic algorithm is one of the most familiar techniques of
evolutionary computation. It was developed by John Holland
over the course of the 1960s and 1970s and popularized by
Goldberg. Genetic algorithm is a stochastic approach based
on the concept of biological evolution and biological genetics.
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Figure 14: Genetic algorithm flow chart.
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The operational process of genetic algorithm is based on
the natural selection and natural genetics with the scheme
that operate on chromosome-like data structures that encode
possible solutions of the problem and apply crossover and
mutation operations to generate new chromosomes in a
search space. Genetic algorithm is capable of finding the nearoptimal solution since the candidate solutions will not get
stuck at the local optimal. Therefore, genetic algorithm is
especially efficient when the search space of a problem has
very rough search space riddled with many local optimal.
Based on the principle of survival of the fittest, chromosomes
with good performance are selected through selection operator.

Stopping
criterion

No

Selection

Crossover

Yes
End

Figure 15: The proposed algorithm based on hexagon-based using
genetic algorithm.

The flow chart of elementary operations of genetic algorithm is shown in Figure 14. First, both the chromosome
formation and the fitness function are defined. The initial
population is then randomly generated at the beginning of the
evolutionary process. In each generation, the fitness values
of all chromosomes in the current population are calculated
and chromosomes with better fitness will be selected in
the mating pool. Usually, two parents are selected from the
mating pool for crossover in order to generate new offspring.
The mutation operation is then applied to the offspring to
maintain the diversity of the population and to avoid prematurity. Finally, a stopping criterion is tested to determine
whether the evolution will go on or not. The proposed
technology is based on hexagon-based search pattern using
genetic algorithm. The flow chart is shown in Figure 15.
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Figure 16: The definition of directions in gene on chromosome.

The detailed explanations of the terms of genetic algorithm are stated as follows.
Step 1. Chromosome Formation: first, one needs to encode the
corresponding parameters of the problem to be solved, which
is regarded as the kernel of the problem. Next, the parameters
are coded as a finite length string called a chromosome. Usually, the chromosome can be denoted by real number or bit
string depending on the problem under consideration. Here,
the shortest path of the optimal matching block distortion
based on HEXBS will be used. Some detailed definitions will
be introduced in latter section.
Step 2. Initial Population: before genetic algorithm begins;
a set of chromosomes should be created, usually randomly
selected. This set of chromosomes is called the initial population. In the technique, there are six chromosomes which
will be used. After experimenting on the random mode, the
experimental results could not keep on the stable performance. In the technique, the initial population will choose the
path of the previous optimal value with some specific blocks
as illustrated in Figure 19 and the first HEXBS algorithm
instead of random mode. From the experimental result, it is
demonstrated that the method is better for using.
Step 3. Fitness Function: the fitness value measures how good
a chromosome is. And the selections are made essentially
according to this fitness value. In the proposed scheme, the
fitness function is MSE−1 .
Step 4. Selection: in the first generation, the goal of selection
is to generate parents for the mating pool. Chromosomes of
larger fitness values will be selected with higher probability.
Common selective methods are random selection, fitnessproportionate selection that is also called roulette wheel
selection, ranking selection, and tournament selection. After
the first generation, the larger fitness values will be selected.
In the paper, there are two of six worse chromosomes which
will be given up. Then, the two chromosomes will be replaced
by the two new chromosomes that are produced by crossover
procedure.
Step 5. Crossover: in genetic algorithm, crossover operator
makes the chromosome pool tend to convergence. Because
the population size is not large in the proposed scheme, the
chromosomes would be sorted and the best two of six chromosomes would be selected for crossover to replace the discarded two ones. That is, the crossover operation creates two
new chromosomes from the best two existing chromosomes

by exchanging some genes. After the procedure, the six
chromosomes will be sorted again for choosing the worse two
chromosomes for proceeding mutation.
Step 6. Mutation: the mutation process includes reproduction and survival competition. The mutation generates two
new mutated chromosomes from the two worse chromosomes through mutation operators. Finally, the survival competition sorts and updates mutated chromosomes in terms of
fitness values in a descending order. Mutation introduces new
genes into chromosome, which are selected to perform mutation operator in order to prevent the chromosome pool from
falling into a local optimum.
Step 7. Stopping Criterion: the iteration will be terminated in
the matching generation. In the proposed scheme, in order to
obtain the best performance, three, eight, fifteen, and twenty
generations are used for testing. The experimental results
demonstrate that, the increasing of the generation does not
exactly increase the performance. For this reason, the proposed scheme GAHX with 3 generations for the following
experimental results comparison is used.
Here, the parameter definition of genes in the chromosome would be set first. The first gene, 𝐺0 , in the chromosome
has six direction candidates as shown in the Figure 16(a). If
the direction is toward 1 o’clock, 𝐺0 will be set as one, and so
forth. This is the first parameter for the first of five genes in
the designed chromosome. As for the definition of the genes
in the chromosome from 𝐺1 to 𝐺3 , there would be three new
direction candidates. The idea is based on HEXBS. When
moving, three new endpoints would be created. That is to say
those three new paths will be created for candidates. The first
one direction obeys the clockwise as shown in Figure 16(b)
will be set as one. Finally, 𝐺4 has four direction candidates.
The first one would be marked on the direction of twelve
o’clock as shown in Figure 16(c).
In Figures 17 and 18, some examples about chromosomes,
crossover, and mutation are shown. If one of the chromosomes is {3,3,2,0,3}, the first step would go from (0, 0) to (1, 2)
and then get the position (−1, 6) through (0, 4), and finally
the point (−1, 7) would be obtained as depicted in Figure 17.
In Figure 17, the two chromosomes are {2,3,2,0,1} and
{0,X,X,X,4}. After crossover, the two chromosomes would
become {2,3,2,0,4} and {0,X,X,X,1}. The position would be
from (−1, 0) to (1, 0) and from (5, 1) to (4, 2) as illustrated in
Figure 18. That is, crossover would just swap the gene {𝐺6 } of
the two chromosomes.
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Figure 19: The initial six chromosomes selection.
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Figure 17: Some examples of selecting chromosomes.
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the candidate chromosomes are the focused problem to overcome. For the characters of image spatial and temporal [14],
the initial four chromosomes selection are succeed to the
best motion vector with blocks marked as 2, 3, and 4 in the
current frame and the block mark as 1 which is the same block
position in referenced frame as depicted in Figure 19.
By this way four chromosomes have been finished selecting. Besides, in order to take the advantages of HEXBS, the
best point computed by the first seven blocks matching distortion of HEXBS will be regarded as one of the six chromosomes. In other words, the five chromosomes selections have
been finished. The last one chromosome will be selected from
random mechanics. The selected six chromosomes are the
initial chromosomes for the proposed GAHX. The performance for the promoting results has been presented in the
following experimental results.
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Figure 18: Some examples of chromosome, crossover, and mutation.

In contrast, the mutation would be just limited to mutate
the gene 𝐺0 . The example is shown in Figure 18. The chromosome will be mutated 𝐺0 , from {3,3,2,0,3} changing to
{6,2,2,0,3}, that is to say the mutation is changing the gene
from 3 to 6. The position of the chromosome will be changed
from (−1, 7) to (−3, −5).
In our early experiment, the performance using the
proposed scheme could not perform very well in some video
sequence all the time. After the analyzing the algorithm, the
selection chromosomes in Genetic Algorithm is using random mode without any obeying rules. It is the reason which
causes the performance could not bring the proposed technique into full play. Expecting to obtain a better efficiency,

4. Experimental Results
In order to compare the performance of different search algorithms, full Search, hexagon-based search pattern (HEXBS),
and hexagon-based motion estimation using genetic algorithm (GAHX) are implemented in the following simulations.
The experimental results will be presented in this section. In
the simulation, the distortion measurement of mean square
error would be used with block size of 8 × 8 and search window size of 15 × 15. Six standard video sequences were used.
They are “Football” (90 frames), “Forman” (400 frames),
“Bus” (150 frames), “Stefan” (300 frames), “Mobile” (300
frames), and “Erik” (50 frames), with the size of 352 × 288. In
the proposed scheme, these video sequences are classified
into three kinds of motion content: objects in video sequence
are changing very violently, the moving of objects in video
sequence is slow, and the background is almost static, respectively.
The average mean square error values, average percent
rate per frame of PSNR worse than 30 dB, and search point
numbers are summarized as in figures and tables for various
algorithms, including full search, HEXBS, and the proposed
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Table 1: Average MSE per block in various methods with different video sequences.
High activity
Bus
122.0
336.3
239.5
238.5
247.6
256.2

Football
150.6
222.6
190.6
194.9
206.0
223.9

Medium activity
Forman
Erik
44.3
31.0
68.0
49.4
83.0
59.2
74.7
54.1
73.6
56.0
73.6
57.6

Stefan
336.5
444.7
389.3
396.2
408.2
423.8

Low activity
Mobile
170.0
207.8
485.9
485.7
485.4
488.8

700
600

MSE

500
400
300
200

Frame
GAHX(3)
GAHX(8)

270–299

225–269

180–224

135–179

90–134

45–89

0

0–44

270–299

225–269

180–224

135–179

90–134

100
45–89

1000
900
800
700
600
500
400
300
200
100
0

0–44

MSE

Classify
Video sequence
FS
HEXBS
GAHX(20)
GAHX(15)
GAHX(8)
GAHX(3)

Frame
GAHX(15)
GAHX(20)

GAHX(3)
GAHX(8)

GAHX(15)
GAHX(20)

Figure 20: Average MSE per block for Stefan video sequence using
various generation with the proposed technique.

Figure 21: Average MSE per block for Mobile video sequence using
various generations with the proposed technique.

algorithms GAHX, respectively. To obtain the best performance, the tests for the proposed GAHX with three, eight,
fifteen, and twenty generations are performed. The results
compared with various video sequences using the proposed
scheme are depicted in Figures 20 and 21. These figures
demonstrate that the increasing of the generation does not
exactly increase the performance. This can be easily seen in
Figure 20, especially between the 225th and 269th frames of
the Stefan video sequence. Although the average mean square
error per block is decreasing from three to twenty generations, the decreasing from fifteen to twenty generations is not
very obvious.
For this reason, the proposed scheme GAHX with three
generations for the following experimental results comparison is used. Table 1 is the average mean square error per block
in full search, HEXBS, and GAHX with three generations
compared with various video sequences classified into three
kinds of conditions. From Table 1, it can be seen that average
mean square error per block using GAHX with three generations is better than the technique of HEXBS for Bus and Stefan
video sequences. In the Bus video sequence, the average
mean square error is 122.0, 336.3, and 256.2 with full search,
HEXBS, and GAHX perform three generations, respectively.
Although the mean square error values of Football, Forman, and Erik video sequences are not superior to HEXBS,
the difference of average mean square error compared to

HEXBS is just between 1.3 and 8.2. One thing worth to mention is that the average mean square error per block of the proposed GAHX scheme with three generations even is not superior to HEXBS in Football video sequence. In football video
sequence, the average worse percent rate per frame of PSNR is
decreased almost the same as full search between the 18th and
35th frames. After analyzing, the reason causing such high
performance is that the content in the section of Football
video sequence is from many objects of human transfers to
only one human and a passing football with grassland.
From Table 1, it can be easily obvious that the changing of
objects in whole sequence is very violent. The average mean
square error per block of the proposed scheme with three
generations would be superior to HEXBS. And the difference
of average mean square error per block between HEXBS and
GAHX(3) can reach 80.1. Using the proposed GAHX(20) in
Bus video sequence, the difference of average mean square
error per block can reach 96.8 as depicted in Table 1 when
comparing to HEXBS technique. In other words, the proposed method performed highly especially when the objects
in video sequence change violently.
In Figures 22 and 23, the diagrams of the curves performed by the proposed scheme are always smaller than those
performed by HEXBS. For the kind of video sequence such as
Bus video sequence, the performance is promoted especially
better than the same video sequence using HEXBS.
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Table 2: Average percent rate of PSNR worse than 30 dB per frame for various video sequences compared with various schemes.
Stefan
51%
53%
56%
56%
56%
56%

Forman
15%
22%
27%
25%
24%
24%

600

500

500

400

400

0

0
0–44

90–134
Frame

Frame
Full search

GAHX(3)
HEXBS

Figure 22: Average MSE per block compared with different methods for Bus video sequence.
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40
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In contrast, the changing of Mobile video sequence with
objects in video content is not violent; most of the motion
vectors can be obtained near the original position. The
experimental results have verified the statement that, with the
Mobile video sequence, using GAHX is a worst case as shown
in Tables 1 and 2 and Figures 24 and 25. We could be easily to
seen that the values and the diagrams of the curves performed
by the proposed technique are always far from those by

270–299

225–269

180–224

Frame

Full search

Figure 23: Average percent rate per frame of PSNR worse than 30 dB
compared with various schemes for Bus video sequence.

135–179

Frame
GAHX(3)
HEXBS

90–134

0

45–89

135–150

90–134

45–89

0–44

10
0–44

PSNR (%)

Full search

Figure 24: Average MSE per block compared with different methods for Mobile video sequence.

70

0

270–299

100
225–269

100
135–150

200

45–89

200

GAHX(3)
HEXBS

Mobile
50%
56%
74%
74%
74%
74%

300

180–224

300

135–179

MSE

600

Erik
12%
16%
17%
17%
17%
17%

90–134

Bus
34%
56%
52%
52%
52%
53%

45–89

Football
29%
36%
33%
33%
34%
35%

0–44

MSE

Video sequence
FS
HEXBS
GAHX(20)
GAHX(15)
GAHX(8)
GAHX(3)

GAHX(3)
HEXBS

Full search

Figure 25: Average percent rate per frame of PSNR worse than 30 dB
compared with various schemes for Mobile video sequence.

HEXBS. So it is not suitable to use GAHX in such kinds of
video sequences.

5. Conclusions
HEXBS speeds up searching points the most among the other
fast search methods. According to our experimental results,
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HEXBS is easy to get into local minimum as the object in
video sequence change violently. In order to overcome this
drawback, the proposed algorithm integrates the characteristics of HEXBS and genetic algorithm. The experimental
results have demonstrated higher performance in video
sequence with objects changing violently. In contrast, the
proposed technique GAHX does not perform well for objects
in video content changing slowly.
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Many real-world optimization problems involve objectives, constraints, and parameters which constantly change with time.
Optimization in a changing environment is a challenging task, especially when multiple objectives are required to be optimized
simultaneously. Nowadays the common way to solve dynamic multiobjective optimization problems (DMOPs) is to utilize history
information to guide future search, but there is no common successful method to solve different DMOPs. In this paper, we define a
kind of dynamic multiobjectives problem with translational Paretooptimal set (DMOP-TPS) and propose a new prediction model
named ADLM for solving DMOP-TPS. We have tested and compared the proposed prediction model (ADLM) with three traditional
prediction models on several classic DMOP-TPS test problems. The simulation results show that our proposed prediction model
outperforms other prediction models for DMOP-TPS.

1. Introduction
Due to the introduction of evolution algorithms, optimization algorithm research has got a great development, especially in the field of multiobjective optimization. However, in
the last ten years, most of researchers focused on the stationary environment whose optimization process and evaluation
functions are both clear and static. On the contrary, there are
many important dynamic optimization problems in the realworld whose objective functions, constraints, and parameters
may change with environment. These dynamic optimization problems with multiple objective functions are called
dynamic multiobjective optimization problem (DMOP).
Multiobjective evolutionary algorithms (MOEAs) perform well for Multiobjective problems [1–3]; meanwhile they
are adapted for DMOPs. Due to the dynamic characteristic,
dynamic multiobjective evolutionary algorithms (DMOEAs)
put more emphasis on the ability to track the new optimal
front by coping with the environmental changes. There are
mainly two ways to cope with changes in the environment:
one way is to maintain diversity in MOEAs, which introduce

new individuals when diversity of population decreases.
Another way is to predict next Pareto solutions set using
history information. Nowadays several successful prediction
models have been proposed particularly for special problems;
however, high-performance DMOEAs are the pursuits for
solving DMOPs.
In this paper, when a change is detected in the dynamic
environment, we study how to generate an initial population
according to the own nature of the DMOP such that the closer
the distance between initial population and the new Pareto
set (PS) is, the more easily the new PS will be found. The
initial population for the changed environment is generated
by adding some new predicted individuals into current
population; in this way the changed PS can be found more
effectively by DMOEA. First, since the prediction model
is relevant with the optimization problems, we define the
DMOP-TPS problem whose PS translates regularly with time;
then inspired by the nature of DMOP-TPS, the prediction
strategies in [4, 5], and the strategy to generate an initial population in [6], we build a new prediction model to estimate
the location of the new PS based on the information collected
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from previous search to solve DMOP-TPS. Finally, we test
and compare our prediction model with other three superior
prediction models on several DMOP-TPS test problems and
we analyze the time complexity of the four prediction models.
From the simulation results, it is obvious that our prediction
model outperform the other three prediction models on
DMOP-TPS. Moreover, from the time complexity analysis,
it can be seen that the time complexity of ADLM is very
low. In addition, we perform some interesting analysis on
the simulation results about the efficiency of our proposed
prediction model with particular problems.

2. Related Work
Recently, Evolutionary Dynamic Multiobjective Optimization (EDMO) has been intensively studied by many
researchers. Benchmarks are famous for solving DMOPs
through designing and testing relevant algorithms. In [7, 8],
test problems are created by adding time-varying terms to
the objectives in SMOPs. Yaochu Jin and Bernhard Sendhoff
developed a method for constructing dynamic multiobjective
test problems which clustered different objectives of existing
stationary multiobjective problems (SMOPs) and changing
the weights dynamically [9].
There are many ways to maintain population diversity;
the simplest way is to reinitialize the population randomly
[6]. Other common techniques include hypermutation [10],
which increases the mutation rate when the improvement is
not evident. Also, multiple population explorations can be
treated as a diversity strategy; its basic idea is to use multiple
populations to explore different regions, tracking the next
optimal solutions [11–13]. Additionally, niche algorithm [14,
15] and crowding technique [16, 17] can be also applied
in dynamic environment to maintain diversity. Although
the diversity of population maintenance is necessary for
DMOEA, most researchers maintained the diversity blindly
rather than effectively when changes occur in the environment.
The method based on prediction model accelerates algorithms convergence. Zhou et al. used the Gaussian noise to
update the current population, where the Gaussian parameters are determined by the historical changes [4]. Hatzakis
and Wallace used the random time series forecasting model
to evaluate the location of next optimal solutions, and then
create individuals on the estimated location, which is used
to seed the population when changes occur [5]. Since the
prediction model is relevant to the optimization problems, we
need to choose suitable prediction models to solve different
problems. If the prediction is not precise, it may misguide
the population to an incorrect region. Consequently, the
convergence would slow down.
Arguably, diversity maintenance is essential in dynamic
objective evolutionary optimization algorithms [18–20];
however, it is interesting to see that in multiobjective evolutionary algorithms, the diversity of population is inherently
maintained due to the multiobjective nature. Accordingly, it is
probably of greater importance to ensure that the population
is able to follow the moving PS more quickly. To this end, a
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good guess of the new location of the changed PS is of great
interest.

3. DMOP-TPS Problem
There are many kinds of DMOPs in the real-world, and different DMOPs have different natures. One of the differences
between DMOPs is the changing rules of the PS, as the PS
of some DMOPs changes regularly while the PS of others
changes irregularly even randomly. In this section, we will
define a special DMOP (DMOP-TPS), whose PS changes
regularly with time.
3.1. Definition of DMOP. DMOP-TPS is a DMOP with special
nature, so we will introduce the details of DMOP first.
Definition 1 (DMOP [8]). Let 𝑡 be the time variable, V and
W be the 𝑛-dimensional and 𝑀-dimensional continuous and
discrete vector spaces, g and h be the two functions defining
constraints inequalities and equalities, and f be a function
from V × 𝑡 to W. A dynamic multiobjective minimization
problem with 𝑀 objectives is defined as
min f = {𝑓1 (k, 𝑡) , . . . , 𝑓𝑀 (k, 𝑡)} ,
v∈V
g (k, 𝑡) ≤ 0, h (k, 𝑡) = 0.

s.t.

(1)

Like stationary MOP, we call the PS at time 𝑡(PS(𝑡)) and
the PF (Pareto front) at time 𝑡(PF(𝑡)) of the set of Paretooptimal solutions at time 𝑡 in decision variable and objective
spaces, respectively; therefore, there are four possible ways
for a problem to demonstrate a time-varying change [7] as
follows.
The PS changes, whereas the PF does not change.
(1) Both PS and PF change.
(2) PS does not change, whereas the PF changes.
(3) Both PS and PF do not change, whereas the problem
can change.
It is a possible that while the problem changes, more types
of above changes can occur simultaneously in the time scale.
3.2. Definition of DMOP-TPS. Now, the definition of DMOPTPS could be given as follows.
Definition 2 (DMOP-TPS). PS(𝑡) and PS(𝑡 + 1) are the Paretooptimal set of DMOP at time 𝑡 and 𝑡+1, respectively; 𝐴(𝑡) =
(𝑎1 (𝑡), 𝑎2 (𝑡), . . . , 𝑎𝑛 (𝑡)) is 𝑛-dimensional vector. A DMOP is
a DMOP-TPS if and only if for any decision variable 𝑋𝑡 =
(𝑥1𝑡 , 𝑥2𝑡 , . . . , 𝑥𝑛𝑡 ) ∈ PS(𝑡), there must be a decision variable
𝑋𝑡+1 = (𝑥1𝑡+1 , 𝑥2𝑡+1 , . . . , 𝑥𝑛𝑡+1 ) ∈ PS(𝑡 + 1), which satisfies
the constraints {𝑥1𝑡+1 = 𝑥1𝑡 + 𝑎1 (𝑡), 𝑥2𝑡+1 = 𝑥2𝑡 + 𝑎2 (𝑡), . . . , 𝑥𝑛𝑡+1 =
𝑥𝑛𝑡 + 𝑎𝑛 (𝑡)}.
From the intuitive point of view, DMOP-TPS is a kind of
DMOP with special nature whose PS translates regularly with
time.
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(1) Begin
(2) 𝜏 ← 1, 𝑡 ← 1; % 𝜏 is generation index, 𝑡 is time window
(3) 𝑃𝜏 ← 𝐼𝑛𝑖𝑡𝑖𝑎𝑙𝑖𝑧𝑒();
(4) while (not termination condition) do
(5) 𝑐ℎ𝑎𝑛𝑔𝑒𝑑 = 𝐸V𝑖𝑟𝑜𝑛𝑚𝑒𝑛𝑡𝑑𝑒𝑡𝑒𝑐𝑡();
(6)
if (changed)
(7)
𝑄𝜏 ← 𝑃𝜏 ;
(8)
𝑃𝜏+1 ← 𝑅𝑒-𝑖𝑛𝑖𝑡𝑖𝑎𝑙𝑖𝑧𝑒(𝑃𝜏 , 𝑃𝐷𝑘 , 𝑄𝑘 );
(9)
𝑡 ← 𝑡 + 1;
(10)
else
(11)
𝑃 ← 𝑒V𝑜𝑙𝑢𝑡𝑖𝑜𝑛 𝑜𝑝𝑒𝑟𝑎𝑡𝑒(𝑃𝜏 ); % 𝑃 is offspring population
(12)
𝑃𝜏+1 ← 𝑅𝑒𝑠𝑒𝑟V𝑒 (𝑃 ∪ 𝑃𝜏 );
(13)
𝜏 ← 𝜏 + 1;
(14)
end
(15) end
Algorithm 1: Dynamic multiobjective evolutionary algorithm with prediction model.

4. Dynamic Multiobjectives
Evolutionary Algorithm with
ADLM Model (DMOEA/ADLM)
DMOEA is the mainstream for solving DMOP, and it was
built based on the static MOEA. However, in order to
effectively solve DMOP, DMOEA built its own framework
because of the dynamic property of DMOP. Also, some
operators coping with environmental changes have been
added, where the prediction is one of these operators.
4.1. The Framework of DMOEA with Prediction Model
(DMOEA/PRI). The main steps of the dynamic multiobjective evolutionary algorithm with prediction model could be
described as in Algorithm 1.
In this paper, we focus on the population reinitialization
once a change is detected in the environment. In the following, other operators are briefly introduced.
To detect the environmental change, we take the strategy
proposed by Deb et al. [6] to recalculate the function values
of some individuals selected from current population. If their
objective values change, then the environmental change will
occur. In (8), 𝜁% of 𝑃𝜏 is replaced with randomly selected
solutions from PD𝑘 to generate a reinitialized population with
size 𝑁 when the environment changed; otherwise, a new
population is generated by reserving 𝑁 better individuals
from the union set of current population 𝑃 and the offspring
population 𝑃𝜏 in (12). The population size maintains 𝑁 in
each iteration.
In [1], Deb et al. have proposed the famous algorithms
(NSGA-II) to tackle static multiobjective optimization problems. By taking into account the regularity property of MOPs,
NSGA-II can approximate the PF efficiently. In this paper,
the operators in NSGA-II are used in (11) of the above
framework; its basic idea is to use SBX crossover operator
and polynomial mutation operator to generate offspring.
Nondominated sorting of NSGA-II is used in (12) to select
better solutions to be retained. The details of (4) will be
discussed in the following subsection.

4.2. General Prediction Model. To insure faster convergence
of the new PF when a change is detected in the environment, it
is a good choice to predict the new locations of the Paretooptimal solutions with historical information. We assume that
𝑄𝑡 , . . . , 𝑄1 can provide enough information for predicting the
new location of PS𝑡+1 and the location of PS𝑡+1 is a function
of the locations 𝑄𝑡 , . . . , 𝑄1 :
PD𝑡 = 𝐹 (𝑄𝑡 , . . . , 𝑄1 , 𝑡) .

(2)

The prediction now becomes how to use the historical information 𝑄𝑡 , . . . , 𝑄1 to generate new individuals PD𝑡 which
should be close enough to PS𝑡+1 .
In practice, it is very hard to build a general prediction
model for all kinds of problems. Sometimes, a prediction
model performs well on one kind of problem and performs
poorly on another one. This is because the changing rule of
the PS(𝑡) is unknown and not consistent for different kinds
of problems. Therefore, if one prediction model is designed
for a specific kind of problem, the accuracy of the prediction
model will be improved obviously. In the following, we
discuss how to generate initial solutions for time window 𝑡+1.
Suppose that 𝑋𝑡 , 𝑋𝑡−1 , . . . , 𝑋1 (𝑋𝑖 ∈ 𝑄𝑖 , 𝑖 = 𝑡, . . . , 1) are
a set of individuals in the decision space which describes
the movements of the PS. A generic model that predicts the
location of the initial individuals for the (𝑡+1)th time window
could be formulated as follows:
𝑋𝑡+1 = 𝐹 (𝑋𝑡 , 𝑋𝑡−1 , . . . , 𝑋𝑡−𝑘+1 , 𝑡) .

(3)

For one individual 𝑋𝑡 ∈ 𝑄𝑡 , the location of its parent in
the previous time window could be defined as the nearest
individual in 𝑄𝑡−1 ; that is,


𝑋𝑡−1 = arg min 𝑋 − 𝑋𝑡 2 .
(4)
𝑋∈𝑄𝑡−1

Any time series models [21] could be used for modeling 𝐹 in
(3).
Any linear or nonlinear prediction model could be used
to predict the location of the individual for the next time
window, when time series are identified for each individual
in the population.

4
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4.3. The New Prediction Model (ADLM). One reasonable and
accurate prediction model is always designed according to the
special nature of DMOP. This way guarantees that the prediction model will be suitable to solve corresponding DMOP.
Since the proposed ADLM is designed based on the nature of
DMOP-TPS, the mathematical properties of DMOP-TPS will
be introduced first.
4.3.1. Mathematical Properties of DMOP-TPS. Assume that
𝑋𝑡 is a Paretooptimal solution of DMOP-TPS, if 𝑋𝑡 translates
with time 𝑡 according to a continuous differentiable function, then we get mathematical properties of DMOP-TPS as
Theorem 3.
Theorem 3. 𝑓(𝑡) is a continuous differentiable function of time
𝑡, 𝑡1 , 𝑡2 , 𝑡3 , and 𝑡4 are four adjacent time, and Δ𝑡 is the interval
between two adjacent time; if Δ𝑡 → 0, then the following
equation is accordant:
 𝑓 (𝑡 ) − 𝑓 (𝑡 ) 

3
2 
 × (𝑓 (𝑡3 ) − 𝑓 (𝑡2 )) . (5)
𝑓 (𝑡4 ) = 𝑓 (𝑡3 ) + 
 𝑓 (𝑡2 ) − 𝑓 (𝑡1 ) 
Proof. 𝑓(𝑡) is continuous and differentiable, so the derivative of 𝑓(𝑡), which is marked as 𝑓 (𝑡), is also continuous;
that means that the interval between 𝑓 (𝑡1 ), 𝑓 (𝑡2 ), 𝑓 (𝑡3 ),
and𝑓 (𝑡4 ) will become smaller when Δ𝑡 → 0; thus, the
following equation is true:
 𝑓 (𝑡 ) 


𝑓 (𝑡3 ) =   2  × 𝑓 (𝑡1 ) ,
 𝑓 (𝑡1 ) 
𝑓 (𝑡 + Δ𝑡) − 𝑓 (𝑡)
𝑓 (𝑡) =
.
Δ𝑡

(6)

Combining the above two equations, we get
𝑓 (𝑡3 + Δ𝑡) − 𝑓 (𝑡3 )
Δ𝑡
 (𝑓 (𝑡 + Δ𝑡) − 𝑓 (𝑡 )) /Δ𝑡  𝑓 (𝑡 + Δ𝑡) − 𝑓 (𝑡 )


2
2
2
2
 ×
= 
.

Δ𝑡
 (𝑓 (𝑡1 + Δ𝑡) − 𝑓 (𝑡1 )) /Δ𝑡 
(7)

4.3.2. ADLM. In this paper, in order to solve DMOP-TPS,
the following linear model which is designed according to the
mathematical properties of DMOP-TPS will be adopted and
hereafter will be called ADLM for short:
𝑋𝑡+1 = 𝑋𝑡 + Gaussian (mean (𝑡) , V) × (𝑋𝑡 − 𝑋𝑡−1 ) ,


 𝑋 − 𝑋𝑡−1 
 .
mean (𝑡) =  𝑡
 𝑋𝑡−1 − 𝑋𝑡−2 

Gaussion(mean(𝑡), V) is Gaussian random distribution function. 𝑋𝑡 − 𝑋𝑡−1 is the distance between average 𝑋𝑡 ∈ 𝑄𝑡 and
average 𝑋𝑡−1 ∈ 𝑄𝑡−1 ; likewise, 𝑋𝑡−1 − 𝑋𝑡−2 is the distance
between average 𝑋𝑡−1 ∈ 𝑄𝑡−1 and average 𝑋𝑡−2 ∈ 𝑄𝑡−2 .
Apparently, mean(𝑡) and 𝑋𝑡 − 𝑋𝑡−1 are corresponding
to |(𝑓(𝑡3 ) − 𝑓(𝑡2 ))/(𝑓(𝑡2 ) − 𝑓(𝑡1 ))| and 𝑓(𝑡3 ) − 𝑓(𝑡2 ) in (5),
respectively. Therefore, ADLM is reasonable and accurate as
a prediction model for solving DMOP-TPS problem.

5. Experiments on DMOP-TPS
This section is devoted to present the experiments performed
in this work. First, we introduce the set of MOPs used as
a benchmark. Next, we describe the indicators applied for
measuring the performance of the obtained PF. Then, we list
the prediction models for comparison. Finally, we present the
comparisons of the four prediction models.
5.1. Benchmarks. To examine the performance of our proposed algorithm (DOMEA/ADLM) on DMOP-TPS, we have
used six test benchmarks in our simulation studies. The first
three test problems are FDA1 [7], FDA1E, and FDA1L:
𝑓1 (𝑋Ι ) = 𝑥1 ,
2

𝑔 (𝑋ΙΙ ) = 1 + ∑ (𝑥𝑖 − 𝐺 (𝑡)) ,
𝑥𝑖 ∈𝑋ΙΙ

ℎ (𝑓1 , 𝑔) = 1 − √

𝑓1
,
𝑔

Multiplying (7) with Δ𝑡, then we get
𝐺 (𝑡) = sin (0.5𝜋𝑡) ,

𝑓 (𝑡3 + Δ𝑡) − 𝑓 (𝑡3 )
 𝑓 (𝑡 + Δ𝑡) − 𝑓 (𝑡 ) 

2
2 
 × (𝑓 (𝑡2 + Δ𝑡) − 𝑓 (𝑡2 )) .
= 
 𝑓 (𝑡1 + Δ𝑡) − 𝑓 (𝑡1 ) 

(8)

Based on function 𝑓(𝑡𝑘+1 ) = 𝑓(𝑡𝑘 +Δ𝑡), (8) could be simplified
to
 𝑓 (𝑡 ) − 𝑓 (𝑡 ) 

3
2 
 × (𝑓 (𝑡3 ) − 𝑓 (𝑡2 )) . (9)
𝑓 (𝑡4 ) − 𝑓 (𝑡3 ) = 
 𝑓 (𝑡2 ) − 𝑓 (𝑡1 ) 
Equation (9) is equal to (5); thus, the proof is completed.

(10)

𝑋Ι = (𝑥1 ) ∈ [0, 1] ,

𝑡=

(11)

1 𝜏
⌊ ⌋,
𝑛𝑡 𝜏𝑇

𝑋ΙΙ = {𝑥2 , . . . , 𝑥𝑛 } ∈ [−1, 1] .

Formula (11) represents the FDA1 problem, while FDA1E and
FDA1L are the exponential and logarithmic style of FDA1 are
respectively. The FDA1E and FDA1L are as follows
𝑓1 (𝑋Ι ) = 𝑥1 ,
2

𝑔 (𝑋ΙΙ ) = 1 + ∑ (𝑥𝑖 − 𝐺 (𝑡)) ,
𝑥𝑖 ∈𝑋ΙΙ
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ℎ (𝑓1 , 𝑔) = 1 − √
𝐺 (𝑡) = 2𝑡 − 1,
𝑋Ι = (𝑥1 ) ∈ [0, 1] ,

𝑡=

𝑓1
,
𝑔

FAD1, FAD1E, FAD1L, FAD5, FAD5E, and FAD5L are all
DMOP-TPS problems; the first three belong to the DMOP
problems of (I) and the second three belong to the DMOP
problems of (II).
Above all, as test problems, the six DMOPs are comparatively comprehensive for testing the performance of DMOEA.

1 𝜏
⌊ ⌋,
𝑛𝑡 𝜏𝑇

𝑋ΙΙ = {𝑥2 , . . . , 𝑥𝑛 } ∈ [−1, 1] ,

5.2. Prediction Models for Comparison. In this experiment,
four prediction models will be tested; they are MM, VARM,
PREM, and ADLM; all prediction models are listed as follows
besides ADLM.

𝑓1 (𝑋Ι ) = 𝑥1 ,
2

𝑔 (𝑋ΙΙ ) = 1 + ∑ (𝑥𝑖 − 𝐺 (𝑡)) ,
𝑥𝑖 ∈𝑋ΙΙ

ℎ (𝑓1 , 𝑔) = 1 − √
𝐺 (𝑡) = log𝑡+1 ,
𝑋Ι = (𝑥1 ) ∈ [0, 1] ,

𝑡=

(1) MM: MM is a very simple prediction model [6]; it
generates new individuals based on all individuals
𝑋𝑡 ∈ 𝑄𝑡 by polynomial mutation operator; that is,

𝑓1
,
𝑔

1 𝜏
⌊ ⌋,
𝑛𝑡 𝜏𝑇

𝑋𝑡+1 = mutation (𝑋𝑡 ) .

(2) VARM: the model of VARM [5] is listed as follows

𝑋ΙΙ = {𝑥2 , . . . , 𝑥𝑛 } ∈ [−1, 1] .

𝑋𝑡+1 = 𝑋𝑡 + 𝜀,

(12)
The second three test problems are FDA5 [7], FDA5E, and
FDA5L:
𝑦𝜋
min 𝑓1 (𝑋) = (1 + 𝑔 (𝑋ΙΙ )) ∏ cos ( 𝑖 ) ,
𝑋
2
𝑖=1
𝑀−𝑘

𝑋

𝑖=1

𝜀 ∼ 𝑁 (0, 𝛿𝐼) ,

𝑦𝑖 𝜋
))
2

1 
2
𝑋 − 𝑋𝑡−1 2 ,
4𝑛  𝑡


= arg min 𝑋 − 𝑋𝑡 2 .
𝑋∈𝑄𝑡−1

𝛿2 =
𝑋𝑡−1

𝑘 = 2, . . . , (𝑀 − 1) ,

𝑋

(16)

where 𝐼 is an identity matrix and 𝛿 is the standard
deviation, which is defined by

𝜋
𝑦
× sin ( 𝑀−𝑘+1 )
2

min𝑓𝑀 (𝑋) = (1 + 𝑔 (𝑋ΙΙ )) sin (

(15)

where 𝜀 is a normal distribution; that is,

𝑀−1

min𝑓𝑘 (𝑋) = (1 + 𝑔 (𝑋ΙΙ )) ( ∏ cos (

(14)

(17)

(3) PREM: the model of PREM [5] is listed as follows:
𝑋𝑡+1 = 𝑋𝑡 + (𝑋𝑡 − 𝑋𝑡−1 ) + 𝜀,

𝑦1 𝜋
),
2

(18)

where 𝜀 is the same with the 𝜀 in VARM.
2

where 𝑔 (𝑋ΙΙ ) = 𝐺 (𝑡) + ∑ (𝑥𝑖 − 𝐺 (𝑡)) ,
𝑦𝑖 =

𝑥𝑖𝐹(𝑡)

5.3. Performance Indicators. In this paper, a distance-based
performance indicator 𝐷(𝑃) suggested in [3] is used to
measure the convergence of DMOEA:

𝑥𝑖 ∈𝑋ΙΙ

for 𝑖 = 1, . . . , (𝑀 − 1) ,
𝐺 (𝑡) = |sin (0.5𝜋𝑡)| ,
𝐹 (𝑡) = 1 + 100 sin4 (0.5𝜋𝑡) ,
1 𝜏
𝑡=
⌊ ⌋,
𝑛𝑇 𝜏𝑇
𝑥𝑖 ∈ [0, 1] ,
𝑋ΙΙ = (𝑥𝑀, . . . , 𝑥𝑛 ) ,
𝑖 = 1, . . . , 𝑛.

𝑀 (𝑃) = 𝐷 (𝑃) =

(13)
Formula (13) represents the FDA5 problem, while FDA5E and
FDA5L are the exponential and logarithmic style of FDA5,
respectively.
In all the six test problems, 𝜏 is the generation counter,
𝜏𝑇 is the number of generations in each time window, and 𝑛𝑇
controls the distance between two consecutive PS (the bigger
the 𝑛𝑇 is, the smaller the distance is). In fact, 𝜏𝑇 and 𝑛𝑇
represent the frequency of change, and severity of change
respectively.

1


∑ 𝑥 − 𝑦 (𝑥)2 ,
|𝑃∗ | 𝑥∈𝑃∗ 

(19)

where 𝑃 is an obtained nondominated set, 𝑃∗ is a reference
PF, and


𝑦 (𝑥) = arg min𝑥 − 𝑦2 .
(20)
𝑦∈𝑃
Let 𝑀(𝑃𝑡 ) measure the performance (the smaller, the better)
of population 𝑃 at time 𝑡; to assess the performance of an
algorithm fairly, we record the following averages of the
means over 𝑡 in our experiments:
Ave (𝑀 (𝑃)) =

1 𝑇
∑𝑀 (𝑃𝑡 ) .
𝑇 𝑡=1

(21)
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Figure 1: The statistical results of Ave(𝑀(𝑃)) for four prediction
models on FDA1.

30
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Figure 2: The statistical results of Ave(𝑀(𝑃)) for four prediction
models on FDA1E.
0.16

Supposing an algorithm runs 𝑁 times on a given problem, we
use

0.14
0.12

(22)

to denote the mean of the performance indicator 𝑀 at all time
in all runs, which is inspired by the idea of the offline error
metric [20].
5.4. Results and Discussion. In our experiments, the number
of dimensions of the decision variables is 30 for FDA1,
FDA1E, and FDA1L and 11 for FDA5, FDA5E, and FDA5L. The
severity of change 𝑛𝑇 is set to be 10, noted that our proposed
algorithm is suitable for solving the problems with big 𝑛𝑇 .
The frequency of change 𝜏𝑇 is set to be 10, 15, 20, 25, or 30
generations.
To detect environmental changes, 10 randomly selected
individuals are recalculated at the beginning of each generation, and the algorithm will stop after detecting 10 environmental changes.
The population size for the four algorithms is 100; the
offspring parameters in (10) of DMEA/PRI framework, that
is, the crossover probability and mutation probability, are set
to 0.8 and 0.08, respectively, and the variance of ADLM is
set to 0.2. It is worth mentioning that 50% of population
members are replaced with randomly selected predicted
solutions to generate an initial population when a change
occurs.
The statistical results on FDA1, FDA1E, FDA1L, FDA5,
FDA5E, and FDA5L with Ave(𝑀(𝑃)) indicators are shown in
Figures 1, 2, 3, 4, 5, and 6.
In this experiment, the horizontal and the vertical axis of
all figures are 𝜏𝑇 and the performance indicator Ave(𝑀(𝑃)),

Ave(M(P))

1 𝑇 𝑁
Ave (𝑀 (𝑃)) =
∑∑𝑀 (𝑃𝑡𝑖 ) ,
𝑇 × 𝑁 𝑡=1𝑖=1

15
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0
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Size of time window (generations)
VARM
MM

30
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Figure 3: The statistical results of Ave(𝑀(𝑃)) for four prediction
models on FDA1L.

respectively. Based on this experiment, the following conclusions can be drawn through the comparative analysis of
Figures 1–6:
(1) The Ave(𝑀(𝑃)) value of any model in all figures
decreases while 𝜏𝑇 increases from 10 to 30. The
reasons for this conclusion could be stated as follows.
NSGA-II is a very classic and effective Multiobjective
evolutionary algorithm (MOEA); it is able to find the
new PS after environmental change as long as there is
enough time (generations) for NSGA-II to search for
the new PS. Moreover, the increment of 𝜏𝑇 from 10 to
30 means that NSGA-II gets more time to look for the
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Figure 4: The statistical results of Ave(𝑀(𝑃)) for four prediction
models on FDA5.
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Figure 6: The statistical results of Ave(𝑀(𝑃)) for four prediction
models on FDA5L.
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Figure 5: The statistical results of Ave(𝑀(𝑃)) for four prediction
models on FDA5E.

new PS. Therefore, the Ave(𝑀(𝑃)) value of all models
decreases while 𝜏𝑇 increases from 10 to 30.
(2) From the convergence point of view, in all figures,
ADLM is better than PREM, PREM is better than
MM, and MM is better than VARM. The reasons for
this observation could be listed as follows. First, MM
does not use historical information its randomness
is strong and its convergence performance is weak,
while VARM makes use of the historical information
in the last two periods. However, VARM is not
accurate enough to solve DMOP-TPS; therefore, the
performance of MM is better than VARM. Second,
compared to VARM and MM, PREM has plus the

difference between two PSs in the last two periods,
respectively, which guarantees the rationality and
accuracy of the PREM on DMOP-TPS; therefore, the
performance of PREM is better than that of MM and
VARM. Last, ADLM makes use of the historical information in the last three periods, which is more abundant than the historical information used by any other
models. Furthermore, ADLM, based on the analysis
of mathematical properties of DMOP-TPS, is consistent with the dynamic translating law of DMOP-TPS.
Thus ADLM can make the individuals predicted by
itself very close to the new real PS. Therefore, the
performance of ADLM is better than the other three
prediction models.
(3) The performance of ADLM on FAD1E (FAD5E) is the
best in all figures. The reasons for this observation
could be explained as follows. The PS of FAD1E
(FAD5E) translates in a way of exponential function
𝑓(𝑡) = 2𝑡 − 1, 𝑡 = (1/𝑛𝑇 )⌊𝜏/𝜏𝑇 ⌋, whose value changes
very fiercely with time 𝑡, and ADLM simulates
the translation tendency of the exponential function
better than the other three models; therefore, the performance of ADLM is far better than that of the other
three models on FAD1E (FAD5E).
(4) The series of FAD1 problems are more difficult to
be optimized than the series of FAD5 problems. In
Figures 1–6, obviously, when 𝜏𝑇 is larger than 10,
most of values of Ave(𝑀(𝑃)) in Figures 1–3 are larger
than these in Figures 4–6; this is because the number
of dimensions of decision variables is 30 for FDA1,
FDA1E, and FDA1L and 11 for FDA5, FDA5E, and
FDA5L; that is, the number of dimensions of the
first three test problems is far bigger than that of the
second three test problems; therefore, the series of
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FDA5 problems are easier to be optimized than the
series of FDA1 problems.

6. Comparison of Time Complexity
In this section, the time complexity of the four prediction
models will be analyzed and compared.
Generally, when designing one prediction model we need
to consider not only the rationality of the prediction model
but also the time complexity of the prediction model; that is
because the time complexity is also an important measure for
the performance of a prediction model.
Assuming that the population size is 𝑁, the dimension
of the individual (decision vector) is 𝑚, and then the time
complexity analysis is listed as follows.
(1) The time complexity analysis of MM: because what
MM needs to do is just to mutate every dimension
of all individuals in current population without the
use of historical information, so its time complexity is
𝑂(𝑚𝑁).
(2) The time complexity analysis of VARM: VARM uses
the historical information in the last two periods
to predict new individuals. There are two steps for
VARM to predict new individuals: first, finding 𝑋𝑡 ∈
𝑄𝑡 and corresponding 𝑋𝑡−1 ∈ 𝑄𝑡−1 according to (16);
second, updating every dimension of all individuals
in current population according to the model of
VARM. The time complexities of first and second step
are 𝑂(𝑚𝑁2 ) and 𝑂(𝑚𝑁), respectively; therefore, the
total time complexity of VARM is 𝑂(𝑚𝑁2 ).
(3) The time complexity analysis of PREM: the steps of
PREM are very similar with those of VARM when
predicting new individuals, so the time complexity of
PREM is 𝑂(𝑚𝑁2 ).
(4) The time complexity analysis of ADLM: ADLM uses
the historical information in the last three periods to
predict new individuals. There are two main steps for
ADLM to predict new individuals: first, computing
𝑋𝑡 − 𝑋𝑡−1 and corresponding 𝑋𝑡−1 − 𝑋𝑡−2 ; second,
updating every dimension of all individuals in current population according to the model of ADLM.
The time complexities of first and second step are
both 𝑂(𝑚𝑁); therefore, the total time complexity of
ADLM is 𝑂(𝑚𝑁).
From the above analysis on the time complexity of four
prediction models, it can be seen that the time complexity
of ADLM and MM is the same and the time complexity of
PREM and VARM is also the same. On the contrary, the
time complexity of ADLM and MM is lower than that of
PREM and VARM; therefore, from the convergence and time
complexity point of view, ADLM outperform other prediction models when solving DMOP-TPS.

7. Conclusions
In this paper, we define a Multiobjective problem with
translational Paretooptimal set (DMOP-TPS), and then we

propose a new prediction model named ADLM to address
DMOP-TPS. We have tested the proposed prediction model
(ADLM) and compared it with other three superior prediction models on several DMOP-TPS benchmarks; furthermore, we analyzed the time complexity of the four prediction
models.
From the simulation results on several DMOP-TPS test
problems, four conclusions could be drew: (1) the Ave(𝑀(𝑃))
value of all models gets smaller while 𝜏𝑇 increases from 10 to
30; (2) from the convergence point of view ADLM is better
than PREM, PREM is better than MM, and MM is better than
VARM; (3) the performance of ADLM on FDA1E (FDA5E)
outperforms other models; (4) the series of problems FDA1
are more difficult to be optimized than the series of problems
FDA5. In addition, from the time complexity analysis of the
four prediction models, it is clear that the time complexity of
ADLM is very low.
Although a rich work has been made in this paper, the
research on dynamic Multiobjective optimization is still in
its very infancy and our work presented in this paper is also
rather preliminary. More work remains to be done in the
future; for example, it is important not only to detect the environmental changes but also to estimate the severity of changes
in objective space; moreover, more appropriate variance
selection for ADLM needs to be found, designing dedicated
diversity controller by taking into account the problem structure, testing the suggested method on more benchmarks, and
comparing it with other methods.
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Image jitters occur in the video of the autonomous robot moving on bricks road, which will reduce robot operation precision based
on vision. In order to compensate the image jitters, the affine transformation kinematics were established for obtaining the six image
motion parameters. The feature point pair detecting method was designed based on Eigen-value of the feature windows gradient
matrix, and the motion parameters equation was solved using the least square method and the matching point pairs got based on
the optical flow. The condition number of coefficient matrix was proposed to quantificationally analyse the effect of matching errors
on parameters solving errors. Kalman filter was adopted to smooth image motion parameters. Computing cases show that more
point pairs are beneficial for getting more precise motion parameters. The integrated jitters compensation software was developed
with feature points detecting in subwindow. And practical experiments were conducted on two mobile robots. Results show that
the compensation costing time is less than frame sample time and Kalman filter is valid for robot vision jitters compensation.

1. Introduction
Computer vision is the most important sensor of intelligent
moving robots. In real environment, the surface evenness
always causes the camera jitters to affect the precision of operation. Electronic vision stabilization has been widely used in
the autonomous robot vision [1–4], which includes motion
estimation, smoothing and compensation processes [5]. The
method of BMA (Blocks Matching Algorithm) was provided
with the exhaustive search method in [6]. BMA can get high
precision with large amount of calculation. However, its real
time capability is bad and just fit for the simple motion
vision [7]. Reference [8] used the circular block matching to
improve the estimation for the rotational motion vision. Reference [9] researched a matching algorithm based on splitting
and merging of block and representative points to improve
the calculation speed. Projection algorithm (PA) was put
forward for the vision motion estimation to gain the displacement vector based on the grayscale change of images. However, PA is valid for these images with the obvious grayscale
change. Reference [10] researched the feature-tracking algorithm (FTA). Reference [11] used the optical flow constraints

equations to solve the motion parameters of images. Optical
flow is the 2D instantaneous velocity field of moving points
in focal plane array. The aim of motion error compensation
is to reconstruct images based on the smoothed parameters.
The mean filter was used for smoothing motion vector in [12].
Reference [13] put motion parameters into the finite impulse
response (FIR) filter and filtered them with product of input
sequences and interruptive function. To distinguish the independent movement from the jitters, Kalman filter was used in
image stabilization [14]. Kalman algorithm can predict the
image motion and adjust observation data based on error
covariance. Moreover, authors had compared the translation
jitters to rotation jitters, FIR filter to Kalman filter, and relative
parameters filter to absolute parameters filter, and the advantages and disadvantages of various algorithms were given out
clearly [15]. From the above literatures, we found that the
analysis of images motion equations solving error is less,
especially in view of feature point pairs number and matching
error, and jitters compensation test is absent on the autonomous robot moving on bricks road in outroom.
The rest of this paper is organized as follows. Firstly, an
image kinematics model is established and the feature points
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detecting and matching methods are designed based on the
gradient matrix Eigen-value and the optical flow, and image
motion parameters solving method is given in Section 2. A
jitters compensation process based on filter is described in
Section 3. Then the condition number of the equation coefficient is used to analyse the parameters error. A compensation
software is developed and experiments are implemented
based on the platform of two autonomous robots moving
in outroom in Section 4, and curves are compared between
before and after Kalman filter. Finally, results are given in
Section 5.

(𝑗 − 𝑘)2 scanning windows. Each gradient matrix of the scanning window has two real Eigen-values, and the lesser Eigenvalue is denoted by EVmin . The maximum value of the lesser
Eigen-value of all scanning windows can be expressed as

2. Kinematics Modelling and Solving

2.3. Feature Points Matching Based on Optical Flow. When
robot is moving in the continuous surface, the adjacent points
have homothetic motions, constant brightness, and a tiny
small motion in continuous time.
The frames constraint equation can be transformed using
Taylor formula [11]; the following equation can be got

2.1. Kinematics Modelling of Images. Coordination of the
pixel 𝑃 is defined as 𝑃(𝑢, V, 𝑡) at time 𝑡 in the image coordinate
system. (𝑢1 , V1 ) denotes the coordination of 𝑃 in the given
frame and (𝑢2 , V2 ) in the adjacent frame. According to the
imaging producing principle, 𝑃 coordination moving equations are described as
𝑧1
(𝑢 cos 𝜃 + V1 cos 𝜃)
𝑢2 =
𝑧1 + Δ𝑧 1
(1)
(−Δ𝑥 cos 𝜃 − Δ𝑦 sin 𝜃)
+𝑓
,
𝑧1 + Δ𝑧
V2 =

𝑧1
(−𝑢1 sin 𝜃 + V1 cos 𝜃)
𝑧1 + Δ𝑧
(Δ𝑥 sin 𝜃 − Δ𝑦 cos 𝜃)
+𝑓
,
𝑧1 + Δ𝑧

(2)

where 𝑓 is the focal length of camera and 𝑧1 is the position of
𝑃 in direction of optical axis of camera coordinate system. Δ𝑥,
Δ𝑦, and Δ𝑧 are the amount of coordination increment, and 𝜃
is the rotation amount. According to (1), images motion is relative to 6 parameters. So the image motion kinematics can be
established as
𝑢1
𝑎0 𝑎1 𝑎2
𝑢1
𝑢2
[ V2 ] = 𝐴 [ V1 ] = [𝑎3 𝑎4 𝑎5 ] [ V1 ] ,
[ 1 ] [0 0 1][ 1 ]
[1]

(3)

where 𝑎0 , 𝑎1 , 𝑎3 , and 𝑎4 indicate the scale and rotation
amount, and 𝑎2 and 𝑎5 the translation amount.
2.2. Feature Point Detecting. The feature window is defined as
a 𝑗 × 𝑗 (𝑗 is odd number) square, and the center point of this
feature window is, namely, the feature point. Gradient matrix
of the feature window is
𝐺=[

∑𝑔𝑥2

∑𝑔𝑥 𝑔𝑦

∑𝑔𝑥 𝑔𝑦

∑𝑔𝑦2

𝑤

[𝑤

𝑤

𝑤

],

(4)

]

where 𝑤 represents the feature window scope and 𝑔𝑥 and 𝑔𝑦
represent the gradients in horizontal and vertical direction,
respectively, which can be got by numerical difference.
Using 𝑘 × 𝑘 (𝑘 < 𝑗) subwindow to scan the feature
window along horizontal and vertical direction, we can get

EV = max {EV1min , EV2min , . . . , EV𝑖min }

(5)

2

𝑖 = 1, 2, . . . , (𝑗 − 𝑘) .

This paper adopts EV to describe the center point characteristics quantity. If EV is larger than the given threshold, this
point will be selected as the useful feature point.

𝐼𝑥 𝑢 + 𝐼𝑦 V + 𝐼𝑡 = 0,

(6)

where 𝐼𝑥 = 𝜕𝐼/𝜕𝑥 and 𝐼𝑦 = 𝜕𝐼/𝜕𝑦 are the derivatives in horizontal and vertical direction, respectively, 𝐼𝑡 = 𝜕𝐼/𝜕𝑡 is the
derivative of time, and 𝑢 and V are the coordination difference of the feature point, namely, the gradient of optical flow.
We establish (6) of all points in 5 × 5 square and use the
least square method to solve the 𝑢 and V . Based on the 𝑢
and V , the feature point’s corresponding pixels coordinate in
adjacent frame can be got.
2.4. Kinematics Parameters Solving. The aim of kinematics
parameters solving is to get the image motion parameters 𝑎0 ,
𝑎1 , 𝑎2 , 𝑎3 , 𝑎4 , and 𝑎5 . According to (3), there are 6 parameters
needing to be solved, so at least 3 pairs of matching points are
necessary. To ensure precise solving and stability, the number
of pairs, denoted by 𝐾, is always more than 3. The solving
equation of the kinematics parameters is established as
𝑢1
𝑎0
[0
[𝑎1 ] [
𝑢2
[ ] [
[𝑎2 ] [
0
[ ]=[
[𝑎3 ] [
..
[ ] [
[𝑎4 ] [
[ .
[𝑢𝐾
[𝑎5 ]
[0

V1
0
V2
0
..
.

1
0
1
0
..
.

0 0
𝑢1 V1
0 0
𝑢2 V2
.. ..
. .
𝑦𝐾 1 0 0
0 0 𝑢𝐾 V𝐾

0
1]
]
0]
]
1]
]
.. ]
.]
]
0]
1]

−1

𝑢1
𝑢1

[ V1 ]
[ V1 ]
[ ]
[ ]
[ 𝑢2 ]
[ 𝑢2 ]
[ ]
[ ]
[V ]
[ ]
[ 2 ] = 𝐵 [ V2 ] , (7)
[ . ]
[ . ]
[ .. ]
[ .. ]
[ ]
[ ]
[𝑢 ]
[𝑢  ]
𝐾


[ V𝐾 ]

𝐾


[ V𝐾 ]

where (𝑢𝑖 , V𝑖 ) and (𝑢𝑖 , V𝑖 ) are the matching point coordinate
position of the feature point, respectively.
When 𝐾 > 3, (7) is an overdetermined equation and can
also be solved using the least square method.

3. Jitter Compensation and Errors Analysis
Using 𝑞𝑛−𝑚 and 𝑞𝑛 to denote the corresponding pixels coordinates in the frames, of 𝐼𝑛−𝑚 and 𝐼𝑛 separated by 𝑚 frames
respectively, we can transform (3) as the affine transformation
kinematics model through the recursive method
𝑞𝑛 = 𝐹𝑛𝑛−𝑚 𝑞𝑛−𝑚 + 𝐷𝑛𝑛−𝑚 ,

(8)

The Scientific World Journal

3

Table 1: Kinematics parameters errors analysis of 3 to 30 pairs feature points.

3 pairs
30 pairs

𝐵 condition number
1563.2
347.5

Kinematics parameters
(1, 0, 0, 0.0095, 1.0571, 0.9714)
(1, 0, 0, 0.0054, 0.9981, 3.2713)

Max. errors
2.0286
0.2713

Ideal kinematics parameters
(1, 0, 0, 0, 1, 3)

The bold numbers refer to the parameters with errors.

Table 2: Corresponding point errors analysis of 3 to 30 pairs points.

3 pairs
30 pairs

𝐴 condition number
13.5
12.6

Corresponding point
(102, 319.01)
(102, 303.25)

Max. errors
16.01
0.25

Given point

Ideal corresponding point

(102, 300)

(102, 303)

The bold numbers refer to the parameters with errors.
𝑛−𝑘
𝑛−𝑚
where 𝑚 = 1, 2, . . . , 𝑛 − 1, 𝐹𝑛𝑛−𝑚 = ∏𝑚
=
𝑘−1 𝐹𝑛−𝑘+1 , 𝐷𝑛
𝑎0 𝑎1
𝑚−1
𝑘
𝑛−𝑙
𝑛−𝑘−1
𝑛−1
𝑛−1
∑𝑘−1 (∏𝑙−1 𝐹𝑛−𝑙+1 )𝐷𝑛−𝑘 + 𝐷𝑛 , 𝐹𝑛 = [ 𝑎3 𝑎4 ], and 𝐷𝑛𝑛−1 =
[ 𝑎𝑎25 ], 𝑛 = 2, 3, . . . , 𝑁𝑓 , and where 𝑁𝑓 is the largest frame
count of the video.
According to the coordinate relations of the matching
feature points, 𝐹 and 𝐷 can be got through the same solving
method as (7).
Due to the jitters, the motion parameters
𝑇
[𝑎0 𝑎1 𝑎2 𝑎3 𝑎4 𝑎5 ] are not smooth. This paper used
Kalman filter to smooth the parameters and then get the new
𝐹 and 𝐷.
In motion compensation process, (8) was solved again
with the new 𝐹 and 𝐷 to get the smoother 𝑞𝑛 and 𝑞𝑛−𝑚 .
Whole continuous and post compensation stable video can be
obtained using the first frame image and recursion algorithm.
The motion parameters are the basics of compensation, so
the parameters solving errors will obviously affect jitters compensation. For the purpose of errors analysis, we adopted the
condition number of matrix to quantificationally illustrate
effect of the feature points quantity on parameters solving
errors.
In mathematics, the matrix condition number is defined
as the product of matrix norm and its inverse matrix norm
and expresses the sensitivity of matrix calculation to error.
The condition number of the matrix 𝐵 of (7) was given by

 
cond (𝐵) = |𝐵| ⋅ 𝐵−1  ,

(9)

where | ⋅ | is a symbol of matrix norm.
Following analysis is about two solution stages of the
compensation: images motion kinematics parameters solving
using (7) and jitters compensation using (3).
In view of (7), if the matrix 𝐵 has a big condition number,
the slim errors of feature point matching will cause a huge
change on kinematics parameters. In order to analyse the
effect of the numbers of the feature points on the solve precision, two computing examples were carried out.
Firstly, 3 pairs of the feature points, (39, 29) → (39, 32),
(81, 22) → (81, 25), and (102, 36) → (102, 39), were used for
solving (7).
Then designedly add 1 pixel error in vertical direction to
the 3rd feature matching points, such as (102, 36) → (102,
40), and (7) was solved again.

Similarly, 30 pairs of the feature point, including the above
3 pairs, were used for solving (7), and also designedly add 1
pixel error to the 3rd point. Kinematics parameters solving
results are shown in Table 1. The bold numbers in Table 1
refer to the parameters with errors. Table 1 shows that solving
with 30 pairs matching points is robust to the matching error,
and the individual point matching error would not produce
a large change on results. The reason is that the condition
number of 𝐵 with 30 pairs is much lesser than with 3 pairs.
So the solving method just using 3 pairs matching points is
more sensitive to the matching error.
In view of (3), using parameters got by (7) to compute the
condition number of 𝐴, solve the corresponding point of the
compensation processing. Results are shown in Table 2. The
bold numbers in Table 2 refer to the parameters with errors.
Table 2 also shows that solving (3) with parameters got by
30 pairs matching points is robust and can get more precise
results.

4. Vision Stabilization Software Testing
4.1. Test Setup. Experiments were conducted on two autonomous moving robots. Robot.1 (large) is the Voyager-IIA
autonomous robot made in China. Robot.2 (small) is the
X80-H robot made in Canada. Robot.1 has many sensors
such as vision camera, ultrasonic, infrared ray, and gyroscope.
Robot.2 is equipped with wireless communication equipment. The physical experiment scene is shown in Figure 1.
In experiment processing of Robot.1 following Robot.2, the
moving speed of Robot.1 is set to 0.11 m/s, while of Robot.2 to
0.07 m/s and linear forward.
The two autonomous moving robots are controlled by the
personal computer (PC) through wireless network. Autonomous navigation software on PC controls motion of the
autonomous mobile robot, such as move forward, turn back,
speed up, and slow down. The CMOS camera is fixed on
Robot.1 and connected with PC by USB line, and it transfers
the real-time images to PC.
4.2. Jitter Compensation Software Design. Software was developed using the Visual C++6.0 programming language on the
Windows XP operating system. And the central processing
unit (CPU) is an Intel Core2Duo 2 GHz system with 1 GB
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Figure 1: Two mobile robots used for experiments.

of RAM. The whole software is composed of three parts, the
control software of Robot.1, the control software of Robot.2,
and the jitters compensation software. Video was captured
based on DirectShow. After the image stabilization, the
smooth video is displayed on the screen of PC. The compensation software procedure is illustrated in Figure 2(a) and
software visual interface in Figure 2(b).
The video sampling frequency in the mobile robot moving is 20 Hz; namely, the time interval of the adjacent frame
is 50 ms. All jitters compensation time was tested through
GetTickCount() and cvGetTickFrequency() functions provided by LIB files. And test result is about 24 ms, greatly less
than 50 ms. So the proposed jitters compensation algorithm
is real-time.
4.3. Subwindow Feature Point Detecting Experiment. The
feature point detecting algorithm based on the gradient
matrix Eigen-value always gets the feature points collected on
the some objects. In order to uniformly distribute the feature
points and accelerate the detecting speed, we divided whole
image into many nonoverlapping domains with 𝑠 × 𝑠 square
size. Then we scanned 𝑠 × 𝑠 subwindow to get feature points.
Figure 3 shows the feature points detecting of one frame in
the video sequence based on the conventional feature extraction and the improved feature extraction.
Feature points may concentrate on some objects in
Figure 3(a), such as Robot.2 and the tree in background,
which will easily make wrong matching and is disadvantageous to the parameters solving. Figure 3(b) shows that scan
in subwindow makes the feature points equably distributed in
the whole image. And the dispersed feature points are beneficial for the kinematics parameters solving using the least
square method.
4.4. The Parameters Smooth Results Using Kalman Filter. Two
robots moved linearly forward, respectively, apart by about
1.5 m. There is the same size blocks paved on robot moving
road. The length and width of blocks are 19 cm and 9.4 cm,
respectively, and slot between blocks is of 0.7 cm width and
depth 0.3 cm. Robot.2 is forward, while Robot.1 is behind and
its motion velocity is more than that of Robot.2. So Robot.1 is
continuously getting closer to Robot.2. The test time of jitters
compensation is 16 s.

Inputting
video

Motion
estimation

Image
pretreatment

Parameters
filter

Compensation

Is the first
frame?
No

Outputting
video

Is the last
frame?

No

Yes
End
(a) Software procedure

(b) Software interface

Figure 2: The compensation software.

(a) Result of whole window
scans

(b) Result of subwindow
scan

Figure 3: The comparisons of feature points detecting in whole
window and subwindow.

The process state variance of Kalman filter has key effect
on parameters smooth degree of intended movement. Meanwhile, the observed variance of Kalman filter decides the
changeability of unintended jitters movement. If observed
variance is zero, it will cause no motion compensation effect.
So the process state variance and observed variance values
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Table 3: The comparisons of matrix 𝐴 parameters of before and after filter.

Before
After

𝑎0
0.001434
0.000711

𝑎1
0.004646
0.000649

𝑎3
0.003686
0.000874

𝑎4
0.010688
0.001435

𝑎2
1.525818
0.348722

𝑎5
0.348722
0.267184

(a) Original series

(b) Series after the image stabilization

Figure 5: The comparisons of before and after the image stabilization.

must be set according to intended movement and jitters
motion quantity, respectively. The initial process state vari𝑇
ance in Kalman filter is [1 0 0 1 0 0] , the state square
error is 0.00001, and the observed variance is 0.01. Filter was
implemented with relative motion parameters of matrix 𝐴.
Then, in order to show motion parameters clearly, the corresponding absolute parameters were got by successively
adding relative parameters and are illustrated in Figure 4.
Mean square errors (MSE) comparisons between before
and after filter are shown in Table 3.
Figure 4 shows that the curves after filter are smoother
than before filter. The 𝑎5 variation is more complicated than
other parameters. The reason is that the video is obtained during the mobile robot is moving on the road paved with bricks,
and the interval slots between bricks mainly produce vibration of robot wheel in vertical direction. Table 3 shows the
mean square error after filter is less than before evidently.
4.5. The Effect of Video Stabilization. The series frames of
before and after the images stabilization are as shown in
Figure 5.
Figure 5 shows the frames 132, 136, 140, 144, and 148
in turn. With Robot.1 moving, the left corner blacker brick
should be continuously near to the bottom line of images.
According to comparison of 132th frame to 136th frame in
Figure 5(a), the blacker brick is almost motionless. According
to comparison of 140th frame to 144th frame in Figure 5(a),
the blacker brick is away from the bottom line instead. It is
caused by the jitters of the robot wheels moving on bricks
seam. And after image stabilization, the video sequence is
clearly reflecting the motion of the blacker brick smoothly
close to the bottom line of images.
Moving on the bricks seam will cause the video bidirectional shake, so Figure 5(a) shows the left-up corner aslant

pillar is around swing. But this swing is slight in the video
sequence after the image stabilization in Figure 5(b).

5. Conclusions
Based on comparative analysis, the following can be got.
(1) The number of feature point pairs has great effect on
the parameters solving precision, and this effect can
be quantificationally analyzed by the condition number of matrices 𝐴 and 𝐵. The condition number of 𝐵 is
far larger than 𝐴. Equation (7) is very sensitive to
errors; kinematics parameters must be solved using
the feature point pairs as many as possible to reduce
the solving errors.
(2) Subwindow feature point detecting can avoid the
feature points gathering on some objects.
(3) The visual jitters compensation algorithm based on
optical flow and Kalman filter, developed based on
PC, USB camera, Microsoft Windows operating system, and VC++, meets the requirements of precision
and real-time demand of robot vision.
But the proposed method cannot compensate the migration jitters caused during the exposure time of the camera.
Further study will focus on how to make the parameters
of Kalman filter adaptively change with the different jitters
amplitude and frequency.
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This research investigates the comparative performance from three different approaches for multimodal recognition of combined
iris and fingerprints: classical sum rule, weighted sum rule, and fuzzy logic method. The scores from the different biometric traits
of iris and fingerprint are fused at the matching score and the decision levels. The scores combination approach is used after
normalization of both scores using the min-max rule. Our experimental results suggest that the fuzzy logic method for the matching
scores combinations at the decision level is the best followed by the classical weighted sum rule and the classical sum rule in order.
The performance evaluation of each method is reported in terms of matching time, error rates, and accuracy after doing exhaustive
tests on the public CASIA-Iris databases V1 and V2 and the FVC 2004 fingerprint database. Experimental results prior to fusion
and after fusion are presented followed by their comparison with related works in the current literature. The fusion by fuzzy logic
decision mimics the human reasoning in a soft and simple way and gives enhanced results.

1. Introduction
Biometrics refers to identity verification of persons according
to their physical or behavioral characteristics. Many physical
body parts and personal features have been used for biometric
systems: fingers, hands, feet, faces, irises, retinas, ears, teeth,
veins, voices, signatures, typing styles, gaits, odors, and DNA.
Person verification based on biometric features has attracted
more attention in designing security systems [1]. However,
no single biometrical feature can meet all the performance
requirements in practical systems [2]. Most of biometric
systems are far from satisfactory in terms of user confidence
and user friendliness and have a high false rejection rate FRR.
There is a need for development of novel paradigms and
protocols and improved algorithms for human recognition.
Unimodal biometric systems use one biometric trait to
recognize individuals. These systems are far from perfect
and suffer from several problems like noise, nonuniversality,
lack of individuality, and sensitivity to attack. Multimodal
biometric systems use multiple modalities to overcome the
limitations that arise when using single biometric trait to
recognize individuals. Multiple biometric systems perform

better than unimodal biometric systems. The use of only one
biometric trait susceptible to noise, bad capture, and other
inherent problems makes the unimodal biometric system
unsuited for all applications.
Many works in the literature have demonstrated that the
drawbacks of the unimodal biometric systems are mainly
genuine and imposters identification failure due to the
intraclass variations and the interclass similarities, while
the drawbacks associated with multimodal biometrics are
increased complicity of the system with two or more sensors
[2–6] and thus higher cost, as well as inconvenience of using
several biometrics. So, identification of person with high
accuracy and less complexity of the system is becoming
critical in a number of security issues in our society. Iris
and fingerprint biometrics are more simple, accurate, and
reliable as compared to other available traits. These properties
make their fusion particularly promising solution to the
authentication problems today. Moreover, fusion of iris and
fingerprint is more reliable than fusion of each one with
another biometric like face [7]. However, iris biometric has
more features and stability and resistance to attacks than
fingerprint biometric; despite this, the conventional fusion
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methods still use the same weight in fusion for each single
biometric, and this is the reason for why their best error rates
are far from perfect. False accept rate identifies the number of
times an imposter is classified as a genuine user by the system
and false reject rate pertains to misidentification of a genuine
user as an imposter. Although ideally both FAR and FRR
should be as close to zero as possible in real systems, however,
this is not the case [8]. For an ideal authentication system,
FAR and FRR indexes are equal to 0. To increase the related
security level, system parameters are then fixed in order to
achieve the FAR = 0% point and a corresponding FRR point
[9].
In this paper a novel combination of iris and fingerprint
biometrics is presented in order to achieve best compromise
between a zero FAR and its corresponding FRR; in our
approach, iris trait has more weight in fusion with fingerprint
and the system decision is made to have more intermediate
values between bad and good recognition; the weight is
simply an appreciation we assign to the matching distance for
each single biometric set by fuzzy membership function and
we use major concepts of fuzzy logic introduced by Zadeh
[10] which are fuzzy sets, fuzzy membership function, and
fuzzy inference system. The fuzzy inference system mimics
our human thinking and this is mainly the reason we get
enhanced results.
The objective of this research is threefold: first designing
and implementing monomodal systems for the biometric
recognition of iris and fingerprint, these systems will serve
latter for comparison; second, designing and implementing a multimodal biometric system of combined iris and
fingerprint using the previous monomodal systems with
three different matching algorithms, two classical matching
algorithms and our proposed one based on fuzzy logic;
third carrying out exhaustive and intensive tests on the iris
and fingerprint databases using the proposed recognition
schemes to conclude at the end the best one. At last, a
comparison of the achieved results with similar works in the
current literature is given.
The paper is organized as follows: in the next section
related works are presented followed by a presentation of
state of the art of multimodal biometric; in Section 3 the
work methodology is presented and the two modalities are
combined through three different experiments using two
levels of fusion, one at the score level and the other at
the decision level; in Section 4 the details of the system
implementation is given and the databases involved in the
work are presented; the experimental results prior to fusion
and after fusion are presented in Section 5 followed by their
evaluation and comparison in Section 6. Conclusion is given
in the last section.

2. Related Works
Multimodal biometrics has been proposed by Ross and Jain
in 2003 [11]. The concept of biometric multimodalities fusion
is introduced with different fusion strategies and various
levels of fusion are also presented [2, 4, 6, 12–17]. Fusion
of iris and fingerprint has attracted a lot of attention and
researchers have presented variety of approaches in the
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literature [7, 8, 16, 18, 19]. Baig et al. [8] in 2009 proposed a
framework for multimodal biometric fusion based on utilization of a single matcher implementation for both modalities
(iris and fingerprint). For their experiment they used the West
Virginia University’s multimodal database containing 400
images (4 enrolment images × 100 users) and the threshold is
set to the equal error rate EER. The comparison is being made
in terms of percentage improvement in EER rather than the
EER values themselves. Jagadeesan et al. [16] in 2010 introduced a technique for cryptographic key generation by fusing
fingerprint and iris biometrics. The fingerprint extractor is
minutia based while the iris extractor is based on canny edge
detector and Hough transform (Daugman’s approach). The
minutiae points and texture properties were first extracted
from fingerprint and iris images, respectively, and then they
were fused at the feature level to obtain the multibiometric
template and subsequently a 256-bit secure cryptographic key
from the multibiometric template is generated.
In 2011, Jameer Basha et al. [18] introduced a new
framework for iris and fingerprint fusion at rank level;
they conducted experimental tests using three implemented
fusion methods: highest rank method, Borda count method,
and logistic regression method. Their work achieved the best
execution time required to match which is equal to 0.45
seconds for the highest rank method with optimal FAR and
FRR equal, respectively to 0% and 0.25%.
In 2012, Radha and Kavitha [19] presented a novel fusion
scheme of fingerprint and iris modalities at feature extraction
level. The scheme uses a concatenated feature vector from
both iris and fingerprint. The log Gabor filter is used to extract
the feature vectors of both modalities. then the phase data
from 1D log Gabor filters is extracted and quantized to four
levels to encode the unique pattern of iris and Fingerprint into
bitwise biometric template. Hamming distance (HD) is used
to generate a final match score. Experimental results were
verified on database of 50 users accounting to FAR = 0% and
FRR = 4.3%. The execution time required to match is reduced
to 0.14 seconds.
In 2013, Abdolahi et al. [7] presented a multimodal
biometric system (fingerprint and iris) using fuzzy logic and
weighted code. After converting fingerprint and iris images
to a binary code, the decision level fusion is used to combine
the results. Fingerprint code is weighed as 20% and iris code
as 80%. The work achieved 2% FAR and FRR and 98.3%
accuracy.

3. State of the Art of Multimodal Biometric
In this section we summarize the main ideas and principles
involved in the area of multimodal biometric recognition.
3.1. Multimodal Biometrics versus Multibiometrics. As explained by most research papers in the field of biometric
recognition [5, 12, 16, 20], the term “multimodal biometric”
refers to multiple biometric traits used together at a specific
level of fusion to recognize persons. The “multibiometrics”
includes either the use of multiple algorithms, also called
classifiers at enrolment or matching stages for the same
biometric trait, or the use of multiple sensors of the same
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Figure 2: Levels of fusion in multimodal biometric systems.
Figure 1: Fusion scenarios of multimodal systems.

biometric trait like using different instruments to capture the
biometric details, or using multiple instances of the same
biometric trait like the use of fingerprints of three fingers, or
finally using repeated instances like repeated impressions of
one finger.
3.2. Fusion in Biometry. In order to join two or more
biometric traits, a method called “fusion” is used [12]. Fusion
in biometry refers to the process of combining two or more
biometric modalities. In this section we present the different
scenarios of fusion used by multimodal biometric systems. It
is worth noting that the multimodality does not involve the
use of multiple biometric modalities in the strict sense of the
term (such as combining iris and fingerprint), but its meaning
is broader as defined in the following by the various scenarios
of fusion (see Figure 1).
3.2.1. Level of Fusion. Five levels of fusion in multimodal
systems were introduced in the literature [4, 12] which are the
following.
(1) Sensor Level. Multisensorial biometric systems sample the
same instance of a biometric trait with two or more distinctly
different sensors [14]. Processing of the multiple samples can
be done with one algorithm or combination of algorithms.
Example face recognition application could use both a visible
light camera and an infrared camera coupled with specific
frequency.
(2) Feature Level. The feature level fusion is useful in classification [14]. Different feature vectors are combined, obtained
either with different sensors or by applying different feature
extraction algorithms to the same raw data [21].
(3) Decision Level. With this approach, each biometric subsystem completes autonomously the processes of feature
extraction, matching, and recognition. Decision strategies are
usually of Boolean functions, where the recognition yields the
majority decision among all present subsystems [9].
(4) Rank Level. Instead of using the entire template, partitions
of the template are used. Ranks from template partitions are

consolidated to estimate the fusion rank for the classification
[18]. Rank level fusion involves combining identification
ranks obtained from multiple unimodal biometrics. It consolidates a rank that is used for making final decision [19].
(5) Score Level. It refers to the combination of matching scores
provided by the different systems. The score level fusion techniques are divided into two main sets: fixed rules (AND, OR,
majority, maximum, minimum, sum, product and arithmetic
rules) and trained rules (weighted sum, weighted product,
fisher linear discriminate, quadratic discriminate, logistic
regression, support vector machine, multilayer perceptrons,
and Bayesian classifier ) [22]. Figure 2 shows the five levels of
biometric fusion.
3.2.2. Normalization. Score normalization brings both
matching scores between 0 and 1 [23]. The normalization of
both scores by the min-max rule are given by
𝑁Iris =
𝑁Finger =

MSIris − minIris
,
maxIris − minIris
MSFinger − minFinger

maxFinger − minFinger

(1)
,

(2)

where MSIris and MSFinger are the matching scores obtained
from iris and fingerprint modalities, respectively. minIris
and maxIris are the minimum and maximum scores for iris
recognition and minFinger and maxFinger are the corresponding
values obtained from fingerprint trait. Other normalization
algorithms also exist, like 𝑍-score, TanH and Sigmoid which
gave very good results. TanH method gave the best result
but it involved a lot of parameters. Z-score and min-max are
simple but they are insensitive to the presence of outliers [17].

4. The Research Methodology
Figure 3 shows the different stages included in our multimodal recognition system and the overall system design
shows the following.
(i) The level at which the biometric information of the
iris and fingerprint are fused is indicated (here two
levels are used: the score level fusion is used for the
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classical fusion and the decision level fusion is used
for the fusion with fuzzy logic).
(ii) The fusion approach used is the approach by combining scores when the method of fusion is classic.
(iii) The other fusion approach used is fusion of decisions
when the method of fusion is fuzzy.
(iv) The normalization of scores is required prior to the
fusion only for the classical fusion (which is explained
by the use of the approach by combining scores for
both classical sum rule matching and matching by the
linear weighted sum rule).
(v) Fusion by fuzzy logic does not require normalization
of scores and only decisions are used by the fuzzy
inference system.
(vi) Three matching algorithms are used: the classical sum
rule matching, the weighted sum rule matching, and
our proposed matching with fuzzy logic.
The conventional fusion methods [2–4, 9, 11–17] use
the same weight for each single biometric trait, but some
biometric traits are more precise than the other ones; they
have more stability and resistance to attacks. So in our
approach, iris trait has more weight in fusion with fingerprint.
Weight here is not a number assigned to the matching
score, but a decision with intermediate values related to the
matching distance.
In this work, we have implemented two different architectures of the combined iris and fingerprint biometric recognition system in order to compare the recognition results

Iris sensor

Fingerprint
sensor

Iris classifier

Fingerprint
classifier

Iris score

Fingerprint
score

Fusion of
scores

Threshold

Comparison

Result

Figure 4: Score level fusion using iris and fingerprint biometric modalities.

(in terms of time, accuracy, and error rates) of both system
architectures and conclude the best one. The first system
architecture (see Figure 4) is based on the classical fusion
of scores. The second system architecture (see Figure 5) is
based on our proposed fuzzy logic matching using iris and
fingerprint decisions.
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4.1. Classical Matching Strategies
4.1.1. Hamming Distance Based Matching. For the iris modality we use the hamming distance based matching:
HD =



∑𝑁
𝑗=1 𝑋𝑗 (XOR) 𝑌𝑗 (AND) 𝑋𝑛𝑗 (AND) 𝑌𝑛𝑗

𝑁 − ∑𝑁
𝑘=1 𝑋𝑛𝑘 (OR) 𝑌𝑛𝑘

.

𝑛

2

Fingerprint
sensor

Iris classifier

Fingerprint
classifier

Iris score

Fingerprint
score

Iris decision

Fingerprint
decision

(3)

The hamming distance HD is calculated using formula
(3), where 𝑋𝑗 and 𝑌𝑗 are the models to compare bit by bit,
𝑋𝑛𝑗 and 𝑌𝑛𝑗 are the noise masks for 𝑋𝑗 and 𝑌𝑗 , and 𝑁 is the
number of bits represented by each model. For the fingerprint
modality we use the Euclidian distance based matching (see
formula (4)):
ED = √ ∑(𝑋𝑖 − 𝑌𝑖 ) ,

Iris sensor

Fuzzy if then rules
Decisions
fusion
Fuzzy
inference

(4)

𝑖=1

Result

where 𝑋𝑖 and 𝑌𝑖 are the models to compare.

𝑛

𝑆 = ∑ 𝑆,

(5)

𝑘=1

where 𝑆 is the score of fusion and 𝑛 is the number of the
scores, here 𝑛 = 2.
4.1.3. The Weighted Sum Rule Based Matching. After the
normalization of fingerprint and iris scores, the score of
fusion is calculated as presented by formula (6):
𝑆 = 𝛼𝑆1 + (1 − 𝛼) 𝑆2 ,

(6)

where 𝑆 is the score of fusion, 𝑆1 and 𝑆2 are, respectively, the
scores of the biometric modalities to be combined, and 𝛼 is
the weight assigned to each modality.
In our experimentation we set 𝛼 to 0.8 for the iris
modality and 1 − 𝛼 = 0.2 for the fingerprint modality.
4.2. Fuzzy Logic Based Matching. Our proposed fuzzy matching algorithm assigns a specific appreciation to each decision
according to the best threshold minimizing both FRR and
FAR. The fuzzy if-then rules produce decisions according to
the matching distance calculated for each modality.
For that,

Figure 5: Decision level fusion using iris and fingerprint biometric
modalities.
Degree of membership

4.1.2. The Sum Rule Based Matching. After the normalization
of both iris and fingerprint scores, the score of fusion is
calculated as presented by formula (5):
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Figure 6: Fuzzy sets of the proposed entries and their trapezoidal
membership functions.

As shown by Figure 6, [𝑆1 , 𝑆2 ] is the interval of thresholds
belonging to the fuzzy set “good.” [𝑆3 , 𝑆4 ] is the interval of
thresholds belonging to the fuzzy set “medium.” [𝑆5 , 𝑆6 ] is the
interval of thresholds belonging to the fuzzy set “bad.”
The fuzzy if-then rules: combining decisions from iris and
fingerprint modalities respect the following fuzzy rules:
If (finger is bad) and (iris is bad) then (fusion is very
bad)
If (finger is bad) and (iris is medium) then (fusion is
medium)
If (finger is bad) and (iris is good) then (fusion is good)

(i) we define two fuzzy variables for the input: “finger”
for the fingerprint trait and “iris” for the iris trait,

If (finger is medium) and (iris is bad) then (fusion is
bad)

(ii) we define the output fuzzy variable: “fusion,”
(iii) each variable is represented by a trapezoidal fuzzy set,

If (finger is medium) and (iris is medium) then (fusion
is good)

(iv) for the inputs, we define three fuzzy sets according to
the matching distance: bad, medium, and good,

If (finger is medium) and (iris is good) then (fusion is
very good)

(v) the output is fuzzy: either very bad or bad or medium
or good or very good, or excellent.

If (finger is good) and (iris is bad) then (fusion is medium)
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If (finger is good) and (iris is medium) then (fusion is
very good)
If (finger is good) and (iris is good) then (fusion is excellent).

We have set the if-then rules according to the following
criteria:
(i) the iris decision is more reliable than the fingerprint
decision, so we give more weight to the iris decision
in fusion with the fingerprint decision,
(ii) the fusion decision is one of the following sets: very
bad, bad, medium, good, very good, excellent,
(iii) in the cases where the iris decision is “bad,” the fusion
decision should be either “bad” or “very bad” or
“medium” even if the fingerprint decision is good,
(iv) in the cases where the iris decision is “good,” the
fusion decision should be either “good” or “excellent”
even if the fingerprint decision is “bad.”

5. System Implementation
The programming language used to implement our system is
MATLAB 7.10.0(R2010a). MATLAB as well as its interactive
environment is a high-level language that allows the execution of tasks requiring high computing power and whose
implementation will be much easier and faster than with traditional programming languages such as C, C++. It has several toolkits in particular image processing “Image Processing
Toolbox” which proposes a set of algorithms and graphical
reference tools for the processing, analysis, visualization, and
image processing algorithm development. Our application
is implemented on a laptop (HP630) Intel CORE I3 CUP
M370 with 2 Giga byte of RAM and 320 Giga byte hard drive
disk HDD and has a 2.40 GHz speed. The minimum required
material characteristics for the application are 512 Mega byte
of RAM and 80 Giga byte hard drive. To perform tests with
our application, we use four databases which are as follows.
(i) CASIA-Iris V1 [24], CASIA V1, contains 756 images
from 108 eyes. For each eye, 7 images are captured
in two sessions with a homemade iris camera, where
three samples are collected in the first session and four
in the second session. All images are stored as BMP
format with resolution 320 ∗ 280.
(ii) CASIA-Iris V2 [25] contains 2400 images from 120
eyes. For each eye, 10 images are captured using two
different instruments (OKI and Pattek). All images
are stored in BMP format with resolution 640 ∗ 480.
CASIA-Iris V2 contains blurry images with different
illuminations and wearing glasses is authorized. The
database is available for free on demand.
(iii) FVC 2004 [26] contains four sets DB1 A, DB2 A,
DB3 A, and DB4 A. Each of these databases contains
800 fingerprints equivalent of one hundred (100)
individuals each having eight (08) impressions. FVC
2004 database is characterized by different fingerprint
image qualities. The database is purchased upon
request.

Figure 7: GUI of the verification process in the iris monomodal
recognition system.

(iv) Our proposed database of combined irises and fingerprints made from an equivalent number of irises
from CASIA-Iris V2 database and fingerprints from
FVC2004 database (50 subjects ∗ 10 images).
For a given database if 𝑐 represents number of classes and
𝑛 represents total number of images per class, then intraclass
combinations are calculated as (𝑛−1×(𝑛/2)×𝑐) and interclass
combinations are calculated as (𝑐 × (𝑐 − 1) × 𝑛 × 𝑛) [27]. For
example, for CASIA V1 database, intra-class combinations
are worked out as ((7 − 1) × (7/2) × 108) and inter-class
combinations are worked out as (108 × 107 × 7 × 7).
For the database CASIA-V2, the intra-class combinations
are worked out as ((20 − 1) × (20/2) × 120) = 22800 and
interclass are worked out as class combinations (120 × 119 ×
20 × 20) = 5,712,000.
For database FVC 2004, intra-class combinations are
worked out as ((800 − 1) × (800/2) × 4) = 1,278,400 and interclass combinations are worked out as (4 × 3 × 800 × 800) =
7680000.

6. Experimental Results
The application is divided mainly into three modules.
6.1. Iris Recognition Module. Both verification and identification processes are implemented. Figures below present the
graphical user interfaces GUIs allowing the user to load an
iris image from a database and to do segmentation, feature
extraction, and either verification (see Figure 7) (the user has
to upload another iris image) or identification (see Figure 8)
(the system searches similar code in database).
6.2. Fingerprint Recognition Module. Like the iris recognition
module, both verification and identification processes are
implemented. Figure 9 shows the GUI allowing the user to
load two fingerprint images and then visualize the results of
each step of the fingerprint recognition algorithm (binarisation, region of interest and the orientation field localisation,
the process of image thinning also called skeletonization, the
extraction of minutia, the elimination of false minutia, and
finally the matching by the Euclidian distance).
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Figure 8: GUI of the identification process in the iris monomodal
recognition system.

Figure 9: GUI of the verification process in the fingerprint monomodal recognition system.
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Figure 10: GUI of the identification process in the fingerprint
monomodal recognition system.

Figure 11: GUI showing the matching using the fusion by the sum
rule.

The identification process in the fingerprint monomodal
recognition system consists of matching the generated code
from the input image with all codes stored in databases; if the
identification failed, the user is asked either to add or not the
nonidentified image to a chosen database (see Figure 10).
6.3. Combined Iris and Fingerprint Recognition Module.
Three matching algorithms are implemented; first is the
matching using the fusion of iris and fingerprint by the
sum rule, second is the matching of both modalities by the
weighted sum rule, and the final is the matching using the
fusion by the fuzzy logic if-then rules and the fuzzy inference
system.
Figure 11 shows the GUI allowing the user to see the
verification result of iris and fingerprint combined biometric
traits.
Figure 12 presents the graphical user interface of the
recognition module based on the fusion by the weighted
sum rule and the score normalization is done prior to fusion
using the min-max rule and then the fusion is done; in our
experimentation we set 𝛼 to 0.8 for the iris modality and
1 − 𝛼 = 0.2 for the fingerprint modality.
Figure 13 presents the graphical user interface allowing
the user to verify the similarity between two individuals by
opening the fingerprint and iris images belonging to each

Figure 12: GUI showing the matching using the fusion by the
weighted sum rule.

Figure 13: GUI showing the matching using the fusion by the fuzzy
inference system.
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individual, doing feature extraction, and matching operations
between the two irises and the two fingerprints, output the
matching distances and the decisions of both modalities and
then plot the fuzzy membership function for each decision
and finally calculate the decision of the combined modalities
and plot its fuzzy membership function.

7. Performance Evaluation and Comparison
In order to test our proposed schemes for monomodal
and multimodal biometric recognition systems and proceed
with their evaluation and comparison, we do the following
experiments.
Experiment 1. Both verification and identification processes
are implemented within a monomodal iris recognition system. We use the public code of Masek and Koveski [28] for
the verification and we extend it to perform the identification.
The feature extractor employed for Iris modality is based on
Daugman’s approach [29] and was implemented by Masek
and Koveski [28]. An Iris code comprising bit streams called
Iriscode by Daugman is generated. The hamming distance
based matcher provides the matching score. The experiment
uses CASIA-V1 iris database.
Experiment 2. Both verification and identification processes
are implemented within a monomodal iris recognition system. Like Experiment 1, we use the public code of Masek
and Koveski [28] for the verification and we extend it to
perform the identification. The experiment uses CASIA-V2
iris database.
Experiment 3. Both verification and identification processes
are implemented within a monomodal fingerprint recognition system and we propose a minutia based fingerprint
recognition system using the algorithm of Jagadeesan et al.
[16] to localize the region of interest and the orientation field,
and the algorithm of Jain et al. [30] for the extraction of
minutiae and posttreatment. Matching is based on Euclidian
distance. The experiment uses FVC2004 fingerprint database.
Experiment 4. Only verification process is implemented
within a multimodal biometric recognition system of combined iris and fingerprint using the sum rule based matching.
The experiment uses an equivalent number of images from
CASIA Iris-V2 and FVC2004 fingerprint databases (5 from
each modality ∗ 50 subjects).
Experiment 5. Only verification process is implemented
within a multimodal biometric recognition system of combined iris and fingerprint using the weighted sum rule
based matching. The experiment uses an equivalent number
of images from CASIA Iris-V2 and FVC2004 fingerprint
databases (5 from each modality ∗ 50 subjects).
Experiment 6. Only verification process is implemented
within a multimodal biometric recognition system of combined iris and fingerprint using our proposed fuzzy logic
based matching. The experiment uses an equivalent number

The Scientific World Journal
Table 1: Matching time comparison.
Verification Identification
Iris recognition using CASIA Iris-V1
0.138
0.1797
Iris recognition using CASIA-Iris-V2
0.155
0.298
Fingerprint recognition using FVC 2004 0.087
0.15876
Fusion by sum rule
0.256
/
Fusion by weighted sum rule
0.2487
/
Proposed fusion by fuzzy logic
0.1754
/

of images from CASIA Iris-V2 and FVC2004 fingerprint
databases (5 from each modality ∗ 50 subjects). For all the
tests, we use the FVC2004 testing protocol [26] for the
fingerprint and iris recognition modules.
The fingerprint testing protocol is described as follows.
(i) Genuine recognition attempts: the template of each
impression is matched against the remaining impressions of the same individual, but avoiding symmetric
matches.
(ii) Impostor recognition attempts: the template of the
first impression is matched against the first impression of the remaining individuals, but avoiding symmetric matches.
The iris testing protocol is described as follows.
(i) First the database is divided into two parts: 40% of the
database is reserved to enrolment in order to estimate
the classifier parameters, and 60% of the database is
used to test and validate the classifier.
(ii) Genuine recognition attempts: the template of each
iris is matched against the remaining irises of the same
individual, but avoiding symmetric matches.
(iii) Impostor recognition attempts: the template of the
first iris is matched against the first iris of the remaining individuals, but avoiding symmetric matches.
For experiments using fusion module, tests are conducted
on a set of images belonging to 50 subjects having five
fingerprint images from FVC 2004 fingerprint database and
five iris images from CASIA-Iris V2 database.
7.1. Time Execution Comparison. The values presented in
Table 1 are results of execution time using CASIA V1, CASIA
V2, and FVC 2004 databases and MATLAB 7.10.0(R2010a)
programming tool.
We note that the fastest system in terms of matching
recognition time is the monomodal fingerprint recognition
system and this is mainly due to the use of the Euclidean
distance in the matching phase (see Table 1).
Our experimental results shows that the fuzzy logic
method for the matching scores combinations at the decision
level is the best in terms of matching time followed by the
classical weighted sum rule and the classical sum rule in
order.
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Table 2: Best FAR, FRR, and corresponding threshold for
Experiment 1.

Table 5: Best FAR, FRR, and corresponding threshold for
Experiment 4.

Threshold
0.20
0.25
0.30
0.35
0.40
0.45
0.50

Threshold
1.0
1.10
1.20
1.30
1.40
1.50
1.60
1.70
1.80
1.85
1.90

FAR (%)
0.000
0.000
0.000
0.000
0.005
7.599
99.499

FRR (%)
99.047
82.787
37.880
5.181
0.238
0.000
0.000

Table 3: Best FAR, FRR, and corresponding threshold for
Experiment 2.
Threshold
0.20
0.25
0.30
0.35
0.40
0.45
0.50

FAR (%)
0.000
0.000
0.000
0.000
0.01
0.099
99.499

FRR (%)
99.90
95.80
57.78
20.43
9.89
4.09
0.000

Table 4: Best FAR, FRR, and corresponding threshold using
Experiment 3.
Threshold
10
20
30
40
50
60
70
80
90
100

FAR (%)
0.000
0.005
0.10
0.60
10
13.43
13.95
14.01
67.87
90.89

FRR (%)
99
95.80
70.29
56.78
30.89
28.78
26.77
15.98
50.76
12.67

7.2. Results in Terms of Error Rates FRR, FAR, and EER.
The false reject rate (FRR), also known as type I error,
measures the probability of an enrolled individual not being
identified by the system. The false accept rate (FAR), also
known as type II error, measures the probability of an
individual being wrongly identified as another individual
[28]. According to the statistical analysis in which we have
calculated the inter-class and the intra-class thresholds using
the above experiments, whose values minimize the rates of
false acceptance and false rejection, we have estimated the
best thresholds for minimal error rates for each experiment.
See Tables 2, 3, 4, 5, and 6 (values in bold are best FAR and
FRR for corresponding threshold).
Unlike Experiments 1–5, we have no thresholds in
Experiment 6 using our proposed fuzzy matching fusion

FAR (%)
0.000
0.08
0.90
2.7
10
12.83
20.95
45.01
70.87
92.81
99.98

FRR (%)
99.30
93.56
60.89
60.58
26.89
25.78
24.77
10.98
9.60
1.67
000

Table 6: Best FAR, FRR, and corresponding threshold for
Experiment 5.
Threshold
0.7
0.75
0.78
0.80
0.83
0.85
0.88
0.90
0.95
1.00
1.5

FAR (%)
0.000
0.05
0.07
0.2
7
20
30.47
45.54
60.541
90.8
99.99

FRR (%)
80.0
76.25
40.23
30
10
9.78
8.25
8
3.25
1.87
000

algorithm, but we have decisions. Table 7 shows an example
of its intra-class and inter-class distributions.
According to our proposed fusion by fuzzy matching
scheme based on if-then rules explained earlier, the results
are either excellent or very good, or good or medium, or bad
or very bad. The decision “medium” means that
(i) either the fingerprint recognition result is “bad” and
the iris recognition result is “medium”,
(ii) or the fingerprint recognition result is “good” and
the iris recognition result is “bad,” If we accept the
decision “medium” as being genuine recognition of
the individual so we achieve FAR = 0.16 and FRR =
0.0. If we reject the decisions “medium” as being
imposter attempts so we achieve FAR = 0.0 and FRR =
0.05.
Experimental results show that the equal error rate
calculated by Experiment 6 (our proposed fuzzy matching
fusion) is EER = 0.038.
Figure 14 represents the plot of FAR and FRR using
Experiment 4 (iris and fingerprint fusion based sum rule
matching).
As mentioned by Figure 14, the equal error rate for
Experiment 4 is 1.55. Figure 15 represents the plot of FAR and
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Table 7: Example of intraclass and interclass distributions using Experiment 6 (our proposed fuzzy matching fusion).
Individual 1
Good
Good
Bad
Bad
Bad
Very bad
Bad
Bad
Medium
Bad

Good
Very good
Very bad
Bad
Bad
Bad
Bad
Bad
Bad
Bad

Individual 1
Individual 2
Individual 3
Individual 4
Individual 5

Medium
Medium
Very bad
Bad
Bad
Very bad
Bad
Very bad
Bad
Very bad

Individual 3
Bad
Very bad
Medium
Bad
Good
Good
Bad
Very bad
Bad
Bad

Bad
Very bad
Very bad
Bad
Good
Medium
Bad
Very bad
Very bad
Bad

Bad
Bad
Bad
Bad
Good
Good
Bad
Bad
Bad
Bad

100

Table 8: Equal error rate comparison.

90

Experiment

EER

Experiment 1: iris (CASIA-Iris V1)
Experiment 2: iris (CASIA-Iris V2)
Experiment 3: fingerprint (FVC 2004)
Experiment 4: iris + fingerprint (sum rule fusion based
matching)
Experiment 5: iris + fingerprint (weighted sum rule
fusion based matching)
Experiment 6: iris + fingerprint (fuzzy logic fusion
based matching)

0.40
0.45
0.5

70

1.55

50

0.83

80

60

40
30

0.038

20
10

100

0

0.5

0.75

0.8

0.85

0.9

1

FAR (%)
FRR (%)

80

Figure 15: FAR and FRR using Experiment 5 (iris and fingerprint
fusion based weighted sum rule matching).

60

40

that Experiment 6 performing iris and fingerprint fusion
by our proposed fuzzy logic matching method is the best
followed by the weighted sum rule fusion based matching and
finally the sum rule fusion based matching.

20

0

1

1.2

1.4

1.6

1.8

1.9

FAR (%)
FRR (%)

Figure 14: FAR and FRR using Experiment 4 (iris and fingerprint
fusion based sum rule matching).

FRR using Experiment 5 (iris and fingerprint fusion based
weighted sum rule matching).
Experimental results show that Experiment 5 achieves an
equal error rate of 0.83. Here we compare the equal error rates
of all the experiments we have carried out (see Table 8).
Table 8 presents an equal error rate comparison of the
different recognition methods we have implemented; we see

7.3. Results in Terms of Accuracy. Table 9 presents accuracy
comparison of all the experiments we have conducted.
In biometry, the system accuracy is calculated as follows:
AC = 100 −

FRR + FAR
.
2

(7)

According to the results presented in Table 9, we conclude
that the accuracy of the method of the fusion of decisions
by fuzzy logic is better than that of the other techniques.
This comparison is done to illustrate the fact that the proposed system provides improved results as compared to the
results from the individual unimodal systems and the results
from the implemented multimodal systems using traditional
matching.
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Table 9: Accuracy comparison of all the implemented systems.
Accuracy
%

Experiment
Experiment 1: iris (CASIA-Iris V1)
Experiment 2: iris (CASIA-Iris V2)
Experiment 3: fingerprint (FVC 2004)
Experiment 4: iris + fingerprint (sum rule fusion based
matching)
Experiment 5: iris + fingerprint (weighted sum rule
fusion based matching)
Experiment 6: iris + fingerprint (fuzzy logic fusion
based matching)

99.87
97.9
85
80.69
91.5
99.975

Table 10: Performance comparison with related systems.
Author and
reference

Level of
fusion

Database

Extractor

Matcher

Results

Kankrale and
Sapkal 2012 [9]

Feature
extraction

500 images of 50 subjects
(from CASIA-fingerprint
V5 and CASIA-iris V1)

Minutia based extractor +
Daugman’s iris extractor

AND rule

Gawande et al.
2012 [20]

Feature
extraction

500 images of 50 subjects

1D log Gabor filter for both
modalities

HD (hamming
distance)

Abdolahi et al. 2013
[7]

Decision

Not given

Modified minutia based
extractor + iris extractor
not given

Fuzzy rules +
weighted code

FAR = FRR = 2%
Match time not given.

Our proposed
fuzzy logic based
matching scheme

Decision

500 images of 50 subject
(from FVC 2004 and
CASIA-Iris V2)

Minutia based extractor +
Daugman’s iris extractor

Fuzzy if-then rules

FAR = 0%
FRR = 0.05%
Match time = 0.1754 s

7.4. Comparison with Related Works in the Current Literature.
Table 10 presents a comparison of the different recognition
methods proposed and implemented in the current literature;
we see that Experiment 6 performing iris and fingerprint
fusion by our proposed fuzzy logic matching method is the
better in terms of error rates than the other presented systems,
and the matching time is comparable to that of Gawande
et al.’s [20] system.

8. Conclusion
The objective of this research is the introduction of a novel
matching approach for multimodal biometric recognition
based on fuzzy logic. The biometric traits used in our work
are iris and fingerprint.
In this paper a novel combination of iris and fingerprint
biometrics is presented in order to achieve best compromise
between a zero FAR and its corresponding FRR; in our
approach, iris trait has more weight in fusion with fingerprint
and the system decision is made to have more intermediate
values between bad and good recognition and the weight is
simply an appreciation we assign to the matching distance
for each single biometric set by fuzzy membership function;
the fuzzy inference system mimics our human thinking
and this is mainly the reason we get enhanced results. The
contribution of this research is threefold, first designing
and implementing monomodal systems for the biometric

FAR = 0%,
FRR = 5.12%
Match time = 3.56 s
FAR = 0%,
FRR = 4.3%
Match time = 0.14 s

recognition of iris and fingerprint, second designing and
implementing a multimodal biometric system of combined
iris and fingerprint using the previous monomodal systems with three different matching algorithms, two classical
matching algorithms and our proposed one based on fuzzy
logic, and third carrying out exhaustive and intensive tests
on the iris and fingerprint databases using the proposed
recognition schemes to conclude at the end the best one.
At last, a comparison of the achieved results with similar
works in the current literature is given and our experimental
results are the best in terms of matching time, error rates, and
accuracy.
The normalization of scores is required prior to the fusion
only for the classical fusion. Fusion by fuzzy logic does not
require normalization of scores; only decisions are used by
the fuzzy inference system. Three matching algorithms are
used: the classical sum rule matching, the weighted sum rule
matching, and our proposed matching with fuzzy logic. These
fusion methods act on two different levels, namely,
(i) the score fusion level: in which we implemented the
method of the classical linear sum rule of iris and
fingerprint scores and method of the weighted linear
sum which give weight to iris and fingerprint sores,
(ii) the decision fusion level: where we have designed and
implemented a fuzzy matching technique after converting iris and fingerprint scores to fuzzy sets (this
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conversion is called fuzzification), the fuzzy inference
system produced fuzzy results (bad recognition, or
very bad, or medium, or good, or very good or
excellent).

Our proposed fuzzy matching algorithm assigns a specific appreciation to each decision according to the best
threshold minimizing both FRR and FAR. The fuzzy if-then
rules produce decisions according to the matching distance
calculated for each modality. For experiments using fusion
module, tests are conducted on a set of images belonging to
50 subjects having five fingerprint images from FVC 2004
fingerprint database and five iris images from CASIA-Iris
V2 database. Experimental results achieved best compromise
between FRR and FAR (0% FAR and 0.05% FRR) with
accuracy 99.975% and EER equal to 0.038 and matching time
equal to 0.1754s.
This work allowed us to draw the following conclusions.
(i) The multimodal fusion gives better results than using
a single matching recognition module for iris or
fingerprint.
(ii) Matching with fuzzy logic provides enhanced recognition results followed by the classical weighted sum
rule and the classical sum rule in order.
This work belongs to biometric security domain. It gives
solution to the problem of person identification with lower
errors, high accuracy, and less complexity of the system. The
fuzzy logic inference system used in the matching phase
is simple and robust at the same time. Inperspective, we
suggest that more attention should be given to the quality
enhancement of the input biometric data in order to decrease
some biometric system failures like failure to enroll and
failure to match.
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A well-known method proposed by Quan to compute projective invariants of 3D points uses six points in three 2D images. The
method is nonlinear and complicated. It usually produces three possible solutions. It is noted previously that the problem can be
solved directly and linearly using six points in five images. This paper presents a method to compute projective invariants of 3D
points from four uncalibrated images directly. For a set of six 3D points in general position, we choose four of them as the reference
basis and represent the other two points under this basis. It is known that the cross ratios of the coefficients of these representations
are projective invariant. After a series of linear transformations, a system of four bilinear equations in the three unknown projective
invariants is derived. Systems of nonlinear multivariable equations are usually hard to solve. We show that this form of equations can
be solved linearly and uniquely. This finding is remarkable. It means that the natural configuration of the projective reconstruction
problem might be six points and four images. The solutions are given in explicit formulas.

1. Introduction
The recovery of the geometric structure of 3D points from 2D
images is fundamental in computer vision. After decades of
research, most of the mathematical aspect of this problem is
well understood. It is proved that the geometric information
of a 3D point configuration cannot be recovered from a single
image, unless the configuration is further constrained [1].
When two or more images are available, the 3D structure of a
scene can be recovered up to an unknown projective transformation. The projective reconstruction of camera parameters
and 3D scene structure from multiple uncalibrated views is
also called projective structure and motion [1–5].
A camera is a device that transforms properties of a 3D
scene onto an image plane. A pinhole camera model is used
to represent the linear projection from 3D space onto each
image plane. In this paper, 3D world points are represented
by homogeneous 4-vector X𝑖 = (𝑥𝑖 , 𝑦𝑖 , 𝑧𝑖 , 1)𝑇 . The projection
of the 𝑖th 3D point is represented by a homogeneous 3-vector
x𝑖 = (𝑢𝑖 , V𝑖 , 1)𝑇 . The relationships among the 3D points X𝑖 and
their 2D projections are
𝑗 𝑗

𝑘𝑖 x𝑖 = P𝑗 X𝑖 ,

𝑖 = 1, . . . , 𝑛, 𝑗 = 1, . . . , 𝑚,

(1)

where P𝑗 is the projection matrix (which is 3 × 4 and is also
𝑗
called the camera matrix) of the 𝑗th camera, 𝑘𝑖 is a nonzero
𝑗
𝑗 𝑗
scale factor called projective depth, and x𝑖 = (𝑢𝑖 , V𝑖 , 1)𝑇 is the
𝑗th projection of the 𝑖th 3D point. Suppose that 𝑚 perspective
images of a set of 𝑛 3D points are given. The structure
and motion problem is to recover the 3D point locations
and camera locations from the image measurements. When
the cameras are uncalibrated and no additional geometric
information of the point set is available, the reconstruction
is determined only up to an unknown projective transformation. For any 3D projective transformation matrix 𝐻, 𝑃𝑖 𝐻−1
and 𝐻𝑋𝑖 produce an equally valid reconstruction.
Existing methods for projective reconstruction are usually indirect. They rely on a priori estimation of some tensors
of multiple images of the scene to estimate the 3D point
structure. A second-order tensor usually called the fundamental matrix captures the geometry between two views of
a 3D scene. A third-order tensor usually called trifocal tensor
captures the geometry among three views of a 3D scene.
When these tensors of multiple views of a scene are known,
there are many algorithms to recover the 3D geometric
structure of the scene from them [6–17].
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We can also compute 3D projective invariants of a point
set from its 2D images directly. In the famous paper [9], Quan
proposed a method to compute 3D projective invariants of
six 3D points from three uncalibrated images. However, the
method proposed by Quan is rather complicated and hard to
use in real applications.
This paper presents a fast linear method for computing
projective invariants of six 3D points from four 2D view
images. A 3D point structure can be configured by first choosing four reference points as a basis and then representing
the other two points under this basis. The cross ratios of the
coordinates of the other two points under this basis are projective invariant. A system of four bilinear equations in three
unknowns is derived first. Traditional methods to solve
nonlinear multivariable equations are very complicated. The
main contribution of this paper is that we will show that
this system of equations can be easily transformed into some
linear equations. This finding is remarkable. It means that the
natural configuration of the projective reconstruction problem is six points and four images. The projective invariants
are given in explicit formulas.

Quan proposed an algorithm to compute projective
invariants of six 3D points from three projection images [9].
Given any six 3D points, the author selected five points as the
standard basis as in (2). The six unknown points in 3D space
are projective equivalent to the following normalized points:
1
0
X1 = ( ) ,
0
0

0
1
X2 = ( ) ,
0
0

0
0
X3 = ( ) ,
1
0

0
0
X4 = ( ) ,
0
1

1
1
X5 = ( ) ,
1
1

𝑋
𝑌
X6 = ( ) .
𝑍
𝑇
(5)

The known point locations in the three 2D images are first
normalized according to the projective basis. After this, the
known point locations in the 𝑗th image are then corresponding to
1
𝑗
x1 = (0) ,
0

2. Related Works
We review a few related works in this section. The most
famous of which is the work of Quan [9].
In [1], Faugeras studied projective reconstruction using
five reference points called standard basis whose homogeneous coordinates are
1
0
𝐸1 = ( ) ,
0
0
0
0
𝐸3 = ( ) ,
1
0

0
1
𝐸2 = ( ) ,
0
0

0
0
𝐸4 = ( ) ,
0
1

1
1
𝐸5 = ( ) .
1
1

0
𝑗
𝑒2 = (1) ,
0

0
𝑗
𝑒3 = (0) ,
1

1
𝑗
𝑒4 = (1) .
1

𝑎𝑗 0 0 𝜅𝑗
P = ( 0 𝑏𝑗 0 𝜅𝑗 ) .
0 0 𝑐𝑗 𝜅𝑗

𝑢5

𝑗

x5 = ( V5𝑗 ) ,

(6)

𝑗

𝑤5

𝑗

𝑢6

𝑗

𝑗 = 1, 2, 3.

𝑗
𝑤6

(2)

From these correspondence relations, a homogeneous nonlinear equation of the form
𝑗

𝑗

𝑗

𝑗

𝑗

𝑗

𝑖1 𝑋𝑌 + 𝑖2 𝑋𝑍 + 𝑖3 𝑋𝑇 + 𝑖4 𝑌𝑍 + 𝑖5 𝑌𝑇 + 𝑖6 𝑍𝑇 = 0

(3)

(7)

can be derived for the 𝑗th image, where
𝑗

𝑗

𝑗

𝑗

𝑗

𝑗

𝑖2 = V6 (𝑤5 − 𝑢5 ) ,

𝑗

𝑖4 = 𝑢6 (V5 − 𝑤5 ) ,

𝑖1 = 𝑤6 (𝑢5 − V5 ) ,
𝑗

𝑖3 = 𝑢5 (V6 − 𝑤6 ) ,
𝑗

𝑗

𝑗

𝑖5 = V5 (𝑤61 − 𝑢6 ) ,

𝑗

𝑗

𝑗

𝑗

𝑗

𝑗

𝑗

𝑗

𝑗

𝑗

𝑗

𝑗

𝑖6 = 𝑤5 (𝑢6 − V6 ) ,

(8)

𝑗 = 1, 2, 3.

It is also noticed that
𝑗

𝑗

𝑗

𝑗

𝑗

𝑗

𝑖1 + 𝑖2 + 𝑖3 + 𝑖4 + 𝑖5 + 𝑖6 = 0,

They form a projective basis for the 𝑗th image plane. Then the
reduced camera matrix looks like
𝑗

0
𝑗
x3 = (0) ,
1
𝑗

1
𝑗
x4 = (1) ,
1

x6 = ( V6𝑗 ) ,

Suppose that the 3D points 𝐸1 , 𝐸2 , 𝐸3 , and 𝐸4 are transformed by each camera into 2D image points
1
𝑗
𝑒1 = (0) ,
0

0
𝑗
x2 = (1) ,
0

(4)

If point correspondences between images are known, projective reconstruction can be performed by solving a system of
quadratic equations.

𝑗 = 1, 2, 3.

(9)

Since six 3D points have 18 degrees of freedom and a
3D projective transformation has 15 degrees of freedom, six
points in 3D space can have 18 − 15 = 3 independent projective invariants. There are many forms of projective invariants.
It is noticed that the ratios of 𝑋, 𝑌, 𝑍, and 𝑇 in (7) are
projective invariant. The three independent such invariants
can be
𝑌
𝑍
𝑋
(10)
𝛽= ,
𝛾= .
𝛼= ,
𝑇
𝑇
𝑇
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So the goal is to compute these unknown 3D projective
invariants from three of the 2D images.
Quan tried to solve the system of bilinear equations
(7) using the classical resultant technique. After eliminating
the variable 𝑍, he obtained two homogeneous polynomial
equations of the third degree in three variables

Points X5 and X6 can be represented as linear combinations of X1 , X2 , X3 , and X4

𝐺1 ≡ 𝑒11 𝑋2 𝑌 + 𝑒21 𝑋𝑌2 + 𝑒31 𝑋𝑌𝑇 + 𝑒41 𝑋2 𝑇

Since points X1 , X2 , X3 , and X4 are linearly independent, this
representation is unique and all the 𝛼𝑖 and 𝛽𝑖 are nonzero.
There are many forms of projective invariants. It is observed
that the cross ratios of coefficients in (15) are projective
invariant. Six 3D points have 18 degrees of freedom and 3D
projective transformation has 15 degrees of freedom. So, six
3D points can have 3 independent projective invariants. A set
of functional independent projective invariants of this form
are

+ 𝑒51 𝑋𝑇2 + 𝑒61 𝑌2 𝑇 + 𝑒61 𝑌𝑇2 = 0,
𝐺2 ≡ 𝑒12 𝑋2 𝑌 + 𝑒22 𝑋𝑌2 + 𝑒32 𝑋𝑌𝑇 + 𝑒42 𝑋2 𝑇

(11)

+ 𝑒52 𝑋𝑇2 + 𝑒62 𝑌2 𝑇 + 𝑒62 𝑌𝑇2 = 0.
Eliminating 𝑌 again will result in a homogeneous polynomial
equation in 𝑋 and 𝑇 of degree eight. After that, a third degree
polynomial equation can be derived numerically through
polynomial factorization of the following form:
𝑋𝑇 (𝑋 − 𝑇) (𝑏1 𝑋2 + 𝑏2 𝑋𝑇 + 𝑏3 𝑇2 )
3

2

2

3

× (𝑎1 𝑋 + 𝑎2 𝑋 𝑇 + 𝑎3 𝑋𝑇 + 𝑎4 𝑇 ) = 0.

(12)

As we can see from the procedure described above, the
method proposed by Quan is hard to implement by ordinary
users and inconvenient for real applications. In [13], the
author proposed a method to eliminate variable 𝛾 and variable 𝛽 in a single step. A third degree polynomial equation in
single variable 𝛼 was given explicitly.

A novel direct method for computing projective invariants of
six 3D points from four images is presented in this section.
We begin by considering a set of 3D points which are seen
from four views.
Suppose that a set of six 3D points labeled X𝑖 are given,
the geometric structure of which is unknown. The point set is
projected into view images by four unknown camera matrices
P1 , P2 , P3 , and P4 . The relationships between them are
𝑗 𝑗

𝑖 = 1, . . . , 6, 𝑗 = 1, 2, 3, 4.

(13)

The only information available is the point locations in the
four images and point correspondences between the four
projections
x𝑖1 =

𝑢𝑖1
( V𝑖1 )
1

←→

x𝑖4

←→ x𝑖2 =
𝑢𝑖4

𝑢𝑖2
( V𝑖2 )
1

←→ x𝑖3 =

X6 = 𝛽1 X1 + 𝛽2 X2 + 𝛽3 X3 + 𝛽4 X4 .

𝐼1 =

𝛼1 𝛽2
,
𝛼2 𝛽1

𝐼2 =

𝛼1 𝛽3
,
𝛼3 𝛽1

𝐼3 =

𝛼1 𝛽4
.
𝛼4 𝛽1

𝑢𝑖3
( V𝑖3 )
1

(14)

= ( V𝑖4 ) ,
1

where 𝑖 = 1, . . . , 6. It is often supposed that no four points
in space are coplanar and no three points in the images are
collinear. Otherwise the problem is much simpler.

(15)

(16)

The projective invariance of 𝐼1 , 𝐼2 , and 𝐼3 can be proved easily.
Suppose that the six points X1 , X2 , X3 , X4 , X5 , and X6 are
transformed into Y1 , Y2 , Y3 , Y4 , Y5 , and Y6 by a 3D projective
transformation A, where A is a 4 × 4 full rank matrix. That is,
𝜆 𝑖 𝑌𝑖 = 𝐴𝑋𝑖 ,

𝑖 = 1, 2, 3, 4, 5, 6,

(17)

where 𝜆 𝑖 is a nonzero real number. Let
Y5 = 𝛼̃1 Y1 + 𝛼̃2 Y2 + 𝛼̃3 Y3 + 𝛼̃4 Y4 ,
Y6 = 𝛽̃1 Y1 + 𝛽̃2 Y2 + 𝛽̃3 Y3 + 𝛽̃4 Y4

3. A Linear Method to Compute Projective
Invariants from 4 Images

𝑘𝑖 x𝑖 = P𝑗 X𝑖 ,

X5 = 𝛼1 X1 + 𝛼2 X2 + 𝛼3 X3 + 𝛼4 X4 ,

(18)

be the linear representations of Y5 and Y6 in Y1 , Y2 , Y3 , and
Y4 . Multiplying each side of each equation in (18) by matrix
A−1 , we have
X5 =

𝛼̃
𝛼̃1
𝛼̃
𝛼̃
𝜆 X + 2𝜆 X + 3𝜆 X + 4𝜆 X ,
𝜆1 5 1 𝜆2 5 2 𝜆3 5 3 𝜆4 5 4

𝛽̃
𝛽̃
𝛽̃
𝛽̃
X6 = 1 𝜆 6 X1 + 2 𝜆 6 X2 + 3 𝜆 6 X3 + 4 𝜆 6 X4 .
𝜆1
𝜆2
𝜆3
𝜆4

(19)

Since vectors X1 , X2 , X3 , and X4 are linearly independent, the
linear representations in (15) and (19) are exactly the same. So
we have
𝐼1 =

𝛼1 𝛽2 𝛼̃1 𝛽̃2 ̃
=
= 𝐼1 ,
𝛼2 𝛽1 𝛼̃2 𝛽̃1

𝐼2 =

𝛼1 𝛽3 𝛼̃1 𝛽̃3 ̃
=
= 𝐼2 ,
𝛼3 𝛽1 𝛼̃3 𝛽̃1

𝐼3 =

𝛼1 𝛽4 𝛼̃1 𝛽̃4 ̃
=
= 𝐼3 .
𝛼4 𝛽1 𝛼̃4 𝛽̃1

(20)

This proved the invariance of 𝐼1 , 𝐼2 , and 𝐼3 .
The set of projective invariants in (16) have the property
that when an invariant equals one, four of the 3D points are
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coplanar. This can be proved easily. For example, if 𝐼1 = 1, then
𝛼1 𝛽2 = 𝛼2 𝛽1 . From (15), we have
𝛽1 X5 = 𝛼1 𝛽1 X1 + 𝛼2 𝛽1 X2 + 𝛼3 𝛽1 X3 + 𝛼4 𝛽1 X4 ,

Applying variable eliminations to (28), we get
𝛼1 𝜅1𝑖 𝑎1𝑖 + 𝛼2 𝜅2𝑖 𝑎2𝑖 + 𝛼3 𝜅3𝑖 𝑎3𝑖 + 𝛼4 𝜅4𝑖 𝑎4𝑖 = 0,

(21)

𝛼1 𝜅1𝑖 𝑏1𝑖 + 𝛼2 𝜅2𝑖 𝑏2𝑖 + 𝛼3 𝜅3𝑖 𝑏3𝑖 + 𝛼4 𝜅4𝑖 𝑏4𝑖 = 0,

Subtracting one equation from the other equation in (21), we
get

𝛽1 𝜅1𝑖 𝑐1𝑖 + 𝛽2 𝜅2𝑖 𝑐2𝑖 + 𝛽3 𝜅3𝑖 𝑐3𝑖 + 𝛽4 𝜅4𝑖 𝑐4𝑖 = 0,

𝛼1 X6 = 𝛼1 𝛽1 X1 + 𝛼1 𝛽2 X2 + 𝛼1 𝛽3 X3 + 𝛼1 𝛽4 X4 .

(𝛼1 𝛽3 − 𝛼3 𝛽1 ) X3 + (𝛼1 𝛽4 − 𝛼4 𝛽1 ) X4 + 𝛽1 X5 − 𝛼1 X6 = 0.
(22)
Since 𝛼1 and 𝛽1 are not zero, we have a nontrivial linear
combination of points X3 , X4 , X5 , and X6 . So they are
coplanar.
On the other hand, if points X3 , X4 , X5 , and X6 are
coplanar, then there are numbers 𝜂3 , 𝜂4 , 𝜂5 , and 𝜂6 which are
not all zero such that
𝜂3 X3 + 𝜂4 X4 + 𝜂5 X5 + 𝜂6 X6 = 0.

𝛽1 𝜅1𝑖 𝑑1𝑖 + 𝛽2 𝜅2𝑖 𝑑2𝑖 + 𝛽3 𝜅3𝑖 𝑑3𝑖 + 𝛽4 𝜅4𝑖 𝑑4𝑖 = 0,
𝑖 = 1, 2, 3, 4,
where
𝑗

𝑗

𝑗

𝑏𝑖 = V𝑖 − V5 ,

𝑗

𝑗

𝑗

𝑑𝑖 = V𝑖 − V6 ,

𝑎𝑖 = 𝑢𝑖 − 𝑢5 ,
𝑐𝑖 = 𝑢𝑖 − 𝑢6 ,

(23)

Substituting X5 and X6 using (15) into (23), we obtain

𝑗

𝑗

𝑗

𝑗

𝑗

𝑗

Rewriting (29) in another form, we have

+ (𝛼3 𝜂5 + 𝛽3 𝜂6 + 𝜂3 ) X3 + (𝛼4 𝜂5 + 𝛽4 𝜂6 + 𝜂4 ) X4 = 0.
(24)

𝑎1𝑖 + 𝑎2𝑖 𝐾1 + 𝑎3𝑖 𝐾2 + 𝑎4𝑖 𝐾3 = 0,

Since points X1 , X2 , X3 , and X4 are not coplanar, the coefficients in (24) have to be exactly zero. From this condition we
have

𝑏1𝑖 + 𝑏2𝑖 𝐾1 + 𝑏3𝑖 𝐾2 + 𝑏4𝑖 𝐾3 = 0,

𝛼2 𝜂5 + 𝛽2 𝜂6 = 0.

𝑐1𝑖 + 𝑐2𝑖 𝐼1 𝐾1 + 𝑐3𝑖 𝐼2 𝐾2 + 𝑐4𝑖 𝐼3 𝐾3 = 0,

(25)

𝛼1 𝛽2
= 1.
𝛼2 𝛽1

𝜅5𝑖 x5𝑖 = 𝛼1 𝜅1𝑖 x1𝑖 + 𝛼2 𝜅2𝑖 x2𝑖 + 𝛼3 𝜅3𝑖 x3𝑖 + 𝛼4 𝜅4𝑖 x4𝑖 ,
𝜅6𝑖 x6𝑖

=

𝛽1 𝜅1𝑖 x1𝑖

+

𝛽2 𝜅2𝑖 x2𝑖

+

𝑖 = 1, 2, 3, 4,

(26)

This proved the claim that the necessary and sufficient condition for four of the six points to be coplanar is that one of
the projective invariants equals one.
Our next objective is to derive these invariants from
image point correspondences. Multiplying each side of (15)
by the projection matrices P1 , P2 , P3 , and P4 , we have

𝛽3 𝜅3𝑖 x3𝑖

+

𝛽4 𝜅4𝑖 x4𝑖 ,

(27)

where
𝐾1 =

𝛼2 𝜅21
,
𝛼1 𝜅11

𝐾2 =

𝛼3 𝜅31
,
𝛼1 𝜅11

𝐾3 =

𝐼1 =

𝛼1 𝛽2
,
𝛼2 𝛽1

𝐼2 =

𝛼1 𝛽3
,
𝛼3 𝛽1

𝐼3 =

That is,
=

𝛼1 𝜅1𝑖 𝑢1𝑖

+

𝛼2 𝜅2𝑖 𝑢2𝑖

+

𝛼3 𝜅3𝑖 𝑢3𝑖

+

det (

𝛼4 𝜅4𝑖 𝑢4𝑖 ,

𝜅5𝑖 = 𝛼1 𝜅1𝑖 + 𝛼2 𝜅2𝑖 + 𝛼3 𝜅3𝑖 + 𝛼4 𝜅4𝑖 ,

𝜅6𝑖 V6𝑖 = 𝛽1 𝜅1𝑖 V1𝑖 + 𝛽2 𝜅2𝑖 V2𝑖 + 𝛽3 𝜅3𝑖 V3𝑖 + 𝛽4 𝜅4𝑖 V4𝑖 ,

𝛼1 𝛽4
.
𝛼4 𝛽1

𝑎1𝑖

𝑎2𝑖

𝑎3𝑖

𝑎4𝑖

𝑏1𝑖

𝑏2𝑖

𝑏3𝑖

𝑏4𝑖

𝑐1𝑖 𝐼1 𝑐2𝑖 𝐼2 𝑐3𝑖 𝐼3 𝑐4𝑖

(32)

(33)

) = 0,

𝑑1𝑖 𝐼1 𝑑2𝑖 𝐼2 𝑑3𝑖 𝐼3 𝑑4𝑖

𝜅5𝑖 V5𝑖 = 𝛼1 𝜅1𝑖 V1𝑖 + 𝛼2 𝜅2𝑖 V2𝑖 + 𝛼3 𝜅3𝑖 V3𝑖 + 𝛼4 𝜅4𝑖 V4𝑖 ,

𝜅6𝑖 𝑢6𝑖 = 𝛽1 𝜅1𝑖 𝑢1𝑖 + 𝛽2 𝜅2𝑖 𝑢2𝑖 + 𝛽3 𝜅3𝑖 𝑢3𝑖 + 𝛽4 𝜅4𝑖 𝑢4𝑖 ,

𝛼4 𝜅41
,
𝛼1 𝜅11

Since we have known in advance that the systems of equations
in (31) have nontrivial solutions, the coefficients matrices in
(31) must be rank deficient. That is

𝑖 = 1, 2, 3, 4.
𝜅5𝑖 𝑢5𝑖

(31)

𝑑1𝑖 + 𝑑2𝑖 𝐼1 𝐾1 + 𝑑3𝑖 𝐼2 𝐾2 + 𝑑4𝑖 𝐼3 𝐾3 = 0,

From (25), we obtain
𝐼1 =

(30)

𝑖, 𝑗 = 1, 2, 3, 4.

(𝛼1 𝜂5 + 𝛽1 𝜂6 ) X1 + (𝛼2 𝜂5 + 𝛽2 𝜂6 ) X2

𝛼1 𝜂5 + 𝛽1 𝜂6 = 0,

(29)

(34)

𝑖 = 1, 2, 3, 4.
(28)

Using these constraints, we can obtain a system of four
bilinear equations in variables 𝐼1 , 𝐼2 , and 𝐼3 of the following
form:

𝜅6𝑖 = 𝛽1 𝜅1𝑖 + 𝛽2 𝜅2𝑖 + 𝛽3 𝜅3𝑖 + 𝛽4 𝜅4𝑖 ,

𝑡1𝑖 𝐼1 + 𝑡2𝑖 𝐼2 + 𝑡3𝑖 𝐼3 + 𝑡4𝑖 𝐼1 𝐼2 + 𝑡5𝑖 𝐼1 𝐼3 + 𝑡6𝑖 𝐼2 𝐼3 = 0,

𝑖 = 1, 2, 3, 4.

𝑖 = 1, 2, 3, 4,

(35)
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The solutions of (40) are 𝐼1 = 1 and

where
𝑡1𝑖 = 𝑎4𝑖 𝑏3𝑖 𝑐2𝑖 𝑑1𝑖 − 𝑎4𝑖 𝑏3𝑖 𝑐1𝑖 𝑑2𝑖 + 𝑎3𝑖 𝑏4𝑖 𝑐1𝑖 𝑑2𝑖 − 𝑎3𝑖 𝑏4𝑖 𝑐2𝑖 𝑑1𝑖 ,

𝑡11 𝑡41 +𝑡51 𝑡31 𝑡61
𝑡2 𝑡42 +𝑡52 𝑡32 𝑡62

det ( 𝑡13

𝑡2𝑖 = 𝑎4𝑖 𝑏2𝑖 𝑐1𝑖 𝑑3𝑖 − 𝑎4𝑖 𝑏2𝑖 𝑐3𝑖 𝑑1𝑖 + 𝑎2𝑖 𝑏4𝑖 𝑐3𝑖 𝑑1𝑖 − 𝑎2𝑖 𝑏4𝑖 𝑐1𝑖 𝑑3𝑖 ,
𝐼1 = −

𝑡3𝑖 = 𝑎3𝑖 𝑏2𝑖 𝑐4𝑖 𝑑1𝑖 − 𝑎2𝑖 𝑏3𝑖 𝑐4𝑖 𝑑1𝑖 + 𝑎2𝑖 𝑏3𝑖 𝑐1𝑖 𝑑4𝑖 − 𝑎3𝑖 𝑏2𝑖 𝑐1𝑖 𝑑4𝑖 ,
𝑡4𝑖 = 𝑎4𝑖 𝑏1𝑖 𝑐3𝑖 𝑑2𝑖 − 𝑎4𝑖 𝑏1𝑖 𝑐2𝑖 𝑑3𝑖 + 𝑎1𝑖 𝑏4𝑖 𝑐2𝑖 𝑑3𝑖 − 𝑎1𝑖 𝑏4𝑖 𝑐3𝑖 𝑑2𝑖 ,

𝑡6𝑖 = 𝑎2𝑖 𝑏1𝑖 𝑐4𝑖 𝑑3𝑖 − 𝑎1𝑖 𝑏2𝑖 𝑐4𝑖 𝑑3𝑖 + 𝑎1𝑖 𝑏2𝑖 𝑐3𝑖 𝑑4𝑖 − 𝑎2𝑖 𝑏1𝑖 𝑐3𝑖 𝑑4𝑖 ,
𝑖 = 1, 2, 3, 4.
The system of bilinear equations in (35) can be solved
directly by numerical methods. However, nonlinear numerical methods are usually time consuming and sometimes not
very stable. Classical method of variable elimination through
the resultant technique will result in a high order polynomial
equation in a single variable. This is not what we anticipate.
The main contribution of this paper is that we will show that
the system of nonlinear equations can be solved linearly. This
is done by using a modified scheme of variable elimination.
Now we proceed to derive the linear solution of the
system of equations (35). Rewriting (35) in matrix form, we
can obtain
𝑡11 𝑡21 + 𝑡41 𝐼1 𝑡31 + 𝑡51 𝐼1 𝑡61

𝐼1
𝑡12 𝑡22 + 𝑡42 𝐼1 𝑡32 + 𝑡52 𝐼1 𝑡62
𝐼
) ( 2 ) = 0.
(3 3 3
𝐼3
𝑡1 𝑡2 + 𝑡4 𝐼1 𝑡33 + 𝑡53 𝐼1 𝑡63
𝐼2 𝐼3
4 4
4
4
4
4
𝑡1 𝑡2 + 𝑡4 𝐼1 𝑡3 + 𝑡5 𝐼1 𝑡6

det (

(36)

𝑡5𝑖 = 𝑎1𝑖 𝑏3𝑖 𝑐4𝑖 𝑑2𝑖 − 𝑎3𝑖 𝑏1𝑖 𝑐4𝑖 𝑑2𝑖 + 𝑎3𝑖 𝑏1𝑖 𝑐2𝑖 𝑑4𝑖 − 𝑎1𝑖 𝑏3𝑖 𝑐2𝑖 𝑑4𝑖 ,

𝑡21
𝑡22
𝑡23
𝑡24

+
+
+
+

𝑡41 𝐼1
𝑡42 𝐼1
𝑡43 𝐼1
𝑡44 𝐼1

𝑡31
𝑡32
𝑡33
𝑡34

+
+
+
+

𝑡51 𝐼1
𝑡52 𝐼1
𝑡53 𝐼1
𝑡54 𝐼1

𝑡61
𝑡62
)
𝑡63
𝑡64

+
+
+

𝑡52 ) (𝐼1
𝑡53 ) (𝐼1
𝑡54 ) (𝐼1

− 1)
− 1)
− 1)

𝑡32
𝑡33
𝑡34

+
+
+

𝑡62
)
𝑡63
𝑡64

(42)

Since 𝐼1 , 𝐼2 , and 𝐼3 are nonzero, we have
𝑡11 + 𝑡41 𝐼2 𝑡21 𝑡31 + 𝑡61 𝐼2 𝑡51
𝑡12 + 𝑡42 𝐼2 𝑡22 𝑡32 + 𝑡62 𝐼2 𝑡52
𝑡13 + 𝑡43 𝐼2 𝑡23 𝑡33 + 𝑡63 𝐼2 𝑡53

) = 0.

(43)

𝑡14 + 𝑡44 𝐼2 𝑡24 𝑡34 + 𝑡64 𝐼2 𝑡54

(𝑡41 + 𝑡61 ) (𝐼2 − 1) 𝑡21 𝑡31 + 𝑡61 𝐼2 𝑡51

(38)

(𝑡42 + 𝑡62 ) (𝐼2 − 1) 𝑡22 𝑡32 + 𝑡62 𝐼2 𝑡52
(𝑡43 + 𝑡63 ) (𝐼2 − 1) 𝑡23 𝑡33 + 𝑡63 𝐼2 𝑡53

).

(44)

(𝑡44 + 𝑡64 ) (𝐼2 − 1) 𝑡24 𝑡34 + 𝑡64 𝐼2 𝑡54
Then the unique solution of 𝐼2 is

𝑖 = 1, 2, 3, 4.

𝑡52 𝐼1
𝑡53 𝐼1
𝑡54 𝐼1

)

Applying constraints (39) to (43), we obtain

(39)

𝑡11 (𝑡41 + 𝑡51 ) (𝐼1 − 1) 𝑡31 + 𝑡51 𝐼1 𝑡61
(𝑡42
(𝑡43
(𝑡44

(41)

𝐼1
𝐼
(3 3
) ( 2 ) = 0.
3 3
3
3
𝐼3
𝑡1 + 𝑡4 𝐼2 𝑡2 𝑡3 + 𝑡6 𝐼2 𝑡5
𝐼
4
4
4 4
4
4
1 𝐼3
𝑡1 + 𝑡4 𝐼2 𝑡2 𝑡3 + 𝑡6 𝐼2 𝑡5

(37)

Applying constraints (39) to (38), we obtain the following
equation:

𝑡12
det ( 3
𝑡1
𝑡14

.

𝑡12 + 𝑡42 𝐼2 𝑡22 𝑡32 + 𝑡62 𝐼2 𝑡52

det (

This is a second degree polynomial equation in variable 𝐼1 .
A quadratic equation generally has two solutions. To obtain
a unique solution, we have to apply further constraints. It is
checked that
𝑡1𝑖 + 𝑡2𝑖 + 𝑡3𝑖 + 𝑡4𝑖 + 𝑡5𝑖 + 𝑡6𝑖 = 0,

)

𝑡44 +𝑡54 𝑡34 𝑡64
1 1 1 1
𝑡1 𝑡4 𝑡5 𝑡6
𝑡12 𝑡42 𝑡52 𝑡62
𝑡13 𝑡43 𝑡53 𝑡63
𝑡14 𝑡44 𝑡54 𝑡64

𝑡11 + 𝑡41 𝐼2 𝑡21 𝑡31 + 𝑡61 𝐼2 𝑡51

det (
= 0.

𝑡43 +𝑡53 𝑡33 𝑡63

The solution 𝐼1 = 1 corresponds to the condition that
four of the 3D points are coplanar. We neglect this solution
according to the assumption that no four points are coplanar.
In this way a unique linear solution of the projective invariant
𝐼1 is obtained.
Now we derive the solution of 𝐼2 . From (35), we can obtain

Since 𝐼1 , 𝐼2 , and 𝐼3 are nonzero, the determinant of the
coefficient matrix in (37) has to be zero. So we have
𝑡11
𝑡12
det ( 3
𝑡1
𝑡14

1
𝑡14

𝑡41 +𝑡61 𝑡21 𝑡31 𝑡51
𝑡2 +𝑡2 𝑡22 𝑡32 𝑡52

det ( 𝑡43 +𝑡63
𝐼2 = −

3 3 3
4 6 𝑡2 𝑡3 𝑡5
𝑡44 +𝑡64 𝑡24 𝑡34 𝑡54
𝑡41 𝑡21 𝑡61 𝑡51
𝑡42 𝑡22 𝑡62 𝑡52
𝑡43 𝑡23 𝑡63 𝑡53
𝑡44 𝑡24 𝑡64 𝑡54

det (

)
.

(45)

)

Now we derive the solution of 𝐼3 . From (35), we can obtain
𝑡11 + 𝑡51 𝐼3 𝑡21 + 𝑡61 𝐼3 𝑡31 𝑡41

= 0.

(40)

𝐼1
𝑡12 + 𝑡52 𝐼3 𝑡22 + 𝑡62 𝐼3 𝑡32 𝑡42
𝐼
) ( 2 ) = 0.
(3 3
3
3
3 3
𝐼3
𝑡1 + 𝑡5 𝐼3 𝑡2 + 𝑡6 𝐼3 𝑡3 𝑡4
𝐼
𝐼2
1
𝑡14 + 𝑡54 𝐼3 𝑡24 + 𝑡64 𝐼3 𝑡34 𝑡44

(46)
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X = RandomReal[{−1000, 1000}, {6, 4}];
M = RandomReal[{−1, 1}, {4, 3, 4}];
T = RandomReal[{0, 1}, {4, 6}];
x = RandomReal[{0, 1}, {4, 6, 3}];
a = RandomReal[{0, 1}, {4, 6, 4}];
b = RandomReal[{0, 1}, {4, 6, 4}];
u = RandomReal[{0, 1}, {4, 6}];
v = RandomReal[{0, 1}, {4, 6}];
X[[1, 4]] = 1;
X[[2, 4]] = 1;
X[[3, 4]] = 1;
X[[4, 4]] = 1;
X[[5, 4]] = 1;
X[[6, 4]] = 1;
XT = Transpose[{X[[1]], X[[2]], X[[3]], X[[4]]}];
A = LinearSolve[XT, X[[5]]];
B = LinearSolve[XT, X[[6]]];
Inv1 = (A[[1]] B[[2]])/(A[[2]] B[[1]]);
Inv2 = (A[[1]] B[[3]])/(A[[3]] B[[1]]);
Inv3 = (A[[1]] B[[4]])/(A[[4]] B[[1]]);
Print[“The three invariants computed from 3D point
locations: ”, Inv1, “ ”, Inv2, “ ”, Inv3];
For[i = 1, i <= 4, i++, For[j = 1, j <= 6, j++,
x[[i, j]] = M[[i]] ⋅ X[[j]];
u[[i, j]] = x[[i, j, 1]]/x[[i, j, 3]];
v[[i, j]] = x[[i, j, 2]]/x[[i, j, 3]];
]];
For[i = 1, i <= 4, i++, For[j = 5, j <= 6, j++,
a[[i, j, 1]] = u[[i, 1]] − u[[i, j]];
a[[i, j, 2]] = u[[i, 2]] − u[[i, j]];
a[[i, j, 3]] = u[[i, 3]] − u[[i, j]];
a[[i, j, 4]] = u[[i, 4]] − u[[i, j]];
b[[i, j, 1]] = v[[i, 1]] − v[[i, j]];
b[[i, j, 2]] = v[[i, 2]] − v[[i, j]];
b[[i, j, 3]] = v[[i, 3]] − v[[i, j]];
b[[i, j, 4]] = v[[i, 4]] − v[[i, j]];
]];
For[i = 1, i <= 4, i++,
T[[i, 1]] = (a[[i, 5, 3]] b[[i, 5, 4]] − a[[i, 5, 4]] b[[i, 5, 3]])
(a[[i, 6, 1]] b[[i, 6, 2]] − a[[i, 6, 2]] b[[i, 6, 1]]);
T[[i, 2]] = (a[[i, 5, 4]] b[[i, 5, 2]] − a[[i, 5, 2]] b[[i, 5, 4]])
(a[[i, 6, 1]] b[[i, 6, 3]] − a[[i, 6, 3]] b[[i, 6, 1]]);
T[[i, 3]] = (a[[i, 5, 2]] b[[i, 5, 3]] − a[[i, 5, 3]] b[[i, 5, 2]])
(a[[i, 6, 1]] b[[i, 6, 4]] − a[[i, 6, 4]] b[[i, 6, 1]]);
T[[i, 4]] = (a[[i, 5, 1]] b[[i, 5, 4]] − a[[i, 5, 4]] b[[i, 5, 1]])
(a[[i, 6, 2]] b[[i, 6, 3]] − a[[i, 6, 3]] b[[i, 6, 2]]);
T[[i, 5]] = (a[[i, 5, 3]] b[[i, 5, 1]] − a[[i, 5, 1]] b[[i, 5, 3]])
(a[[i, 6, 2]] b[[i, 6, 4]] − a[[i, 6, 4]] b[[i, 6, 2]]);
T[[i, 6]] = (a[[i, 5, 1]] b[[i, 5, 2]] − a[[i, 5, 2]] b[[i, 5, 1]])
(a[[i, 6, 3]] b[[i, 6, 4]] − a[[i, 6, 4]] b[[i, 6, 3]]);
];
I1 = −Det[{
{T[[1, 1]], T[[1, 4]] + T[[1, 5]], T[[1, 3]], T[[1, 6]]},
{T[[2, 1]], T[[2, 4]] + T[[2, 5]], T[[2, 3]], T[[2, 6]]},
{T[[3, 1]], T[[3, 4]] + T[[3, 5]], T[[3, 3]], T[[3, 6]]},
{T[[4, 1]], T[[4, 4]] + T[[4, 5]], T[[4, 3]], T[[4, 6]]}
}]/Det[{
Algorithm 1: Continued.
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{T[[1, 1]], T[[1, 4]], T[[1, 5]], T[[1, 6]]},
{T[[2, 1]], T[[2, 4]], T[[2, 5]], T[[2, 6]]},
{T[[3, 1]], T[[3, 4]], T[[3, 5]], T[[3, 6]]},
{T[[4, 1]], T[[4, 4]], T[[4, 5]], T[[4, 6]]}
}];
I2 = −Det[{
{T[[1, 4]] + T[[1, 6]], T[[1, 2]], T[[1, 3]], T[[1, 5]]},
{T[[2, 4]] + T[[2, 6]], T[[2, 2]], T[[2, 3]], T[[2, 5]]},
{T[[3, 4]] + T[[3, 6]], T[[3, 2]], T[[3, 3]], T[[3, 5]]},
{T[[4, 4]] + T[[4, 6]], T[[4, 2]], T[[4, 3]], T[[4, 5]]}
}]/Det[{
{T[[1, 4]], T[[1, 2]], T[[1, 6]], T[[1, 5]]},
{T[[2, 4]], T[[2, 2]], T[[2, 6]], T[[2, 5]]},
{T[[3, 4]], T[[3, 2]], T[[3, 6]], T[[3, 5]]},
{T[[4, 4]], T[[4, 2]], T[[4, 6]], T[[4, 5]]}
}];
I3 = −Det[{
{T[[1, 5]] + T[[1, 6]], T[[1, 2]], T[[1, 3]], T[[1, 4]]},
{T[[2, 5]] + T[[2, 6]], T[[2, 2]], T[[2, 3]], T[[2, 4]]},
{T[[3, 5]] + T[[3, 6]], T[[3, 2]], T[[3, 3]], T[[3, 4]]},
{T[[4, 5]] + T[[4, 6]], T[[4, 2]], T[[4, 3]], T[[4, 4]]}
}]/Det[{
{T[[1, 5]], T[[1, 6]], T[[1, 3]], T[[1, 4]]},
{T[[2, 5]], T[[2, 6]], T[[2, 3]], T[[2, 4]]},
{T[[3, 5]], T[[3, 6]], T[[3, 3]], T[[3, 4]]},
{T[[4, 5]], T[[4, 6]], T[[4, 3]], T[[4, 4]]}
}];
Print[“The three invariants computed from 2D projections: ”,
I1, “ ”, I2, “ ”, I3];
Algorithm 1

Since 𝐼1 , 𝐼2 , and 𝐼3 are nonzero, we have

4. Implementation of the Algorithm

𝑡11 + 𝑡51 𝐼3 𝑡21 + 𝑡61 𝐼3 𝑡31 𝑡41
det (

𝑡12 + 𝑡52 𝐼3 𝑡22 + 𝑡62 𝐼3 𝑡32 𝑡42
𝑡13 + 𝑡53 𝐼3 𝑡23 + 𝑡63 𝐼3 𝑡33 𝑡43

) = 0.

(47)

5. Conclusions

𝑡14 + 𝑡54 𝐼3 𝑡24 + 𝑡64 𝐼3 𝑡34 𝑡44
Applying constraints (39) to (47), we obtain
(𝑡51 + 𝑡61 ) (𝐼3 − 1) 𝑡21 + 𝑡61 𝐼3 𝑡31 𝑡41
det (

(𝑡52 + 𝑡62 ) (𝐼3 − 1) 𝑡22 + 𝑡62 𝐼3 𝑡32 𝑡42
(𝑡53 + 𝑡63 ) (𝐼3 − 1) 𝑡23 + 𝑡63 𝐼3 𝑡33 𝑡43

) = 0.

(48)

.

(49)

(𝑡54 + 𝑡64 ) (𝐼3 − 1) 𝑡24 + 𝑡64 𝐼3 𝑡34 𝑡44
Then the unique solution of 𝐼3 is
𝑡51 +𝑡61 𝑡21 𝑡31 𝑡41
𝑡2 +𝑡2 𝑡22 𝑡32 𝑡42

det ( 𝑡53 +𝑡63
𝐼3 = −

3 3 3
5 6 𝑡2 𝑡3 𝑡4
𝑡54 +𝑡64 𝑡24 𝑡34 𝑡44
𝑡51 𝑡61 𝑡31 𝑡41
𝑡52 𝑡62 𝑡32 𝑡42
𝑡53 𝑡63 𝑡33 𝑡43
𝑡54 𝑡64 𝑡34 𝑡44

det (

)

)

We have validated the proposed method on the mathematica
platform. The implementation is very simple. The code is
given in Algorithm 1.

We have presented a direct and linear method for computing
projective invariants of six 3D points from four 3D to
2D projection images. It can be used in 3D point pattern
recognition from 2D images directly. Traditional methods for
solving this problem are nonlinear and very complicated to
use in real applications. The proposed formulas are clear and
easy to implement by ordinary users. Another feature of our
method is that we compute the projective invariants using
only the original data. It is noticed that transformations of
the original data can amplify the noise level of the data. This
study provides a deeper understanding of the structure and
motion problem. It seems that the natural configuration of
the projective reconstruction problem is six points and four
images.
Future directions of research include using this method
in iterative or minimization schemas to solve the projective
reconstruction problem with noising data, missing data, or
outliers. It is also possible to develop similar methods for the
cases of seven points in three images and eight points in two
images.
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This paper studied the topology of NoC (Network-on-Chip). By combining the characteristics of the Clos network and butterfly
network, a new topology named BFC (Butterfly Clos-network) network was proposed. This topology integrates several modules,
which belongs to the same layer but different dimensions, into a new module. In the BFC network, a bidirectional link is used
to complete information exchange, instead of information exchange between different layers in the original network. During the
routing period, other nondestination nodes can be used as middle stages to transfer data packets to complete the routing mission.
Therefore, this topology has the characteristic of multistage. Simulation analyses show that BFC inherits the rich path diversity of
Clos network, and it has a better performance than butterfly network in throughput and delay in a quite congested traffic pattern.

1. Introduction
As an improvement on SoC (System-on-Chip), NoC is an
intercommunication-based network system, which is implemented on an integrated circuit. With the development of IC
technology, SoC based on the traditional bus architecture has
been unable to meet the increasing requirement of network
communication. With the transplantation of network technology from computer systems and the replacement of traditional bus structure with network structure, NoC solves the
communication bottleneck issue of SoC and is rather promising. The topology of NoC defines the layout and on-link mode
of nodes and lines in the network. As a key technology of
NoC, it plays an important role in the performance of the network, such as throughput, delay, fault tolerance, and load balance. At present, total 100 number of research institutions and
companies engaged in on-chip network research in which the
better-known institutions have Satanford University in [1],
Princeton University in [2], the University of Bologna, KTH
[3], the SGS-Thomson semiconductor company, Arteriscompany France Curie University [4], and The Royal Swedish
Institute of Technology, the Netherlands PHILIP laboratories.
NoC applications can be of a static or dynamic nature.
In static applications, the parameters are well defined prior
to the design phase, allowing a topology to meet the specific

requirements needed by the given application during synthesis. In dynamic workload applications such as those dealt with
in MPSoC scenarios, new application PEs may be inserted at
any time. Regular topologies such as mesh and torus are often
used to overcome such plug-and-play compatibility issues.
Regular topologies however result in poor performance due
to increases in power usage and hardware area overhead on
account of the topological regularity. It has become evident
through research that the application specific NoC architecture is superior to regular topologies in terms of power consumption and NoC resources [5]. Regular topologies tend to
assume that NoC systems contain homogeneous cores, where
in reality, many high performance SoCs make use of heterogeneous processors/cores. As a result, designs containing
nonuniform core sizes do not match the standard, tile-based
floor plan of these topologies [6]. For the majority of SoCs, it
is known that sizes ranging from small to state-of-the-art systems can be designed with static (or semistatic) mapping of
tasks to cores, and therefore the communication traffic characteristics of the SoC can also be obtained statically [7]. Given
this fact, it is then possible to create a custom design that
can cater to the communication characteristics of the system
while reducing power and on-chip area and improving performance. This work addresses the static workload scenario,
incorporating a number of factors during topology synthesis

2
to generate application specific NoCs which meet the power
and performance requirements of the given application.
With the increase of chip integration, the future number
of transistors on a single chip will reach billions. On-chip
multiprocessor is able to effectively use the massive onchip transistors resources, which has become the development trend of high-performance processors [8–10]. Chip
network has a more important influence in the scalability
and performance of chip multiprocessor, which gradually
becomes a research hotspot [11–13]. In recent years, onchip network research has focused on low power design
[14, 15], router design [16, 17], implementation and test
methods [18, 19], and fault tolerance mechanism. Currently,
few studies are about the topology and routing algorithm,
and most of the existing single-chip multiprocessor uses the
classical topology (including Mesh, Torus). As the size of
chip network is usually smaller in scale than the large-scale
parallel machines, on-chip network design must give full
consideration to the difficulty of the physical realization, so
the traditional network for parallel machines Mesh, Torus,
and so forth does not necessarily apply to the classical
topology. Thus according to its characteristics, studying for
on-chip network topology is of great significance.
The remainder of this paper is organized as follows.
Section 2 provides some introductions on network topology
architectures. Section 3 presents the details about the routing algorithm design based on BFC architecture. Section 4
presents the evaluation methodology and simulation results.
Section 5 summarizes the paper by presenting our conclusions in this area.

2. Topology Introductions
2.1. Clos Network Topology. Clos network [20–22] was first
proposed by Charles Clos in 1953. Clos network is the most
commonly used three Clos network 𝐶(𝑚, 𝑛, 𝑟) shown in Figure 1, where 𝑚 is the number of middle-class switching units;
𝑛 is the input ports of the input stage switch module, which
is the output ports of output level switching units; 𝑟 is the
number of input stage switching unit, which is the number of
output stage switching units. Each switch module is a crossbar
structure in accordance with crossbar model to work.
The cache architecture based on three Clos networks
can be divided into three categories: full-cache-type Clos
network, non-cache-type Clos network, and part-cache-type
Clos network.
2.1.1. Full-Cache-Type Clos Network (MMM, MemoryMemory-Memory). The structure is based on three kinds
of shared cache switching fabric. This uses a connectionoriented routing method. When the data packet arrives at
the input stage switch modules, switching network based on
its source input port and output port for the target opens
up a transmission path routing. Because it is connectionoriented routing method, so this kind of transmission is a
closed, nonblocking transmission. There are some caches
in three-level MMM mode, and the routing can be used to
record relevant information. However, this method requires
a lot of middle-class switching module, the requirements
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Figure 1: Three-Clos network topology.

of the size of the buffer space are very high, the bandwidth
allocation and the buffer queue options are needed to solve
the problem, and the operation is very complex. Therefore,
the application of MMM is currently very narrow, and little
has been put into actual business.
2.1.2. Non-Cache-Type Clos Network (SSS, Space-Space-Space).
This kind of structure is a cache of the exchange without any
structure. The exchange network design is relatively simple,
which does not arrange the cache device. However, because
it does not exist cache, the request for a new arrival, such as
you need to complete before sending the output port and the
use of intermediate-level switching unit selection, requires
a more complex scheduling algorithms. Moreover, without
caching devices, it is prone to internal blocking.
2.1.3. Part-Cache-Type Clos Network (MSM, Memory-SpaceMemory). This kind of network uses the first- and thirdlevel shared cache, and the exchange unit of the middle class
does not use the cached exchange. It uses a packet-oriented
routing. In the routing process, the routing operations are
completed the input port buffer queue data packets in a cycle,
and the selected packets are sent to the cache. In the next cycle
it will be sent out, while other groups are rerouting operations
experience.
Clos network has a good path diversity, but it may still
occur in the internal block. Internal blocking is an effective
request for the network, which is not a free intermediate
module linked directly, and the so-called effective request is
an empty request for input ports and output ports.
There are currently three different methods to ensure
nonblocking network work, and the three methods are
described as follows.
(1) Strict sense nonblocking: for a 𝐶(𝑚, 𝑛, 𝑟) network,
when 𝑚 ≥ 2𝑛−1 is established, which is called as strict
nonblocking network. In a strict nonblocking state of
the Internet, for any free port input stage and output
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stage, there is always a free link linked, which does not
adjust to other multilevel network to establish a good
path. Regardless of selection strategy will not appear
blocked.
(2) Wide sense nonblocking: the requirements of the
wide sense nonblocking network are relatively low,
and it refers to blocking within the network by routing
algorithms to help solve the congestion problem and
find the right link for the data packet without the need
breaking the link for completed routing request.
(3) Rearranged nonblocking: rearranged nonblocking
network is an improvement for the generalized nonblocking network. It can be rearranged by using a
generalized nonblocking mechanism to extend the
network implementation, once the blockage occurs
in the network by using a specific routing algorithm
to break up the current network links based on
the routing requests to reestablish the connection.
This rearrangement algorithm can make the link to
connect to rationalize and improve module utilization greatly. However, the design of corresponding
algorithm is more complex which may re-break the
link and make the cache delay, energy consumption
largely. For a 𝐶(𝑚, 𝑛, 𝑟) network, only when 𝑚 ≥ 𝑛,
the network is rearranged.In the actual network, the
different types of networks have different roles. Our
broad network of nonblocking Clos network routing
algorithm provides a more efficient routing algorithm
to improve the network performance. Nonblocking
network can be rearranged, which can be used to
study the reorganization algorithm.
2.2. Butterfly Network Topology. Butterfly network [23–25]
from the hypercube network is a hypercube deformation
network.
𝑛-Dimensional butterfly network can be written as BF(𝑛),
and it exists as a vertex set, specifically indicated as shown in
(1) in [26]:
𝑉 = {(𝑥; 𝑖) : 𝑥 ∈ 𝑉 (𝑄𝑛) , 0 ≤ 𝑖 ≤ 𝑛} ,

(1)

where 𝑛 is the number of layers with the butterfly network
denoted by BF(𝑛) of the butterfly network with 𝑛 + 1 layers.
𝑥 is the horizontal coordinate of the butterfly network. When
the value of 𝑛 is determined, the maximum value of 𝑥 will be
determined specifically for 2𝑛 . 𝑄𝑛 is the set of nodes for each
layer. Figure 2 shows a three-layer butterfly network.
Known butterfly network layer parameters 𝑛 can determine the width of the network that each node has the number
of 2𝑛 , so a BF(𝑛) network has (𝑛+1)2𝑛 vertices. 𝑛 is 3 in Figure
1, and the number of nodes in the network topology is 32.
If 𝑗 = 𝑖 + 1 and 𝑥 = 𝑦, or 𝑥 and 𝑦 have exactly 𝑗 different
coordinates, (𝑥, 𝑖) and (𝑦, 𝑗) vertices are interconnected by an
undirected edge.
When 𝑥 = 𝑦, the side is called the direct side, and the
remaining sides are called cross-edges.
In the butterfly network BF(𝑛), each vertex of the 0-layer
and 𝑛-layers is 2, and the remaining vertices are 4, so the
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Figure 2: Three-layer butterfly network topology.

entire network has the formula for calculating the number of
edges as shown in
𝑒 (BF (𝑛)) = 2 × 𝑛 × 2𝑛 = 𝑛 × 2𝑛+1 .

(2)

As the butterfly network and hypercube networks are very
similar, so they have the following advantages. (1) Butterfly
network has a simple recursive structure; that is, BF(𝑛)
network can be simply divided into two disjoint BF(𝑛 − 1)
networks. Two disjoint BF(𝑛 − 1) networks will be able to get
by removing all the vertices of the 𝑛th layer BF(𝑛). (2) The
unique path length 𝑛 exists between (𝑥, 0) and (𝑦, 𝑛) vertices,
it is just a vertex which passes through each layer, and the use
of cross-edges from the 𝑖 to 𝑖 + 1 layer only has exactly 𝑖 + 1
different coordinates. So we can know that BF(𝑛) has 𝑛-order.
The butterfly network structure has good performance,
so it can host multiple source nodes, and it can give the full
advantages of a high number of routes, and reducing network
latency, overhead, and so forth performs well. However, it
does not have path diversity, in adversarial networks or high
load on the network congestion situation which is more
serious.
2.3. BFC Network Topology. The analysis from the previous
section can know that butterfly network [27] can give the
full advantages of a high number of routes, but it does
not have path diversity in dealing with congestion in poor
performance. Clos network has a good path diversity, which
can provide multiple data link between each pair of nodes, so
it has a good solution to the problem of network congestion.
However, the routing process must use a lot of middle-class
switching module, which needs more access lines resulting in
much higher routing delay than the butterfly network, but the
network overhead is larger than the butterfly network.
This section presents that the BFC topology network has a
combination of the above two advantages, while overcoming
their shortcomings. It is derived from the butterfly network
inheriting the excellent network performance of the butterfly
network; you can use a high number of routing equipment;
the routing latency is low it also has the advantages of Clos
network path diversity.
BFC network layer of the butterfly network with a number
of different dimensions of the node modules is integrated
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Figure 6: BFC network topology.

Figure 4: Planar butterfly network.

into a new module. The exchange of information between
different layers uses a two-way link to complete in the
new unified network. Figure 3 shows a three-layer butterfly
network; each node is a routing node; they can connect a
number of resource nodes. Four routing nodes 𝑅0 , 𝑅1 , 𝑅2 ,
and 𝑅3 in the leftmost of Figure 3 are integrated into a single
routing node, and the remaining nodes are integrated with
the same approach, so we can get the routing node map
shown in Figure 4. This transformation forming graph is
also known as the planar butterfly network [28]. In the new
network topology, the merger of the four routing information
transmission between nodes is done directly in the internal
nodes, data transfer between nodes using the combined data
link transmission. The link is bidirectional, which can satisfy
the input and output.
The structure shown in Figure 4 for a certain topology
planning can form a network structure shown in Figure 5.
Figure 5 shows that the routing node 𝑅0 , respectively,
interconnects with routing nodes 𝑅1 , 𝑅2 , and 𝑅4 . We make
some improvements on the network structure, so that it has
symmetry and better path diversity. Figure 6 is the improved
network topology-BFC network structure, so butterfly network through several transformations will gradually evolve
into BFC network structure.
As can be seen from Figure 6 that the improved routing
node 𝑅0 have existed the channels with 𝑅1 , 𝑅2 , 𝑅3 , 𝑅4 , and 𝑅5 ,
which greatly increases the network path diversity, which can
effectively reduce the network congestion. While the network
also has a symmetry, which is more scalable.
2.4. BFC Topology Performance Analysis. This section is
the performance analysis and comparison from the path

diversity, scalability, network diameter, and energy consumption in terms of BFC topology and other common topologies.
2.4.1. Path Diversity. Since BFC network topology inherits
the characteristics of Clos network, it also has a path diversity.
As shown in Figure 7 when a data packet is transported from
the routing node 𝑅0 to 𝑅2 , the transmission path exists as
follows:
𝑅0 → 𝑅1 → 𝑅2

(3)

𝑅0 → 𝑅3 → 𝑅2

(4)

Or

When the transfer process needs not to consider the
shortest path, BFC provides network routing path that will be
more and more even with the use of non-shortest-path routing algorithm, and it can be circuitous transmission by the
nodes of the next level, or it can also be back and forth transmission between layers.
2.4.2. Scalability. From the previous section we can see that
butterfly network has a good scalability by the improved
Planar butterfly network. Add a new route node, but it lies
with its rows and columns of all the nodes connected, but also
it will diagonally connect the nodes to complete the expansion of the network. Compared to the butterfly network, BFC
network scalability is more favorable. Figure 8 is the BFC
network topology expanded from 8 nodes to 12 nodes.
For BFC network that can accommodate more nodes, in
addition to the above method for the horizontal expansion
of the network, there are several other aspects that may be
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Figure 9: BFC network topology connected to 8 resource nodes.
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Figure 8: Expanded BFC network.

considered. (1) A single routing node is connected to increase
the number of resource nodes, such that the original network
routing nodes are connected from 4 resource nodes increased
to 8 resource nodes shown in Figure 9. As the number of
resource nodes increases, the corresponding link bandwidth
also needs to make appropriate improvements to accommodate increased data traffic. (2) Several BFC networks can be
coupled together according to certain structure. There are
some limitations using the lateral extension method after
the routing nodes increased, because the corresponding link
bandwidth between two nodes becomes less and less; then
the data transfer rate and the delay will increase. There can
be a few same BFC-scale network coupled together using
a network topology, such as using Mesh structure coupled
together, so as to increase the cost of the average number of
hops to reduce the adverse effects of narrow channels, and the
25 specific implementation is shown in Figures 9 and 10.
2.4.3. Network Diameter. In the 4 × 4 network topology, the
network diameter of Mesh network structure is 6; the network
diameter of Torus structure is 3; the network diameter of
butterfly network is 3; the network diameter of BFC network
structure is 6. Therefore, the network diameter of BFC
network topology is greater than the butterfly network.
2.4.4. Transmission Delay. BFC network provides a number
of direct lines, the BFC network connection can be routed
directly, and the butterfly network may need to jump three

Figure 10: Expanded BFC network coupled with Mesh structure.
Table 1: Comparison of ideal throughput.
Topology
Mesh
Torus
Octagon
Butterfly
BFC

Bc
8
16
12
8
32

Throughput value
THMesh ≤ 𝑏
THTorus ≤ 2𝑏
THOctagon ≤ 3𝑏/2
THButterfly ≤ 𝑏
THBFC ≤ 4𝑏

times. And because BFC network has the path diversity, and
the handling capacity of the network congestion is better than
the butterfly network, so its transmission delay is less than
the butterfly network. This end-to-end delay in the simulation
can demonstrate the advantages of BFC in this regard.
2.4.5. Network Throughput. For a network topology 4 × 4 =
16 nodes, it can be obtained according to formula (5). The
throughput performance comparison of different topologies is shown in Table 1. The throughput of the Mesh structure and the butterfly network structure is minimum; Octagon and Torus network throughput is followed; the BFC
network throughput is the largest. Because the BFC network
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TH ≤

2𝑏 × Bc
.
𝑁

(5)

2.4.6. Chip Power Consumption. As NoC is based on nanoscale network and the network size is very large, so the network’s energy consumption has become a major constraining
factor in network performance. Because the power not only
affects the life of the chip, but also closely relates to the
amount of heat networks, such a small amount of heat corresponding to the chip must also be small; otherwise it is easy to
accumulate chips burn calories.
Energy consumption of NoC generally consists of three
parts. The data sheet needs the energy 𝑃𝐿 from the source
node to destination node in the routing chain process. The
data sheet needs the energy 𝑃𝑀 on the device forward in the
buffer. The data sheet needs the energy 𝑃𝑅 of data routing and
switching module.
Specific formula is shown in the below equation:
Power = 𝑃𝐿 + 𝑃𝑀 + 𝑃𝑅 .

(6)

As the BFC network provides the direct link between
the same dimension nodes and the cross-links between
the different dimension nodes. Compared with the Mesh
topology, the required data transmission link length and the
power consumption 𝑃𝐿 is smaller. There is only one link
between nodes in Mesh structure, but the bandwidth of the
same dimension is used by many links simultaneously in the
BFC structure, so as to reduce the bandwidth of a single
link. Thus, in the routing process, crossbar switch module
required for conversion also reduces the amount of data, and
the routing process 𝑃𝑅 energy consumption also is decreased.
Since, in the BFC structure, each node corresponds to a
number of links, so each node corresponds to the number of
link input and output buffer more than the Mesh structure. So
the energy 𝑃𝑀 required buffer devices higher than Mesh, but
due to reduction of bandwidth of each link, you can switch
to smaller capacity cache device to indirectly reduce network
energy consumption. The comparison of the specific energy
consumption of the network is shown in Figure 11.

3. Routing Algorithm Design
This section designs a deterministic deadlock-free routing
algorithm for BFC network by comparing the size of vertical
and horizontal coordinates of the current node and destination node to determine the output port.
In the topology of 𝑁 = 16 routing number, the network
will be placed in the coordinate system, and each router has a
corresponding coordinate values (𝑥, 𝑦). There are four diagonal nodes and four vertical and horizontal nodes, and the
requirements connected with the IP core router port number
are 0. The nodes of 𝑋-axis direction are corresponding to the
ports 1, 2, and 3. The port number is 4, 5, 6 in the 𝑌-axis
direction. Four port numbers of the right diagonal clockwise
rotation nodes are 7, 8, 9, and 10 as shown in Figure 12.

Power (W)

inherits the path diversity of the Clos network; it has strong
processing power for the congestion and very good throughput performance:
6
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Figure 11: Comparison of two networks energy consumption.
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Figure 12: Routing port layout.

Set the current node coordinates 𝐶(𝑐𝑥, 𝑐𝑦), the target
node coordinates 𝐷(𝑑𝑥, 𝑑𝑦), and the output port outport.
Routing algorithm is described as pseudocode.
When the routing receives a packet, examine the
packet header containing the destination node to
compute the coordinate difference between the target
node and the current node: 𝑋 = 𝑑𝑥 − 𝑐𝑥, 𝑌 = 𝑑𝑦 − 𝑐𝑦.
When 𝑋 == 0 and 𝑌 == 0, it indicates that the data
packets reach the destination node, outport = 0.
When 𝑌 == 0 and 𝑋 > 0, it indicates the packet’s
destination node in the right direction of the current
node, and we choose the right direction of the port
output.
When 𝑌 == 0 and 𝑋 < 0, it indicates the packet’s
destination node in the left direction of the current
node, and we choose the left direction of the port
output.
When 𝑌 < 0 and 𝑋 == 0, it indicates the packet’s
destination node under the direction of the current
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Begin
If(𝑋 == 0)
{
If (𝑌 == 0) outport = IPcore port; // data packet reaches the target node;
Else if (𝑌 > 0)
If (outport 𝑌 = NULL) outport = outport 𝑌; //If the corresponding 𝑌 direct channel is available, the direct use
of the transmission channel;
Else outport = outport NY; //If the corresponding direct channel is already occupied, use of other
non-direct channels;

}

}
}
Else If (𝑋 > 0)
{
If (𝑌 == 0) // Destination node is at the top of the current node;
{
If (outport 𝑋 = NULL) outport = outport 𝑋; // If the corresponding 𝑋 direct channel is available, the direct
use of the transmission channel;
Else outport = outport NX; // If the corresponding direct channel is already occupied, the use of other
non-direct channels is indirect transmission by converting the past;
}
Else if (𝑌 > 0) // Destination node is at the top right of the current node;
{
If ((outport = 6) = NULL) outport = 6; // If the diagonal output port is empty;
Else outport = (outport 𝑋 ‖ outport 𝑌); // If the diagonal port being used, horizontal or vertical direction
using the port will send out data packets, and then by converting the route to the target node;
}
Else if (𝑌 < 0) // Destination node is in the lower right of the current node;
{
If ((outport = 7) = NULL) outport = 7; // If the diagonal output port is Empty;
Else outport = (outport 𝑋 ‖ outport 𝑌); // If the diagonal port is used, horizontal or vertical direction
using the port will send out data packets, and then convert the route to the target node;
}
Else if (𝑋 < 0)
{
Treatment methods are like 𝑋 > 0;
}

Algorithm 1

node, and we choose the next direction of the port
output.
When 𝑌 < 0 and 𝑋 > 0, it indicates the packet’s
destination node in the direction of the current node,
the choice of the direction of the port output.
When 𝑋 > 0 and 𝑌 > 0, it indicates the packet’s
destination node at the top right of the current node
to select the top right to the port output.
When 𝑌 > 0 and 𝑋 < 0, it indicates the packet’s
destination node at the top left of the current node
to select the upper left to the port output.
When 𝑌 < 0 and 𝑋 > 0, it indicates the packet’s
destination node in the lower right of the current
node to select the port for output to the lower right.
When 𝑋 < 0 and 𝑌 < 0, it indicates the packet’s
destination node in the left bottom of the current
node to select the lower left to the port output.

Algorithm pseudocode is shown in Algorithm 1.
The algorithm limits the direction of the routing data
packets in the current node and the destination node forms a
square area routes, and the direction must always be toward
the destination node; then this would limit the generation
of the ring; thereby it damages the necessary condition for
the formation of a deadlock. Thus, the routing algorithm is
deadlock-free.

4. Simulation and Analysis
4.1. Simulation Setup. This paper uses simulation software
OPNET simulating the performance of the BFC network,
which can make us understand the pros and cons of their
performance through comparison with the butterfly network.
OPNET has some important features, and a brief introduction is here. OPNET simulation of the entire design
process is carried out around the object. Simulation model
is based on the object as a unit to build up. OPNET has its
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Figure 13: Performance comparison of two uniform traffic models.

own unique C-like language, and its syntax is similar to C
language. It also has its own unique core function library,
and the library functions begin with “op ”, which is similar
to API functions in VC, and it is mainly used in the process
model and the transceiver pipeline stage calls. It is divided
by function into several different set of functions, and the
same function names in a function have the same prefix. In
using OPNET simulation process, we can use it for program
debugging tool that comes with the test, and you can also call
VC for joint commissioning, it is very convenient to people
who are familiar with VC debugging environment.
These two concepts of the simulation time and the elapsed
time need distinguished in the use.
Simulation time is the event of the system running in a
simulated environment. Simulation’s role in the operation of
the core is to maintain the event list, and the table is based on
the program listing. Each table represents an event, and that
is an interrupt. Each event has its own serial number and the
corresponding execution time. When it’s on an event handler,
it may remove it from the list and begin processing the next
interrupt after the emulation core. If the simulation time of
the events is 00:01, and the simulation time of this incident is
00:05, then the simulation time goes from 01 time to 05 times,
but in reality, the process may only take 1 second.
Elapsed time is the actual physical time that the simulation takes in the real world. Executing the event does not
require any time, and the simulation time may not be spent
between events, but the physical time does not be consumed.
Event execution until the event has finished executing, and
the simulation time may not consume, but the actual physical
time has been consumed.
In the simulation, we compare the performance of the
three-tier butterfly network topology and the similar number
of nodes in the node 36 BFC network routing. The analyzed

network performance parameters are end-to-end delay and
throughput. Since the variable rate is still selected into the
network. In the simulation, the use of three traffic patterns,
namely, uniform flow, hot flow, and matrix flow.
4.2. Simulation Results and Analysis. Figure 13 shows the
performance comparison in the uniform flow network corresponding to end-to-end delay and throughput of the butterfly
network and BFC network. It can be seen that performance
of the BFC network is better than the butterfly network.
For end-to-end delay, as shown in Figure 13(a), the butterfly
network in the injection rate reaches 0.2 when it has begun
to rise, while the BFC network began to rise in the injection
rate sustaining to 0.35. The number of BFC network links
is more, and the advantage of rich path diversity shows up
here. Throughput performance is similar to end-to-end delay
as shown in Figure 13(b), and the throughput and saturation
corresponding injection rate of BFC network are much higher
than the butterfly network, and the reach saturation is also
higher than the butterfly network.
Figure 14 shows the performance comparison in the
matrix flow network corresponding to end-to-end delay and
throughput of the butterfly network and BFC network. The
performance BFC network is still slightly better than the
butterfly network, but the performance gap is not large. Two
networks in the injection rate reach 0.2; and the latency
begins to increase; the increase in the butterfly network trend
is more obvious as shown in Figure 14(a). Throughput and
latency have similar trends, and BFC network reaching the
saturation point is higher than the butterfly network as shown
in Figure 14(b).
Figure 15 shows the performance comparison in the hot
spots flow network corresponding to end-to-end delay and
throughput of the butterfly network and BFC network. Hot
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spots traffic patterns are the common processing mode to
investigate the ability of commonly used network. In this
mode, the weakness of low processing capabilities with congestion of the butterfly network is exposed. For end-to-end
delay as shown in Figure 15(a), the butterfly network almost
reaches 0.17 from the injection rate when it begins to increase,
while BFC starts up from the injection rate around 0.3.
Throughput performance and end-to-end delay are similar as

shown in Figure 15(b), and the butterfly network saturation
throughput is much lower than the BFC network.

5. Conclusion
This paper in-depth studies the butterfly network and its
advantages and disadvantages, and the new network topology, BFC, network is proposed with the combination of
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the characteristics of the Clos network structure and the
butterfly network structure. The network originates in the
butterfly network, and it can give full play to the advantages
of a high number of routes with the characteristics of the
low latency and overhead of the butterfly network, which
overcomes the low processing power shortcomings of the
butterfly network congestion due to the introduction of the
structural characteristics of the Clos network, and it has a
better path diversity. In addition, the network absorbs the
characteristics of the Clos network, and it provides path
diversity, and because it is based on the butterfly network,
there is no middle class compared with the Clos network,
so it is superior to Clos network in terms of latency or in
the overhead area network equipment. The structure of the
BFC network has a reasonable change, and the corresponding
routing algorithm is proposed for its structural characteristics. Simulation results show that the topology has better
latency and throughput than the butterfly network.
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Emergency has attracted global attentions of government and the public, and it will easily trigger a series of serious social problems
if it is not supervised effectively in the dissemination process. In the Internet world, people communicate with each other and
form various virtual communities based on social networks, which lead to a complex and fast information spread pattern of
emergency events. This paper collects Internet data based on data acquisition and topic detection technology, analyzes the process
of information spread on social networks, describes the diffusions and impacts of that information from the perspective of random
graph, and finally seeks the key paths through an improved IBF algorithm. Application cases have shown that this algorithm can
search the shortest spread paths efficiently, which may help us to guide and control the information dissemination of emergency
events on early warning.

1. Introduction
The popularity of the Internet has greatly changed people’s
way of life and has also changed people’s political participation to a certain extent. Because of network, people’s
individual consciousness and active participation awareness
strengthened, the choice and feedback of information have
greater autonomy, and they also have more opportunity and
more initiative to express their opinion. Various forms of
information transmission carrier such as text, audio, and
visual flooded with the Internet, which makes it difficult
to distinguish fact from fiction. In addition to the rapid
development of Internet technology, Internet emergencies
spread fast in wide range, as well as the open network
environment in dissemination, which all bring about the
problems of unpredictability in spreading process and the
difficulty in monitoring information dissemination. These
emergencies spread throughout the Internet so that various
public opinions spring out and influence widely. Therefore
the supervision and management of Internet information
becomes quite important.
Emergency has attracted global attentions of government
and the public, and it will easily trigger a series of serious

social problems if it is not supervised effectively in the
dissemination process; exploring the way to prevent and solve
emergency not only has become the focus of government
and academia, but also has become a topic of public concern
[1–3]. Therefore, the government and the online media
should intervene in the emergency information’s Internet
dissemination timely and measurably to assure the stability
and harmony of the network society. For those reasons, the
study of finding hot topics, tracking the information spread,
and seeking the key paths has received increasing attention
and concerns from all aspects.
In the Internet world, people communicate with each
other and form various virtual communities, which provide
the platform of accumulation and cohesion relationships for
sharing experiences. The development of Internet breaks the
traditional physical limitations of nodes, through which people can build interpersonal relationships and social networks,
and people can easily set up their own social ties freely
using the Internet. With the development of information
technology and under the background of Web 2.0, each user
can have his or her own blog, BBS sites and forums, wiki,
social bookmarking, and podcasts and can connect each
other with the mode of Tag, RSS, IM, Email, and so forth, in
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virtual community. In information dissemination, any person
at anywhere, at any time, can use comments in the network
(such as forums, instant messaging platforms, private medias,
mobile phones, text messaging, computer networks, video
phone, and other personal communication technologies) and
put the information share with others or express their views
at the first time. In information dissemination and comment,
the multimedia, interactivity, and other characteristics of
network have accelerated information spread and can easily
arouse widespread public concern and influence. According
to the theory of six-degree separation [4], more individuals
gradually become the dissemination nodes of emergency
information, which form a large social network as the specific
information spread system on the Internet. Individuals can
easily find channels to disseminate information and gradually
become more and more emergency information dissemination node.

2. Related Work
Since the anthropologist Barnes firstly came up with the
concept of “social network” to analyze the social structure
of a fishing village in Norway, social network analysis is
considered to be one of clear and convincing perspectives that
are used in the study of social structure, and the perspective of
social relationship has better explanation than the perspective
of individual attribute. However, the virtual community
connected by social networks on the Internet is a different
social entity from real society in people’s communication
actions and information spread paths [5], and this may lead to
a complex diffusion pattern of public opinions in emergency
events [2, 6].
The influence of public opinion in the Internet has both
positive and negative aspects [7]. Many established some
models to test frame building and frame setting between
online public opinion and media coverage, used a methodological model to test the frame building, and found that
online public opinion plays an important role in transforming
the original local event into a nationally prominent issue and
also exerts a significant frame-building impact on subsequent
media reports but only in the early stage of coverage. Some
studied public opinion polls in different periods and found
complex changes of public opinion in a continuous period of
time [1, 8].
Topic detection technology is a kind of text classification
and clustering [9, 10]. After mining and analyzing the regular
pattern of users visiting BBS, also mining the posts by ARCBC text classification algorithm on BBS, results showed that
certain users and the collective performance have the obvious
similarity or difference. It indicated that this algorithm
presented a good performance on BBS text classification [11].
In some ways, topic tracking is very similar to a filtering task
in information retrieval [11–13]. The algorithm on Internet
data discovery and dissemination is relatively mature, but
there are less systematic topic discovery applications.
From a methodological point of view, social network
analysis technologically describes the relationship mode
between actors under certain circumstances using random
graph theory, which was proposed by Erdös and Rnyi
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systematically in 1960 [14] and has expanded rapidly from
then on. We first construct the scale-free networks following
the same method used in the literature [15] by Albert et al.
Starting with a small number of vertices (or nodes), a new
vertex with 𝑚 edges (or links) is added at each time step. In
the literature [15], it has been shown that the above method of
constructing networks, which is composed of ideas of growth
and preferential attachment, results in the so-called scalefree networks, which shows the power law behavior in the
connectivity distribution.
Based on social network theory and communication
theory, the information spread of the emergencies has its
corresponding diffusion process and spread path; some key
nodes of information spread play the roles of the “amplifier”
in all kinds of information spread process. So we should
find out the key nodes and key spread paths to guide
the normal dissemination of emergency information and
control distorted information in spread process, which is very
important for us. The key paths problem is one of the most
fundamental optimization problems in network. Algorithms
for this problem have been studied for several years [16–19]
and get fruitful research results. A suitable implementation
of these algorithms appears in [20]. In this paper, we apply
the improved Intersect-Bellman-Ford (IBF) algorithm [20]
and propose new solutions to explore the key information
spread paths of emergency events on Internet based on
social networks. The application of this algorithm is based on
experimental data [21].

3. Technique for Topic Detection and
Topic Tracking
3.1. Topic Detection Technique. As to topic detection, we
present a way to retrieve keywords that user concerned by
search engine or a website search, through the collection of
keyword search results list to reduce range of acquisition;
besides, the collected data are those related to users interested
keywords which all guaranteed the accurate collection. API
is a call-level interface of a system application that executes
an application program command. Internet search engine of
API is a kind of search service to provide service for users to
invoke its services conveniently.
Data acquisition part is divided into search engine and
forum these two blocks to retrieve data, mostly because
the search engine has all indexed data on the Internet; it
is of much higher efficiency by using the services provided
by the search engine, but the search engine return data
contains most of the Internet site types except for forum
because of its large number, high update speed, and other
characteristics, so in these two ways, it can cover almost all
data on Internet. Data exchange is mainly responsible for the
external collection, in response to search engine and objective
forum, respectively, by different data acquisition methods:
the entry of data collection is target keywords, which can
be manually or automatically detected as input data. Data
exchange was completed in the external data source interface,
such as search engine API debugging and specific forum
crawling. At the same time, the retrieved and collected data
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Figure 1: Database structure.

will be cleaned and stored into the database specification
through data exchange.
Because the methods of Internet data acquisition are
usually different, we need to set information associated with
the search engine, namely, Search Engine table, to manage
search engine which obtains data through API. Every time
the information collection is a collection task, in response
to a search engine, and forums are required to manage
the information acquisition task, namely, through the tasks
table that manages each task. because each time the data
acquisition task is initiated by keyword which is managed by
special keyword table. Figure 1 shows the database structure.
3.2. Topic Tracking Algorithm. Topic tracking is subtask of
TDT; its purpose is to identify and monitor related subsequent reports of several given topics. Topic tracking can help
people collect and organize scattered information effectively,
which focuses primarily on the discovery of related followup information, and collect information locally for further

analysis. In this way, we may get an overall understanding
of full details. Topic tracking process is a follow-up process
of topic detection, which is included in the topic discovery
process.
Topic tracking can also be understood as to search its
related or similar points to the latest information with limited
features, to collect qualified information locally, recalculate
the topic feature, and then to search in the Internet with new
features, so repeatedly, in order to detect all relevant reports
and update coverage of the objective topic.
Topic tracking model is a description model to be provided to user on information spread intuitively. Due to the
particularity of Internet data, the traditional spread model
cannot be applied to Internet tracking field completely; it is
necessary to design a topic tracking model in line with the
Internet data characteristics. The key to Internet information
spread is the time of publication and publishing site. So we
need to obtain all publication times and websites of topic
and then rank according to time relevance to get detailed
description of dissemination.

4
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In this paper, we calculate the correlation degree of the
article on the same topic according to the topic relevance
degree based on time, give spread relationship from different
sites under the same topic in the form of spread net,
analyze information dissemination tendency combined with
attention degree, and present propagation graph to the user.

4. Virtual Communities and Social Network
Social network structure determines the relationship between
actors. It can be described by using kind of quantitative
languages with the network data. Based on this theory, we
can understand attributes of actors and the whole network
according to the relationship modes between actors from the
structural context. Like real communities, social networks in
virtual communities also have similar interpersonal network
relation characteristics, such as strong ties and weak ties
and; users can freely exchange information, share knowledge,
and get social support in virtual communities, and all of
these are the basic platform for information diffusion and
dissemination of an emergency event. It is the formalized
definition by using points and lines to represent social
network.
In order to explain the utility of social networks, we consider each individual spreader as an independent ontology. In
emergency events, the most efficient method of information
spread to the end user is to find the shortest spread path. So
the user and the relation between different users in virtual
communities must be abstracted as a graph structure by using
node and edge, called constructing network topology in the
geographic information system. We begin by specifying the
notation that will be used in the rest of this Paper. The graph
is defined as follows.
Everyone is in one or several groups; the definition of
a graph can be described in various systems. However, in
this paper, each person is expressed as one vertex in the
graph. We defined their relation to those people who have
“relationships” as “acquaintance,” which is described as a
connection between two nodes in the network graph.
We only consider the graphs that comply with the following restrictions.
(1) Undirected: each edge does not show the inherent
direction.
(2) Unweighted: each edge has no weighted value.
(3) Simple: it is not possible to use multiple edges to
connect the same pair of vertices, and the vertex
cannot be connected to itself.
(4) Sparse: for undirected graph, when the largest scale
𝑚 = 𝐸(𝐺) = 𝐶𝑛2 = 𝑛(𝑛 − 1)/2, the undirected
graph is changed to a fully connected graph; it also
can be called complete graph. Sparse means 𝑚 ≤ 𝑛(𝑛−
1)/2, which is equivalent to 𝑘 ≤ 𝑛.
(5) Interconnected: any vertex can reach any other vertex
by paths which are constituted by limited number of
edges.
The definitions of graphs and the related characteristics
are given as follows [20].

Definition 1. Let 𝐺 be a graph composed by the connection
between points. 𝑉(𝐺) denotes the vertex set of graph 𝐺, and
𝑑V is the degree of vertex V. 𝐸(𝐺) denotes the set of edges.
Edge (V, 𝑤) is the connection between vertex V and vertex 𝑤.
Let graph be expressed by adjacent matrix. If there is an
edge between vertex pair (V, 𝑤), then 𝐴 V,𝑤 = 1; else 𝐴 V,𝑤 = 0.
We use convergence rate 𝐶 and average distance 𝐿 to express
graph’s character.
Definition 2. 𝑙(V, 𝑤) means the minimum number of edges
from vertex V to vertex 𝑤, which is also known as the shortest
path length between vertices V and 𝑤. 𝐿(𝐺) is the average
distance between every two vertices:
𝐿 (𝐺) =

1
∑ 𝑙 (V, 𝑤) .
𝑛

(1)

Definition 3. Let 𝑉(𝐺) = {1, 2, . . . , 𝑛} be a ground set of
𝑛 elements; 𝐺(𝑛, 𝑀) is a labeled graph of the vertex set =
{𝑙, 2, . . . , 𝑛} and 𝑀 is the number of randomly selected sides.
𝐺(𝑛, 𝑀) can be abbreviated as 𝐺𝑚 .
A closely related model, denoted by, for example, 𝐺𝑛,𝑝 ,
where 0 ≤ 𝑃 ≤ 1, is obtained by taking the same vertex
set but now selecting every possible edge with probability 𝑃,
independently of all other edges. We are mainly interested
in the case where the number of vertices is very large and
especially asymptotic when 𝑛, and 𝑃 is a given function of 𝑛.
Definition 4. Suppose that a random regular undirected
graph 𝐺, which has 𝑛 vertices, for every vertex has 𝑙 edges
link with other 𝑙 vertices, in which 𝑙 vertices are selected
randomly with a fixed probability; the convergence rate 𝐶 of
this random graph is the average value of convergence rate 𝐶𝑖 ,
where
𝐶𝑖 =

∑1≤𝑗,𝑘≤𝑛,𝑗 ≠𝑘 𝐴 𝑖,𝑗 𝐴 𝑗,𝑘 𝐴 𝑘,𝑖
𝑙 (𝑙 − 1)

.

(2)

5. Algorithm for Searching the
Information Spread
We first study the communication nodes and the key paths
of network and describe these issues as an intelligent routing
problem on information spread and diffusion of emergency
events. Each disseminator or agent considered as a “bridge”
is called network node. In order to achieve the desired effect,
we need to collect each agent’s preferences, associated social
information, and other streaming data, and we also need
to analyze and mine congestion status of communication
channels, such as blog and BBS, the special destination of each
network, and the best routing and direction of the network by
specific algorithm; these results are in information table form
of each routing selector.
5.1. The Shortest Path Finding Algorithm. This paper highlights the results obtained by the random graph; these results
are in accordance with the rapid direct path finding algorithm
after pretreatment. Without loss of generality, we assume
that a single inquiry routing diffusion time is subjected to
𝑂(𝑉 log 𝑉) [20].
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function Dijkstra(Graph, source):
for each vertex v in Graph:
dist[v] := infinity
previous[v] := undefined
// save the specific path
dist[source] := 0
Q:= the set of all nodes in Graph
//initialize the graph
while Q is not empty:
u := node in Q with smallest dist[]
remove u from Q
for each neighbor v of u:
newdist := dist[u] +
dist between(u, v)
if newdist < dist[v]
//do relaxation operation
dist[v] := alt
previous[v] := u
return previous []
Pseudocode 1

Dijkstra algorithm [22] is often used in solving the
problem of the shortest spread path routing between any
two points 𝑥, 𝑦. Although an emergent event’s routing may
not necessarily be the optimal solution, if the suboptimal
solution has high efficiency and its accuracy is passable, it
can be acceptable. In order to reduce the searching range
and improve processing speed, many improved algorithms
such as two-way Dijkstra algorithm are good choices. Routing
algorithm’s problem domains are as follows: the algorithm
should give an optimal path from starting point to the destination of a given network emergencies in the information
map of related persons and guarantee the minimum cost from
the starting point to the destination.
According to [22], the modified Dijkstra’s pseudocode is
shown in Pseudocode 1. It is easy to find that, if we use an
array or list to maintain a priority queue in this algorithm, the
time complexity of each inner loop execution is the fact that
the out layer network needs to be performed 𝑑‖𝑉‖2 times, so
the total time complexity is 𝑂‖𝑉‖2 in the realization. Then the
rest of the question to be considered is how to find key path
in the emergency information spreading.
5.2. The Improved IBF Algorithms. Since the intersectioncentric route guidance architecture refers to algorithm’s
modification of the distance, we solve the problem with a
new algorithm according to the literature [20]. They proposed
an improved IBF algorithm which is intersection centric and
considered the character of 𝑁 regular random graph.
The precondition of Intersect-Bellman-Ford algorithm
is that the agent who acts as “bridge” prefers to collect
information of emergency, or we call him/her gossip person
in reality like routers that send Hello message in network and
then find updated information from upper reaches. So every
vertex has enough neighbors’ information. The improved
IBF algorithm is conducive to promote the performance of
system; the application of this algorithm is expressed in [20].

If some communication channel is blocked, the calculation results of improved IBF will be changed by the changing
of the numerical distance of two neighbors in network. If the
path is impassable, we can set uv.weight into infinity. When
there are many sudden emergencies, the agent who acts as
bridge needs only to give a network link to the next node,
as long as the emergency source website is not removed,
and then there will not be a great influence on the entire
communication system.

6. Application Cases
6.1. Case A. In order to test the efficiency and accuracy
of topic detection and topic tracking, we choose a typical
emergency event to do the experiment: an in construction
building collapse occurred in Shanghai, which triggered a
great discussion by the public.
On June 27, 2009, a 13-layer in construction building
collapse in Shanghai Lotus Riverside, killed one worker.
On July 3, findings of investigation by Shanghai City Hall
reported that the main cause of collapse is the pressure
difference on both sides of building; netizens have questioned
about that; and then 7 of the relevant responsibility persons
were arrested in accordance with the law; the clean-up work
and housing compensation matters began on August 5.
At the beginning, netizens only had criticism on the real
estate developers but not on the government level. But when
Shanghai City Hall published their findings that the collapse
event is due to the pressure difference, it has aroused awidely
query and caused a great disturbance.
According to the previously mentioned algorithm, the
experiment is divided into three steps.
(1) Capture the initial release site of the original network
emergencies, including structure and text.
(2) Find out how other users get the release source
of network emergencies based on publication time,

The Scientific World Journal
Table 1: Search source classification.

Website (rank by number)
Baidu Forum
Sina Forum
Souhu Community
Tianya Community
Tom BBS

Number of articles
2381
1879
1765
1157
987

Number of
articles

6

1

2

3

4

5

6
7
Month

8

9

10

11

12

Figure 2: The number of articles in the year of 2009.

whether from the URL site, the reminder corners of
the site, or the dialog box, and so on.
(3) Confirm whether someone is affected by the information based on his/her comment on the forum and
blog related to the topic. The small number may cause
the crawled network size to be too small. Therefore,
it is necessary to select an appropriate and effective
starting point.
In addition, in order to understand the information
spread of emergencies intuitively, this paper designed multiple start origins experiment. To the same point, we carry
out web crawling twice, one is used the content relevance
algorithms, while the other is not used. Figure 2 is the number
of articles about this event in the year of 2009.
We can see clearly that when the collapse events occurred
in June, the articles of discussion and communication had a
rapid increase in July and August and then leveled off in the
following months. The classification of search source form is
in Table 1.
6.2. Case B. In order to verify the correctness of social
networks theory and random graph theory used in this paper
and reflect the spread characteristics of network emergencies
more intuitively, according to the previously mentioned algorithm, we designed relevant experiments. The experiment is
divided into three steps.
(1) Mine the social network from the original Internet
network, including the structure and text.
(2) Analyze the potential communication channels and
their structural analysis.
(3) Find and streamline the spread key path.
The choice of start site emergency will largely determine
the end site and dissemination process. For example, if
the crawled number of published articles of the related
emergency is small, it may cause the network scale to be too
small, so we must choose a suitable and effective starting
point or multiple starting points and origins. For this reason,
we carefully selected a seed site, which at least meets the following two requirements: large amount of published articles
and update frequently and being rich in article comments and
relative links.
We also measure Internet users’ active level by the number
of the responses, discussions, and comments when an emergency event occurred, while the URL mail, video, searches,
the portal site, bulletin board, and partition reminding
corners of this event are the dissemination channels. To verify

Figure 3: Original network of information spread.

the feasibility of network spread algorithm mentioned in the
last section, we will take the case of “Zhu Ying Qing Tong” to
analyze the detail process of experiment’s validation.
Zhu Ying Qing Tong, when she updated her photos in
real time in her personal blog on Tianya virtual community,
the click-through rate of her personal blog soared to 13,000
within a month and the peak click-through rate was more
than hundreds of thousands per day. Such high click rate
was stunning; its popularity index is enough to shame the
early network literature writers, just like the author of “the
first contact.” According to Hangzhou “e Time Weekly”
said that, up to 5:30 pm on February 19, Zhu Ying Qing
Tong’s blog visitors are more than 940,000 within two days;
the number is approaching one million and exceeds the
historical record of personal blog visit rate. The “e Time
Weekly” is the first magazine that reports the event of Zhu
Ying Qing Tong. On Zhu Ying Qing Tong Memorabilia
of her personal website, there are article titles provided
by herself with enough sensational: “I took off clothes in
front of people,” “why should I feel shame,” and so on.
Zhu Ying Qing Tong also releases her new articles in Sina
blog: http://blog.sina.com.cn/zyqt and her official website
“Women Road Network”: http://zyqt.blog.sohu.com/. People
who respond to her articles are the ones who were impacted,
and the man who forwards these links is the agent.
In accordance with our experiments step, we capture the
initial release point of this information, firstly, and then find
out how other people get the information, whether from to
the URL site of the release source, the reminder corners of the
site, or the dialog box, and so on; we finally confirm who is
the last one affected by the comment on the forum or his/her
blog. The original information spread is shown in Figure 3,
and the key spread path that is trimmed by the algorithm can
be seen in Figure 4 [21].
From the comparison of these two figures, we can verify
that the algorithm has solved the problem of searching the
shortest spread paths efficiently.
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Figure 4: The shortest spread paths of information spread.

7. Conclusion
The information spread of emergency events has the characteristics of quick speed and wide range on the Internet,
and the network environment is quite loose, so it is of
great difficulty to supervise and control the spread process
of Internet emergencies but meanwhile of great importance
[23].
In this paper, we analyze the process of information
spread on Internet, abstract the user and the relationship
in virtual communities as a graph structure by use of node
and edge, describe the information diffusion, dissemination,
and the impacts of emergency events from the perspective of
random graph, and then seek the key paths through Dijkstra
algorithm and an improved IBF algorithm. By taking the
application cases to analyze the detail process of experiment’s
validation, we can find that the algorithm has solved the
problem of searching the shortest spread paths efficiently.
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Human gait identification aims to identify people by a sequence of walking images. Comparing with fingerprint or iris based
identification, the most important advantage of gait identification is that it can be done at a distance. In this paper, silhouette
correlation analysis based human identification approach is proposed. By background subtracting algorithm, the moving silhouette
figure can be extracted from the walking images sequence. Every pixel in the silhouette has three dimensions: horizontal axis (𝑥),
vertical axis (𝑦), and temporal axis (𝑡). By moving every pixel in the silhouette image along these three dimensions, we can get a
new silhouette. The correlation result between the original silhouette and the new one can be used as the raw feature of human gait.
Discrete Fourier transform is used to extract features from this correlation result. Then, these features are normalized to minimize
the affection of noise. Primary component analysis method is used to reduce the features’ dimensions. Experiment based on CASIA
database shows that this method has an encouraging recognition performance.

1. Introduction
Biometrics is a technology that makes use of the physiological
or behavioral characteristics to authenticate or identify people [1]. The most commonly used biometrics applications are
fingerprint and iris based identification.
Human gait was firstly studied in the medical field [2–5].
Doctors analyzed human gait to find out whether patients
had health problem. Later, researchers [5] found that just
like fingerprint and iris, almost everyone had his distinctive
walking style. So someone believed that gait could also be
used as a biological feature to identify a person. Comparing
to fingerprint and iris based identification, human gait
identification has the following advantages [6]: (1) it does
not require the user’s interaction and (2) it can be done at a
distance, as long as the gait is visible.
Current human gait identification can be divided into
two categories: model-based methods and motion-based
methods.
Model-based approaches aim to describe human movement using a mathematical model, for example, Cunado et al.
[7] used Hough translation to extract arms, legs, and torso

and use articulated pendulum to match the moving body
parts. Yoo et al. [8] divide the body into head, neck, waist,
leg, and arm by image segmentation and then obtained the
moving curve of these body parts. Lee and Grimson [9]
applied 7 ellipses to model the human body and applied the
ellipses’ movement features to identify human. Yam et al.
[10, 11] used dynamically coupled oscillator to describe and
analyze the walking and running style of a person. Tafazzoli
and Safabakhsh [12] constructed movements model based
on anatomical proportions then Fourier transform was used
to analysis human walking style. Dupuis et al. [13] created
probabilistic based gait modeling to describe the human
walking.
Motion-based methods consider the human gait as a
sequence of image and extract features from these images.
Cheng et al. [14] employed Hidden Markov Models to analyze
the relationship among these images. Chen et al. [15] used
parallel HMM to describe the features of human gait. Yu et
al. [16] overlapped all the images to get Gait Energy Image
(GEI) and GEI was used as the features to identify humans.
Similar to GEI, Fan et al. [17] took Chrono-Gait Image as
the gait features. Kale et al. [18] used “frieze” patterns to
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Binary silhouette
image

Primary component
analysis

Image correlation

Distance calculation

Correlation result
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dimensions of gait feature vectors.
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Figure 1: Overview of our human identification method.

extract features from image sequence and used these features
to identify humans. Liu et al. [19] represent one’s walking style
by outermost contour.
The raw features extracted by motion-based methods
usually contained several cures or images, so Gabor transform [20], Random Forest algorithm [12], and Fourier transform [21, 22] were used to reduce the dimensions of these
features.
1.1. Overview of Our Approach. Unlike traditional image
correlation based identification [16, 23, 24], this paper aims to
build a human gait identification method not only in spatial
domain but also in temporal domain. A median model is used
to estimate the background. By background subtraction, we
get the binary human silhouette. Every silhouette is correlated
with its neighbor at horizontal, vertical, and temporal axis.
The size of the correlation result is used to construct the
walking feature curves and every feature curve consists of
several walking cycles. The feature curve is normalized to
build a standardized curve. For every image sequence, we
can get totally 13 standardized curves. Primary component
analysis is used to extract features from these above curves.
The overview of the proposed algorithm is shown in Figure 1.
1.2. Our Contribution. The main purpose and contributions
of this paper can be summarized as follows.
(1) We extract 13 feature curves from the human gait
images sequence. These 13 curves described the feature of human walking.

(3) We discuss the relationship between accuracy of
identification and the shift length along horizontal
axis and vertical axis and try to find out the best shift
length.

2. Feature Extraction
2.1. Silhouettes Sequence Extraction. In this paper, the human
gait is considered as a binary image. Gauss background model
is used to estimate the background. We use the method
proposed by Wang et al. [25] to subtract the background from
the foreground of the image as follows:

𝐷 (𝑎, 𝑏) = 1 −

2√(𝑎 + 1) (𝑏 + 1) 2√(256 − 𝑎) (256 − 𝑏)
⋅
,
(𝑎 + 1) + (𝑏 + 1) (256 − 𝑎) + (256 − 𝑏)
(1)

𝐷(𝑎, 𝑏) is the difference between point 𝑎 (pixel in foreground
image) and point 𝑏 (pixel in background image).
2.2. About the Image Sequence Correlation. Image correlation
is a shift-invariant feature method and was first proposed by
Otsu and Kurita [26]. Let 𝑓(𝑅) be 𝐷-dimensions data with
𝑅 = (𝑥1 , 𝑥2 , . . . , 𝑥𝐷); then the correlation function is defined
as
𝜓 (𝑓 (𝑅) , 𝑆𝑖 ) = ∫ 𝑓 (𝑅) 𝑓 (𝑅 + 𝑆𝑖 ) 𝑑𝑅,

(2)

where (𝑆𝑖,1 , . . . , 𝑆𝑖,𝐷) is the shift vector.
Given a human gait image sequence, 𝑓(𝑅𝑡 ) means an
image in the sequence whose frame index is 𝑡. If 𝑆𝑖 =
(𝑠𝑖,𝑥 , 𝑠𝑖,𝑦 , 𝑠𝑖,𝑡 ), 𝑓(𝑅𝑡 + 𝑆𝑖 ) means we get the frame whose frame
index is 𝑡 + 𝑠𝑖,𝑥 , then shift its 𝑠𝑖,𝑥 pixels along 𝑥-axis and 𝑠𝑖,𝑦
pixels along 𝑦-axis. The three dimensions of the image are
shown in Figure 2. The original image is shown in Figures 3(a)
and 3(b) and the correlation result is shown in Figure 3(c).
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Figure 3: (a) An image whose frame index is 𝑡. (b) An image whose
frame index is 𝑡 + 1. (c) The image expression of correlation result
(the bright area) of image 𝑡 and image 𝑡 + 1, 𝑆𝑖 = (0, 5, 1).
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Figure 5: Correlation image size calculated by raw features and by
normalized features.
Figure 4: A human Gait cycle.

Given a human walking cycle, images sequence consists
of 𝑇 frames, the features of this human gait images sequence
can be described as
Ψ (𝑓 (𝑅1 , 𝑆1 ) , . . . , Ψ (𝑓 (𝑅𝑇−1 ) , 𝑆1 ))
Ψ (𝑓 (𝑅1 ) , 𝑆2 ) , . . . , Ψ (𝑓 (𝑅𝑇−1 ) , 𝑆2 )
).
Ω=(
..
.
Ψ (𝑓 (𝑅1 ) , 𝑆𝐼 ) , . . . , Ψ (𝑓 (𝑅𝑇−1 ) , 𝑆𝐼 )

on different persons or different walking cycles. We
can use Discrete Fourier transform to describe the
features of these points in Figure 5 as follows:
𝑁𝑐 −1

̂ 𝑖(2𝜋/𝑁𝑐 )𝑚𝑛 ,
𝑥 [𝑛] = ∑ 𝑥[𝑚]
𝑚=0

(3)

2.3. The Normalized Human Gait Image Correlation. Figure 4
shows a gait cycle. In the first stance, the person is at rest and
the silhouette size is minimum, this corresponds to the valley
at Figure 5; then he steps out his leg, the silhouette size will
increase with his stepping out, in the sixth stand his legs and
arms are completely separated and this corresponds to the
maximum at Figure 5. Then, the legs and arms are closed, at
stance 11 the size reaches minimum again. In fact, this is not a
complete gait cycle but a “half ” cycle, but the previous “half ”
cycle and the remaining “half ” cycle are symmetrical, so in
this paper we call this “half ” gait cycle as one gait cycle.
Formula (3) is the matrix expression of the curves shown
in Figure 3. Ω can be used as features to identify humans.
But these features are not robust. The human silhouettes are
prone to be affected by the noise and deformation. We will
transform the curve into standard curve to make features
more robust by the following steps.
(1) Discrete Fourier transforms: by dividing the walking
images into 𝐶 walking cycles as shown in Figure 3, we
can find the start (end) of a walking cycle by finding
the minimum point in Figure 5. For every walking
cycle 𝑐 = (1, 2, . . . , 𝐶), if this walking cycle consists
of 𝑁𝑐 images, the value of 𝑁𝑐 may vary slightly based

𝑁𝑐 −1

𝑥̂ [𝑚] = ∑ 𝑥 [𝑛] 𝑒−𝑖(2𝜋/𝑁𝑐 )𝑚𝑛 ,
𝑛=0

𝑛 = 0, . . . , 𝑁𝑐 − 1,

(4)

𝑚 = 0, . . . , 𝑁𝑐 − 1.

(5)

̂
𝑥[𝑛] is the discrete points and 𝑥[𝑚]
is the Fourier
coefficients.
(2) Normalization: Considering that different walking
cycles have different frame count (𝑁𝑐 ), we need to
“align” 𝑁𝑐 to a fixed value. In this paper, we divide
every walking cycle into 𝐾 parts, where 𝐾 is a fixed
value (in this paper 𝐾 = 12). That is
𝑥 [𝑘] =
𝐾−1

𝑘
(𝑁 − 1) ,
𝐾 𝑐
(6)

𝑥̂ [𝑚] = ∑ 𝑥 [𝑘] 𝑒−𝑖(2𝜋/𝐾)𝑚𝑘 ,

𝑚 = 0, . . . , 𝐾 − 1.

𝑘=0

Given person 𝑝, the normalized feature matrix for walking cycle 𝑐 can be expressed as
𝑥̂ [1]1 , . . . , 𝑥̂ [𝐾]1
𝑥̂ [1]2 , . . . , 𝑥̂ [𝐾]2
).
Ω (𝑝, 𝑐) = (
..
.
𝑥̂ [1]𝐼 , . . . , 𝑥̂ [𝐾]𝐼

(7)
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Given 𝐶 walking cycles, we use the normalized Ω(𝑝, 𝑐) as
the final features. The final feature matrix for person 𝑝 can be
expressed as
𝐶
̃ (𝑝) = 1 ∑Ω (𝑝, 𝑐) .
Ω
𝐶 𝑐=1

(8)

By inverse Fourier transforms (Formula (5)), we can
̃
also get the correlation image size from Ω(𝑝)
inversely; the
correlation image size calculated by Fourier transforms is
shown in Figure 5.
2.4. Reduce Dimensions of Features. We define Ω as follows:
Ω=

1 𝑃 ̃
∑ Ω (𝑝) .
𝑃 𝑝=1

(9)

𝑃 is the human count in the test dataset. That is to say,
Ω is the average value of all human gait features. Then, we
calculate the covariance matrix COV as follows:
̃ (𝑝) − Ω)𝑇 .
̃ (𝑝) − Ω) (Ω
COV = ∑ (Ω

(11)

where (𝑒1 , 𝑒2 , . . . , 𝑒𝑘 ) are the eigenvectors selected by PCA
from covariance matrix COV.
2.5. Human Gait Identification. In the scenario of identification, the gait feature distance between human 𝑝 and 𝑞 can be
defined as follows:
̃
̃  (𝑞) ,
(12)
(𝑝) − Ω
𝐷 (𝑝, 𝑞) = Ω

where ‖ ‖ means the Euclidean distance.
This probe 𝑝 is assigned to person 𝑘 by using nearest
neighbor method. That is
𝐷 (𝑝, 𝑘) = min 𝐷 (𝑝 − 𝑘) .
𝑘

(13)

In the scenario of verification, the similarity between two
feature matrixes is defined as the negative of distance, that is
Sim (𝑝, 𝑞) = −𝐷 (𝑝, 𝑞) .

(14)

In this paper, the similarity between a probe 𝑝 and 𝑞𝑖 in
the gallery is defined as 𝑧-normed similarity [27] as follows:
Sim (𝑝, 𝑞𝑖 ) =

Sim (𝑝, 𝑞𝑖 ) − Mean𝑖 Sim (𝑝, 𝑞𝑖 )
,
s.d.𝑖 Sim (𝑝, 𝑞𝑖 )

We use the CASIA database (dataset B) [28] to evaluate
our method. There are total 124 people in dataset B. For
every person, there are at least 3 walking sequences captured
from 12 view angles. Every walking sequence consisted of
3-4 walking cycles. In this paper, most of the experiments
are based on 90∘ view angle except with declaration. We
randomly select 2 walking sequences as the training data
to get the normalized human gait vector. Then we use the
remained walking sequence to evaluate performance. In this
paper, for the consideration of simplicity, 𝑠𝑖,𝑥 has only three
values: {−Δ𝑥, 0, −Δ𝑥}, 𝑠𝑖,𝑦 has three values: {−Δ𝑦, 0, −Δ𝑦},
and 𝑠𝑖,𝑡 has two values: {0, Δ𝑡}. Then, we can totally get 3 × 3 ×
2 = 18𝑆𝑖 , 𝑖 = 1, . . . , 18. Using these shift vectors 𝑆𝑖 , we totally
get 18 feature vectors for one human gait images sequence. By
using PCA, we reduce these 18 vectors to 3 vectors.
3.1. Features Extracted by Image Correlation. For a human
gait image sequence (consisting of about four waking cycles),
the 13 features curves are shown in Figure 6 (Δ𝑥 = 5, Δ𝑦 = 5,
Δ𝑡 = 1).

(10)

Principal component analysis is used to reduce the
̃
̃
dimensions of Ω(𝑝).
The reduced Ω(𝑝)
can be expressed as
̃  (𝑝) = (𝑒1 , 𝑒2 , . . . , 𝑒𝑘 ) Ω
̃ (𝑝) ,
Ω

3. Experiment and Discussion

3.2. The Result of Dimension Reduction. From Figure 6, we
can see that the 13 image correlation curves have some
similarity. That is to say that there is some redundant
information. We use formula (11) to reduce the dimension.
We set threshold = 90% and compress the 13 human gait
feature vectors into 3 vectors. Figure 7 shows these three
vectors for one human walking cycle.
We also compared the recognition accuracy result using
different dimensions (that is the 𝑘 in Formula (11)). The
experiment result is showed in Figure 8.
From Figure 8, we can see that the recognition result will
reach its maximum at 𝑘 = 4.
3.3. The Affection of Shift Length. From the definition of
image correlation, we can see that the shift length (Δ𝑥, Δ𝑦, Δ𝑡)
along these three axes affects the correlation result. The shift
length along the horizontal and vertical axes should follow
below principles: the features distance between two gaits
images sequences calculated by these shifts should have the
maximum value. That is to say, all samples should have the
maximum standard deviation as follows:
Δ𝑥 = arg max√
Δ𝑥

Δ𝑦 = arg max
Δ𝑦

(15)

where s.d. is standard deviation.
FAR (False Acceptance Rate), FRR (False Rejection Rate),
and EER (Equal Error Rate) are used to evaluate the performance of verification [27].

̃ (𝑝) − Ω)
∑𝑃𝑃=1 (Ω
𝑃−1

𝑃
̃
√ ∑𝑃=1 (Ω (𝑝) − Ω)

𝑃−1

,
(16)
.

To find the optimized shift length, we vary shift length
along 𝑥- and 𝑦-axis from 1 to 10 pixels and calculate the
standard deviation. To eliminate the affection of silhouette
size, we divide the standard deviation by silhouette size.
The calculation result is shown in Figure 9. The accuracy of
reorganization is showed in Figure 10.

5

4000

4000

3500

3500

Correlation image size (pixels)

Correlation image size (pixels)

The Scientific World Journal

3000

2500
Cycle 2

Cycle 1

2000

Cycle 3

Cycle 4

1500

Cycle 2

Cycle 1

Cycle 4

2500

2000

1500
0

10

20

30
Frame index

40

0

50

S = (0, 0, 5)

S = (0, 0, 0)
S = (0, 5, 0)

10

20

3500

3500

Correlation image size (pixels)

4000

3000

2500

2000
Cycle 2

40

50

S = (5, 0, 1)
(b)

4000

Cycle 1

30
Frame index

S = (5, 5, 0)
S = (0, 0, 1)

(a)

Correlation image size (pixels)

Cycle 3

3000

Cycle 3

Cycle 4

3000
2500
Cycle 2

Cycle 1

2000

Cycle 3

Cycle 4

1500

1500
0

10

20

30

40

50

0

10

Frame index
S = (0, −5, 1)

S = (−5, 0, 1)
S = (0, 5, 1)

20

30
Frame index

50

S = (5, −5, 1)
S = (−5, −5, 1)

S = (5, 5, 1)
S = (−5, 5, 1)

(c)

40

(d)

Figure 6: The 13 feature curves (Δ𝑥 = 5, Δ𝑦 = 5, Δ𝑡 = 1).

For completeness, we also estimate FAR (False Acceptance Rate) and FRR (False Rejection Rate) in verification
mode. The ROC (Receiver Operating Characteristic) curves
are shown in Figure 11.
Comparing Figures 9, 10, and 11, we can see that both the
accuracy of reorganization and ERR (Equal Error Rate) will
reach optimized value at approximately the maximum point
of standard derivation in Figure 9. In fact, the 5 pixels length
is just the moving length along 𝑥-axis between two frames
and the 2 pixels length is just the average moving pixels along
𝑥-axis and 𝑦-axis between two frames.
3.4. The Affection of View Angle. As we know, the view
angle may affect the recognition accuracy, so we compare the

performance under differential view angle. Table 1 shows the
experiment result.
From Table 1, we can see that our method has better
performance under view angles 0, 90, and 180. That may be
because the image token from above the angle is not prone to
be affected by deformation.
3.5. Discussions and Future Works. The correlation of two
images in temporal domain and spatial domain produces a
new image. This image contains much information about the
moving object, especially the dynamic features of the human
gait. In this paper, only the areas of the correlated images
are is used as the features for identification. In the future, we
should try to use other features about the correlation images,
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Figure 7: Compressed features by PCA.

1
1
0.8
0.8

FAR

Accuracy

0.6
0.6

0.4
0.4

EER
0.2

0.2
0
0

0

2

4

6
Dimension

8

10

0

0.2

Figure 8: The relationship between 𝑘 (dimensions) and top 1
recognition accuracy.

0.4

0.6

0.8

1

FRR

12

Δx = 1 Δy = 2 Δt = 1
Δx = 2 Δy = 5 Δt = 1
Δx = 4 Δy = 10 Δt = 1

Figure 11: The ROC curves under different shift lengths along 𝑥and 𝑦-axis.

for example, the texture features about the correlation images,
or features from projecting the correlation images to 𝑥- or 𝑦axis. In this paper, we only talk about two images correlation.
Maybe the correlation among three or more images can also
be used in the human gait identification. We will also try this
in the future.

Accuracy

1
0.8
0.6

4. Conclusions

0.4
10
Δy

10
5
(pi
xel
s)

0

0

5
ixels)
Δx (p

Figure 9: The relationship between shift length and the standard
deviation.

With the increasing demand of security control, human
gait based identification will attract more interest. In the
future, gait based human identification might finally become
applicable just as fingerprint and iris.
The kernel idea of this paper is based on the analysis
of the image correlation. Fourier transform is used to get
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Table 1: Comparison of identification performance under different
view angles.
View angle
0∘
18∘
36∘
54∘
72∘
90∘
108∘
126∘
144∘
162∘
180∘

Accuracy
Rank 1
65%
51%
30%
33%
62%
82%
71%
38%
39%
44%
83%

Rank 5
90%
66%
51%
50%
79%
92%
88%
69%
58%
69%
89%

the features from the image correlation. We discuss the relationship between shift length and the identification accuracy.
We also use CASIA gait database to validate our method. The
maximum classification accuracy is nearly 90% and EER is
approximately 10%.
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Topology potential theory is a new community detection theory on complex network, which divides a network into communities by
spreading outward from each local maximum potential node. At present, almost all topology-potential-based community detection
methods ignore node difference and assume that all nodes have the same mass. This hypothesis leads to inaccuracy of topology
potential calculation and then decreases the precision of community detection. Inspired by the idea of PageRank algorithm,
this paper puts forward a novel mass calculation method for complex network nodes. A node’s mass obtained by our method
can effectively reflect its importance and influence in complex network. The more important the node is, the bigger its mass is.
Simulation experiment results showed that, after taking node mass into consideration, the topology potential of node is more
accurate, the distribution of topology potential is more reasonable, and the results of community detection are more precise.

1. Introduction
Most complex networks show community structure; that
is, groups of vertices that have a higher density of edges
within them and a lower density of edges between groups
[1]. Identifying community structure is crucial for understanding the structural and functional properties of complex
networks [2]. Many works inspired by different paradigms
are devoted to the development of community detection
[3]. Recently, topology potential theory was introduced to
complex network area for community detection [4]. Because
of its inherent advantage, such as low time complexity and
good performance, this novel theory has attracted plenty of
attentions [5–9].
Gan et al. [4] used the topology potential theory to
describe the interaction and association among complex
network nodes and put forward a community detection algorithm based on topology potential. The community structure
can be uncovered by detecting all local high potential areas
margined by low potential nodes.
Han et al. [5] proposed an overlapping community
detection algorithm based on topology potential. A complex network will be divided into separate communities by
spreading outward from each local maximum potential node.

The algorithm claims that different nodes play different roles
in complex network, such as seed node, overlapping node,
and isolated node. Different community roles are identified
during spreading process.
Zhang et al. [6] proposed a variable scale network overlapping community identification method based on topology
potential. This method defines an identity uncertainty measure to identify overlapping nodes and utilizes the parameter
𝜉 to control community scale.
Topology potential calculation is the foundation and
key step for the above topology-potential-based community
detection methods. In a given network 𝐺 = (𝑉, 𝐸), where
𝑉 = {V𝑖 | 𝑖 = 1, . . . , 𝑛} is a set of nodes, 𝑛 is the total number of
nodes, 𝐸 = {V𝑖 , V𝑗 | V𝑖 , V𝑗 ∈ 𝑉} is a set of edges, and 𝑚 = |𝐸| is
the total number of edges. The topology potential of any node
V𝑖 can be computed as follows:
𝑛

2

𝜑 (V𝑖 ) = ∑ [𝑚𝑗 × 𝑒−(𝑑𝑖𝑗 /𝜎) ] ,
𝑗=1

(1)

where 𝜑(V𝑖 ) is the topology potential of node V𝑖 ; 𝑑𝑖𝑗 is the
distance between node V𝑖 and node V𝑗 ; 𝑚𝑗 is the mass of
node V𝑗 ; and 𝜎 is impact factor, which is used to control

2
the affecting hops of node. The optimal impact factor can be
obtained by using the method described in [4].
In formula (1), the node mass 𝑚𝑗 is an important parameter, which will directly affect the value of 𝜑(V𝑖 ). However,
almost all the above topology-potential-based community
detection methods ignore the difference between nodes and
assume 𝑚𝑗 = 1. This hypothesis is debatable, and the reasons
are described as follows.
On one hand, a node’s mass reflects its inherent properties, such as importance and influence. Different nodes have
different inherent properties. For example, in social network,
the importance of different people is significantly different,
and public figures obviously have more influence than general
people.
On the other hand, (1) shows that topology potential 𝜑(V𝑖 )
depends on the distance 𝑑 and the mass 𝑚 (the impact factor
𝜎 is a constant). If we suppose 𝑚 = 1, the calculated topology
potential value will deviate from the actual value, and this
deviation may affect the precision of community detection.
In order to solve the above problems, this paper puts
forward a mass calculation method for complex network
nodes, which is inspired from the idea of PageRank [10] algorithm. Node mass calculated by this method can effectively
reflect the importance and influence of nodes in complex
network. The more important a node is, the bigger its mass is.
Simulation experiment results showed that, after taking node
mass into consideration, the topology potential of node is
more accurate, the distribution of topology potential is more
reasonable, and the results of community detection are more
precise.
This paper is organized as follows: Section 2 describes
the node mass calculation method; Section 3 analyzes the
influence of node mass on topology-potential-based community detection; and Section 4 comes to the conclusion of this
paper.

2. Node Mass Calculation
Apparently, matter particle has its inherent mass. But how
to weigh the mass of network nodes? A node’s mass should
reflect its importance and influence in the complex network.
The more important a node is, the bigger its mass should
be. Inspired by the idea of PageRank algorithm, this paper
puts forward a mass calculation method for complex network
nodes.
The PageRank algorithm has been successfully used by
Google to evaluate the importance of web pages. Each web
page is assigned a PR value to reflect its importance. The
algorithm claims that the PR value of a web page can be
measured by the number and importance of web pages
linking to this page. Generally speaking, the more web pages
link to this page, the more important it is. The contributions
of these web pages are different: the more important these
pages themselves are, the more contribution they make to this
page.
Similarly, the importance of a network node can be
measured by the number and importance of its neighbor
nodes. The more neighbor nodes the node has, the more
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important it is. The more important its neighbors themselves
are, the more important the node is.
Definition 1. In a given network 𝐺 = (𝑉, 𝐸), where 𝑉 = {V𝑖 |
𝑖 = 1, . . . , 𝑛} is a set of nodes, 𝑛 is the total number of nodes,
𝐸 = {V𝑖 , V𝑗 | V𝑖 , V𝑗 ∈ 𝑉} is a set of edges, and 𝑚 = |𝐸| is the
total number of edges. The mass of any node V𝑖 is defined as
follows:
𝑚 (V𝑖 ) = (1 − 𝑑)
+𝑑⋅(

𝑚 (V1 )
𝑠 (V1 )

+ ⋅⋅⋅ +

𝑚 (V𝑖 )
𝑠 (V𝑖 )

+ ⋅⋅⋅ +

𝑚 (V𝑘 )
𝑠 (V𝑘 )

),
(2)

where 𝑚(V𝑖 ) is the mass of node V𝑖 ; V1 , . . . , V𝑖 , . . . , V𝑘 are
neighbors of node V𝑖 , 𝑚(V𝑖 ) is the mass of node V𝑖 ; 1 ≤ 𝑖 ≤ 𝑘;
𝑠(V𝑖 ) is the degree of node V𝑖 ; and 𝑑 is the damping factor,
0 < 𝑑 < 1.
Definition 1 shows that the value of damping factor 𝑑
will influence the distribution of node mass. The PageRank
algorithm set 𝑑 at 0.85 according to a large number of
experiments and experiences. Apparently, a suitable damping
factor 𝑑 is also needed in node mass calculation.
This paper selected a representative social network—
Zachary network to analyze the relationship between damping factor 𝑑 and node mass. The Zachary network is a karate
club network with 34 members. This karate club finally split
into two communities because of the confliction between its
chairman and coach. Table 1 shows the mass of number 1
node–number 7 node with different damping factors.
As can be seen from Table 1, when 𝑑 is 0, the mass
of the seven nodes are all 1, which means that there is
no difference in these nodes. With 𝑑 increasing, the mass
difference between nodes gradually becomes apparent. When
𝑑 comes to 1, the mass difference reaches the maximum.
Figure 1 shows the gap between maximum mass and
minimum mass of Zachary network nodes with different
damping factors. As can be seen from Figure 1, the gap is
increasing with the increasing of 𝑑, and it almost shows a
linear uptrend. In order to ensure mass difference between
nodes, highlight important nodes, and meanwhile avoid
extreme mass difference, this paper selects 𝑑, to which the
half position (B in Figure 1) between no mass difference (C
in Figure 1) and the biggest mass difference (A in Figure 1)
corresponds, as optimal value. For the Zachary network, the
corresponding optimal damping factor is 0.38 (D in Figure 1).
Node mass calculated by our method can effectively
reflect the importance and influence of nodes in complex
network. The more important a node is, the bigger its mass
is. After taking node mass into consideration, the topology
potential of node will be more accurate, and the distribution
of topology potential will be more reasonable. Now that mass
𝑚 reflects the influence of node in whole complex network,
thus, the topology potential, which depends on the distance
𝑑 and the mass 𝑚, is of global characteristic to some extent.
This global characteristic will be meaningful for community
detection.
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Table 1: The relationship between damping factor 𝑑 and node mass.

Number 1
node

Number 2
node

Number 3
node

Number 4
node

Number 5
node

Number 6
node

Number 7
node

0.00
0.10
0.20
0.30
0.40
0.50
0.60
0.70
0.80
0.90
1.00

1.000000
1.395255
1.747079
2.061667
2.343918
2.597738
2.826218
3.031637
3.215021
3.374151
3.495605

1.000000
1.126644
1.237061
1.335101
1.424051
1.506913
1.586712
1.666869
1.751764
1.847568
1.963056

1.000000
1.112363
1.219573
1.323713
1.426751
1.530693
1.637788
1.750830
1.873724
2.01265
2.178759

1.000000
1.021542
1.041998
1.062184
1.082954
1.105297
1.130467
1.160193
1.197029
1.244893
1.309709

1.000000
0.966275
0.935492
0.907004
0.880128
0.854066
0.827759
0.799622
0.766916
0.724111
0.658029

1.000000
1.013809
1.025750
1.035298
1.041800
1.044337
1.041493
1.030909
1.008239
0.964480
0.878151

1.000000
1.013809
1.02575
1.035298
1.041800
1.044337
1.041493
1.030909
1.008239
0.964480
0.878151

The gap between maximum mass and minimum mass

Damping factor 𝑑

mass into consideration; node mass is computed according
to Definition 1. We analyzed the topology potential of nodes
and community detection results with these two schemes.

3.5
A
3
2.5

3.1. Artificial Complex Network. The artificial complex network is generated by the LFR-Benchmark generator. The
node number is 100, the edge number is 230, the average
degree is 4.6, and the implanted community number is 2.
The structure of the artificial complex network is shown in
Figure 2.
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Figure 1: The relationship between damping factor 𝑑 and mass gap.

3. Simulation Experiments
This section will empirically analyze the influence of node
mass on three typical topology-potential-based community
detection methods. These three methods come from literature [4], literature [5], and literature [6]. In this paper, they
are called Gan, Han, and Zhang, respectively.
Simulation program was implemented using scientific
computing software MATLAB in the Windows environments. The experiment data include two complex networks: one is a real world network—Dolphin social network, which comes from http://www-personal.umich.edu/
∼mejn/netdata/; and the other is an artificial network,
which is generated by LFR-Benchmark generator [11]. LFRBenchmark is a network generator, which produces networks
with power-law degree distribution and with implanted
communities within the network.
For each network, there are two schemes: one is “without
mass” scheme, which ignores node difference and sets 𝑚 =
1, and the other is “with mass” scheme, which takes node

3.1.1. The Influences of Node Mass on Topology Potential.
Table 2 shows the topology potential of number 1 node–
number 20 node with two schemes. As seen from Table 2, the
topology potential of artificial network nodes shows obvious
changes after taking node mass into consideration.
Table 3 shows the top 20 nodes with the biggest topology
potential in two schemes. As seen from Table 3, the top
20 nodes sequence changes from the fourth biggest node
after taking node mass into consideration. The change of
node sequence implies the change of topology potential
distribution, which may affect community detection results.
3.1.2. The Influences of Node Mass on Community Detection Results. The artificial complex network contains two
communities: the community 𝐶97 and the community 𝐶99 .
The representative node of 𝐶97 is number 97 node, and the
representative node of 𝐶99 is number 99 node.
(1) The Gan Method. The Gan method first identifies internal nodes and boundary nodes and then uses defined
benefit function to determine which community a boundary node belongs to. For the “without mass” scheme,
the boundary nodes identified by the Gan method are
{8, 11, 20, 25, 32, 39, 40, 41, 42, 43, 49, 67}, with a total number of 12. For the “with mass” scheme, the boundary nodes
identified by the Gan method are {8, 11, 20, 25, 32, 39, 40, 42,
43, 49, 67}, with a total number of 11. Obviously, after taking
node mass into consideration, the boundary nodes reduced
from 12 to 11; thereby it can lighten the load of determining
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Figure 2: Artificial complex network.

Table 2: The topology potential of artificial network nodes with two schemes.
Node
Node 1
Node 2
Node 3
Node 4
Node 5
Node 6
Node 7
Node 8
Node 9
Node 10

Without mass
2.4140
2.1035
2.5520
2.5175
2.5175
1.9140
2.6900
2.6210
2.2760
2.0000

With mass
1.8383
1.4705
1.7553
1.8146
1.8885
1.2719
1.9954
1.7898
1.5757
1.4835

Node
Node 11
Node 12
Node 13
Node 14
Node 15
Node 16
Node 17
Node 18
Node 19
Node 20

Without mass
2.5175
2.2415
2.5520
2.5865
2.4140
2.2415
2.4140
3.3280
3.0175
2.8105

With mass
2.0233
1.6444
1.3730
1.4425
1.9363
1.9283
1.5655
1.5591
1.6472
1.4862

Table 3: The top 20 nodes of the artificial complex network.
Serial number
1
2
3
4
5
6
7
8
9
10

Without mass
Node 99
Node 97
Node 100
Node 98
Node 95
Node 94
Node 96
Node 93
Node 92
Node 89

With mass
Node 99
Node 97
Node 100
Node 94
Node 98
Node 96
Node 95
Node 93
Node 89
Node 92

Serial number
11
12
13
14
15
16
17
18
19
20

Without mass
Node 91
Node 90
Node 85
Node 87
Node 88
Node 86
Node 81
Node 82
Node 84
Node 78

With mass
Node 91
Node 88
Node 85
Node 87
Node 86
Node 90
Node 84
Node 76
Node 81
Node 78
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Figure 3: Dolphin social network.

which community a boundary node belongs to. As can be
seen from Figure 2, number 41 node is apparently the internal
node of community 𝐶97 . But if we do not take node mass
into consideration, this node is regarded as boundary node
by mistake.
(2) The Zhang Method. Zhang method uses the same
strategy as the Gan method to identify internal nodes
and boundary nodes. The only difference is the way
of determining which community a boundary node belongs to. Therefore, For the “without mass” scheme, the
boundary nodes identified by the Zhang method are also
{8, 11, 20, 25, 32, 39, 40, 41, 42, 43, 49, 67}, with a total number of 12. When we take node mass into consideration, the
boundary nodes identified by the Zhang method are also
{8, 11, 20, 25, 32, 39, 40, 42, 43, 49, 67}, with a total number of
11.
(3) The Han Method. The community detection results remain
the same with these two schemes. The reason is as follows: the
Han method simply utilizes topology potential to find local
maximum topology potential nodes, that is, representative
nodes of communities, and then it uses a strategy similar to

modularity to determine which community nodes it belongs
to. Whether we take node mass into consideration or not,
local maximum topology potential nodes are not changed
(always number 97 node and number 99 node), and complex
network structure is steadiness; therefore, community detection results remain the same.
3.2. Dolphin Social Network. The Dolphin social network
describes the frequent associations between 62 dolphins in
a community living off Doubtful Sound, New Zealand. The
structure of the Dolphin social network is shown in Figure 3.
3.2.1. The Influences of Node Mass on Topology Potential.
Table 4 shows the topology potential of number 1 node–
number 20 node with two schemes. As seen from Table 4, the
topology potential of Dolphin nodes shows obvious changes
after taking node mass into consideration.
Table 5 shows the top 20 nodes with the biggest topology
potential in two schemes. As seen from Table 5, the top 20
nodes sequence changes from the fifth biggest node after
taking node mass into consideration. This change may affect
community detection results.
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Table 4: The topology potential of Dolphin nodes with two schemes.

Node
Node 1
Node 2
Node 3
Node 4
Node 5
Node 6
Node 7
Node 8
Node 9
Node 10

Without mass
6.2895
7.0212
4.1513
4.1605
2.3973
3.8699
5.4456
5.4548
6.2895
5.8114

With mass
4.5944
5.4907
2.9848
2.8547
1.7321
3.2161
4.6391
3.8740
4.6118
5.0576

Node
Node 11
Node 12
Node 13
Node 14
Node 15
Node 16
Node 17
Node 18
Node 19
Node 20

Without mass
5.3610
2.3973
2.3973
6.4585
9.6098
6.4678
6.1957
7.1057
6.9367
4.3388

With mass
3.9025
1.7321
1.6296
5.5909
7.6395
4.7977
4.8912
6.1104
5.4700
3.1913

Table 5: The top 20 nodes of Dolphin social network.
Serial number
1
2
3
4
5
6
7
8
9
10

Without mass
Node 15
Node 38
Node 46
Node 34
Node 21
Node 41
Node 30
Node 52
Node 37
Node 51

With mass
Node 15
Node 38
Node 46
Node 34
Node 52
Node 30
Node 18
Node 21
Node 41
Node 58

3.2.2. The Influences of Node Mass on Community Detection
Results. Dolphin social network contains two communities:
the community 𝐶15 and the community 𝐶18 . The representative node of 𝐶15 is number 15 node, and the representative
node of 𝐶18 is number 18 node.
(1) The Gan Method. For the “without mass” scheme,
the boundary nodes identified by the Gan method are
{2, 7, 8, 20, 26, 27, 28, 29, 31, 40, 42, 55, 57}, with a total number of 13. For the “with mass” scheme, the boundary nodes
identified by the Gan method are {4, 8, 20, 24, 29, 31, 37,
40, 60}, with a total number of 9. Obviously, after taking node
mass into consideration, the boundary nodes reduced from
13 to 9; thereby it can lighten the load of determining which
community a boundary node belongs to.
As can be seen from Figure 3, number 7 node, number
26 node, number 27 node, number 42 node, and number 57
node are apparently the internal nodes of community 𝐶18 . But
if we do not take node mass into consideration, these nodes
are regarded as boundary nodes by mistake.
There emerge some new boundary nodes for the “with
mass” scheme, such as number 24 node and number 60
node. In Figure 3, these two nodes locate in the overlapping
area of community 𝐶18 and community 𝐶15 , and they all
directly connect to number 37 node, which definitely is an
overlapping node. So it is reasonable to claim that number 24
node and number 60 node are boundary nodes.

Serial number
11
12
13
14
15
16
17
18
19
20

Without mass
Node 39
Node 18
Node 2
Node 19
Node 44
Node 58
Node 16
Node 14
Node 22
Node 9

With mass
Node 51
Node 39
Node 14
Node 44
Node 2
Node 19
Node 37
Node 22
Node 10
Node 25

(2) The Zhang Method. Whether for the “without mass”
scheme or the “with mass” scheme, the boundary nodes
identified by Zhang method are all the same as Gan method,
and after taking node mass into consideration, the boundary
nodes reduced from 13 to 9. The reason is the same as that
explained in Section 3.1.
(3) The Han Method. The community detection results remain
the same with these two schemes. The reason is the same as
that explained in Section 3.1.

4. Conclusions
Topology potential theory is a new community detection
theory for complex network. At present, almost all topologypotential-based community detection methods assume that
network nodes have the same mass. This hypothesis leads
to inaccuracy of topology potential calculation and then
decreases the precision of community detection. Inspired by
the idea of PageRank algorithm, this paper puts forward a
novel mass calculation method for complex network node.
A node’s mass obtained by our method can effectively reflect
its importance and influence in complex network. The more
important a node is, the bigger its mass is. Simulation
experiment results showed that, after taking node mass
into consideration, the topology potential of node is more
accurate, the distribution of topology potential is more
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reasonable, and the results of community detection are more
precise.
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Process mining is automated acquisition of process models from event logs. Although many process mining techniques have
been developed, most of them are based on control flow. Meanwhile, the existing role-oriented process mining methods focus
on correctness and integrity of roles while ignoring role complexity of the process model, which directly impacts understandability
and quality of the model. To address these problems, we propose a genetic programming approach to mine the simplified process
model. Using a new metric of process complexity in terms of roles as the fitness function, we can find simpler process models. The
new role complexity metric of process models is designed from role cohesion and coupling, and applied to discover roles in process
models. Moreover, the higher fitness derived from role complexity metric also provides a guideline for redesigning process models.
Finally, we conduct case study and experiments to show that the proposed method is more effective for streamlining the process
by comparing with related studies.

1. Introduction
Information systems are mostly driven by the process model.
Therefore, the process model is a key factor for the system
to run effectively. Process mining techniques aim to automatically generate process models by analyzing the event log,
which assist in the redesign of process models.
Process mining first appeared in the field of software
engineering. It is proposed by Jonathan from New Mexico
State University in 1995 [1]. Then, Agrawal started to apply
process mining to process management in 1998 [2]. He used
directed graphs to represent the association between different
activities in business processes. Instead of using directed
graph, Aalst used the workflow net, which is a subclass
of Petri nets to represent process models. Based on the
work, some scholars extended process mining algorithm to
handle business logic, including sequence, parallel and circular relationship [3]. Compared with other process mining
algorithms, genetic mining proposed by de Medeiros et al. is
a global search algorithm, dealing with noise effectively [4].

The structure of process models is often complex. They
consist of circular, parallel, choice and hidden structures.
Current process mining algorithms are not well developed
in dealing with these structures. Process mining aims to find
the mode from the process execution log which most closely
matches the actual behavior of business processes. But with
the complication of the process, there will be large amounts of
alternative process models. How to find out the process model
with low complexity is necessary for process improvement.
For example, Tian proposed a process mining algorithm combining genetic algorithms and simulated annealing algorithm
[5]. Through analyzing process participants, the algorithm
built a causal relationship matrix mapping process instances
to the population chromosomes and mined the process
model effectively. In fact, those methods are very complex,
and the process model mined may be very complicated
too. Then, some researchers employed the complexity metric
of control flow and computed the structural complexity
of process models to guide process redesign [6]. However,
these approaches only pay attention to the complexity of

2
the process model from the perspective of control flow. How
to discover process models with low complexity, especially
from the organizational view, and streamline the collaboration between process actors are necessary.
At present, most of process mining methods are based
on process activities. They neglect the fact that the process
depends on the collaboration between multiple roles. Though
some scholars come to extract knowledge from the role
perspective, their studies on the relationship between process
roles are not complete and merely confined to discuss the
interaction among organizational entities [7, 8]. Actually, the
relationship between them is very complicated, so it is hard
to uncover hidden information and the role complexity of
business processes is ignored.
The remainder of the paper is organized as follows.
Section 2 introduces the role complex metrics. Then, the role
complex fitness is shown in Section 3 with the case study
conducted in Section 4. Moreover, we conduct comparative
experiments in Section 5. Finally, Section 6 concludes the
paper.

2. The Role Complexity of Process Models
The complexity of business processes describes process models from different perspective. It implies whether a business
process model has right size, clear structure and is easy to
understand and reasonably modular. Therefore, it is necessary to design process models with low complexity.
The previous studies focus on control flow that is
composed of activities and their relationships. For example, Cardoso discussed the complexity metric of control flow through experiments [9]. In addition, Vanderfeesten et al. proposed cohesion and coupling metrics for
process design [10]. However, a process is the integration of participants (roles), resources, objectives, information and business rules, and so on. Control flow is
just one of the factors affecting process complexity. More
researchers begin to analyze business processes from different
aspects.
2.1. The Role Cohesion Metric. The role cohesion analyzes
closeness of multiple activities performed by one role. It
proposes that the activities performed by the same role have
closer relationship. For example, if the activities performed by
a role are based on the same data or require similar capacities,
then the role may have greater role cohesion and be more
efficient to take the activities. The role cohesion metric is
categorized into the following types.
(1) The role activity cohesion is to assess the interaction
between roles in terms of control flow. The shorter the
interval is, the higher the role activity cohesion is. Herein,
the interval between two activities is defined as the number
of activities between them. For example, there are 𝑛 activities
between the activities 𝑎1 and 𝑎2 . Then, we can define the
distance between them as 𝐿(𝑎1 , 𝑎2 ) = 𝑛 + 1. Actually,
there may be several execution sequences containing 𝑎1 and
𝑎2 . Say that there are V execution sequences which contain
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𝑎1 and 𝑎2 , we can define the distance between 𝑎1 and 𝑎2
as
V

𝐿 𝑘 (𝑎1 , 𝑎2 )
.
V
𝑘=1

𝐿 (𝑎1 , 𝑎2 ) = ∑

(1)

We can examine the interval of every two activities by a
role to measure the role activity cohesion. So, the role activity
cohesion of 𝑟 can be defined as
𝛼𝑟 =

(1 + ∑𝑎1 ≠𝑎2 ;𝑎1 ,𝑎2 ∈𝑇(𝑟) (max 𝐿 − 𝐿 (𝑎1 , 𝑎2 )) /2)
2
(𝐶𝑇(𝑟)
× max 𝐿)

,

(2)

where 𝑇(𝑟) represents all activities performed by 𝑟, max 𝐿
is the maximum distance between activities of the process
2
separately, and 𝐶𝑇(𝑟)
means the number of situations of
activities’ combinations. So, the role activity cohesion reflects
the distance of activities performed by 𝑟. The shorter the
distance is, the higher the role activity cohesion of 𝑟 is.
(2) The role data cohesion measures the cohesion between
roles in terms of data. It analyzes the frequency of using
different data.
Provided that ∗ 𝑎 is the input data set of 𝑎, which is
necessary for 𝑎, and 𝑎∗ is the output data set of 𝑎, then 𝐼 =
∗
𝑎 ∪ 𝑎∗ is the data set, which is related to 𝑎, and |𝐼| is the
number of elements in 𝐼. Then, the role data cohesion of 𝑟
is defined as


(1 + ∑𝑎1 ≠𝑎2 ;𝑎1 ,𝑎2 ∈𝑇(𝑟) 𝐼1 ∩ 𝐼2  /2)
.
𝛽𝑟 =


(∑𝑎1 ≠𝑎2 ;𝑎1 ,𝑎2 ∈𝑇(𝑟) 𝐼1 ∪ 𝐼2  /2)

(3)

The role data cohesion indicates the proportion the input
and output data of activities by 𝑟. The more they share the
same data, the higher the role data cohesion of 𝑟 is.
(3) The role ability cohesion measures the cohesion
between roles in terms of abilities needed. It computes
what abilities are required for the role to perform different
activities. If 𝐸 is the set of abilities necessary to perform 𝑎,
and |𝐸| is the number of elements in 𝐸, then the role ability
cohesion of 𝑟 is defined as


(1 + ∑𝑎1 ≠𝑎2 ;𝑎1 ,𝑎2 ∈𝑇(𝑟) 𝐸1 ∩ 𝐸2  /2)
.
𝜒𝑟 =


(∑𝑎1 ≠𝑎2 ;𝑎1 ,𝑎2 ∈𝑇(𝑟) 𝐸1 ∪ 𝐸2  /2)

(4)

The role ability cohesion shows the kinds of common
abilities required by different activities performed by 𝑟 have
in common. The more they share, the higher the role ability
cohesion of 𝑟 is.
As a whole, the role cohesion metric is computed as
follow:
Coh𝑟 = 𝛼𝑟 × 𝛽𝑟 × 𝜒𝑟 .

(5)

2.2. The Role Coupling Metric. The role coupling metric
implies the degree of association between activities taken
by different roles. If there are several kinds of connections
between activities performed by two roles, and one role is
connected with more roles, it has greater role coupling metric.
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(1) The role activity coupling shows the degree of association between activities performed by different roles in a
process. If activities by different roles are connected, these
roles are interrelated. There are several kinds of connections
corresponding to different degrees of association.
Assume that 𝑟 is responsible for 𝑎1 and 𝑎2 is not performed
by role 𝑟. 𝑚 and 𝑛 represent the outdegree and indegree of
the connector between 𝑎1 and 𝑎2 separately. We can define
the coupling weight as follows through the connection form
between 𝑎1 and 𝑎2 .
(i) If 𝑎1 and 𝑎2 are directly connected, then 𝑎1 and 𝑎2 are
coupled, so the coupling weight between them is 1.
(ii) If 𝑎1 and 𝑎2 are connected through AND connector,
then 𝑎1 and 𝑎2 are also coupled, so the coupling weight
between them is 1.
(iii) If 𝑎1 and 𝑎2 are connected through OR connector,
then the probability of coupling between them is
(2𝑚−1 × 2𝑛−1 )/((2𝑚 − 1) × (2𝑛 − 1)), so the coupling
weight between them is (2𝑚−1 × 2𝑛−1 )/((2𝑚 − 1) × (2𝑛 −
1)).
(iv) If 𝑎1 and 𝑎2 are connected through XOR connector,
then the probability of coupling and coupling weight
between them are both 1/mn.
(v) If 𝑎1 and 𝑎2 are not connected, they cannot be coupled,
so the coupling weight between them is 0.
The role coupling metric of 𝑟 is defined as
𝛿𝑟
=

∑𝑎1 ∈𝑇(𝑟);𝑎2 ∉𝑇(𝑟) [connected (𝑎1 , 𝑎2) + connected (𝑎2 , 𝑎1 )]
,
|Arc|
(6)

where connected (𝑎1 , 𝑎2 ) represents the coupling weight
between 𝑎1 and 𝑎2 , Arc stands for the set of arcs in the process
model, and | Arc | is the number of elements in Arc. The larger
𝛿𝑟 is, the higher the role activity coupling of 𝑟 is.
(2) The role coupling is not only related to role activity
coupling, but also to the number of roles associated with
a role. If a role is associated with more roles, it may be
complicated. So, the role relation coupling of 𝑟 is defined as
𝜀𝑟 =

𝑁𝑟
,
|𝑅|

(7)

where 𝑁𝑟 is the number of roles associated with 𝑟 and |𝑅|
represents the number of roles in the process. The larger the
𝜀𝑟 is, the higher the role relation coupling of 𝑟 is. The role
coupling metric is defined as
Cou𝑟 = 𝛿𝑟 × 𝜀𝑟 .

𝑊𝑟 =

1
𝑡
time
cost
×( +
+
),
3
𝑇 TIME COST

(10)

where 𝑡, time, and cost represent the number of activities,
time, and cost to perform activities by 𝑟separately. 𝑇, TIME,
and COST represent the number of activities, time, and cost
to perform activities of the business process separately. In
(10), 1/3 is to ensure that the sum of weights of all the roles
is 1. The role complexity of the business process is defined as
𝐶 = ∑ 𝑊𝑟 × 𝐶𝑟 ,

(11)

𝑟∈𝑅

where 𝐶𝑟 is the role complexity of the role 𝑟, 𝑊𝑟 represents its
weight, and 𝑅 is the set of roles in the process.

3. The Fitness Function of Role-Oriented
Process Mining
In 2005, Aalst first introduced genetic algorithm to process
mining (genetic mining). In genetic mining, an individual is
a candidate process model and the fitness function evaluates
how well it is able to represent the actual process [6].
The fitness function is used to evaluate the adaptation
of every individual and guide searching process of genetic
programming. In order to mine the simplified business
process model, we introduce the complex fitness into the
fitness function.
3.1. Role Complexity Fitness. We define 𝐶(𝑅) as role complexity of process individual; min(𝐶) and max(𝐶) stand for
the minimum role complexity value and the maximum role
complexity value separately in a generation of population. So,
the role complexity fitness is defined as
PFComplex (𝑅) =

𝐶 (𝑅) − min (𝐶)
.
max (𝐶) − min (𝐶)

(12)

PFcomplex describes the relative role complexity of individuals in the same population in (12). When the role complexity
value of an individual is the maximum, the fitness value
of role complexity is 1. When the role complexity value of
individual reaches the minimum, the fitness value of role
complexity is 0. The smaller the PFcomplex of the individual
is, the lower its relative complexity is.

(8)

The lower the role cohesion is and the higher the role
coupling is, the more complex the role is. Therefore, the role
complexity is defined as
Cou𝑟
.
𝐶𝑟 =
Coh𝑟

As each role is different in importance, the role complexity of each role should be accompanied by the appropriate
weight depending on its importance. Then, according to the
weight of each role and its role complexity, we can get the role
complexity of a business process. The weight of each role can
be defined as

3.2. Fitness Function. The basic principle of fitness function
is that a process model should match event logs as much as
possible. So the precision is defined as
|𝑅|

(9)

cos (𝑝1 , 𝑝2 )
,
2
𝑖=1 𝑝 !=𝑝 &𝑝 ,𝑝 ∈𝑓(𝑅 )

PFprecise (𝑅) = ∑

∑

1

2

1

2

𝑖

(13)
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where |𝑅| means the number of roles in a process model,
𝑓(𝑅𝑖 ) is the participant set of 𝑅𝑖 , and cos(𝑝1 , 𝑝2 ) is
the cosine similarity between the participants 𝑝1 and
𝑝2 .
In order to discover simple process models, we add
the role complexity fitness to describe the precision. As
mining process models with correct roles is the nature of
process mining, complex fitness should have lower weights.
The individuals that are complex are punished. Assuming
that the weight of the precision and complexity fitness
are 𝜆 and 𝜃 separately, the complete fitness is defined as
follows:
PF (𝑅) = 𝜆PFprecise (𝑅) − 𝜃PFcomplex (𝑅) ,

(14)

where the fitness is affected by not only the correct recognition of roles in the process model, but also by the role
complexity of the model. So, it can make the role complexity
of mined process models lower.
The basic idea of genetic mining is as follows. First,
event logs are collected and activities by each participant are analyzed. Then, initial population is created.
After that, the fitness of every individual in the population is computed according to the fitness function
(14). If the fitness does not satisfy the termination condition, the population needs iterative evolution through
the genetic operations including selection, crossover, and
mutation. Each genetic operation transfers the individual, which has higher fitness value in the population
to the next generation. This loop terminates until the
optimal solution is found. In Section 4, we resort to a
case study to discuss the procedure of genetic mining in
detail.

4. Case Study
We first give a process mining experiment mentioned in [11]
and compare its process mining algorithm with ours.
The interaction between roles and role identification are
analyzed by using genetic algorithm and achieving optimal
role identification [11]. On the one hand, it shows the
degree of similarity in the activities executed by participants.
On the other hand, it indicates the similarity of performing internal activities of the participants of a certain role
and the interaction between participants. Table 1 shows the
fragment of workflow logs. The data in the first column
represents the process instance number, the second column
represents activities, and the third column represents the
participant corresponding to the activity in the second
column.
The matrix 𝑀 shows the role situation of a process model
𝑄. If 𝑀𝑗𝑘 is 1, that means the participants 𝑗 and 𝑘 undertake
the same role. If 𝑀𝑗𝑘 is 1 and 𝑗 = 𝑘, that means𝑗 undertakes
the role by himself [11]. As seen in matrix 𝑀, 𝑝101, 𝑝105,
and 𝑝115 undertake a role, 𝑝106 undertakes a role alone, and
𝑝107 and 𝑝114 undertake a role. We can encode the process

Table 1: The fragment of workflow log.
Instance number
115
115
116
115
115
116
117
115
116
115
115
115
115
117

Activities
Business negotiations (a)
Accepting order (b)
Business negotiations (a)
Sample design (c)
Sample inspection (d)
Accepting order (b)
Business negotiations (a)
Receiving materials (e)
Receiving materials (e)
Material application (f)
Material confirmation (g)
Parts production (h)
Parts delivery (i)
Business negotiations (a)

Participants
𝑝101
𝑝101
𝑝107
𝑝114
𝑝114
𝑝107
𝑝101
𝑝105
𝑝105
𝑝105
𝑝105
𝑝106
𝑝101
𝑝101

model 𝑄 through linking value of each row in 𝑀, and the
chromosome is 010001000011000010000
𝑝101 𝑝105 𝑝106 𝑝107 𝑝114 𝑝115
𝑝101
0
1
0
0
0
1
𝑝105
0
0
0
0
1
)
𝑝106 (
(
1
0
0
0 )
𝑀=
).
𝑝107 (
0
1
0
𝑝114
0
0
𝑝115
0 )
(
(15)
In workflow logs, the situation of activities by each actor
is as follows: 𝑝101 executes 𝑎 10 times, 𝑏 6 times, and 𝑖 5 times
separately. 𝑝105 executes 𝑐 2 times, 𝑑 2 times, 𝑒 5 times, and
𝑓 6 times separately. 𝑝106 executes ℎ 8 times. 𝑝107 executes
activity 𝑎 8 times, 𝑏 7 times, and 𝑖 6 times separately. 𝑝114
executes activity 𝑐 7 times, 𝑑 7 times, 𝑒 8 times, 𝑓 6 times, 𝑔
10 times, and ℎ 2 times separately. 𝑝115 executes 𝑏 5 times, 𝑐 3
times, 𝑑 3 times, 𝑒 5 times, 𝑓 4 times, and ℎ 1 times separately.
Tables 2 and 3 show the data and abilities required for each
activity in the process separately.
The precision value and the role complexity of 𝑄 represented in the matrix 𝑀 are as follows:
|𝑅|

cos (𝑝1 , 𝑝2 )

 ≈ 1.33
𝑖=1 𝑝 !=𝑝 ;𝑝 ,𝑝 ∈𝑓(𝑅 ) 2 𝑓 (𝑅𝑖 )

PFPrecise (𝑅) = ∑

∑

1

2

1

2

𝑖

(16)

𝐶𝑅 = 𝐶𝑅1 + 𝐶𝑅2 + 𝐶𝑅3 ≈ 392.19.
The maximum role complexity value in this generation is
393.74, and the minimum one is 25.54. So, the complex fitness
value of 𝑄 is
PFComplex (𝑅) =

𝐶 (𝑅) − min (𝐶)
≈ 0.996.
max (𝐶) − min (𝐶)

(17)

It is supposed that the complex fitness has lower weight
than the precise fitness. In this paper, we assume that
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Table 2: Data required for each activity.
Activity
Sample design
Sample inspection
Receiving materials

Material application

Material confirmation

Parts production
Parts delivery

Table 3: Abilities required for each activity.

Data elements
Order contracts, sample
instructions, sample
Sample instructions,
sample, sample inspection
form
Order contracts, materials
receipt form
Material application form,
materials receipt form,
materials confirmation
form, materials
Material application form,
materials receipt form,
materials confirmation
form, materials
Materials, sample, materials
confirmation form, sample
inspection form, finished
parts
Finished parts

the weight of the precision fitness is 0.7 and that of the
complex fitness is 0.3. So, the fitness value of 𝑄 is
PF (𝑅) = 𝜆PFPrecise (𝑅) − 𝜃PFComplex (𝑅) = 0.632.

(18)

After that, genetic operations are performed: we use
the selection operator. It retains process models which
have higher fitness values. Herein, we choose 15 process
models to get corresponding chromosomes in each generation. Then, we use the crossover operator. For example, the model 𝐴 with the code 010000000001000010001
makes a change in the 16th bit with the model 𝐵 with
the code 010001000011000110000, the new chromosomes
010000000001000110001 and 010001000011000010000 are
produced. Its occurrence probability is 𝑃𝑐 :
𝑃𝑐 =

𝐶1 (𝑓max − 𝑓𝑚 )
+ 𝐶2 ≈ 0.58,
𝑓max − 𝑓min

(19)

where 𝐶1 and 𝐶2 are constants, and we assume that they are
0.7 and 0.1. 𝑓max and 𝑓min are the maximum and minimum
fitness values in this generation separately: 0.87 and 0.52. 𝑓𝑚
is the fitness value of 𝑄, which is 0.632.
The mutation operation is that one bit of the chromosome
changes at random, from 0 to 1 or from 1 to 0. Its probability
of occurrence is 1 − (1 − 𝑃𝑚 )5 and 𝑃𝑚 is defined as
𝑃𝑚 =

𝐶3 (𝑓max − 𝑓𝑚 )
+ 𝐶4 ≈ 0.07,
𝑓max − 𝑓min

(20)

where 𝐶3 and 𝐶4 are constants and we assume that they are
0.09 and 0.01 separately.

Activity
Sample design
Sample inspection
Receiving materials
Material application
Material confirmation
Parts production
Parts delivery

Required ability
Sample design ability, sample
identification ability
Sample identification ability
Material identification ability
Material identification ability
Material identification ability
Production ability
Delivery ability, negotiation ability

Table 4: Cohesion and coupling complexity.

Role activity cohesion
Role data cohesion
Role ability cohesion
Role activity coupling
Role relation coupling
Role complexity

𝑅2
1
3/4
1
2/9
1/2
0.15

𝑅3
5/6
1/2
4/3
2/9
1/2
0.20

As mentioned above, we can get the role situation matrix
𝑀𝐴 through role-oriented genetic mining below:
𝑝101 𝑝105 𝑝106 𝑝107 𝑝114 𝑝115
𝑝101
0
0
0
1
0
0
𝑝105
0
0
0
1
1 )
𝑝106 (
(
).
1
0
0
0
𝑀𝐴 =
)
𝑝107 (
0
0
0
𝑝114
1
1
𝑝115
0 )
(
(21)
As seen from 𝑀𝐴, 𝑝101 and 𝑝107 share a role,
𝑝105, 𝑝114, and 𝑝115 undertake a role, and both 𝑝106 and
𝑝114 undertake a role alone. It groups the participants into
four roles: business manager, technical staff (𝑅2 ), technical
staff (𝑅3 ), and production workers. Figure 1 is the role-activity
diagram through our role-oriented process mining method.
In order to verify the effectiveness of our method, we
compare the role complexity of process models mined by our
algorithm and the algorithm proposed in [11]. For Figure 1,
we can calculate the role complexity of 𝑅2 and 𝑅3 by our
algorithm. The cohesion and coupling complexity of 𝑅2 and
𝑅3 are shown in Table 4.
𝑅2 and 𝑅3 are taken as one role [11]. The role complexity
of that role is 7.82. Clearly, the role complexity of that role
is far greater than the sum of the role complexity of 𝑅2
and 𝑅3 in Figure 1. The reason is that the technical staff is
mainly responsible for designing samples and inspection, as
well as raw material application and confirmation. These two
kinds of activities are different and require different data and
abilities, which leads to low role activity cohesion, role data
cohesion, and role ability cohesion. This brings about the high
role complexity ultimately. By means of our method, the work
of technical staff is split, which ensures that the process model
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Technical staff 1 (R2 )

Business manager

7

Business
negotiations

Sample
inspection

Sample
design

Production
workers
Parts
production

Accepting
order

Technical staff 2 (R3 )

Receiving
materials

Material
confirmation

Material
application

Parts
delivery

Figure 1: The mined role-activity diagram.

5. Experiments
In order to analyze the performance of the algorithm we
proposed, we select some event logs produced by 8 workflow
models shown partly in Table 1 to perform some experiments.
As can be seen from Figure 2, when the population size is
small, the fitness value is low. And when the population size
is bigger than 200, the fitness value no longer increases. So,
the population size is set to 200.
As shown in Figure 3, the time spent by the algorithm
is increased with the increase of the maximum number
of iterations. When the maximum number of iterations is

12

10

8
Fitness

is correct and has low role complexity at the same time. The
result shows that our method performs better in discovering
simplified role-based process models. In fact, the roles have
high cohesion and low coupling.
The role mining algorithms proposed in [12, 13] got role
hierarchy through the combination of permissions based on
participants and their permissions. Their algorithm identified roles based on permissions, ignorant of the difference
between the activities of participants. Phalp and Shepperd
measured the role’s complexity through surveying internal
activities and interactions between roles [14]. They didnot
give full considerations of cohesion and coupling between
roles. In addition, [15] considered the complexity of the
application of resources. But it ignored the internal cohesion
of roles. In comparison, our method treats the similarity
between activities by different participants as the basis for
identifying roles and it is based on genetic mining. So, it deals
with noise more effectively in workflow logs. Additionally,
it measures the complexity of roles through cohesion and
coupling in terms of activities and resources. Therefore, the
role complexity makes the process model correct and simple.

6

4

2

0
1

2

3

4
5
Process

6

7

8

Population size = 50
Population size = 100
Population size = 200
Population size = 400

Figure 2: Comparison of different population sizes.

small, the algorithm will stop before finding the optimal
solution. In this case, the solution is questionable. And when
the maximum number of iterations reaches 5000, the time
spent by the algorithm will remain stable. That means the
optimal solution will be found before 5000 iterations. So, the
maximum number of iterations is set to 5000.
Except for processes 3 and 5, the role complexity of
process models mined by our method is lower than that by
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Figure 3: Comparison of different maximum iterations.
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Figure 5: Comparison of fitness.

Through these experiments, we can see that the algorithm performs better when mining simpler process models,
because it uses the role complexity of process models.
Therefore, it can reduce the role complexity when mining
process models.

8
7
Role complexity

3

6
5

6. Conclusions

4

In this paper, we combine genetic programming with the role
complexity and propose the role-oriented process mining
approach. The advantage of our method is that it can mine
process models not only correctly, but also simply. In the
future, we will consider the relationship between process
roles more comprehensively and reduce the role complexity
further. Besides, we can improve the efficiency of model
mining through improved genetic algorithm.

3
2
1
0
1

2

3

4
Process

5

6

7

8

Our method
I-GA

Figure 4: Comparison of role complexity.
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A weighted accuracy and diversity (WAD) method is presented, a novel measure used to evaluate the quality of the classifier
ensemble, assisting in the ensemble selection task. The proposed measure is motivated by a commonly accepted hypothesis; that is,
a robust classifier ensemble should not only be accurate but also different from every other member. In fact, accuracy and diversity
are mutual restraint factors; that is, an ensemble with high accuracy may have low diversity, and an overly diverse ensemble may
negatively affect accuracy. This study proposes a method to find the balance between accuracy and diversity that enhances the
predictive ability of an ensemble for unknown data. The quality assessment for an ensemble is performed such that the final score is
achieved by computing the harmonic mean of accuracy and diversity, where two weight parameters are used to balance them. The
measure is compared to two representative measures, Kappa-Error and GenDiv, and two threshold measures that consider only
accuracy or diversity, with two heuristic search algorithms, genetic algorithm, and forward hill-climbing algorithm, in ensemble
selection tasks performed on 15 UCI benchmark datasets. The empirical results demonstrate that the WAD measure is superior to
others in most cases.

1. Introduction
As distinguished from general individual classification methods, including naı̈ve Bayes [1], decision tree [2], and svm
[3], the most important idea behind the ensemble methods
[4] is the use of a set of base classifiers and combining
their predictive capabilities into a single classification task.
Through the combination of multiple base classifiers, a more
accurate and stronger prediction can be obtained. Ensemble
methods can also be understood by comparison to the
scenario of people making decisions because people often
consider diverse opinions to reach their final decision, thus
reducing the risk of making mistakes. In recent decades,
many researchers have investigated ensemble technology,
resulting in a number of outstanding algorithms proposed
in the literature, such as bagging [5], adaboost [6], mixtureof-experts [7], and random forest [8]. Nevertheless, there
are two primary shortcomings in generic ensemble methods: efficiency and redundant classifiers. According to the
survey results reported by Tsoumakas et al. [9], a largescale ensemble learning task can easily create thousands

of base classifiers, or even more. There is no doubt that
having such a large number of classifiers in an ensemble
requires large memory and computational overhead. This
in turn leads to an increase in the training cost, storage
demands, and prediction time. In addition, an ensemble
with a large number of classifiers does not always generate
better prediction results. This is because an ensemble tends to
contain redundant classifiers in addition to high-quality ones.
The former negatively affects the overall ensemble predictive
performance.
Ensemble selection (i.e., ensemble pruning, ensemble
thinning, or classifier selection) is regarded as a type of
effective technique to solve these two shortcomings. The goal
in ensemble selection is to reduce the memory requirement
and accelerate the classification process while preserving or
improving the predictive ability [10]. Just as the name implies,
ensemble selection refers to the approaches that address the
selection of a subset of optimal classifiers from the original
ensemble prior to prediction combination. Given an original
ensemble with 𝑚 base classifiers 𝐸 = {𝐶1 , 𝐶2 , . . . , 𝐶𝑚 } and a
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validation (evaluation, pruning, or selection) dataset with 𝑘
samples 𝐷 = {(𝑥1 , 𝑦1 ), (𝑥2 , 𝑦2 ), . . . , (𝑥𝑘 , 𝑦𝑘 )}, the objective is
to form an optimal subensemble 𝐸 = {𝐶1 , 𝐶2 , . . . , 𝐶𝑛 }, where
the size of the optimal subensemble, 𝑛, is less than or equal to
the size of the original ensemble, 𝑚 (𝑛 ≤ 𝑚). The ensemble
selection behavior relies on two core elements, that is, evaluation measure and search method. The score calculated by the
evaluation measure is the quality assessment used to guide
the ensemble selection. The target to evaluate could be an
individual classifier or an ensemble, from which two types of
measure can be derived, that is, classifier and ensemble based.
The score assessed from a classifier-based measure represents
the quality of an individual classifier; the ensemble-based
measure evaluates the quality of the whole ensemble. The
goal of the search method is to find the classifiers with high
quality scores examined by the evaluation measure. Various
ensemble selection approaches are examples of combining
an evaluation measure and a searching method [9]. For
example, in ranking-based ensemble selection approaches
[11, 12], classifiers in the ensemble are reordered in descending order based on their quality scores, and the first 𝑛
(user-defined number) top classifiers are used. Intuitively, a
ranking-based approach is the combination of a classifierbased measure and a ranking search method. The advantage
of these methods is the low searching complexity, that is,
𝑂(𝑚), because it applies a ranking search algorithm. This
approach may sometimes work well, but it is theoretically
unsound, as illustrated by the classical example mentioned
in [10]: “an ensemble of three identical classifiers with 95%
accuracy is worse than an ensemble of three classifiers with
67% accuracy and least pairwise correlated error.” Another
representative instance of an optimization-based ensemble
selection approach is constructed using an ensemble-based
measure and an optimization search method [10, 13–15].
It consists of an optimization process of searching for an
optimal subensemble in the space of 2𝑚 − 1 (nonempty
case). The evaluation measure in this case should have the
capability of evaluating the quality with respect to the whole
ensemble. Unlike the ranking-based methods, it needs the
help of an optimization searching algorithm (e.g., a genetic
algorithm or a hill climbing algorithm) to avoid exhaustive
search complexity, that is, 𝑂(2𝑚 − 1).
In this study, ensemble-based measures for optimizationbased ensemble selection are emphasized. Two characteristics
of ensemble measures are used in this method: (a) they
assess the quality of an ensemble with multiple classifiers
rather than the quality of an individual classifier, and (b) they
usually work with heuristic search algorithms to perform the
ensemble selection.
The latent question of ensemble-based evaluation measures is thus “what is a good classifier ensemble?” Many
researchers have tried to answer this question in their
ensemble selection tasks. One comprehensive strategy is to
emphasize the ensemble accuracy, so the subensemble with
high accuracy stays in the validation dataset. Margineantu
and Dietterich [13] first claimed the feasibility of using
ensemble accuracy for the ensemble selection task. Zhou
et al. proposed the GASEN [14] and GASEN-b [15] selective ensemble learning algorithms, in which the ensemble
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selection procedures apply genetic algorithm (GA) to search
the optimal subensemble according to the majority voting
accuracy (MVA) in the validation dataset. In the ensemble
selection experiments conducted by Fan et al. [16], two
accuracy-class evaluation measures were used, that is, average
accuracy and mean squared error. Caruana et al. [17] performed a similar trial, experimenting with several evaluation
measures, including root mean squared error, precision/recall
𝐹-measure, and average precision. Although the experimental results from the above studies illustrated that the selected
subensembles based on accuracy measures may provide some
improvements with respect to the original ensemble, there
exists NO solid proof for the strong correlation between the
ensemble accuracy on the validation data and the predictive
performance on the test data. However, several studies have
proved that too high accuracy may lead to the overfitting
problem.
Other scholars insist that the ensemble constructed by a
set of diverse classifiers should survive. Such scholars prefer
using diversity to represent the ensemble quality. Ruta and
Gabrys [18] applied twelve widely known diversity measures,
including the disagreement measure, entropy measure, and
interrater agreement, in their experiments, to achieve better
results than accuracy measures. Martı́nez-Muñoz and Suárez
[12], Banfield et al. [19], and Partalas et al. [20] proposed
four similar diversity measures, that is, concurrency, margin
distance minimization, complementariness, and the uncertainty aware measure, for selecting subensembles through the
greedy search algorithm, producing impressive results. Their
results show that computing the degrees of diversity may
be a good choice for the evaluation measure. Nevertheless,
using diversity as the direct measure of ensemble quality is
still a controversial issue. On the one hand, the above studies
show promising predictive performance using diversity as the
evaluation measure. On the other hand, the theoretical and
experimental investigations from Tang et al. [21] concluded
that diversity could not be explicitly used for constructing the
ensemble, based on directed hill-climbing methods.
From the analysis above, it is determined that it is
insufficient to use either accuracy or diversity to represent the
ensemble quality. A well-known hypothesis in the ensemble
learning community claims that an ensemble with high
performance and generalization ability should be simultaneously accurate and diverse [4, 22]. Hence, ensemble
selection approaches should endeavor to generate such an
ensemble. In other words, the evaluation measures need
to assess ensemble quality by considering both accuracy
and diversity. However, this is not an easy task because
accuracy and diversity are mutual restraint factors, where
the ensemble with high accuracy may reduce the diversity
and diverse ensembles often will negatively affect accuracy.
A number of classifier-based evaluation measures motivated
by this idea were proposed in recent decades. In the most
representative study in [11], the authors proposed a measure
to evaluate each individual classifier’s contribution to the
whole ensemble by integrating the accuracy and diversity.
However, for ensemble-based evaluation measures, there are
seldom explorations on assessing the quality by considering
both accuracy and diversity.
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Therefore, in this study, a new ensemble-based evaluation measure, the weighted accuracy and diversity (WAD)
measure, is designed to meet this challenge. The proposed
measure has three main features. (1) It is designed to evaluate
an ensemble quality and work with heuristic search algorithms to conduct optimization-based ensemble selection.
(2) It assesses the ensemble quality by considering both
accuracy and diversity. To be more precise, inspired from
the 𝐹-measure [7] in information retrieval, the WAD measure combines accuracy and diversity by obtaining the harmonic mean of both measurements. Two weight factors are
appended that contribute to the trade-off between accuracy
and diversity. (3) It can automatically trade-off accuracy and
diversity because these two weight parameters are learned
by a linear programming approach. Empirical results on 15
UCI datasets showed that ensemble selection via the WAD
measure produces significantly better results.
The structure of this paper is as follows. Section 2 introduces the design of the new evaluation measure in detail.
Section 3 reports the experimental tests of the proposed
measure, including the corresponding process and final
results. The conclusions and discussion are summarized in
Section 4.

2. Method Design
The primary objective of this work is the design of a novel
ensemble-based measure to assess the ensemble quality of
the ensemble selection task. As mentioned in Section 1,
it is important to consider both accuracy and diversity
when assessing ensemble quality. To accomplish this, the
method integrates accuracy and diversity measurements in
a composite score, formulating a mathematical function
𝑄 = 𝑓(Acc, Div), where 𝑄, Acc, and Div denote ensemble
quality, accuracy and diversity, respectively. Three main
obstacles remain to be solved in the design of the measure.
(a) The method of calculating accuracy and diversity must
be determined. The new measure is expected to integrate
accuracy and diversity and, though a number of approaches
exist that can calculate both terms, the definitions must be
clear in preparation for the subsequent design. Section 2.1
gives the corresponding descriptions. (b) The form of the
new measure must be determined; that is, the function 𝑄 =
𝑓(Acc, Div) must be defined. Although several studies have
tried to find the solution to this question, there has been
no approach to date that has yielded a reasonable composite
form using both accuracy and diversity. The new measure
tackles this problem by proposing the harmonic mean form
to combine accuracy and diversity, as reported in Section 2.2.
(c) The method used to balance accuracy and diversity
must be determined. In the form of the new measure, two
weight parameters are used to balance accuracy and diversity.
Weight parameters control the importance of accuracy and
diversity. The trade-off process is equivalent to a weight value
assignment. Particularly, the weight should be adjusted to the
specific dataset. The new measure therefore employs a linear
programming technique to automatically estimate the weight
value, as described in Section 2.2.

3
2.1. Notations and Definitions. The common notations and
definitions summarized in the following are used in the
remainder of the paper. Let 𝐸 = {𝐶1 , 𝐶2 , . . . , 𝐶𝑚 } be an
original ensemble containing 𝑚 base trained classifiers, where
the classifiers are either homogenous, that is, trained by
the same base classification algorithm, or heterogeneous,
that is, trained by different classification algorithms. Given
a validation dataset with 𝑘 samples, 𝐷 = {𝑆1 , 𝑆2 , . . . , 𝑆𝑘 },
where 𝑆𝑖 = {(𝑥𝑖 , 𝑦𝑖 ) | 𝑖 ∈ [1, 𝑘]} denotes both the 𝑖th
multidimensional input feature vector 𝑥𝑖 and the label of the
𝑖th sample 𝑦𝑖 ∈ {V1 , V2 , . . . , V𝑙 }. Denote ℎ𝑖 (𝑥𝑗 ) as the prediction
from the 𝑖th classifier 𝐶𝑖 in the ensemble on the 𝑗th sample 𝑥𝑗
and 𝐻(𝑥𝑗 ) as the prediction of the original ensemble, 𝐸, for
𝑥𝑗 . The prediction collection of all classifiers in 𝐸 on the entire
dataset, 𝐷, is represented by Preds = {ℎ𝑖 (𝑥𝑗 ) | 0 < 𝑗 < 𝑘; 0 <
𝑖 < 𝑚}.
It is a straightforward concept that accuracy refers to
the correct rate. In the example of an individual classifier,
the accuracy on a certain dataset equals the quantity of
correct predictions over the total number of samples of the
dataset. For an ensemble, however, because the prediction is
a collective decision from a set of classifiers, there are various
types of accuracy, such as majority voting accuracy, average
voting accuracy, and weighted majority voting accuracy. In
this work, the most common approach is used, that is, the
simple majority (plurality) voting accuracy, to assess the
ensemble accuracy. The majority voting accuracy, summarized in Notation 2, is attractive for and adaptable to this task
because it only needs to validate and collect statistics for the
predictions that are chosen by the majority of the classifiers.
Moreover, as one of the simplest and most intuitive ensemble
fusion techniques, the majority voting technique is widely
used among various ensemble methods, such as bagging [5]
and random forest [8].
Notation 1 (correct/incorrect (1/0) output). This type of
representation for prediction is well known as an oracle
output that only considers the correctness of the solution.
Oracle output is used in this study because “it incorporates
no a priori knowledge of the data and makes no assumption
on what the base classifier is” [21]. Hence, the oracle output
provides a general model for the following computation of
accuracy and diversity. The oracle output, 𝑜𝑖 (𝑥𝑗 ), from the 𝑖th
classifier on 𝑗th sample, as shown in (1), will have an output
of 1 if the training sample 𝑥𝑗 is classified correctly by the base
classifier 𝐶𝑖 ; otherwise the output is 0, expressed as follows:
1,
𝑜𝑖 (𝑥𝑗 ) = {
0,

if ℎ𝑖 (𝑥𝑗 ) = 𝑦𝑗 ,
otherwise.

(1)

Notation 2 (ensemble accuracy). Given an ensemble 𝐸 and a
dataset 𝐷 with 𝑘 samples, denote 𝑙 as the number of classifiers
from 𝐸 that correctly recognize 𝑥𝑖 . The oracle output 𝑂(𝑥𝑖 ) for
the ensemble 𝐸 using the simple majority voting for the input
sample, 𝑥𝑖 , can be expressed by (2) as follows:
1,
{
{
𝑂 (𝑥𝑗 ) = {1 or 0,
{
{0,

if 𝑙 > 𝑚 − 𝑙,
else if 𝑙 = 𝑚 − 𝑙,
otherwise,

(2)
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Table 1: Confusion matrix for two classifiers. (√) denotes the
correct prediction given by the classifier and (×) denotes incorrect
prediction.
𝐶𝑖 (√)
𝐶𝑖 (×)

𝐶𝑗 (√)
𝑁11
𝑁01

𝐶𝑗 (×)
𝑁10
𝑁00

where 𝑂(𝑥𝑖 ) ∈ {0, 1}; that is, 1 denotes that the ensemble
prediction is correct if the number of correct predictions, 𝑙,
is greater than the number of incorrect predictions, 𝑚 − 𝑙,
and 0 denotes the case when it is not true. When the number
of correct predictions is equal to the number of incorrect
predictions, the result is a random selection between 0 and 1.
Based on the ensemble oracle output, the ensemble accuracy,
acc, for the entire dataset, 𝐷, can be determined using (3) as
follows:
Acc =

∑𝑘𝑖=1

𝑂 (𝑥𝑖 )
,
𝑘

(3)

where the final result is the sum of the ensemble oracle
outputs for all samples in the dataset over the size of the
dataset. The variable acc varies between 0 and 1, where the
higher score means that the ensemble is more accurate.
In the research field of ensemble learning, it is well known
that the base classifiers in the ensemble should be as diverse as
possible [4, 13, 23]. If a classifier output in the ensemble makes
errors, it would be an advantage to have additional output
from other, different ensemble members. It is meaningless
to combine a set of duplicate classifiers. Diversity measures
the difference in the classifiers. Researchers have proposed
a variety of diversity measures, such as the Kohavi-Wolpert
variance [24], generalized diversity [24], and double-fault
measure [25]. In this study, the disagreement measure is used,
as illustrated in Notations 3 and 4, as proposed by Skalak
[26]. This measure was selected because it is a widely accepted
measure to evaluate the diversity, and it has been applied to
many ensemble problems. For example, Ho [27] used it to
assess the diversity in a decision forest problem, and Lu et al.
[11] used it as the diversity measure to calculate the classifier
contribution in their study.
Notation 3 (confusion matrix for two classifiers). Assume
two classifiers, 𝐶𝑖 and 𝐶𝑗 , and their oracle predictions on 𝐷,
𝑜𝑖 (𝑥𝑘 ). Table 1 shows a 2 × 2 confusion matrix that records
the statistics of four scenarios between two classifiers, where
𝑁01 represents the number of cases in which the sample is
incorrectly predicted by 𝐶𝑖 but correctly predicted by 𝐶𝑗 ,
𝑁10 is the number of cases correctly predicted by 𝐶𝑖 but
incorrectly predicted by 𝐶𝑗 , and 𝑁00 and 𝑁11 are the number
of cases in which the sample is incorrectly predicted by
both 𝐶𝑖 and 𝐶𝑗 and correctly predicted by both 𝐶𝑖 and 𝐶𝑗 ,
respectively.
Notation 4 (ensemble diversity). Given a dataset 𝐷 with 𝑘
samples, based on the confusion matrix for two classifiers
as defined in Notation 3, div𝑖,𝑗 denotes the diversity of the

pair of classifiers 𝐶𝑖 and 𝐶𝑗 . The diversity of two classifiers
is defined based on the intuition that two diverse classifiers
disagree with each other or perform differently on the same
data. The diversity therefore is the ratio between the number
of cases of disagreement (𝑁10 and 𝑁01 ) and the total number
of all cases (𝑁00 , 𝑁11 , 𝑁10 , and 𝑁01 ) as follows:
div𝑖,𝑗 =

𝑁00

𝑁10 + 𝑁01
.
+ 𝑁11 + 𝑁10 + 𝑁01

(4)

Extending (4) to the entire ensemble, 𝐸, with size 𝑚, Div
denotes the ensemble diversity, which is div𝑖,𝑗 , averaged over
all pairs of classifiers using (5) as follows:
Div =

𝑚−1 𝑚
2
∑ ∑ div .
𝑚 (𝑚 − 1) 𝑖=1 𝑗=𝑖+1 𝑖,𝑗

(5)

Because for any pair of classifiers in ensemble 𝐸, 𝑁00 + 𝑁11 +
𝑁10 + 𝑁01 = 𝑘, (5) can be further reduced as follows:
Div =

𝑚−1 𝑚
2
01
).
∑ ∑ (𝑁10 + 𝑁𝑖,𝑗
𝑘 ⋅ 𝑚 (𝑚 − 1) 𝑖=1 𝑗=𝑖+1 𝑖,𝑗

(6)

Div varies between 0 and 1, where 0 indicates no difference
and 1 indicates the highest possible diversity.
2.2. Weighted Accuracy and Diversity Measure. As mentioned in Section 1, many studies have shown that ensemble
quality is strongly correlated with accuracy and diversity.
Additionally, the accuracy and diversity are not directly
proportional to the ensemble quality. Too high accuracy may
lead to the problem of overfitting; that is, the accuracy of
the validation dataset is increased, but worse predictions
are achieved on unseen data [28]. However, an ensemble
that is too diverse tends to comprise multifarious base
classifiers that may seriously reduce the overall ensemble
performance [21]. In addition, accuracy and diversity are
mutual restraint factors, where classifiers with high accuracy
put together may downgrade the complementarity (diversity)
and a highly diverse ensemble negatively affects accuracy.
There is thus a balance to be achieved between accuracy and
diversity that enhances the predictive ability of an ensemble
for unknown data. To obtain this balance, accuracy and
diversity measurements are integrated, forming a composite
form between accuracy and diversity. In other words, if
the results of accuracy and diversity for an ensemble have
been evaluated, this evaluation can determine if a certain
combinational way to generate a more rational score based
on those two results can be applied. Inspired by the wellknown evaluation method in information retrieval, that is,
the 𝐹-measure or 𝐹-score [7], considering both the precision
and the recall, the WAD ensemble evaluation measure is
developed. WAD is an acronym for weighted accuracy and
diversity and performs the evaluation score of the ensemble
quality by computing the harmonic mean of the accuracy
and diversity measurements. According to Sasaki [29], the
harmonic mean can create a more reasonable score to balance
two factors and is more intuitive than the arithmetic mean
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when computing a mean of ratios. Particularly, different from
the form of the 𝐹-measure, two parameters are assigned,
𝛼 and 𝛽, representing the weight of accuracy and diversity,
respectively, balance the effects of two factors. The composite
form of measuring ensemble quality is therefore defined in
Lemma 1 as follows.
Lemma 1. Given an ensemble 𝐸 and a dataset 𝐷, let each
classifier in 𝐸 predict all samples in 𝐷, collecting their results
by 𝑃𝑟𝑒𝑑𝑠. The ensemble accuracy 𝐴𝑐𝑐 and the ensemble
diversity 𝐷𝑖V can be computed according to Notations 2 and
4, respectively. Denote the ensemble quality score as 𝑊𝐴𝐷 and
the form by (7) as follows:
𝑊𝐴𝐷𝛼,𝛽 (𝐴𝑐𝑐, 𝐷𝑖V) =

𝐴𝑐𝑐 ⋅ 𝐷𝑖V
,
𝛽 ⋅ 𝐴𝑐𝑐 + 𝛼 ⋅ 𝐷𝑖V

Given two weights, 𝛼 and 𝛽, associated with the accuracy
and diversity measurements, Acc and Div, respectively, the
weighted harmonic mean (WHM) is defined by (8) as follows:
∑𝜔∈{𝛼,𝛽} 𝜔
∑𝜔∈{𝛼,𝛽};𝑥∈{Acc,Div} (𝜔/𝑥)

=

𝛼+𝛽
𝛼/Acc + 𝛽/Div

=

Acc ⋅ Div
.
𝛽 ⋅ Acc + 𝛼 ⋅ Div

max

(𝐴𝑐𝑐 ⋅ 𝐷𝑖V)
𝛽 ⋅ 𝐴𝑐𝑐 + 𝛼 ⋅ 𝐷𝑖V

s.t.

𝛼+𝛽=1

𝛼,𝛽

𝑖𝑓 𝐴𝑐𝑐 > 𝐷𝑖V,

(7)

where 𝛼 and 𝛽 are two weight parameters that control the
importance of accuracy and diversity, respectively. The sum of
the two weight parameters equals 1. If the measure focuses more
on accuracy, the value of 𝛼 should be greater than 𝛽. If the
measure focuses more on diversity, 𝛼 should be less than 𝛽.

WHM (Acc, Div) =

validation dataset 𝐷. The ensemble accuracy 𝐴𝑐𝑐 has been
computed using Notation 2, and the diversity 𝐷𝑖V has been
computed using Notation 4. The estimation of the weight
parameters (𝛼 and 𝛽) can then be formulated as a linear
programming problem, and the corresponding mathematical
programming formulation is as follows:

(8)

The formula derived in (8) is exactly the same as the form
of the WAD measure. The ensemble quality increases with
the increasing value of WAD score. The WAD score varies
between 0 and 1, where it reaches its best value at 1 and worst
value at 0.
When calculating the WAD measure, the ensemble accuracy Acc and ensemble diversity Div can be computed using
Notations 2 and 4. However, for the two weight parameters,
𝛼 and 𝛽, a solution must be proposed to determine their
adaptable values. In the rest of this subsection, the estimation of the weight parameters will be discussed. The WAD
measure employs the two parameters to balance accuracy and
diversity. A straightforward approach is to manually preset
the values. However, such a hard-coded approach is irrational and lacks theoretical support because the ensembles
are applied to different datasets and should therefore have
specific optimal weight values. Ideally, the values should be
adjusted to the dataset and could be automatically estimated
from the data. In fact, the weight parameter estimation for
WAD can be formulated to a constrained linear programming
problem, as described by Lemma 2.
Lemma 2. Assume the current ensemble 𝐸 with 𝑚 classifiers
and the predictions 𝑃𝑟𝑒𝑑𝑠 of each classifier in 𝐸 on the

𝑒𝑙𝑠𝑒,
0 ≤ 𝛼,

𝛼 𝐴𝑐𝑐
≤
𝛽 𝐷𝑖V

(9)

𝛼 𝐴𝑐𝑐
≥
𝛽 𝐷𝑖V
𝛽 ≤ 1.

The objective function of this problem is expressed by maximizing the WAD score, where 𝐴𝑐𝑐 and 𝐷𝑖V in this case are two
constants. Meanwhile the objective function is subject to three
constraints, that is, the equality 𝛼 + 𝛽 = 1, and the inequalities
if 𝐴𝑐𝑐 > 𝐷𝑖V, 𝛼/𝛽 ≤ 𝐴𝑐𝑐/𝐷𝑖V, else, 𝛼/𝛽 ≥ 𝐴𝑐𝑐/𝐷𝑖V and 0 ≤ 𝛼,
𝛽 ≤ 1, that specify a convex polytope to be optimized. The
second constraint is defined according to the intuition that the
results of accuracy and diversity are simultaneously required
to be as large as possible. If the accuracy result is greater than
the diversity result, let the ratio between 𝛼 and 𝛽 be less than
or equal to the ratio between accuracy and diversity. If the
accuracy result is less than the diversity result, then the ratio
between 𝛼 and 𝛽 should be greater than or equal to the ratio
between accuracy and diversity.
The function in (9) is a very typical linear programming
problem. We can optimize it using the simplex algorithm in
[30], developed by Dantzig in 1947, which solves the problem
by forming a feasible solution at a vertex of the polytope and
then walking along a path on the edges of the polytope to
vertices with nondecreasing values of the objective function
until an optimum is reached.
The pseudocode of the WAD measure is presented in
Pseudocode 1. For computing the WAD score of an ensemble,
an original ensemble 𝐸 with 𝑚 base classifiers and a validation
dataset 𝐷 with 𝑘 instances should be provided. The computation starts from collecting predictions ℎ𝑖 (𝑥𝑗 ) of each classifier
𝐶𝑖 in the ensemble 𝐸 on each data sample 𝑆𝑗 in validation
dataset 𝐷. The results are recorded in Preds. The accuracy Acc
of the ensemble 𝐸 is then computed based on the prediction
results Preds and the approach in Notation 2. Similarly, the
diversity Div of the ensemble 𝐸 is computed according to
Notation 4 in Preds. Afterwards, the linear programming
algorithm is used to estimate the weight parameter values 𝛼
and 𝛽. In the last step, the WAD score is calculated using (7).

3. Evaluation
In this section, the effectiveness of the WAD measure is
investigated in ensemble selection tasks. Coupled with two
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Input:
(1) Original ensemble with m classifiers: 𝐸 = {𝐶1 , 𝐶2 , . . . , 𝐶𝑚 }
(2) Validation dataset: 𝐷 = {𝑆1 , 𝑆2 , . . . , 𝑆𝑘 }
Define:
(1) Classifier predictions: Preds
(2) Ensemble accuracy: Acc
(3) Ensemble diversity: Div
(4) The weight parameters: 𝛼 and 𝛽
Output:
(1) WAD: ensemble quality score
Begin
(1) For each 𝐶𝑖 in ensemble E:
for each 𝑆𝑗 invalidation dataset D:
get the jth classifier 𝐶𝑖 ’s prediction ℎ𝑖 (𝑥𝑗 ) on 𝑆𝑗 and put it in Preds
end for
End For
(2) Compute accuracy Acc of E according to Notation 2
(3) Compute diversity Div of E according to Notation 4
(4) Estimate 𝛼 and 𝛽 according to Lemma 2
(5) Compute the score by
Acc ⋅ Div
WAD =
𝛽 ⋅ Acc + 𝛼 ⋅ Div
End;
Pseudocode 1: The pseudocode to compute the WAD score.

existing representative ensemble evaluation measures and
two threshold measures, the proposed measure was combined with two heuristic search algorithms for conducting
ensemble selection on 15 UCI benchmark datasets. In the
following subsections, the setting of the experiments is
introduced, and the results of the comparison experiments
are reported.

3.1. Experimental Settings. The experimental datasets are
taken from the UCI machine learning repository [31]. In the
experiments, 15 different datasets are chosen for the evaluation. The characteristics of the various datasets are shown in
Table 2. To avoid bias, the datasets are selected as follows: (a)
four small-size datasets with less than 500 instances, that is,
hepatitis, autos, heart-statlog, and ionosphere; (b) six mediumsize datasets with 500–3,000 instances, that is, credit, diabetes,
vehicle, car, cmc, and segment; (c) five large-size datasets
with more than 2,000 instances, that is, kr-vs-kp, hypothyroid,
waveform-5000, page-blocks, and nursery. In addition, the
experimental datasets cover six binary-class problems and
nine multiclass problems. All datasets have removed the
samples with missing values. The experimental workbench
is WEKA [32], a popular suite of machine learning software
written in Java, developed at the University of Waikato.
Initially, each dataset is divided into three disjunctive
parts, that is, the training set, validating set, and testing set,
each containing 40%, 40%, and 20% of the samples, respectively. The training set is for original ensemble production,
the validatingset is for ensemble selection and the testing
set is for selected ensemble evaluation. The proportionate
stratified sampling is employed to guarantee the balance of

class distribution in the three divided sets. Based on the
training set, the original ensemble is produced with 200 base
classifiers generated using the bagging method [5], where
200 diverse datasets are randomly generated by drawing with
replacement amongst 𝑁, where 𝑁 is the size of the original
training set, and then trained up the corresponding 200 base
classifiers by the unpruned J48 decision tree, a variant of C4.5
[2].
For the comparison, two existing representative ensemble
evaluation measures are used, that is, the Kappa-Error Convex Hull Pruning measure [13] and the GenDiv [33] measure,
because their objective is similar to the WAD measure objective. The former is a typical evaluation measure for ensemble
selection, considering accuracy and diversity. Several studies
[10, 33] employed this method as an important comparison
candidate. The latter is the latest representative measure that
trades off accuracy and diversity. In addition to those two
candidates, two additional threshold measures are used, AccOnly and Div-Only. The first one takes only the accuracy into
consideration, and the quality score is computed according to
Notation 2. The second one only assesses the quality score by
the diversity, according to Notation 4.
All five candidates of evaluation measure are compared
using two common heuristic search algorithms, that is, the
genetic algorithm and the forward hill-climbing algorithm, to
conduct ensemble selection on the validating set. The genetic
algorithm, inspired by evolution and developed by John Holland [1] at the University of Michigan in the 1970s, can be used
to yield useful solutions to optimization and search problems.
To use a genetic algorithm, the solution for a specific problem
should be projected to a genome or chromosome. The genetic
algorithm randomly generates a population of chromosomes
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and utilizes genetic operators such as mutation and crossover
operators to evolve the population, producing more diverse
chromosomes to find the best one. This search approach
has been applied in many ensemble selection tasks [14, 15,
33]. The forward hill-climbing algorithm [34] belongs to a
greedy search class of algorithms that focuses on adding or
removing a specific classifier such that the improvement in
the ensemble performance is maximal. The searching starts
from a single best classifier and seeks a pair of classifiers
that maximally increases the ensemble performance at each
round. As one of the most effective search algorithms, it is
also widely used in ensemble selection tasks [13, 16, 17, 35]. In
this experiment, the evaluation measures are considered the
objective or evaluation function in the search algorithms. The
parameters of the search algorithms are set as follows.
(i) GA: the population size is 50, the crossover rate is 0.8,
the mutation rate is 0.7, and the termination condition
is no improvement for 100 iterations.
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Table 2: Experimental datasets from the UCI Repository.
No.
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15

Name
Hepatitis
Autos
Heart-statlog
Ionosphere
Credit
Diabetes
Vehicle
Car
cmc
Segment
kr-vs-kp
Hypothyroid
Waveform-5000
Page-blocks
Nursery

Feature
19
26
13
34
15
8
18
6
9
19
36
29
40
10
7

Instance
155
205
270
350
690
768
946
1728
1473
2310
3196
3772
4999
5473
12960

Class
2
6
2
3
2
2
4
4
3
7
2
4
3
5
5

(ii) FHC: the direction is forward, and the termination
condition is that it stops at convergence.
Simple majority voting is used to combine the predictions
of the selected ensemble on the test set. The size of the
resulting ensemble and its classification correct rate of the test
data using the combination method are recorded. The whole
experiment is performed 10 times for each dataset, and the
results are averaged.
3.2. Ensemble Size Evaluation. Tables 3 and 4 show the
average size of the ensemble selected by all five evaluation
measures, that is, WAD, Kappa-Error, GenDiv, Acc-Only and
Div-Only, equipped with the two search algorithms, GA and
FHC,for the 15 UCI datasets. The last column (No-Selection)
of the table lists the size of the original ensemble, and the
bottom row reports the average size across all datasets for
each measure. The results show that the average size of
ensemble selected via the WAD measure ranks in the exact
middle of the pack. In the GA search case, the greatest
reduction with respect to the original ensemble occurs for
Acc-Only, where the average ensemble size is 10.6. The WAD
case is in third place, where the size is 24.3, showing a
reduction of approximately 12% from the original ensemble.
A similar scenario occurs in the FHC search case, where
the average ensemble size of WAD is 23.3, also showing an
approximate reduction of 12%. The results of the selected
ensemble size are shown to testify that, for a selected classifier
in the ensemble, sufficient classifiers are more essential than
less ones in an ensemble. According to a previous experiment
[35], the selected ensemble size and predictive performance
are not strongly correlated. Although ensemble selections via
other measures such as Kappa-Error and Acc-Only exhibit
a greater reduction in ensemble size, there are fewer than
five classifiers left in several cases, indicating that such a
situation may be unreasonable and unreliable. Breiman [5]
and Opitz and Maclin [36] proposed that in most ensemble
cases, most or all of the generalization can be gained in a wellconstructed ensemble with 25 base classifiers. The results in
Tables 3 and 4 demonstrate that the WAD results (24.3 and

23.3) fit this golden size. In addition to the ensemble size,
good quality is a better target for the classifier. The following
experimental results validate that the ensemble selection via
the WAD measure can generate the ensemble not only with
reasonable size but also with robust performance.
3.3. Ensemble Quality Evaluation. Tables 5 and 6 summarize the predictive performance for 15 datasets with all
five candidate evaluation measures, that is, WAD, KappaError, GenDiv, Acc-Only, and Div-Only. Table 5 reports the
classification correct rate with ensemble selection using the
GA search method, and Table 6 reports the classification
correct rate using the FHC search method. The last column,
No-Selection, in both tables, indicates the performance of the
original ensemble without any ensemble selection process.
Each cell in these two tables records the mean and standard
deviation value of the 10 runs of the experiment. The bottom
row illustrates the win/loss/tie summary that is computed
using a pairwise t-test at 95% significance level. To comprehensively probe the proposed measure, three comparisons
are made based on the empirical results in Tables 5 and
6. (1) WAD versus No-Selection. The ensemble selected via
the WAD measure outperforms the original ensemble in the
overwhelming majority of cases, where WAD + GA achieved
13 significant wins and WAD + FHC achieved 12 significant
wins among 15 datasets. Furthermore, there is not a single
case of significant loss. Although the WAD on three datasets,
that is, car, segment and kr-vs-kp, does not win significantly,
it is still comparable to No-Selection. This comparison reveals
that ensemble selection using the WAD measure can dramatically upgrade the predictive performance compared to
original ensembles. It further shows that fewer classifiers can
be employed to preserve or even improve predictive ability.
(2) WAD versus Acc-Only and Div-Only, because the goal of
the WAD measure is to balance accuracy and diversity, the
comparison with the two threshold cases that consider either
accuracy or diversity enables the direct demonstration of
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Figure 1: The curves of the classification correct rate on four representative datasets: credit-a, page-blocks, autos, and cmc. The left graphs
report the ensemble selection cases using FHC search, while the right ones using GA search.
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Table 3: The average size of ensembles selected by candidate measures and GA.
Dataset
Hepatitis
Autos
Heart-statlog
Ionosphere
Credit-a
Diabetes
Vehicle
Car
cmc
Segment
kr-vs-kp
Hypothyroid
Waveform
Page-blocks
Nursery
Average

WAD
23
20
28
30
25
27
22
23
26
25
20
29
19
24
23
24.3

Kappa-Error
11
22
13
10
5
12
3
23
17
19
16
2
9
20
7
12.6

GenDiv
40
34
46
34
34
34
27
32
89
78
45
78
10
34
65
45.3

Acc-Only
10
9
8
13
15
12
14
7
6
1
6
18
16
11
13
10.6

Div-Only
25
32
34
45
56
125
111
78
65
34
43
76
56
12
34
55.1

No-Selection
200
200
200
200
200
200
200
200
200
200
200
200
200
200
200
200

Table 4: The average size of subensembles selected by candidate measures and FHC.
Dataset
Hepatitis
Autos
Heart-statlog
Ionosphere
Credit-a
Diabetes
Vehicle
Car
cmc
Segment
kr-vs-kp
Hypothyroid
Waveform
Page-blocks
Nursery
Average

WAD
27
21
20
17
27
25
29
18
22
24
25
23
15
29
28
23.3

Kappa-Error
5
12
23
4
3
9
18
11
18
10
9
25
10
16
7
12

GenDiv
31
36
56
53
40
26
29
19
43
109
69
33
30
37
36
43.1

the performance of the WAD measure with respect to them.
To date, no sufficient evidence has been published to support that Acc-Only or Div-Only outperforms No-Selection.
Both threshold methods produced poorer results than NoSelection over seven datasets in Tables 5 and 6. This result
verified the commonly accepted hypothesis that to consider
only accuracy or diversity in ensemble selection is inadequate
for producing good classifiers and may degrade the predictive
performance. The WAD predictions are superior to Acc-Only
and Div-Only in most of the cases. As shown in Tables 5 and
6, there is only one (6%) significant loss, and the average rate
of significant wins is approximately 75%. In particular, for the
significant loss cases (20 in total) when comparing Acc-Only
(9 cases) or Div-Only (11 cases) against No-Selection, WAD
is still able to come out ahead. This result shows that taking

Acc-Only
9
14
11
10
15
3
13
9
2
4
9
12
27
6
4
9.9

Div-Only
59
43
54
65
34
66
56
69
45
43
12
34
78
45
78
52.1

No-Selection
200
200
200
200
200
200
200
200
200
200
200
200
200
200
200
200

both accuracy and diversity into consideration helps improve
the quality of the ensemble selection task. (3) WAD versus
Kappa-Error and GenDiv, this comparison is performed
between WAD and two state-of-the-art evaluation measures,
that is, Kappa-Error and GenDiv. WAD outperforms KappaError and GenDiv on ten and nine datasets out of fifteen cases
under both search methods. The results in Tables 5 and 6 also
show that the maximum number of significant losses is only
two, made with GenDiv.
In summary, under the same search algorithm, the
performance of ensemble selection relies strongly on the
evaluation measure. The experimental results clearly demonstrate that WAD outperforms other evaluation measures by
simultaneously considering both accuracy and diversity, as
well as balancing their influence in assessing the ensemble
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Table 5: The classification correct rate (%) of subensembles selected by candidate measures and GA using a pairwise t-test at a 95% significance
level.
Dataset
Hepatitis
Autos
Heart-statlog
Ionosphere
Credit-a
Diabetes
Vehicle
Car
cmc
Segment
kr-vs-kp
Hypothyroid
Waveform
Page-blocks
Nursery
Absolute w/l/t
Significant w/l/t

WAD
Kappa-Error
GenDiv
Acc-Only
Div-Only
No-Selection
85.31 ± 1.5
81.09 ± 1.65 (5.98)
78.21 ± 1.1 (12.07)
79.2 ± 0.82 (11.3)
86.25 ± 0.97 (−1.67) 80.76 ± 2.14 (5.5)
79.67 ± 0.92 81.13 ± 0.23 (−4.87) 74.66 ± 0.86 (12.58) 79.86 ± 2.52 (−0.23) 77.48 ± 0.52 (6.55)
75.61 ± 3.25 (3.8)
85.5 ± 2.14
83.47 ± 0.5 (2.92)
83.67 ± 1.01 (2.44)
83.25 ± 2.26 (2.28)
79.84 ± 2.28 (5.72) 81.3 ± 0.94 (5.68)
93.86 ± 1.27 92.07 ± 1.94 (2.44) 95.19 ± 1.42 (−2.21) 93.58 ± 0.88 (0.57)
92.06 ± 2.1 (2.31)
91.72 ± 1.75 (3.12)
88.63 ± 1.29 86.82 ± 0.98 (3.53) 86.37 ± 2.69 (2.39)
86.81 ± 0.6 (4.04)
84.03 ± 0.54 (10.4) 85.62 ± 2.34 (3.56)
83.78 ± 0.87 83.77 ± 0.4 (0.03)
79.75 ± 2.66 (4.55) 75.86 ± 0.78 (21.43) 72.77 ± 2.42 (13.53) 77.54 ± 2.43 (7.64)
78.67 ± 0.69 74.7 ± 1.24 (8.84)
74.65 ± 1.29 (8.68)
70.28 ± 2.31 (11)
71.45 ± 1.01 (18.66) 74.76 ± 1.87 (6.2)
95.18 ± 2.6 (−0.42)
93.7 ± 2.01 (1.51)
94.81 ± 1.16 92.71 ± 0.71 (4.88) 95.05 ± 0.61 (−0.58) 89.97 ± 0.4 (12.47)
70.34 ± 1.43 54.41 ± 1.24 (26.61) 71.87 ± 0.33 (−3.3)
64 ± 2.09 (7.91)
59.19 ± 2.86 (11.02) 53.31 ± 1.4 (26.91)
98.58 ± 1.76 97.58 ± 2.79 (0.95)
97.78 ± 0.33 (1.41) 98.67 ± 0.49 (−0.16) 93.77 ± 1.13 (7.27) 97.49 ± 0.46 (1.89)
97.09 ± 0.35 96.07 ± 1.91 (1.66)
96.04 ± 2.39 (1.37)
91.66 ± 2.52 (6.74)
93.13 ± 1.05 (11.31) 95.28 ± 0.65 (7.75)
93.22 ± 0.68 90.28 ± 1.35 (6.15)
89.45 ± 1.73 (6.41)
89.84 ± 1.9 (5.29)
88.98 ± 1.65 (7.51)
90.4 ± 0.69 (9.2)
86.06 ± 1.42 86.08 ± 0.4 (−0.05) 83.68 ± 0.36 (5.13)
80.42 ± 1.72 (7.99)
84.05 ± 0.28 (4.39) 83.6 ± 1.58 (3.66)
95.8 ± 1.22
92.92 ± 1.79 (4.2) 96.16 ± 0.21 (−0.92) 95.92 ± 2.51 (−0.14)
91.67 ± 2.4 (4.85)
93.57 ± 1.77 (3.28)
95.02 ± 0.99 93.45 ± 2.46 (1.87)
92.56 ± 1.51 (4.3)
93.41 ± 1.73 (2.55) 95.52 ± 1.66 (−0.82) 92.41 ± 1.56 (4.46)
13/2/0
11/4/0
12/3/0
12/3/0
15/0/0
9/1/5
9/2/4
11/0/4
12/0/3
13/0/2

Table 6: The classification correct rate (%) of subensembles selected by candidate measures and forward hill-climbing search algorithm using
a pairwise t-test at a 95% significance level.
Dataset
Hepatitis
Autos
Heart-statlog
Ionosphere
Credit-a
Diabetes
Vehicle
Car
cmc
Segment
kr-vs-kp
Hypothyroid
Waveform
Page-blocks
Nursery
Absolute w/l/t
Significant w/l/t

WAD
83.64 ± 1.48
81.1 ± 0.74
85.94 ± 2.52
93.61 ± 1.6
91.01 ± 1.07
83.26 ± 2.64
81.03 ± 0.31
94 ± 0.53
69.02 ± 1.45
97.73 ± 1.67
94.99 ± 1.82
94.07 ± 0.78
88.49 ± 1.87
95.93 ± 0.22
94.56 ± 0.26

Kappa-Error
GenDiv
Acc-Only
79.7 ± 1.61 (5.69)
76.24 ± 2.1 (9.1)
78.55 ± 2.47 (5.58)
83.99 ± 2.75 (−3.21) 71.66 ± 1.77 (15.56) 82.88 ± 2.21 (−2.42)
84.72 ± 2.28 (1.13) 82.23 ± 0.71 (4.48) 86.94 ± 2.67 (−0.87)
93.68 ± 0.12 (−0.14) 93.7 ± 0.58 (−0.17)
90.81 ± 1.18 (4.45)
87.22 ± 0.24 (10.92) 88.96 ± 1.61 (3.35)
87.16 ± 2.09 (5.18)
80.58 ± 1.77 (2.66) 80.42 ± 2.67 (2.39)
75.31 ± 1.56 (8.19)
76.67 ± 0.99 (13.29)
74.12 ± 0.13 (65)
72.45 ± 2.61 (10.32)
92.16 ± 2.95 (1.94)
93.8 ± 1.22 (0.47)
91.82 ± 2.25 (2.98)
51.62 ± 1.98 (22.42) 71.88 ± 0.68 (−5.65) 64.18 ± 2.77 (4.89)
95.03 ± 2.57 (2.78) 98.98 ± 0.07 (−2.37) 97.26 ± 0.37 (0.86)
96.89 ± 1.28 (−2.71)
94.9 ± 1.86 (0.1)
92.01 ± 2.08 (3.4)
91.04 ± 0.42 (10.81) 89.88 ± 0.81 (11.78) 91.43 ± 2.69 (2.98)
83.23 ± 2.04 (6.01) 81.93 ± 0.47 (10.75) 83.03 ± 2.75 (5.19)
90.01 ± 1.11 (16.54) 96.08 ± 0.61 (−0.74) 96.1 ± 0.57 (−0.88)
92.04 ± 2.3 (3.44)
92.81 ± 1.97 (2.78)
90.63 ± 2.82 (4.38)
12/3/0
11/4/0
12/3/0
10/2/3
9/2/4
11/1/3

quality. The measure is capable of computing a rational score
to guide good ensemble selection. The comparison results
with Acc-Only and Div-Only strongly support this. Furthermore, unlike Kappa-Error and GenDiv, the balance between
accuracy and diversity in WAD is performed in a way that
the accuracy and diversity weights are learned automatically
from the validating set. The learned parameters therefore can
better represent the characteristics of the given datasets and
maximally contribute to performance improvement.

Div-Only
No-Selection
83.82 ± 0.9 (−0.33) 80.76 ± 0.35 (5.98)
78.18 ± 0.93 (7.76) 75.61 ± 0.29 (21.84)
77.94 ± 1.97 (7.9)
81.3 ± 0.14 (5.81)
89.41 ± 1.39 (6.26)
91.72 ± 1.56 (2.67)
84.87 ± 0.52 (16.32) 85.62 ± 1.41 (9.62)
73.56 ± 2.35 (8.67)
77.54 ± 1.9 (5.56)
71.52 ± 1.84 (16.11)
74.76 ± 2.7 (7.29)
94.97 ± 2.16 (−1.38) 93.7 ± 1.65 (0.54)
60.48 ± 2.06 (10.72) 53.31 ± 1.58 (23.16)
91.41 ± 1.37 (9.25)
97.49 ± 1.02 (0.38)
92.52 ± 1.89 (2.97) 95.28 ± 1.78 (−0.37)
94.72 ± 0.87 (−1.76) 90.4 ± 1.39 (7.28)
81.27 ± 0.35 (12)
83.6 ± 1.74 (6.05)
96.27 ± 0.64 (−1.59) 93.57 ± 2.54 (2.92)
93.07 ± 0.5 (8.36)
92.41 ± 0.19 (21.11)
11/4/0
14/1/0
11/0/4
12/0/3

3.4. Analysis of Four Representative Cases. In this subsection,
four representative datasets were extracted according to the
empirical results of Tables 5 and 6: (a) credit-a, the case
in which WAD outperforms all other approaches; (b) pageblocks, the case in which WAD did not outperform both
Acc-Only and Div-Only; (c) autos, the case in which KappaError outperforms WAD; and (d) cmc, the case in which
GenDiv outperforms WAD. Figure 1 shows the curves of
average correct rate for these four datasets with respect to
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the specific original ensemble size. The same experimental
settings are used as in the previous experiments, but the
size of the original ensemble is increased progressively (the
ensemble size ranged from 3 to 400).
The first observed target is focused on the baseline case
of No-Selection, in which, with the increase in the ensemble size, the classification correct rate grows placidly until
approximately 30 classifiers. The ensemble then begins to
overfit with large ensemble sizes (>30), and the improvement
appears to become nearly asymptotic to a plateau. This phenomenon is consistent with the claim in the ensemble selection community that combining all of the original ensembles
does not always give better performance [9, 11, 14, 20, 35].
The second observed target is shifted to the five ensemble
selection cases, that is, WAD, Kappa-Error, GenDiv, AccOnly, and Div-Only. The ensemble selections with ascending
original ensemble size allow an easier verification of the
generalization ability of the ensemble selection. Intuitively,
a larger ensemble should provide more classifier candidates
for constructing a better subensemble. At the same time,
however, the chances of picking “bad” classifiers for the
subensemble are improved. The delicate ensemble selection
measures therefore tend to produce unfavorable results in
this situation, and the selected ensemble performs worse
than the original ensemble. Figure 1 shows that the ensemble
selection via WAD gave the best performance on each dataset.
It not only achieved the advantages of the datasets, as shown
in Figure 1(a), where WAD outperformed others in the last
experiment, but the ensemble selection also retrieved the
situation when the other measures outperformed WAD, as
shown in Figures 1(b) and 1(d). This outcome shows that the
WAD measure allows the corresponding ensemble selection
to achieve high generalization ability. There was only one
exceptional case found, in Figure 1(c), when the Kappa-Error
performed better than WAD when conducting the ensemble
selection with GA search. In reality, it is impossible and
unrealistic to request the new measure to be superior to all
others under whatever circumstances.

4. Conclusion and Future Works
This study introduces a novel and effective evaluation measure, that is, the weighted accuracy and diversity (WAD),
for the ensemble selection task. The goal of the proposed
measure is to assess the ensemble quality with respect to the
whole ensemble. Simultaneously considering and balancing
accuracy and diversity are the best solution for the ensemble
quality evaluation. To achieve this goal, the proposed measure
performs the evaluation in a different way such that the final
quality score for an ensemble is a combination of accuracy
and diversity measurement. Inspired by the 𝐹-measure evaluation approach in information retrieval, the ensemble quality
score is determined by computing the harmonic mean of
accuracy and diversity. Additionally, two weight parameters
are assigned to balance accuracy and diversity. Another
feature of the proposed measure is that the values of the
weight parameter are automatically learned from the data.
Experimental comparisons on 15 UCI datasets indicate that
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ensemble selection via the WAD measure can produce the
ensemble with a reasonable size and robust performance and
that WAD performs better than three baseline cases, that is,
No-Selection, Acc-Only, and Div-Only, and better than two
existing measures, that is, Kappa-Error and GenDiv.
Several improvements of the current version of the measure are possible. First, to compute accuracy and diversity, the
scope of this study is limited to two specific methods, majority
voting accuracy and disagreement diversity. However, the
question of employing other accuracy and diversity methods while achieving favorable results can still be answered.
Second, the balance between accuracy and diversity is still
a controversial issue. In this paper, the problem is resolved
using a value assignment for the weights 𝛼 and 𝛽. Their values
are adjusted to the validating set using a linear programming
technique. However, advance knowledge of the result of
accuracy and diversity is required to apply the technique. An
interesting improvement would be to trade off the accuracy
and diversity when computing them. Third, in addition to
accuracy and diversity, there may be other factors that can
be used to help evaluate ensemble quality. If so, what are
they, and what is their form? Future works will involve
evaluating the current version of the WAD measure in other
ensemble selection tasks that work on different datasets,
original ensembles, and search algorithms and optimizing the
current version to find a better version of the WAD measure
by considering these possible improvements.
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Reinforcement learning (RL) is one kind of interactive learning methods. Its main characteristics are “trial and error” and “related
reward.” A hierarchical reinforcement learning method based on action subrewards is proposed to solve the problem of “curse of
dimensionality,” which means that the states space will grow exponentially in the number of features and low convergence speed. The
method can reduce state spaces greatly and choose actions with favorable purpose and efficiency so as to optimize reward function
and enhance convergence speed. Apply it to the online learning in Tetris game, and the experiment result shows that the convergence
speed of this algorithm can be enhanced evidently based on the new method which combines hierarchical reinforcement learning
algorithm and action subrewards. The “curse of dimensionality” problem is also solved to a certain extent with hierarchical method.
All the performance with different parameters is compared and analyzed as well.

1. Introduction
Reinforcement learning (RL) is one kind of interactive learning methods. Its main characteristics are “trial and error” and
“related reward.” In the whole learning process, the agent can
communicate with environment to get rewards and improves
actions according to these rewards. Repeat the process over
enough times, an optimal action can be gained, and all the
optimal actions compose optimal policies.
Q-learning, which tries to map every state-action pair
into a real number (Q-value), is one of the basic and classical
methods in reinforcement learning field. But it is only suitable
for small state spaces. When state spaces become larger or
even infinite and continuous, it is not effective to visit and
store the same states time after time. Then there arose the
“curse of dimensionality” problem. Recently, the main ideas
used to solve this problem are abstraction and approximation.
All these ideas can be divided into four kinds of methods:
spaces clustering algorithms, finite spaces search methods,
value functions approximation methods, and hierarchical
reinforcement learning (HRL) [1]. A reinforcement learning
method based on node-growing k-means clustering algorithm is described in the literature [2], which is used to solve

the adaptive partition problem in continuous state spaces.
There are also many function estimate methods in value
function approximation, such as neural network and kernel
methods [3, 4]. The relational reinforcement learning (RRL)
method, which had been researched and expatiated in the
literature [5–7], has been concerned most in recent years.
In order to get a further purpose, other methods such as
Gaussian processes, graphical kernels, and logical algorithm
had been combined with RRL as well [8–10]. At present, the
achievements of HRL method include Option [11], MAXQ
[12], and HAM [13]. These methods decompose the learning
task into a hierarchy of smaller subtask. Thus, in HRL
method, if the agent is only concerned about the current local
space change or the subtarget state change, the update process
of the policy will be restricted in the local space or highlevel space, so that you can speed up the learning process and
reduce the dependence of the algorithm’s convergence speed
with the environmental changes.
At present, the Option and MAXQ of the HRL algorithms
have been widely used. They have proved that they not
only can be applied to the task which has huge state space,
but also can apply the experience to other similar learning tasks, greatly accelerating the learning speed. Schultink

2
et al. proposed an EHQ algorithm based with MAXQ. This
algorithm is, in theory, able to converge to the hierarchical
optimal, compared with MAXQ which can only converge to
the recursively optimal policy [14]. To use the HRL method,
we must first solve the two problems: (1) search the subgoal of
the subtask and (2) decompose the task automatically. Many
ways have been offered to the search for the subgoal. All these
methods are based on the experience gained in the past to
get the subgoals, which can be divided into two types; one
is based on the statistical characteristics of the state access
frequency to find subgoals.
Representative achievements are as follows: Mannor
et al. think that states serve as potential subgoals if they
are frequently visited on successful paths but are not on
unsuccessful visited ones [15]; Stolle and Precup use the
nodes visited most frequently as a subgoal [16]. In these
two approaches, sometimes the results obtained are not
very satisfactory, because the state which is around the real
subgoals state may also be visited many times; Şimşek et al.
find the subgoals by dividing the recent experience of local
state transition diagram [17]; Subgoals’ finding is ultimately
server for decomposing the task automatically.
Because of the “curse of dimensionality” problem in
most reinforcement learning tasks and the low convergence
speed of traditional algorithms, it is important to improve
both of them in RL methods. The key problems solved in
this paper are “curse of dimensionality” problems in large
discrete state spaces of infinite repetition tasks and the reward
functions optimization in convergence speed enhancement
of algorithms such as Q-learning. At the same time, action
subrewards are proposed to evaluate the efficiency of actions
for achieving the goal. Combined with a hierarchical reinforcement learning method in large discrete state spaces of
infinite repetition tasks, it is applied to the Tetris game as
an experiment. The experiment result shows that both of the
problems mentioned above can be solved to a certain extent.
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Figure 1: The framework of reinforcement learning.

Markov Decision Processes. It is defined by a tuple ⟨𝑆, 𝐴, 𝑅, 𝑃⟩,
which contains an environment states set 𝑆, an actions set 𝐴,
a reward function: 𝑅 : 𝑆×𝐴 → 𝑅, and a state transition function: 𝑃 : 𝑆 × 𝐴 → 𝑃𝐷(𝑆 ). 𝑅(𝑠, 𝑎, 𝑠 ) is the immediate reward in state 𝑠 under action 𝑎 transited to state 𝑠 . 𝑃(𝑠, 𝑎, 𝑠 ) is
the transition probability in state 𝑠 under action 𝑎 to state 𝑠 .
𝑎
Laconically, both of the variables can be written as 𝑅𝑠𝑠
 and
𝑎
𝑃𝑠𝑠 .
Based on the above definition, the key work of reinforcement learning is to solve learning problem with unknown
𝑎
𝑎
𝑅𝑠𝑠
 and 𝑃𝑠𝑠 . So the only experience we can use is immediate
rewards, which are contacted with state value functions and
policies to choose the right policy. And it can be gained that
𝑅𝑡 = 𝑟𝑡+1 + 𝛾𝑟𝑡+2 + 𝛾2 𝑟𝑡+3 + ⋅ ⋅ ⋅ = 𝑟𝑡+1 + 𝑅𝑡+1 .

So, for the special policy, the Bellman equation is as
follows:
𝑉𝜋 (𝑠) = 𝐸𝜋 {𝑅𝑡 | 𝑠𝑡 = 𝑠}
∞

= 𝐸𝜋 { ∑ 𝛾𝑘 𝑟𝑡+𝑘+1 | 𝑠𝑡 = 𝑠}
𝑘=0

∞

= 𝐸𝜋 {𝑟𝑡+1 + 𝛾 ∑ 𝛾𝑘 𝑟𝑡+𝑘+2 | 𝑠𝑡 = 𝑠}
𝑘=0

2. Reinforcement Learning
Reinforcement learning is a concept that parallels with
supervised learning and unsupervised learning. The main
difference between them is that, in RL, the agent is not
told by positive and negative examples, but it uses trial-anderror method to find optimal policies instead. The whole
learning process is evolved from ideas in psychology. The
agent gets rewards form the interaction with its environment
so as to enhance or weaken execution of actions for getting
the optimal policies. So the final purpose of reinforcement
learning is to maximize the accumulative reward, and the
learning framework is showed in Figure 1.
2.1. Markov Decision Processes (MDP). There exist many
kinds of modeling methods for environment in reinforcement learning. For stochastic, discrete states and discrete
time tasks, it used to take the Markov model. The task in
this paper is with discrete states and time, and the states
space is huge and stochastic, so the learning process can be
modeled as Markov decision processes (MDP). There gives
the formalized definition [18, 19].

(1)

𝑎
= ∑𝜋 (𝑠, 𝑎) ∑𝑃𝑠𝑠𝑎  [𝑅𝑠𝑠
 + 𝛾𝐸𝜋
𝑎

𝑠

∞

× { ∑ 𝛾𝑘 𝑟𝑡+𝑘+2 | 𝑠𝑡+1 = 𝑠 }]
𝑘=0

=

∑𝜋 (𝑠, 𝑎) ∑𝑃𝑠𝑠𝑎 
𝑎
𝑠

𝑎
[𝑅𝑠𝑠


+ 𝛾𝑉𝜋 (𝑠 )] .
(2)

According to the optimal Bellman equation, the value
function of optimal policy is defined as
𝑉∗ (𝑠) = max 𝐸 {𝑟𝑡+1 + 𝛾𝑉∗ (𝑠𝑡+1 ) | 𝑠𝑡 = 𝑠, 𝑎𝑡 = 𝑎}
𝑎∈𝐴(𝑠)

𝑎
∗ 
= max ∑𝑃𝑠𝑠𝑎  [𝑅𝑠𝑠
 + 𝛾𝑉 (𝑠 )] .
𝑎∈𝐴(𝑠)

(3)

𝑠

Solve the above Bellman equation, and we can get the
solution for MDP.
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2.2. Hierarchical Reinforcement Learning. The hierarchical reinforcement learning (HRL) is proposed by many
researchers to solve the “curse of dimensionality” problem. Its
essential is adding abstraction to the reinforcement learning
framework and dividing a whole task into many different
subtasks on different hierarchy, which makes it possible to
solve the task in smaller substate spaces, and, as a result, the
convergence speed can be enhanced as well. From another
point of view, this can be seen as a method for dimensionality reducing, which is good for the solution of problems.
Main techniques for HRL include state space decomposition,
temporal abstraction, and state abstraction. Classical algorithms are Option, HAM and MAXQ, which considered the
hierarchy from angles of action, policy, and task [1]. These are
methods researched and applied widely in recent years.
State space decomposition is a method which decomposes the state space into different subsets and then gets
solutions with the divide and rule policy. As a result, all
the problems can be resolved in small subspaces. Temporal
abstraction is a method that groups action sequences and
action sets, which divides a single step into many steps
so as to decrease the decision-making number and reduce
the learning press. State abstraction method, which ignores
variables that are irrelative to subtasks, achieves the effect of
dimension reduction.

Definition 1. The action subreward 𝐴 𝑎 (𝑠) denotes the efficiency value for agent implements action 𝑎 to achieve goal
in state 𝑠, instead of the direct reward it gets.
For a special task, let characteristic set 𝑇 that affects goal
achieving be {𝑡0 , 𝑡1 , . . . , 𝑡𝑛 }, and then the action subreward in
state 𝑠 with action 𝑎 in that task can be represented as follows:

3. Function Optimization Based on
Subrewards in Hierarchical RL
3.1. A Hierarchical Method in Infinite Repetition Tasks. On the
basis of the theory about reinforcement learning and HRL
mentioned in Section 2, a hierarchical method in infinite
repetition tasks is proposed. According to the characteristic
of tasks in this paper, the state space is decomposed to reduce
dimensionality and speed up convergence.
The infinite repetition task 𝑀 can be decomposed into a
task set {𝑀0 , 𝑀1 , . . . , 𝑀𝑛 }, and because of the repetition of
the task, the policy 𝜋 can be decomposed into a policy set
{𝜋0 , 𝜋1 , . . . , 𝜋𝑛 }, where 𝜋𝑖 is the corresponding policy to 𝑀𝑖
and each 𝜋𝑖 is parallel. Then the set of each optimal policy 𝜋𝑖∗
in subtask 𝑀𝑖 is 𝜋∗ = {𝜋0∗ , 𝜋1∗ , . . . , 𝜋𝑛∗ } which is an optimal
policy of the whole task. To some extent, all the subtasks are
independent of each other.
Let a subtask 𝑀𝑖 be defined by a couple ⟨𝜋𝑖 , 𝑅𝑖 ⟩, where 𝜋𝑖
is a policy for a subtask and 𝑅𝑖 is a reward for a subtask. Let
𝑉𝜋 (𝑖, 𝑠) be the expect reward in subtask 𝑀𝑖 with policy 𝜋𝑖 , and
the corresponding Bellman equation is as follows:
𝑉𝜋 (𝑖, 𝑠) = 𝑉𝜋 (𝜋𝑖 (𝑠) , 𝑠)
+ ∑𝑃𝑖𝜋 (𝑠 → 𝑠 | 𝑠, 𝜋𝑖 (𝑠)) 𝛾𝑉𝜋 (𝑖, 𝑠 ) .

3.2. Action Subreward. The exploration and exploitation of
actions are always key problems in reinforcement learning,
and they are also important points in the solution of convergence speed. Traditional RL methods such as Q-learning
could not find a balance between them, and there also exists
the low convergence speed problem; that is, the agent has to
visit the same states over and over again to achieve the goal
for rewards. The larger the state spaces become, the lower
the convergence speed would be. There needs to be some
efficient way to optimize the reward functions to handle these
problems and enhance the convergence speed.
A method based on subrewards is proposed in this
paper, which considers the efficiency of actions along with
their rewards. The estimate standard is whether actions are
good for goal achieving or not. It makes for action choice
and resolves the balance between action exploration and
exploitation as well. If state values weigh the action quality
in current state, then the action subrewards stand for the
detailed effect of the action in current state. All these make the
learning algorithm more flexible, optimize reward functions,
and enhance convergence speed.

(4)

𝑠

The hierarchical idea in the infinite repetition task is
much more compact than that in the MAXQ method.
Because of the repetition, it is easy for us to handle states
and actions, and policies can be utilized time after time as
well.

𝐴 𝑎 (𝑠) = 𝛼0 𝑡0 + 𝛼1 𝑡1 + ⋅ ⋅ ⋅ + 𝛼𝑛 𝑡𝑛 = ∑ 𝛼𝑖 𝑡𝑖 ,

(5)

𝑡𝑖 ∈𝑇

where 𝛼𝑖 (−1 ≤ 𝛼𝑖 ≤ 1) is the proportion parameter of each
characteristic, and it can be confirmed by its effect in goal
achieving. It can be a prize which is good for goal achieving
or a punishment that gets the opposite effect.
3.3. Reward Function Optimization Based on Action Subrewards in Infinite Repetition Tasks. According to the theory
mentioned in Sections 3.1 and 3.2, the reward function
optimization based on action subrewards in infinite repetition tasks can be confirmed now, which means that some
modification can be done to (4). It should be divided into two
aspects:
(1) there are still many states in subtasks, in which
discount reward model is adopted, and its equation
can be modified as
𝑉𝜋 (𝑖, 𝑠) = 𝑉𝜋 (𝜋𝑖 (𝑠) , 𝑠)
+ ∑𝑃𝑖𝜋 (𝑠 → 𝑠 | 𝑠, 𝜋𝑖 (𝑠)) 𝛾𝑉𝜋 (𝑖, 𝑠 ) + 𝐴 𝑎 (𝑠)
𝑠

= 𝑉𝜋 (𝜋𝑖 (𝑠) , 𝑠)
+ ∑𝑃𝑖𝜋 (𝑠 → 𝑠 | 𝑠, 𝜋𝑖 (𝑠)) 𝛾𝑉𝜋 (𝑖, 𝑠 ) + ∑ 𝛼𝑖 𝑡𝑖 ;
𝑠

𝑡𝑖 ∈𝑇

(6)
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Repeat {every sub-task}
Initialize all the 𝑄-value
Repeat {every episode}
Initialize state 𝑠0
Repeat {every step of an episode}
If the goal can be achieved
Then select current action
Else
Select actions according (5)
Observe immediate reward 𝑟 and the next state 𝑠
Calculate
𝑉𝜋 (𝑖, 𝑠) = 𝑉𝜋 (𝜋𝑖 (𝑠), 𝑠)
+∑𝑃𝑖𝜋 (𝑠 → 𝑠 | 𝑠, 𝜋𝑖 (𝑠))𝛾𝑉𝜋 (𝑖, 𝑠 )
𝑠

+𝐴 𝑎 (𝑠)

Or
𝑉𝜋 (𝑖, 𝑠) = 𝑉𝜋 (𝜋𝑖 (𝑠), 𝑠)
+∑𝑃𝑖𝜋 (𝑠 → 𝑠 | 𝑠, 𝜋𝑖 (𝑠))𝑉𝜋 (𝑖, 𝑠 )
𝑠

+𝐴 𝑎 (𝑠)
as the basis of the next action choice
until 𝑠𝑖 is the terminal state
until the episode is end
until one sub-task is end and then turn to the next
Algorithm 1

(2) there are a few states in subtasks, in which finitehorizon model is taken, and the equation can be
modified as

Proof. Let Δ be the most error between 𝑉𝜋 (𝑖, 𝑠) and 𝑉𝜋 (𝑖, 𝑠 );
that is,

𝑉𝜋 (𝑖, 𝑠) = 𝑉𝜋 (𝜋𝑖 (𝑠) , 𝑠)
+ ∑𝑃𝑖𝜋 (𝑠 → 𝑠 | 𝑠, 𝜋𝑖 (𝑠)) 𝑉𝜋 (𝑖, 𝑠 ) + 𝐴 𝑎 (𝑠)



Δ = max 𝑉𝜋 (𝑖, 𝑠 ) − 𝑉𝜋 (𝑖, 𝑠) .

𝑠

= 𝑉𝜋 (𝜋𝑖 (𝑠) , 𝑠)
+ ∑𝑃𝑖𝜋 (𝑠 → 𝑠 | 𝑠, 𝜋𝑖 (𝑠)) 𝑉𝜋 (𝑖, 𝑠 ) + ∑ 𝛼𝑖 𝑡𝑖 .
𝑠

proved to be convergent in other literature (please turn to
interrelated papers).

𝑡𝑖 ∈𝑇

(7)
From (6) and (7), it can be concluded that if actions 𝑎𝑖 and
𝑎𝑗 are taken in a special state, the rewards got from them will
be indistinctive in nonterminal states or similar states. This
needs the agent to balance the exploitation and exploration
of actions, which will spend too much time and calculation
to finish this work. But with action subrewards, 𝑎𝑖 and 𝑎𝑗
can be evaluated in detail to get further rewards and make
reasonable decisions. At the same time, all the proportion
parameters can be adjusted from a microcosmic angle, and
it is more flexible for action choice control.
3.4. Reward Function Optimization Algorithm. On the basis
of the theory discussed above, the framework of reward
function optimization algorithm is as in Algorithm 1.
For the convergence of this algorithm, what we need to
discuss is only the posterior part of (6) and (7), because the
𝑉𝜋 (𝜋𝑖 (𝑠), 𝑠) + ∑𝑠 𝑃𝑖𝜋 (𝑠 → 𝑠 | 𝑠, 𝜋𝑖 (𝑠))𝑉𝜋 (𝑖, 𝑠 ) part has been

(8)

Because −1 ≤ 𝛼𝑖 ≤ 1 in ∑𝑡𝑖 ∈𝑇 𝛼𝑖 𝑡𝑖 , whether it is 𝛼𝑖 ≥ 0
or 𝛼𝑖 ≤ 0, that will be good for choosing the optimal actions,
and the speed of Δ → 0 is enhanced; that is, the ∑𝑡𝑖 ∈𝑇 𝛼𝑖 𝑡𝑖
part quickens the convergence speed.
The proof of (7) is the same as (6), and it will not give
unnecessary details here.
3.5. Action Subrewards with Divide and Rule. In order to
increase flexibility of the algorithm, considering the changes
in different periods, the idea of divide and rule is introduced
in this paper. It is rooted in hierarchical method. Because of
the diversification in tasks, although there is only one goal
in a task, factors that impact goal achieving will change a lot
in different periods, which changes the efficiency of action
subrewards as well. And then the idea of divide and rule is
introduced. It is reasonable and flexible to adjust proportion
parameters in time for action selecting when the environment
changes. This kind of idea is similar to the hierarchical
concept, and it can be understood as a hierarchical method
on the action subrewards.
This theory is validated by the experiment in this paper.
The result shows that the performance can be improved with
such a method.
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Figure 2: The performance comparison between hierarchical reinforcement learning based on action subrewards without divide and
rule policy and basic reinforcement learning.

4. Experiment and Analyses
The Tetris game was developed by Alexey Pathitov in 1985.
Because of its characteristic, it has been a classical problem
for large discrete state spaces in reinforcement learning. At
the same time, the Tetris game is an infinite repetition task,
which needs the player to keep the game continuing and get
as many scores as possible. All these factors are the reason
why we took the Tetris game as our experiment. In a standard
game platform, the game ground is a matrix with 10 columns
and 20 rows, there are seven kinds of blocks, most of which
have four directions, and the number of states will be 1060 ,
which is a large discrete state space problem for both store and
calculation to computers. The Tetris game is exactly a typical
representation of the “curse of dimensionality” problem.
The Tetris game is an online game that has high demands
upon calculating speed and convergence speed. All of that
can be handled with methods proposed in this paper. In the
experiment, a standard Tetris game platform is selected (i.e.,
a 10 × 20 matrix and seven kinds of blocks), and we can gain
10 points after one line is filled up. All the points we get are
nonspecial; that is, the points got from lines filled up one by
one are equal to as many lines filled up once. The action set
contains turn left, turn right, circumrotate, and go down. It
should be noted that because of the small number of states
in subtasks after hierarchical handling, the finite-horizon
model is employed here. The set of characteristics that affect
goal achieving (it is get scores in this experiment) is 𝑇 =
{height, hole, channel}, and the corresponding proportion
parameters are 𝛼, 𝛽, and 𝛾, which are counterparts of 𝛼1 , 𝛼2 ,
and 𝛼3 in (5).
Figure 2 shows the performance compared, between hierarchical reinforcement learning based on action subrewards
without divide and rule policy and basic reinforcement
learning, where proportion parameters are set as 𝛼 = 0.1,
𝛽 = 0.2, 𝛾 = 0.1. The 𝑦-axis denotes the number of lines filled
up, and the abscissa denotes the number of training steps.
It is easy to conclude that the learning efficiency and
outcome of hierarchical RL based on action subrewards are
much better than that of the basic RL method. It is obvious
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Figure 3: The performance comparison between divide and rule
policy and nondivide and rule policy.

that the basic RL method is hard to converge because of the
large state spaces in most instances. But after combined action
subrewards and hierarchical method, the scores increase
obviously. The real-time require is satisfied as well. Even if
there are no prior knowledge and training, it works well.
The divide and rule policy that adjusts proportion parameters of 𝛼, 𝛽, and 𝛾 is introduced in this experiment to make
the learning more flexible, which makes action subrewards
more reasonable. And then action subrewards can reflect
action quality in time. Figure 3 shows the performance
comparison between divide and rule policy and nondivide
and rule policy, where exist two situations according to the
height of blocks: 𝛼 = 0.1, 𝛽 = 0.2, and 𝛾 = 0.1 as well as
𝛼 = 0.2, 𝛽 = 0.1, and 𝛾 = 1; that is, when the height is
low, holes could be considered more than height, and height
should be considered more with it growing. So policy changes
with the environment, which is according to the reality. The
result shows that the performance of algorithm improves a lot
and scores are much higher.

5. Conclusions
Reinforcement learning which is a method that is independent of supervised learning or unsupervised learning
has been studied and applied widely. But there is “curse of
dimensionality” problem in basic RL methods, and it is so
hard to avoid and conquer, so many solutions had been
proposed to resolve this kind of problem.
Aiming at solving “curse of dimensionality” problem and
the low convergence speed in RL, a hierarchical RL method
based on action subrewards is proposed. Apply it to the Tetris
game, and the outcome shows that it is efficient in getting over
not only the “curse of dimensionality” problem but also the
difficulty of low convergence speed. The whole effect of the
experiment has been improved much as well.
But there would be some local optimization problem in
this experiment because of the hierarchical method. And
we need to do further research on the choice of proportion
parameters to make sure the algorithm is more efficient. Both
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of the problems mentioned above will be our key work in the
future, and there are still many things we have to do to make
the result closer to the global optimization and improve the
performance of algorithm.
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A motion trajectory is an intuitive representation form in time-space domain for a micromotion behavior of moving target.
Trajectory analysis is an important approach to recognize abnormal behaviors of moving targets. Against the complexity of vehicle
trajectories, this paper first proposed a trajectory pattern learning method based on dynamic time warping (DTW) and spectral
clustering. It introduced the DTW distance to measure the distances between vehicle trajectories and determined the number of
clusters automatically by a spectral clustering algorithm based on the distance matrix. Then, it clusters sample data points into
different clusters. After the spatial patterns and direction patterns learned from the clusters, a recognition method for detecting
vehicle abnormal behaviors based on mixed pattern matching was proposed. The experimental results show that the proposed
technical scheme can recognize main types of traffic abnormal behaviors effectively and has good robustness. The real-world
application verified its feasibility and the validity.

1. Introduction
Trajectory is an intuitive representation form of micromotion
behaviors of moving targets in a time-space domain. The trajectories of moving targets with the same motion behavior
pattern appear higher similarity and repeatability [1, 2].
Through extracting motion trajectories of traffic vehicles in a
certain scene, a time-space distribution of trajectory data set
can be obtained. Then, we use pattern classification methods
to extract classical motion patterns and further conduct
effective research and applications in the fields of traffic scene
modeling, traffic behavior recognition and prediction, and
abnormal incident monitoring. The analysis of abnormal
trajectories is an important method for recognizing abnormal
behaviors of moving targets. How to process and analyze realtime motion trajectories and how to recognize traffic abnormal behaviors of moving targets, according to the obtained
normal behavior patterns, are important in traffic abnormal
behavior detection.
Researchers have conducted in-depth research and have
made some progress on recognizing abnormal behaviors of

moving vehicles in traffic monitoring. Currently, there are
many abnormal behavior recognition methods, and the commonly used methods are decision tree, hidden Markov
model, neural network, support vector machine, Bayesian
network, and so on. Piciarelli and Foresti [3] used decision
tree to segment trajectories of moving vehicles as tree nodes
and conducted probability matching to distinguish abnormal
incidents. This method depends on initial conditions and is
prone to over-fitting. Kamijo et al. [4] proposed a traffic
anomaly detection algorithm for traffic intersections. It first
detects vehicles under complicated blocked conditions based
on a time-space Markov random field. Then, it uses hidden
Markov model to distinguish specific collisions, congestions,
illegal U-turns, and so forth, according to motion properties
of vehicles. Micheloni et al. [5] described any kind of
incidents as a combination diagram of temporal and spatial
relationships. This diagram is composed of a set of simple
incidents, which can be classified by a neural network classifier. Therefore, an incident classifier is a compound of several neural networks. Its classification performance relies on
the complementary of these neural networks. If simple
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classifiers are over-fitting, they will negatively impact the
entire classification performance. Piciarelli et al. [6] also used
support vector machine to detect abnormal incidents. The
computational complexity of this algorithm is very high, and
there also exists over-fitting, so it could not realize real-time
operations and produce good generalization capability.
As we know, traditional trajectory analyzing methods
mainly consider the spatial characteristics of trajectories.
Their ability of recognizing abnormal behaviors is weak. They
can only recognize simple abnormal behaviors. Hu [7] proposed a method of learning and matching patterns from
three aspects (i.e., space, direction, and category) of motion
trajectories. It enhances the distinguishing ability for trajectories. However, it still cannot recognize complex abnormal
behaviors. Li et al. [8] described motion trajectories using
spatial positions, motion speeds, motion directions, and target sizes; conducted joint matching and edge matching based
on Bayesian optimization; and then looked up a behavior recognition database to recognize corresponding behaviors of a
target according to the matching degree. This method uses a
traditional 𝑘-means algorithm to conduct trajectory clustering, which cannot solve the nonconvex clustering problem.
This paper conducted in-depth research on vehicle
motion trajectories and proposed an effective method to recognize traffic abnormal behaviors by trajectory analyzing.
We first introduced DTW distance to measure the distance
between vehicle trajectories and put forward a pattern learning method of motion trajectories based on DTW and spectral clustering. After we have the distances for every pair
of trajectories, we obtain a distance matrix. Then, we use a
spectral clustering algorithm to conduct the clustering. Note
that the spectral clustering algorithm automatically determines the number of clusters. After obtaining spatial patterns
and direction patterns of vehicle trajectories, we conducted
traffic abnormal behavior recognition based on mixed pattern
matching, which contains the spatial patterns and direction
patterns. The experimental results showed that the proposed
method recognizes main types of traffic abnormal behaviors
effectively. The results also verified the feasibility and validity
of our proposed method.

2. Trajectory Pattern Learning
2.1. A Spectral Clustering Algorithm. In recent years, as a
novel clustering method, the spectral clustering algorithm
has received widespread attention and become a research
focus in the fields of machine learning, pattern recognition,
and so on. Spectral clustering just needs a similarity matrix
between sample points. The idea of the spectral clustering
algorithm comes from a spectrum partitioning theory [9, 10].
Assuming that each sample data is regarded as a vertex set 𝑉
in the graph, the spectral clustering algorithm assigns weights
𝑊 for edges 𝐸 according to the similarities between sample
points. Thus, we obtain an undirected weighted graph 𝐺 =
(𝑉, 𝐸). Therefore, we can transform a clustering problem into
a graph partitioning problem. The spectral clustering algorithm first defines a similarity matrix, which describes the
similarity of paired data points according to the given sample
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data. Then, it calculates the eigenvalues and eigenvectors of
the similarity matrix, and selects an appropriate number as
the number of clusters to cluster sample points.
The main task of the spectral clustering algorithm is to
make full use of eigenvectors or decomposed spectral features, and then, conducts clustering by traditional clustering
methods, such as 𝑘-means, and EM clustering algorithms.
Spectral clustering has gained widespread concerns from academic and industrial communities, because spectral clustering does not need any assumption on the global structure of
sample data and has the ability to identify the non-convex
distribution. It is very suitable for many practical problems.
Initially, Hagen and Kahng [11] applied the spectral clustering algorithm to the field of image segmentation. They
used pixels in an image as vertices, determined the weights of
edges between pixels in a spectral graph according to the
luminance and the spatial position of the pixels, and used
a 2-way 𝑁 cut spectral clustering method to conduct graph
partitioning iteratively. This method got a satisfactory result.
After that, spectral clustering algorithms are applied to the
fields of text mining [12, 13] and bioinformatics mining [14,
15].
The steps of the traditional spectral clustering algorithm
are as follows: (1) use the Euclidean distance to measure the
similarity between sample points and then get a similarity
matrix through the transformation of Gaussian kernel; (2)
obtain a Laplace matrix by transforming the similarity matrix;
(3) calculate the eigenvalues and eigenvectors of the Laplace
matrix and sort the eigenvalues according to descending
order; (4) build a matrix with eigenvectors in accordance
with the first 𝑘 largest eigenvalues; (5) regard each row of the
matrix obtained from step (4) as a point in 𝑘-dimensional
space and then use a traditional clustering algorithm to conduct clustering; (6) if the 𝑖th row of the matrix belongs to
cluster 𝑗, the 𝑖th corresponding sample is clustered into cluster 𝑗.
But traditional spectral clustering algorithms need to set
up the number of clusters in advance. That is, they cannot
determine the number of clusters automatically. To solve this
problem, Kong et al. [16] proposed an automatic spectral
clustering algorithm based on eigengaps and orthogonal
eigenvectors. Compared with traditional spectral clustering
algorithms, the improvement of this algorithm is that it first
calculates an eigengap sequence, selects the first maxima in
the sequence after sorting the eigenvalues of the Laplace
matrix in descending order, and then treats the subscript of
the first maxima as the number of clusters.
Traditional clustering algorithms, such as the commonly
used 𝑘-means algorithm, require that sample data have the
same dimensions. However, the number of tracepoints in
each moving vehicle trajectory is obviously different. We cannot directly use the traditional clustering algorithms to cluster
vehicle trajectories. Therefore, this paper comes up with a
method, which uses DTW to measure the distance between
each pair of trajectories and then uses the spectral clustering
algorithm to cluster moving vehicle trajectories. However,
considering the shortcomings that the traditional spectral
clustering algorithm cannot determine the number of clusters
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automatically, this paper uses the method proposed in the literature [16] to determine the number of clusters automatically
and then clusters vehicle trajectories.
2.2. Trajectory Similarity Measurement. The similarity of trajectories plays a very important role in clustering motion
trajectories. At present, the distance similarity measurement methods in trajectory clustering mainly include the
Euclidean distance-based method, the method combining
principal component analysis (PCA) with Euclidean distance,
the longest common subsequence-based method, and the
Hausdorff distance-based method. This paper introduces a
DTW distance into the vehicle trajectory space and extends
it to measure the similarity from one-dimensional variablelength time-series data to two-dimensional variable-length
spatial trajectories.
DTW is a nonlinear reformed technology which combines time reforming with the distance calculation. It is based
on the idea of dynamic programming [17] and solves the template matching problem that the lengths of pronunciations are
different. It appeared very early in speech recognition. DTW
is a flexible pattern-matching algorithm, which can match
the patterns with global or local expansion, compression,
or deformation [18]. Because the DTW algorithm does not
require additional computation in the training stage, it is
widely used in isolated word speech recognition. The relationships between the frame numbers of test templates and
the ones of reference templates can form a network (i.e., a
grid). The cross point of the grid indicates the intersection of a
test template and a reference template. The DTW algorithm is
to find a best path from a starting point to a goal cross
point, which makes comprehensive distortion of all frames
corresponding to the cross points on the path minimal.
The principle of the DTW algorithm in the trajectory
similarity measurement is as follows. Assume that trajectory
𝑇 has 𝑁 tracepoints, and trajectory 𝑅 has 𝑀 tracepoints. The
number of tracepoints of trajectory 𝑇 is marked as the horizontal coordinate, and the number of tracepoints of trajectory 𝑅 is marked as the vertical coordinate, as shown in the
principle diagram Figure 1. So the relationships among tracepoint numbers form a grid. Any cross point (𝑁, 𝑀) in
the grid indicates the intersection of trajectory 𝑇(𝑥𝑛 , 𝑦𝑛 ) and
trajectory 𝑅(𝑥𝑚 , 𝑦𝑚 ), and the intersection point has a distance
metric 𝐷(𝑇(𝑥𝑛 , 𝑦𝑛 ), 𝑅(𝑥𝑚 , 𝑦𝑚 )).
The path selection in the search process of the DTW
algorithm is not arbitrary. The traveling direction of different
vehicles in the same lane is the same. Therefore, the best path
between two trajectories starts from the lower left corner and
terminates at the upper right corner. Generally, it does not
allow the path tilted excessively to the horizontal axis and
the vertical axis. In order to prevent the blind search, there
is a provision that the path slope of each point is between 1/2
and 2.
2.3. Trajectory Spatial-Pattern Learning. This paper uses the
spectral clustering algorithm. It determines the number of
clusters automatically to cluster trajectory data with higher
spatial similarity. Traditional clustering algorithms, such as
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Figure 1: The DTW algorithm for minimum distortion.

𝑘-means and EM, are all based on a convex spherical sample
space. They fall into local optimal solutions when the sample
space is not convex. The spectral clustering algorithm can
conduct clustering in any shape of the sample space and
converge to a global optimal solution. The spectral clustering
algorithm calculates eigenvalues and eigenvectors of the affinity matrix and then selects the appropriate features to cluster
all sample data points.
For a trajectory set Track = {𝐿 1 , 𝐿 2 , . . . , 𝐿 𝑛 }, according
to automatic spectral clustering, the clustering steps are as
follows.
(1) Use the DTW algorithm to calculate the shortest distance between any two trajectories to construct a distance matrix 𝐷.
(2) Construct a similarity matrix 𝑊 according to 𝐷.
(3) Calculate a noncanonical Laplacian matrix 𝐾 from
the similarity matrix 𝑊 and the matrix 𝑈, 𝑈𝑖𝑖 =
∑𝑛𝑗=1 𝑊𝑖𝑗 .
(4) Calculate the matrix eigenvalues of 𝐾, sort them in
descending order, and find the position of the first
maximum eigengap, denoted as 𝑘. 𝑘 is the number of
clusters.
(5) Calculate the eigenvectors V1 , V2 , . . . , V𝑘 corresponding to the first 𝑘 largest eigenvalues, construct a matrix
𝑆 = [V1 , V2 , . . . , V𝑘 ], and construct a matrix 𝑌 by a
unitized processing of each row in the matrix 𝑆, using
the formula as follows:
𝑆𝑖𝑗
.
𝑌𝑖𝑗 =
(1)
1/2
(∑𝑗 𝑆𝑖𝑗2 )
(6) Regard each row of the matrix as a point in a 𝑘-dimensional space. Each trajectory sample 𝐿 𝑖 corresponds
to the 𝑖th row vector of the matrix 𝑌. Use a traditional
clustering algorithm to conduct clustering in the new
space. Thus, the trajectories are divided into 𝑘 clusters.
(7) If the 𝑖th row of 𝑌 belongs to the 𝑗th cluster, then the
trajectory 𝐿 𝑖 is clustered into the 𝑗th cluster.
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2.4. Trajectory Direction-Pattern Learning. According to the
learning results of the trajectory spatial patterns, we calculate
the central trajectories of different clusters. Thereby we
extract the direction patterns of different clusters and further
determine the motion direction of moving vehicles.
For a trajectory set Track = {𝐿 1 , 𝐿 2 , . . . , 𝐿 𝑛 }, the obtained
clusters by our algorithm are denoted as Δ = {𝐶1 , 𝐶2 , . . . , 𝐶𝑘 }.
The direction-pattern learning procedure of trajectories is as
follows.
(1) Calculate the central trajectories of different clusters.
(a) Calculate the eigenvalues of the Laplacian
matrix and determine the number 𝑘 of clusters.
Then we get the matrix 𝑌.
(b) Construct a data structure Cluster Vector(𝑖, 𝑗),
𝑖 = 1, 2, . . . , 𝑛, 𝑗 = 1, 2, . . . , 𝑘, according to
the matrix 𝑌. We get the clustering centers
Cluster Center(𝑗), 𝑗 = 1, 2, . . . , 𝑘 by using a
traditional clustering method to cluster sample
data points.
(c) Search the closest row vector to the clustering
center Cluster Center(𝑗), using Euclidean distance. The trajectory of the closest row vector
represents the central trajectory of each cluster.
(2) For each central trajectory 𝐴 = {V𝑖 , 𝑖 = 1, 2, . . . , 𝑚},
which is a sequence of tracepoints V𝑖 = ⟨𝑥𝑖 , 𝑦𝑖 ⟩, where
V1 = ⟨𝑥1 , 𝑦1 ⟩ is the starting point, V𝑚 = ⟨𝑥𝑚 , 𝑦𝑚 ⟩ is the
ending point and 
V1V→
𝑚 is defined as the directionpattern of the corresponding cluster.

3. Vehicle Abnormal Behavior Analysis
3.1. kNN Classification Algorithm. In the field of data mining,
classification is an important technology. It can build a classification model from a set of known training samples and then
uses it to classify future samples. Currently, commonly used
classification methods are decision tree, neural network,
kNN, support vector machine, Bayesian network, and so on
[19]. This paper uses the kNN classification algorithm to
classify trajectories to recognize motion trajectories.
The kNN classification algorithm was proposed by Cover
and Hart originally, which is a mature method [20]. The idea
of this method is very simple and intuitive. If most adjacent
samples of a sample in a feature space belong to one certain
category, this sample most likely belongs to this category. In
classification decision, the kNN algorithm only considers one
or several nearest neighbors to decide the category the sample
belongs to. Because of this it can reduce the negative impact
of imbalance issues. In addition, because the kNN algorithm
makes prediction for a sample only based on its surrounding
adjacent samples, it is more appropriate than other methods
for the sample set with more intersection and overlapping.
Although kNN reduces the negative impact of imbalance,
it does not remove the impact completely. While the samples are imbalance, for example, one classification’s sample
capacity is very large while other categories’ sample capacities

Figure 2: The principle diagram of the kNN classification algorithm.

are relatively small, it would lead to the following result.
When classifying a new sample, if the sample belongs to one
category with a small sample capacity, but its nearest neighbors belong to a category with a great sample capacity, it most
likely is classified into the category with a great sample capacity. Thus, a classification error occurs. Another disadvantage
of kNN is its computing cost, because the distance of the sample to all known samples must be computed before making
the prediction for it.
Figure 2 is the principle diagram of the kNN classification
algorithm.
As shown in Figure 2, the green square represents the
sample to be classified. It needs to be classified into red fivepoint star or blue triangle. It is obvious that it is classified to
blue triangle while 𝑘 is set to 5, since the probability of classifying it into blue triangle is 60%, which is higher than that
of classifying it to red five-point star (40%). While 𝑘 is set to
10, the green square is classified into red five-point star, since
the probability of classifying it into red five-point star is 60%,
higher than the probability of classifying it into blue triangle
(40%).
3.2. Vehicle Trajectory Pattern Matching
3.2.1. Spatial-Pattern Matching. After spatial patterns learned
from motion trajectories, motion patterns under normal conditions are obtained, which are called normal motion patterns
since then. If a new trajectory is in line with one of normal
motion patterns, it says that no anomaly occurs. Otherwise,
it says that the vehicle is running in an abnormal state. That is,
traffic anomaly occurs.
This paper adopts the kNN classification algorithm to test
a new trajectory. For the new trajectory, its real-time motion
tracepoints are recorded, denoted as V𝑖 (𝑖 = 1, . . . , 𝑛). We use
kNN to make prediction on these motion tracepoints. The
detailed steps are as follows.
(1) For each tracepoint V𝑖 , we compute its DTW distance
to each trajectory in normal motion patterns and
sort the trajectories according to the DTW distances
in ascending order. Then, we obtain the nearest 𝑡
trajectories of the tracepoint V𝑖 .
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Figure 3: The principle diagram of mixed pattern matching-based
abnormal behavior recognition.
Figure 4: A source image showing a traffic video scene of a highway.

(2) Find the corresponding trajectory patterns that the
nearest 𝑡 trajectories belong to. Assuming that there
are 𝑡𝑗 (0 ≤ 𝑡𝑗 ≤ 𝑡) nearest neighbors that belong
to the 𝑗th normal motion pattern (𝑗 = 1, . . . , 𝑘), the
probability of the tracepoint V𝑖 belonging to the 𝑗th
normal motion pattern is 𝑡𝑗 /𝑡.
(3) Follow the same procedure to calculate its probability
belonging to each normal motion pattern for each
new tracepoint according to steps (1) and (2).
Based on the predictions of the tracepoints of the new trajectory, we can estimate whether the new trajectory changes
motion patterns. If the new trajectory has an obvious shift,
changing from one normal motion pattern to another, this
indicates that the vehicle changed the driving lane during the
running procedure, and it belongs to an abnormal behavior.
With this approach, we achieve real-time abnormal traffic
behavior recognition.
3.2.2. Direction-Pattern Matching. A motion pattern has a
certain direction. When the direction of a new trajectory is
not the same as the one of the directions of normal motion
patterns, traffic anomaly must occur. Using the direction of
the central trajectory of each cluster as the direction of the
corresponding motion pattern reduces the computational
complexity of a trajectory testing. After pattern learned from
motion trajectories, this paper uses the direction information
of motion patterns to detect abnormal behavior of moving
vehicles.
It first obtains a direction vector 𝑐 to present the central
trajectory of a motion pattern. When testing a tracepoint
V𝑖 reached, we assume that the direction of the first testing
tracepoint is in accordance with the direction of its cluster
central trajectory. For other tracepoints (i.e., 𝑖 > 1), the
direction discrimination of abnormal behavior detection is as
follows:
𝑏⋅𝑐
,
𝛼 = arccos
(2)
|𝑏| |𝑐|
where 𝛼 is the angle between the testing trajectory and its
cluster central trajectory and 𝑏 is the direction vector from the
tracepoint 𝑖−1 to the next one 𝑖 of the testing trajectory. When
𝛼 ≤ 90∘ , the testing trajectory is running in accordance with
the normal direction of the motion pattern. Otherwise, the
testing trajectory is running backwards.

3.3. Mixed Pattern Matching-Based Abnormal Behavior Recognition. The principle diagram of an individual vehicle abnormal behavior recognition based on mixed pattern matching
is shown in Figure 3.
As shown in Figure 3, the direction of the spatial pattern 1
and 2 is from left to right. Black points in the figure represent
testing tracepoints. We predict that the testing trajectory
shifts from the spatial pattern 1 to the spatial pattern 2. Meanwhile, the direction change occurs. That is to say, the vehicle
is running backwards in the spatial pattern 2. It can be seen
easily that the angle between the direction from 𝑎 to 𝑏 and
that of the central trajectory of the spatial pattern 1 is less
than 90 degrees. Thus, the vehicle moves according to a normal direction at this time. However, the angle between
the direction from 𝑐 to 𝑑 and that of the central trajectory of
the spatial pattern 2 is more than 90 degrees. Therefore, the
vehicle is moving in a reverse direction, which is an abnormal
behavior.
The procedure of abnormal behavior recognition is as
follows.
Input: motion patterns obtained by pattern learning.
(1) If it is the first testing trajectory tracepoint, we use the
kNN classification algorithm to classify which spatial
pattern it belongs to and set its motion direction in
accordance with the direction of the central trajectory
of the spatial pattern.
(2) When the 𝑖th trajectory tracepoint comes, we also
use the kNN classification algorithm to classify which
spatial pattern it belongs to. If the motion pattern
between the 𝑖th tracepoint and the 𝑖 − 1th tracepoint
is not the same, the testing trajectory is changing the
lane.
(3) We compute the angle between the vector direction
from the 𝑖 − 1th testing tracepoint to the 𝑖th testing
tracepoint and that of the central trajectory of the
motion pattern that the 𝑖th test trajectory tracepoint
belongs to. If this angel is more than 90 degrees, it
indicates that the testing trajectory is running in a
reverse direction.
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Figure 5: The extraction and preprocessing of vehicle trajectories of a highway road. (a) Tracepoints of vehicle motion trajectories; (b)
trajectories after interpolation processing; (c) trajectories after smoothing and redundancy removing.
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Figure 6: Pattern learning results of vehicle trajectories of a highway road. (a) The spatial patterns of trajectories. (b) The direction patterns
of trajectories.

The Scientific World Journal

7

500

1

450

0.9

400

0.8

350

0.7

300

0.6

250

0.5

200

0.4

150

0.3

100

0.2

50

0.1

0
100

200

300

400

500

600

700

0

0

10

20

30

(a)

Pattern 3+
Pattern 2+
Pattern 1+
Pattern 1−
Pattern 2−
Pattern 3−

40

50

60

70

80

(b)

3
2
1
0
−1
−2
−3

0

10

20

30

40

50

60

70

80

(c)

Figure 7: Changing lane behavior recognition: (a) an abnormal trajectory, (b) the matching results of the spatial patterns, and (c) the matching
results of mixed patterns.

4. Instance Analysis of Abnormal Behavior
This paper used traffic videos of actual traffic scene to verify
the vehicle abnormal behavior recognition method. The traffic videos of urban bayonets and highways are selected as
testing objects for verifying the recognition effect of vehicle
abnormal behaviors. Program is implemented using Matlab
2010a, and the hardware configuration as follows: Pentium(R)
Dual-Core CPU E5300@2.60 GHz, 4 G memory, Windows 7
operating system.
4.1. Lane-Changing Behavior Recognition. Figure 4 is a
selected traffic scene of a highway.
The tracepoints of moving vehicles by object tracking
are shown in Figure 5(a). Figure 5(b) is the image of motion
trajectories after interpolation processing. From Figure 5(b),
it can be clearly seen that the extracted trajectories have noises
because of a variety of reasons. Under normal circumstances,
motion trajectories of moving vehicles in the same lane
should be in the same direction. After performing smooth
processing and redundancy removing on Figure 5(b), the
processed result is shown in Figure 5(c).
We perform clustering based on DTW and spectral clustering on trajectory sequences obtained after redundancy
removal, and the results are shown in Figure 6. Figure 6(a)

shows the clustering result of the spatial patterns of trajectories. We can also see that the trajectory sequences are separated into three trajectory clusters via the DTW spatial distance and spectral clustering, which are distinguished with
three different colors. The traffic scene of this experimental
video has three running lanes. Under normal driving, there
exist three spatial behavior patterns.
On the basis of three trajectory spatial patterns obtained
by spectral clustering as shown in Figure 6(a), the direction
patterns of trajectories can be obtained according to the
method proposed in Section 2.4. The results are shown in
Figure 6(b). It showed that there are three vehicle trajectory
lines which are the closest to the trajectory centers of three
clusters, respectively, and the directed arrows from a start
point to an end point of these three trajectories represent the
direction patterns of the trajectory clusters.
On highway, if a vehicle wants to change a lane, it should
turn on signal in advance to call attention from the following
car. But there always exists the abnormal lane-changing
phenomenon, which easily results in traffic incidents. It is one
of high-risking driving behaviors. In Figure 7(a), the motion
trajectory marked with pink is a changing lane behavior.
Figure 7(a) also shows the clustering results. Figure 7(b)
shows spatial-pattern matching results. For the testing trajectory, at the beginning it traveled in the middle motion pattern,
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Figure 8: Illegal retrograde behavior recognition. (a) An abnormal trajectory. (b) The matching results of the spatial pattern. (c) The matching
results of the mixed pattern.

pattern decreases gradually, downward to 0. The probability
of the green motion pattern increases gradually, upward to 1.
The probability of the red motion pattern always keeps as 0.
Note that the sum of the probabilities belonging to the three
patterns is 1. After integrating direction pattern matching
with the basis of spatial pattern matching, the final abnormal
recognition result is shown in Figure 7(c).
In Figure 7(c), we assigned a number to represent each
pattern: 1 for the green pattern, 2 for the red pattern, and 3
for the blue pattern. We can see from Figure 7 that this vehicle
shifted from pattern 3+ to pattern 1+. Note that the “+” after
the pattern numbers represents the direction of the vehicle.
Therefore, we can see that the changing lane abnormal behavior occurred.
Figure 9: A source image showing a traffic video scene of an urban
bayonet.

that is, the motion pattern marked in blue color. Therefore,
the probability belonging to the blue pattern is 1, and the
probability belonging to the red pattern and that of the green
pattern are 0. With its gradual shift, the vehicle shifted to the
green motion pattern and finally ran on the green motion pattern. Figure 7(b) shows that the probability of the blue motion

4.2. Illegal Retrograde Recognition. We still use the above
highway traffic scene. On highway, it sometimes appears
risking behaviors like illegal retrograde. In Figure 8(a), the
motion trajectory marked with pink is an abnormal illegal
retrograde. This kind of abnormal behaviors can be detected
using the above clustering approach. Figure 8(b) shows the
spatial pattern-matching result of the test trajectory. From the
figure, we can see that the vehicle traveled in the right motion
pattern at beginning, that is, the motion pattern marked in
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Figure 10: The extraction and preprocessing of vehicle trajectories of an urban bayonet: (a) tracepoints of vehicle motion trajectories,
(b) trajectories after interpolation processing, and (c) trajectories after smoothing and redundancy removing.
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Figure 11: Pattern learning results of vehicle trajectories of an urban road. (a) The trajectory spatial patterns. (b) The trajectory direction
patterns.
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Figure 12: Guiding-violation behavior recognition. (a) An abnormal trajectory; (b) the matching results of spatial patterns; (c) the matching
results of mixed patterns.

green. The probability belonging to the green pattern is 1, and
the probability belonging to other patterns (red and blue) is 0.
With the gradual shift of the vehicle, it shifted to the blue
motion pattern. Meanwhile, its motion direction shifted from
forward to backward gradually, and finally it ran in the blue
motion pattern in a reverse direction. This has been reflected
by Figure 8(b). Figure 8(b) shows that the probability of
the green motion pattern decreases gradually, downward
to 0. The probability of the blue motion pattern increases
gradually, upward to 1. The probability of the red motion pattern always keeps as 0. After integrating direction pattern
matching with the basis of spatial pattern-matching result, the
final abnormal recognition result is shown in Figure 8(c).
In Figure 8(c), this vehicle firstly shifted from pattern 1+
to pattern 1− and then from pattern 1− to pattern 3−. Note that
the “−” after the pattern numbers represents the reversion
direction. We can see that this vehicle completed the whole
traveling procedure of retrograde. Combing the context information in the traffic scene, the illegal retrograde abnormal
behavior is detected.
4.3. Guiding-Violation Behavior Recognition. Figure 9 is a
selected traffic scene of an urban bayonet.
The tracepoints of running vehicle trajectory sequences
collected by a motion tracking algorithm are displayed in

Figure 10(a). Because urban traffic is more complex, there
exist more noises. After interpolation processing and redundancy removing, they are restored to original coordinates as
shown in Figures 10(b) and 10(c).
The clustering results of vehicle trajectories patterns in
Figure 11 are obtained by the above clustering steps. We
noticed that the clustering results are not four clusters. Main
motion patterns are just three clusters. This indicates that
vehicle traffic behavior patterns are affected by a variety of
factors, rather than merely road settings. Again, we use different colors to mark different normal motion patterns. The
experiments show that the obtained trajectory patterns using
the clustering method proposed in this paper reflected the
actual traffic situation.
The anomaly recognition process is shown in Figure 12.
In Figure 12(a), the motion trajectory marked with pink
is a common traffic guiding-violation behavior in an urban
road. That is, the vehicle changed to another lane after
it entered a guiding lane. We used the above clustering
approach to recognize this kind of vehicle abnormal behaviors. Figure 12(b) shows its spatial-pattern matching results.
For the test trajectory, it traveled in the right motion pattern
at beginning, that is, the motion pattern marked in red color.
Thus, the probability of this trajectory belonging to the red
pattern is 1, and the probability belonging to both the green
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pattern and the blue pattern is 0. With the gradual shift of the
vehicle, after it shifted to the green motion pattern, it shifted
to the left blue motion pattern. This has been reflected in
Figure 12(b). Figure 12(b) shows that the probability of the
red motion pattern decreases gradually, downward to 0. The
probability of the green motion pattern increases gradually,
upward to 1. Then, the probability of the blue motion pattern
increases gradually, upward to 1. Combining the direction
pattern matching with the basis of the spatial pattern matching result, the final abnormal recognition result is shown in
Figure 12(c). In this figure, we also present the patterns using
numbers: 1 for the green pattern, 2 for the red pattern, and 3
for the blue pattern. This figure shows that this vehicle shifted
from pattern 2+ to pattern 1+ first and then from pattern 1+ to
pattern 3+. Therefore, we can see that this vehicle completed
the whole travel procedure from driving straightly to turning
right. Combing the context information in the traffic scene,
the guiding-violation abnormal behavior is detected.

5. Conclusions
This paper proposed an effective method for traffic abnormal behavior recognition based on trajectory analyses. We
first introduced the DTW distance to measure the distance
between vehicle trajectories and put forward a trajectory pattern learning method based on DTW and spectral clustering.
In order to extract the spatial-patterns and the directionpatterns of vehicle trajectories, this paper constructed a DTW
distance matrix and determined the number of clusters
automatically by the spectral clustering algorithm. After that,
sample data points are clustered into different groups according to the features of trajectories. Then, this paper put forward
a recognition method for vehicle abnormal behaviors based
on mixed pattern matching, which integrated spatial patterns
and direction patterns learned from trajectories. The experimental results showed that the proposed technical scheme
can recognize main types of traffic abnormal behaviors
effectively. Because traffic behaviors of moving vehicles are
complex and diverse and have a strong randomness, how to
recognize and analyze more complicated abnormal behaviors
is an important issue needed to be further investigated while
intelligent videos enter into industrial applications.
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Traffic problems often occur due to the traffic demands by the outnumbered vehicles on road. Maximizing traffic flow and
minimizing the average waiting time are the goals of intelligent traffic control. Each junction wants to get larger traffic flow. During
the course, junctions form a policy of coordination as well as constraints for adjacent junctions to maximize their own interests.
A good traffic signal timing policy is helpful to solve the problem. However, as there are so many factors that can affect the traffic
control model, it is difficult to find the optimal solution. The disability of traffic light controllers to learn from past experiences
caused them to be unable to adaptively fit dynamic changes of traffic flow. Considering dynamic characteristics of the actual traffic
environment, reinforcement learning algorithm based traffic control approach can be applied to get optimal scheduling policy. The
proposed Sarsa(𝜆)-based real-time traffic control optimization model can maintain the traffic signal timing policy more effectively.
The Sarsa(𝜆)-based model gains traffic cost of the vehicle, which considers delay time, the number of waiting vehicles, and the
integrated saturation from its experiences to learn and determine the optimal actions. The experiment results show an inspiring
improvement in traffic control, indicating the proposed model is capable of facilitating real-time dynamic traffic control.

1. Introduction
In most major cities, hundreds of thousands of vehicles
distribute in a large and board area. It is a tough and
complex work for us to effectively deal with such a largescale, dynamic, and distributed system with a high degree
of uncertainty [1]. Apart from the increasing number of
vehicles in urban area, the fact that most of present traffic
control systems have not taken full advantage of intelligent
control of traffic light is one of the most important one [2].
People [3] have found that reasonable traffic control and
improving the utilization efficiency of roads is an effective and
economical way to solve the urban traffic problem for most
cities. Traffic signal lights control policy, the most important
part of intelligent transportation system, turns out to be even
more essential [4].
However, as there are so many factors that affect the
traffic lights control, off-line control policy model is not
suitable for sudden and sporadic characteristics of road.
Hereby, in this paper, we propose an online traffic control

model which is based on Sarsa(𝜆) [5]. In our model, several
traffic signal control modes are treated as candidate action
selections; the vehicle speed and saturation of an intersection
are viewed as context of environment, and common signal
control indicators, including delay time, the number of
waiting vehicles, and the integrated saturation are defined as
return. In the experiments, the proposed model showed its
ability to facilitate real-time traffic control.

2. Related Work
At present, the traffic control systems can be classified into
static traffic control systems and dynamic traffic control
systems, where the former often uses statistical approached
to optimize the settings while the latter can adjust traffic
controller duration dynamically according to real-time traffic
conditions.
Many achievements in collaborative traffic flow guidance
and control strategy have been made. The F-B method [6]
has been widely used by many researchers and engineers of
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the transportation industry. By using the approach, the traffic
jam problem was partly solved. Thereafter, there came many
improved approaches [7] based on the F-B method. Driving
compensation coefficient, along with delay time, was used
to evaluate the efficiency of time allocation scheme [8]. The
model minimized delay of waiting time, making the approach
appear to be acute and reasonable. However, as the model
could hardly deal with heavy traffic, we still need to find a
more suitable approach.
The ability of intelligent traffic control as a good solution to traffic congestion problem has gradually received
more and more attention [9]. However, congestion problems
between adjacent intersections still need more efforts. The
regional coordination control proved to be a good solution to
this problem [10]. Although many area coordinated control
methods were proposed, few of them yielded good results
due to the lack of a clear regional control mathematical
model, especially in complex environment with heavy traffic.
However, due to the complexity and changeability, it is of little
possibility to build an accurate mathematical model for traffic
system in advance [11].
It has become a trend to solve traffic problems by
taking advantage of computing technology and machine
intelligence [12]. Among many machine learning approaches,
reinforcement learning is suitable for the optimal control
of the transportation system strategy as it does not require
mathematical models of the external environment [13]. The
study using the 𝑄-learning algorithm [14] achieved online
traffic control. The approach was able to choose the optimal coordination model under different traffic conditions.
Some applications [15] that utilize 𝑄-learning algorithm have
received much significant effect. A paper implemented an
online traffic control through 𝑄-learning algorithm, yielding good effort in the normal state of traffic congestion
[16].

3. Traffic Evaluation Indicators
Signal lights control plays a very important role in traffic
management. A reasonable and good semaphores time allocation scheme guarantees that under normal circumstances
the traffic moves smoothly. Frequently used traffic efficiency
evaluation indicators [17] include delay time, the number of
waiting vehicles, and intersection saturation.
3.1. Delay Time. The indicator delay time refers to the delay
between the actual time and theoretically computational time
for a vehicle to pass an intersection. In practice, we can get
total delay time during a certain period of time and average
delay time of a cross to evaluate the time difference. The more
delay time represents the slower average speed of a vehicle to
pass an intersection.
3.2. Number of Waiting Vehicles. The number of waiting
vehicles shows how many vehicles are waiting behind stop
line to pass the road intersection. The indicator [17] is used to
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measure the smooth degree of road as well as the road traffic
flow. It is defined as
wait = waitG + waitR ,

(1)

where waitG is the number of waiting vehicles before the
green light and waitR is the number of waiting vehicles before
the red light.
3.3. Intersection Saturation. The indicator intersection saturation denotes the ratio of the actual traffic flow to the
maximum available traffic flow. Intersection saturation is
calculated as
𝑆=

traffic flow
,
(dr ∗ sf)

(2)

where dr is the ratio of red light duration to green light
duration and sf is saturation flow of the intersection.
3.4. Traffic Flow Capacity. Traffic flow capacity represents
the maximum possible number of vehicles passing through
the intersection. The indicator reflects effect of signal control
strategy. We can see that traffic flow capacity is related to
traffic signal duration. A longer passing duration generally
yields a stronger passing capacity.

4. Temporal Difference Learning
Reinforcement learning is a framework to learn directly
from the interaction and thereby achieve goals [13, 18].
Reinforcement learning framework is abstract and flexible
and can be applied in many different applications.
In artificial intelligence field, agent is defined as an entity
that has cognitive skills, the ability to solve the problem, and
the ability to communicate with the outside environment. By
agent, we can establish some system for controlling model.
In fact, the model based on agent is an anthropomorphic
model; as a result, we can control the behavior of people in
the system and unify other control units, providing a unified
description of the method. Agents are connected through
network; agents act as intelligent nodes on the network,
therefore constructing a distributed multiagent system.
The agent model of intersection is as Figure 1, including
environment perception module, learning module, decision
module, execution module, knowledge base, communication
module, and coordination module.
In reinforcement learning framework, agent is a learner
and decision-maker, interacting with environment which is
everything outside of agent. Agent chooses an action; the
environment responds to the action, generates new scenes to
the agent, and then returns a reward. The framework [13, 18]
of reinforcement learning is shown in Figure 2.
Agent interacts with the environment at each step during
a discrete-time sequence (𝑡 = 0, 1, . . .). At each time step
𝑡, agent gets the representation of environment denoted by
state 𝑠𝑡 ∈ 𝑆, where 𝑆 is the set of all possible states; agent
chooses an action 𝑎𝑡 ∈ 𝐴(𝑠𝑡 ), where 𝑎𝑡 ∈ 𝐴(𝑠𝑡 ) is all available
actions. By taking the action, agent receives a reward 𝑟𝑡+1 ∈ 𝑅
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Figure 3: Traffic flow and control of four intersections with twelve
flow directions.

Let 𝑄𝜋 (𝑠, 𝑎) be the value of taking action 𝑎, in 𝑆 under a
policy. 𝑄𝜋 (𝑠, 𝑎) [20] can be defined as

Figure 1: The agent model of intersection, including environment
perception module, learning module, decision module, execution
module, knowledge base, communication module, and coordination module.

𝑄𝜋 (𝑠, 𝑎) = 𝐸𝜋 {𝑅𝑡 | 𝑠𝑡 = 𝑠, 𝑎𝑡 = 𝑎}
∞

= 𝐸𝜋 { ∑ 𝛾𝑘 𝑟𝑡+𝑘+1 | 𝑠𝑡 = 𝑠, 𝑎𝑡 = 𝑎} .

(4)

𝑘=0

Sarsa (state-action-return-state-action) is an on-line TD
control method. Sarsa(𝜆) is an eligibility trace [21] version of
Sarsa. The update of 𝑄𝜋 (𝑠, 𝑎) [22] depends on

Agent

State

Reward

𝑄𝑡+1 (𝑠, 𝑎) = 𝑄𝑡 (𝑠, 𝑎) + 𝛼𝛿𝑡 𝑒𝑡 (𝑠, 𝑎) ,

Action

(5)

where 𝛿𝑡 = 𝑟𝑡+1 + 𝛾𝑄𝑡 (𝑠𝑡+1 , 𝑎𝑡+1 ) − 𝑄𝑡 (𝑠𝑡 , 𝑎𝑡 ) and

Environment

𝑒𝑡 (𝑠, 𝑎) = {
Figure 2: Framework of reinforcement learning. Agent selects an
action; the environment responds to the action, generates new
scenes to the agent, and then returns a reward.

𝛾𝜆𝑒𝑡−1 (𝑠, 𝑎) + 1
𝛾𝜆𝑒𝑡−1 (𝑠, 𝑎)

if 𝑠 = 𝑠𝑡 , 𝑎 = 𝑎𝑡
otherwise.

(6)

5. Sarsa(𝜆)-Based Traffic Control Model
and gets to a new status 𝑠𝑡+1 . The ultimate goal of agent is to
maximize the sum of the rewards in long term. The mapping
from state to action selection is policy of the agent, denoted by
𝜋𝑡 . Reinforcement learning solves how agent changes policy
through experience.
The temporal difference (TD) learning is capable of
learning directly from raw experience without determining dynamic model of environment in advance. Moreover,
the model learned by temporal difference is updated by
estimation which is based on part of learning rather than
final results of the learning. These two characteristics of
temporal difference make it particularly suitable for solving
the prediction problems and control problems in real-time
control applications. Given some experience with policy 𝜋,
temporal difference learning updates estimated 𝑉 of 𝑉𝜋 [19],
as
𝑉 (𝑠𝑡 ) ← 𝑉 (𝑠𝑡 ) + 𝛼 [𝑅𝑡 − 𝑉 (𝑠𝑡 )] ,

(3)

where 𝑅𝑡 is actual return after time step 𝑡 and 𝛼 is a step size
parameter. Temporal difference learning updates 𝑉 in step 𝑡+
1 using the observed reward 𝑟𝑡+1 and estimated 𝑉(𝑆𝑡+1 ).

In the transport network, maximizing traffic flow and minimizing the average waiting time is the goal of scheduling
and control. In traffic scheduling, junctions compete with
other junctions fighting for larger traffic flow. During the
course, junctions form a policy of coordination as well as
constraints for adjacent junctions to maximize their own
interests. Considering dynamic characteristics of the actual
traffic environment, reinforcement learning algorithm based
traffic control approach can be applied to get optimal scheduling policy.
In practical environment, traffic flows of four-intersections with twelve flow directions are very complex. As shown
in Figure 3, there are altogether four intersections: Ia , Ib , Ic ,
and Id , where
𝑋in is the intersection saturation of vehicle to intersection Ia ,
𝑋ab is the intersection saturation from intersection Ia
to intersection Ib ,
𝑋ac is the intersection saturation from intersection Ia
to intersection Ic ,
𝑋ad is the intersection saturation from intersection Ia
to intersection Id ,
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Input: episodes of traffic flow
Output: control policy
(1) for all 𝑠, 𝑎
(2) initialize cost (𝑠, 𝑎) arbitrarily
(3) 𝑒(𝑠, 𝑎) = 0
(4) end for
(5) for each episode
(6) initialize 𝑠, 𝑎
(7) take action 𝑎, and observe 𝑟, 𝑠
(8) select 𝑎 from 𝑠 using 𝜀-greedy policy with minimal cost
(9) 𝛿 ← 𝑟 + 𝛾 cost (𝑠 , 𝑎 ) − cost (𝑠, 𝑎)
(10) 𝑒(𝑠, 𝑎) ← 𝑒(𝑠, 𝑎) + 1
(11) for all 𝑠, 𝑎:
(12) cost (𝑠, 𝑎) ← cost (𝑠, 𝑎) + 𝛼
(13) 𝑒(𝑠, 𝑎) ← 𝛾 𝜆 𝑒(𝑠, 𝑎)
(14) end for
(15) 𝑠 ← 𝑠
(16) 𝑎 ← 𝑎
(17) end for
(18) return control policy
Algorithm 1: Sarsa(𝜆)-based traffic control optimization.

𝑋ba is the intersection saturation from intersection Ib
to intersection Ia ,
𝑋bc is the intersection saturation from intersection Ib
to intersection Ic ,
𝑋bd is the intersection saturation from intersection Ib
to intersection Id ,
𝑋ca is the intersection saturation from intersection Ic
to intersection Ia ,
𝑋cb is the intersection saturation from intersection Ic
to intersection Ib ,
𝑋cd is the intersection saturation from intersection Ic
to intersection Id ,
𝑋da is the intersection saturation from intersection Id
to intersection Ia ,
𝑋db is the intersection saturation from intersection Id
to intersection Ib ,
𝑋dc is the intersection saturation from intersection Id
to intersection Ic .
The control coordination between the intersections can
be viewed as a Markov process, denoted by ⟨𝑆, 𝐴, 𝑅⟩, where 𝑆
represents the state of the intersection, 𝐴 stands for the action
for traffic control, and 𝑅 indicates the return attained by the
control agent.
5.1. Definition of State. Agent gets real-time traffic state
and then returns traffic control decision by current state of
the road. Some most important data such as intersection
saturation and vehicle speed are used to reflect the state of
road traffic.
Nevertheless, the traffic state is continuous, although
reinforcement learning being capable of handling continuous

Table 1: Discrete saturation and speed values.
Saturation Discrete value
0
0
0.1
1
0.2
2
0.3
3
0.4
4
0.5
5
0.6
6
0.7
7

Speed range (m/h)
0
(0, 10]
(10, 20]
(20, 30]
(30, 40]
(40, 50]
(50, 60]
>60

Discrete value
0
1
2
3
4
5
6
7

state [21, 23] tends to make the model more complex. To
simplify the algorithm, we hereby discretise saturation state
and vehicle speed. The discrete saturation and speed values
are shown in Table 1.
Hereby, we can obtain altogether 49 possible states by
combining 7 saturations and 7 speed ranges (7 ∗ 7 = 49).
5.2. Definition of Action. In reinforcement learning framework, policy defines the learning agent behaviour at a given
time. It in fact is a mapping from perceived states to available
actions. Reinforcement learning model obtains rewards by
mapping the scene to the action which affects not only the
direct rewards but also the next scene, so that all subsequent
rewards will be influenced. Specific states and actions are very
different in various applications.
In general, traffic lights control contains five major
adjustment modes: increasing green signal light duration,
reducing green signal light duration, extending the signal
cycle; shortening the signal light cycle, and setting all lights
to red. In our study, traffic lights control actions can be
categorized to 6 types: keeping the signal lights unchanged
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Table 2: Action and corresponding value.
Value
1
2
3
4
5
6

Action
Keeping the signal lights unchanged
Stopping signal lights timing
Extending the signal lights duration
Shortening signal lights duration
Setting signal lights to yellow
Setting signal lights to red

Table 3: Simulation experiments results in different intersection
with an on-line control model and with an off-line control model.
Intersection
City centre

New distinct

Scenario
with on-line
control
with off-line
control
with on-line
control
with off-line
control

Average delay Average number of
time (s)
waiting vehicles
51.2

7.42

59.1

7.63

21.6

4.21

39.5

5.89

in stopping signal lights timing, extending the signal lights
duration, shortening signal lights duration, setting signal
lights to yellow, and setting signal lights to red. Each of them
is for one of the following actual traffic scenarios.
The policy keeping the signal lights unchanged is used
in the case of the normal traffic flow when the lights control
strategies do not change.
The policy stopping signal lights timing is used when
the traffic one direction is blocked while traffic on the other
direction is normal. The policy is the last resort to release one
direction traffic jam.
The policy extending the signal duration is mainly used
in the case that in one direction traffic flow is blocked and
the other direction is normal. Extending the signal duration
increases the traffic flow while signal lights are still timing.
The policy shortening signal duration is mainly used in
the case that in one direction of traffic flow is small while that
of the other direction is large. Reducing signal light duration
shortens the waiting time of the other direction and lets
vehicles of that direction pass the intersection sooner, while
signal lights keep timing.
The policy setting all lights to yellow is used for warning
vehicles to slow down and keep watch.
The policy setting all lights to red is to let all the vehicles
pass and clear the intersection. This policy is usually used only
in emergency or the whole area is badly blocked.
In short, the action and the corresponding value are
shown in Table 2.
5.3. Definitions of Reward and Return. Reward function in
reinforcement learning defines the goal of the problem. The
perceived state of the environment is mapped to a value,
reward, representing internal needs of the state. The ultimate

goal of reinforcement learning agent is to maximize the total
reward in long term.
In our work, agent makes signal control decisions under
different traffic conditions and returns an action sequence,
so that by the actions the road traffic blocking indicator is
the minimum. To be further, the model gives out an optimal
traffic coordination mode in a certain traffic state. Here, we
use traffic cost indicator to evaluate the traffic flows as
Cost = 𝜔1 𝐷 + 𝜔2 𝑊,

(7)

where 𝜔 is a weight value, 𝐷 denotes the average delay time,
and 𝑊 represents the number of waiting vehicles.
5.4. Sarsa(𝜆)-Based Traffic Control Optimization. Sarsa(𝜆)
learns from the original experience without environment
dynamic model; it can obtain experience by interacting
with environment with minimum amount of calculation cost
experience; and it is a general learning model for a long-term
prediction of the dynamic system. Hence we can conclude
that Sarsa(𝜆) is very suitable for the real-time traffic signal
control model. Hereby, we propose an on-line Sarsa(𝜆)-based
traffic signal light optimization model, which overcomes
the drawbacks of off-line model such as being unable to
dealing with complexity and changeability of traffic control
system, and requiring some accurate mathematical models.
See Algorithm 1.

6. Simulation Experiment and Results
To comprehensively evaluate behaviour of the model, we carried on simulation experiments with two different scenarios:
one took advantage of an on-line traffic control optimization
model and the other utilized an off-line traffic control
optimization model. We also did simulation experiments in
two different kinds of intersections: the city centre with heavy
traffic flow and new distinct of the city with light traffic flow,
as shown in Figure 4.
We utilize Sarsa(𝜆) in our study to learn a controller with
learning rate = 0.5, discount rate = 0.9, and 𝜆 = 0.6. During
learning process, cost was updated 1000 with 6000 episodes.
Simulation experiments results in different intersections with
an on-line control model and with an off-line control model
are showed in Table 3.
We can see from Table 3 that the results optimized by the
model in new distinction of the city overwhelmingly won
those with an off-line optimization model; while in centre of
the city, although improved, the margin of the two approaches
is narrow. It is mainly because the roads of new distinction
have high traffic capacity and traffic flow there is relatively
smaller while the traffic flow in the centre of the city is too
heavy for any intelligent model to improve.

7. Conclusions
Because traffic control system is so complex and changeable
that an off-line traffic control model with predefined strategy
can hardly cope with the traffic congestion and sudden traffic
accidents which actually may occur at any time, the demand
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(a)

(b)

Figure 4: Snapshots from traffic monitoring system. (a) is snapshot of traffic in center of the city which has a heavy traffic flow and (b) is that
of new distinct which has a less traffic flow.

for combining timely and intelligent traffic control policy
with real-time road traffic is getting more and more urgent.
Reinforcement learning accumulates experiment and
knowledge by keeping interaction with environment.
Although it usually needs a long duration to complete
learning, it has pretty good learning ability to complex
system, enabling it to handle unknown complex states well.
The application of reinforcement learning in traffic management area is gradually receiving more and more concerns.
In this work, we, under the framework of reinforcement
learning, propose a Sarsa(𝜆)-based learning algorithm for
traffic control optimization. The actual continuous traffic
states are discretized for the purpose of simplification. We
design actions for traffic control and define reward and return
by mean of traffic cost which combines with multiple traffic
capacity indicators.
In the simulation testing experiment, we evaluated the
behavior of traffic control with optimization in new distinct of
the city as well as in the centre of the city. The results of traffic
control optimized by our proposed on-line model were better
than those optimized by off-line model.
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An image encryption algorithm based on improved piecewise linear chaotic map (MPWLCM) model was proposed. The algorithm
uses the MPWLCM to permute and diffuse plain image simultaneously. Due to the sensitivity to initial key values, system
parameters, and ergodicity in chaotic system, two pseudorandom sequences are designed and used in the processes of permutation
and diffusion. The order of processing pixels is not in accordance with the index of pixels, but it is from beginning or end alternately.
The cipher feedback was introduced in diffusion process. Test results and security analysis show that not only the scheme can achieve
good encryption results but also its key space is large enough to resist against brute attack.

1. Introduction
With the rapid development of network communication
technology, multimedia information such as digital images
are more commonly and frequently transmitted in public
communication network. Therefore, it is particularly important to protect images from piracy. As a result, image encryption technology becomes an important issue of cryptography.
Image data have two features, namely, bulky data capacity
and strong correlations among adjacent pixels. For this reason
conventional cipher algorithms are not directly suitable for
image encryption. Chaotic cryptography then was drawn
attention by researchers due to its many good properties,
such as ergodicity, sensitive dependence on initial conditions,
random-like behavior, and high efficiency in image encryption.
In recent years, many image encryption algorithms have
been proposed [1–11]. The confusion and diffusion processes
in cryptography proposed by Shannon [12] are applied
in image encryption successfully. These processes include
a permutation-diffusion structure, while many proposed
chaotic image encryption systems [8–11] adopted Arnold cat

map to shuffle the positions of the pixels by confuse phase,
and the permutation process was separated from diffusion
process. Arnold cat map has some weaknesses [13]. One is
that the periodic states appear in very limited iteration times.
Another one is that the width and height of the processed
image must be equal, or the image cannot be permuted
directly. What is more, each pixel position of different images
in same size is fixed after the diffuse phase. Thus it is not
suitable for the practical application in chaotic cryptography.
If the permutation process was separated from diffusion
process, efficiency will be reduced. In [14], Wang and Jin
proposed an image encryption algorithm. They confuse the
plain image by using logistic map and Game of Life instead of
Arnold cat map firstly. Then they use piecewise linear chaotic
map (PWLCM) to diffuse each pixel of the image. In this
paper, we firstly proposed a improved piecewise linear chaotic
map (MPWLCM) model. Then we use the MPWLCM to
shuffle positions and diffuse values of pixels in plain image
simultaneously. Test results and security analysis not only
show that the scheme can achieve good encryption result but
also show that the key space is large enough to resist against
brute attack.
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1.0

scheme is based on ergodic matrix instead of sorting chaotic
sequence. Suppose that T = {𝑡(1), 𝑡(2), . . . , 𝑡(𝐿)} is an ergodic
matrix of size 1 × 𝐿, where 𝑡(𝑖) are integers, 𝑡(𝑖) ∈ [1, 𝐿], and
𝑡(𝑖) ≠
𝑡(𝑗) if 𝑖 ≠
𝑗. Our scheme takes the following steps.

0.8

xn+1

0.6

Step 1. Iterate the PWLCM 𝑥𝑖+1 = 𝐹(𝑥𝑖 ) by using (2) for 𝑁0
times to get rid of transient effect, where 𝑁0 is a constant; set
a one-dimensional matrix flag, which length is 𝐿 and each of
its elements is zero; initialize the permutation sequence T =
{𝑡(1), 𝑡(2), . . . , 𝑡(𝐿)} : T = flag.

0.4
0.2
0.0

0

q

2q

3q

1

xn

Step 3. To iterate the PWLCM to obtain a new 𝑥, compute
a integer 𝑗 by using current 𝑥 according to the following
formula:

Figure 1: The MPWLCM proposed by this paper.

𝑗 = mod (floor (𝑥 × 1015 ) , 𝐿) + 1.

2. The MPWLCM Map
The PWLCM can be described as
𝑥𝑛
,
𝑥𝑛 ∈ [0, 𝑞)
{
{
{
{ 𝑥𝑞 − 𝑞
𝑥𝑛+1 = 𝐹 (𝑥𝑛 , 𝑝) = { 𝑛
,
𝑥𝑛 ∈ [𝑞, 0.5)
{
{
{ 0.5 − 𝑞
{𝐹 (1 − 𝑥𝑛 , 𝑞) , 𝑥𝑛 ∈ (0.5, 1) ,

𝑥𝑛 − ⌊𝑥𝑛 /𝑞⌋ × 𝑞
,
𝑞

(3)

Step 4. Checking the values 𝑗 and flag(𝑗), if (𝑗 == 𝑖), or
(flag(𝑗) == 1) then repeat Step 3; else then go to Step 5.
(1)

Step 5. flag(𝑗) ← 1; 𝑡(𝑖) ← 𝑗.
Step 6. Let 𝑖 ← 𝑖 + 1, return to Step 3 until 𝑖 reaches 𝐿.

where 𝑥𝑛 ∈ (0, 1), when control parameter 𝑞 ∈ (0, 0.5), (1)
evolves into a chaotic state [14], and 𝑞 can be served as a secret
key. PWLCM system has uniform invariant distribution and
very good ergodicity, confusion, and determinacy, so it can
provide excellent random sequence, which is suitable for
information encryption.
Based on the PWLCM, we propose an improved piecewise linear chaotic map (MPWLCM) model, which can be
denoted by (2) (see also Figure 1):
𝑥𝑛+1 = 𝐹 (𝑥𝑛 , 𝑞) =

Step 2. Let 𝑖 ← 1.

(2)

where 𝑞 is the control parameter and 0 < 𝑞 < 0.5. ⌊𝑥⌋ denote
the maximal integer less than or equal to 𝑥.
Figures 2(a) and 2(b) show the state sequences of
PWLCM and MPWLCM, respectively. From Figures 2(a)
and 2(b), one can see that the sequence of MPWLCM has
better performance in randomness than MPWLCM. Hence,
MPWLCM is more suitable for information encryption.

3. The Proposed Cryptosystem
For a 256-gray-scale image of size 𝐿 = 𝑀 × 𝑁, it is an integer
matrix of 𝑀 rows 𝑁 columns, in which the values range from
0 to 255. Its data can be treated as a one-dimensional vector
P = {𝑝(1), 𝑝(2), . . . , 𝑝(𝐿)}, where 𝑝(𝑖) denotes the gray level
of the image pixel at ceil (𝑖/𝑁) row and [ceil(𝑖/𝑁)−(𝑖−1)×𝑁]
column.
3.1. Generating Permutation Sequence. Given 𝑥0 and 𝑝, we
firstly generate permutation sequence to change the position
of image pixel. Different from most proposed methods, our

3.2. Generating Diffusion Sequence
Step 1. Supposing the diffusion sequence is denoted by K =
{𝑘(1), 𝑘(2), . . . , 𝑘(𝐿)}, set 𝑘(𝑖) = 0, 𝑖 = 1, 2, . . . , 𝐿.
Step 2. Let 𝑖 ← 1.
Step 3. To iterate the PWLCM to obtain a new 𝑥, compute 𝑘(𝑖)
by using current 𝑥 according to the following formula:
𝑘 (𝑖) = mod (⌊(𝑥 × 102 − ⌊𝑥 × 102 ⌋) × 103 ⌋ , 256) .

(4)

Step 4. Checking 𝑘(𝑖), if 𝑘(𝑖) < 3, then 𝑘(𝑖) = 𝑘(𝑖) + 3.
Step 5. Let 𝑖 ← 𝑖 + 1, return to Step 3 until 𝑖 reaches 𝐿.
3.3. Encryption Algorithm. The encryption process uses the
permutation sequence T to shuffle the positions of image
pixels and uses the diffusion sequence K to diffuse the values
of image pixels simultaneously. Namely, permutation process
will move the pixel of position 𝑖 in plain image to the position
𝑗 in cipher image, where 𝑗 = 𝑡(𝑖). At the same time, the pixel
value of position 𝑖 in plain image is altered by using diffusion
key 𝑘(𝑖) and the previous encrypted pixel value. Different
from most of usual algorithms, the process order 𝑛 is not
equivalent to the pixel index 𝑖, but it is from beginning or end
alternately. Namely, (𝑛 = 1, 𝑖 = 1), (𝑛 = 2, 𝑖 = 𝐿), (𝑛 = 3, 𝑖 =
2), . . . , (𝑛 = 𝐿, 𝑖 = 𝐿/2 + 1). If 𝑛 is even, then the processed
pixel index is 𝑖 = ceil(𝑛/2). At other times the processed pixel
index is 𝑖 = (𝐿−𝑛/2+1). Figure 3 illustrates the block diagram
of the proposed encryption algorithm.
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Figure 2: The state sequences of PWLCM and MPWLCM. (a) PWLCM (𝑞 = 0.3) and (b) MPWLCM (𝑞 = 0.3).

n=1
p(1)

n = 3 · · · n = ni · · · n = 4
p(2) · · · p(i) · · · p(L − 1)
c1
k(i)

···

···

f(·)

···

Step 5. Let 𝑛 ← 𝑛 + 1.

n=2
p(L)

Step 6. If 𝑛 < 𝐿, then return to Step 1; otherwise one round
encryption is complete.

···

4. Experimental Results and Security Analysis
c(1)

c(2)

···

c(j)

· · · c(L − 1)

c(L)

In our experiments, The images for testing are the 256 × 256
traditional images with 8-bit grayscale. The system parameter
and initial state of MPWLCM are 𝑞 = 0.3 and 𝑥0 = 0.27.
𝑁0 = 200, 𝑐0 = 150, and 𝑅 = 2.

Figure 3: The block diagram of the encryption algorithm.

The permutation and diffusion process may repeat 𝑅
rounds (𝑟 = 1 to 𝑅, 𝑅 ≥ 1). In the first round (𝑟 = 1), 𝑝(𝑖)
denotes the 𝑖th pixel in original plain image and 𝑐(𝑗) denotes
the 𝑗th pixel in current ciphered image (𝑖, 𝑗 = 1, 2, . . . , 𝐿),
where 𝑐1 is the previously outputted cipher pixel value. For
𝑛 = 1, 𝑐1 is equal to a presetting value 𝑐0 . In the 𝑟th round
(𝑟 = 2, 3, . . . , 𝑅), 𝑝(𝑖) denotes the 𝑖th pixel in the ciphered
image outputted in the (𝑟 − 1)th turn and 𝑐(𝑗) denotes the
𝑗th pixel in current ciphered image (𝑖, 𝑗 = 1, 2, . . . , 𝐿). 𝑐1 is
the previously outputted cipher pixel value. For 𝑛 = 1, 𝑐1 is
the last outputted cipher pixel value in the previous round,
where 𝑓(⋅) denotes the nonlinear encryption function. The
encryption formulas in our scheme are as follows:
𝑐 (𝑗) = mod (𝑝 (𝑖) + 𝑐1 , 256) ⊕ 𝑘 (𝑖) . If 𝑟 = 1.

(5a)

𝑐 (𝑗) = mod (𝑐 (𝑖) + 𝑐1 , 256) ⊕ 𝑘 (𝑖) .

(5b)

If 𝑟 > 1,

where 𝑖 = 1, 2, . . . , 𝐿 and 𝑗 = 1, 2, . . . , 𝐿.
Our encryption algorithm takes the following steps.
Step 1. Let 𝑛 ← 1.
Step 2. If 𝑛 is even, then 𝑖 ← ceil(𝑛/2); otherwise 𝑖 ← (𝐿 −
𝑛/2 + 1).
Step 3. Obtain 𝑗 by using the permutation sequence T : 𝑗 =
𝑡(𝑖).
Step 4. Use (5a) or (5b) to permute and diffuse the current
pixel simultaneously.

4.1. Key Space Analysis. Key space size is the total number
of different keys which can be used in the encryption
process. In the proposed algorithm, the secret keys set SK =
{𝑥0 , 𝑞, 𝑁0 , 𝑐0 }, where 𝑥0 and 𝑞 are double-precision numbers,
𝑐0 is a constant integer and 𝑐0 ∈ [1, 255], and 𝑁0 is a integer.
If the computational precision of 𝑥0 and 𝑞 is 10−16 , then 𝑁0 ∈
[1, 1000]. Therefore, the key space is bigger than 1016 × 1016 ×
255 × 1000, which is much larger than 2124 . So the encryption
algorithm has a large enough key space to resist all kinds of
brute-force attacks.
4.2. Statistical Analysis. Shannon suggested two methods
of diffusion and confusion for frustrating the powerful
statistical analysis. Here, we demonstrated the confusion and
diffusion properties of our MPWLCM chaotic encryption
system. This is shown by a test on the histogram and the
correlations of adjacent pixels in the cipher image.
(1) Histograms of Encrypted Images. Select several 256 graylevel images with size of 256 × 256 which have different
contents and calculate their histograms. One typical example
(Sailboat) among them is shown in Figure 4. From Figure
4, we can see that the histogram of the cipher image is
fairly uniformed and is significantly different from that of the
original image.
(2) Correlation Coefficients of Two Adjacent Pixels. To test
the correlation between two adjacent pixels in plain image
and cipher image, all pairs of two-adjacent pixels (in vertical,
horizontal, and diagonal direction) from plain image and
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Figure 4: Histogram of the plain image and the cipher image. (a) Plain Lena, (b) encrypted Lena, (c) histogram of plain Lena, (d) histogram
of encrypted Lena.

cipher image were selected and the correlation coefficients
were calculated by using the following formulas:

Correlation

1 𝐿
𝐸 (𝑥) = ∑𝑥𝑖 ,
𝐿 𝑖=1
𝐷 (𝑥) =

1 𝐿
2
∑[𝑥 − 𝐸 (𝑥)] ,
𝐿 𝑖=1 𝑖

1 𝐿
Conv (𝑥, 𝑦) = ∑ [𝑥𝑖 − 𝐸 (𝑥)] [𝑦𝑖 − 𝐸 (𝑦)] ,
𝐿 𝑖=1
𝛾𝑥𝑦 =

Conv (𝑥, 𝑦)
√𝐷 (𝑥)√𝐷 (𝑦)

Table 1: Correlation coefficients of two adjacent pixels in the plain
and ciphered images.

(6)

,

where 𝑥 and 𝑦 are gray-scale values of two-adjacent pixels
in the image and 𝛾𝑥𝑦 is the correlation coefficient of two
adjacent pixels. The test results are shown in Table 1. It also
shows the results of the existing algorithms in [14]. From
Table 1, it can be seen that the encryption scheme satisfies
zero cocorrelation, which is of high-level security. Compared

Horizontal

Vertical

Diagonal

Lena

0.924879

0.959276

0.902644

Encrypted Lena
Encrypted Lena [14]

0.003503
0.032107

0.000213
0.027188

0.000728
0.038393

0.936439
−0.005422
0.011135

0.905541
−0.001061
0.014651

0.945174
0.000357
−0.00820751

0.897210
0.004215
0.063500

0.959223
−0.007362

0.908663
0.003039

Sailboat
0.940113
Encrypted Sailboat
−0.001751
Encrypted Sailboat [14] 0.032347
Pepper
Encrypted Pepper
Encrypted Pepper [14]

0.942848
−0.000182
0.014260

Cameraman
0.933475
Encrypted Cameraman −0.000090

with the algorithms proposed by [14], it shows superior
performance.
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Table 2: Information entropy of the cipher images.
Information entropy
7.9976
7.9972
7.9972
7.9972

0.999
0.998
NPCR

Test image
Lena
Sailboat
Pepper
Cameraman

0.997
0.996
0.995

4.3. Information Entropy Analysis. Information entropy is the
most important feature of randomness. Let 𝑠 be the information source, and the formula for calculating information
entropy is

0.994
0.993

0

20

2𝑛 −1

𝐻 (𝑠) = − ∑ 𝑃 (𝑠𝑖 ) log2 [𝑃 (𝑠𝑖 )] ,

(7)

80
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80

100

(a)

𝑖=0

0.338
0.337
0.336
0.335
UACI

where 𝑃(𝑠𝑖 ) denotes the probability of symbol 𝑠𝑖 and 2𝑛 is
the total states of the information source. For a true random
source emitting 2𝑛 symbols, the entropy should be 𝑛. Take a
256-gray-scale image, for example, and the pixel data have 28
possible values, so the ideal entropy of a 256-gray-scale image
must be 8. The information entropy of the cipher-images is
shown in Table 2. The obtained values are very close to the
theoretical value 8.

40
60
Test number

0.334
0.333
0.332

4.4. Differential Attack. Generally speaking, an opponent
may make a slight change (e.g., modify only one pixel) of the
encrypted image to observe the change in the result. In this
way, we may be able to find out a meaningful relationship
between the plain image and the cipher image. This is known
as the differential attack. However, if one minor change in
the plain image can cause a significant change in the cipher
image, with respect to diffusion and confusion, then the
differential attack would become very inefficient and useless.
The proposed cryptosystem can ensure two ciphered
images different completely, even if there is only one bit
difference between plain images. We have done differential
analysis by calculating the NPCR (net pixel change rate) and
UACI (unified average changing intensity) for several images.
Here are the formulas:
∑𝑖,𝑗 𝐷 (𝑖, 𝑗)

× 100%,
𝑀1 × 𝑀2


𝑐 (𝑖, 𝑗) − 𝑐2 (𝑖, 𝑗)
1
UACI =
× 100%,
∑ 1
𝑀1 × 𝑀2 𝑖,𝑗
255
NPCR =

0.331
0.330

0

20

40

60

Test number
(b)

Figure 5: (a) NPCR for 100 modified plain-image Cameraman; (b)
UACI for 100 modified plain-image Cameraman.

Table 3: The mean NPCR and UACI of ciphered images with one
bit difference between the plain images.
Image
Lena
Sailboat
Pepper
Cameraman

NPCR (%)
99.7421
99.7259
99.7289
99.6150

UACI (%)
33.5278
33.4237
33.3548
33.4212

(8)

where 𝐷(𝑖, 𝑗) represents the difference between 𝑐1 (𝑖, 𝑗) and
𝑐2 (𝑖, 𝑗). If 𝑐1 (𝑖, 𝑗) = 𝑐2 (𝑖, 𝑗), then 𝐷(𝑖, 𝑗) = 0; otherwise
𝐷(𝑖, 𝑗) = 1. For an 8-bit gray image, the expected estimates
are NPCRE = 99.6094% and UACIE = 33.4635%.
We have done plaintext sensitivity analysis (differential
analysis) by calculating the NPCR and UACI for plain-image
Lena, Sailboat, Pepper, and Cameraman. In particular, we
have randomly chosen 100 different pixels (one at a time,
including the very first and very last pixels of the image)
in each plain-image and changed their values slightly, and

then we have computed NPCR and UACI for all the cases
using (8). The results of NPCR and UACI for the plain-image
Cameraman are shown in Figures 5(a) and 5(b), respectively.
It is clear that the NPCR and UACI values remain in the vicinity of the expected values (shown by the horizontal lines);
that is, the proposed image encryption technique shows
extreme sensitivity on the plaintext. Also, Table 3 shows the
average values of NPCR and UACI for the plain-image Lena,
Sailboat, Pepper, and Cameraman. We can find that the mean
NPCR is over 99% and the mean UACI is over 33%. The
results show that the proposed algorithm is very sensitive to
tiny changes in the plain image; even if there is only one bit
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from the statistical attack. The scheme possesses high sensitivity to plain image and key, so it has a good ability to resist
differential attack. With high-level security, it can be used in
secure image communications.
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It is a challenge to represent the target appearance model for moving object tracking under complex environment. This study
presents a novel method with appearance model described by double templates based on timed motion history image with HSV
color histogram feature (tMHI-HSV). The main components include offline template and online template initialization, tMHIHSV-based candidate patches feature histograms calculation, double templates matching (DTM) for object location, and templates
updating. Firstly, we initialize the target object region and calculate its HSV color histogram feature as offline template and online
template. Secondly, the tMHI-HSV is used to segment the motion region and calculate these candidate object patches’ color
histograms to represent their appearance models. Finally, we utilize the DTM method to trace the target and update the offline
template and online template real-timely. The experimental results show that the proposed method can efficiently handle the scale
variation and pose change of the rigid and nonrigid objects, even in illumination change and occlusion visual environment.

1. Introduction
As a hot research topic in computer vision, moving object
tracking has numerous applications such as video surveillance, visual navigation, and human-computer interaction.
However, it remains a tough problem to track the target under
complex environment due to the scale variation, pose change,
illumination change, occlusion, and real-time processing
requirement. To overcome these difficulties, many object
tracking methods have been proposed in recent years [1].
Traditional tracking algorithms such as mean-shift [2]
and particle filter [3] are well developed in the past few years.
Many extensions have emerged. Recently, Leichter [4] proposed a tracker using cross-bin metrics based on mean-shift,
which is a simple and efficient method. Mei and Ling [5]
treated tracking problem as a sparse approximation problem
in a particle filter framework. As we know, an important
aspect that determines the performance of the tracking algorithm is the object’s appearance model. However, these traditional methods cannot represent an enjoyable appearance
model, which results in poor jobs on handling the scale variation, pose change, and some complicated visual environment
such as occlusion and illumination change.

Kass et al. [6] proposed snakes models to deal with the
pose change, but the tracking process is a solution optimization process with high computational complexity. Level
sets [7], which represent a contour using a signed distance
map, were used to draw accurate active contour for tracking.
The condensation algorithm [8] used the B-spline curve to
parameterize the contour and particle filtering method for
tracking. Ross et al. [9] used an incremental subspace model
to adapt appearance changes. However, these methods are
undesirable because a drift problem may appear once the
target object’s appearance changes significantly during the
tracking process.
Online learning has spawned the approach of tracking
by detection, which treats the tracking as a binary classification problem. Collins et al. [10] utilized online feature selection to trace the target. Avidan [11] proposed ensemble tracking method that extended mean-shift with adaBoost. Grabner and Bischof [12] proposed an online boosting tracker
which built a feature selection framework for tracking.
More recently, Santner et al. [13] built a sophisticated tracking system called PROST which is robust. Zhang et al.
[14] proposed a compressive tracking algorithm that used
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compressing sensing theories to extract features for real
time tracking. Nevertheless, because the appearance model
and background must be learned at frame rate and the
training data for classifier is numerous, thus, these tracking
methods are not efficient for real-time tracking. Meanwhile,
it also often leads to tracking drift problem since the
appearance model is updated with noise and a few negative
examples.
In this paper, we propose a novel method in which the
appearance model is described by object templates based on
tMHI-HSV. Firstly, a novel moving object segmentation and
modeling method named tMHI-HSV are proposed, which is
robust and efficient to select and describe candidate object
patches. Moreover, the DTM strategy is applied to ensure the
accuracy and robustness of the tracking. The online template
is dynamically updated in real time to adapt the change of
target appearance, and the offline template is updated to deal
with the overfitting problem that is caused by the fast changes
of environment.
The rest of this paper is organized as follows. We
introduce the motion history (MHI) method in Section 2.
Section 3 presents the DTM tracking method based
on tMHI-HSV. Experimental results are shown and
discussed in Section 4. Finally Section 5 concludes the
paper.

2. MHI Method
2.1. Motion History Image. The motion history image (MHI)
method is an approach based on template matching. The MHI
with current motion pixels of images (>2 frames) updated
using a timestamp can provide abundant motion information
of a moving object.
Ahad et al. [15] had made a survey on MHI method and
its applications. As an impressive method for motion representation, MHI is a standard technique in computer vision.
Bobick and Davis [16] utilized MHI as temporal templates
to recognize the human movement. Zhaozheng and Collins
[17] proposed a forward-backward MHI method to locate
the moving object in thermal imagery. Lin et al. [18] used
MHI method to segment motion region that was more robust
than segmenting objects in one frame for tracking moving
object. Davis et al. [19] separated human motion patterns
from the noise categories by representing the moving object
with a minimum spatial size and temporal length based
on MHI approach. Using MHI method to represent the
motion appearance is simple and effective. An MHI image is
computed as follows.
Let 𝑓 = [𝑓1 (𝑥, 𝑦), . . . , 𝑓𝑖−1 (𝑥, 𝑦), 𝑓𝑖 (𝑥, 𝑦), . . . , 𝑓𝑛 (𝑥, 𝑦)]
denote a video frame stream. The absolute value of frame
differencing result 𝐷𝑡 (𝑥, 𝑦) is computed as


𝐷𝑡 (𝑥, 𝑦) = 𝑓𝑖 (𝑥, 𝑦) − 𝑓𝑖−1 (𝑥, 𝑦) ,

(1)

where 𝑓𝑖 (𝑥, 𝑦) and 𝑓𝑖−1 (𝑥, 𝑦) are two adjacent frames of
current time 𝑡 from video frames. The update function

𝐵𝑡 (𝑥, 𝑦) is defined by 𝐷𝑡 (𝑥, 𝑦) based on a threshold 𝜎.
Consider
1 if 𝐷𝑡 (𝑥, 𝑦) > 𝜎
𝐵𝑡 (𝑥, 𝑦) = {
0 otherwise,

(2)

then, the MHI𝑡 (𝑥, 𝑦) is computed according to the update
function 𝐵𝑡 (𝑥, 𝑦):
MHI𝑡 (𝑥, 𝑦) = {

𝑡
if 𝐵𝑡 (𝑥, 𝑦) = 1
MHI𝑡−1 (𝑥, 𝑦) otherwise.

(3)

Since the motion information is preserved in the MHI, it
can represent the motion object in a continuous way. Thus,
the MHI template is insensitive to some interference, like
illumination change and occlusion. These advantages make
MHI method suitable for motion analysis in challenging
scenarios.
2.2. Timed MHI Generation. Timed motion history image
(tMHI) is a smart motion segmentation method [20] that is
extended from MHI. A history of temporal changes is kept
at each pixel location and then decays over time. The tMHI
utilizes a floating-point MHI where new silhouette values are
represented with floating-point timestamp. Meanwhile, the
tMHI is updated with the timestamp of current system. The
more recent pixels of the moving object have higher intensity.
The tMHI image is computed as
𝜏
tMHI𝛿 (𝑥, 𝑦) = {
0

if current silhouette at (𝑥, 𝑦)
else if tMHI𝛿 (𝑥, 𝑦) < (𝜏 − 𝛿) ,

(4)

where 𝜏 is the current timestamp and 𝛿 is the decay parameter
that determines the motion length. Figure 1 shows the tMHI
of a car. From Figure 1, we can conclude that the tMHI provides coherent motion information to represent the motion
trail of moving object over time.

3. tMHI-HSV-Based DTM Tracking Method
This section provides a detailed description of the proposed
method. The tracking algorithm starts with the work by
initializing the tracking window and gets the same offline
template and online template in the first frame by user
specifying the object region. Next, for each frame of the next
video frames stream, some potential candidate moving object
patches are screened out by using tMHI-HSV. The Bhattacharyya distance measure is used to measure the similarities
between each candidate patch and online template, as well as
offline template. The patch with the minimum Bhattacharyya
distance is chosen as the best candidate object in current
frame, and its location position and silhouette are outputted
as the current object spatial information. Furthermore, the
online template is updated by the current frame object patch.
Meanwhile, the difference of the offline template and the
newest online template is analyzed; the offline template may
be updated if the difference is too large. So the tracking and
updating cycle will be continued for the whole video steam;
the block diagram is shown in Figure 2.
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(a)

(b)

Figure 1: (a) The original image of the car. (b) The tMHI of the car. Here, 𝜎 = 20 and 𝛿 = 10 s.
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Update the
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i= i+1

Offline template
matching
Output the
current object

Figure 2: Block diagram of the proposed method.

3.1. tMHI-HSV Representation. The tMHI method is used to
detect the moving region and segment the moving objects to
obtain MHI silhouettes. Before the segmentation, a median
filter is employed to eliminate salt and pepper noise. Then,
the morphological operation is adopted to remove the target’s
discontinuous hollow. A threshold Δ MinSize , which is determined by the target’s spatial size, is set to find the potential
candidate MHI external rectangle silhouettes. The MHI
silhouettes whose sizes are larger than Δ MinSize are screened
out as the candidate MHI silhouette sets C as follows:
C = {𝑐1 , 𝑐2 , . . . , 𝑐𝑚 | 𝑆𝑐𝑖 ≥ Δ MinSize , 𝑖 = 1, 2, . . . , 𝑚} .

(5)

Here, 𝑆𝑐 denotes spatial size of the silhouettes 𝑐, and 𝑚 is
the total number of silhouettes. Generally 𝑆𝑐 = 𝑟width × 𝑟height ;
𝑟width and 𝑟height are the width and height of the rectangle

silhouette 𝑐 in pixels, respectively. This processing can help
to remove noise pixels from camera jitter and small motion
such as shaking leaves.
However, the MHI silhouette cannot describe the whole
of the candidate patch information except the spatial motion
feature. Meanwhile, it is lack of robustness and accuracy to
track the target just according to the spatial size and temporal
length. Hence, one kind of global feature, color feature, is
employed and fused with tMHI to exactly represent these
candidate patches’ specialties. Compared to the RGB system,
HSV system describes more accurately than RGB color
system on perception links and remains computationally
simple. Therefore, the HSV system is chosen to represent
those patches’ color feature.
Thus, each candidate patch 𝑐 can be described by the HSV
color histogram H of its tMHI region. H = {ℎ(𝑏) | 𝑏 =
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1, 2, . . . , 𝑞}, which is named tMHI-HSV feature in this paper,
and ℎ(𝑏) denotes the number of pixels that belong to the color
bin 𝑏. The color histogram H can be computed as follows:
𝑁

H = {ℎ (𝑏)} = {∑ 𝑄 (𝑝𝑖 , 𝑏)} ,
1
𝑄 (𝑝𝑖 , 𝑏) = {
0

𝑐Best

𝑏 = 1, 2, . . . 𝑞,

𝑖=1

Moreover, the best candidate patch 𝑐Best can be chosen
from the two minimum Bhattacharyya distance patches as
follows:

(6)

if 𝑝𝑖 belong to color bin 𝑏,
otherwise,

= {𝑐𝑗 | 𝑗
= arg min {𝑑𝐵ℎ𝑎𝑡𝑡𝑎𝑐ℎ𝑎𝑟𝑦𝑦𝑎 (𝑐𝑗Online , 𝑇Online ) ,

(9)

𝑗Online ,𝑗Offline

where 𝑏 is one of the color bins, 𝑞 is the total number of
color bins, 𝑁 is the number of pixels in this candidate patch
𝑐, and 𝑝𝑖 is the color value of the 𝑖th pixel. Rather than only
the spatial feature, the color feature is used for modeling the
candidate patches and templates.
3.2. Double Template Matching. During the whole tracking
process, the general method [21] initializes the first frame
to delimit the tracking window as the template region.
However, a series of changes such as scale variation and
pose change may occur on the target during the tracking
process. In addition, changes in the visual environment can
cause interference. The appearance change and circumstance
disturbing always lead to a drift problem and even tracking
lost, because the original template cannot accurately represent the appearance model of the current target. Therefore,
updating template online in real time during tracking is
very crucial. However, an over-fitting problem would occur
for online template matching when the visual environment
and appearance change rapidly and noisily. For example, the
illumination changes sparklingly. For the sake of avoiding
the online template over-fitting learning problem, one stable
offline template is reserved as the second matching template.
The patch can be chosen as the best candidate current
object if it has the minimum similarity degree to the online
template and offline template. This method is called the
double template matching (DTM) here.
Generally, the target’s appearance changes only a little
between two adjacent frames 𝑓𝑖−1 and 𝑓𝑖 . It is a reasonable
way that uses the object patch in the previous frame as the
online template to trace the target in the next frame. Here,
the Bhattacharyya distance of tMHI-HSV color histogram is
used to measure the similarity between the online templates
𝑇Online and the candidate object patch 𝑐𝑖 .
According to the definition of Bhattacharyya distance
based on two vectors p = {𝑝1 , 𝑝2 , . . . , 𝑝𝑘 } and q =
{𝑞1 , 𝑞2 , . . . , 𝑞𝑘 }, we have

𝑑𝐵ℎ𝑎𝑡𝑡𝑎𝑐ℎ𝑎𝑟𝑦𝑦𝑎 (𝑐𝑗Offline , 𝑇Offline )}} .
So, 𝑐Best can be the best candidate object in the current
frame to be outputted. Here, double template matching is
adopted to avoid online template over-fitting problem. When
the online template has overlearned some noise change from
the last several frames, the tracking drift will occur. This
means that the tracking method will match the current object
to wrong patch. The proposed method can ameliorate this
phenomenon because an offline template has been adopted
at the same time. The offline template is a more stable
template in this situation, because it learns less from the
object appearance than online template.
3.3. Template Updating. In order to keep the tracking accuracy, templates updating is the key procedure in this proposed
method. Here, the current best candidate object patch 𝑐Best is
as the newest online template of the next frame as follows:
𝑇Online = 𝑐Best .

(10)

Meanwhile, an over-fitting problem caused by online
template matching may occur when the visual environment
changes rapidly and randomly. For example, the illumination
suddenly changes sparklingly or the object goes through
some obstruct continuously and quickly. To avoid this problem, a threshold 𝜃, which is set to 0.3 by experimental
picking in this paper, is used to evaluate whether the offline
template needs to be updated or not. Compared to the current
online template 𝑇Online , the offline template can be updated as
follows:
𝑑Off-On = 𝑑𝐵ℎ𝑎𝑡𝑡𝑎𝑐ℎ𝑎𝑟𝑦𝑦𝑎 (𝑇Offline , 𝑇Online ) ,
𝑇Offline = {

𝑇Online
𝑇Offline

if 𝑑Off-On > 𝜃
otherwise.

(11)

(7)

As above, the offline template is updated only when it
differs much from the online template. So this strategy guarantees that our method is more robust under the frequently
changing environment.

Thus, the online template matching and the offline template matching solve this optimization problem as follows:

3.4. Algorithm Pseudocode. This proposed method’s pseudocode is shown in Algorithm 1.

𝑑𝐵ℎ𝑎𝑡𝑡𝑎𝑐ℎ𝑎𝑟𝑦𝑦𝑎 (p, q) = √ 1 −

∑𝑘 √𝑝𝑘 × 𝑞𝑘
.
∑𝑘 𝑝𝑘 × ∑𝑘 𝑞𝑘

𝑗Online = arg min {𝑑𝐵ℎ𝑎𝑡𝑡𝑎𝑐ℎ𝑎𝑟𝑦𝑦𝑎 (𝑐𝑖 , 𝑇Online )} ,
𝑖

𝑗Offline = arg min {𝑑𝐵ℎ𝑎𝑡𝑡𝑎𝑐ℎ𝑎𝑟𝑦𝑦𝑎 (𝑐𝑖 , 𝑇Offline )} .
𝑖

4. Experimental Results and Analysis
(8)

The proposed algorithm is evaluated against scale variation,
pose change, occlusion, and illumination change. Our tracker
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(1)
(2)
(3)
(4)
(5)

(6)
(7)
(8)
(9)
(10)
(11)
(12)
(13)
(14)
(15)
(16)
(17)

Input: Video frames stream 𝑓1 , 𝑓2 , . . . , 𝑓𝑡 , . . .
Output: Object center position 𝑃𝑡 and rectangle
silhouette 𝐶𝑡Best .
for each 𝑓𝑖 , 𝑖 = 1, 2, . . . , 𝑡, . . . do
if 𝑖 = 1
Initialize the 𝑓1 to establish the offline template
𝑇Offline , the online template 𝑇Online and the algorithm
parameter, such as 𝜎, 𝛿, Δ MinSize , 𝜃 and so forth.
else
Segment the moving object by using tMHI
𝑗
Get the candidate object patches 𝐶𝑡 (𝑗 = 1, 2, . . . , 𝑚)
𝑗
for each 𝐶𝑡 , 𝑗 = 1, 2, . . . , 𝑚 do
𝑗
𝑗
Calculate the HSV color histograms 𝐻𝑡 of 𝐶𝑡 .
Calculate the best candidate object 𝑐Best and 𝑑Off-On
Update the online template, 𝑇Online ← 𝑐Best
Update the offline template, 𝑇Offline ← 𝑇Online if 𝑑Off-On > 𝜃
Output the center position 𝑃𝑡 and rectangle
silhouette 𝐶𝑡Best from the best candidate patch 𝑐Best
end for
end if
end for
Algorithm 1: tMHI-HSV-based DTM tracking.

Table 1: Video parameters.
Video sequence
Blue car
White car
Girl pose
Intelligent room
Girl occlusion
Car

Video parameters
Frame size/pixel
Total frames
768 × 576
50
768 × 576
114
640 × 480
111
320 × 240
210
640 × 480
150
320 × 240
89

Table 3: Success rate (%).

Target
Blue car
White car
Girl
Man
Girl
Car

Video sequence
Blue car
White car
Girl pose
Intelligent room
Girl occlusion
Car
Average SR

CT
80
14
69
44
70
38
52

Method
OBT
76
13
70
29
64
88
56

Ours
98
90
87
90
95
87
91

Table 2: Algorithm parameters.
Video sequence
Blue car
White car
Girl pose
Intelligent room
Girl occlusion
Car

𝜎
20
20
25
25
30
20

Algorithm parameters
𝛿
Δ MinSize
0.2
500
0.7
500
1.5
1000
0.8
1000
1.5
1000
0.3
500

is compared with two state-of-art algorithms, the online
boosting tracker (OBT) [12], and compressive tracking (CT)
[14] methods. The red, yellow, and green rectangle windows
are used to mark the target tracked by our method, OBT and
CT, respectively. The source codes, which are provided by the
authors, are used for the comparison purpose.
The parameters of the video sequences are displayed
in Table 1, and the initialization algorithm parameters are
shown in Table 2. The binary threshold 𝜎 is set from 20 to

30 and the offline template updating threshold 𝜃 is set as
0.3, whereas Δ MinSize and 𝛿 can be set depending on the
practical application as in Table 2. We run the experiments
on a PC with Intel Pentium 2.70 GHz CPU and 2 GB RAM.
The tracking rates frames per second (FPS) obtained by using
the proposed method can reach 16FPS, 21FPS, and 62FPS
corresponding to the video sizes 768 × 576, 640 × 480, and
320 × 240, respectively, which demonstrates that our method
is well positioned to meet the real-time requirement.
4.1. Qualitative Evaluation
Scale Variation. We utilize the PETS2000 sequences of cars to
test the performance of OBT, CT, and our method in handling
the scale variation. The scale of the car changes from small to
big in the blue car sequence and it changes from big to small
with rotation in the white car sequence. As we can see from
the tracking results shown in Figure 3, the three trackers are
all able to trace the car. However, we can see that CT and
our method perform well, while the OBT method fails when
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Figure 3: Tracking results of PETS2000 sequence of blue car. Frames 5, 14, 23, 32, 41, and 47 are displayed.

Figure 4: Tracking results of PETS2000 sequence of white car. Frames 5, 25, 45, 65, 85, and 105 are displayed.

Figure 5: Tracking results of girl pose sequence. Frames 5, 25, 45, 65, 85, and 105 are displayed.

Figure 6: Tracking results of intelligent room sequence. Frames 16, 32, 72, 123, 161, and 193 are displayed.

the scale of the white car becomes smaller as in Figure 4.
In addition, the tracking windows of OBT and CT cannot
adaptively change with the scale variation of the car.
Pose Change. We use the girl pose sequence captured by ourselves and intelligent room sequence to evaluate the trackers’
abilities in handling pose change problem. Some tracking
results are illustrated in Figures 5 and 6. From Figure 5, we
note that our tracker outperforms OBT and CT methods. No
matter how the girl moves, our tracker is satisfied while the
others are not. As for the intelligent room sequence, the man
has a pose change. Into the bargain, his scale changes a lot.
Both of the OBT and CT methods produce drift problems.
OBT tracker even lost the target, whereas our method
utilizes tMHI and an online template is updated in real time
to adapt the target’s pose change. Thus, we obtain better
results.
Occlusion. The girl occlusion sequence is used to test the
performance of our tracker when the target is under heavy

or even complete occlusion. Part of the tracking results is
presented in Figure 7. From 83th and 93th frames, we note
that the three trackers all succeed in tracking the target
when the partial occlusion occurs. However, the OBT and CT
methods fail to track the target when the occlusion is heavy
or even complete while our method performs well. The tMHI
and DTM make contribution to handle this thorny problem.
A detector is included in tMHI, and the motion trail of the
target can learn from it. We cannot learn the online template
to describe the target, whereas the offline template is valuable
when the complete occlusion happens. Therefore, a satisfied
result is produced by our method.
Illumination Change. For the tracking results of car sequence
shown in Figure 8, the illumination changes significantly. Our
method and OBT perform well in this situation, while the
CT tracker fails to track the target when the car moves from
bright region to dark region. Our online tracking template
is updated in real time to adjust to the target’s appearance
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Figure 7: Tracking results of girl occlusion. Frames 83, 93, 103, 113, 123, and 133 are displayed.

Figure 8: Tracking results of car sequence. Frames 6, 15, 24, 33, 42, and 51 are displayed.
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Figure 9: Results of CLE.

variation. In addition, the tMHI-HSV feature is insensitive
to illumination change. These advantages make our approach
robust to illumination change.
4.2. Quantitative Evaluation. In addition to the qualitative
evaluation, the success rate (SR) and center location error
(CLE) measured with manually labeled ground truth data are

used for the quantitative evaluation. The score of SR is defined
as
score =

area (ROIT ∩ ROIG )
,
area (ROIT ∪ ROIG )

(12)

where ROIT is the tracking bounding box and ROIG is the
ground truth tracking box. We consider the tracking result as

8
a success if the score is larger than 0.5 in one frame. The SRs
presented in Table 3 demonstrate that our method achieves
the best result or the second best result. The distance (pixel)
between the center location of the tracked target and the
ground truth is used to measure the CLE. The results of CLE
shown in Figure 9 illustrate that our method outperforms
the other two methods. For the blue car sequence, the OBT
performs slightly worse, although the three trackers have low
CLEs. The OBT fails to track the car after the 80th frame in the
white car sequence. CT and our method succeed in tracking
the white car, whereas our method produces very few CLEs.
The distances calculated from girl pose sequence are all lower
than 25, yet our method shows a better result on the whole
sequence. In terms of intelligent room sequence, OBT lost the
target after the 160th frame and the distances produced by
CT are larger than that generated through our method. As
to the girl occlusion sequence, both OBT and CT are unable
to track the girl when she is under heavy or even complete
occlusion. However, our method maintains the performance
in such scenario. From the results of car sequence shown in
Figure 9, we note that the CT cannot handle the illumination
change problem, while OBT and our method perform well.

5. Conclusions and Future Work
A real-time tracking method with object tMHI-HSV appearance model and double templates (offline and online) matching has been presented. The initial offline template and online
template are generated using the original shape and HSV
color histogram feature of the target. On the current frame’s
candidate patches, we utilize the tMHI to segment them.
Rather than the spatial pixel template, the HSV color feature
is used in our method, which reduces the computational
complexity and increases the robustness. These advantages
make the motion appearance expression simple and effective.
Double template matching is adopted to exactly determine
the target location. Meanwhile, the online template is updated
real-timely, and offline template is updated as needed. We
evaluate our method in six scenarios. The tracking rates
illustrate that the proposed algorithm meets the real-time
requirement, and the comparative experiments demonstrate
that our method outperforms the other two schemes in terms
of accuracy and robustness.
For future work, we will extend the proposed method and
apply it on a moving camera rather than a fixed one, as we
used in our experiment. Considering that features are very
important for moving object tracking, other features except
HSV color histogram can be used.
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Driven by rapid ongoing advances in humanoid robot, increasing attention has been shifted into the issue of emotion intelligence of
AI robots to facilitate the communication between man-machines and human beings, especially for the vocal emotion in interactive
system of future humanoid robots. This paper explored the brain mechanism of vocal emotion by studying previous researches and
developed an experiment to observe the brain response by fMRI, to analyze vocal emotion of human beings. Findings in this paper
provided a new approach to design and evaluate the vocal emotion of humanoid robots based on brain mechanism of human
beings.

1. Introduction

2. The Mechanism of Vocal Emotion

People have long been dreaming of building brain-like
intelligent machines. Ever since the first Artificial Intelligence
conference taking place in 1956, AI development has been
over half a century old. While the coming-ups of Kismet
[1] and Cog [2, 3] by MIT have served as hallmarks of AI
technology in the field of humanoid robot design, in China, a
project to design a robot with sophisticated interactive system
was granted by the government. Although previous papers
contribute significant efforts into humanoid robot design, the
majority of them focus on facial expression or recognition
[4].
With the increasingly strict demands of robots, it is
suggested that more attention should be shifted into the
issue of vocal emotion design of AI robots to facilitate the
communication between man-machines and human beings.
To upgrade the voice design of robots, it is necessary to
have a look at the mechanism for processing vocal emotions
of human beings and the acoustic features of vocal stimuli.
With this, it is expected that, apart from facial expression and
recognition, future designs for interactive robots are not only
emotionally rich in vocal expression but also able to perform
vocal emotion recognition.

2.1. Prosody Comprehension. The mechanism of prosody
comprehension is proposed to be mediated by a sequential
multistep process unfolded from basics stages of acoustic
voice analysis (bound to temporal brain areas) and proceeding to higher-level stages of categorization and recognition
(associated with frontal aspects of the brain). Following the
processing of auditory information within the ear, brainstem,
thalamus, and primary acoustic cortex (A1), three successive
steps of prosody decoding can be identified:
Step 1: extraction of acoustic features of prosodic cues;
Step 2: identification of vocally expressed emotion by
means of multimodal integration;
Step 3: explicit evaluation and cognitive elaboration of
vocally expressed emotions.
Each of these steps, in turn, is differentially represented
in the human brain: whereas the extraction of acoustic
features has been linked to voice-sensitive structures of the
middle part of superior temporal cortex (m-STC), more
posterior aspects of the right STC have been recognized
for their contribution to the identification and integration
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of emotional signals into a common percept [5]. Beyond
anatomical characterizations, research has expanded its focus
to include the functional role of temporal voice areas in a
variety of voice cognition skills (i.e., abilities to extract, evaluate, and categorize nonlinguistic information available in
voices) [6]. Particularly the ability to decode vocal emotional
information, or more precisely the contribution of temporal
voice areas to the process of inferring emotions from vocal
cues, constitutes a field of research that has attracted attention
over the past years.
The ability to correctly interpret emotional signals from
others is crucial for successful social interaction. A wealth
of neuroimaging studies have indicated that voice sensitive auditory areas [6–8] activate a broad spectrum of
vocally expressed emotions more than neural speech melody
(prosody). Previous fMRI studies relying on standard data
analyses have indicated that the middle part of the superior
temporal gyrus (STG) reacts more strongly to various vocal
emotions [9–12] than to neutral prosody. Recently, voicesensitive responses of the temporal lobe have become a subject of thorough scientific scrutiny, and findings suggesting
a unique role of the superior temporal cortex (STC) in
human voice perception have been replicated multiple times.
Research has established a contribution of brain structures
including the p-STC and m-STC and the DLPFC and OFC
as well as limbic regions such as the amygdale or aspects, of
the arMFC. Each of these brain structures, in turn, has been
suggested to be associated with distinct aspects of prosody
decoding from basic stages of acoustic analysis to higherorder evaluative processes as Table 1 [5].
In this table, T-values and MNI coordinates (in square
brackets) of highest activated voxels within each region are
presented: SMA, supplementary motor cortex; ACC, anterior
cingulate cortex; DLFC, dorsolateral frontal cortex; OBFC,
orbitobasal frontal cortex; IPL, inferior parietalis lobulus;
STG, superior temporal gyrus; MTG, middle temporal gyrus.
Respective Brodmann Areas (BA) are printed in brackets; by
SPM99, random-effect analysis, 𝑛 = 10, P b 0.05 corrected, T
N 4.30, k N 38.
According to the neuroanatomical model proposed by
Ross [13], prosodic information is processed within distinct
right-sided perisylvian regions that are organized in complete analogy to left-sided language areas. Furthermore, a
closer look at the current literature available on the topic,
however, underpins that the contribution of temporal voice
areas represents just one piece of the puzzle of how the
human brain recognizes and comprehends vocal emotional
information. In fact, the processing of vocal expressions of
emotions (e.g., speech prosody) appears to depend on a
network incorporating not only voice-sensitive areas, but also
posterior temporal, frontal, and subcortical brain structures.
Among previous research on vocal emotion, one has
delineated the cerebral network engaged in the perception of emotional tone, with functional magnetic resonance
imaging (fMRI) performed during recognition of prosodic
expressions of five different basic emotions (happy, sad,
angry, fearful, and disgusted). As compared to baseline at
rest, the results indicated widespread bilateral hemodynamic
responses within frontal, temporal, and parietal areas, the
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thalamus, and the cerebellum. A comparison of the respective
activation maps, however, revealed comprehension of affective prosody to be bound to a distinct right-hemisphere pattern of activation, encompassing posterior superior temporal
sulcus (Brodmann Area (BA) 22), dorsolateral (BA 44/45),
and orbitobasal (BA 47) frontal areas. These findings indicate
that part of distinct cerebral networks subserve processing
of intentional information during speech perception [14].
Taken together research results presented define prosody
comprehension as a complex function tied to several cortical
and subcortical brain structures.
Findings of research [14] suggested that the correct
responses of each valence varied. “Happy,” “Angry,” and “Sad,”
seemed to be recognized easily, while the valences “fearful”
and “disgusted” appeared to be more difficult for people
to recognize correctly. The reasons for these results still
require more empirical studies. Nevertheless, for a more
satisfactory recognition rate, while designing vocal emotion
interactive systems for future humanoid robots, the complicity of individual emotion shall be taken into consideration.
The percentage of correct answers during identification of
emotional was intonation (mean: 75.2 F 7.9%). Recognition
rates for specific emotions ranged between 51% (fear) and
92% (happiness) [14].
2.2. Vocal Emotion by fMRI Studies. In recent years, there
has been an explosion of research into the neural mechanism
of human beings’ emotions. The brain regions regarding
to vocal emotions can be identified with the functional
neuroimaging techniques such as fMRI (functional Magnetic
Resonance Imaging) that measure hemodynamic changes.
Previous fMRI studies relying on standard data analyses
have indicated that the middle part of the superior temporal
gyrus (STG) reacts more strongly to various vocal emotions
[9–12] than to neutral prosody. Recently, voice-sensitive
responses of the temporal lobe have become a subject of
thorough scientific scrutiny, and findings suggesting a unique
role of the superior temporal cortex (STC) in human voice
perception have been replicated multiple times. Research has
established a contribution of brain structures including the pSTC and m-STC and the DLPFC and OFC as well as limbic
regions such as the amygdale or aspects, of the arMFC. Each
of these brain structures, in turn, has been suggested to be
associated with distinct aspects of prosody decoding from
basic stages of acoustic analysis to higher-order evaluative
processes [5].
According to the neuroanatomical model proposed by
Ross [13], prosodic information is processed within distinct
right-sided perisylvian regions that are organized in complete analogy to left-sided language areas. Furthermore, a
closer look at the current literature available on the topic,
however, underpins that the contribution of temporal voice
areas represents just one piece of the puzzle of how the
human brain recognizes and comprehends vocal emotional
information. In fact, the processing of vocal expressions of
emotions (e.g., speech prosody) appears to depend on a
network incorporating not only voice-sensitive areas, but also
posterior temporal, frontal, and subcortical brain structures.
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Table 1: Hemodynamics activation during identification of emotions and vowels.
Emotions versus baseline Vowels versus baseline Emotions versus vowels Vowels versus emotions
SMA/ACC (BA 6, 24, 32)
9.28 [3, 9, 57]
11.97 [3, 9, 51]
—
—
Left
9.52 [−48, 9, 30]
15, 14 [−54, 6, 30]
—
7.18 [−54, 6, 33]
DLFC (BA 9, 44–46)
Right
16.89 [51, 33, 15]
12.42 [42, 0, 33]
—
—
Left
7.67 [−45, 30, −12]
—
—
—
OBFC (BA 47)
Right
7.33 [48, 36, −18]
—
8.63 [48, 33, −15]
—
Left
12.08 [−45, −9, 18]
10.11 [−57, 0, 21]
—
—
Rolandic area (BA 3/4/6)
Right
13.29 [45, 3, 24]
10.16 [57, 3, 18]
—
10.16 [−48, −39, 54]
Left
—
14.15 [−21, −63, 48]
—
10.57 [27, −66, 39]
IPL (BA 7, 40)
—
—
Right
9.89 [39, −51, 48]
15.99 [27, −54, 57]
Left
8.96 [−60, −45, 9]
8.10 [−60, −30, 9]
—
—
STG (BA 22, 41, 42)
Right
12.32 [48, −45, 6]
8.18 [51, −42, 6]
8.69 [48, −42, 3]
—
Left
11.18 [−36, −3, −15]
8.17 [−39, −9, −18]
—
—
MTG (BA 21)
Right
16.18 [45, 15, −30]
11.68 [54, 3, −15]
—
—
Left
11.44 [−6, −27, −3]
12.13 [−6, −24, −3]
—
—
Thalamus
Right
15.75 [6, −21, 0]
12.89 [9, −21, 6]
—
—
7.98 [−33, −54, −33]
—
—
Left
13.56 [−30, −60, −27]
Cerebellum
Right
10.86 [42, −63, −33]
9.18 [48, −66, −33]
—
—
Vermis
14.73 [−6, −72, −30]
10.42 [−3, −72, −24]
—
—

Among previous research on vocal emotion, one has
delineated the cerebral network engaged in the perception of
emotional tone, with fMRI performed during recognition of
prosodic expressions of five different basic emotions (happy,
sad, angry, fearful, and disgusted). As compared to baseline
at r-test, the results indicated widespread bilateral hemodynamic responses within frontal, temporal, and parietal
areas, the thalamus, and the cerebellum. A comparison of
the respective activation maps, however, revealed comprehension of affective prosody to be bound to a distinct righthemisphere pattern of activation, encompassing posterior
superior temporal sulcus (Brodmann Area (BA) 22), dorsolateral (BA 44/45), and orbitobasal (BA 47) frontal areas.
These findings indicate that part of distinct cerebral networks
subserve processing of intentional information during speech
perception [14].
2.3. Acoustic Features of Vocal Stimuli. During speech production, information about a speaker’s emotional state is
predominantly conveyed by the modulation of intonation
(affective prosody). At the perceptual level, emotional tone
is characterized by variations of pitch, syllable durations,
loudness, and voice quality across utterances (suprasegmental features) imposed upon segmental verbal information
encoded in phonetic/phonological units [15–19]. Among the
mounting acoustic features that have been studied, primarily
four parameters have emerged as prime candidates to subserve the vocal signaling of emotions [6, 20, 21].
(1) Voice intensity corresponding to the perceived loudness of a given vocal signal.
(2) Tempo and pausing corresponding to the rate of
vocalization (e.g., speech rate or laughter rate).
(3) Fundamental frequency of vocal fold vibration (F0)
defining the perceived pitch of a voice.

(4) Energy distribution in the frequency spectrum (i.e.,
relative amount of energy within predefined frequency bands affecting voice quality) [22].
Rigorous analysis of acoustic cues measured from samples of emotional speech helped to define distinctive acoustic
profiles for a set of central emotions such as anger, joy, fear,
or sadness. The corresponding findings are described in the
literature as the following [6, 17, 20, 21, 23, 24]: as anger
generally has been described to be indexed by increasing
voice pitch accompanied with increases in loudness; sadness,
for instance, has been characterized to show decreases in
voice pitch, speech rate, and loudness of a speakers voice.
Fear, on the other hand, can be revealed by increases in
voice pitch combined with increases in speech rate, while joy
has been related to increases in voice pitch, loudness, and
speech rate. Similar results have been obtained for various
nonverbal vocalizations, which have been associated with
distinct acoustic profiles which demonstrate the sophisticated
interplay of acoustic properties related to voice quality, pitch,
and intensity [25, 26].
In the design of vocal emotions of a humanoid robot,
there are two problems involved: (1) the expression of speech
emotion, this can be solved by choosing certain emotional
words and adopting proper speech synthesis technology;
there are a lot of research achievements in this field; (2) the
recognition of human beings’ emotions, this will help the
humanoid robot to make appropriate reactions in interactive
process; it needs to process the human beings’ speech signals
through emotional pattern recognition methods.
For a humanoid robot, the acoustic features of received
speech signals should be described by some extracted characteristic parameters. On this respect, Linear Prediction
Cepstrum Coefficient (LPCC) and Mel Frequency Cepstrum
Coefficient (MFCC) have been widely used as parametrically
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Figure 2: Experiment steps designed by E-prime2.0.

Figure 1: One task block duration of each stimulus event.

representing speech signal for speech recognition [27]. LPCC
computing method is a recursion from LPC Parameter
to LPC cepstrum according to All-pole model. However,
The LPCC parameter cannot adequately reflect the human
auditory characteristics. It inherits defects of LPC, that is, all
frequencies based on composite coefficients tend to be linear
and including noise details at high frequencies segment. In
fact, the human auditory system is a special nonlinear system
so as to respond to the different frequency signals. MFCC is
based on the known variation of the human ear’s bandwidths,
it spaced linearly below 1000 Hz frequencies and logarithmically above 1000 Hz frequencies, and the mechanism of
input speech signal matched with auditory characteristics.
Experiences show that the performance of MFCC parameter
is better than that of LPCC parameter [27].
In order to identify vocal emotions of human beings, it
is necessary for us to adopt appropriate pattern recognition
methods on the processing of speech signals. The state-ofthe-art in pattern recognition techniques includes Dynamic
Time Warping (DTW), Hidden Markov Modeling (HMM),
and artificial neural networks (ANN). Dynamic Time Warping (DTW) is an early and classical algorithm which based
on the thought of dynamic optimization and can resolve the
matching problem of the difference of speech’s length. In the
isolated word speech recognition, the disadvantage of HMM
and ANN is limitation of heavy computations and training
templates that are required for higher accuracy, but the DTW
algorithm training hardly needs the additional calculations.
So DTW approach is usually used in the recognition of speech
signals due to ease of implement and flexibility [27]. In this
regard, the brain’s emotional mechanism has provided the
important basis for the design of pattern recognition.

3. Experiment Observations
3.1. Experiment Model. To have a better look at mechanism
for processing vocal emotions of human beings, we designed
an experiment to demonstrate appropriate picture and text
stimuli in use of f-MRI method. As seen from Figure 1,
multiple task blocks will be designed in certain cycle; each
task consists of one or more pairs of rest and stimulus state.
In the rest state, subjects will not accept any stimuli, and in
the stimulus condition, subjects will receive the same and
approximate continuous stimulus events. In this experiment,
3 kinds of stimuli blocks including text stimuli block, picture
materials block, and graphic text stimuli block were selected
(three runs).

In order to generate appropriate verbal stimuli, 16 listening questions (2 runs) adopted from Part 1 of China
Accreditation Test for Translators and Interpreters 2 (Catti 2)
with emotionally neutral content were selected; all were news
read by professional broadcasters. Materials were tested in a
pilot study by 52 college students in Fudan University, China,
to achieve appropriate level of difficulty. The subjects were
required to pass a test split from the stimuli test, to confirm
their ability to understand the question. Duration of each
verbal recording ranged from 35 s to 40 s.
Tape recordings of all 16 utterances were presented to 6
healthy subjects (2 males, 4 females, aged 22–28, all righthanded) without history of neurological or psychiatric diseases participated in the fMRI experiment and comparison
of brain conditions were recorded as they process the stimuli.
They lay supine in a 3-T whole body scanner (Siemens
Vision), their eyes opened and their heads supported by a
foam rubber within the head coil. Each session in the design
included the part of rest for 30 seconds, the duration of each
block lasted 120 s.
Subjects were instructed to listen to the contents and to
answer the following True/False questions. The results of the
answering were not calculated for the reason that part of
compulsory answering was suggested by previous research
as a method to help subjects to focus while listening to the
stimuli. They lay supine in a 3-T whole body scanner (Siemens
Vision), their eyes closed and their heads supported by a foam
rubber within the head coil, button placed under their index
and middle fingers for them to choose the answers.
Each session in the design included the part of rest
for 24 seconds, stimuli for 35–40 seconds, blank for 2
seconds, question reading part for 10 seconds, and answering
2 seconds, two runs in total, lasting for 540 seconds, designed
by E-prime2.0 as Figure 2.
3.2. Experiment Findings. Findings of the present research
was in line with the comparison revealed in previous research,
indicating that the right auditory cortex is more sensitive to
tonality, while the left auditory cortex has been shown to
be more sensitive to minute sequential differences in sound,
such as in speech. Comparing findings of the present study
and those of [14], we can notice that while the materials of
the former are highly speech-like, the left BA 41 was activated
significantly. On the contrary, the stimuli of the latter was
tended to be more tonal like (affective prosody), resulting
great activation in right BA 41. It is thus assumed that,
although STG are generally recognized to be related to auditory function in human brain, lateralization of activation in
this area still depended on the categories of the input signals.
As in Figure 3 (SPM99, random-effect analysis, T N 4.30, k N
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Figure 3: Listening question identification.
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Figure 4: Plane graph of activity region inside brain.

38, P b 0.05, corrected), significant hemodynamic responses
during identification of sentence listening. The listening task
yielded specific activation within the left superior temporal
gyrus (STG, BA 41, 𝑍 = 5.5).
We notice that when some displeasure voice was heard,
the task yielded specific activation within the brain Inferior
Frontal Gyrus area (shown in Figure 4, center coordinates:
42, 24, and −9), indicating that the subjects were in the
high attention and caused a certain amount of dissatisfaction affection. Based on the experimental results, we can
get typical human brain activation pattern and activation
level under different situational context of vocal information
stimulations, from which to obtain statistical features and the
related empirical data of people’s emotion.

For future design of voice system for humanoid robot, it is
suggested that, depending on functions of individual robots,
the voice shall be adjusted, according not only to acoustic
features of voice (voice intensity, loudness, tempo, pausing, corresponding to the rate of vocalization, fundamental
frequency of vocal fold vibration (F0), pitch, frequency
spectrum, etc.), but also to their tendency toward tonality or
speech. For example, home robots shall put more emphasis
on their prosody decoding system, since the context fit the
application tend to be soft and informal, while vocal system
design for robots in public areas (school, museums, tourist
attractions, etc.) shall be with emphasis on speech content
rather than vocal emotion. The former tends to be more
right-hemisphere oriented and the latter tends to be more
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left-hemisphere oriented. With this regard, the comparison
between the findings of the present research and those of [14]
may serve as a valuable reference.
We have already applied these findings to the infants’
speech recognition [27]. Infants are not able to use the
languages that adults can understand to express their physiological and psychological states, so their expressions, gestures,
actions, and speeches have been not only the methods to
communicate with the outside world, but also the important
information sources of reflecting their emotions and needs,
which imply health status and mental development level.
As for the basic emotions and needs caused by human
physiological factors, whether infants or adults, their brain’s
response characteristics are consistent by fMRI observations.
This will help us better understand the infants’ emotion and
needs and therefore develop the effective method of pattern
recognition through their speech signals.
We selected 3 kinds of speech signals that reflect normal
emotions and needs of infants such as happy, hungry, and
sleepy which are very typical as well as easy for evaluation and
acquisition in infants’ daily life. The daily activity information
of infants (such as the time for drinking, excreting, etc.) and
the environment information (such as the temperature, voice,
etc.) were also recorded to assist the recognition; test results
showed that the average recognition rate may be achieved
more than 80%. This technology can be applied to the design
of baby care humanoid robot with emotional intelligence.

4. Conclusions
While contemporary technology of humanoid robot design
have contributed greatly to the topic of emotion recognition
as well as AI, only marginal attention has been paid to the
vocal domain. Exploring the previous fMRI research on vocal
emotion recognition has deepened our understanding about
how the mechanism of vocal emotion processing works in
the human brain, such as the contribution of right-sided
temporal and frontal regions to the processing of emotional
prosody independent of specific emotional categories. It will
provide the inspiration to the design of humanoid robot with
emotional intelligence, which has wide potential application
such as emotion analysis in emergency events [28] and all
kinds of smart services [29].

Conflict of Interests
The authors declare that there is no conflict of interests regarding the publication of this paper.

Acknowledgments
This research was supported by the Natural Science Foundation of China (no. 91324010), the 2nd Regular Meeting
Project of Science and Technology Cooperation between
China and Serbia (no. 2-9), China Scholarship Council (no.
201308310364), and the High Level Academic Research Program (no. 2012FDFRCGD02) of Financial Research Center,
Fudan University. Many thanks to Hongzhi Hu for her

The Scientific World Journal
assistant work to the corresponding author Professor Weihui
Dai of this paper.

References
[1] K. Berns and J. Hirth, “Control of facial expressions of the
humanoid robot head ROMAN,” in Proceedings of the 2006
IEEE/RSJ International Conference on Intelligent Robots and
Systems, pp. 3119–3124, October 2006.
[2] R. Brooks, C. Breazeal, M. Marjanovic, B. Scassellati, and M.
Williamson, The Cog Project: Building a Humanoid Robot, vol.
1562 of Lecture Notes in Artificial Intelligence, Springer, 1998.
[3] C. Breazeal, A. Brooks, J. Gray et al., “Interactive robot theater,”
Communications of the ACM, vol. 46, no. 7, pp. 76–85, 2003.
[4] Y. Liu and Z. Wang, “Humanoid head robot based on emotional
interaction,” Jiqiren/Robot, vol. 31, no. 6, pp. 493–500, 2009.
[5] C. Brück, B. Kreifelts, and D. Wildgruber, “Emotional voices
in context: a neurobiological model of multimodal affective
information processing,” Physics of Life Reviews, vol. 8, no. 4,
pp. 383–403, 2011.
[6] P. Belin, R. J. Zatorre, P. Lafallie, P. Ahad, and B. Pike, “Voiceselective areas in human auditory cortex,” Nature, vol. 403, no.
6767, pp. 309–312, 2000.
[7] C. I. Petkov, C. Kayser, T. Steudel, K. Whittingstall, M. Augath,
and N. K. Logothetis, “A voice region in the monkey brain,”
Nature Neuroscience, vol. 11, no. 3, pp. 367–374, 2008.
[8] T. Zaehle, E. Geiser, K. Alter, L. Jancke, and M. Meyer,
“Segmental processing in the human auditory dorsal stream,”
Brain Research, no. 1220, pp. 367–374, 2008.
[9] S. A. Kotz, M. Meyer, K. Alter, M. Besson, D. Y. Von Cramon,
and A. D. Friederici, “On the lateralization of emotional
prosody: an event-related functional MR investigation,” Brain
and Language, vol. 86, no. 3, pp. 366–376, 2003.
[10] D. Grandjean, D. Sander, G. Pourtois et al., “The voices of wrath:
brain responses to angry prosody in meaningless speech,”
Nature Neuroscience, vol. 8, no. 2, pp. 145–146, 2005.
[11] T. Ethofer, S. Anders, S. Wiethoff et al., “Effects of prosodic
emotional intensity on activation of associative auditory cortex,”
NeuroReport, vol. 17, no. 3, pp. 249–253, 2006.
[12] T. Ethofer, S. Wiethoff, S. Anders, B. Kreifelts, W. Grodd, and
D. Wildgruber, “The voices of seduction: cross-gender effects
in processing of erotic prosody,” Social Cognitive and Affective
Neuroscience, vol. 2, no. 4, pp. 334–337, 2007.
[13] E. D. Ross, “The aprosodias. Functional-anatomic organization
of the affective components of language in the right hemisphere,” Archives of Neurology, vol. 38, no. 9, pp. 561–569, 1981.
[14] D. Wildgruber, A. Riecker, I. Hertrich et al., “Identification of
emotional intonation evaluated by fMRI,” NeuroImage, vol. 24,
no. 4, pp. 1233–1241, 2005.
[15] J. Bachorowski, “Vocal expression and perception of emotion,”
Current Directions in Psychological Science, vol. 8, no. 2, pp. 53–
57, 1999.
[16] J. Bachorowski and M. J. Owren, “Sounds of emotion: production and perception of affect-related vocal acoustics,” Annals of
the New York Academy of Sciences, vol. 1000, pp. 244–265, 2003.
[17] R. Banse and K. R. Scherer, “Acoustic profiles in vocal emotion
expression,” Journal of Personality and Social Psychology, vol. 70,
no. 3, pp. 614–636, 1996.
[18] A. Cutler, D. Dahan, and W. van Donselaar, “Prosody in
the comprehension of spoken language: a literature review,”
Language and Speech, vol. 40, no. 2, pp. 141–201, 1997.

The Scientific World Journal
[19] J. J. Sidtis and D. van Lancker Sidtis, “A neurobehavioral
approach to dysprosody,” Seminars in Speech and Language, vol.
24, no. 2, pp. 93–105, 2003.
[20] P. Belin and M. Grosbras, “Before speech: cerebral voice
processing in infants,” Neuron, vol. 65, no. 6, pp. 733–735, 2010.
[21] K. R. Scherer, T. Johnstone, and G. Klasmeyer, “Vocal expression
of emotion,” in Handbook of Affective Science, R. J. Davidson, K.
R. Scherer, and H. Goldsmith, Eds., Oxford University Press,
New York, NY, USA, 2003.
[22] J. Pittam and K. R. Scherer, “Vocal expression and communication of emotion,” in Handbook of Emotions, M. Lewis and J. M.
Haviland, Eds., The Guilford Press, London, UK, 1993.
[23] P. N. Juslin and P. Laukka, “Emotional expression in speech and
music: evidence of cross-modal similarities,” Annals of the New
York Academy of Sciences, vol. 1000, pp. 279–282, 2003.
[24] K. R. Scherer, R. Banse, H. G. Wallbott, and T. Goldbeck,
“Vocal cues in emotion encoding and decoding,” Motivation
and Emotion, vol. 15, no. 2, pp. 123–148, 1991.
[25] D. P. Szameitat, C. J. Darwin, D. Wildgruber, K. Alter, and
A. J. Szameitat, “Acoustic correlates of emotional dimensions
in laughter: arousal, dominance, and valence,” Cognition and
Emotion, vol. 25, no. 4, pp. 599–611, 2011.
[26] D. A. Sauter, F. Eisner, A. J. Calder, and S. K. Scott, “Perceptual
cues in nonverbal vocal expressions of emotion,” Quarterly
Journal of Experimental Psychology, vol. 63, no. 11, pp. 2251–
2272, 2010.
[27] W. H. Dai, L. N. Wei, H. Z. Hu, G. H. Dai, and X. H. Hu,
“Emotion recognition of infants from speech signals,” in Proceedings of the 10th International Conference on IT Applications
and Management, pp. 168–177, July 2013.
[28] W. Dai, X. Wan, and X. Liu, “Emergency event: internet spread,
psychological impacts and emergency management,” Journal of
Computers, vol. 6, no. 8, pp. 1748–1755, 2011.
[29] W. H. Dai, “Context awareness and emotional intelligence: the
gateway to smart city,” Urban Management, vol. 2012, no. 4, pp.
29–32, 2012.

7

Hindawi Publishing Corporation
e Scientiﬁc World Journal
Volume 2014, Article ID 167497, 6 pages
http://dx.doi.org/10.1155/2014/167497

Research Article
A Cooperative Model for IS Security Risk Management in
Distributed Environment
Nan Feng and Chundong Zheng
College of Management and Economics, Tianjin University, 92 Weijin Road, Nankai District, Tianjin 300072, China
Correspondence should be addressed to Nan Feng; fengnan@tju.edu.cn
Received 24 August 2013; Accepted 21 November 2013; Published 19 January 2014
Academic Editors: J. Shu and F. Yu
Copyright © 2014 N. Feng and C. Zheng. This is an open access article distributed under the Creative Commons Attribution
License, which permits unrestricted use, distribution, and reproduction in any medium, provided the original work is properly
cited.
Given the increasing cooperation between organizations, the flexible exchange of security information across the allied
organizations is critical to effectively manage information systems (IS) security in a distributed environment. In this paper, we
develop a cooperative model for IS security risk management in a distributed environment. In the proposed model, the exchange
of security information among the interconnected IS under distributed environment is supported by Bayesian networks (BNs). In
addition, for an organization’s IS, a BN is utilized to represent its security environment and dynamically predict its security risk
level, by which the security manager can select an optimal action to safeguard the firm’s information resources. The actual case
studied illustrates the cooperative model presented in this paper and how it can be exploited to manage the distributed IS security
risk effectively.

1. Introduction
With the increasing of collaboration between organizations,
the management of information systems (IS) security risk is
distributed across the allied organizations and the cooperative activities between organizations are imperative [1–4].
Therefore, for more effectively assessing the security risk level
of the IS in a distributed environment, it is critical to develop
a system for the exchange of security information among the
interconnected IS. However, how to achieve the flexible
exchange of security information under distributed environment is a significant challenge in the process of modelling [5].
Unfortunately, few previous studies on IS security take the
above issue into account.
In this paper, a cooperative model for IS security risk
management is proposed to estimate the risk level of each
associated organization’s IS and support the decision making
of security risk treatment in a distributed environment. In the
model, the exchange of security information among the interconnected IS is achieved through Bayesian networks (BNs).
Moreover, a BN is also exploited to model the security environment of an organization’s IS and predict its security risk
level. However, it is difficult and critical task for a security

manager to establish an appropriate BN, which is suitable for
the environment of organization’s information systems [6–8].
To address this issue, in this paper, we develop an algorithm to
support the BN initiation. Finally, based on the security risk
level for an organization’s IS, the security manager selects an
optimal action to protect its information resources.
The remaining sections of this paper are organized as follows. We first review the relevant literature in Section 2. Then
we discuss the development of the cooperative model in detail
in Sections 3 and 4. The proposed model is further demonstrated and validated in Section 5 via a case study. Finally, we
summarize our contributions and point out further research
directions.

2. Literature Review
There has been increased academic interest in the IS security
risk management. From the technical literature, the security
protocols [9], fire wall and intrusion detection techniques [10,
11], and authentication technologies [12, 13] have been examined. From an economics perspective, some researchers have
investigated the investment on information systems security
[14, 15], economics of vulnerability disclosure [16, 17], and

2

The Scientific World Journal
Table 1: Information exchange in the interactive process.

Exchange
information
Search request

Search reply
Registration
message
Communication
between estimation
components

Description
It consists of the requester’s id, IP address, and the required input variables. The
estimation component has a set of sharing variables. To find components capable of
providing required input data, the estimation component sends a search request to the
registration component.
It consists of the requested variable name, the IP address, and status of the component
publishing the variable. Based on receiving a search request, the registration component
searches its database to determine which components can provide the requested variables.
It consists of component id, IP address, list of published variables, and their possible
states. Each estimation component registers with the registration component, which
issues an acknowledgment message for entering the new component in its database.
It consists of the request id, the sender’s id, and the probability distribution of the
requested variable. Upon receiving the list of components capable of providing the
required input from the registration component, the request component sends requests
directly to these components. Then, the sender sends the probability distribution of the
requested variable.

the characteristics of internet security breaches that impact
the market value of breached firms [18].
In recent years, a new managerial perspective on IS security has emerged from the literature. This perspective focuses
on the managerial processes that control the effective deployment of technical approaches and security resources to create
a secure IS environment in an organization. From this perspective, Feng and Li [19] proposed an IS security risk evaluation model based on the improved evidence theory. For the
handling of uncertain evidence found in IS security risk analysis, their model provided a novel approach to define the
basic belief assignment of evidence theory. In addition, the
model also presented a method of testing the evidential consistency, which is capable of resolving the conflicts from
uncertain evidence. Then, in order to identify the causal relationships among security risk factors and analyze the complexity of vulnerability propagation, they also developed a
security risk analysis model (SRAM) [20], in which the vulnerability propagation analysis is performed to determine the
propagation paths with the highest IS security risk level. Yan
[21] presented a conceptual model for IS security analysis,
which can facilitate to identify potential security risks. Chen
et al. [22] focus on controlling the risks in the form of the fault
of information networks. They developed an approach to
estimate the risk level on the vulnerability of information
networks.
Bayesian networks (BNs), also known as probabilistic
belief networks, is a knowledge representation tool capable of
representing dependence and independence relationships
among random variables [23]. A BN, 𝑁 = (𝑋, 𝐺, 𝑃), consists
of a directed acyclic graph 𝐺 and a set of conditional probability distributions (beliefs) 𝑃 for variables 𝑋. BN inference
means computing the conditional probability for some variables given the evidence, which is defined as a collection of
findings. This operation is also called probability updating or
belief updating.
In this paper, the developed BN is not only used to facilitate the dynamical prediction of the security risk level of

an organization’s IS, but also exploited to model the IS security environment.

3. Model Architecture
In a distributed environment, the proposed model consists of
many interconnected network information systems. We call
these network information systems as “associated members.”
Each associated member is installed with three kinds of components: monitor component, estimation component, and
treatment component. Besides, the above three kinds of components, the registration component contains the information about each estimation component. It is required that all
estimation components in the distributed environment must
register with the registration component. The cooperative
model architecture is demonstrated in Figure 1.
The interactions among the estimation component and
the registration component are shown in Figure 2. In the
interactive process, as shown in Table 1, there are four kinds of
sharing information: search request, search reply, registration
message, and communication between estimation components.

4. Bayesian Network Development
In this section, we present an algorithm based on ant colony
optimization (shown in Algorithm 1) to develop the Bayesian
network (BN), which is able to model the security environment of an associated member under distributed environment.
The equations appearing in the algorithm are as follows.
(1) Heuristic information:
𝜂𝑖𝑗 = 𝑓 (𝑥𝑖 , 𝑃𝑎 (𝑥𝑖 ) ∪ {𝑥𝑗 }) − 𝑓 (𝑥𝑖 , 𝑃𝑎 (𝑥𝑖 )) .

(1)

(2) Updating rule:
𝜏𝑖𝑗 ← (1 − 𝜌) 𝜏𝑖𝑗 + 𝜌Δ𝜏𝑖𝑗

(2)
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in which 𝐼 and 𝐽 are two nodes chosen randomly based on the
following equation:

in which
1
{ 

∗
Δ𝜏𝑖𝑗 = { 𝑓 (𝐺 : 𝐷)
{𝜏𝑖𝑗

if 𝑥𝑗 → 𝑥𝑖 ∈ 𝐺∗
∗

if 𝑥𝑗 → 𝑥𝑖 ∉ 𝐺 ,

(3)

in the arc 𝑥𝑗 → 𝑥𝑖 , 𝜏𝑖𝑗 is the pheromone’s degree, and 𝜌 (0 <
𝜌 ≤ 1) is a variable which can control the pheromone value.
Moreover, 𝐺∗ is the BN structure suitable for the organization’s IS best.
(3) Probabilistic transition:
𝛼

𝛽

{arg max {[𝜏𝑖𝑗 ] [𝜂𝑖𝑗 ] } if 𝑞 ≤ 𝑞0
𝑟, 𝑙 = { 𝑖,𝑗∈𝐹𝐺
if 𝑞 > 𝑞0
{𝐼, 𝐽

(4)

𝛼

𝛽

[𝜏𝑖𝑗 ] [𝜂𝑖𝑗 ]
{
{
{
𝛼
𝛽
𝑝𝑘 (𝑖, 𝑗) = { ∑
[𝜏 ] [𝜂𝑢V ]
{
{ 𝑢,V∈𝐹𝐺 𝑢V
{0

if 𝑖, 𝑗 ∈ 𝐹𝐺

(5)

otherwise.

5. Case Study
In this section, the proposed model is applied to a distributed
environment, which is composed of four associated members
with interconnected IS: two suppliers (S1 and S2), a manufacturer (M1), and a downstream transporter (DT1).
Based on the algorithm presented in Section 4, we
develop the BN for each associated member. Taking M1 and
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(1)
(2)
(3)
(4)
(5)
(6)
(7)
(8)
(9)
(10)
(11)
(12)
(13)
(14)
(15)
(16)
(17)
(18)
(19)
(20)
(21)
(22)
(23)

Input: Set of all/candidate edges
Output: Bayesian network
repeat
for 𝑘 = 1 to m do
for 𝑖 = 1 to n do 𝑃𝑎 (𝑥𝑖 ) = 𝜙;
for 𝑖 = 1 and 𝑗 = 1 to 𝑛 do
if (𝑖 ≠
𝑗) then 𝜂𝑖𝑗 = 𝑓 (𝑥𝑖 , 𝑥𝑗 ) − 𝑓 (𝑥𝑖 , 𝜙);
end
repeat
Select two indexes 𝑖 and 𝑗 by using (4) and (5) and assign edge 𝑒𝑖𝑗 to 𝐺𝑘 ;
if (𝜂𝑖𝑗 > 0) then 𝑃𝑎 (𝑥𝑖 ) = 𝑃𝑎 (𝑥𝑖 ) ∪ {𝑥𝑗 };
𝜂𝑖𝑗 = −∞;
for all 𝑥𝑎 ∈ 𝐴𝑛𝑐𝑒𝑠𝑡𝑜𝑟𝑠 (𝑥𝑗 ) ∪ {𝑥𝑗 } and 𝑥𝑏 ∈ 𝐷𝑒𝑠𝑐𝑒𝑛𝑑𝑎𝑛𝑡𝑠 (𝑥𝑖 ) ∪ {𝑥𝑖 } do 𝜂𝑎𝑏 = −∞;
for 𝑘 = 1 to 𝑛 do
if (𝜂𝑖𝑘 > −∞) then 𝜂𝑖𝑗 = 𝑓 (𝑥𝑖 , 𝑃𝑎 (𝑥𝑖 ) ∪ {𝑥𝑘 }) − 𝑓 (𝑥𝑖 , 𝑃𝑎 (𝑥𝑖 ));
end
𝜏𝑖𝑗 = (1 − 𝜌) ⋅ 𝜏𝑖𝑗 + 𝜌 ⋅ 𝜏0 ;
until ∀𝑖, 𝑗 (𝜂𝑖𝑗 ≤ 0 or 𝜂𝑖𝑗 = −∞);
end
𝐺𝑏 = arg max𝑘 : 1...𝑚 𝑓 (𝐺𝑘 : 𝐷);
if 𝑓 (𝐺𝑏 : 𝐷) ≥ 𝑓 (𝐺∗ : 𝐷) then 𝐺∗ = 𝐺𝑏 ;
Update pheromone according to (2) using f (G∗ : D);
𝑁iter ++;
until 𝑁iter = 𝑁max ;
return Bayesian network with structure 𝐺∗
Algorithm 1: Bayesian network development algorithm.

Table 2: BN information of M1.
Node ID
M1 1
M1 2

Node name
Network access control
Network security audit

State space
{Effective; average; ineffective}
{Comprehensive; incomprehensive}

Parent nodes
Φ
Φ

Children nodes
{M1 7}
{M1 7}

M1 3
M1 4
M1 5

Change management
Supplier threat level
Transporter threat level

{Effective; average; ineffective}
{0; 1; 2; 3; 4; 5}
{0; 1; 2; 3; 4; 5}

Φ
Φ
Φ

{M1 9}
{M1 8}
{M1 8}

M1 6
M1 7

Operational procedures and responsibilities
Network security

{Very standard; standard; non-standard}
{High; medium; low}

Φ
{M1 1, M1 2}

{M1 9}
{M1 10}

M1 8
M1 9
M1 10

External systems security
Operation security
M1 threat level

{High; medium; low}
{High; medium; low}
{0; 1; 2; 3; 4; 5}

{M1 4, M1 5}
{M1 3, M1 6}
{M1 7, M1 8, M1 9}

{M1 10}
{M1 10}
Φ

Table 3: BN information of S1.
Node ID
S1 1
S1 2

Node name
Communication secrecy
Audit logging

State space
{High; medium; low}
{Secure; average; insecure}

Parent nodes
Φ
Φ

Children nodes
{S1 6}
{S1 6}

S1 3
S1 4
S1 5

Network access control
Network security audit
Network security

{Effective; average; ineffective}
{Comprehensive; incomprehensive}
{High; medium; low}

Φ
Φ
{S1 3, S1 4}

{S1 5}
{S1 5}
{S1 7}

S1 6
S1 7

Communication security
S1 threat level

{High; medium; low}
{0; 1; 2; 3; 4; 5}

{S1 1, S1 2}
{S1 5, S1 6}

{S1 7}
Φ

The Scientific World Journal

5

M1 5

M1 4

M1 2

M1 3

M1 7
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M1 1

M1 8

M1 9
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sharing

S1 3

S1 4

M1_10

S1 1

S1 5
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Figure 3: BN structures of M1 and S1.

Figure 4: Security manager interface.

S1, for example, their information of BN nodes is given in
Tables 2 and 3, and their BN structures are shown in Figure 3.
The manager interface of our proposed model is shown in
Figure 4, in which the security manager can specify the BN
for each associated organization.
Once the new evidence is obtained through the monitor
components, the estimation component is able to make the
BN modify its own belief (probability distribution on variable
of risk level) in real time and exchange the update of beliefs of
the security state with other associated members.

on Bayesian networks is presented and illustrated in this
paper. We contribute to the IS security literature by supporting the exchange of security information among interconnected IS. Furthermore, for the modelling of IS security environment, an algorithm based on ant colony optimization facilitates to predict IS threat level more objectively. The model
proposed in this paper has great potential for future extensions and refinements to provide more utility for the management of IS security.

6. Conclusions
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This paper is to make further research on facilitating the large-scale scientific computing on the grid and the desktop grid platform.
The related issues include the programming method, the overhead of the high-level program interface based middleware, and the
data anticipate migration. The block based Gauss Jordan algorithm as a real example of large-scale scientific computing is used to
evaluate those issues presented above. The results show that the high-level based program interface makes the complex scientific
applications on large-scale scientific platform easier, though a little overhead is unavoidable. Also, the data anticipation migration
mechanism can improve the efficiency of the platform which needs to process big data based scientific applications.

1. Introduction
The Grid is a generalized network computing system that
is supposed to scale to Internet levels and handle data and
computation seamlessly. The challenges of designing a grid
architecture can be summarized as follows: (1) supporting
adaptability, extensibility, and scalability, (2) allowing systems
with different administrative policies to interoperate while
preserving site autonomy, (3) coallocating resources, (4)
supporting quality of service, and (5) meeting computational
cost constraints. Many grid projects have been proposed to
solve those issues presented above and we will introduce
some famous grid projects. The Globus [1–3] project is a
multi-institutional research effort that seeks to enable the
construction of computational grids providing pervasive,
dependable, and consistent access to high performance computational resources, despite geographical distribution of
both resources and users. The AppLeS project [4–6] focuses
on the design and development of the Grid-enabled high
performance schedulers for distributed applications. Legion

[7–9] provides the software infrastructure so that a system of
heterogeneous, geographically distributed, high performance
machines can interact seamlessly. Netsolve [10–12] is a clientagent-server paradigm based network-enabled application
server. It is designed to solve computational science problems
in a distributed environment. DIET [13] project is to develop
a set of tools to build, deploy, and execute computational
server daemons. It focuses on the development of the scalable
middleware with initial efforts concentrated on distributing the scheduling problem across multiple agents. Ninf
allows access to multiple remote computer and database
servers. Ninf [14] clients can semitransparently access remote
computational resources from languages such as C and
FORTRAN. Ninf-G [15] is a reference implementation of the
GridRPC [16] API, a proposed GGF standard. Ninf-G aims
to support development and execution of Grid applications
which will run efficiently on a large-scale computational Grid.
SmartGridRPC [17, 18] is an extension of the GridRPC model,
which aims to achieve higher performance. SmartGridRPC
model has extended the GridRPC model to support collective
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mapping of a group of tasks by separating the mapping of
tasks from their execution. DataCutter [19] is a middleware
infrastructure that enables processing of scientific datasets
stored in archival storage systems across a wide-area network. DataCutter provides support for subsetting of datasets
through multidimensional range queries, and application
specific aggregation on scientific datasets stored in an archival
storage system. Directed Acyclic Graph Manager (DAGMan)
[20, 21] is a metascheduler for the execution of programs.
DAGMan submits the programs to Condor in an order
represented by a DAG and processes the results. OmniRPC
[22] is designed to allow easy development and implementation of parallel scientific applications for distributed and
Grid environments. The OmniRPC programming model is
very similar to the GridRPC one. It is composed of a client
application and various remote computational hosts, which
execute the remote procedures. Remote locations can be
connected via a local area network or over a wide-area
network. The client application can be written in a different
language, such as FORTRAN, C, and C++, and the parallel
execution in the client can be obtained by using direct thread
libraries, such as the POSIX thread, or the OpenMP API. The
interface to a remote function is described by the Ninf IDL.
In OmniRPC, the remote executions are managed by the use
of the remote shell (rsh) for a local distributed environment
and by the use of Globus and ssh for a grid environment.
Desktop grid systems can utilize the idle cycles of PC’s
in Internet environments and/or enterprise environments.
The design of the architectural and the organization are the
features. We next give an overview of the anatomy of those
kinds of systems, summarizing the identifying commonalities
and some important differences at the client, application and
resource management, and worker levels. On the client level,
a user submits an application to the desktop grid, using tools
for controlling the application’s execution and monitoring its
status. On the Application and Resource Management Level,
the application is then scheduled on workers and appropriate
data will be sent to workers. On the Worker Level, the worker
ensures the application’s task executes transparently with
respect to other user processes on the hosts.
A series of challenges have to be considered when
making large-scale computing on the desktop grid system.
(1) Volatility (nondedication): since the computing resources
of Desktop Grid are mainly from personal computers, it
should respect the autonomy of resource providers. That is,
volunteers can leave arbitrarily even during the process of
the public execution, and they are allowed to execute private
execution at any time, thus causing interruption of the public
execution. (2) Dynamic environment: resource’s owners can
configure its preference and can control its facilities in the
desktop grid. They can freely join and leave during executions
without administrative penalties. Thus, the state of the system
(i.e., load, availability, volatility, latency, bandwidth, trust,
etc.) is changing over time during the public execution. A
scheduler should adapt to such a dynamic environment.
(3) Lack of trust: in Desktop Grid, anonymous nodes can
participate as a resource provider. Some malicious volunteers
tamper with the computation and then return the corrupted
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results. The desktop grid system should guarantee the correctness of the results. (4) Failure: in desktop grid, volunteers are
connected through Internet/low speed network. Therefore,
they may experiences more crash and link failures. A robust
desktop grid system can tolerate the failures and volatility,
once the execution is delayed, blocked, and even lost resulting
from that, the volunteers are no longer dedicate to the public
service.
XtremWeb [23, 24], an open source middleware to form a
global computing platform with a multiuser and multiparallel
programming context that intends to distribute applications
over dynamic resources. The desktop grid is deployed in a
three-tier structure based on the availability of the computing
resource, the security policies, and fault-tolerance mechanisms. This architecture gathers the main services in a tree
form: Clients, Coordinators, and Workers.
YML-PC [25] is a workflow based private cloud environment for scientific computing. It harnesses dedicated
computing resources and volunteer computing resources. To
overcome the shortage from the volatility of the desktop grid
environment, a trust model [26] is introduced in the study.
Experiments from paper [25] testify that data dependent
based DAG tasks can be dealt with in desktop grid environment.
This paper aims to make further research on issues with
the large-scale computing platform. As it is well known to
us all, programing for the large-scale scientific platform is
not an easy task, especially for those programs where data
dependence between operations exist. Each grid middleware
has its programming environment, and those environments
are diverse. It is hard for non-IT-professional scientists to
master all. To overcome this kind of shortage, a higher level
program interface based middlewares has been proposed.
Such as YML, DAGMan, YML-PC. While, it is unavoidable
to add overhead using those high-level based program
interface based middlewares. The first goal of this paper is
to evaluate complexity between different program interfaces
and overhead generated by additional process. The second
goal is to evaluate the influence from different data transfer
mechanisms. Generally speaking, data dependence based
operations are hard to deal with in grid and desktop grid
environments for the uncertainties of task finishing time and
data transfer time. In worst case scenarios, the operation
perhaps can never be finished. But an appropriate data
transfer model can help to solve the problems presented
above. So, the data transfer model and schedule mechanism
are very important issues for large-scale platform. In this
paper, we will focus on the data transfer model on condition
that the schedule mechanism is perfectly matched with the
platform.
The remainder of the paper is organized as follows. The
introduction of block based Gauss Jordan (BbGJ) algorithm
will be made and the analysis of data dependence in BbGJ will
be discussed in Section 2. Section 3 will show how the highlevel based program interface makes the large-scale scientific
platform use easy, and the way to realize data anticipation
migration on the platform is given in Section 5. Section 6 is
the conclusion and future works.
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Figure 1: Analysis of parallelism on BbGJ algorithm.

2. Block Based Gauss Jordan Algorithm
The sequential BbGJ algorithm [27–29] is a classical linear
algebra method to get the inversion of a large-scale matrix.
The algorithm can be described as follows. Let 𝐴 and 𝐵 be
two dense matrices of dimension 𝑁, and let 𝐵 be the inverse
of 𝐴, that is, 𝐴𝐵 = 𝐵𝐴 = 𝐼. Let 𝐴 and 𝐵 be partitioned into a
matrix of 𝑞 × 𝑞 blocks of dimension 𝑛 which 𝑛 = 𝑁/𝑞.
The parallelization consists of exploiting two kinds of
parallelism: the intersteps based parallelism and the intrastep
based parallelism. The intrastep parallelism aims at exploiting
the parallelism involved in each of the five loops. It falls into
two categories: the interloops parallelism and the intraloop
parallelism. See details in Figure 1.
We summarize all the data dependence existing in BbGJ
algorithm using Figure 2.
Data transfer model in BbGJ algorithm can be described
as follows. See details in Figure 3.

3. High-Level Based Program Interface for
Large-Scale Scientific Platform
There are lots of high-level program interface based middlewares, and for the study we choose YML as the representative.
YML [30–32] is a framework which provides high-level program interface. The aim of YML is to define an abstraction for
middlewares, hiding differences among them, and using this
abstraction to remain portable over multiple middlewares.
Thus, YML can provide less time to solution in scientific
computing areas for end users. The user can easily develop a
complex parallel application which may execute on multiple
middlewares transparently. The framework is divided into
three parts: “end-users interface,” “frontend,” and “backend.”
Programming with the OmniRPC and the XtremWeb
requires users to know about their APIs and the computing
environments they would like to use. That is to say, the
users have to deal with something before gridificating their
application. Firstly, users must know how to adapt their
application to Grid/Desktop Grid environment through APIs
OmniRPC/XtremWeb provided. Secondly, users also must
know more information about platforms. They need to
know the status of computing resources and how to allocate
tasks to related computing resources. The process of using

XtremWeb/OmniRPC is complex for end users. Last, but not
the least, it is hard to reuse the developed code.
The YML provides end users a higher level programming
interface which is a pseudocode. See it in Figure 4. The
advantage of the YML is that it succeeds in separating
“operation functions” from “control flow.” The “operation
functions” (e.g., “operation 3” in BbGJ algorithm) can be
developed by a third party or invoking related functions
from common libraries. At the same time, this separation
makes those “operation functions” very easily reused. End
users need not have a specific knowledge of programing those
“operation functions.” The interface of the YML is just to
describe the “control flow” of application program and it is
independent of the program language and the underlying
execution environments. So, if users know more details about
the application, it is very easy for end users to program with
the YML since it provides a vivid interface description.
The YML is intended to provide end users with a very
user friendly interface. By the use of YML, the programming
becomes easy as compared with OmniRPC or XtremWeb. A
user friendly interface can save lots of costs in time (highlevel interface makes programing easier) and money (reused
component, once develop, and many times use) for end users.
Here, we should point out that the YML is developed based on
OmniRPC/XtremWeb and some overheads are added to the
platform. In the next section, we will discuss the overhead by
adopting the YML framework.
From the description in the last section, we can know
about two points as follows.
(i) YML supports the separation of “control flow” and
“executable functions” and it helps end users just
focus on parallel algorithm itself without considering
how to adapt their application to detail executable
environments. Based on xml based description programming language, YML provides a high-level programming interface which is very easy to use.
(ii) YML is based on some middleware. YML compiler
will generate a schedule table through parse pseudocode based application program developed using
YvetteML. Then, YML scheduler will allocate appropriate tasks to available YML workers. YML worker
will put available tasks to related computing resources
according to its local scheduler. Now, it can support
two middlewares: XtremWeb and OmniRPC.

4. Evaluation on the Overhead
From the description above, we can know that it is reasonable
for the YML to have some overhead. The overhead mainly
comes from two aspects as follows.
(i) YML need to invoke related “implementation components” from YML server. While, OmniRPC invoke
their related “implementation functions” from local
server.
(ii) YML server has to deal with “scheduler table” when
each event happens. Even when the scheduler table is
very big, the overhead will become larger.
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Figure 3: Data transfer model in BbGJ algorithm.

The following experiments will testify that the high-level
program interface based middleware can be a good solution
for large-scale scientific computing though a little overhead
is unavoidable.
Experiment environment: 100 nodes used in grid environment. Experiment data: we change the block-count of
submatrix from 2 ∗ 2, 3 ∗ 3, 4 ∗ 4, 5 ∗ 5, 6 ∗ 6, 7 ∗ 7, and 8 ∗ 8.
We also change the block-size of submatrix from 500 ∗ 500,
1000 ∗ 1000 to 1500 ∗ 1500.

From Figure 5, we can find the overhead of YML on
OmniRPC through comparing execution time of Par-par
BbGJ algorithm on YML and that on OmniRPC. The results
show that overhead is unavoidable. But its overhead is
neglectful. The performance of Max-par BbGJ algorithm on
YML is very close to that of Par-par BbGJ algorithm on
OmniRPC. At the same time, we know programming Maxpar OmniRPC with YML is very easy and it is more difficult to
program Max-par algorithm on OmniRPC. The reason is that
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Table 1: Computing resources used in platform.

A
Sequential

Site
Site 1
Site 2

Nodes
16
64

Bandwidth
100 MB/s
100 MB/s

CPU/memory
Inter, 2.66 GHz/512 M
AMD, 1.8 GHz/512 M

A
//

Table 2: Overhead of YML on XtremWeb.
B

B

B

Parallel

B

B
End parallel
//
C

Parallel
D

D

D

End parallel
//
E
End sequential

E

Elapsed time (s)

Figure 4: Pseudocode based program model for large-scale scientific computing.
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Figure 5: Overhead of YML on OmniRPC.

there are too much complex control events which are used to
deal with concurrency of application program. The complex
control events make programming using OmniRPC become
more difficult. In other words, YML can reduce the time to

solution of running a new algorithm through its easy-touse interface and it also can reduce cost to solution through
components reuse. So, YML can be a good choice for end
users to facilitate large-scale scientific computing.
Through experiments, we have testified that YML which
is the high-level program interface based middleware can be
a good choice of achieving less time to solution. Now, we
would like to show another feature which is the portability
between different kinds of platforms. This feature is unique
and few middleware can posse this kind of capability. Using
YML based program can run on the grid platform and the
desktop grid platform without any change. It is an appealing
point for those scientific researchers.
Next, we will devise experiments based on XtremWeb
using Par-par BbGJ algorithm on the desktop grid platform.
Experiment data: we change the block-count of submatrix
from 2 ∗ 2, 4 ∗ 4, 6 ∗ 6 to 8 ∗ 8. We set the block-size of
submatrix as 1500 ∗ 1500. The bandwidth between site 1 and
site 3 is 1 GB/s. The detailed environment can be described
using Table 1.
Through running the program for XtremWeb based
desktop grid platform, we get the results presented in Table 2.
Here, we may not be able to compare the middleware
XtremWeb with the middleware of OmniRPC, for those two
middleware belong to two different kinds of middlewares
adapting to different running environments. However, highlevel program interface based middleware may be a good
way to adapt the program to suit different environments
(Grid environment or Desktop Grid environment). Using this
kind of middleware, the programs can be migrated between
different environments without any change. With the success
of Seti@home, more and more scientific computing will try to
use volunteer computing resources for their lower costs and
huge processing power.
Through the experiments, we also know that the YML
has an acceptable overhead, furthermore, it can help to
reduce costs on time and money for users through high-level
programming interface and reusable components.
In summary, the YML can be a good choice for largescale computing and the outstanding advantages are given as
follows.
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Figure 6: Data transfer model between operations.

(i) YML has an acceptable overhead and it can help
users to reduce time to solution through its high-level
program interface.
(ii) The separation of “implementation component” from
“control flow” makes the developed code be reused
very easily, which help users to reduce cost-tosolution through components reuse.
(iii) YML support program migration between different
executable environments (e.g., Grid, Desktop Grid)

without changing the developed code. This is very
special and an important character for YML and few
other middleware can do this.

5. Data Anticipation Migration Mechanism
As well known to us all, the communication time is a key issue
in making large-scale computing. The data transfer model of
middleware is traditionally built based on the data serverworker architecture, see Figure 6. So, improving data transfer
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Table 3: Block-count is 5 ∗ 5 on PolyTech Lille platform.

Algorithm
With DTM
No DTM
Gain

100 ∗ 100
123.25
214.87
42%

200 ∗ 200
198.45
328.87
40%

Block-size
300 ∗ 300
251.46
498.13
49.5%

400 ∗ 400
368.98
760.33
51.5%

500 ∗ 500
563.87
1073.60
47.5%

400 ∗ 400
37.74
21.04
43.2%

500 ∗ 500
52.33
32.56
37.8%

Table 4: Block-count is 5 ∗ 5 on Grid5000 platform.
Algorithm
With DTM
No DTM
Gain

100 ∗ 100
6.27
4.19
33%

200 ∗ 200
9.87
5.98
39.4%

Block-size
300 ∗ 300
12.31
7.48
39.2%

model can be a good solution to improve the performance
of platform, especially in low speed network based environment. And we have done much effort to improve it, and
in this section, two experiments are employed to show the
improvement.
The method is that we will generate as little communication as possible during the process of program execution. If a
data migration is needed in the program, we will not transfer
the related data from the data server to the target computer.
Otherwise, we will put related operations on appropriate
computing nodes. Therefore, less communication is created.
The facilities used in the experiment are described in
Table 1. And we will run Max-par BbGJ algorithm on low
speed network based PCs. See Table 3.
Another experiment environment is based on high speed
network based platform. We also make the experiment using
Max-par BbGJ algorithm. See Table 4.
From the experiments, we conclude that with data transfer model, the performance of the platform can improve
almost 50% under the desktop grid environment and about
40% under the grid environment, respectively. What we want
to point out is that in desktop grid environment, the data
transfer model can help to save more time.

whatever the running environments are. The “separation” of
“control flow” and “implementation component” enables the
end users to focus on the application itself without knowing
the programing languages. The “separation” feature makes the
developed code reused very easily.

6. Conclusion
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There are many existing image inpainting algorithms in which the repaired area should be manually determined by users. Aiming at
this drawback of the traditional image inpainting algorithms, this paper proposes an automatic image inpainting algorithm which
automatically identifies the repaired area by fuzzy C-mean (FCM) algorithm. FCM algorithm classifies the image pixels into a
number of categories according to the similarity principle, making the similar pixels clustering into the same category as possible.
According to the provided gray value of the pixels to be inpainted, we calculate the category whose distance is the nearest to the
inpainting area and this category is to be inpainting area, and then the inpainting area is restored by the TV model to realize image
automatic inpainting.

1. Introduction
Inpainting is a trimming process for the defects and cracks of
the art, originated from the art field which was originally the
heritage restoration of experts on the basis of being faithful
to the original. Image inpainting is a technology for restoring
the damaged parts of an image by referring to the information
from the undamaged parts to make the restored image look
“complete”, “continuous” and “natural”.
The terminology “digital image inpainting” was firstly put
forward on the international conference in Singapore in 2000.
There are many typical image inpainting algorithms proposed
by researchers during the past decade. The BSCB [1] model
was presented by Bertalmio, Sapiro, Caselles, and Ballester.
The TV (total variation) model [2, 3] was proposed by Chan
and his team. The CDD (curvature driven diffusions) model
[4, 5] was introduced by Chan T. and Shen J. An isotropic
diffusion of fast image inpainting was proposed by Oliverira.
A model based on RBF was proposed by Zhou et al. [6]. The
p-Laplace inpainting model was calculated from p-Laplace
operator by Zhang et al. [7–9]. Wang et al. proposed a new
spread function to improve the TV model [10], algorithm
based on wavelet decomposition was proposed by Zhang
and Dai [11] and so forth. However, these models belong

to semi-automatic image restoration algorithms that need to
manually determine the repaired area. It is a difficult problem
for automatically identifying the repaired area of the image
and achieving automatically image inpainting function in the
field of image inpainting.
This paper attempts to overcome this drawback of the
traditional image inpainting techniques to a certain degree.
The proposed algorithm utilizes the fuzzy C-means (FCM)
clustering algorithm to automatically identify the damaged
area and also combines the TV model to realize image
automatic inpainting.

2. Theoretical Basis of FCM Identify
Damaged Areas
2.1. Basic Knowledge of the Fuzzy Sets. Fuzzy set theory
and fuzzy logic [12] are presented by Zadeh, that is, to
use precise methods, formulas, and models to measure and
handle phenomena and rules which are vague, incomplete,
or incorrect. Membership function is defined as the degree to
which an object 𝑥 belongs to a fuzzy set 𝐴, usually recorded as
𝑢𝐴 (𝑥); the scopes of its argument are the all possible objects
which belongs to the set 𝐴 (that all the points of the space
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where the set 𝐴 in) in the range of [0, 1]; namely, 0 ≤ 𝑢𝐴(𝑥) ≤
1. 𝑢𝐴(𝑥) = 1 means that 𝑥 completely belongs to set 𝐴,
which is equivalent to the traditional set concept 𝑥 ∈ 𝐴.
A membership function defined in the space of 𝑋 = {𝑥}
is defined as a fuzzy set 𝐴, or defined as fuzzy subset 𝐴 in
the domain of 𝑋 = {𝑥}. For the fuzzy set 𝐴 which has finite
objects 𝑥1 , 𝑥2 , . . . , 𝑥𝑛 can be expressed as ̃
𝐴 = {(𝜇𝐴 (𝑥𝑖 ) , 𝑥𝑖 ) | 𝑥𝑖 ∈ 𝑋} .
̃

where 𝑢𝑖𝑘 need to satisfy the following constraints:
𝑢𝑖𝑘 ∈ [0, 1] ,

(2)

∑𝑢𝑖𝑘 = 1,

𝑐

∀𝑖, 𝑘;
∀𝑘;

𝑐

0 < ∑𝑢𝑖𝑘 < 𝑛,

(3)

∀𝑖.

𝑖=1

FCM is to search the optimum number of (𝑈, 𝑉) for
minimizing the 𝐽FCM (𝑈, 𝑉). Due to the constraint ∑𝑐𝑖=1 𝑢𝑖𝑘 =
1, it introduces a Lagrange multiplier 𝜆 to solve the minimum
of the following formula:
𝑛

𝑐

𝑐

2
𝑚
𝐽 (𝑈, 𝑉) = ∑ ∑ 𝑢𝑖𝑘
𝑥𝑘 − 𝑥𝑖 2 + 𝜆 (∑ 𝑢𝑖𝑘 − 1) ,
𝑘=1 𝑖=1

2.2. Theory of FCM Algorithm. Fuzzy C-mean clustering
(FCM) [19, 20] is a clustering algorithm that uses membership
to determine the degree of each data point which belongs
to a cluster. In 1973, Bezdek proposed the algorithm that is
an improved algorithm of the early hard C-means clustering
(HCM). The fuzzy clustering algorithm uses the initialization method to determine several initial clustering centers
and then performs a repeated iteration which continuously
adjusts and optimizes the clustering centers to achieve the
minimal variance within clusters. It is a method based on the
principle of least squares using iterative methods to optimize
objective function to get the fuzzy partition of the data sets.
Its objective function is defined as
min 𝐽FCM (𝑈, 𝑉) =

𝑛

𝑐

𝑚 2
∑ ∑ 𝑢𝑖𝑘
𝑑𝑖𝑘 ,
𝑘=1 𝑖=1

(2)

𝑛×𝑝

where 𝑋 = {𝑥1 , 𝑥2 , . . . , 𝑥𝑛 } ∈ 𝑅 is a data set that composed
of 𝑛 samples of dimension 𝑝, which is divided it into C classes.
𝑥𝑘 is a 𝑝-dimensional vector; 𝑚 ∈ [1, ∞) is the weighted
index; when 𝑚 = 1, the fuzzy C-means clustering is degraded
as the classical C-means clustering. Nikhil et al. studies show
that the best choice for 𝑚 is in range of [1.5, 2.5] and its ideal
value is usually set to 𝑚 = 2; 𝑑𝑖𝑘 is generally defined as
the Euclidean distance, it means the distance between sample
𝑥𝑘 and center V𝑖 , that is, 𝑑𝑖𝑘 = ‖𝑥𝑘 − V𝑖 ‖𝐴, ‖ ⋅ ‖𝐴 defines as
norm of 𝐴, usually 𝐴 = 2; that is, 𝑑𝑖𝑘 is 2-norm; 𝑉 =
{V1 , V2 , . . . , V𝑐 } ∈ 𝑅𝑐×𝑝 is the set of 𝑐 cluster centers. V𝑖 is 𝑝dimensional vector and denotes the 𝑖th cluster center; 𝑢𝑖𝑘 is
the membership of the 𝑘th pixel that belongs to 𝑖th class.
Therefore, the classification results can be expressed as a 𝑐 × 𝑛order fuzzy classification matrix 𝑈:
𝑢11 𝑢12
[𝑢21 𝑢22
[
𝑈 = [ ..
..
[ .
.
[𝑢𝑐1 𝑢𝑐2

⋅ ⋅ ⋅ 𝑢1𝑛
⋅ ⋅ ⋅ 𝑢2𝑛 ]
]
.. ] ,
d . ]
⋅ ⋅ ⋅ 𝑢𝑐𝑛 ]

(3)

(4)

𝑖=1

(1)

Fuzzy set theory has played an important role in many
applications, such as fuzzy clustering analysis, fuzzy pattern recognition [13], fuzzy synthetic judgments [14], fuzzy
decision and forecast [15, 16], fuzzy programming, fuzzy
probability [17], and fuzzy statistics [18]. In the problem
of clustering, the clusters generated by clustering can be
regarded as fuzzy sets; therefore, the value of membership of
each sample point belongs to a cluster that is in the interval
[0, 1].

(1)

(5)

𝑖=1

where
𝑢𝑖𝑘 =

1
,
2 1/(𝑚−1)
2 

∑𝑐𝑗=1 [𝑥𝑘 − V𝑖 2 /𝑥𝑘 − V𝑗 2 ]
V𝑖 =

𝑚
𝑥𝑘
∑𝑛𝑘=1 𝑢𝑖𝑘
,
𝑛
𝑚
∑𝑘=1 𝑢𝑖𝑘

∀𝑖, 𝑘,
(6)

∀𝑘.

So the implementation of FCM algorithm is as follows:
Step 1. Select 𝜀 > 0, set the initial clustering centers 𝑉(0) =
{V1 , V2 , . . . , V𝑐 }, and set the number of iteration 𝑙 = 1.
Step 2. The elements of membership matrix 𝑈(𝑙) are calculated as
−1

𝑙
𝑢𝑖𝑘

2/(𝑚−1)
(𝑙)
}
{
}
{ 𝑐 𝑥𝑘 − V𝑖 2
]
= {∑ [ 
,
}
}
{𝑗=1 𝑥 − V (𝑙)


𝑘
𝑗
[
]

2
}
{

∀𝑖, 𝑘.

(7)

(𝑙)
(𝑙)
(𝑙)
If 𝑑𝑘𝑗
= ‖𝑥𝑘 − V𝑗 ‖(𝑙)
= 0, then 𝑢𝑘𝑗
= 1, 𝑢𝑘𝑗
= 0, 𝑘 ≠
𝑗.
2

Step 3. Calculate the new cluster center set 𝑉(𝑙+1) , whose
elements are

𝑉

(𝑙+1)

=

(𝑙)
𝑥𝑘 ) 𝑥𝑘
∑𝑛𝑘=1 (𝑢𝑖𝑘
(𝑙)
∑𝑛𝑘=1 (𝑢𝑖𝑘
𝑥𝑘 )

𝑚

,

∀𝑘.

(8)

Step 4. If ‖V(𝑙+1) − V(𝑙) ‖ < 𝜀, then stop; otherwise 𝑙 = 𝑙 + 1 and
go to Step 2.
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,
 [ 𝜕𝑥 ] ≈ 

ℎ
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𝑒

n
w

W

O

e

E

𝑢 − 𝑢𝑆𝐸 + 𝑢𝑁 − 𝑢𝑆 2
1
2


).
∇𝑢𝑒 𝜀 ≈ √ 𝜀2 + (𝑢𝐸 − 𝑢𝑂) + ( 𝑁𝐸
ℎ
4
(14)

s

SW

Similarly we can get

SE

S

1
𝜕𝑢
1 𝑢𝑊 − 𝑢𝑂
1
= 
V𝑤
,
 [ 𝜕𝑥 ] ≈ 

ℎ
∇𝑢𝑤 𝜀
∇𝑢𝑤 𝜀
𝑤

Figure 1: Inpainting pixel points and neighbor fields.

1
𝜕𝑢
1 𝑢𝑁 − 𝑢𝑂
V𝑛2 = 
,
 [ ] ≈

ℎ
∇𝑢𝑛 𝜀 𝜕𝑦 𝑛 ∇𝑢𝑛 𝜀

3. The TV Model
3.1. Model Establishment. To establish a normal formula of
variation image inpainting model
𝐽𝑟 (𝑢) = ∫ 𝑟 |∇𝑢| 𝑑𝑥 𝑑𝑦 +
Ω

𝜆𝐷

2
∫ 𝑢 − 𝑢0  𝑑𝑥 𝑑𝑦,
2 Ω

1
𝜕𝑢
1 𝑢 − 𝑢𝑂
V𝑠2 =   [ ] ≈   𝑆
.
ℎ
∇𝑢𝑠 𝜀 𝜕𝑦 𝑠 ∇𝑢𝑠 𝜀

(9)

So

where
0,
𝜆 𝐷 = 𝜆 ⋅ 𝑙𝐷 (𝑥) = {
𝜆,

−∇ ⋅ [

𝑥∈𝐷
𝑥 ∈ Ω \ 𝐷,

(10)

𝑢(𝑥, 𝑦) is the image gray function, shorthand for 𝑢, 𝑢0 is the
defect image grayscale function, 𝐷 is the repaired area, Ω is
the entire image area, Ω \ 𝐷 is the known image field, and 𝜆
is the Lagrange operator, the equation 𝑑𝛿 = 𝑑𝑥 𝑑𝑦 is a double
integral.
In (9), we have set the energy functional of TV model
𝑟[|∇𝑢|] = |∇𝑢|; that is,
𝐽𝑟 (𝑢) = ∫ |∇𝑢| 𝑑𝑥 𝑑𝑦 +
Ω

𝜆𝐷

2
∫ 𝑢 − 𝑢0  𝑑𝑥 𝑑𝑦.
2 Ω

−∇ ⋅ [

∇𝑢
] − 𝜆 (𝑢 − 𝑢0 ) = 0.
|∇𝑢|

(12)

3.2. Discretization of the Model. Application of the half-point
difference method to calculate the diffusion format of the
partial differential equation (12).
As shown in Figure 1, 𝑂 is the inpainting pixel point, and
Λ 0 = {𝑁, 𝑆, 𝑊, 𝐸} means four neighborhood points set of 𝑂,
and Λ = {𝑛, 𝑠, 𝑤, 𝑒} means the four half-pixel points. Denote
the objective pixel 𝑂 by 𝑢(𝑖, 𝑗), Λ 0 = {(𝑖, 𝑗 + 1), (𝑖, 𝑗 − 1), (𝑖 −
1, 𝑗), (𝑖+1, 𝑗)}. In order to avoid |∇𝑢| turning to 0 and take the
value of |∇𝑢|𝜀 = √𝜀2 + |∇𝑢|2 or |∇𝑢|𝜀 = 𝜀 + |∇𝑢|, if 𝜀 is small
enough, it will not affect the performance of TV inpainting
model.
Let V = (V1 , V2 ) = ∇𝑢/|∇𝑢| and take performance about
central difference numerical method for divergence,
2

∇⋅V=

𝜕V1 𝜕V
+
≈
𝜕𝑥
𝜕𝑦

V𝑒1

−
ℎ

1
V𝑤

+

V𝑛2

−
ℎ

V𝑠2

.

(13)

∇𝑢
1
− V𝑒1 ) + (V𝑠2 − V𝑛2 )
] = − ∇ ⋅ V = (V𝑤
|∇𝑢|
=

(16)

1

 [𝑢𝑄 − 𝑢 (𝑖, 𝑗)] ,
𝑄∈Λ 𝑂 ,𝑞∈Λ ∇𝑢𝑄𝜀
∑

where 𝑄 ∈ Λ 𝑂, 𝑞 ∈ Λ means that when 𝑄 is a pixel of
Λ 𝑂, then 𝑞 is the corresponding half pixel of Λ; as 𝑄 take 𝐸,
correspondingly 𝑞 take 𝑒. So formula (12) can be remarked as
1

 [𝑢𝑄 − 𝑢 (𝑖, 𝑗)]
∇𝑢

𝑄𝜀
𝑄∈Λ 𝑂 ,𝑞∈Λ 
∑

(11)

After calculating out the extreme value of formula (11), we
can obtain Euler-Lagrange equation of TV model as follows:

(15)

(17)

+ 𝜆 𝐷 (𝑖, 𝑗) (𝑢0 (𝑖, 𝑗) − 𝑢 (𝑖, 𝑗)) = 0.
So,
𝑢 (𝑖, 𝑗) =



∑𝑄∈Λ 𝑂,𝑞∈Λ (1/∇𝑢𝑄𝜀 )
𝑢𝑄


∑𝑄∈Λ 𝑂,𝑞∈Λ (1/∇𝑢𝑄𝜀 ) + 𝜆 𝐷 (𝑖, 𝑗)
𝜆 𝐷 (𝑖, 𝑗)
𝑢0 (𝑖, 𝑗) ,
+


∑𝑄∈Λ 𝑂,𝑞∈Λ (1/∇𝑢𝑄𝜀 ) + 𝜆 𝐷 (𝑖, 𝑗)

(18)

where
1
𝜔𝑞 = 
 ,
∇𝑢𝑄𝜀

ℎ𝑄 =

𝜔𝑞
𝜆 𝐷 (𝑂) + ∑𝑄∈Λ 𝑂,𝑞∈Λ 𝜔𝑞

𝜆 𝐷 (𝑂)
ℎ𝑂 =
.
𝜆 𝐷 (𝑂) + ∑𝑄∈Λ 𝑂,𝑞∈Λ 𝜔𝑞

,
(19)

So formula (18) can be remarked as:
𝑢 (𝑖, 𝑗) =

∑
𝑄∈Λ 𝑂 ,𝑞∈Λ

ℎ𝑄𝑢𝑄 + ℎ𝑂𝑢𝑂 (𝑖, 𝑗) ,

(20)
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Initialized 𝑢0 (𝑖, 𝑗), generally we set 𝑢0 (𝑖, 𝑗) = 𝑢0 (𝑖, 𝑗);
For 𝑛 = 1, 2, . . .
For 𝑖 = 1, 2, . . . , 𝑀
For 𝑗 = 1, 2, . . . , 𝑁
By the use of formula (19), calculate 𝜔𝑃 , ℎ𝑃 , ℎ𝑂 respectively,
the (𝑖, 𝑗) as the center of them, then use formula (21) to calculate.
𝑢(𝑛) (𝑖, 𝑗) =
End
End
End

∑
𝑄∈Λ 𝑄 ,𝑞∈Λ

(𝑛−1) (𝑛−1)
(𝑛−1)
ℎ𝑄
𝑢𝑄 + ℎ𝑂
𝑢0 (𝑖, 𝑗)

Algorithm 1

where ∑𝑄∈Λ 𝑂,𝑞∈Λ ℎ𝑄 + ℎ𝑂 = 1; apparently, the inpainting
objective pixel value 𝑢(𝑖, 𝑗) adds the weight ℎ𝑄 to be repaired
through neighbor field point 𝑢𝑄.
Use Gauss-Jacobi iteration method to search the optimum:
𝑢(𝑛) (𝑖, 𝑗) =

∑
𝑄∈Λ 𝑂 ,𝑞∈Λ

(𝑛−1) (𝑛−1)
(𝑛−1)
ℎ𝑄
𝑢𝑄 + ℎ𝑂
𝑢𝑂 (𝑖, 𝑗) ,

(21)

where 𝑛 is the number of iterations. According to the discretization process of TV model, the process of TV inpainting
model mainly is shown in Algorithm 1.

Table 1: Clustering centers table.
Initial and obtained cluster centers

Clustering center 1
Clustering center 2
Clustering center 3
Clustering center 4
Clustering center 5
Clustering center 6

Initial clustering
centers

Obtained
clustering
centers

0
50
100
125
175
255

21.6442
69.3399
108.8676
154.7014
192.2138
217.2253

4. Computer Experiment
4.1. FCM Experimental Analysis. In the FCM experiment in
this paper given gray values of the pixel which in the repaired
areas, we can calculate the Euclidean distance of it with each
clustering center concluded by formula (8), the cluster which
has the minimum distance is the repaired area 𝐷.
In this experiment, it is crucial to select the appropriate
values of these parameters, namely, the number of image
clustering (C value), the initial value of the clustering center
(V), C, and the clustering center initial value selected which
directly influence whether the defect area can be accurately
identified. Generally apply the gray value distribution of the
gray histogram of the image to be repaired to determine the
value of C and V.
We discussed the experimental results of FCM to identify
scratches, text, and big block inpainting areas
4.1.1. Scratch Inpainting. In Figure 2(a) there is identification
effect of areas to be repaired; Figure 2(b) is gray histogram of
Figure 2(a).
As Table 1 has shown in the experiment, we set C = 6; to
initialize clustering centers 𝑉 = [0, 50, 100, 125, 175, 255] and
update the clustering centers, obtained clustering center 1 is
21.6442, and the clustering center 2 is 69.3399, the clustering
center 3 is 108.8676, the clustering center 4 is 154.7014, the
clustering center 5 is 192.2138, and the clustering center 6
is 217.2253. Apparently the area to be repaired in cluster 1
identifying the scratches of the repaired area was shown in
Figure 2(a), the pixel in the image to be repaired where it close

to black gray value will impact identification of the repaired
areas from the figure.
When set C = 8, identification effect of areas to be repaired
was shown in Figure 2(c).
Apparently, the effect of Figure 2(c) is better than that of
Figure 2(a); at this time, we initialize the clustering center 𝑉 =
[0, 20, 50, 75, 100, 125, 175, 255] and the clustering center 1 is
9.6953, the clustering center 2 is 45.918, the clustering center
3 is 78.5321, the clustering center 4 is 107.6517, the clustering
center 5 is 139.0719, the clustering center 6 is 169.5539, the
clustering center 7 is 196.3286, the clustering center 8 is
218.8029. Area to be repaired which has been in Cluster 1, as
shown in Tables 1 and 2, the cluster center value of 1 is closer
to the color of the area to be repaired (gray value is 0) than the
cluster center value of 1 when C = 6. Therefore, for the greater
value of C, the identification is more accurate.
4.1.2. Text Inpainting. In Figure 3(a), there is the identification result of the areas to be repaired; Figure 3(b) is gray
histogram of Figure 3(a).
As Table 3 shows, in the experiment, we set C = 5 initialize
clustering center 𝑉 = [0, 75, 150, 200, 255], obtained the
clustering center 1 is 52.0827, the clustering center 2 is 85.3504,
the clustering center 3 is 119.696, the clustering center 4 is
171.9693, and the clustering center 5 is 254.6589. Apparently,
the area to be repaired in cluster 5 identifying the scratches of
the repaired area was shown in Figure 3(a).
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Figure 2: (a) Identification effect of areas to be repaired with C = 6. (b) The gray histogram of image to be repaired. (c) Identification effect
of areas to be repaired with C = 8.

4.1.3. The Big Block Area Inpainting. In Figure 4(a), there is
the identification result of areas to be repaired; Figure 4(b)
presents gray histogram of Figure 4(a).
As Table 4 has shown, in the experiment, we set C = 7, to
initialize clustering center 𝑉 = [10, 20, 50, 100, 125, 175, 255],
update the clustering center, finally obtained the clustering
center 1 is 22.732, the clustering center 2 is 60.23, the
clustering center 3 is 93.2463, the clustering center 4 is
124.5873, the clustering center 5 is 162.8123, the clustering
center 6 is 194.4558, and the clustering center 7 is 217.9387.

Apparently, area to be repaired in cluster 1 identifying the
scratches of the repaired area was shown in Figure 4(a);
the pixels in the image to be repaired nearly black will be
misclassified as noise, so if the grayscale values of the area to
be repaired are similar to the gray values of the known area,
they will be misclassified.
When we set C = 10, the extracted area to be repaired was
shown in Figure 4(c).
Apparently, the result of Figure 4(c) is better than
Figure 4(a); at this time, to initialize clustering center

6
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Figure 3: (a) Identification effect of areas to be repaired with C = 5. (b) The gray histogram of image to be repaired.

Table 3: Clustering centers table.

Table 2: Clustering centers table.
Initial and obtained clustering center

Clustering center 1
Clustering center 2
Clustering center 3
Clustering center 4
Clustering center 5
Clustering center 6
Clustering center 7
Clustering center 8

Initial and obtained clustering center

Initial clustering
centers

Obtained
clustering
centers

0
20
50
75
100
125
175
255

9.6953
45.918
78.5321
107.6517
139.0719
169.5539
196.3286
218.8029

𝑉 = [0, 10, 20, 30, 40, 50, 100, 125, 175, 255], update the
clustering center, finally obtained the clustering center 1 is
12.2282, the clustering center 2 is 39.6536, the clustering
center 3 is 63.6337, the clustering center 4 is 85.1273, the
clustering center 5 is 106.6592, the clustering center 6 is
129.8529, the clustering center 7 is 156.3771, the clustering
center 8 is 179.4131, the clustering center 9 is 198.9847, and

Clustering center 1
Clustering center 2
Clustering center 3
Clustering center 4
Clustering center 5

Initial clustering
centers

Obtained
clustering
centers

0
75
150
200
255

52.0827
85.3504
119.696
171.9693
254.6589

the clustering center 10 is 219.6205. At this time, Area to be
repaired which has been in Cluster 1, as shown in Tables 4 and
5, the cluster center value of 1 is closer to the color of the area
to be repaired (gray value is 0) than the cluster center value of
1 when C = 7. Therefore, the greater value of C and the initial
value of clustering center are more appropriate, and the more
accurate identification results can be obtained.
4.2. Realization of the Image Automatic Inpainting. Let 𝜆 =
0, 𝜀 = 0.0001 with improved signal-to-noise (ISNR) as
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Figure 4: (a) Identification effect of areas to be repaired with C = 7. (b) The gray histogram of image to be repaired. (c) Identification effect
of areas to be repaired with C = 10.

the objective metric standard of the quantity of the inpainting
image, the definition of ISNR as
2
𝑀
𝑁
0
{ ∑𝑥=1 ∑𝑦=1 [𝐼̂ (𝑥, 𝑦) − 𝐼 (𝑥, 𝑦)] }
ISNR = 10 ⋅ log10 {
},
̂ (𝑥, 𝑦) − 𝐼0 (𝑥, 𝑦)]2
[
𝐼
∑
∑
𝑥=1
𝑦=1
{
}
(22)

̂ 𝑦) is the original gray image, 𝐼0 (𝑥, 𝑦) is the
where 𝐼(𝑥,
damaged image, and 𝐼(𝑥, 𝑦) is the recovered image.

Combining TV model inpainting algorithm with FCM
identifying the damaged areas, we have discussed the automatic inpainting effect of scratches and big block damaged
areas as follows.

4.2.1. Scratch Inpainting. In the following experiments, 𝑛 is
the number of iteration, 𝑇 is the inpainting time, and ISNR is
improved signal-to-noise.

8
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Original image

Autorepaired image with TV model
(a)

Original image

Autorepaired image with TV model
(b)

Figure 5: (a) 𝑛 = 50, 𝑇 = 0.0832, ISNR = 60.648. (b) 𝑛 = 50, 𝑇 = 0.0685, ISNR = 53.0085.
Table 4: Clustering centers table.

Table 5: Cluster center table.

Initial and obtained clustering centers

Initial and obtained clustering centers

Clustering center 1
Clustering center 2
Clustering center 3
Clustering center 4
Clustering center 5
Clustering center 6
Clustering center 7

Initial clustering
centers

Obtained
clustering
centers

10
20
50
100
125
175
255

22.732
60.23
93.2463
124.5873
162.8123
194.4558
217.9387

Figures 5(a) and 5(b) show that the automatic inpainting
model has good inpainting effect on fine scratches and coarse
scratches and can accurately identify the different kinds of
image noise. Figure 5(a) is black noise, and Figure 5(b) is
white noise.
4.2.2. The Big Block Area Inpainting. Comparing Figures 5
and 6, it shows that the automatic image inpainting model
may generate blurred edges for big block damaged area, not
as good as small inpainting areas.

Clustering center 1
Clustering center 2
Clustering center 3
Clustering center 4
Clustering center 5
Clustering center 6
Clustering center 7
Clustering center 8
Clustering center 9
Clustering center 10

Initial clustering
centers

Obtained
clustering
centers

0
10
20
30
40
50
100
125
175
255

12.2282
39.6536
63.6337
85.1273
106.6592
129.8529
156.3771
179.4131
198.9847
219.6205

5. Conclusions
FCM clustering is an unsupervised clustering technique
applied to classify images into clusters with similar properties.
It utilizes the distance between pixels and cluster centers
in the repaired area to compute the membership function.
Experiments showed that the inpainting effect of automatic
image inpainting model was decided by the inpainting model,
identifying the repaired area that depends on FCM algorithm.
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Original image

Autorepaired image with TV model
(a)

Original image

Autorepaired image with TV model
(b)

Figure 6: (a) 𝑛 = 50, 𝑇 = 0.0598, ISNR = 35.5889. (b) 𝑛 = 50, 𝑇 = 0.1054, ISNR = 10.0905.

When the selected clustering number C and the selected
clustering center initial value are appropriate, FCM can
accurately identify the repaired area. As combined with the
inpainting model, we can realize automatic digital image
inpainting function.
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The neural network with two weights is constructed and its approximation ability to any continuous functions is proved. For
this neural network, the activation function is not confined to the odd functions. We prove that it can limitlessly approach any
continuous function from limited close subset of 𝑅𝑚 to 𝑅𝑛 and any continuous function, which has limit at infinite place, from
limitless close subset of 𝑅𝑚 to 𝑅𝑛 . This extends the nonlinear approximation ability of traditional BP neural network and RBF
neural network.

1. Introduction
So far, many neural networks models have been presented
and applied in pattern recognition, automatic control, signal
processing, and aided decision. Among these models, BP
(feedforward) neural networks and RBF (radial basis function) neural networks are widely used because of their nonlinear ability of approximation to any continuous function.
Up to now, these two classes of neural networks have successfully been applied to approach any nonlinear continuous
function defined on bounded close subsets [1–7]. However,
the approximation result to any continuous function defined
on unbounded set has been very rare [8]. This inspires us to
look for a new network which is of more wide approximation
ability and can approach any continuous function both on a
bounded set and on an unbounded set.
Wang and Zhao [9] presented a new neural network
called neural networks with two weights on the base of
combining the advantage of BP neural network with that of
RBF neural network. This model can not only simulate BP
neural network and RBF neural network, but also simulate
neural networks with higher order. This neural network not
only contains direction weight value with respect to BP
network but also contains core weight value with respect to

RBF network. The function of its neurons is of the following
form:
𝑠

𝑚
𝜔𝑗 (𝑥𝑗 − 𝑧𝑗 )
𝑦 = 𝜙 [ ∑( 
 )
𝑗=1 𝜔𝑗 (𝑥𝑗 − 𝑧𝑗 )
[


𝑝
𝜔𝑗 (𝑥𝑗 − 𝑧𝑗 ) + 𝜃] ,


]

(1)

where 𝑦 is the output of neurons, 𝜙 is the activation function,
𝜃 is the threshold value, 𝜔𝑗 is the direction weight value, 𝑧𝑗
is the core weight value, 𝑥𝑗 is the input, and 𝑝 and 𝑠 are two
parameters.
In (1), when 𝑧𝑗 = 0, 𝑝 = 0, and 𝑠 = 1, then (1) reduces
to mathematical model BP network neurons; when 𝜔𝑗 takes a
fixed value, 𝑝 = 2 and 𝑠 = 0, then (1) becomes mathematical
model RBF network neurons.
In [10], the approximation operators with logarithmic
sigmoidal function of a class of neural networks with two
weights and a class of quasi-interpolation operators were
investigated. Using these operators as approximation tools,
the upper bounds of estimate errors were estimated.
In [2], the authors considered single hidden layer neural
networks:
𝑛

𝑁𝑛 (𝑥) = 𝑐0 + ∑𝑐𝑖 𝜙 (𝜔𝑖 𝑥 + 𝜃𝑖 ) ,
𝑖=1

𝑁𝑛 : 𝑅 → 𝑅,

(2)

2
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where 𝑐𝑖 represents output weights, 𝜙 is the activaion function, 𝜃𝑖 is threshold value, and 𝜔𝑗 is direction weight value.
The main result in [2] is as follows.

(3)

we have lim𝛿 → 0 𝜂(𝑓, 𝛿) = 0, and for any real number 𝜆 ≥
0, 𝜂 (𝑓, 𝜆𝛿) ≤ (1 + 𝜆)𝜂(𝑓, 𝛿).
The modulus of continuity is usually considered as the
measure of the smoothness of function and the approximation error in approximation theory. The function 𝑓 is called
Lipschitz 𝛼 (0 < 𝛼 ≤ 1) continuous and is written as 𝑓 ∈
Lip𝐶(𝑓) 𝛼, if there exists a constant 𝐶(𝑓) such that 𝜂(𝑓, 𝛿) ≤
𝐶(𝑓)𝛿𝛼 . 𝐶(ℎ) denotes the positive constant dependents only
on ℎ and its value may be different at different occurrence.
Our main result is as follows.

(4)

Theorem 2. Suppose 𝜙 is a bounded, strictly monotonously
increasing, and odd function defined on 𝑅, 𝑓 ∈ 𝐶[𝑎, 𝑏], and
𝑛 ∈ 𝑁. Then there exists a feedforward neural network (BP)
with one hidden layer 𝑁𝑛 → 𝑅 defined by

Theorem 1. Suppose 𝜙 is a bounded, strictly monotonously
increasing, and odd function defined on 𝑅, 𝑓 ∈ 𝐶[𝑎, 𝑏], and
𝑛 ∈ 𝑁. Then there exists a feedforward neural network (BP)
with one hidden layer 𝑁𝑛 → 𝑅 defined by
𝑛

𝑁𝑛 (𝑥) = 𝑐0 + ∑𝑐𝑖 𝜙 (𝜔𝑖 𝑥 + 𝜃𝑖 ) ,

𝑁𝑛 : 𝑅 → 𝑅,

𝑖=1

such that
𝑏−𝑎
 5

sup 𝑁𝑛 (𝑥) − 𝑓 (𝑥) ≤ 𝜔 (𝑓,
),
2
𝑛
𝑥∈[𝑎,𝑏]

𝑛

𝑁𝑛 (𝑥) = ∑𝑐𝑖 𝜙 (𝜔𝑖 𝑥 + 𝜃𝑖 ) ,

where for 𝑖 = 1, 2, . . . , 𝑛
𝑥𝑖 = 𝑎 + 𝑖
𝑐𝑖 =

𝑏−𝑎
,
𝑛

such that
𝑥0 = 𝑎,

1
(𝑓 (𝑥𝑖 ) − 𝑓 (𝑥𝑖−1 )) ,
2𝑚

𝑚 = sup 𝜙 (𝑥) ,

𝑛+1
𝑏−𝑎


sup 𝑁𝑛 (𝑥) − 𝑓 (𝑥) ≤ (1 +
) 𝜔 (𝑓,
),
4𝑛
𝑛
𝑥∈[𝑎,𝑏]

𝑥∈𝑅

𝑑𝑛 = 𝜙−1 (𝑚 −

𝑚
),
2𝑛

𝑛

(5)

𝜔𝑖 =

2𝑑𝑛 𝑛
.
𝑏−𝑎

𝑛

𝑖=1

(𝑥 − 𝑧)𝑠
|𝑥 − 𝑧|𝑝 − 𝜃𝑖 ) .
|(𝑥 − 𝑧)|𝑠

𝑏−𝑎
,
𝑛

𝑑𝑛 = 𝜙−1 (

𝑥∈𝑅

In this paper, one is concerned with the neural networks
with two weights and a single hidden layer:
𝑁𝑛 (𝑥) = ∑𝑐𝑖 𝜙 (𝑙𝑖𝑠

𝑥𝑖 = 𝑎 + 𝑖



𝑚 = sup 𝜙 (𝑥) ,

𝑖=1

𝑑𝑛 𝑛
𝑏−𝑎
[2𝑎 + (2𝑖 − 1)
],
𝑏−𝑎
𝑛

(8)

where, for 𝑖 = 1, 2, . . . , 𝑛,

𝑐0 = 𝑓 (𝑎) − ∑𝑐𝑖 𝜙 (𝜔𝑖 𝑥 + 𝜃𝑖 ) ,
𝜃𝑖 = −

(7)

𝑖=1

(6)

One objective is to construct a new BP neural network
which is different from the BP neural network in [2] and
prove this network has the approximation ability to any
nonlinear continuous function. Another objective is to prove
that, by adjusting the values of two parameters 𝑠 and 𝑝, the
neural network with two weights can not only approximate
any continuous functions defined on a bounded close subset,
namely, it has the same approximation ability as BP neural
network in [2], but also approximate any continuous function
defined on an unbounded set. Namely, the neural network
with two weights has a better approximation ability than BP
neural network and RBF neural network.

2. Theoretical Result
We use the following notations: the symbols 𝑁, 𝑁0 , and 𝑅
represent the set of positive integers, nonnegative integers,
and real number, respectively. Using 𝐶[𝑎, 𝑏] to denote the
space of continuous real-valued functions defined on [𝑎, 𝑏], it
is equalled by the supremum norm ‖ ⋅ ‖. Let 𝑓 be a real-valued
function defined on [𝑎, 𝑏]. 𝜂(𝑓, 𝛿), the modulus of continuity
of 𝑓, is defined as 𝜂(𝑓, 𝛿) = sup0<ℎ≤𝛿 ‖𝑓(⋅ + ℎ) − 𝑓(⋅)‖. Then

𝜔𝑖 =
𝜃𝑖 = 𝑑𝑛 −

𝑐𝑖 =

𝑚
− 𝑚) ,
2𝑛

𝑥0 = 𝑎,

1
(𝑓 (𝑥𝑖 ) − 𝑓 (𝑥𝑖−1 )) ,
2𝑚

(𝑑𝑛 − 𝑑𝑛∗ ) 𝑛
,
𝑏−𝑎

(9)

(𝑑𝑛 − 𝑑𝑛∗ ) 𝑛
𝑏−𝑎
[𝑎 + (𝑖 − 1)
],
𝑏−𝑎
𝑛

𝑚
).
2𝑛
Proof. Divide [𝑎, 𝑏] into 𝑛 equal intervals; each has length of
(𝑏−𝑎)/𝑛 and let 𝑎 = 𝑥0 < 𝑥1 < ⋅ ⋅ ⋅ < 𝑥𝑛 = 𝑏. For 𝑖 = 1, 2, . . . , 𝑛,
we set 𝑐𝑖 = (1/2𝑚)(𝑓(𝑥𝑖 ) − 𝑓(𝑥𝑖−1 )), 𝑑𝑛 = 𝜙−1 ((𝑚/2𝑛) − 𝑚),
𝑚 = sup𝑥∈𝑅 |𝜙(𝑥)|, 𝜃𝑖 = 𝑑𝑛 −((𝑑𝑛 −𝑑𝑛∗ )𝑛/(𝑏−𝑎))[𝑎+(𝑖−1)((𝑏−
𝑎)/𝑛)], 𝑑𝑛∗ = 𝜙−1 (𝑚 − (𝑚/2𝑛)), 𝜔𝑖 = (𝑑𝑛 − 𝑑𝑛∗ )𝑛/(𝑏 − 𝑎).
For any 𝑥 ∈ [𝑎, 𝑏], given 𝑛, we assume that 𝑥 ∈ [𝑥𝑖−1 , 𝑥𝑖 ]
and note that
𝑑𝑛∗ = 𝜙−1 (𝑚 −

𝑛

1
(𝑓 (𝑥𝑖 ) − 𝑓 (𝑥𝑖−1 )) 𝜙 (𝜔𝑖 𝑥 + 𝜃𝑖 ) .
2𝑚
𝑖=1

𝑁𝑛 (𝑥) = ∑

(10)

Fix 𝑥∗ ∈ [𝑥𝑖−1 , 𝑥𝑖 ] and choose 𝑓, so that 𝑁𝑛 (𝑥𝑖∗ ) = 𝑓(𝑥𝑖∗ ). Let
𝐺𝑖 (𝑥𝑖∗ ) = 𝜙(𝜔𝑖 𝑥 + 𝜃𝑖 ); it follows that
𝑁𝑛 (𝑥) − 𝑓 (𝑥𝑖∗ )
𝑛

1
(𝑓 (𝑥𝑖 ) − 𝑓 (𝑥𝑖−1 )) 𝐺𝑖 (𝑥𝑖∗ )
2𝑚
𝑖=1

= 𝑁𝑛 (𝑥) − ∑

(11)

𝑛

1
(𝑓 (𝑥𝑖 ) − 𝑓 (𝑥𝑖−1 )) [𝐺𝑖 (𝑥) − 𝐺𝑖 (𝑥𝑖∗ )] .
2𝑚
𝑖=0

=∑

There are two possible cases to consider: (i) 𝑥 > 𝑥𝑖∗ ; (ii) 𝑥 ≤
𝑥𝑖∗ .
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Case (i). When 𝑥 > 𝑥𝑖∗ , we have, for 𝑖 = 1, 2, . . . , 𝑛,

𝑛 ∈ 𝑁, 𝑧 ∉ [𝑎, 𝑏]. Then there exists a neural network with two
weights and one hidden layer 𝑁𝑛 : [𝑎, 𝑏] → 𝑅 defined by

0 < 𝐺𝑖 (𝑥) − 𝐺𝑖 (𝑥𝑖∗ )
< 𝐺𝑖 (𝑥𝑖 ) −

𝑛

𝑁𝑛 (𝑥) = ∑𝑐𝑖 𝜙 (𝑙𝑖𝑠

𝐺𝑖 (𝑥𝑖∗ )

< 𝜙 (𝜔𝑖 (𝑎 + 𝑖

𝑖=1

𝑏−𝑎
) + 𝜃𝑖 ) + 𝑚
𝑛

(12)

= 𝜙 (𝑑𝑛 ) + 𝑚
=

0 > 𝐺𝑖 (𝑥) − 𝐺𝑖 (𝑥𝑖∗ )
> 𝐺𝑖 (𝑥𝑖−1 ) − 𝑚
= 𝜙 (𝜔𝑖 (𝑎 + (𝑖 − 1)

𝑏−𝑎
) + 𝜃𝑖 ) − 𝑚
𝑛

(13)

= 𝜙 (𝑑𝑛∗ ) − 𝑚

with 𝑝 < 𝑠, 𝑝 < 0 such that
𝑛+1
𝑏−𝑎


sup 𝑁𝑛 (𝑥) − 𝑓 (𝑥) ≤ (1 +
) 𝜂 (𝑓,
),
4𝑛
𝑛
𝑥∈[𝑎,𝑏]

(18)

Proof. We make fractional transformation 𝐻 : 𝑥 → 𝑢, where
𝑢 = (𝑥 − 𝑧)𝑠 /|𝑥 − 𝑧|𝑝−𝑠 , 𝑥 ∈ [𝑎, 𝑏]. Since 𝑧 ∉ [𝑎, 𝑏], thus 𝐻 is
a continuous transformation. Hence 𝑓([𝑎, 𝑏]) = 𝑈 is also a
bounded close set; moreover, 0 ∉ 𝑈.
There exists an inverse transformation for fractional
transformation 𝐻− : 𝑢 → 𝑥, where 𝑥 = 𝑧+𝑢1/𝑠 |𝑢|(𝑠−𝑝)/𝑠𝑝 , 𝑢 ∈
𝑈. So 𝑔(𝑢) = 𝑓(𝑥) = 𝑓(𝑧 + 𝑢1/𝑠 |𝑢|(𝑠−𝑝)/𝑠𝑝 ) is a continuous
real-valued function defined on bounded close set 𝑈. For
𝑔(𝑢), from Theorem 2, there exists a neural network with two
weights and one hidden layer 𝑁𝑛 : [𝑎, 𝑏] → 𝑅 defined by

𝑚
.
2𝑛

𝑛

𝑁𝑛 (𝑢) = ∑𝑐𝑖 𝜙 (𝑙𝑖𝑠 𝑢 − 𝜃𝑖 )

(19)

𝑖=1

From (12) and (13), it follows that
𝑚

∗ 
,
𝐺𝑖 (𝑥) − 𝐺𝑖 (𝑥𝑖 ) ≤
2𝑛

such that
𝑖 = 1, 2, . . . , 𝑛.

(14)

𝑛

𝑔̂ (𝑢) = ∑𝑐𝑖 𝜙 (𝑙𝑖𝑠 𝑢 − 𝜃𝑖 )
𝑖=1

Thus from (14), we have

𝑛

𝑁𝑛 (𝑥) − 𝑓 (𝑥𝑖∗ )

= ∑𝑐𝑖 𝜙 (𝑙𝑖𝑠
𝑖=1

𝑛

1 

∗ 
≤∑
𝑓 (𝑥𝑖 ) − 𝑓 (𝑥𝑖−1 ) 𝐺𝑖 (𝑥) − 𝐺𝑖 (𝑥𝑖 )
𝑖=0 2𝑚
≤

𝑛+1
𝑏−𝑎
𝑚
𝜂 (𝑓,
)×
2𝑚
𝑛
2𝑛

=

𝑛+1
𝑏−𝑎
𝜂 (𝑓,
).
4𝑛
𝑛

𝑛+1
𝑏−𝑎
) 𝜂 (𝑓,
).
4𝑛
𝑛

(𝑥 − 𝑧)𝑠
|𝑥 − 𝑧|𝑝 − 𝜃𝑖 )
|(𝑥 − 𝑧)|𝑠

(20)

= 𝑓̂ (𝑥)
(15)

which satisfies
𝑛+1
𝑏−𝑎


sup 𝑔 (𝑢) − 𝑔̂ (𝑢) ≤ (1 +
) 𝜂 (𝑓,
).
4𝑛
𝑛

(21)

This ends the proof of Theorem 4.

Therefore, we have
 

∗  
∗ 
𝑁𝑛 (𝑥) − 𝑓 (𝑥) ≤ 𝑁𝑛 (𝑥) − 𝑓 (𝑥𝑖 ) + 𝑓 (𝑥) − 𝑓 (𝑥𝑖 )
= (1 +

(17)

where 𝑐𝑖 is defined in Theorem 2 and 𝑙𝑖𝑠 is equal to 𝜔𝑖 in
Theorem 2.

𝑚
.
2𝑛

Case (ii). When 𝑥 ≤ 𝑥𝑖∗ , we have, for 𝑖 = 1, 2, . . . , 𝑛,

=−

(𝑥 − 𝑧)𝑠
|𝑥 − 𝑧|𝑝 − 𝜃𝑖 )
|(𝑥 − 𝑧)|𝑠

(16)

This ends the proof of Theorem 2.
Remark 3. The activation functions are assumed to be odd
functions in [2], while in this paper, this assumption is
removed. On the other hand, in the construction of neural
networks, threshold values and direction weight values are
different from those in [2].
Theorem 4. Suppose 𝜙 is a bounded, strictly monotonously
increasing, and odd function defined on 𝑅, 𝑓 ∈ 𝐶[𝑎, 𝑏], and

Remark 5. When 𝑝 < 𝑠, 𝑝 < 0, the network with two weights
is not BP and RBF neural network; thus, Theorem 4 validates
that the neural network with two weights has the same
approximation ability as BP and RBF neural network on any
bounded close set. When 𝑛 → ∞, from Theorem 4, this
neural network can approximate any continuous function
defined on a bounded close set.
Theorem 6. Suppose 𝜙 is a bounded, strictly monotonously
increasing, and odd function defined on 𝑅; 𝐷 is an unbounded
subset of 𝑅 (all accumulation points are in 𝐷 beside ∞) and𝑓 ∈
𝐶(𝐷), 𝑧 ∉ 𝐷, lim𝑥 → ∞ 𝑓(𝑥) = 𝑏(𝑐𝑜𝑛𝑠𝑡𝑎𝑛𝑡) and then there
exists a neural network with two weights and one hidden layer:
𝑛

𝑁𝑛 (𝑥) = ∑𝑐𝑖 𝜙 (𝑙𝑖𝑠
𝑖=1

(𝑥 − 𝑧)𝑠
|𝑥 − 𝑧|𝑝 − 𝜃𝑖 )
|(𝑥 − 𝑧)|𝑠

(22)
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with 𝑝 < 𝑠, 𝑝 < 0 such that

3. Conclusions

𝑛
(𝑥 − 𝑧)𝑠
𝑝
𝑓̂ (𝑥) = ∑𝑐𝑖 𝜙 (𝑙𝑖𝑠
𝑠 |𝑥 − 𝑧| − 𝜃𝑖 )
−
𝑧)|
|(𝑥
𝑖=1

(23)

which satisfies
𝑛+1
𝑏−𝑎


sup 𝑓̂ (𝑥) − 𝑓 (𝑥) < (1 +
) 𝜂 (𝑓,
).
4𝑛
𝑛

𝑥∈[𝑎,𝑏]

(24)

Proof. We make fractional transformation 𝐻 : 𝑥 → 𝑢, where
𝑢 = (𝑥 − 𝑧)𝑠 /|𝑥 − 𝑧|𝑝−𝑠 , 𝑥 ∈ 𝐷. Since 𝑧 ∉ 𝐷, thus 𝐻 is a
contimuous transformation on 𝐷 and as 𝑥 → ∞, 𝑢 → 0.
Let 𝐻(∞) = 0; 𝐻(𝑥) is a continuous function on 𝐷 ∪ {∞}.
We prove that 𝐻(𝐷 ∪ {∞}) = 𝐻(𝐷) ∪ {0} is a close set. If V is
an arbitrary accumulation point of 𝐻(𝐷) ∪ {0}, then V = 0 or
V is an accumulation point of 𝐻(𝐷). When V = 0, 𝑧 ∈ 𝐻(𝐷) ∪
{0}. When V is an accumulation point of 𝐻(𝐷), then there
exists a sequence 𝑢𝑘 ∈ 𝐻(𝐷) and another sequence 𝑥𝑘 ∈ 𝐷,
0 (𝑘 → ∞). From fractional
such that 𝑥𝑘 → 𝑢𝑘 , 𝑢𝑘 → V ≠
transformation, there exists 𝑢, 𝑧 = 𝑢, 𝑥𝑘 → 𝑥 such that 𝑢𝑘 →
𝑢. From 𝑢𝑘 → V ≠
0 (𝑘 → ∞) and inverse transformation
𝐻−1 : 𝑥 = 𝑧 + 𝑢1/𝑠 |𝑢|(𝑠−𝑝)/𝑠𝑝 , 𝑢 ∈ 𝑈, it follows that 𝑥 → ∞
does not hold. Hence 𝑥 is a finite point of 𝐷. Therefore 𝑥 ∈ 𝐷,
V = 𝑢 ∈ 𝐻(𝐷). So, 𝐻(𝐷 ∪ {∞}) = 𝐻(𝐷) ∪ {0} is a close set.
Let
𝑔 (𝑢) = 𝑓 (𝑥) = 𝑓 (𝑧 + 𝑢1/𝑠 |𝑢|(𝑠−𝑝)/𝑠𝑝 ) .

(25)

Then 𝑔(𝑢) is a continuous function on 𝐻(𝐷). Let 𝑔(0) =
𝑏 = lim𝑥 → ∞ 𝑓(𝑥); it is easy to prove that 𝑔(𝑢) is
a continuous function on 𝐻(𝐷) ∪ {0}. For a continuous function 𝑔(𝑢) defined on 𝐻(𝐷) ∪ {0}, by means of
Theorem 4, there exists a neural network with two weights
∑𝑛𝑖=1 𝑐𝑖 𝜙(𝑙𝑖𝑠 ((𝑥 − 𝑧)𝑠 /|(𝑥 − 𝑧)|𝑠 )|𝑥 − 𝑧|𝑝 − 𝜃𝑖 ) such that
𝑛

𝑔̂ (𝑢) = ∑𝑐𝑖 𝜙 (𝜔𝑖
𝑖=1

(𝑥 − 𝑧)𝑠
|𝑥 − 𝑧|𝑝 − 𝜃𝑖 )
|(𝑥 − 𝑧)|𝑠

(26)

= 𝑓̂ (𝑥)
which satisfies
𝑛+1
𝑏−𝑎


) 𝜂 (𝑓,
).
sup 𝑔 (𝑢) − 𝑔̂ (𝑢) ≤ (1 +
4𝑛
𝑛

(27)

This ends the proof of Theorem 6.
Remark 7. When 𝑝 < 𝑠, 𝑝 < 0, the network with two
weights is not BP and RBF neural network; thus, Theorem 6
validates that the neural network with two weights has the
approximation ability that BP and RBF neural network do
not have on any unbounded set. Namely, the network with
two weights has a better approximation ability than BP and
RBF neural network on any unbounded set. When 𝑛 → ∞,
from Theorem 6, this neural network can approximate any
continuous function defined on unbounded set.

In this paper, we construct a new BP neural network and
prove that the network has the approximation ability to any
nonlinear continuous function. In our result, the threshold
values and direction weight values in [2] are different from
those in our paper. Second, we prove that neural network with
two weights has the same approximation ability as BP neural
network and RBF neural network to any continuous function
defined on any bounded close set; furthermore, we prove that
neural network with two weights has a better approximation
ability than BP neural network and RBF neural network to
any continuous function defined on any unbounded set.
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This paper presents the multiclass classifier based on analytical center of feasible space (MACM). This multiclass classifier is
formulated as quadratic constrained linear optimization and does not need repeatedly constructing classifiers to separate a single
class from all the others. Its generalization error upper bound is proved theoretically. The experiments on benchmark datasets
validate the generalization performance of MACM.

1. Introduction
Multiclass classification is an important and on-going research subject in machine learning. Its application is immense, such as machine vision [1, 2], text and speech categorization [3, 4], natural language processing [5], and disease diagnosis [6, 7]. Two kinds of approaches have been
proposed to solve multiclass classification problem [8]. The
first multiclass classification approach is extending binary
classifier to handle the multiclass case directly. This included
neural networks, decision trees, support vector machines,
naive Bayes, and 𝐾-nearest neighbors. The second approach
decomposes the multiclass classification problem into several
binary classification tasks. Several methods are used for this
decomposition: one-versus-all [9], all-versus-all [10], and
error-correcting output coding [11].
The one-versus-all approach reduces the problem of
classifying among 𝐾 classes into 𝐾 binary problems, where
each problem discriminates a given class from the other 𝐾 − 1
classes.
For the all-versus-all method, a binary classifier is built
to discriminate between each pair of classes, while discarding
the rest of the classes. This requires building 𝐾(𝐾−1)/2 binary
classifiers for 𝐾 classes problem. When testing a new example,
voting is performed among the classifiers and the class with
the maximum number of votes wins.
For error-correcting output coding, it works by training
𝑁 binary classifiers to distinguish between the 𝐾 different

classes. Each class is given a codeword of length 𝑁 according
to a binary matrix 𝑀. Each row of 𝑀 corresponds to a certain
class.
The above multiclass classification algorithms need construct binary classifier repeatedly to separate a single class
from all the others for 𝐾 classes problem, which leads to
daunting computation and low efficiency of classification.
Reference [12] proposes multiclass support vector machine
(MSVM), which corresponds to simple quadratic optimization and need not repeat constructing binary classifier. However, support vector machine corresponds to the center of
the largest inscribed hypersphere of feasible space. When the
feasible space, that is, the space of hypotheses consistent with
the training data, is elongated or asymmetric, support vector
machine is not effective [13]. To address the above problems,
multiclass classifier based on the analytical center of feasible
space (MACM) is proposed. At the same time, in order
to validate its generalization performance theoretically, its
generalization error upper bound is formulated and proved.
And the experiments on benchmark dataset validate the
generalization performance of MACM.

2. Multiclass Analytical Center Classifier
To facilitate the discussion of multiclass analytical center
classifier, the following definitions are introduced.

2
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Definition 1 (chunk). A vector, k = (V1 , . . . , V𝑘𝑑 ) ∈ R𝑘𝑑 , is
broken into 𝑘 chunks (k1 , . . . , k𝑘 ) where the 𝑖th chunk k𝑖 =
(V(𝑖−1)∗𝑑+1 , . . . , V𝑖∗𝑑 ).
Definition 2 (expansion). Let Vec(𝑥, 𝑖) ∈ R𝑘𝑑 be a vector
where x ∈ R𝑑 is embedded in 𝑘𝑑 dimensions space by
writing the coordinates of x in the 𝑖th chunk of a vector
in R𝑘𝑑 . 0ℓ denotes the zero vector of length ℓ. Then,
Vec(x, 𝑖) can be written formally as the concatenation of three
vectors, Vec(x, 𝑖) = (0(𝑖−1)∗𝑑 , x, 0(𝑘−𝑖)∗𝑑 ) ∈ R𝑘𝑑 . And define
Vec(x, 𝑖, 𝑗) = Vec(x, 𝑖) − Vec(x, 𝑗) as a vector where x is
embedded in the 𝑖th chunk and −x is embedded in the 𝑗th
chunk of a vector in R𝑘𝑑 .
Definition 3. Given the sample (x, 𝑦) ∈ R𝑑 × {1, . . . , 𝑘},
its expansion is defined as 𝐺(x, 𝑦) = {Vec(x, 𝑖, 𝑗) | 𝑖 =
𝑦, 𝑗 = {1, . . . , 𝑘}/𝑖}; the expansion of the whole sample set 𝑆 =
{(x1 , 𝑦1 ), (x2 , 𝑦2 ), . . .} is defined as 𝐺(𝑆) = ⋃(x,𝑦)∈𝑆 𝐺(x, 𝑦).

Consider that
̃𝑖 , 𝑖) − Vec (𝐴
̃𝑖 , 𝑗) ,
̃𝑖 , 𝑖, 𝑗) = Vec (𝐴
Vec (𝐴
ℓ
ℓ
ℓ
𝑖, 𝑗 = 1, . . . , 𝑘, 𝑖 ≠𝑗, ℓ = 1, . . . , 𝑚𝑖 .
Thus, inequality (6) can be rewritten as follows:
̃𝑖 , 𝑖, 𝑗) w
̃ > 0,
Vec (𝐴
ℓ

𝑖, 𝑗 = 1, . . . , 𝑘, 𝑖 ≠𝑗, ℓ = 1, . . . , 𝑚𝑖 .

(1)

Definition 5 (piecewise linear classifier). Assume w = (w1 ,
. . . , w𝑘 ), where (w1 , . . . , w𝑘 ) ∈ R𝑘∗(𝑑+1) = R𝑑+1 × ⋅ ⋅ ⋅ × R𝑑+1 .
Given a new point x ∈ R𝑑+1 , a piecewise linear classifier is a
function 𝑓 : R𝑑+1 → {1, . . . , 𝑘} as follows:


𝑓 (x) = arg max w𝑖 x ,

(2)

𝑖=1,...,𝑘

where arg max returns to a class label corresponding to the
maximum value.
To simplify the notation for the formulation of multiclass
analytical center classifier, we consider an augmented weight
space as follows.
Let
̃𝑖 =
𝐴
ℓ

𝐴𝑖
[ ℓ]
1

∈ R𝑑+1 ,

𝑖

w
w
̃𝑖 = [ ] ∈ R𝑑+1 ,
𝛾

(3)

then, inequality (1) can be rewritten as
𝑖, 𝑗 = 1, . . . , 𝑘, 𝑖 ≠𝑗, ℓ = 1, . . . , 𝑚𝑖 .
(4)

Let w
̃ = (̃
w1 , . . . , w
̃𝑘 ) ∈ R𝑘∗(𝑑+1) = R𝑑+1 ×⋅ ⋅ ⋅×R𝑑+1 . Accord̃𝑖 into R𝑘∗(𝑑+1) space,
ing to Definition 2, embedding 𝐴
ℓ
inequality (4) has the following form:
̃𝑖 , 𝑖) − Vec (𝐴
̃𝑖 , 𝑗)) w
(Vec (𝐴
̃ > 0,
ℓ
ℓ
𝑖, 𝑗 = 1, . . . , 𝑘, 𝑖 ≠𝑗, ℓ = 1, . . . , 𝑚𝑖 .

𝑚𝑖

min Φ (̃
w) = − ∑

𝑘

∑

ℓ=1 𝑖 ≠𝑗,𝑖,𝑗=1

s.t.

ln 𝑆𝑖,𝑗,ℓ

1
ℎ (̃
w) = w
̃w
̃ − 1 = 0.
2

(5)

(8)

In order to further simplify the formulation of multiclass
analytical center classifier, we introduce some notations as
̃𝑖 , 𝑖, 𝑗) | 𝑖, 𝑗 = 1,
follows: 𝑀 = 𝑘 ∗ (𝑘 − 1) ∗ ∑𝑘𝑖=1 𝑚𝑖 , 𝐵 = {Vec(𝐴
ℓ
𝑀×𝑘∗(𝑑+1)
; let 𝐵𝑖 represent the
. . . , 𝑘, 𝑖 ≠𝑗, ℓ = 1, . . . , 𝑚𝑖 } ∈ R
𝑖th row vector of 𝐵. Then, the optimization problem (8) can
be rewritten as follows:
𝑀

min Φ (̃
w) = −∑ ln 𝑆𝑖
𝑖=1

s.t.

where 𝑆𝑖 = 𝐵𝑖 w
̃

1
ℎ (̃
w) = w
̃w
̃ − 1 = 0.
2

(9)

After solving the optimization problem (9) to get the
optimal weight w
̃∗ , we have a piecewise linear classifier 𝑓 :
𝑑+1
R
→ {1, . . . , 𝑘} computed in the following way:
𝑓 (x) = arg max w
̃𝑖∗ x ,
𝑖=1,...,𝑘

𝑖 = 1, . . . , 𝑘, ℓ = 1, . . . , 𝑚𝑖 ;
𝑖
̃𝑖 ̃𝑗 > 0,
̃𝑖 w
𝐴
ℓ ̃ − 𝐴 ℓw

𝑖, 𝑗 = 1, . . . , 𝑘, 𝑖 ≠𝑗, ℓ = 1, . . . , 𝑚𝑖 .
(7)

Inequality (7) represents the feasible space of w
̃ in the
higher dimension space R𝑘∗(𝑑+1) . Similar to the binary classification based on the analytical center of version space [8], we
̃𝑖 , 𝑖, 𝑗)̃
define the slack variable 𝑆𝑖,𝑗,ℓ = Vec(𝐴
w, 𝑖, 𝑗 = 1, . . . , 𝑘,
ℓ
𝑖 ≠𝑗, ℓ = 1, . . . , 𝑚𝑖 and then have the following minimization
problem, whose solver corresponds to the analytical center of
higher dimension space:

Definition 4 (piecewise linear separability). The point sets
𝐴𝑖 ∈ R𝑑×𝑚𝑖 , 𝑖 = 1, . . . , 𝑘 (𝑘 represents the class labels and 𝑚𝑖
the number of samples belonging to 𝑖th class), are piecewise
linear separable if there exists w𝑖 ∈ R𝑑 , 𝛾𝑖 ∈ R, 𝑖 = 1, . . . , 𝑘,
where 𝑑 represents the dimension of point, such that
𝐴𝑖ℓ w𝑖 − 𝛾𝑖 > 𝐴𝑖ℓ w𝑗 − 𝛾𝑗 ,

(6)

(10)

where argmax returns to a class label corresponding to the
maximum value.
If the dataset is not piecewise linear separable, the kernel
function is used to map the data into high dimension linear
space.

3. Generalization Error Bound of
Multiclass Analytical Center Classifier
In order to analyze the generalization error bound theoretically, we introduce the definition of classification margin and
data radius and then deduce the margin-based generalization
error bound of MACM.

The Scientific World Journal

3

Definition 6 (classification margin). Given the linear classi
fier ℎ(x𝑗 ) = arg max𝑖=1,...,𝑘 w
̃𝑖 x̃𝑗 , the classification margin of
the sample (x𝑗 , 𝑦𝑗 ) ∈ R𝑑 × {1, . . . , 𝑘} is defined as follows:
𝑟𝑗 =

min

𝑙=𝑦𝑗 ,𝑖={1,...,𝑘}/𝑙





(̃
w𝑙 x̃𝑗 − w
̃𝑖 x̃𝑗 ) .

(11)

For
the
whole
training
set
𝑆
=
{(x1 , 𝑦1 ), (x2 , 𝑦2 ), . . . , (x𝑚 , 𝑦𝑚 )}, the minimal margin is
as follows:
margin𝑆 (ℎ) = min 𝑟𝑗 .
(x𝑗 ,𝑦𝑗 )∈𝑆

(12)

Theorem 10. The binary classification of sample 𝑃(𝐴) by
analytical center classifier is equivalent to the multiclass classification of sample 𝐴 = {𝐴𝑖 }𝑘𝑖=1 by multiclass analytical center
classifier.
Proof. Assume that {𝑋𝑖+ , 𝑌+ } ∈ 𝑃+ (𝐴), {𝑋𝑖− , 𝑌− } ∈ 𝑃− (𝐴), 𝑖 =
1, . . . , |𝑃+ (𝐴)|; then, binary classification is to solve the
following feasible problem:


𝑖 = 1, . . . , 𝑃+ (𝐴) ,

𝑌+ (𝑋𝑖+ w + 𝑏) > 0,



𝑖 = 1, . . . , 𝑃− (𝐴) .

𝑌− (𝑋𝑖− w + 𝑏) > 0,

(16)

Definition 7 (data radius). Given dataset 𝑆 = {(x1 , 𝑦1 ), (x2 ,
𝑦2 ), . . . , (x𝑚 , 𝑦𝑚 )}, the data radius is defined as follows:
 
𝜍 (𝑆) = max x𝑖 .
(13)
x𝑖 ∈𝑆

Suppose the bias 𝑏 equals 0, because 𝑃− (𝐴) and 𝑃+ (𝐴) are
symmetrical on the origin. The feasible constraints can be
rewritten as follows:

Theorem 8. Define data radius of dataset 𝑆 as 𝜍(𝑆) and data
radius of dataset Vec(𝑆, 𝑖, 𝑗) as 𝜍(Vec(𝑆, 𝑖, 𝑗)); if 𝜍(𝑆) ≤ 𝑅, then
𝜍(Vec(𝑆, 𝑖, 𝑗)) ≤ 2𝑅.

(17)

Proof. Consider the following:

𝑋𝑖+ w > 0,

The feasible constraints (17) define the feasible space of weight
vector w ∈ R𝑘∗(𝑑+1) ; the binary classification by analytical
center classifier can be formulated as follows:
|𝑃+ (𝐴)|

𝜍 (Vec (𝑆, 𝑖, 𝑗))

min Φ (w) = − ∑ 𝑋𝑖+ w > 0



= max Vec (x𝑙 , 𝑖, 𝑗)

𝑖=1

x𝑙 ∈𝑆



= max Vec (x𝑙 , 𝑖) − Vec (x𝑙 , 𝑗)
x𝑙 ∈𝑆

s.t.
(14)


 

≤ max (Vec (x𝑙 , 𝑖) + Vec (x𝑙 , 𝑗))
x𝑙 ∈𝑆




= max Vec (x𝑙 , 𝑖) + max Vec (x𝑙 , 𝑗) .
x𝑙 ∈𝑆

x𝑙 ∈𝑆

Because ‖ Vec(x, 𝑖)‖ = ‖(0, x, 0)‖ = ‖x‖, 𝜍(Vec(𝑆, 𝑖, 𝑗)) ≤ 2 ∗
maxx𝑖 ∈𝑆 ‖x𝑖 ‖ = 2𝑅. This ends the proof of Theorem 8.
Theorem 9 (see [14]). Consider thresholding of a real-valued
function H with unit weight vectors ‖w‖ = 1 on the inner
product space 𝑋 and fix margin 𝑟 ∈ R+ . For any probability
distribution D on 𝑋 × {−1, 1} with support in a ball of radius
𝑅 around the origin, with probability 1 − 𝛿 over 𝑚 random
samples 𝑆, any hypothesis ℎ ∈ H with margin𝑆 (ℎ) ≥ 𝑟 on 𝑆
has error more than
errD (ℎ) = 𝜀 (𝑟, 𝑚, 𝛿, 𝑅)
=



𝑖 = 1, . . . , 𝑃+ (𝐴) .

2 64𝑅2
emr
32𝑚
4
( 2 log 2 log 2 + log ) ,
𝑚
𝑟
8𝑅
𝑟
𝛿

(15)

provided 𝑚 > 2/𝜀, 64𝑅2 /𝑟2 < 𝑚.
From Definition 3 and inequality (7), it is shown that
̃w =
to correctly classify the sample 𝐴𝑖 , 𝑖 = 1, . . . , 𝑘, 𝐺(𝐴)̃
𝑘 ̃𝑖
𝐺(⋃𝑖=1 𝐴 )̃
w > 0 is satisfied. Here, one introduces the
̃ +1} ∈ R𝑘∗(𝑑+1) × {+1}
samples’ pairs 𝑃+ (𝐴) = {𝐺(𝐴),
̃ −1} ∈ R𝑘∗(𝑑+1) × {−1}, where 0, 1
and 𝑃− (𝐴) = {−𝐺(𝐴),
denote the corresponding dimension vector with elements 0 or 1,
respectively. So, one can construct the new samples’ set 𝑃(𝐴) =
𝑃+ (𝐴) ⋃ 𝑃− (𝐴) ∈ R𝑘∗(𝑑+1) × {−1, +1}.

1 
w w − 1 = 0.
2

(18)

Because 𝑋𝑖+ ∈ 𝐺(𝐴) and |𝑃+ (𝐴)| = |𝐺(𝐴)|, the problem (18) is
equivalent to problem (8). This ends the proof of Theorem 10.
Theorem 11. Consider the classifiers’ set H from Definition 5
with ∑𝑖=1,...,𝑘 ‖w𝑖 ‖ = 1 on the inner product space 𝑋, where
ℎ : R𝑑+1 → {1, . . . , 𝑘} and fix margin 𝑟 ∈ R+ . For any
probability distribution D on 𝑋 × {1, . . . , 𝑘} with support in a
ball of radius 𝑅 around the origin, with probability 1−𝛿 over 𝑚
random samples 𝑆, any hypothesis ℎ ∈ H with margin𝑆 (ℎ) ≥ 𝑟
on 𝑆 has error more than
errD (ℎ) = 𝜀 (𝑟, 𝑚, 𝛿, 𝑅, 𝑘)
=

4 (𝑘 − 1) 256𝑅2
emr
32𝑚
4
log 2 + log )
( 2 log
𝑚
𝑟
32𝑅2
𝑟
𝛿
(19)

provided 𝑚 > 2/𝜀, 64𝑅2 /𝑟2 < 𝑚.
Proof. Because the sample in 𝑃(𝑆) is not independent,
the generalization error bound cannot be attained from
Theorem 9. Theorem 9 is independent of the sample distribution, so we can construct a new sample distribution
D . According to the new distribution and dataset 𝑆 to
generate the independent sample set 𝑃 (𝑆) with 𝑚 samples,
that is, for every (x, 𝑦) ∈ 𝑆, define 𝑃 (x, 𝑦) as the point
sampled uniformly and randomly from 𝑃(𝑆) according to
the distribution D ; then, we have 𝑃 (𝑆) = ⋃(x,𝑦)∈𝑆 𝑃 (x, 𝑦).
From Theorem 8, the data radius 𝜍(𝑃 (𝑆)) of 𝑃 (𝑆) satisfies
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𝜍(𝑃 (𝑆)) ≤ 2𝑅. The generalization error of hypothesis ℎ over
𝑃 (𝑆) from Theorem 9 can be calculated as follows:

Table 1: The generalization error of MACM and MSVM.
Degree of polynomial

Dataset

Classifier

1

3

(20)
2 256𝑅2
emr
32𝑚
4
log 2 + log ) .
( 2 log
2
𝑚
𝑟
32𝑅
𝑟
𝛿

Wine

M-ACM
M-SVM

97.74
97.19

98.65
97.75

Event 𝐸𝑖 which denotes a sample in 𝑃(𝑆) is wrongly
classified and event 𝐶 which denotes the misclassification
occurs in 𝑃 (𝑆). From the above analysis, the misclassification
of any sample in 𝑃(𝑆) causes the misclassification of the point
in 𝑃 (𝑆), so that the probability of events 𝐸𝑖 and 𝐶 satisfies the
following inequality:

Glass

M-ACM
M-SVM

56.46
55.14

69.38
66.15

errD (ℎ) = 𝜀 (𝑟, 𝑚, 𝛿, 𝑅)
=

𝑃 (𝐸𝑖 ) ≤ 𝑃 (𝐶) .

(21)

Because the cardinality of 𝑃(𝑆) equals 2(𝑘−1), the probability
of sample misclassification in 𝑃(𝑆) is written as follows:

analysis. This dataset is comprised of six classes of 214
points with 9 features. The distribution of points by class
is as follows: 70 float processed building windows, 17 float
processed vehicle windows, 76 nonfloat processed building
windows, 13 containers, 9 tableware, and 29 headlamps.
Table 1 contains the results for MACM and MSVM on
wine and glass datasets. As anticipated, MACM produces
better testing generalization than MSVM.

2(𝑘−1)

𝑃 ( ⋃ 𝐸𝑖 ) .

(22)

𝑖=1

From union bound theorem, we have the following inequality:
2(𝑘−1)

2(𝑘−1)

2(𝑘−1)

𝑖=1

𝑖=1

𝑖=1

𝑃 ( ⋃ 𝐸𝑖 ) ≤ ∑ 𝑃 (𝐸𝑖 ) ≤ ∑ 𝑃 (𝐶) .

(23)

So the generalization error of hypothesis ℎ over 𝑆 is
errD (ℎ) = 𝜀 (𝑟, 𝑚, 𝛿, 𝑅, 𝑘)
2(𝑘−1)

= ∑
𝑖=1

2 256𝑅2
emr
32𝑚
4
log 2 + log )
( 2 log
𝑚
𝑟
32𝑅2
𝑟
𝛿

emr
32𝑚
4
4 (𝑘 − 1) 256𝑅2
log 2 + log ) .
( 2 log
=
2
𝑚
𝑟
32𝑅
𝑟
𝛿
(24)
This ends the proof of Theorem 11.

4. Computational Experiments
In this section, we present the computational results comparing multiclass analytical center classifier (MACM) and multiclass support vector machine (MSVM) [12]. A description
of each of the datasets follows this paragraph. The kernel
function for the piecewise nonlinear MACM and MSVM
methods is 𝑘(x, x𝑖 ) = (xx𝑖 /𝑁 + 1)𝑛 , where 𝑛 is the desired
polynomial.
Wine Recognition Data. The wine dataset uses the chemical
analysis of wine to determine the cultivar. There are 178 points
with 13 features. This is a three class dataset distributed as
follows: 59 points in class 1, 71 points in class 2, and 48 points
in class 3.
Glass Identification Database. The Glass dataset is used to
identify the origin of a sample of glass through chemical

5. Summary
In this paper, the multiclass analytical center classifier based
on the analytical center of feasible space, which corresponds
to a simple quadratic constrained linear optimization, is
proposed. At the same time, in order to validate its generalization performance theoretically, its generalization error upper
bound is formulated and proved. By the experiments on
wine recognition and glass identification dataset, it is shown
that the multiclass analytical center classifier outperforms
multiclass support vector machine in generalization error.
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This paper studies the DNS cache effects that occur on query distribution at the CN top-level domain (TLD) server. We first filter
out the malformed DNS queries to purify the log data pollution according to six categories. A model for DNS resolution, more
specifically DNS caching, is presented. We demonstrate the presence and magnitude of DNS cache effects and the cache sharing
effects on the request distribution through analytic model and simulation. CN TLD log data results are provided and analyzed based
on the cache model. The approximate TTL distribution for domain name is inferred quantificationally.

1. Introduction
The domain name system (DNS) is one of the most critical infrastructures of today’s Internet [1], translating userfriendly host names into IP addresses.
The scalability of DNS relies heavily on the aggressive use
of caching, which helps to cut client-perceived lookup delays
and limit the wide-area network bandwidth consumption.
For the top-level domain servers at the top of the DNS
name space hierarchy, caching is especially advantageous for
lowering the otherwise overwhelmingly high load. Compared
with noncaching scenarios, DNS cache servers (mostly also
called recursive servers) virtually play as proxies between the
Internet users and the answering authoritative servers. Only
the DNS requests from users missing the cache eventually
arrive at the authoritative servers, while those hitting the
cache should never be seen by the authoritative servers.
Due to this kind of blinding effects, the original user query
behaviors are hardly exposed to the authoritative servers and
this tends to complicate or obscure the analysis of query
behavior and the retrieval of query patterns.
It is commonly agreed that web traffic follows the Zipflike distribution [2], which lays an analytical foundation for
improving web access performance. Previous study shows
that the noncached DNS request traffic also exhibits the
Zipf-like distribution [3]. Given that the cache mechanism

is widely employed in the DNS nowadays, we have no
knowledge about how the DNS cache impacts the DNS query
distribution. The analytical and measurement investigations
of such effects are generally requisite for fully understanding
the query load observed at authoritative servers and thereby
facilitating the system improvements, performance enhancing, and protocol optimization efforts. The analysis presented
in this paper is even more contributive to the area of DNS
traffic modeling and monitoring, considering the facts that
the query data collected at the user side are rarely available
(mostly due to the privacy concerns), while those can be
readily recorded at the authoritative servers. This work acts as
an attempt to infer the user behavior through the modeling of
the cache system utilizing authoritative server’s query log.
There is hardly any previous work on the analytical explanation of DNS query distribution on authoritative servers,
especially top-level domain servers. The most relevant work
involves measurement studies on the DNS traffic at root
servers [4], analysis of DNS resource records time-to-live
(TTL) values at authoritative DNS server to balance DNS
query rate at the desired level [5], and the effect of DNS
caching perceived by Internet users [3]. But none of the work
focuses on the bridging between traffic pattern of users and
authoritative servers based on analysis of DNS caching. Our
work seeks to fill the gap and make the DNS traffic more
analyzable and understandable.
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This paper is organized as follows. In Section 2, we filter
out the five categories of malformed queries in the raw log
file. Section 3 presents the caching model and the theoretical
results on the query distribution. In Section 4, based on the
purified data, we give the popularity of domain names and
infer their TTL distribution.

2. Filter Out Malformed DNS Queries
2.1. The Data. The DNS name space is hierarchical, where
the upper level domain is administratively responsible for
its lower level domains. Different domain levels play different roles, in both technique and policy. Top-level domain
(TLD) is the highest level domain category in DNS. TLDs
that are delegated for noncountry specific usage are called
generic top-level domains (gTLDs). For example, .com, .net,
and .org are among the currently most popular gTLDs. Twoletter country code domains reserved for every country
or region in the world is another type of TLDs, namely,
country code top level domains (ccTLDs). Examples of
ccTLDs include .uk (United Kingdom), .us (United States),
.ca (Canada), and .cn (China). China Internet Network Information Center (CNNIC) takes the responsibility of China’s
domain name registry to operate and administrate “.CN”
country code top-level domain (ccTLD) and Chinese domain
Name (CDN) system.
There are currently 6 CN TLD name servers specified,
with names in the form letter .dns.cn, where letter ranges
from a toe, pulsing ns.cernet.net. However, 4 of these 6 names
have physical servers in multiple geographically distributed
locations, using anycast address announcements to provide
decentralized service. There are 15 anycast instances in 8 sites
for CN TLD.
BIND is by far the most popular implementation of
DNS today [1]. As a means for DNS diagnosis and analysis,
BIND supports extensive logging, which consists of writing
information to a debug file and sending information to syslog.
All DNS query events, specified by the query category, are
recorded in the log file by BIND. The log file is usually of the
plain text format, which provides the raw DNS query data.
A typical query record includes time, IP, port, domain name,
and query type.
In this paper, we record query log by BIND at each
CN TLD instance for approximate 24 hours from 22 March
2011, 22:54:44.474, to 23 March 2011, 23:06:39.727, and then
accumulate them as a one-day’s log. The total log file is over
200 GB and contains 1,047,586,432 queries.
2.2. Categorize Malformed Queries. Previous study observed
a variety of problems with DNS queries [4, 6, 7], and here
we refer to those kinds of DNS queries that should not
occur on the wide-area Internet as malformed ones. As
the malformed DNS queries actually pollute the Internet
and have little, if not none, valuable information about the
behavior of requesting domain names, we need firstly to filter
out them to clarify the data set. We define the following
five malformed query categories and describe what kind of
characteristics the queries should have to match that category.
Note that each query may be placed into more than one
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category. For example, the DNS log may contain a recursion
desired query with an unknown TLD, thus qualifying for two
categories. Our categories are as follows.
Undelegated TLD. This category refers to a top-level domain
that is not officially delegated by ICANN. These invalid
TLDs are found in the queries at CN TLD servers. Local
misconfiguration is the main source of such TLDs, which
is manifested by some local names like localhost, local, and
corp. Other undelegated TLDs look like filename extensions,
such as txt, html, and c.
Recursion Desired. There is a bit allocated in the DNS message,
named recursion desired or RD [8]. It specifies whether the
query requests recursive resolution service. While RD may
be requested by any authoritative-only oblivious clients, the
CN TLD servers as well as other TLD servers never provide
recursive resolution service. For those RD requesters, the
responses are always unsatisfactory since the responses are
usually not the direct answers to the questions.
Private Source IP. Some IP addresses specified in RFC 1918
are reserved for private usages and should not be seen in the
public network [9]. These private source IP addresses may be
mistakenly leaked from the local area network traffic. Since
the IP addresses are not globally routable, the responses are
also unlikely to reach the requesters.
Illegal Characters in Query Name. The only valid characters
in DNS names are the letters A–Z, numbers 0–9, and hyphen
per the DNS protocol specifications [10]. While some DNS
modifications have been standardized to accommodate the
non-ASCII characters for languages other than English, such
usages are quite limited till now. Moreover, such “internationalized domain names” should use the prefix “xn-.” In this
paper, we filter out queries that contain characters outside the
range defined by RFC 1035 [10].
Non-CN TLD. As mentioned above, CN TLD server is
only responsible for CN domain name resolution. Therefore,
resolvers should not request it for other TLDs. But actually we
observed a nonignorable amount of non-CN DNS queries in
the log. These non-CN TLDs include COM, NET, and ARPA.
This would bring a waste of resources, as CN TLD server
could do nothing but give a NXDOMAIN reply.
Unused Query Class. The DNS specifications only define five
query classes: IN (1), CHAOS (3), HS (4), NONE (254), and
ANY (255) [11]. As no other classes are defined, queries with
unknown classes arriving at a CN TLD name server should
be taken as malformed queries.
2.3. Filtered Data Results. According to the categories of
malformed queries defined in Section 2.2, we filter out
these categories with a self-written script. This leaves us
with a few files containing all the queries of each category
and another file containing remaining queries. We base our
analysis on this legitimate data left as only this purified data
is trustworthy for further study.
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Table 1: CN Malformed query classification.
Percent
(/legitimate)

Percent
(/total)

Legitimate
Undelegated TLD
Non-CN TLD
Recursion desired
Private source IP
Illegal name

896,525,985
39,552
125,547,431
2,262,502
15,713,796
1,208,211

100
0.005
13.99
2.52
1.23
0.35

85.60
0.004
11.98
2.16
1.05
0.30

Total

1,047,586,432

116.82

100

Table 1 shows the count and percentage breakdowns for
the five query classifications defined in Section 2.2. Note that
we found no unused query class in the data, which is different
from previous study [4, 6, 7]. The legitimate data contain
896,525,985 queries from 11,153 unique source addresses and
the distribution of number of queries per source is extremely
skewed. Figure 1 shows the source’s rank (in the order of
decreasing number of queries) on the x-axis and the number
of queries per source on the y-axis. The number 1 ranking
source alone sent 12,287,279 queries during the 24-hour
observation period.

3. Models of DNS Resolutions
In this section, we present an overview of DNS, describe the
resolution of a DNS system, and then model the DNS system
as a whole for further analysis.
3.1. DNS Queries. The major task carried out by a name
server is to respond to queries (questions) from a local or
remote resolver or another name server acting on behalf of
a resolver. A name server may have zone files that define it
to be authoritative for some (if any) domains and slaves for
others and may be configured to provide caching, forwarding,
or other behaviors for other domains or users.
There are two types of queries defined for DNS systems.
Recursive Queries. The answer to a recursive query is the final
answer to the question. This means that the receiving name
server will complete all the relevant queries necessary for the
final answer. This may involve contacting some authoritative
name servers to obtain the intermediate referral information.
Due to the security considerations, most authoritative name
servers are not required to support recursive queries.
Iterative Queries. To answer an iterative query, the name
server is not necessarily authoritative for the requested name.
Only if the name server has any information useful for the
final answer, it will return it. This information is called the
referral information. Compared with recursive queries, the
receiving name server is not required to make additional
requests and return additional information if it has no useful
information in itself. All name servers should at least support
iterative queries.
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Figure 1: Frequency of request versus IP rank.
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Figure 2: Recursive query resolution.

Figure 2 illustrates the typical recursive resolution mechanism. The client’s browser is installed with a resolver, and
the resolver requests a local recursive server for a name
(e.g., example.com). If the query misses the DNS cache in
this recursive server, the server will follow the steps in the
figure to obtain the addresses for example.com. Requests will
begin at well-known root servers in the DNS hierarchy. If
the queried server has delegated its subzone containing the
queried name, it returns a referral response. The response
conveys the set of servers authoritative for the referral. The
recursive server will choose one of these referral servers and
repeat its question. This process typically proceeds until the
final answer is returned by the authoritative server.
3.2. DNS Agent Assumptions. All DNS agents fall into one
of two classes: stub and recursive. Stub resolvers are the
simplest resolvers with the minimum functions. They rely on
recursive resolvers that understand name server referrals. The
implementations of recursive resolvers include the Berkeley
Internet Domain Name (BIND) [1] server and Microsoft’s
DNS server. Except for a few public recursive DNS services,
recursive resolvers are largely operated by organizations
to serve their local clients. Recursive name servers can
understand referrals and send iterative queries following
these referrals. Recursive name servers may also cache the
responses to save the lookup costs.
In this paper, we assume that only caching, recursive
name servers talk to the authoritative servers or all queries
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come from caching servers. This assumption is logical for
two reasons. Firstly, an overwhelming proportion of DNS
queries do come from their local recursive name servers
for these servers are the common Internet infrastructures
in most areas. Secondly, most noncaching queries appear to
come from stub resolvers and their RD bits are usually set
by the stub resolvers. As discussed in Section 2, these RD
queries are filtered out. Therefore, we can safely assume that
all queries come from DNS agents which are caching name
servers.
3.3. Models of DNS Resolutions. According to the assumption
of Section 3.3, all queries for CN domain name generated by
client applications should arrive at the caching name server,
and then these servers request the CN TLD server for the
resolution answer on behalf of the initial query generator.
Thus all queries, if not hit in the server cache, can reach the
CN TLD server and be recorded by the DNS log. Figure 3
shows that model.
To simplify the analysis of DNS query distribution, we
assume that all clients share the common interests. So they
produce queries for different CN domain names with the
same proportion. At the same time, we allow that clients may
have varied DNS traffic. The local caching name server talks
to the CN TLD server for clients and thus acts as an agent
as to the CN TLD server. Considering the different quantity
of clients requesting local caching name servers, the clients’
queries accumulated by the servers may also differ. What the
CN TLD server sees is queries from a number of local DNS
servers with hidden clients’ requests.

4. Cache Effects of DNS Servers
In this section, we study an analytic model of DNS caching
and formulate the hit and miss rate as well as the request rate
for the CN TLD server. We also demonstrate the cache and
cache sharing effects on query distribution.
4.1. Analytic Models. A simple analytic model for the cache
query process is presented in [12]. Let the sequence of interarrival times of queries for the given data item be a sequence
of independent and identically distributed (i.i.d.) random
variables. This means that the interquery times are a renewal
process.
Figure 4 illustrates the idea. A cache miss happens at time
𝑡 = 0. Subsequently, three queries come successively, at times
𝑆1 , 𝑆2 , and 𝑆3 . These three queries are cache hits because they
occur before the TTL expires at time 𝑡 = 𝑇. The afterward
fourth query at time 𝑆4 occurs after 𝑡 = 𝑇, and therefore it
is a cache miss. According to the renewal process analysis, let
𝑁(𝑡) be equal to the number of queries for the given data item
in the interval (0, 𝑡]. So, we have 𝑁(𝑇) = 3, and the number
of cache hits per miss is 3.
Let 𝐻(𝑇) represent the limiting hit rate if the TTL is
𝑇. Then, the limiting miss rate, denoted by 𝑀(𝑇), can be
obtained. So, we have
1
𝐸 [𝑁 (𝑇)]
,
𝑀 (𝑇) =
. (1)
𝐻 (𝑇) =
𝐸 [𝑁 (𝑇)] + 1
𝐸 [𝑁 (𝑇)] + 1
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We assume poisson arrivals for the distribution of interrequest times. The request rate 𝜆 is defined to be the expected
number of requests in a unit duration. So, we can have closedform expressions for the hit rate and miss rate as a function of
the TTL and 𝜆. Assume there is one client requesting its local
name server; then the hit and miss rate can be expressed as
𝐻1 (𝑇) =

𝜆𝑇
,
𝜆𝑇 + 1

𝑀1 (𝑇) =

1
.
𝜆𝑇 + 1

(2)

Usually, a local name server has more than one client
(say, 𝑛). Let the clients’ queries arrive at the local server
independently and their request rates be the same as 𝜆. Then
according to the property of poisson process, the aggregated
query arrival rates at the local server are 𝑛𝜆. Then, the hit rate
and miss rate can be expressed as
𝐻𝑛 (𝑇) =

𝑛𝜆𝑇
,
𝑛𝜆𝑇 + 1

𝑀𝑛 (𝑇) =

1
.
𝑛𝜆𝑇 + 1

(3)

4.2. Cache Effects on Query Distribution. As described in
Section 3, the queries recorded in DNS log of the CN TLD
server are actually the cache missed ones of local caching
name servers. Such request rate for the CN TLD server 𝑟TLD
can be expressed as
1
𝑟TLD
= 𝜆 ∗ 𝑀 (𝑇) .

(4)

For multiple clients requesting a local server, (4) changes
as follows:
𝑛
= 𝑛𝜆 ∗ 𝑀𝑛 (𝑇) .
𝑟TLD

(5)

One common characteristic in web workloads is the
highly uneven distribution of references to files. In many
cases, Zipf ’s law has been applied to model file popularity
[2]. Zipf ’s law expresses a power-law relationship between the
popularity 𝑃 of an item (i.e., its frequency of reference) and its
rank 𝑟 (i.e., relative rank among the referenced items, based
on frequency of reference). This relationship is of the form:
𝑃 (𝑟) =

𝑐
,
𝑟𝛽

(6)

where 𝑐 is a constant and 𝛽, known as the exponent or scaling
parameter, is often close to 1.
Previous studies show that the popularity of domain
names also follows a Zipf-like distribution with 𝛽 ≈ 0.91.
Here, we analytically study what are the local DNS server’s
caching effects on the Zipf ’s-like distribution of popularity of
domain names.
The request rate for a domain name should be in direct
proportion to its popularity; that is,
𝜆 (𝑟) =

𝑏
,
𝑟𝛽

(7)

where 𝑏 is a constant. We let 𝑏, the request rate for the most
popular domain name, be 1,000 request/hour and the TTLs
of all domain name resource records are all 1 hour. Let 𝛽 =
1, 1 ≤ 𝑟 ≤ 2, 000, 000. Figure 5 shows the domain name

The Scientific World Journal

5

Query
Query
DNS
local 1

···
Query

Query

Query
DNS
local 2

Query

CN TLD server

Query

···

Query

···

Query

Query

Query

DNS
local n

···

Query

Figure 3: Model of DNS resolution.
x1

0
M

x2

S1
H

x3

S2
H

x4

S3
H

T

S4

t

M
N(T) = 3

Figure 4: Renewal model for query process.

popularity profile for the resulting cached queries for the
CN TLD server. The primary impact of the DNS cache is to
truncate or flatten the top-left portion of the original Zipf-like
domain popularity distribution. In other words, most of the
hits in the cache are for the highly popular domains that are
rereferenced at short intervals.
4.3. Effect of Cache Sharing. The cache DNS name server has
the aggregation effect on the original queries from its local
clients. A request is not necessarily hit by the one cached
from the same clients and it may be alternatively matched by
the other clients’ previous missed domain names. So, more
local clients in a cache name server means higher cache hit
rate and therefore more flattening effect on the domain name
distribution.
We vary the number of clients requesting a local name
server from 1, 10 to 100 while holding the other parameters

as shown in Section 4.2. The resulting domain name distributions are shown in Figure 6. As expected, only the leftmost
portion of Figure 6(a) is almost flat, reflecting fairly uniform
popularity of the most popular domain names seen by the
CN TLD server. By contrast, the flattened portion is relatively
larger in Figure 6(c) than in Figure 6(a), thanks to the cache
sharing effect.

5. Log Data Results and Analysis
To deduce how the popularity of names varies in our CN
TLD server log file, we plot query counts as a function of the
popularity rank of a name. This graph, on a log-log scale, is
shown in Figure 8.
In Figure 8, our observations are approximately consistent with a power law distribution. Granted that the query
frequencies of domain names are independent and identically
distributed, we give the maximum likelihood estimation
(MLE) of the scaling parameter 𝛽. As a function of 𝛽, the
likelihood function can be expressed as follows:
𝑆

𝑛𝑟

𝐿 (𝛽) = ∑ log 𝑝(𝑟 | 𝛽)
𝑟=1
𝑆

𝑆

𝑟=1

𝑟 =1

(8)
 −𝛽

= −∑𝑛𝑟 {𝛽 log 𝑟 + log ∑ 𝑟

}.
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Figure 7 is the likelihood function under different scaling
parameter values. We can see that the maximum likelihood
estimation is 𝛽 ≈ 0.98, which indicates that the popularity of
domain names follows a Zipf ’s distribution. The red line in
Figure 8 is the fitting power law distribution with 𝛽 = 0.98.
A typical DNS caching name server, usually the recursive
one, has more than one hundred clients. Some large ISPs and
organizations may even have thousands of clients requesting
DNS cache service. So, the average conservative estimation of
caching group size is 100. However, note that the distribution
pattern differs markedly in Figures 6 and 8 (the initial straight
line is better conserved in Figure 8 while severely flattened
in Figure 6). Thus, the assumption of common TTL for
Figure 6 seems unreasonable. Then, how TTL has effects on

the distribution of domain popularity? Or what kind of TTL
distribution just fits the curve in Figure 8? To answer this
question we give the following theorem.
Theorem 1. Given that the request rate for a domain name
follows a Zipf ’s-like distribution as (7) and the popularity of
domain name observed at the CN TLD server also follows
Zipf ’s-like distribution, the TTL distribution of domain name
can be expressed as follows:
𝑇 = 𝑎 ∗ 𝑟𝛾 ,
where 𝑎 is a constant and 𝛾 is very close to 𝛽.

(9)
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server, we have inferred the approximate TTL distribution for
domain name quantificationally.
Zipf-like distribution mainly comes from the request
concentration. The load of CN TLD server is dominated by
a small number of hot domain names. As this concentration
is caused by the TTL’s exponential-like distribution, we can
enhance the cache effect by increasing the TLL value for the
most popular domain names. However, this solution blocks
DNS-based load balancing. Therefore, we suggest that DNSbased load balancing is not recommended for lowering the
load of CN TLD DNS servers. Instead, there are alternative
ways to perform load balancing by DNS. One possible way
is to release the task of load balancing for the local DNS.
The authoritative server answers the query with multiple
name servers. Local DNS servers can use some algorithm to
spread the load and therefore ensure the desired result. For
instance, it can provide each name server once in a roundrobin sequence weighted by some factors.

6. Conclusions

6

Our study shows that DNS query for the CN TLD server
follows Zipf-like distribution. Through the analytic model
and analysis of cache effects, we have inferred the TTL’s
exponential-like distribution. This distribution lays out a
theoretical foundation to improve current DNS systems for
lowering the load of DNS CN TLD servers.
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To improve the performance of distributed information retrieval in search engines, we propose a two-level cache structure based
on the queries of the users’ logs. We extract the highest rank queries of users from the static cache, in which the queries are the
most popular. We adopt the dynamic cache as an auxiliary to optimize the distribution of the cache data. We propose a distribution
strategy of the cache data. The experiments prove that the hit rate, the efficiency, and the time consumption of the two-level cache
have advantages compared with other structures of cache.

1. Introduction
With the rapid growth of the Internet users and the increasing
query requests, the centralized queries for the same search
engine will undermine searching abilities. In addition, it will
lead to the increase of the response time and overloading.
Caches in the distributed full-text searching have high theory
and application value to solve these problems [1]. This is a key
technology to improve response time, processing efficiency,
and system performance. Caches play an important role in
the process of distributed text retrieval.
Melnik et al. [2] design a pipeline to create inverted
indexes; it improves the efficiency of generating the indexes.
However, such measures just optimize dictionaries, indexes,
and other related factors. It has little improvement of the
architecture of distributed search engines. It cannot fundamentally solve the problems. However, caches can effectively
tackle these problems.
Caches are widely used in various fields of computers
and; they can effectively remove the system bottlenecks and
enhance the processing ability. Currently, caches have been
widely used to improve the performance of search engines.
They are a key to enhance the processing ability and shorten
the response time for search engines. In recent years, through
statistical analysis of user behaviors in search engines, it is
found that user queries follow a high degree of repeatability

and locality [3]. Lots of Internet users propose a large number
of repetitive queries, which are often concentrated in certain
local contents. These hot contents can maintain a large
number during a certain period. Thus, caches can be used to
ease the pressure of search engines, and it is also one of the
best ways to improve retrieval performance [4].
This paper proposes a two-level cache structure based
on query analysis of user logs, so that search engines can
improve the performance of distributed full-text retrieval.
Section 2 describes the related works. Section 3 proposes a
two-level cache structure and explains the design concept,
the concrete realization, and their characteristics. Section 4
shows a distribution strategy of cache data; the last section
introduces the theory analysis and experimental verification
for the two-level cache structure.

2. Related Works
The key techniques of distributed caches include cache topology, data distribution, data synchronization, cache replacement algorithms, cache structures, and stored contents [5].
Among them, the cache structure and stored contents
are extremely important in a distributed cache system. Their
performance is directly related to the performance of the
whole cache system [6]. In a distributed system, the cache
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replacement algorithms [7] are used when records are written
to caches but their storage is full. Then, some data need to
be removed from cache storage based on access frequencies,
the time intervals, and the last access time. Common cache
replacement algorithms include least recently used algorithm
(LRU), the minimum frequency of visits algorithm (least
frequently used), and recently used algorithm (most recently
used). In response to these limitations of the traditional cache
replacement algorithms, there are a lot of improved ones.
These replacement algorithms are based on the LFU and
LRU algorithms. They add some other criteria such as time
intervals and access frequencies. They are the deformation
of the traditional replacement algorithms. In addition, the
document size is introduced to distinguish the characteristics
of the replacement algorithms, such as the SIZE algorithm.
Load balancing strategies of distributed caching system
are mainly used to solve some cache problems. For example,
unbalanced tasks and network congestion will decrease the
process ability. Cache systems are mainly used to dynamically
balance the tasks in the different servers, so as to improve
system performance and speed, and to provide better access
quality. Now there are polling, minimum connection number, and process ability balance strategies [8].

3. Two-Level Cache Architecture
According to the analysis of hot words and repeatability of
queries, it has been found that previous hot spots will still
be repeated and maintained hot in current user queries.
Based on this phenomenon, if the hot words are initialized
in the caches, the entire cache hit rate can be improved. This
paper designs a two-level cache based on user query logs and
integrates it into a distributed caching system.

3.1. Cache Structure. The structure of the cache design is
as follows. In each cluster, each cache server adopts a twolevel cache structure. The caches consisted of a static cache
and a dynamic cache. The static and dynamic caches work
together to cache data and enhance the processing speed.
In entire cache structure, static cache will work at first and
then dynamic cache does. When each query arrives, our
system will look it up in the static cache. If it hits, the cached
data is returned; otherwise, it accesses dynamic cache to
see if it hits. According to different situation, cache system
uses different processes. The static cache stores the highest
frequency queries and retrieves the results. By analyzing the
query logs in the cluster, the hottest queries are extracted,
and the corresponding search results are in pairs stored in
the static cache. Data in static cache are relatively fixed.
The contents will change only when the static cache needs
to rebuild and replace some contents in the cache. The
dynamic cache changes according to user queries; it stores
high frequency user queries and retrieval results. The store is
dynamic. After a period of time, with the help of replacement
algorithm, the contents in dynamic storage are also relatively
hot.
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The two-level cache structure mainly consists of the
following four parts.
(a) Creating a Static Cache and Dynamic Cache with Memory
Buffer. To provide the high speed of the cache system, all
cache servers are using the memory as a buffer. Cache
operating module in each server will create a static cache and
a dynamic cache. The sizes of the static cache and dynamic
cache are based on the actual requirement; this work will
test with different cache capacity and give performances
evaluation. Specifically, operation of creating different caches
is completed by an open source software called Ehcache.
(b) Initializing Static and Dynamic Caches with the Data
Distribution Strategy. By analyzing the previous day query log
of the cluster, we can calculate the number of different query
requests, the last query time, query time interval, and the
survival of the query. According to the formula for calculating
the hot values, the system will count the hot values of each
query. Sorted by the hot values, the first few queries and their
corresponding results will be stored in the static cache. The
details will be introduced in the next section. The dynamical
cache is empty at first. There is no data in it. In the whole
cache system, each server not only will store the native hot
queries and corresponding results but also will store the data
from other servers in the same cluster. So the cache system
will communicate with cache systems in other servers.
(c) Designing Coordination Mechanism between Static and
Dynamic Caches. Static and dynamic caches constitute a
cache structure. The two kinds of caches work together
to enhance search engines performance. The collaborative
mechanism of the static and dynamic caches is shown in
Figure 1.
After the creation of static cache and dynamic cache, the
cache data allocation module will initialize the value in data
in the cache. When the initialization is completed, the cache
system can start to work to process user queries. With the
arrival of each query, our system will look it up in the static
cache. If the query is hit in the cached data, this data is
returned; otherwise, it accesses dynamic cache to see if the
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query is hit. If the query is missing in both static and dynamic
caches, the query will be processed in the cluster. When
returning the results to the user, the static and dynamic caches
will exchange some records with the replacement algorithm.
(d) Updating the Static and Dynamic Caches. The system
uses synchronous buffer initialization strategy to update the
indexes. The system updates its indexes every 24 hours.
Before the update, the indexes in the cluster will not change.
When the index is updated, cache system will destroy the
static cache and dynamic cache. Then, it will initialize the
data of static cache and dynamic cache based on the allocation
strategy to ensure consistency of cache and index data.
3.2. Characteristics of Two-Level Cache. Two-level cache has
static and dynamic caches, which have the following characteristics.
(a) The contents stored in the static cache are relatively
fixed, in addition to part of the replacement of cache
replacement algorithm; the majority of its content
does not change within 24 hours. The static cache is
updated daily and the update is based on the query
log generated every day in this cluster. After the index
updates, by analyzing the query log, we can extract the
hot query to allocate the data of the static cache.
(b) The data in static cache are from analyzing the
query logs, which provide the hot queries and corresponding results for the static cache. By the query
repeatability analysis, the popular content stored in
the static cache will still be popular in the next 24
hours. Thus, the static cache hit rate should be high; it
enhances the whole cache hit rate.
(c) For static cache, the content is nearly consistent in a
day, and it uses the synchronous buffer initialization
strategy with the update of index. It avoids the data
flow caused by keeping the data synchronization in
all the cache servers.
(d) The dynamic cache acts as an adjunct to static cache,
whose data change dynamically. We will record the
dynamic cache, check if the buffer is full, and write
caches. Otherwise, you will replace the adjustment in
accordance with the replacement strategy and static
cache and dynamic cache records.

4. Cache Data Distribution Strategy
The cache data distribution strategy refers to how the queries
and its corresponding results will be stored in the two-level
cache structure cache. The entire cache data distribution
strategy includes the following content: how to calculate
the hot value of every query from the query logs, during
the initialization of static cache and dynamic cache, how to
decide which queries and the corresponding results to be
stored in the static cache, and how to replace the data in static
cache and dynamic cache.
The idea of the strategy is very simple. By analyzing the
cache queries log, the cache system will calculate the hot
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value of every query. Then, the cache system will choose
the top N queries sorted by their hot values. Finally, the
system will put these queries and their corresponding results
in the static cache. At the same time, in order to achieve
further optimization expansion, the cache will also store the
hot queries and their corresponding results in other clusters.
This needs communication among the cache servers. During
the work of the caching system, the data in the static cache
and dynamic cache are updated with the cache replacement
algorithm.
Cache data allocation strategies can be divided into the
following parts: calculating of the query log, cache data
initialization, the communication between different cache
servers about hot queries, and data exchange between static
and dynamic caches. The cache data distribution strategy is
shown in Figure 2.
Implementation of cache data distribution strategy is as
follows.
(a) Analyzing the Query Log and Calculating the Hot Value
of Every Query. Analyzing the query log is the first step.
Then, we calculate the hot value of every query. The next
step is to open the query log file, read the query log contents,
and extract every query item. We calculate the total times of
queries, the first time of query, and the last time of query.
We know that the query with high frequency has greater hot
value. However, getting hot spot just based on query times
and query frequency may get a past hot spot; the users are
less likely to query the requests. Thus, two characteristics
are introduced into the paper; they are Query Life-Cycle
and Query Inactive Time. Query Inactive Time is the current
system time minus the last query appearing in the query log.
First, we calculate the query frequency; the query with
higher frequency is more likely to be hot content. Putting
these queries in the cache will increase the hit rate. Because
the cache structure based on log is built on web collection
system, the log will be generated every day. When calculating
the query frequency, the system will run 24 hours; therefore,
the query frequency is calculated as follows:
Freg =

QueryNum
.
24 ∗ 3600

(1)

In the formula, QueryNum is the number of queries
times.
The interval time is calculated as follows:
IntervalTime =

1
.
Freq

(2)

Query Life-Cycle is the time between the first occurrence
of a query and the last occurrence, which is calculated as
follows:
LiveTime = LastTime − FirstTime.

(3)

In the formula, LastTime is the time of its last occurrence
and FirstTime is the time of its first occurrence.
To ensure the accuracy of hot content after statistical
calculating, the system introduces a characteristic called
NotActiveTime. NotActiveTime is the current system time
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minus the last query in the query log. NotActiveTime is
calculated as follows:
NotActiveTime = CurrentTime − LastTime.

(4)

In the formula, CurrentTime is current time and LastTime is the last time of the query.
After statistical calculating, for each query, we can get its
query frequency Freg, its live time LiveTime, and its not active
time NotActiveTime. The hot value of a query is proportional
to Freg and LiveTime, and it is inversely proportional to
NotActiveTime. The system calculates the hot value based on
these three variables. And HotValue is calculated as follows:
HotValue = Freq ∗ LiveTime ∗

1
.
NotActiveTime

(5)

With the above formula of HotValue, the system will
calculate the hot value of every query and then sort the
queries by HotValue in descending order.
(b) Initialization of Static Cache and Dynamic Cache Ache.
Data initialization can be divided into two parts: one is
static cache data initialization and the other is dynamic cache
data initialization. Dynamic cache data initialization is very
simple. The system just needs dynamic cache area. It has no
data in the dynamic cache, and then its data keep changing
with the user query behavior. Static cache initialization is
relatively harder, which includes the following two parts.
(1) Put the native hot queries and their corresponding
results into the cache

(2) Put the hot queries and their results from other
clusters into the cache.
In the native cluster, after the statistical calculating, the
cache system will get hot value of each query and then sort
these queries by hot value in descending order. Then, choose
the first N queries and search their corresponding results
from the system. Then, put these queries and the results into
the static cache. After that, the initialization of native static
cache is finished.
After native initialization, the system is going to initialize
data from other clusters; the system will collect hot queries
and their corresponding results from off-site clusters and
then put them in its static cache. It is mainly completed with
communication and read-write mechanism between clusters.
Off-site clusters get their hot queries with the same method
mentioned above, and then each off-site cluster will share its
first M queries with highest hot value and their corresponding
results with other clusters. Finally, the system will get first
M queries from all the other clusters by communication.
Assume that there are X clusters in the cache system in total.
Then finally there are 𝑁 + 𝑀 ∗ (𝑋 − 1) records in static cache
of a cluster.
(c) Communication between Static Cache and Dynamic Cache.
After the initialization of static cache, one cluster has 𝑁+𝑀∗
(𝑋−1) records in its static communication. This initialization
data is based on the query log, by statistical analysis and
HotValue calculating. We finally get the hot queries and their
corresponding results. According to the consistency of hot
content, most of the content will maintain a good access
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rate today. However, hot content of yesterday may plummet
today, and these contents may have low query rate. In view of
this situation, the system introduces a mechanism about how
to dynamically adjust the data of static cache and dynamic
cache. And it is realized with cache replacement algorithm.

5. Experiments
The cache structure has superior performance and higher hit
rate; there are the two following reasons.
(a) Using static cache, after initialization, hot queries and
their corresponding results are stored in static cache.
When the user queries come, most of them will match
the data in cache. Compared with just using dynamic
cache, it needs a period of time to make the hit rate
from low to high. Therefore, using two-level cache
structure will have a higher hit rate.
(b) The cache is made of memory, and thus it is fast.
However, as the cache size increases, although the
hit rate increases, the processing speed of finding a
record will be slower. For a cache server, it is not large
cache capacity which makes better performance. The
cache structure of the system on the whole can be
divided into two parts. Static cache initialized with
hot queries based on query log and its corresponding
results. With the help of cache replacement algorithm,
the content in static is the hottest queries. For each
query, the system first looks it up in static cache.
In this paper, experimental data based on query log
are used to compare the cache server with two-level cache
structure.
Hardware environment is as follows: desktop with 4
cores, AMD Athlon (tm) II CPU 2.6 G, 250 G hard disk and
2 GRAM. The number of query requests is, respectively, as
follows: 1000 2000 5000 10000 20000 30000 50000 80000.
The experiment is using two different cache structures, so
there are two test cases: Case 1 is using the two-level cache
structure and Case 2 just uses dynamic cache.
In the experiments, the cache in two-level cache structure
is divided into two halves: 500 records in static cache and
500 records in dynamic cache. But cache with just dynamic
cache holds all of the 1000 records. Static cache in two-level
structure will not change and the dynamic cache changes with
LRU algorithm. The dynamic cache structure also changes
with LRU algorithm.
Test 1. Test two-level cache structure and pure dynamic cache
2 cases. For different total queries, the result of single query
processing time is shown in Table 1.
Test 2. Test the hit rates of 2 cases; the results are shown in
Table 2.
From the test results in Tables 1 and 2, some conclusion
can be made. Two-level cache structure based on query
log puts the hottest queries and their corresponding results
into the static cache. After the initialization, 500 records in
static cache may have a high access frequency. Compared
with using only the dynamic cache, the performance of
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Table 1: The processing time of single query.
Total queries
(times)

Processing time of single
query by using two-level
cache structure (ms)

Processing time single
query by just using
dynamic cache (ms)

32.3
31.6
39.5
46.3
53.1
55.2
50.8
49.1

59.6
51.2
54.5
48.6
50.3
52.6
50.4
48.7

1000
2000
5000
10000
20000
30000
50000
80000

Table 2: The number of hits while dealing with different total
queries.
Total queries Hit counts of two-level
(times)
cache structure (times)
1000
2000
5000
10000
20000
30000
50000
80000

354
694
1332
2135
5214
7198
11210
19522

Hit counts of just using
dynamic cache (times)
208
451
1025
2093
5526
7663
12329
20861

two-level cache structure is much higher than only using
dynamic cache at start stage. When the total queries are 1000,
2000, 5000, and 10000, the processing speed is better than
only using dynamic cache. But with the increase of queries
number, the advantage of the two-level cache structure is no
longer obvious. When the total queries are 50000, 80000,
or more, its performance is nearly the same with structure
of the dynamic cache caching system. After analyzing cache
records, the records in static cache are fixed in a period of
time, but this data may not be hot today. And it is contrary
to our design ideas. After analyzing the hit rate of static cache
and dynamic cache, it was found that the hot content based on
the query log can only represent popular queries in the past,
access frequency of some of the queries may decrease, and,
what is worse, the access frequency of few queries may be low,
affecting the performance of the two-level cache structure.
However, this is not saying that the two-level cache structure
design is not scientific, and designing a reasonable cache
replacement algorithm can solve this problem. In order to
maintain the heat and freshness of a static cache, the design
is not only to achieve cache replacement but also to achieve
replacement between static cache and dynamic cache.

6. Conclusions
The paper introduces a two-level cache structure based on
query log; the cache is divided into two parts, static cache and
dynamic cache. The system initializes its data after analyzing
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the query log, with the help of replacement algorithm. The
static cache stores the hottest queries and their corresponding
results. Compared with just using dynamic cache, the twolevel cache structure initializes its data by query logs. Thus, at
the beginning of the system, the hit rate can be maintained in
a high level. The whole cache is composed of static cache and
dynamic cache. Cache matching (look up query in cache) can
be fast. The experimental results show that two-level cache
structure is 28% faster than dynamic cache.
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In wireless sensor networks, localization is one of the fundamental technologies and is essential to its applications. In this paper,
we propose a three-dimensional range-free localization scheme named hexahedral localization. In the scheme, the space is divided
into a lot of hexahedrons. Then, all the unknown nodes are located by utilizing the perpendicular properties of the trajectory.
The contribution of our scheme can be summarized into two points. First, it fills the gap of shortage of three-dimensional
localization based on mobile beacons. Second, it brings in the outstanding localization accuracy. The simulation result reveals
that this localization scheme has the relative high accuracy. At the end of the paper, the performance and error of our scheme are
analyzed in aim of improving in the future work.

1. Introduction
Wireless sensor network (WSN) is considered as one of
the most influencing technologies in the 21st century and
one of the inventions which would change the future world
[1]. As the technologies of sensor, microsystem, wireless
communication, and the computer developed, the wireless
sensor networks are applied more and more widely. In WSN,
the location of nodes is significant to the detection. Location
information also supports many fundamental network services, including network routing, topology control, coverage,
boundary detection, and clustering [2]. So, it is obvious that
localization is essential to the applications of wireless sensor
network. The localization mechanisms in WSN are usually
classified into two categories: range-based mechanisms and
range-free mechanisms [1]. Typical range-free localization
algorithms include Centroid [3–5], APIT [6–11], and DVHOP [12–14]. They leverage the limited hardware to acquire
the location of the nodes with the advantage of low cost and
little environmental impact. On the other hand, the rangebased mechanisms, such as TOA [15, 16], TDOA [17–20], and

RSSI [21–25], utilize signal or acoustic wave to get the distance
or orientation between nodes in order to calculate the nodes’
coordinate.
To sum up, most of the localization mechanisms employ
beacon (anchor) nodes and utilize the relationship between
the beacons and the unknown node to gain the location of
the nodes. However, the beacons should be embedded with
the GPS which leads to high hardware cost. In light of this,
the researchers propose the localization schemes based on
mobile beacons in aim of reducing the cost of hardware.
The localization based on mobile beacons utilizes just a few
beacons broadcasting the message while moving among the
unknown nodes instead of deploying many static beacons.
These methods cut down the overhead by a wide margin.
The rest of the paper is organized as follows. Section 2
introduces the related works about the mobile beacon based
localization in the past decade. Section 3 gives out the design
of the HL. Section 4 is the simulation and result, followed
by Section 5 which analyzes the relationship among the
parameters. At last, Section 6 represents the error analysis,
and we conclude in Section 7.
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2. Related Works
During the past decade, the localization schemes based on
mobile beacons have been developed in a variety of directions.
The pioneer work can be traced back to 2004. North Carolina State University [26] firstly depicts the initial model of
the mobile beacon-based localization. They acquire the node’s
location via the PDF (probability distribution function)
of the estimated position according to the RSSI (received
signal strength indicator). Then, they make some remarks
regarding two properties that the trajectory should have. At
last, the experimental results reveal an unexpectedly good
accuracy, almost an order of magnitude better than other
static approaches. In 2005, the researcher of National Cheng
Kung University, Ssu et al. [27], selects more than 3 beacon
points to determine the position of unknown nodes. In the
paper, the scheme adopts the RWP (random waypoint), and
the paper analyzes the accuracy under different radio ranges
of beacon moving speed, and so forth. The result reveals that,
as a range-free approach, its accuracy is competitive to other
range-based approaches. In 2006, the authors of [27] propose
a new localization algorithm based on aerial beacons [28].
It utilizes an aerial beacon moving upon the sensor nodes
to locate them via the geometry principles. It is a threedimensional localization algorithm, although it is used in the
two-dimensional environment. The simulation shows that
its performance is better than other range-free localization
schemes. In 2007, Purdue university [29] compared three
trajectories of the beacons’ movement named Scan, Double
Scan, and Hilbert. The result of simulation describes that
Scan has the lowest localization error among the three
trajectories, followed closely by Hilbert. However, Hilbert
is the most robust to the obstacles. In 2008, the Chinese
Academy of Science [30] improves the algorithm in [27] by
searching for the “maximum RSSI” point as the midpoint
of the chord. It gets more reliable reference points to make
the accuracy more precise by the ratio of 50%. In 2009,
the Chinese academy of Science [31] further improves the
previous scheme through searching for 4 reference points to
ensure the position of the unknown nodes. Compared to the
previous work, the proposed approach enhances accuracy to
a certain degree. In the same year, the Gwangju Institute of
Science and Technology [32] improves the algorithm of [27]
with the geometric constraints. It points out that the selection
of the reference point in [27] is inaccurate and selects 3
noncollinear reference points to locate the nodes with the
geometric constraints. As a result, the accuracy is improved.
The Chinese National University of Defense and Technology
[33] proposed two algorithms on the path planning. These
two algorithms are based on graph theory and are called
breadth-first and backtracking greedy. The goal of path
planning is locating the nodes within less time and cost. In the
view of coverage and cost, these two algorithms are effective.
In addition, they obtain higher precision and are robust in the
environment of the nodes randomly deployed. In 2010, the
Ocean University of China [34] proposes a novel localization
algorithm based on the mobile beacon. It plans a regular path
consisting of equilateral triangles and utilizes the geometric
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property to locate the unknown nodes. As a latecomer in the
part representation arena, this scheme attracts people’s eyes.
Its design is motivated by the phenomenon between RSSI and
straight trajectory of the mobile beacon. The experiment of
the scheme with 100 TELOSB motes proves that this scheme
is superior to all the existing approaches in terms of high
precision.
In 2011, Ou [35] proposes a range-free localization scheme
using mobile anchor nodes equipped with four directional
antennas. In the proposed approach, each mobile anchor
node determines its position via GPS, and then broadcasts
its coordinates as it moves through the WSN. The sensor
nodes detect these beacon messages and utilize a simple
processing scheme to determine their own coordinates based
on those of the anchors. It removes the requirement for
specific ranging hardware on the sensor nodes and avoids the
need for communications between the sensor nodes. In 2012,
the INRIA [36] proposed a novel DeteRministic dynamic
bEAcon Mobility Scheduling (DREAMS) algorithm, without
requiring any prior knowledge of the sensory field. In
this algorithm, beacon trajectory is defined as the track
of depth-first traversal (DFT) of the network graph, which
thus is deterministic. The mobile beacon performed DFT
dynamically, under the instruction of nearby sensors on
the fly. It moved from sensor to sensor in an intelligent
heuristic manner according to received signal strength (RSS)
based distance measurements. It was proved that DREAMS
guarantees full localization (every sensor is localized) when
the measurements are noise free. In the same year, Chang
et al. [37] proposed the first study that applies the mobile
anchor to improve the location inaccuracy under the condition that all sensors are with different sizes of estimative
regions. In 2013, a range-free localization mechanism with
ring overlapping by utilizing mobile anchors was proposed
by Chen et al. [38]. Since the mobile anchor and the reference
node know their own locations, the B-rings, in which the
blind node is located, can be precisely derived. Therefore, by
overlapping the B-rings, the proposed mechanism can obtain
good location estimation for the blind node. Besides, two
movement schemes, BTS and ESS, for mobile anchor are also
proposed. The proposed scheme has better accuracy than
other existing related schemes including ROCRSSI scheme,
Centroid scheme, and PBCC scheme.
However, we see that almost all of the algorithms above
rarely refer to the three-dimensional localization, since the
localization in three-dimensional environments is more complex. According to this blankness, this paper proposes a novel
three-dimensional localization scheme based on mobile beacon called HL (hexahedral localization). It is able to locate
without any additional hardware and reach the relative high
accuracy.

3. The Design of HL
In this section, the train of thought about the HL is described.
The design of HL is inspired by literature [34]. Firstly, the
experiment on RSSI versus Distance is made. Then, we
present our new scheme. At last, we optimize the scheme.

The Scientific World Journal

3

3.1. The Experiment of RSSI versus Distance. As the most
popular parameter used in the localization process, RSSI
has the advantage of low cost and convenient operation.
Theoretically, RSSI obeys the following formula [39]:
PL (𝑑) = −32.44 − 20 log 𝑓𝑐 − 20 log 𝑑.

(1)

PL(𝑑) is the RSSI according to the distance of 𝑑, and 𝑓𝑐 is the
carrier frequency. From the formula above, we can get that
the RSSI decreases as 𝑑 increases.
Similar literature [34], we observe the interesting regularity. As shown in Figure 1, we deploy 11 TELOSB motes on
the campus to observe the RSSI that the node on longitudinal
axis receives from which is on the transverse axis. We are
surprised to find that the data could plot into a curve as shown
in Figure 1. The only difference between our research and
literature [34] is the length of the transverse axis. In fact, it
is unnecessary to study the width which is too large for the
inaccurate RSSI.
As Figure 1 shows, we assume the transverse axis as the
trajectory of a mobile beacon. When the mobile beacon tracks
along a straight line, the nearest point of the unknown node
is the foot point of the trajectory. At the same time, the RSSI
is the largest.
Different from literature [34], the purpose of our experiment is to get the suitable distance that the RSSI is available.
From Figure 1, we can obtain the trusty distance is 30 m
when the radius is about 50 m. And we continue to do the
similar but more accurate experiment under the radius from
40–100 m by the step of the 10 m. The result is shown in
Table 1.
According to Table 1, the trusty radius analogously equal
to 60% of the radius.
3.2. The Model of the HL. The observation above motivates
the design of HL. We project HL as shown in Figure 2.
The mobile beacon moves along the given trajectory
and broadcasts its own position periodically. Via RSSI, the
unknown node selects the nearest reference points on the
trajectory. The coordinate of the reference point is
(𝑥𝑎 , 𝑦𝑎 , 𝑧𝑎 )(𝑥𝑏 , 𝑦𝑏 , 𝑧𝑏 )(𝑥𝑐 , 𝑦𝑐 , 𝑧𝑐 ).
And the unknown node is
(𝑥, 𝑦, 𝑧).
The direction vector of A, G, F is given as

𝑥
⇒ 𝑀 (𝑦) = 𝑁,
𝑧

(2)
According to the least square method,
𝑥
−1
(𝑦) = (𝑀𝑇 𝑀) 𝑀𝑇 𝑁.
𝑧

3.3. The Optimization of the Trajectory. We have given out
the trajectory of the HL. But how to make the model
reasonable is an important issue. From literature [34], it can
be known that the equilateral triangle is the best trajectory
on the two-dimensional flat. And interestingly, we find that
the equilateral triangles can be connected and divided into
rectangles like Figure 3. The trajectory we proposed is more
controllable at the same time.
As the trajectory described in Section 3.2, according to
the radius 𝑅, the ratio of the hexahedron’s edges should be
optimized.
In Figure 4, take the red hexahedron, for example, AC,
BD, HE, GF, AE, BF, DG, and CH are all the trajectories of
the mobile beacon. To ensure the coverage of mobile beacons,
the extension that the signal propagates should be equal. In
another word, the point in the hexahedron which is furthest
from the trajectory should be covered in the extension.
According to the trusty radius, the largest distance should be
equal to the trusty radius. As the trajectories are deployed
symmetrically as shown in Figure 4, we find that the points
I, J, K, L are the furthest points to the bevel trajectory like
AC, BD, HE, and GF. And the point on PQ is the furthest
point to the vertical trajectory like AE, BF, DG, and CH. We
can calculate the distance between the furthest point and the
trajectory
IM = √

𝑖3 (𝑥 − 𝑥𝑐 ) + 𝑗3 (𝑦 − 𝑦𝑐 ) + 𝑘3 (𝑧 − 𝑧𝑐 ) = 0

AE2
AB2 AD2
+
4
AB2 + AD2

(4)

And the distance from PQ to the trajectory AE, BF, DG, and
CH is
BQ =

Then, we have the following equations:

𝑖2 (𝑥 − 𝑥𝑏 ) + 𝑗2 (𝑦 − 𝑦𝑏 ) + 𝑘2 (𝑧 − 𝑧𝑏 ) = 0

(3)

There must be a lot of errors in the process of calculation via
the least square method. We will analyze that in Section 6.

(𝑖1 , 𝑗1 , 𝑘1 )(𝑖2 , 𝑗2 , 𝑘2 )(𝑖3 , 𝑗3 , 𝑘3 ).

𝑖1 (𝑥 − 𝑥𝑎 ) + 𝑗1 (𝑦 − 𝑦𝑎 ) + 𝑘1 (𝑧 − 𝑧𝑎 ) = 0

𝑖1 𝑥𝑎 + 𝑗1 𝑦𝑎 + 𝑘1 𝑧𝑎
𝑁 = (𝑖2 𝑥𝑏 + 𝑗2 𝑦𝑏 + 𝑘2 𝑧𝑏 ) .
𝑖3 𝑥𝑐 + 𝑗3 𝑦𝑐 + 𝑘3 𝑧𝑐

𝑖1 𝑗1 𝑘1
𝑀 = (𝑖2 𝑗2 𝑘2 ) ,
𝑖3 𝑗3 𝑘3

√AB2 + AD2
2

.

(5)

The distance IM and BQ should be equal to the trusty radius.
Then,
𝑅trusty = √

√AB2 + AD2
AE2
AB2 AD2
=
+
.
2
2
4
2
AB + AD

(6)

4
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Figure 1: The experimental environment and result.

2
A
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1

3
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4

N

C 6

Figure 2: The model of HL.

As described in literature [34], the ratio of AB and AD should
be 1 : √3. According to (6),
𝑅trusty : AE : AB : AD = 1 : 1 : 1 : √3.

Figure 3: The transformation of the two-dimensional trajectory.

(7)

The whole process of localization can be described as
follows.

Step 1. The unknown nodes are randomly deployed in the
three-dimensional space.
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D

The network initializes the configuration

C
Q

K

M

L

G

I
E

Calculate the trajectory according to the radius

H

B

A

The beacon moves along the trajectory and broadcasts its
location information and ID

P

J
F

The unknown nodes receive and record information from
the beacon (including signal strength)
The nodes find out the nearest reference points according
to the max RSSI

Figure 4: Example of the hexahedron.

Based on the theory of HL, calculate the estimated
position of nodes

Table 1: The trusty radius of different radii.
Radius (m)
30
Trusty radius (m) 20

40
25

50
30

60
35

70
40

80
45

90
50

100
60

Localization is over

Figure 5: The flow chart of HL.

Step 2. The anchor moves along the trajectory according to
the radius and broadcasts its location information and ID.

Step 4. Each node finds out the nearest reference points on
each of the three kinds of trajectory according to the RSSI.
Step 5. Implement the HL and calculate estimated position.
Step 6. The localization is finished.
The flow chart of IAPIT-3D is shown in Figure 5.
The Matlab pseudocode of localization period is displayed in Pseudocode 1.

4. Simulation and Result
In order to verify the theoretical feasibility of HL, the
scientific tool MATLAB is adopted for the simulation. Take
the conclusion of Section 3.1 for premise, we deploy 400
unknown nodes in the space of size 100 m × 100 m × 100 m.
The experiment is separately simulated by the moving step
length of 1 m, 2 m, 3 m, 5 m, 6 m, 10 m, and 15 m. The result
is described by the average absolute error and normalized
average error (which is normalized to the ratio of the absolute
average error to the radio range).
As Figures 6 and 7 show, the errors are increasing as the
moving step length increases. In another word, the longer the
length of step is, the more inaccurate the localization is. The
reason is obvious that the shorter the step, is the more virtual
beacon nodes are deployed. The location error is shown in
Tables 2 and 3.

35
Average absolute error (m)

Step 3. The nodes receive and record information from the
anchor (including signal strength).

The average error among different steps

40

30
25
20
15
10
5
0

2

4

R = 30
R = 40
R = 50
R = 60

6

8
10
Length of step

12

R=
R=
R=
R=

14

16

70
80
90
100

Figure 6: The average absolute error under different moving step
lengths.

5. The Relationship among the Parameters
5.1. The Radius and the Absolute Error. In Figure 6, the seven
curves that present absolute errors under different radius
almost coincide. That means, as long as lengths of step are
same, the absolute error is changeless although the radius is
different. We can explain this phenomenon as follows: though
radius is related to the deployment of virtual beacon, it does
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For i=1:number of node
Min distance anchor1 number(i)=max(all of the reference1 RSSI(i))
Min distance anchor2 number(i)=max(all of the reference2 RSSI(i))
Min distance anchor3 number(i)=max(all of the reference3 RSSI(i))
End % find out the 3 reference points nearest to the unknown nodes
For i=1:number of node
M=[1 sqrt(3) 0;1 -sqrt(3) 0;0 0 1];
N=[anchor1 x(min distance anchor1 number(i))+sqrt(3)⋆anch
or1 y(min distance anchor1 number(i));anchor2 x(min dista
nce anchor2 number(i))- sqrt(3) ⋆anchor2 y(min distance an
chor2 number(i));anchor3 z(min distance anchor3 number(i)
)];
−1
C= (MT M) MT N;
estimate x(i)=C(1);
estimate y(i)=C(2);
estimate z(i)=C(3);
end
%calculate the position via the least square method
Pseudocode 1

Table 2: The absolute error (m) under different radii and lengths of step.
𝑅 (m)
30
40
50
60
70
80
90
100

1
0.63144
0.68496
0.7947
0.85757
1.0429
0.99774
1.1535
1.3238

2
1.1046
1.2053
1.3097
1.3753
1.5191
1.5054
1.6372
1.831

3
1.6426
1.7034
1.7838
1.843
2.035
1.9853
2.1323
2.2867

Step (m)
5
2.6104
2.7165
2.866
2.8639
3.0941
2.9654
3.1556
3.3089

6
3.1706
3.2887
3.3216
3.4115
3.5115
3.5361
3.5957
3.8477

10
5.1427
5.2988
5.3687
5.275
5.6858
5.3063
5.5929
5.5941

15
7.5045
7.6834
8.1604
7.8843
7.9872
7.9795
8.1876
8.424

10
17.142
13.247
10.737
8.7917
8.1226
6.6329
6.2144
5.5941

15
25.015
19.209
16.321
13.14
11.41
9.9744
9.0973
8.424

Table 3: The normalized error under different radii and length of step.
𝑅 (m)
30
40
50
60
70
80
90
100

1
2.1048
1.7124
1.5894
1.4293
1.4899
1.2472
1.2816
1.3238

2
3.682
3.0133
2.6193
2.2922
2.1701
1.8818
1.8191
1.831

3
5.4753
4.2585
3.5677
3.0717
2.9071
2.4816
2.3692
2.2867

not influence the trusty coverage of mobile beacon in the
total space. In another word, the change of radius cannot
effect whether unknown nodes are covered in the trusty
communication extension as long as the step of movement is
definite. From Table 2, we can discover that the absolute error
is increasing when 𝑅 increases. However, the influence of
radius to the error is negligible relative to that of step length.

Step (m)
5
8.7014
6.7911
5.732
4.7731
4.4201
3.7068
3.5062
3.3089

6
10.569
8.2217
6.6431
5.6858
5.0164
4.4201
3.9952
3.8477

We depict the relationship among radius, length of step, and
the absolute error in a 3D picture. In Figure 8, the 𝑥-label
and the 𝑦-label present radius and length of step. And the 𝑧label presents the absolute error of the localization. From the
piecemeal change of the color in Figure 8, we find that the
influence of step length to the absolute error is greater than
that of radius.
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The normalized error among different steps
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Figure 7: The average normalized error under different moving step
lengths.
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Figure 9: The 3D picture of the normalized error in the localization.

to the radius. Next, we will analyze the relationship among
these elements. Take moving step of 1 m for an example, the
relationship between radius and number of packages sent is
shown in Table 4.
According to the formula of the signal space loss,
[Lfs] (dB) = 32.44 + 20lg 𝑑 (km) + 20lg 𝑓 (MHz) .

(8)

The following equations should be established:
Average absolute error

20

Lfs (𝑑) = 32.44 + 20lg (0.03) + 20lg 𝑓 + 20lg (
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Figure 8: The 3D picture of the absolute error in localization.

5.2. The Radius and the Normalized Error. The relationship
between radius and the normalized error is shown in Figure 6
and Table 3. Different from Figure 6, we find that the normalized error is decreasing when the radius increases. The 3D
picture of the normalized error is shown in Figure 9.
Normalized error is the ratio of the absolute error to the
radius. As the absolute error increases, the radius increases.
This phenomenon leads to a problem of balancing between
radius and accuracy. In localization of WSN, there are two
principle elements to be paid attention to: (1) the cost; (2) the
accuracy and the precision [40]. In our scheme, the cost is
reflected by the radius to a certain extent. Communication
cost is influenced by two points: first, the size of model,
which affects the number of the packages sent. Second, it is
the transmitting power. And these two points are all relative

𝑑
)
0.03

(9)

In the light of the operating frequency = 2.4 GHz and the
receiving sensitivity = −105 dBm of the CC2420 receiver, and
the transmitting power is 𝑊1 = −35 (dBm) when the radius
is 30 m, the transmitting powers under different radius are
shown in Table 5.
The formula of transforming dBm to mw obeys this
equation:
𝑥 (dBm) = 10lg [𝑝 (mw)] .

(10)

Combined with Table 4, we show the ratio of consumed
energy under the same step length in Table 6.
As described in Table 6, it is obvious that the consumed
energy is lowest when the radius is 30 m. So, the performance
is increasingly excellent as the radius is reducing. At this
moment, the traditional normalized error is meaningless.
However, there is a drawback that the trajectory is less
controllable in the short-radius localization of our scheme.
5.3. The Step Length and the Absolute Error. Taking 𝑅 = 100 m
for an example, the relationship between moving step and
number of packages send is shown in Table 7.
According to the ratio of the message package numbers,
we can get the approximate ratio of the consumed energy with
different step length. Because the consumed energy of every
package is equal, the product of absolute error and number

8
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Table 4: Relationship between radius and number of the packages
sent.
Radius (m)
30
40
50
60
70
80
90
100

Number of the packages
13224
9075
4888
3414
3882
4350
2348
1282

Table 5: The transmitting powers under different radii (step length
= 1 m).
Radius (m)
30
40
50
60
70
80
90
100

Transmitting power (dBm)
−35.4134
−32.9146
−30.9764
−29.3928
−28.0538
−26.8940
−25.8709
−24.9558

Table 8: The relative error under different step lengths (𝑅 = 100 m).
Step length (m)
1
2
3
5
6
10
15

Relative error
1697.1
1173.7
976.42
850.39
823.41
716.04
724.46

Table 9: The theoretically absolute error under different length of
step.
Step length (m)
1
2
3
5
6
10
15

Absolute error (m)
1.1180
2.2361
3.3541
5.5902
6.7082
11.1803
16.7705

of steps to get the proper accuracy under relative smaller
overhead of communication when 𝑅 = 100 m.

Table 6: The ratio of consumed energy under the same step length.
Radius (m)
30
40
50
60
70
80
90
100

Consumed energy
3.8021
4.6386
3.9038
3.9263
6.0768
8.8938
6.0759
4.0955

Table 7: Relationship between moving step and number of the
packages sent (𝑅 = 100 m).
Step length (m)
1
2
3
5
6
10
15

Number of the packages
1282
641
427
257
214
128
86

of the package can be a norm to reflect the relative error of
the localization under the same radius but with different step
lengths. When 𝑅 = 100 m, the relative error is shown in
Table 8.
On the basis of Table 8, we find that the relative error is the
lowest when the step length is 10 m. So, 10 m is the best length

6. The Error Analysis
The error in the process of localization is an important
criterion of the locating performance. The goal of error
analysis is finding out the “source of error” in order to
improve and optimize the schemes in the future work. It is
usually that errors are caused by various elements. In this
section, we will analyze the main element that leads to the
ultimate error of the localization. In our scheme, the largest
error is aroused in the process of least square method. The
reason is that the referenced point may not be the exact foot
point of the trajectory. The error starts at the selection of
reference point. Assume that, the length of moving step is 𝑎,
the distance between the foot of the trajectory’s perpendicular
and the reference point Δ is in the interval [0, 𝑎/2]. If the
coordinates of the reference points are
(𝑥𝑎 , 𝑦𝑎 , 𝑧𝑎 ) (𝑥𝑏 , 𝑦𝑏 , 𝑧𝑏 ) (𝑥𝑐 , 𝑦𝑐 , 𝑧𝑐 )

(11)

and the coordinates of the foot of the trajectory’s perpendicular are
(𝑥𝑎 , 𝑦𝑎 , 𝑧𝑎 ) (𝑥𝑏 , 𝑦𝑏 , 𝑧𝑏 ) (𝑥𝑐 , 𝑦𝑐 , 𝑧𝑐 ) .

(12)

As described in Section 3, the direction vectors are
(𝑖1 , 𝑗1 , 𝑘1 ) = (1, √3, 0) ,
(𝑖2 , 𝑗2 , 𝑘2 ) = (−1, √3, 0) ,
(𝑖3 , 𝑗3 , 𝑘3 ) = (0, 0, 1) .

(13)
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Table 10: The theoretically normalized error under different radii and lengths of step.
𝑅 (m)

1
3.73
2.80
2.24
1.86
1.60
1.40
1.24
1.12

30
40
50
60
70
80
90
100

2
7.45
5.59
4.47
3.73
3.19
2.80
2.48
2.24

Step (m)
5
18.63
13.98
11.18
9.32
7.99
6.99
6.21
5.59

3
11.18
8.39
6.71
5.59
4.79
4.19
3.73
3.35

So, (3) is converted into
1
1
− 0
𝑥𝑎 + √3𝑦𝑎
2
2
𝑥
(𝑦) = ( √3 √3 ) (−𝑥𝑏 + √3𝑦𝑏 )
0
𝑧
6
6
𝑧𝑐
0
0 1

(14)

𝑥
2
⇒ (𝑦) = ( √3 (𝑥𝑎 − 𝑥𝑏 + √3𝑦𝑎 + √3𝑦𝑏 ) ) .
𝑧
6
𝑧𝑐
(15)
As to the specific size of the model, the relationship
between the foot of the trajectory’s perpendicular and the
reference point is revealed as follows:

(16)

+

𝑥𝑏

+

√3𝑦𝑎

−

√3𝑦𝑏 )

+ 2Δ
𝑥
2
(𝑦) = ( √3 (𝑥𝑎 − 𝑥𝑏 + √3𝑦𝑎 + √3𝑦𝑏 ) ) .
𝑧
6
𝑧𝑐 + Δ

(17)

According to the above, the ultimate error is
√(2Δ)2 + (Δ)2 = √5Δ,

(18)

owing to the
𝑎
Δ ∈ [0, ] ,
2
the theoretical maximum ultimate error
√5
max (errorabsolute ) =
𝑎,
2
√5𝑎
max (errornormalized ) =
.
2𝑅

15
55.90
41.93
33.54
27.95
23.96
20.96
18.63
16.77

In Table 2, we discovered that a few of errors are greater
than the theoretical value as shown in Tables 9 and 10. This
is caused by the imperfection of the model. The balance of
size of the space and the model is also a key point of the
localization here.

HL is a range-free localization scheme and can be applied
under the case that the hardware is relatively limited. We use
the special property of trajectory’s perpendicular to calculate
the coordinate of the unknown nodes. The trajectory is optimized via the geometry constraint, and the locating process
is simulated by the tool of MATLAB. The performance of
HL is relative perfect in aspect of accuracy. We compare the
accuracy under different radius and obtain the coarse bound
of the suitable radii. However, the mobile beacon’s trajectory
may be uncontrollable, and the trajectory may not be the
ultimate one. In the next period of work, we shall devote
ourselves to studying in the research of model optimization.

Acknowledgments

Equation (15) should be transformed into
(𝑥𝑎

10
37.27
27.95
22.36
18.63
15.97
13.98
12.42
11.18

7. Conclusion and Future Work

(𝑥𝑎 + 𝑥𝑏 √3𝑦𝑎 − √3𝑦𝑏 )

Δ  √3Δ
𝑦 +
𝑧𝑎
𝑥𝑎 +
𝑥𝑎 𝑦𝑎 𝑧𝑎
2 𝑎
2
).
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𝑥𝑐 𝑦𝑐 𝑧𝑐
2
2
𝑥𝑐
𝑦𝑐
𝑧𝑐 + Δ
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In recent years, the research on single-robot simultaneous localization and mapping (SLAM) has made a great success. However,
multirobot SLAM faces many challenging problems, including unknown robot poses, unshared map, and unstable communication.
In this paper, a map merging algorithm based on virtual robot motion is proposed for multi-robot SLAM. The thinning algorithm
is used to construct the skeleton of the grid map’s empty area, and a mobile robot is simulated in one map. The simulated data is
used as information sources in the other map to do partial map Monte Carlo localization; if localization succeeds, the relative pose
hypotheses between the two maps can be computed easily. We verify these hypotheses using the rendezvous technique and use
them as initial values to optimize the estimation by a heuristic random search algorithm.

1. Introduction
Recent advances in mobile robotics have allowed autonomous systems to be involved in many successful applications
including planetary exploration, search and rescue, surveillance, and other service scenarios [1].
For the purpose of successfully accomplishing a generic
task, a main prerequisite for a mobile robot, deployed in an
unknown area, is the ability to autonomously navigate,
exploiting the information acquired through the joint estimation of its positions and a model of the surrounding environment. The problem of estimating both the robot pose
and the environment representation is usually defined as
simultaneous localization and mapping (SLAM) [2, 3]. While
the maturity of SLAM in single robot scenarios is recognized
in many recent works, a challenging issue is to extend these
approaches to multirobot scenarios [4–7].
Recently, in order to cope with dynamic environment and
multiple tasks, a lot of researches have been presented in
multiagent and multiple distributed autonomous robotic systems. Each robot has its own task, such as building a map
of local position. Moreover, they have to combine their data
into shared maps. Using shared maps, robots coordinate their
exploration strategies to maximize the efficiency of exploration. Multiple autonomous mobile robots can complete the

task through cooperation and give a more accurate map by
data fusion. The robots coordinate their exploration strategies
to maximize the efficiency of their exploration using these
shared maps.
Fenwick et al. extended single robot SLAM algorithm
based on EKF to the multirobot [8–10]. Howard extended
single-robot SLAM algorithm based on particle filter to
multi-robot applications [11]. Thrun put forward multi-robot
hybrid map building method that combines fast maximum
likelihood map growing with a Monte Carlo localizer [12].
Thrun [10] points out that the key to multi-robot map
building is to determine the initial position and orientation of
each single robot. However, most current algorithms bypass
the problem, either some algorithms assume that the road
signs in the environment are identified, or some algorithms
assume that each robot starting from a similar position, so
that their initial map has large coverage area. Ko et al. [13]
specialize in the methods by which the robots determine
relative pose in environmental exploration. Each robot builds
its own maps, and meanwhile, estimates the pose of other
robots in its own map. If the estimation probability reaches
the higher accuracy, two robots rendezvous [14] to confirm
the pose between them, and this paper also adopts a similar
approach. Another strategy is to assume that the robots can be
cross-observed to determine the relative pose between them
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[13, 15]. The deficiency of the method is that each robot in the
process of movement must be “accidentally” encounter.
In this paper we present a novel fast and accurate algorithm for merging multiple maps represented as occupancy
grids. The main idea is as follows: make a virtual mobile robot
in one partial map and control its move and measure in the
map. At the same time, these simulated data are used as information sources in the other map to do partial map Monte
Carlo localization [16]; if localization succeeds, the relative
pose hypotheses between the two maps can be computed
easily. In order to speed up the process, we can constrain the
virtual robot move along the local topological edge of the
partial map, so in the process of Monte Carlo localization
within the partial map, the initial random samples only are
generated near the edges of the corresponding topology of
the other partial map. Prior knowledge of the relative pose
between maps or robots is not demanded in the method,
which enhances autonomous exploration and multi-robot
SLAM.

2. Concept of Map Merging
The research on map merging is limited, and the previous
work focused on feature-based approaches [17–19], which rely
on special landmarks that can be recognized through properly processing the data gathered by the robots. For example,
the topological maps are graphs in which vertices represent
recognizable places such as doorways, corridors, and different
types of corner and edges represent the passage connecting
two places. Merging map A and map B turns into searching
subgraphs with the same structure in map A and map B. Our
goal is to merge maps which are not based on features, but
rather on occupancy grids. For sake of clearness, we formally
define the several concepts [20].
Definition 1. Let 𝑁 and 𝑀 be two positive real numbers. A
𝑁 × 𝑀 map is a function. Consider
𝑚 : [1, 𝑁] × [1, 𝑀] → R,

(1)

where 𝐼𝑁×𝑀 denoting the set of 𝑁 × 𝑀 maps.
Discrimination is needed when a map is processed in the
practical application, and the map is represented as a matrix
with 𝑁 rows and 𝑀 columns. The function 𝑚 is a confidence
model in the map. For example, one could assume that if the
value of 𝑚(𝑥, 𝑦) is positive, the point (𝑥, 𝑦) in the map is free,
while a negative value represents the point (𝑥, 𝑦) as occupied.
The absolute value represents the degree of belief. Especially,
we assume that if the value of 𝑚(𝑥, 𝑦) is zero, the point (𝑥, 𝑦)
is unknown. The definition is consistent with the grid map.
In the following, the planar transformation is defined, which
will be used to find the best matching between two partial
maps.
Definition 2. 𝑡𝑥 , 𝑡𝑦 , and 𝑡𝜃 are three real numbers; the pose
transformation function consists of 𝑡𝑥 , 𝑡𝑦 , and 𝑡𝜃 is defined as
follows:
𝑇(𝑡𝑥 , 𝑡𝑦 , 𝑡𝜃 ) (𝑥, 𝑦) : R2 → R2 ,

(2)

where 𝑡𝑥 , 𝑡𝑦 , and 𝑡𝜃 are three real numbers. It is defined as
follows:
𝑇(𝑡𝑥 , 𝑡𝑦 , 𝜃) (𝑥, 𝑦) = [

cos 𝜃 − sin 𝜃 𝑡𝑥
𝑥
1 0 0 [
] sin 𝜃 cos 𝜃 𝑡𝑦 ] [𝑦] . (3)
0 1 0
0
1 ] [1]
[ 0

Definition 3. 𝑚1 and 𝑚2 are the two maps of 𝐼𝑁×𝑀; the coverage between 𝑚1 and 𝑚1 is defined as follows:
𝑁 𝑀

𝜔 (𝑚1 , 𝑚2 ) = ∑∑ 𝑒 (𝑚1 [𝑖, 𝑗] , 𝑚2 [𝑖, 𝑗]) ,

(4)

𝑖=1 𝑗=1

where
1,
𝑒 (𝑎, 𝑏) = {
0,

if 𝑎 = 𝑏,
otherwise.

(5)

The coverage function is used to measure the degree of
the match between two maps. Ideally, the map, which the two
robots build, is entirely consistent with the physical environment and covers the entire environment space. In this case,
the coverage function is 𝜔(𝑚1 , 𝑚2 ) = 𝑁 × 𝑀; it is maximum.
According to the above definitions, we can formally make
definitions on map merging.
Definition 4. Given two maps 𝑚1 and 𝑚2 , pose transformation function 𝑇(𝑡𝑥 ,𝑡𝑦 ,𝑡𝜃 ) (𝑥, 𝑦) is searched to maximize the
function 𝜔(𝑚1 , 𝑇(𝑡𝑥 ,𝑡𝑦 ,𝑡𝜃 ) 𝑚2 ).
From the previous definition, the key to map merging is to
search the optimal pose transformation 𝑇(𝑡𝑥 ,𝑡𝑦 ,𝑡𝜃 ) . The preliminary estimations of the transformation are got by the Monte
Carlo localization in the partial map [16]. In order to improve
computational efficiency, we adopt the sampling method with
confined area. The heuristic random search algorithm is used
to further optimize the pose transformation.

3. Fast Monte Carlo Global Localization
3.1. Topological Information of a Map. The topological information of a map is the abstraction of environmental information. Vertices represent discrete places in the environment,
and edges represent paths connecting these places. The
information can be obtained by generalized Voronoi graph
(GVG) algorithm [21] or thinning algorithm [22, 23]. Useless boundaries and virtual intersections for navigation are
generated in GVG algorithm, the thinning method does not
generate this information because it is based on probabilistic
framework. It is robust for the sensor noise and various
environments.
Thinning algorithm is the method that extracts the image
skeleton in the digital image processing algorithm. Figure 1
illustrates the concept of thinning. The object on the left figure
can be described well by the structure composed of connected
lines (i.e., “T” shape design with thin lines on the right figure).
Note that connectivity of the structure is still preserved even
with thin lines. For mobile robots, the connecting lines can
be used as collisionless paths of the robot navigation.
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Figure 2: Centre grid 𝑝1 and its 8 neighbor grids.
Figure 1: Concept of thinning.

In the paper, eight neighbour grid operators are used to
solve the skeleton of free areas in grid map. Centre grid 𝑝1
and 8 neighbor grids (𝑝2 ∼𝑝9 ) are described in Figure 2. “0”
indicates that the grid is empty and “1” indicates the grid
is occupied. For the occupied grid 𝑝1 , if its eight neighbour
grids satisfy the thinning condition, grid 𝑝1 is change into
empty because it is not a part of the skeleton.

T2
T1

T21

m2

Thinning Condition 1. Consider
(1) 2 ≤ 𝑁(𝑝1 ) ≤ 6,

m1

(2) 𝑆(𝑝1 ) = 1,

Figure 3: Map merging coordinate diagram.

(3) 𝑝2 ⋅ 𝑝4 ⋅ 𝑝6 = 0,
(4) 𝑝4 ⋅ 𝑝6 ⋅ 𝑝8 = 0.
Thinning Condition 2

the relevant knowledge about pose of robot in advance, for
example, we are sure that robot is located in the area that is
much smaller than free area in the map, we can only sample
in this area, which improves the speed of the algorithm.

(1) and (2) are the same as Thinning Condition 1,
(3) 𝑝2 ⋅ 𝑝4 ⋅ 𝑝8 = 0,
(4) 𝑝2 ⋅ 𝑝6 ⋅ 𝑝8 = 0.

4. Relative Pose Estimation of Maps

Here,
{0,
𝑝𝑖 = {
1,
{

grid 𝑝𝑖 is empty,
grid 𝑝𝑖 is occupied.

(6)

𝑁(𝑝1 ) denotes the number of occupied grids of 8 neighbours,
and it is defined as follows:
9

𝑁 (𝑝1 ) = ∑𝑝𝑖 .

(7)

𝑖=2

𝑆(𝑝𝑖 ) denotes times of the change from 0 to 1 in the sequence
𝑝2 , 𝑝3 , . . . , 𝑝8 , 𝑝9 .
3.2. The Sample Space Limitation. The map skeleton is constructed for designating confined sample area and navigation
path. If robot moves along bisector of the obstacles (approximately along the skeleton), it has more opportunities to
collect more environment information.
The performance of MCL is heavily dependent on density
of particles if the other conditions are the same. The sample
space is usually very large in the stages of MCL global localization and processing the kidnapped robot problem (the
worst case is all free areas in the environmental map). A lot of
particles are required in order to localize successfully, and the
request of real time is not met. However, if we could acquire

4.1. Hypothesis Generation. The simplest situation is considered: two complete maps 𝑚1 and 𝑚2 (their coordinates
are different in global coordinates) in the same closed environment Ω save two parts of information: grid occupancy
information and skeleton of corresponding free area. If a
robot constantly moves along the skeleton of free area in
environment Ω and observes the environment at the same
time, MCL global localization is used to localize the robot
in map 𝑚1 and map 𝑚2 . Suppose the location estimations of
robot in two maps are 𝜉𝑡(1) and 𝜉𝑡(2) , respectively, at time 𝑡, as
shown in Figure 3, the following formula can be concluded:
𝑇1 = 𝑇21 ⋅ 𝑇2 ,

(8)

where 𝑇1 and 𝑇2 are corresponding homogeneous transformation matrixes to 𝜉𝑡(1) and 𝜉𝑡(2) , respectively. 𝑇21 is homogeneous transformation matrix that the coordinates of map 𝑚2
is relative to one of map 𝑚1 .
According to (4), the relative pose between 𝑚1 and 𝑚2 is
as follows:
𝑇21 = 𝑇1 ⋅ 𝑇2−1 .

(9)

The specific approach is put forward in the paper. A robot
is simulated to move along the skeleton of the partial map
𝑚1 and constantly observe the map, which is obtained by

4
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a robot using the single-robot-SLAM algorithm. At the same
time, these simulated data are used as information sources
to do Monte Carlo localization for partial map in the map
𝑚2 . The localization process is carried out until the particles
converge to one or more clusters. Because the simulation data
is obtained near the map skeleton, the initial particles only
need to be generated near the skeleton of 𝑚2 in the process
of MCL in the map 𝑚2 . In this way the initial pose estimation
between 𝑚1 and 𝑚2 is got quickly. Figure 4 shows the model
of the method.
4.2. Hypothesis Verification. From the previous method, we
get the preliminary estimation to the relative pose between
two partial maps 𝑚1 and 𝑚2 which were constructed by
Robot1 and Robot2, respectively. The estimation may have
one or more peak values, which are supposed to be as relative
pose hypotheses between 𝑚1 and 𝑚2 . Suppose that homogeneous transformation matrix 𝑇 is one of these hypotheses, as
show in Figure 5, the homogeneous transformation matrix 𝑇3
of the two robots’ relative pose can be calculated with 𝑇, 𝑇1 ,
and 𝑇2 as follows:
𝑇3 = 𝑇1−1 ⋅ 𝑇 ⋅ 𝑇2 .

The partial map A

𝜉(1)
t

The calculation
of relative
position
The partial map B
The partial map
Monte Carlo
localization

𝜉(2)
t

Figure 4: Calculation of relative pose of maps based on virtual robot
motion.

Robot 2
Robot 1

T3

T2

(10)

We can use 𝑇3 to path planning two robots’ paths in the
map 𝑚1 and make them meet as far as possible. The plan
is operated on Robot1, and the results are sent to Robot2
in order to collaborate with each other. If the two robots
can meet according to the path planning, the relative pose
hypothesis 𝑇 is true, and we go to the stage of estimation
optimization; otherwise we test the next hypothesis. If all
hypotheses are false, the robot still constructs map independently (single-robot SLAM), waiting for the next operation of
map merging.

u t , zt

Virtual robot
motion

T1
m2
T

m1

Figure 5: Relative pose of robots.

5. Estimation Optimization
After the previous steps, the preliminary estimation to the
relative pose of map is got. Based on the research of literature
[24], the relative pose is further optimized. The concrete
optimization process is as follows.
5.1. Dissimilarity Measurement Function of Map. From the
definition of map merging, the map merging problem can be
seen as an optimization problem, whose optimization function is 𝜔(). It is the problem that 𝜔() is directly used as optimization function. Because the values of 𝜔(𝑚1 , 𝑇(𝑡𝑥 ,𝑡𝑦 ,𝑡𝜃 ) (𝑚2 ))
are arbitrarily leap with continuous changes of variables
(𝑡𝑥 , 𝑡𝑦 , 𝑡𝜃 ), the function 𝜔() delivers no effective gradients to
do optimization like hill-climbing algorithm. The dissimilarity function is as follows:
𝜓 (𝑚1 , 𝑚2 ) = ∑ [𝑑 (𝑚1 , 𝑚2 , 𝑐) + 𝑑 (𝑚1 , 𝑚2 , 𝑐)]
𝑐∈𝐶

(11)

where 𝐶 denotes grid range of map 𝑚1 and map 𝑚2 , 𝑚1 [𝑝1 ]
denotes the value of grid 𝑝1 in map 𝑚1 , 𝑚𝑑(𝑝1 , 𝑝2 ) = |𝑥1 −
𝑥2 |+|𝑦1 −𝑦2 | denotes the Manhattan-distance between points
𝑝1 and 𝑝2 , and #𝑐 (𝑚1 ) = #{𝑝1 |𝑚1 [𝑝1 ] = 𝑐} denotes the
number of grids with value 𝑐 in map 𝑚1 .
To simplify the calculation, the grids’ value of the map
is marked as “free” or “occupied” or “unknown” according
to the predefined threshold. Only occupied and free grids
are considered for computing dissimilarity function, so 𝐶 =
{occ, free}. In order to compute the dissimilarity function in
linear time, a so called distance-map is introduced. Distancemap 𝑑𝑚𝑎𝑝𝑐 [𝑥1 ][𝑦1 ] denotes the Manhattan distance between
the grid 𝑝1 = (𝑥1 , 𝑦1 ) in map 𝑚1 and a grid which is the
nearest point to 𝑝1 with value 𝑐 in map 𝑚2 :

𝑑𝑚𝑎𝑝𝑐 [𝑥1 ] [𝑦1 ] = min { 𝑚𝑑 (𝑝1 , 𝑝2 ) 𝑚2 [𝑝2 ] = 𝑐} .

(13)

with
𝑑 (𝑚1 , 𝑚2 , 𝑐) =

∑𝑚1 [𝑝1 ]=𝑐 min {𝑚𝑑 (𝑝1 , 𝑝2 ) | 𝑚2 [𝑝2 ] = 𝑐}
#𝑐 (𝑚1 )

,

(12)

The concrete calculation process for 𝑑𝑚𝑎𝑝c is shown in
Algorithm 1.
Using the distance-map 𝑑𝑚𝑎𝑝𝑐 , we can calculate 𝑑(𝑚1 ,
𝑚2 , 𝑐) with Algorithm 2.
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Input: the grid map 𝑚 and grid value 𝑐
Output: distance-map 𝑑𝑚𝑎𝑝𝑐
1 for 𝑦 = 0 to 𝑛 + 1 do
2
for 𝑥 = 0 to 𝑛 + 1 do
3
if 𝑚(𝑥, 𝑦) == 𝑐 then
4
𝑑𝑚𝑎𝑝𝑐 [𝑥][𝑦] = 0;
5
else
6
𝑑𝑚𝑎𝑝𝑐 [𝑥][𝑦] = ∞;
7
end
8
end
9 end
10 for 𝑦 = 1 to 𝑛 do
11
for 𝑥 = 1 to 𝑛 do
ℎ = min(𝑑𝑚𝑎𝑝𝑐 [𝑛 − 𝑥 + 1][𝑛 − 𝑦] + 1,
12
𝑑𝑚𝑎𝑝𝑐 [𝑛 − 𝑥][𝑛 − 𝑦 + 1] + 1);
13
𝑑𝑚𝑎𝑝𝑐 [𝑛 − 𝑥][𝑛 − 𝑦] = min(𝑑𝑚𝑎𝑝𝑐 [𝑛 − 𝑥][𝑛 − 𝑦], ℎ);
14
end
15 end
16 for 𝑦 = 1 to 𝑛 do
17
for 𝑥 = 1 to 𝑛 do
18
ℎ = min(𝑑𝑚𝑎𝑝𝑐 [𝑥 − 1][𝑦] + 1, 𝑑𝑚𝑎𝑝𝑐 [𝑥][𝑦 − 1] + 1);
19
𝑑𝑚𝑎𝑝𝑐 [𝑥][𝑦] = min(𝑑𝑚𝑎𝑝𝑐 [𝑥][𝑦], ℎ);
20
end
21 end
22 return 𝑑𝑚𝑎𝑝𝑐 ;
Algorithm 1: Calculation process of distance-map 𝑑𝑚𝑎𝑝𝑐 in grid map.

Input: the grid map 𝑚1 , 𝑚2 and grid value 𝑐
Output: 𝑑(𝑚1 , 𝑚2 , 𝑐)
1 calculate the 𝑑𝑚𝑎𝑝𝑐 of 𝑚2 according to Algorithm 1;
2 𝑑(𝑚1 , 𝑚2 , 𝑐) = 0;
3 for 𝑦 = 0 to 𝑛 + 1 do
4
for 𝑥 = 0 to 𝑛 + 1 do
5
if 𝑚1 (𝑥, 𝑦) == 𝑐 then
6
𝑑(𝑚1 , 𝑚2 , 𝑐) = 𝑑(𝑚1 , 𝑚2 , 𝑐) + 𝑑𝑚𝑎𝑝𝑐 [𝑥][𝑦];
7
end
8
end
9 end
10 return 𝑑(𝑚1 , 𝑚2 , 𝑐);
Algorithm 2: Calculation process of 𝑑(𝑚1 , 𝑚2 , 𝑐).

is computed. The concrete process is shown in Algorithm 3.
And a more detailed description is in the literature [24].

6. Experimental Results
We perform experiment based on the map merging algorithm
proposed in this paper. The process of experiment is as
follows. Firstly, grid map of the identical simulation environment (Figure 6(a)) is constructed by using SLAM algorithm
twice, as shown in Figures 6(b) and 6(c). Then, the relative
pose between two partial maps is calculated using the method
proposed in the paper. Finally, the results of map merging are
illustrated in Figures 6(d) and 6(e). Figure 6(d) is the result
based on calculation of relative pose of maps using virtual
robot motion, and its optimized result using random walk
optimization is showed in Figure 6(e).

7. Conclusions
5.2. Random Walk Optimization. The basic idea of random
walk optimization is to search in the given solution space
using the way of random walk. At each step a random solution
is generated and the corresponding heuristic rule of next step

In the paper, map merging method based on virtual robot
motion is proposed in the field of multirobot SLAM. For
multi-robot SLAM, there are four kinds of interaction effect
between two robots. The first kind is no interaction between
two robots. The second kind is hypothesis generation because

6
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(a) Simulation environment

(c) Partial map m2

(b) Partial map m1

(d) Map merging based on preliminary estimation

(e) Map merging based on optimized estimation

Figure 6: Experimental results.

communication is permitted between robots, but relative
pose of other robot is unknown. The third kind is hypothesis
verification because communication is permitted between
robots, and relative localization hypothesis is generated in the
process of hypothesis generation. The forth kind is coordinated exploration because robots have relative pose and can
share map and explore environment.
In this paper, a mobile robot is simulated in one map;
it moves along the map’s skeleton and measures the virtual environment. At the same time, these simulated data are
used as information sources in the other map to do partial
map Monte Carlo localization; if localization succeeds, the

relative pose hypotheses between the two maps can be computed easily. Then, they actively verify one hypothesis using
a rendezvous technique. If successful, using the hypothesis
as initial value, the estimation is optimized by a heuristic
random search algorithm. The algorithm is not only for grid
maps but also other types of map. The experimental results
have verified the algorithm.
In the future, the corresponding problems, such as network transmission and collaboration of robots, are required
to be considered. Cloud robotics is considered to be the next
great-leap-forward development of robotics. The method will
be improved to apply to cloud robotics.
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Input: the grid map 𝑚1 , 𝑚2 , initial relative pose estimation 𝑡start
Output: the relative pose 𝑡 between map 𝑚1 and 𝑚2
1 𝑘 = 0; 𝑡𝑘 = 𝑡start ;
2 Σ0 = Σinit ; 𝜇0 = 𝜇init ;
3 𝑐0 = 𝜓(𝑚1 , 𝑇𝑡start (𝑚2 ));
4 while 𝑘 < 𝑛𝑢𝑚𝑠𝑡𝑒𝑝𝑠 do
5 ]𝑘 ∼ 𝑁(𝑢𝑘 , Σ𝑘 );
6 𝑠 = 𝑡𝑘 + ]𝑘 ;
7 𝑐𝑠 = 𝜓(𝑚1 , 𝑇𝑠 (𝑚2 ));
8 if 𝑐𝑠 < 𝑐𝑘 or RS(𝑡𝑘 , 𝑠) = 𝑠 then
9
𝑘 = 𝑘 + 1; 𝑡𝑘 = 𝑠; 𝑐𝑘 = 𝑐𝑠 ;
10
Σ𝑘+1 = (𝑡𝑘 , 𝑡𝑘−1 , . . . , 𝑡𝑘−𝑀 );
11
𝜇𝑘+1 = (𝑡𝑘 , 𝑡𝑘−1 , . . . , 𝑡𝑘−𝑀 );
12 end
13 end
14 return 𝑠;
Algorithm 3: Random walk optimization.
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Word sense disambiguation (WSD) is a fundamental problem in nature language processing, the objective of which is to identify the
most proper sense for an ambiguous word in a given context. Although WSD has been researched over the years, the performance
of existing algorithms in terms of accuracy and recall is still unsatisfactory. In this paper, we propose a novel approach to word sense
disambiguation based on topical and semantic association. For a given document, supposing that its topic category is accurately
discriminated, the correct sense of the ambiguous term is identified through the corresponding topic and semantic contexts. We
firstly extract topic discriminative terms from document and construct topical graph based on topic span intervals to implement
topic identification. We then exploit syntactic features, topic span features, and semantic features to disambiguate nouns and verbs
in the context of ambiguous word. Finally, we conduct experiments on the standard data set SemCor to evaluate the performance of
the proposed method, and the results indicate that our approach achieves relatively better performance than existing approaches.

1. Introduction
Up to present, diverse WSD methods have been proposed. These methods are overviewed as machine learning
(includes supervised and unsupervised) and external knowledge sources. Generally speaking, these methods have the
potential bottleneck and limitation. However, almost all the
methods, without exception, depend on the context in which
the ambiguous word occurs. Moreover, the context size of the
target word is too small to convey enough meaning for being
disambiguated at a fine-grained level. More contexts which
may not be necessarily helpful, on the contrary, will increase
computational complexity. Consequently, in order to achieve
disambiguation task, there are several challenges, as follows:
(1) how to choose context, represent context, and determine
context size for implementing all words disambiguation; (2)
how to discover topic discriminative features from document
for topic identification and implement disambiguation based
on topical and semantic association.
In this paper, we propose a novel approach aimed at
disambiguating all words based on topical and semantic

association. Our main contributions are the following: (1)
combining topic chain and disambiguation context into topic
semantic profile for identifying topic discriminative term
and constructing topical graph based on the topic span
intervals of topic discriminative term to implement the
document’s topic identification, (2) determining the unique
sense of ambiguous term using topical-semantic association
graph, paying more attention to exploiting syntactic features,
semantic features, and topical features to implement verb
and noun disambiguation. Finally, the evaluated experiments
have been performed on the standard data set, and the
results indicate our approach can achieve disambiguation
task effectively.

2. Related Work
Word sense disambiguation is the ability to identify the
words’ sense in a computational manner [1]. We can broadly
overview two main approaches to WSD, namely, machine

2
learning and external knowledge sources. The former further distinguishes between supervised learning [2, 3] and
unsupervised learning approach [4, 5], whereas the latter
further divides into knowledge-based [6, 7] and corpusbased approaches [8]. These approaches based on the external
resource usually have lower performance than the machine
learning ways, but they have the advantage of a higher
precision rate and a wider coverage. These approaches are
overly dependent on the knowledge completeness and richness. Recently, some comprehensive approaches are becoming more and more prevalent, such as the integration of
knowledge-based and unsupervised approach [9] and the
integration of knowledge-based and corpus-based approach
[10, 11]. In addition, the approach of domain-oriented disambiguation [12] is similar to our idea. The hypothesis of
this approach is that the knowledge of a topic or domain can
help disambiguate words in a particular domain text [1]. This
approach achieves good precision and possibly low recall, due
to the fact that particular domain information can be used
to disambiguate mainly domain words, for example, in the
domains of computer science, biomedicine [13, 14], tourism,
and so on. Given all that, the major difference between
our disambiguation strategy and these existing approaches
is that we focus on term-concept association and concepttopic association, moreover, in the way of determining the
appropriate size of disambiguation context. In addition, the
verbs sense disambiguation is an important portion of WSD;
Dligach and Palmer [15] propose a notion of Dynamic
Dependency Neighbors (DDN) which takes noun as an
object from a dependency-parsed corpus. Abend et al. [16]
introduce a novel supervised learning model for mapping
verb instances to VN classes, using rich syntactic features
and class membership constraints. The above two methods
are based on supervised learning methods with rich features
based on part-of-speech tags, word stems, surrounding and
cooccurring words, and dependency relationships.

3. Word Sense Disambiguation Based on
Topical and Semantic Association
In this section, we introduce the description of word
sense disambiguation in detail, which includes three core
components, namely firstly, mapping a WordNet Sense to
an ODP’s Category Label for generating the term’s topic
semantic profile; secondly, extracting topic discriminative
term through position feature, statistical feature, semantic
feature, and topic span distribution feature, and leveraging
topic discriminative terms for topic identification; finally,
determining the unique sense of ambiguous term using
topical-semantic association graph.
3.1. Mapping a WordNet Sense to an ODP’s Category Label.
We aim to construct a mapping relation from a WordNet
sense to an ODP’s category label. Our proposed approach
effectively fuses the semantic knowledge with hierarchical
topic category to generate topic semantic knowledge profile
for expediently handling a series of research hot issues, such
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as information extraction, topic identification, and word
sense disambiguation.
For conveniences in describing follow-up contents, we
give some basic terminologies.
Definition 1 (topic chain). A topic chain (TC) is a branch of
topic hierarchy and represents a sequence of ordered topic
category label terms in ODP. It represents a notation of 𝑡𝑚 >
⋅ ⋅ ⋅ > 𝑡2 > 𝑡1 , where 𝑡1 is a top topic term and 𝑡𝑚 is a terminal
topic term.
Definition 2 (disambiguation context). A disambiguation
context (DC) is a set of glosses, synonyms semantics, and
hypernyms semantics for a term which may exist several
senses in WordNet. DC represents the horizontal synonyms
relation and the vertical hypernyms relation from lower-level
concept to upper-level concept. Simultaneously, the glosses
can also be available to calculate the semantic similarity.
Definition 3 (topic semantic profile). A topic semantic profile
(TSP), which characterizes term’s semantic and its hierarchical topic category, is a sequence of 3-tuple and represents
a notation of ⟨𝑤, DC, TC⟩, where DC denotes the term 𝑤’s
disambiguation context; TC denotes the term 𝑤’s topic chain
label name.
Due to a variety of senses or the vague sense for a given
term, the determination of its topic category label is the most
difficult problem. In order to solve this problem, there are
two significant aspects to be handled, one is to determinate
a particular topic branch of term which is associated with
multiple topics; the other is to assign the term’s proper topic
level, just in case too fine-grained hierarchical category to
match the concept of user interests or information needs.
Restricting semantic disambiguation context is a standard
technique to mitigate the problem of term’s cross topic. In
addition, semantic similarity and cooccurrence information
are also the ideal techniques for determining topic branch and
topic level by pruning hierarchical category tree. During the
process of our algorithm, we aim to determinate the mapping
between WordNet and ODP. Formally, given the sense of a
term in WordNet, we acquire a mapping to an ODP’s topic
chain as follows:
𝑓 (senseterm ) : Disambiguation ContextWordNet →
Topic ChainODP .
3.2. Leveraging Topic Discriminative Term for
Topic Identification
3.2.1. Identifying Topic Discriminative Term
Definition 4 (topic discriminative term). Topic discriminative term (TDT) can be applied to characterize and highlight
a term or phrase’s related subject matters in the document.
The term or phrase of high discriminative should be strongly
associated with the semantic context, owns the number of
sense as little as possible, and explicitly specifies the topical
category. In addition, on account that technical terminology
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is monosemous in most cases, it can provide import clues for
grasping the meaning and topic category.
Definition 5 (the reoccurrence topic span of TDT). When a
sentence is a basic processing unit, the reoccurrence topic
span (TS) of TDT is defined as text spans for expressing
the particular topical meaning, which starts form the first
occurrence of TDT and ends to the last occurrence TDT. In
this span interval, TDT may not appear in each sentence.
Hence, the formulation of reoccurrence topic span interval
(TSI) for a certain TDT is defined as [𝑆first , 𝑆last ], where the
sentence identifiers of first and last occurrence are denoted
as 𝑆first and 𝑆last , respectively.
Then, we exploit position feature, statistical feature,
semantic feature, and topic span distribution feature to
identify and extract topic discriminative term. Intuitively,
the term or phrase occurs in more special positions which
include title, the first paragraph, the last paragraph, the first
sentence, the last sentence, and so on. The more senses of term
or phrase denote the weaker capacity of topic discrimination.
The greater topic span distribution denotes the stronger topic
representation. Consequently, we define the formula (1) for
calculating the weight of TDT as follows:
𝑇

TDT (𝑤) = 𝛼 ⋅ ∑𝜔𝑖 ⋅ 𝑡𝑓𝑖 (𝑤) + 𝛽 ⋅
𝑖=1

1
|Senses (𝑤)|

(1)

1 + (𝑆last − 𝑆first )
+ 𝛾 ⋅ On (𝑤) ⋅
,
‖𝑆‖
where 𝑡𝑓𝑖 represents term frequency which is the number of
word occurrences in the 𝑖th type special position; 𝑤𝑖 stands
for the weight of the 𝑖th type special position; |Senses(𝑤)|
is the number of term senses in the WordNet and denotes
preference to terms which select only a few topic categories;
On(𝑤) is the number of occurrences in the document;
𝑆first and 𝑆last , respectively, denote the identifiers’ number
of sentences in the document; 𝑆 is the total number of
sentences in the document. The parameters of 𝛼, 𝛽, and 𝛾 are
user-specified, the values of which are dynamically adjusted
according to experimental effect.
3.2.2. The Calculating Measure of Semantic Similarity in
Hierarchical Structure. The hierarchical structure is the common characteristics in knowledge representation, such as the
hypernym/hyponym relations in WordNet or the topic coverage in ODP. We utilize the hierarchical structure features
for measuring the semantic similarity, that is, node depth and
node distance. Intuitively, the deeper the depth of subsume,
the greater their similarity. The node pair with the shorter
distance between has the greater similarity than that of the
pair with the longer distance between them. Assume
Sim (𝐶𝑖 , 𝐶𝑗 ) = ((1 − 𝜆) ⋅ 𝑒−𝛼⋅𝑙1 + 𝜆 ⋅ 𝑒−𝛼⋅𝑙2 ) ⋅

𝑒𝛽⋅ℎ − 𝑒−𝛽⋅ℎ
,
𝑒𝛽⋅ℎ + 𝑒−𝛽⋅ℎ
(2)

where 𝑙1 and 𝑙2 are respectively the shortest distance length
from the node to the subsume; ℎ is the depth of the subsume;
the parameters 𝛼, 𝛽, and 𝜆 are in [0, 1].
For instance, given two topic chains TC𝑖 and TC𝑗 in ODP,
the average similarity is measured their relatedness by using
formula (3) as follows:
1
Sim (TC𝑖 , TC𝑗 ) = 
∑ ∑ Sim (𝑡𝑎 , 𝑡𝑏 ) , (3)
TC𝑖  TC𝑗  𝑡 ∈TC 𝑡 ∈TC


𝑎 𝑖 𝑏 𝑗
where, 𝑡𝑎 and 𝑡𝑏 , respectively, denote one of all terms in topic
chains TC𝑖 and TC𝑗 .
3.2.3. The Topic Identification Algorithm. To implement topic
identification for a given document, we assume the following.
(1) The reoccurrences of topic discriminative terms in a given
document indicate the presence of a certain topic. (2) A topic
similarity set of topic discriminative terms which occur in
the text fragment will share the identical topic and similar
semantic context. Intuitively, the longer reoccurrences of the
TDTs are preferred over shorter ones. The more the TDTs in
the certain text fragment are, the more chance there is that
they are related to a similar topic content.
Formally, a document 𝐷 is represented as a sequence of
𝑛 sentences 𝑆𝑖 (1 ⩽ 𝑖 ⩽ 𝑛) which are the basic structure
units. The 𝐾 candidate topic discriminative terms distribute
in these sentences and generate the 𝐾 re-occurrence topic
span intervals. A topical graph 𝐺 = (𝑉, 𝐸) is on undirected graph and may be consisted of 𝑚 topical subgraphs.
The vertices are represented for corresponding topic span
intervals (TSI) of TDT; meanwhile, these TDTs associate
with the corresponding topic semantic profiles which include
disambiguation contexts and topic chains. The edges are
connected according to the overlap relationship of topic
span intervals of TDTs and the similarity relationship of
TDTs’ topic semantic profiles. In the process of generating
topical graph, the subgraph is firstly constructed through
immediate overlap of topic span intervals. Then, the multiple
subgraphs are connected to the whole topical graph through
the immediate adjoining relationship of topic span intervals
of TDT, and these intervals are not overlapped.
Next, we need to determine the unique sense of candidate
TDT which includes more than one topic semantic profile.
In the topical graph, we begin from the vertices whose TDTs
are monosemous and the higher weight, iteratively calculate
the similarity of corresponding topic chains between current
vertex and its neighbor ones through formula (4), and choose
the topic chain of maximal similarity value as its neighbor
vertex’s topic chain, thereby, determine the unique topic
semantic profile of the candidate TDT. Consider
Sim (TDT, TDT ) =

max

TC𝑖 ∈TCTDT ,TC𝑗 ∈TCTDT

Sim (TC𝑖 , TC𝑗 ) ,
(4)

where TDT is the current selected vertex; TDT is one
of immediate neighbor vertices in the topical graph. The
Sim(TC𝑖 , TC𝑗 ) is calculated by formula xx.
After all candidate TDTs are determined by the unique
topic semantic profile, we continue to update the weight of
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edges 𝑊𝑖𝑗 through formula (5) in the topical graph and prune
completely irrelevant edges. Consider
0,
where Sim(TDT𝑖 , TDT𝑗 ) < 𝜆,
𝑊𝑖𝑗 = {
Sim (TDT𝑖 , TDT𝑗 ) , where Sim(TDT𝑖 , TDT𝑗 ) ≥ 𝜆.
(5)
The manipulation of pruning irrelevant edges also indicates the fact that there is a conflict between topic span
intervals of two TDTs. Suppose that the edge between vertex
TS𝑖 and vertex TS𝑗 is pruned. In order to describe the process
of adjusting conflict interval, the topic span intervals of the
TDT𝑖 and TDT𝑗 are represented as [𝑆(𝑖)begin , 𝑆(𝑖)last ] and
[𝑆(𝑗)begin , 𝑆(𝑗)last ], respectively. The overlap relationship of
the conflict interval includes two cases, namely, complete
inclusion and partial intersection. Consider the following:
(1) TSI(TDT𝑗 ) ∈ TSI(TDT𝑖 ): compared with TDT𝑖 , if
the similarity value between other TDTs and TDT𝑗
is greater than threshold 𝜆, then the topic span
interval of TDT𝑖 is splitted into [𝑆(𝑖)begin , 𝑆(𝑗)begin ]
and [𝑆(𝑖)last , 𝑆(𝑗)last ]; Otherwise, the vertex of the
TDT𝑗 is deleted.
0: compared with TDT𝑖 , if
(2) TSI(TDT𝑗 ) ∩ TSI(TDT𝑖 ) ≠
the similarity value between other TDTs and TDT𝑗
is greater than threshold 𝜆, then the topic span
interval of TDT𝑖 is updated for [𝑆(𝑖)begin , 𝑆(𝑗)begin ]
or [𝑆(𝑗)last , 𝑆(𝑖)last ]; Otherwise, the topic span interval of TDT𝑗 is updated for [𝑆(𝑗)begin , 𝑆(𝑖)begin ] or
[𝑆(𝑖)last , 𝑆(𝑗)last ].
In addition, if there do not exist other TDTs in the conflict
interval, the split intervals have a bias for the greater weight
of TDT.
On the basis of pruned topical graph, the document’s
topical describing information is formed through detecting
the high-density components and choosing top-level cooccurrence topic concepts of topic chains. Firstly, the vertices
of the highest degree centrality are chosen as the initial
set for implementing the topical clustering. Secondly, the
other vertices are iteratively integrated into the different
topical clusters according to the adjacency relationship and
the previous calculation result of similarity for topic chains.
The isolated individuals and too small topical clusters will
be ignored. Finally, owing to the fact that the conventional
document tends to contain a relatively small number of
topics, we focus on those higher density components and
choose top-level cooccurrence topic concepts as document’s
topic category describing information. At the same time, the
TDT associated with the bottom-level topical concept has its
corresponding topic span intervals. These topic span intervals
will be used to determine the appropriate size of context for
the ambiguous term.
To achieve the whole process of leveraging topic discriminative term for topic identification, we will design the
Algorithm 1.
3.3. Determining the Unique Sense of Ambiguous Term Using
Topical-Semantic Association Graph. The occurrences of the

ambiguous term in the different contexts clearly convey
different senses, respectively. Meanwhile, a certain sense of
the ambiguous target is associated with a particular topic,
so that multiple senses can be distinguished through topical
information. Consequently, we propose a topical-semantic
association model that exploits the local feature and global
feature in the context of ambiguous term to determine
its unique sense. The local feature perspective is described
through the syntactic clues and the semantic information of
neighbor concept in the sentence level. The global feature
perspective is characterized by topical association knowledge,
namely, the topical describing information.
3.3.1. The Representation of Context for the Ambiguous Term.
The representation of ambiguous term in the context space
is an important decisive factor for choosing the appropriate
sense. In our approach, a series of related features are
considered to represent the context. These features include
syntactic features, semantic features, and topical features. The
syntactic features are based on the preprocessing steps of
the input text, such as tokenization, part-of-speech tagging,
chunking, and parsing. The semantic features are with the
help of topic semantic knowledge resources which map from
WordNet to ODP in the first section. The topical features are
based on the topical describing information from the abovementioned preprocessing steps of topic identification.
The representation of context problem can be formally
stated as follows.
(i) 𝐴 is a list of the ambiguous terms in a portion of the
text.
(ii) 𝐿 is a list of related terms around the ambiguous term
𝑡, these terms are topic discriminative terms or a fixed
word sense.
(iii) 𝑆 is a list of topic semantic profile associated to
the terms. It represents the semantic information of
calculating the similarity.
(iv) 𝑇 is the topical describing information in each topic
interval text fragment. It denotes the topical background knowledge of implementing disambiguation.
The above notations only appear in the appropriate
context size. So, given the topical context 𝑇, the task for
determining the unique sense of an ambiguous term 𝑎, is
calculated by the function
𝑓𝑇 : {𝐴, 𝐿} × 𝑆 → R.

(6)

For the syntactic feature, each sentence is analyzed for
the parse tree. In the tree structure, we parse all the syntactic
units. For the target verb, we firstly distinguish a sentence
which is the sentence frame and identify corresponding
object and subject, respectively. For the target noun, we focus
on the modifier structure, the parallel structure, and subordinate clause for subject or object. In this way, the notation
of {𝐴, 𝐿} is the target of verbs and nouns disambiguation, and
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Input:
(i) The candidate topic discriminative terms of a given document.
Output:
(ii) The set of topical clusters with topical describing information.
Procedure:
(1) Computing the re-occurrences topic span for each candidate topic discriminative term.
(2) Ordering by the length of re-occurrences topic span for each candidate topic discriminative term.
(3) repeat
(4) Proceeding iteratively, starting with the longest re-occurrences topic span of TDT, ending with
the shortest and last TDT.
(5) Judging the overlap relationship of arbitrary two TDT’s [𝑆first , 𝑆last ].
(6) if (Two topic span intervals of TDT are intersecting)
(7) Two vertices of corresponding topic span intervals of TDT will be directly connected.
(8) else
(9) Two vertices will respectively belong to different topic span intervals, namely belong to
different subgraphs.
(10) until all independent subgraphs are constructed;
(11) Labeling each subgraph for 𝐺𝑖 , where 0 ⩽ 𝑖 ⩽ 𝑚.
(12) All independent subgraphs will be connected with the vertices that are directly proximal
in the corresponding TDT’s topic span, so a whole topical graph is constructed.
(13) repeat
(14) if (there exists one TDT which is monosemous)
(15) Select the higher weight one as initial vertex.
(16)
Iteratively calculate the similarity of topic chains between this vertex and other ones with its
neighbors by formula (3).
(17) else
(18)
Iteratively calculate the similarity of topic chains from the maximal weight of two
vertices by formula (4).
(19) until all candidate TDTs only exist the unique topic chain;
(20) Updating the weight of edges by formula (5) and pruning completely irrelevant edges in
the topical graph.
(21) Readjusting a topical conflict interval between two vertices of corresponding TDTs which
are connected by the pruned edge.
(22) S <- choosing the vertices of the maximum degree in the topical graph.
(23) Integrating the other vertices into topical clusters according to the adjacency and
similarity relationship.
(24) Ignoring the isolated individuals and too small topical clusters.
(25) Generating topical describing information to implement topic identification.
(26) Return The set of topical clusters with topical describing information.
Algorithm 1: Leveraging Topic Discriminative Term for Topic Identification.

represents ⟨verb, noun⟩, ⟨adjective, noun⟩, and ⟨noun, noun⟩
patterns.
3.3.2. Constructing Topical-Semantic Association Graph. We
fully exploit the interrelationships between topical graph
and context space to construct topical-semantic association
graph. Figure 1 shows the example of the topical-semantic
association graph. We take the proximal terms in the syntactic
structure as adjoining feature, disambiguation context as
semantic feature, and the topic chain of proximal terms and
TDTs in topic span interval as topic feature. The constructing
steps are as follows.
Step 1. On the basis of the syntactic preprocessing steps
for the sentence 𝑆, all ambiguous terms {𝐴 1 , . . . , 𝐴 𝑚 } in
the sentence 𝑆 are linearly connected according to their
occurrence in sequence.

Step 2. These ambiguous terms are taken as the centrality of
topical-semantic association graph. Other terms {𝑇1 , . . . , 𝑇𝑚 }
in the context space are connected to these targets according
to the adjoining relationship.
Step 3. On syntactic parsing tree, the particular collocation
patterns, namely, 𝑃1 : ⟨verb, noun⟩, 𝑃2 : ⟨adjective, noun⟩ and
𝑃3 : ⟨noun, noun⟩, are annotated to the relations between
terms.
Step 4. Suppose the sentence 𝑆 belongs to 𝐾 topic span
intervals. TDTs {TDT1 , . . . , TDT𝑘 } of these corresponding
topic span intervals are connected to all ambiguous terms
{𝐴 1 , . . . , 𝐴 𝑚 }.
Step 5. All terms’ topic semantic profiles, namely disambiguation contexts and topic chains, are adhered to the
corresponding terms. So, semantic contents of all terms in
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Figure 1: The topical-semantic association graph.

sentence 𝑆 are integrated into topical-semantic association
graph.
Step 6. The topic chain portions of all terms’ topic semantic
profiles are associated to the aforementioned topical describing information. So, the whole topical-semantic graph is
constructed.
3.3.3. Determining the Unique Sense through Choosing the
Maximal Similarity. On the basis of the topical-semantic
association graph, we focus on the disambiguation targets;
firstly dispose the pattern of ⟨noun, noun⟩ and ⟨adjective,
noun⟩ and then deal with the pattern of ⟨verb, noun⟩. The
reason for this is that the task of disambiguating the nouns
and noun phrases form are easy to implement through
calculating the similarity of topic and semantic; nevertheless,
the verb form is not suitable for directly calculating similarity.
The basic idea of disambiguation for ⟨noun, noun⟩ is
mainly a process of topic and semantic context comparison
between a target term and other adjoining ones. In order to
reduce the computation complexity, given a disambiguation
target, we firstly judge whether the concepts of its topic
chain appear in the topical describing information. If the
topic concept occurs, then the branch of the corresponding
topic chain is determined for the unique sense. Otherwise,
the sense is fixed through choosing the semantic branch of
the maximum similarity. The formula (7) can be defined as
follows:
𝑓 (𝑆𝑖 ) = arg max (Sim (TC𝑠𝑖 , TC𝑇,TDT )
𝑠𝑖 ∈Sense(𝐴 𝑖 )

(7)

+ Sim (DC𝑠𝑖 , DC𝑇,TDT )) ,
where Sim(TC𝑠𝑖 , TC𝑇,TDT ) and Sim(DC𝑠𝑖 , DC𝑇,TDT ), respectively, denote the topic chain and disambiguation context
similarity.
The treatment of verb sense disambiguation depends
on three important clues, namely, the syntactic structure of
sentence frame, the semantic information of synonyms, and
the domain information of objects. The sentence frames state
that different senses of verbs may occur with an infinitive,

with a transitive, and with an intransitive syntactic frame.
The syntactic structure information provided by WordNet is
rather scarce and not enough to implement the task of verb
disambiguation. Therefore, besides the above-mentioned
sentence frame, WordNet also provides the form of ⟨verb,
domain⟩ that characterizes the domain information of the
verb associated object and a number of synonyms of a sense
for target verb.
In front of disambiguating verbs sense, we extract
major sectors about the verbs senses’ semantic information from WordNet and harness the Lucene to index
them according to the form of [verb - ⟨verb, domain⟩ listsynonyms - listsentence frame - listobject ]. The first four contents
are immediately obtained and the last part that records the
list of objects is incrementally discovered through updating
the indexing in the future.
The procedures of disambiguating the pattern of ⟨verb,
noun⟩ are as follows. Firstly, compared with the syntactic
structure of the target verb, the partial of senses may be
filtered through sentence frames. Secondly, we calculate the
similarity between the domain terms in the form of ⟨verb,
domain⟩ and topic chains of the noun’s object to choose the
verb sense of maximum similarity. So, it is possible that the
target verb has more than a sense. Finally, given a noun object,
we can attain other synonyms verbs and retrieve the list of
objects. If the result exists in the match content with object,
then we choose the sense for the target verb.

4. Experimental Result
4.1. DataSet. In this section, we exploit the SemCor corpus
to evaluate our approach. The SemCor corpus was the largest
freely available textual corpus of semantically annotated
words and has been extensively used in evaluating WSD
systems.
4.2. Topic Identification Based on Extracting TDT. The key
foundation of topic identification is the extraction of topic
discriminative terms. We evaluate our topical identification
algorithm using the precision (the number of correct documents over the number of all documents) on SemCor.
We compare comprehensive features (All) with each feature,
namely, statistical feature (TF, word frequency), positional
and statistical feature (Pos + TF), semantic feature (SN, sense
number), and topic spanning distribution feature (TS, topic
spanning).
Table 1 summarizes the performance of extracting the
topic discriminative terms based on the selection of different
features. The columns “Mono” and “Poly,” respectively, show
the results on the subset of monosemous and polysemous
words, whereas column “All” shows results on all words.
When the words are monosemous, semantic feature is the
best results (91.0%); in contrast, positional + statistical feature
and topic span distribution feature are better than semantic
feature (80.8% and 83.1%). Let us continue to concentrate on
the results we obtained with comprehensive features. As can
be seen, all measures of comprehensive features perform better than the each feature. Especially, topic span distribution
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Table 1: The performance of the topic identification based on
extracting topic discriminative terms.
Measure feature
TF
Pos + TF
SN
TS
All

Mono.
78.3
82.1
91.0
88.6
92.4

Poly.
76.1
80.8
65.5
83.1
84.6

All
78.0
81.6
74.0
86.2
87.8

Table 2: The performance of disambiguating through TSA versus
other state-of-the art algorithms.
Nouns only
Verbs only
All words
𝑃
𝑅
𝐹1
𝑃
𝑅
𝐹1
𝑃
𝑅
𝐹1
TSA
82.5 68.9 75.1 69.3 57.7 63.0 76.8 60.2 67.4
ExtLesk 80.5 62.1 70.1 60.7 47.9 53.5 71.5 50.9 59.5
SSI
81.6 65.2 72.5 63.5 54.6 58.7 74.0 58.7 65.5
MFS
74.7 74.7 74.7 59.1 59.1 59.1 68.4 68.4 68.4
Algo.

feature (86.2%) plays a more important role for improving
the accuracy rate of documents’ topic identification. Next,
we further analyze the main failure reason of the topic
identification. It is due to the fact that there are not higher
degree centrality vertices in topic graph. This often degrades
performance, as too many low-degree centrality vertices may
lead to more difficulty in identify the document’s topic. In
addition, the probable cause is to determine the improper
unique topic semantic profile of the candidate TDT.
4.3. The Performance of Word Sense Disambiguation. We
compare our WSD approach based on topical and semantic
association (TSA) using WordNet + ODP with other stateof-the-art WSD approaches, namely, the ExtLesk algorithm
and the SSI algorithm. In addition, we evaluate separately the
performance on nouns only, verbs only, and all words.
Table 2 indicates that the result of TSA with WordNet+ODP achieves the best performance to disambiguate
words. The performances obtained for nouns are sensibly
higher than the one obtained for verbs, confirming the claim
that topical describing information is crucial to determine
the unique sense of ambiguous term. On the nouns-only subsection of the result, the performance of TSA is comparable
with SSI and significantly is better than other state-of-the-art
algorithms (+2.6% F1 against SSI).

5. Conclusions
In this paper, we propose a novel approach for word sense
disambiguation based on topical and semantic association.
Our experiments show that the topic categories of Open
Directory Project merged into WordNet are of high quality
and, more importantly, it enables external knowledge-based
WSD applications to perform better than the existing methods of only using WordNet. In addition, we also find that
the applied topical and semantic association into determining
the unique sense obviously influences WSD performance.

We obtain a large improvement when adopting the WSD
algorithm based on topical-semantic association graph.
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It is of great significance to research the early warning system for large-scale network security incidents. It can improve the network
system’s emergency response capabilities, alleviate the cyber attacks’ damage, and strengthen the system’s counterattack ability. A
comprehensive early warning system is presented in this paper, which combines active measurement and anomaly detection. The
key visualization algorithm and technology of the system are mainly discussed. The large-scale network system’s plane visualization
is realized based on the divide and conquer thought. First, the topology of the large-scale network is divided into some small-scale
networks by the MLkP/CR algorithm. Second, the sub graph plane visualization algorithm is applied to each small-scale network.
Finally, the small-scale networks’ topologies are combined into a topology based on the automatic distribution algorithm of force
analysis. As the algorithm transforms the large-scale network topology plane visualization problem into a series of small-scale
network topology plane visualization and distribution problems, it has higher parallelism and is able to handle the display of ultralarge-scale network topology.

1. Introduction
With the network’s application in various areas of human life,
network security draws more and more attention all over the
world. Network security problems such as computer virus
and hackers’ illegal intrusion lead to important information
leaks and may even cause the network paralysis. The accidents
have caused huge economic losses to various countries and
many companies and even endanger the security of the
countries and regions. Just in the first half of 2004, nearly 2
million hosts were attacked by major worms like Mydoom,
RPC loopholes, and LSASS loopholes in China [1, 2].
The study of early warning system and intrusion detection
technology has already carried out in many countries. These
systems monitor the illegal intrusion in some important economic, political, and military networks. They play important
roles in the protection of network security, the early detection
of intrusion, and the control of virus’ spread. There is no
suitable intrusion detection and early warning system for
large-scale network in China at present. In order to support
the information system and adapt to the requirement of
information warfare, it is necessary to develop the large-scale

network intrusion detection and early warning system. It has
very important significance to improve the network system’s
emergency response capabilities, alleviate the cyber attacks’
damage, and strengthen the system’s counterattack ability.
The large-scale network system’s plane visualization is
realized based on the divide and conquer thought. First, the
topology of the large-scale network is divided into some
small-scale networks by the MLkP/CR algorithm [3]. Second,
the subgraph plane visualization algorithm is applied to
each small-scale network. Finally, the small-scale networks’
topologies are combined into a topology based on the
automatic distribution algorithm of force analysis. As the
algorithm transforms the large-scale network topology plane
visualization problem into a series of small-scale network
topology plane visualization and distribution problems, it
has higher parallelism and is able to handle the display of
ultralarge-scale network topology.

2. Related Works
Some international research institutions have been engaged
in the study of this aspect. In 1999, the Information Assurance
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Begin
𝐺 ← CutDown(𝐺0 ); //cut 𝐺0 and get the graph backbone 𝐺
//divide 𝐺 into 𝑘 sub graphs
𝑘 partition(G);
for 𝑖 ← 1 to 𝑘
Plane Visualize(𝐺𝑖 ); //plan visual each sub graph
//attach the leaf nodes to the backbone
𝐺𝑖 = AttachLeaf(𝐺𝑖 );
end for
layout(𝐺1 , 𝐺2 , 𝐺3 , . . . , 𝐺𝑘 ); //distribution each sub graph
𝐺0 ← connect(𝐺1 , 𝐺2 , 𝐺3 , . . . , 𝐺𝑘 ); //connect each sub graph and get the final plane visual graph 𝐺0
end
Algorithm 1: Plane visual algorithm.

Advisory Council (IAAC) conducted a project called Threat
Assessment and Early Warning Methodologies for Information Assurance [4, 5]. It mainly develops and evaluates the
analysis methods for threat assessment and early warning.
The research goal is to prove that quantifiable threat assessment and early warning are feasible, which lays foundation
for further application research. The achievements are as follows: (1) to prove the feasibility of threat outline’s generation
and describe the threat outline from the attacker’s motives,
intentions, capabilities, and behavioral patterns and (2) to
argue the feasibility of indicating and alarming computer
attacks from substate stage actor behavior.
The study has several limitations. It focused on network’s
external threats. The considered attacker type is limited to sub
state stage attacker; the state or national agent stage attackers
are not considered. Many theories and technologies involved
in the project are not mature and still need further research
and development. Another related project is Information
Warfare Attack Assessment System [4], developed by the
International Centre for Security Analysis (ICSA) of British
Kingps College London between 1997 and 2000. This project
presented the concept of information warfare attack’s threat
assessment, indication, and warning, as well as the conceptual
framework of an open information source decision support
system. Its goals are as follows: (1) to evaluate the information
warfare threat caused by different attackers, (2) to provide
information warfare attack’s indication and warning, and (3)
to predict the enemy’s behavioral path. The above two projects
are of great relevance.
In China, researches have been done on attack detection
technology and feature information extraction methods of
network security strategic early warning system [6, 7]. Overall, only a small number of domestic agencies are working on
network security early warning system, and there is no much
open technical literature available. And existing intrusion
detection systems just simply submit alarm information to
administrator by a format of record. Administrator can hardly
get the distribution state of current network’s abnormalities
from the boring records, and it is also not conducive to
deal with abnormalities in time. Under this background, this
paper proposes a large-scale network security incident early
warning system which combines active measurement and
anomaly detection, aiming at macro-early-warning for the
outbreak of wide range network events based on network

topology. And we will focus on the visualization of the
early warning system. Through this system the administrator
can get the security events’ distribution state intuitively in
graphical form.
Therefore, this paper comes up with a plane visualization
problem and probes into how to locate large-scale network
topology on plane and get good visual effect at the same time.

3. Topology Distribution
Visualization Technology for
Large-Scale Security Incidents
3.1. Plane Visualization Algorithm Framework. According to
the balanced subproblem thought of the divide and conquer
algorithm, the original topology should be decomposed with
the following requirements: (1) to decompose the original
topology into 𝑘 subtopology with the same scale less than 𝑁;
each subtopology is described as 𝐺𝑖 (𝑁𝑖 , 𝑉𝑖 ), so 𝑁𝑖 < 𝑁; (2)
to make the edges in each subtopology as few as possible and
keep each subtopology independent as far as possible, so that
each subproblem will be independent and at the same time
the subtopologies will have good locality; thus the administer
can observe a subtopology’s information relatively independently; (3) and to ensure that each subtopology is a connected
graph, according to the divide and conquer algorithm, as the
network topology is an undirected connected graph, so each
subgraph is a logical network topology.
As a result, the plane visualization algorithm framework
for large-scale network is shown in Algorithm 1.
The key technologies of the algorithm include core router
screening technology, undirected graph segmentation algorithm MLkP/CR, the subgraph internal vertex distribution
algorithm, quasi-planarity technology, and the subgraph
automatic distribution algorithm based on force analysis.
This paper focuses on explaining the core router screening
technology and the subgraph automatic distribution algorithm based on force analysis.
The scale of each subgraph is defined as 𝑁, so the
algorithm realizes the plane visualization of undirected graph
with 𝑘 ∗ 𝑁 scale. The algorithm is able to solve the plane
visualization problem of undirected graph with any size, but
the value of 𝑘 is different, 𝑘 = |𝐺0 |/𝑁. In particular, the problem becomes a small undirected graph plane visualization

The Scientific World Journal
problem when 𝑘 = 1. The algorithm has high parallelism, and
the subgraph plane visualization can be realized in parallel.
3.2. Core Router Screening Technology. As the connection
relations of core routers constitute the backbone of the
network topology, the plane visualization of the topology
backbone is the key to the plane visualization of the network
graph. Before dividing the network topology, we can find its
backbone and reduce its scale through cutting. The topology
is defined as 𝑇 = (𝑉, 𝐸), where |𝑉| = 𝑛 and |𝐸| = 𝑚. As 𝑇
is connected, so the minimum degree of the vertexes in 𝑇 is
1. Cut down the vertexes with degree 1 in 𝑇; a new topology
𝑇 = (𝑉 , 𝐸 ) is got. The vertexes in 𝑇 are the vertexes in 𝑇
with the degree more than 2. If the number of the vertexes in
𝑇 with degree 1 is 𝑡, then |𝑉| = 𝑛 − 𝑡 and |𝐸| = 𝑚 − 𝑡. So
if 𝑡 changes sharply, the number of the drawn vertexes will
be greatly reduced when this method is used iteratively. If
𝑇 is equal to 𝑇0 at the beginning; after several iterations we
get 𝑇1 , 𝑇2 , . . . , 𝑇𝑛 and 𝐷1 , 𝐷2 , . . . , 𝐷𝑛 , where 𝐷𝑘 = 𝑇𝑘−1 − 𝑇𝑘 ;
namely, 𝐷𝑘 is constructed by the vertexes with degree 1 and
the edges connecting these vertexes in 𝑇𝑘−1 . If we can draw
𝑇𝑛 at this time, then we can draw 𝑇0 reversely. The method
is as follows: according to the definition of 𝐷𝑛 , a vertex V in
𝐷𝑛 is mapped to a unique vertex 𝑠 in 𝑇𝑛 ; select a position
around 𝑠 and draw V. After that, connect 𝑠 and V. Deal with
the vertexes in 𝐷𝑛 circularly and get a new topology including
all the vertexes and edges in 𝐷𝑛 and 𝑇𝑛 . As 𝐷𝑛 + 𝑇𝑛 = 𝑇𝑛−1 , so
we can get 𝑇0 , namely, 𝑇, by calling this method iteratively.
3.3. Subgraph Macro–Automatic-Distribution Algorithm
Based on Force Analysis. After the plane visualization of each
subgraph is realized, put the subgraphs together and connect
them with the edges between them. Then a whole topology,
namely, the large-scale undirected graph before divided,
is got. Therefore, the plane visualization of large-scale
undirected graph is realized. For any two subgraphs 𝐺𝑎 and
𝐺𝑏 , their associated value is defined as 𝐾(𝑎, 𝑏) = ∑ 𝑒(𝑢, V),
𝑢 ∈ 𝐺𝑎 ∧ V ∈ 𝐺𝑏 . If 𝐾(𝑎, 𝑏) = 0; then the associated value
is the minimum and there are no edges between the two
subgraphs. If 𝐾(𝑎, 𝑏) > 𝐾(𝑐, 𝑏), then the associated value of
𝐺𝑎 and 𝐺𝑏 is bigger than that of 𝐺𝑐 and 𝐺𝑏 . As 𝐾 is different
between different subgraphs, the subgraphs cannot be put
together randomly. Their associated values 𝐾 are related to
their mutual positions, and the cross of the edges can be
reduced by putting the subgraphs with higher 𝐾 together.
As shown in Figure 1, there are 5 subgraphs; on putting the
subgraphs with higher 𝐾 together, the cross can be reduced
and the connect relation between subgraphs can be shown
more clearly.
The goal of the distribution algorithm is to make the
distance between the subgraphs as even as possible and make
the cross edges as few as possible, namely, trying to put the
subgraphs with higher 𝐾 together.
For a given undirected connected graph 𝐺(𝑉, 𝐸), it is
made up with m subgraphs {𝐺𝑚 , 𝐺𝑚−1 ⋅ ⋅ ⋅ 𝐺1 } and their edges.
The distribution space of 𝐺 is defined as 𝐿 𝑚∗𝑚 , a matrix with
𝑚 ∗ 𝑚 scale. For 𝑖, 𝑗 ∈ {0 ⋅ ⋅ ⋅ 𝑚 − 1}, if graph 𝐺𝑘 captures the
space, then make 𝐿[𝐼, 𝑗] equal to 𝑘 (𝑘 > 1). If 𝐿[𝐼, 𝑗] is 0, then

3
the space is not captured by any subgraphs. 𝑋[𝑖] presents the
start abscissa of the space with row 𝑖 and 𝑌[𝑗] presents the
start ordinate of the space with column 𝑗. The abscissa range
of 𝐿[𝐼, 𝑗] is (𝑋[𝑖] ∼ 𝑋[𝑖] + 𝐺𝑖 ⋅ length) and the ordinate range
is (𝑌[𝑖] ∼ 𝑌[𝑖] + 𝐺𝑖 ⋅ width).
Now we import the force analysis method to our algorithm. With the above method, the subgraph distribution is
transformed into the matrix distribution, and the number of
each subgraph indicates the position where it is in the whole
graph. Take the distribution matrix as a box, each subgraph
waiting for distribution as a quality pellet, and the edges as
rubber band. If the value of 𝐾 is different, then the elastic
coefficient of the rubber band is different. The rubber band
has a free length. If it is pulled, then tension is generated.
There is repulsion between any two pellets. Through this
physical system, the subgraphs’ placing process in the matrix
is transformed into the process that the pellets move in
the box according to mechanics laws and ultimately achieve
balance. The pellets’ positions in the box when balance is
achieved are the subgraphs’ right positions in the matrix.
The physical formula is defined as follows:
(1) tension formula:


tension (V𝑖 , V𝑗 , 𝑒𝑘 )


={

0, (length (𝑒𝑘 ) ≥ distance (V𝑖 , V𝑗 )) ,
𝑘 ∗ (distance (V𝑖 , V𝑗 ) − length (𝑒𝑘 )) ,

(1)

(2) repulsion formula:


repulsion (V𝑖 , V𝑗 )


𝑓, (distance (V𝑖 , V𝑗 ) = 0) ,
{
{
{
{
= { 𝑔 ∗ mass (V𝑖 ) ∗ mass (V(distance (V𝑖 , V𝑗 ) ≠0)𝑗 )
{
.
{
2
{
distance(V
,
V
)
𝑖
𝑗
{

(2)

The pellet’s quality is proportional to the subgraph’s
degree. Compared to the star structure, the greater the center
vertex’s degree, the heavier its quality and the greater the
repulsion, and then the vertexes around it will have more
space to distribute. As distribution in the matrix can’t be
as accurate as that in the physical world, we use a kind of
greedy algorithm to distribute the subgraphs. It can avoid the
accurate calculation in real physical world and achieve good
effect at the same time. Distribute the subgraphs according to
the pellets’ qualities. As 𝑑 ∝ |𝐹|/𝑚, the greater the quality
is, the less the displacement is [8]. And at the same time, the
greater the degree is, the bigger the influence on the graph’s
distribution is. Therefore, the subgraph with higher quality is
distributed preferentially.
Once the distribution of all the subgraphs is decided, their
positions are fixed and will not be changed. As a result, when
the next subgraph waiting for distribution is 𝑖, the positions
of its previous 𝑖 − 1 subgraphs are already certain and we only
need to consider the influence of the previous 𝑖−1 subgraphs.
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(a) Place randomly
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(b) Place according to 𝐾

Figure 1: The influence of the subgraphs’ positions on cross-edges.

Table 1: Results of random distribution.

1
2
3
4

5
6
7
≥8

Figure 2: The degree distribution map of all the routers in China.

Here we use the traversal algorithm. Traverse every position
of the matrix when it is put in pellet 𝑖 and find the position
where the force is the minimum; it is also the balance and
final position of pellet 𝑖.
Distribution algorithm based on force analysis is shown
in Algorithm 2.

4. The Experimental Results and Analysis
4.1. The Experiment Results of Core Router Screening. The
degree distribution of all the routers in China is shown in
Figure 2. There are 19847 routers in the network of China.
Among these routers, 53.25% are routers with 1 degree. The
network scale can be reduced by half through cutting off these
vertexes, because they are the leaves attached to the topology
backbone, and it is easy to add them to the backbone when the
backbone is drawn. Finally, the plane visualization is realized.
4.2. The Experiment Results of the Distribution Based on
Force Analysis. The effect of the distribution based on force
analysis is related to the effect of the random distribution;
the more the two kinds of distributions are a like, the better
the algorithm’s randomness is, the greater the dispersion
degree of the distribution is, and the more balancedly the

Cluster no.
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15

Coordinate
(12, 10)
(8, 1)
(0, 6)
(1, 12)
(13, 1)
(7, 1)
(11, 8)
(12, 9)
(2, 5)
(9, 1)
(8, 10)
(2, 13)
(2, 7)
(5, 4)
(7, 10)

vertexes distribute. The experiment results of the two kinds
of distributions are shown in Figures 1 and 2. The coordinate
is the subgraph’s row and column position in the distribution
matrix.
Next, we compare the effect of the two kinds of distributions by calculating the distance of the data in Tables 1 and 2
and the distribution algorithms’ results.
The distribution distance between two subgraphs is
defined as
2

2

𝑑 = √(𝑥1 − 𝑥2 ) + (𝑦1 − 𝑦2 ) .

(3)

The ratio of all the distances’ mean absolute deviation and
average is defined as 𝛼 and it is calculated by (4). 𝛼 indicates
the well-proportioned degree of the subgraphs. The smaller 𝛼
is, the better proportionally the subgraphs are distributed.


(1/𝑚) ∑ 𝑑𝑖 − 𝑑
(4)
.
𝛼=
𝑑
Table 3 is calculated from Tables 1 and 2. We can see that
there is little difference between the two 𝛼, which means that
the effect of the two kinds of distributions is almost the same
and the force makes effective use of the distribution space, as
shown in Figure 3.
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(b) Distribution based on force analysis

Figure 3: Distribution diagram of the subgraphs.
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Subgraphs’ distance

Table 2: Results of distribution based on force analysis.
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Distribution randomly
Distribution based on force

Figure 4: Comparison of the subgraphs’ distance when 𝑘 > 15.

The distribution based on force analysis can reflect the
relationship and related degree of the subgraphs. Calculate
parameter 𝐾 which measures the distance between two
subgraphs. From Figure 4 we can see that for the same value
of 𝐾, the subgraphs’ distance of the distribution based on
force analysis is smaller than that of the random distribution,
which says that the distribution based on force analysis
reflects the relationship between the subgraphs. As the value
of 𝐾 becomes greater, the subgraphs’ distance of the distribution based on force analysis presents degressive tendency.
It means that our algorithm reflects the related degree of
the subgraphs; the bigger the value of 𝐾, the greater the
related degree and the smaller the distance. But the random
distribution can’t express these characters.
The 𝛼 of the distribution algorithm based on force analysis is almost the same as that of the random distribution
algorithm, meaning that the average degrees of the two kinds

Cluster no.
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15

Coordinate
(6, 0)
(3, 7)
(6, 8)
(5, 8)
(13, 1)
(11, 2)
(2, 3)
(0, 13)
(10, 5)
(11, 5)
(0, 4)
(2, 13)
(4, 2)
(7, 13)
(0, 7)
Table 3: Comparison of the two 𝛼.

𝛼

Random
0.0021

Based on force analysis
0.0028

of distributions are similar. While the subgraphs’ distribution
is related to the value of 𝐾 in the distribution algorithm
based on force analysis, the subgraphs with greater 𝐾 are
closer. Therefore, the distribution result of the distribution
algorithm based on force analysis is better than that of the
random distribution algorithm.
4.3. The Experiment Results of the Network Logical Topology in
China. The scale of the network in China is 104 stage. It has
19847 points and 24864 edges. Obviously, it is a large-scale
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Input: sub graphs and their adjacent matrix;
Output: the position coordinate of each sub graph in the topology;
Begin
{ for each sub graph V𝑖 in 𝑉
Distribute coordinate (𝑥𝑖 , 𝑦𝑖 ) for V𝑖 in the canvas randomly;
Force(V𝑖 ) = 0;
end for
while there is sub graph to distribute
begin
Select a sub graph V𝑖 with the highest quality from the sub graph set waiting for distribution;
for each edge (V𝑖 , V𝑗 ) connected with V𝑖
if V𝑗 is distributed
Force(V𝑖 ) += Tension(V𝑖 , V𝑗 ); //calculate the tension
end if
end for
for each vertex V𝑗 in 𝑉
if V𝑗 is distributed
Force(V𝑖 ) += Repulsion(V𝑖 , V𝑗 ); //calculate the repulsion
end if
end for
ForceMin = Force(V𝑖 );
//reverse to find the balanced position
for each position (𝑥𝑗 , 𝑦𝑗 ) in the layout
if the position is used
Calculate the resultant force Force(V𝑖 ) of this position;
if Force(V𝑖 ) < ForceMin;
ForceMin = Force(V𝑖 );
//record the balanced position
𝑥𝑖 = 𝑥𝑗 ;
𝑦𝑖 = 𝑦𝑗 ;
end if
end if
end for
end
}
Algorithm 2

Figure 5: The subgraph display of the network logical topology in
China.

network. The experiment results are shown in Figures 5 and
6.

5. Conclusion
This paper proposes a whole framework of the plane visualization algorithm based on the divide and conquer thought,

Figure 6: The whole display of the network logical topology in
China.

aiming at solving large-scale network plane visualization
problems, and it probes into two of the key algorithms
and technologies applied in this algorithm. (1) Core router
screening technology: we use this technology to cut down
the leaf nodes and get the main stem of the graph. It can
reduce the scale of the graph and improve the graph’s plane
visualization efficiency. Experiment has shown that after

The Scientific World Journal
processed by this technology, the scale of the graph can
be halved. (2) Subgraph automatic distribution algorithm
based on force analysis: with physicalification ideology, we
transform the subgraph distribution problem into physical
problem and get a reasonable distribution in the distribution
space. Compared with the random distribution, experiments
show that our algorithm has its superiority.
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Active contour models are used to extract object boundary from digital image, but there is poor convergence for the targets with
deep concavities. We proposed an improved approach based on existing gradient vector flow methods. Main contributions of this
paper are a new algorithm to determine the false part of active contour with higher accuracy from the global force of gradient vector
flow and a new algorithm to update the external force field together with the local information of magnetostatic force. Our method
has a semidynamic external force field, which is adjusted only when the false active contour exists. Thus, active contours have more
chances to approximate the complex boundary, while the computational cost is limited effectively. The new algorithm is tested on
irregular shapes and then on real images such as MRI and ultrasound medical data. Experimental results illustrate the efficiency of
our method, and the computational complexity is also analyzed.

1. Introduction
Image segmentation is one of the basic problems of image
processing and computer vision, and its purpose is to divide
the image into several different areas, while each region has
certain characteristics and disjoints with the others. Contour
extraction [1–3] is one basic segmenting approach, for which
the active contour model (ACM) has been widely studied and
applied [4–14]. Existing methods of ACM can be divided into
two types [15]: parametric ACMs [4–8, 16, 17] and geometry
based ACMs [9–12, 14, 18–20]. Due to effective mathematic
methods, parametric ACMs are often faster than geometry
based ACMs [11–13]. Geometry based ACMs need higher
dimensional functions, which make them slower. Therefore,
parametric ACMs are more suitable for certain applications
[13, 15], and the novel algorithm proposed in our paper also
belongs to the parametric ACMs.
The method of active contour model [4] was proposed
by Kass et al. The original ACM has certain disadvantages.
First, the external force field of ACM attenuates rapidly when
away from image edges, which makes the capturing range

of ACM very small; that is, its external force field is very
limited. Second, image noise may stop the deformation of
active contour where the local minimum energy is obtained
and leads the contour to incorrect border; thus, the initial
active contour is required to be very near the object boundary.
The disadvantages narrow the applications of original ACM,
which can only handle the objects without complex boundaries while the initial active contours are not far from the
edges.
Based on the original ACM, Xu and Prince proposed the
gradient vector flow (GVF) active contour model [7]. The
GVF based ACM presents a new external force field, and
the diffusing operation makes GVF force field spread to the
entire image and thus reflects the static global information.
GVF based ACM generates fairly good results even when
dealing with image noise and concave edges. The external
force field of GVF is a static force field, and it does not change
with deformation time or contour’s position. External force
field of GVF has a large capturing range, and it can drive
the active contour to concavities of image edge. However,
during the diffusion of external force field, the competing
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of forces happens. Thus, for the object boundary with very
deep concavities, the GVF based ACM still has difficulty to
correctly deal with and then obtain good results [15, 21].
To address the problem of converging the active contour
to deep concavities of object boundary, the magnetostatic
active contour model was proposed by Xie and Mirmehdi
[12]. The magnetostatic ACM hypothesizes that electric currents flow through both object boundary and active contour;
thus, the active contour is moved toward object boundary
under the influence of the generated magnetic field. The
magnetostatic ACM is based on static magnetic theory, and
it presents a new external force field based on the local
information of image. The magnetostatic force can push
active contour towards the complicated boundary and thus
converge the active contour to very complex object boundary
and can also segment multiple objects with only one initial
active contour. However, the external force field of magnetostatic method is dynamic; that is, it has to be continuously
updated during each time of active contour’s deformation,
while the calculation of the magnetic force field is relative
complex, which makes computation of magnetostatic active
contour method slow [13, 22]. Thus, the magnetostatic ACM
needs a high computing cost for object segmentation, which
limits its applications.
In this paper, an improved GVF based ACM is presented
based on the existing methods using both global and local
information. The external force field is first computed using
the global information of GVF; then, the initial contour is
driven to move towards the boundary of object gradually.
When the active contour stops, the local information of it is
employed to help determine the false part of contour. If the
false part exists, the magnetostatic force of it is calculated,
and then the external force field is updated to move the active
contour for further time. The above steps are repeated until
the active contour stops, and there is no false part.

To illustrate our proposed approach, the methods of ACM,
GVF, and magnetostatic ACM are implemented first, and the
procedures are described as follows.
2.1. Implementation of ACM. For a closed parametric curve
𝑋(𝑠) = [𝑥(𝑠), 𝑦(𝑠)], 𝑠 ∈ [0, 1], ACM defines the energy
function:
1

0

1   2
2

(𝛼𝑋 (𝑠) + 𝛽𝑋 (𝑠) ) + 𝐸ext (𝑋 (𝑠)) 𝑑𝑠,
2

(1)

where 𝛼 and 𝛽 are the weighting parameters of contour
elasticity and rigidity, respectively, 𝑋 (𝑠) and 𝑋 (𝑠) denote
the first and the second derivatives of 𝑋(𝑠) with respect to 𝑠,
and 𝐸ext (𝑋(𝑠)) is the external energy derived from image and
constraint forces so that it has smaller value near the object
boundary and bigger value in the other areas.
The minimization of 𝐸 must satisfy the Euler equation:
𝛼𝑋 (𝑠) − 𝛽𝑋 (𝑠) − ∇𝐸ext = 0

𝐹int + 𝐹ext = 0,

(2)

(3)

where 𝐹int = 𝛼𝑥 (𝑠) − 𝛽𝑥 (𝑠), 𝐹ext = −∇𝐸ext , internal force
𝐹int discourages both stretching and bending, external force
𝐹ext pulls the active contour to the desired image edges, and
finally the curve stops at the position with force balance.
In order to solve (2), the active contour is taken as a
function of time 𝑡 and parameter 𝑠; that is, 𝑋(𝑠, 𝑡) and the
solution of (2) become the solution of:
𝑋𝑡 (𝑠, 𝑡) = 𝛼𝑋 (𝑠, 𝑡) − 𝛽𝑋 (𝑠, 𝑡) − ∇𝐸ext .

(4)

2.2. Implementation of GVF. The GVF based ACM defines a
𝑔
new external force field 𝐹ext = 𝑉(𝑥, 𝑦), and the new external
force field is named gradient vector flow force field. From (4),
there is
𝑋𝑡 (𝑠, 𝑡) = 𝛼𝑋 (𝑠, 𝑡) − 𝛽𝑋 (𝑠, 𝑡) + 𝑉 (𝑥, 𝑦) .

(5)

An edge map 𝑓(𝑥, 𝑦) is calculated from the original image
𝐼(𝑥, 𝑦), and the value of edge map is larger at positions near
the image edges. Edge map can be obtained from gray-level
images or binary images as
𝑖
(𝑥, 𝑦) ,
𝑓 (𝑥, 𝑦) = −∇𝐸ext

(6)

where 𝑖 = 1, 2, 3, or 4. Edge map has three characteristics:
the gradient vector of edge map, that is, ∇𝑓, should point to
and be perpendicular with the object boundary; the gradient
vector of edge map has larger value at object boundaries; in
the smooth region of image where little change with the value
of 𝐼(𝑥, 𝑦), ∇𝑓 is close to 0.
The gradient vector flow force field can be expressed as
𝑉(𝑥, 𝑦) = (𝑢(𝑥, 𝑦), V(𝑥, 𝑦)), and its energy function is
2
 2 
𝜀 = ∬ 𝜇 (𝑢𝑥2 + 𝑢𝑦2 + V𝑥2 + V𝑦2 ) + ∇𝑓 𝑉 − ∇𝑓 𝑑𝑥 𝑑𝑦.

2. Preliminary

𝐸=∫

which can be regarded as a force balance equation:

(7)

The energy function follows a standard principle that, in
the absence of gradient vector field, the smoothness of active
contour is ensured. When value of ∇𝑓 is small, the energy
function is determined by the sum of the squares of partial
derivatives of gradient vector force field. When value of ∇𝑓
is large, the energy function is determined by |∇𝑓|2 |𝑉 − ∇𝑓|2
and is minimized by 𝑉 = ∇𝑓. Therefore, 𝑉 nearly equals to
the gradient of edge map where gradient value is large and
changes little where gradient value is small. As the weighting
parameter, 𝜇 is set according to the proportion of noise in
image, that is, more noise with larger value of 𝜇.
2.3. Implementation of Magnetostatic ACM. The magnetostatic ACM is based on level-set approach, while the evolution
equation of level-set function 𝜙 is
𝜕𝜙
 
+ 𝐹 ∇𝜙 = 0,
𝜕𝑡
where 𝐹 is the speed function with certain form.

(8)

The Scientific World Journal

3

(a)

(b)

Figure 1: Extracted boundary with deep concavity using GVF based ACM. (a) Object and initial active contour. (b) Result after 150 iterations.

The active contour of magnetostatic based ACM can be
represented implicitly as
𝐶 = {𝑥 ∈ Ω | 𝜙 (𝑥, 𝑡) = 0} ,

(9)

where 𝐶 is the active contour, Ω is the image domain, and
𝜙(𝑥, 𝑡) is the level-set function at time 𝑡.
As for its applying in image segmentation, deformation of
the active contour of magnetostatic ACM is associated with
the following partial differential equation:
∇𝜙
𝜕𝜙
 
= − ∇𝜙 (𝑎𝑠 (𝑥) ∇ (   ) + (1 − 𝑎) 𝑓 (𝑥)) ,
𝜕𝑡
∇𝜙

(10)

where 𝑎 is weighting parameter, 𝑠(𝑥) is stop function, and
𝑓(𝑥) is the external force field of magnetostatic ACM.

3. Improved GVF Active Contour Model
Then, the new improved algorithm for GVF based ACM is
implemented, during which both false contour determination
and updating of external force field are difficult problems.
3.1. Basic Idea. To make the active contour converge to deep
concavities of object boundary and spend less time during
deformation, an improved GVF based ACM is proposed.
Our approach combines advantages of GVF based ACM and
magnetostatic ACM. Global information is considered with
GVF based ACM to generate the external force field, which
drives the active contour to object boundary. When there is
false part of the stopped contour, local information around
the false part is considered with the help of magnetostatic
ACM to compute the magnetostatic force and add to the
existing external force field; then the external force field is
updated.
Therefore, our method has a semidynamic external force
field, which is dynamic when there is false part of the active
contour, and magnetostatic force is added and is static when
the active contour is moved. Our method uses both global
and local information of image; that is, the global information
is used when GVF external force field is computed, while the
local information is used when false part of active contour is
judged and the magnetostatic force is computed.

Figure 2: External force field of GVF and stopped active contour.

3.2. False Contour Determination. GVF based ACM can converge the active contour to edges of complex object, but it cannot deal with deep concavities of boundary. Figure 1 shows
the extracted boundary of an object with deep concavity
using GVF; that is, Figure 1(a) is the object and the initial
active contour, while Figure 1(b) is the result after 150 times of
contour movement. From the result, it can be found that part
of the active contour stops at the entrance of deep concavity
where the minimum energy is met, and such part is the false
active contour. Only if the false part is determined and the
local external force field is updated, the false contour can be
further moved into the concavity.
Figure 2 is the external force field of GVF and the stopped
active contour. To illustrate the force field clearly, the local
regions of external force field are enlarged and are shown in
Figure 3. The local region around right side of the entrance to
the deep concavity is shown in the left image of Figure 3. We
can find that the black part of contour has moved to the object
boundary, and it is real active contour, while the red part has
stopped at the entrance, and it is false active contour. Also, it
can be found that most angles between the real active contour
and the force vectors of the external force field are near 90
degrees, while most angles between false active contour and
vectors of external force field are near 0 degree.
In [22], the false active contour is judged when one angle
between active contour and external force field is less than a
predefined threshold value. But sometimes this method can
make mistakes, since there are certain irregular directions
of external forces around the real active contour. As shown
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(a)

(b)

Figure 3: The locally enlarged regions of external force field.

in the right image of Figure 3, the angles between irregular
external forces and real active contour are also very small. To
avoid the inaccurate judgements, a more precise method is
needed to determine the false part of active contour.
In our new judgement method for false part, the angles
between the tangent vector of each point in active contour
and the 9 external forces around it, in the local 3 × 3 area,
are calculated. If every angle is less than a threshold value,
the point in contour is judged as false active contour point. If
the amount of false contour points in a part of active contour
is more than a threshold value, it is judged as the false part
of active contour. The new false active contour determination
method makes the judgment more accurate, even in the cases
of irregular directions of external forces.
Judgement formula of the false active contour point is
1 if 𝑇𝑠,V(𝑥,𝑦) ≤ 𝜃,
𝐹𝑃𝑋(𝑠) = {
0 if 𝑇𝑠,V(𝑥,𝑦) > 𝜃,

(11)

where 𝑠 ∈ [0, 1], 𝑇𝑠,V(𝑥,𝑦) is the maximum angle between active
contour 𝑋(𝑠) (tangent vector of the point under processing
in active contour) and the around external forces V(𝑥, 𝑦) in
the local 3 × 3 region, and 𝜃 is the predefined angle threshold
value. Consider that 𝐹𝑃𝑋(𝑠) = 1 means that the point is false
active contour point, while 𝐹𝑃𝑋(𝑠) = 0 means that this point
is not a false active contour point. 𝑇𝑠,V(𝑥,𝑦) can be represented
as
𝑇𝑠,V(𝑥,𝑦) = max (𝑡𝑠,V(𝑖,𝑗) ) ,

(12)

where 𝑖 = 𝑥 − 1, 𝑥, 𝑥 + 1, while 𝑗 = 𝑦 − 1, 𝑦, 𝑦 + 1.
Formula (11) is used to scan the whole active contour, and
all false active points are recorded. Thus, the active contour
is divided into 𝑙 segments; that is, there are 𝑙 dividing points
𝑝𝑖 where 𝑖 ∈ [1, 𝑙], and the related 𝑙 segments 𝐿 1 = (𝑝1 , 𝑝2 ),
𝐿 2 = (𝑝2 , 𝑝3 ), . . . , 𝐿 𝑙 = (𝑝𝑙 , 𝑝1 ). Then, amount of false active
contour points is calculated for each segment. If the amount
of false active contour points is greater than a predefined

threshold, the corresponding segment is a false part of active
contour. The judgement formula is
{
{
{
1 if ( ∑ 𝐹𝑃𝑋(𝑠) ) ∗
{
{
{
{
𝑋(𝑠)∈𝐿 𝑖
𝐹𝐶𝑖 = {
{
{
{
{
{
{0 if ( ∑ 𝐹𝑃𝑋(𝑠) ) ∗
𝑋(𝑠)∈𝐿 𝑖
{

𝑙
> 𝜂,
𝑈
𝑙
≤ 𝜂,
𝑈

(13)

where 𝑈 is the length of active contour and 𝜂 is threshold
value for the amount of false active contour points of one
segment. If 𝐹𝐶𝑖 = 1, 𝐿 𝑖 is a false part of active contour; and if
𝐹𝐶𝑖 = 0, 𝐿 𝑖 is not a false part.
Judgements of false parts in active contour are displayed
in Figure 4. The top image is the determined false part (in
red color) of active contour from the method of [22], while
the bottom image shows the determined result from our new
method. From the comparison, it can be found that our new
method can detect the false part of active contour with higher
accuracy, and only the false part needs further processing to
approach towards the deep concavity.
In our improved GVF active contour model, the external
force field is made of two parts: one is the static GVF force
field, the other is the dynamic magnetic force field. The basic
external force field 𝑉(𝑥, 𝑦) of GVF based ACM is calculated
by minimizing the energy function (7); then the initial active
contour deforms under the influence of the force field. When
the false part appears in the deformed contour, the magnetic
force field 𝐹(𝑥, 𝑦) is computed; then the new external force
field is obtained through combination of the basic external
force field and the magnetic force field. And then the active
contour deforms for the next iteration under the influence of
the new external force field.
The calculation of the magnetic force field is based on the
magnetostatic theory. Assume that there are electric currents
in both the object boundary and the false active contour. The
magnetic field produced by false active contour is ignored,
and only the magnetic field generated from object boundary
is considered. In the magnetic field from object boundary,
the false active contour is affected by the produced magnetic
force and moved towards the object boundary. The electric
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(a)

Figure 5: Magnetic force field of the false active contour.

(b)

Figure 4: Judgements of false parts in active contour by [22] and our
new method.

current of object boundary is obtained through rotating the
gradient of image for 90 degrees using the following equation:
𝑂 (𝑥, 𝑦) = (−1)𝜆 (−𝐼𝑦 (𝑥, 𝑦) , 𝐼𝑥 (𝑥, 𝑦)) ,

(14)

where 𝐼𝑥 (𝑥, 𝑦) and 𝐼𝑦 (𝑥, 𝑦) are partial derivatives of image
𝐼(𝑥, 𝑦) in 𝑥 and 𝑦. When 𝜆 = 1, direction of the electric
current is counter clockwise; when 𝜆 = 2, direction of the
electric current is clockwise.
The magnetic field produced by electric current of object
boundary is
𝐵 (𝑥, 𝑦) =

̂ (𝑥,𝑦),𝑐
𝑅
𝜇0
,
∑ 𝐼𝑓(𝑐) Γ (𝑐) ∗ 2
4𝜋 𝑐∈𝑓(𝑐)
𝑅(𝑥,𝑦),𝑐

(15)

where 𝑐 is a point in object boundary, 𝑓(𝑐) is the object
boundary, Γ(𝑐) is the electric current vector at point 𝑐, and
̂ (𝑥,𝑦),𝑐 is the unit vector from (𝑥, 𝑦) to 𝑐, while 𝑅2
𝑅
(𝑥,𝑦),𝑐 is
the distance between (𝑥, 𝑦) and 𝑐. Suppose that the electric
current of false active contour is 𝐼𝑠 ; the magnetic force
generated from magnetic field of object boundary is
𝐹 (𝑥, 𝑦) = 𝐼𝑠 Υ (𝑠) ∗ 𝐵 (𝑥, 𝑦) ,

(16)

where Υ(𝑠) is the direction of electric current of false active
contour. The magnetic force 𝐹(𝑥, 𝑦) exerted on the false active
contour is always vertical to it while points towards inside or
outside of the active contour.
After computation of the magnetic force field around the
false active contour, the basic external force field 𝑉(𝑥, 𝑦) is
added with the magnetic force field 𝐹(𝑥, 𝑦); then the new
external force field 𝑉new (𝑥, 𝑦) is obtained as
𝑉new (𝑥, 𝑦) = 𝑉 (𝑥, 𝑦) + 𝑘𝐹 (𝑥, 𝑦) ,

(17)

where 𝑘 is the weighting parameter of 𝐹(𝑥, 𝑦), and it is used
to adjust the effect from the magnetic force.
Figure 5 displays the force field around false active contour produced from the electric current of object boundary.

Figure 6: External force field at the entrance of deep concavity.

The black curve represents object boundary, the green +
denotes magnetic field from object boundary going perpendicularly into the image plane, and the green ∙ denotes
the magnetic field coming perpendicularly out of image
plane, while the blue arrows represent the magnetic forces
with vertical directions to the false active contour, which is
denoted with a red line.
3.3. Updating of External Force Field. As shown in the top
image of Figure 6, there is no downward component of basic
external force field 𝑉(𝑥, 𝑦) at entrance of deep concavity
where the false active contour stops. As shown in the bottom
image of Figure 6, after adding the magnetic force field, now
there is downward component of updated external force field
𝑉new (𝑥, 𝑦), which helps converge the false active contour into
deep concavity.

4. Experimental Results
To test the performance of our new method, experiments are
performed including setting of parameters, comparisons with
existing ACMs, and testing on real images.
4.1. Setting of Parameters. The initial active contour is generated by interpolation of a series of manually marked points
for object. In our improved GVF active contour model, the
parameters need to be set are 𝛼, 𝛽, 𝜇, 𝜆, 𝑘, 𝜃, 𝑙, and 𝜂.
The elastic parameter 𝛼 and rigid parameter 𝛽 are used to
control integrity and smoothness of the active contour, that
is, ensure that the active contour is a complete closed curve
with good smoothness during the deformations. In our work,
we set 𝛼 = 0.6 and 𝛽 = 0.3. Parameter 𝜇 is the smoothing
parameter, and it is set according to image noise. Generally,
𝜇 < 0.25, and we set 𝜇 = 0.2. Parameter 𝜆 controls the
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direction of electric current in object boundary, and when
𝜆 = 1, the electric current is counter clockwise; when 𝜆 = 2,
the electric current is clockwise. If the initial active contour
is inside or outside of the object, the directions of electric
currents of object boundary and active contour must be the
same. If the initial active contour intersects with the object
boundary, the electric current directions of object boundary
and active contour must be different. Only in this way, the
active contour can be moved to object boundary; otherwise
it is moved away from object boundary. Parameter 𝑘 is used
when adding the basic external force field and the magnetic
force field. It adjusts the weight of magnetic force field in
the updated external force field, and we set 𝑘 = 0.6. Angle
𝜃 is the threshold value to judge false active contour points.
Too large value of 𝜃 can take the real active contour points
as false ones, while too small value of 𝜃 can take false active
contour points as real ones; thus, we set 𝜃 = 20. Parameter 𝑙
is the number of segments used when judging the false active
contour, and it is set based on the whole length of the active
contour. Since too long or too short segment will affect the
judgment accuracy of false active contour, 𝑙 is set to make
each segment have 50 active contour points. Percentage 𝜂 is
the threshold value for false active contour determining. For
each active contour segment, if the proportion of false active
contour points is more than 𝜂, the segment is taken as false
active contour segment. In our work, we set 𝜂 = 0.8.
4.2. Comparison with Existing ACMs. Existing ACMs and
our method are tested on object with one deep concavity, and
the results are shown in Figure 7. The 1st row results from
balloon active contour model, the 2nd row results from distance vector flow active contour model, the 3rd row results
from gradient vector flow active contour model, and the 4th
row results from our method. The 1st column is the object
and the initial active contour, the 2nd column is the results
after 50 (150 of our method) iterations, and the 3rd column
is the results after 100 (250 of our method) iterations, while
the 4th column is the results after 150 (350 of our method)
iterations. Then, the methods are tested on the object with
multiple deep concavities, and related results are shown in
Figure 8 with the same arrangements as Figure 7. From the
results, it can be found that our method has the ability to
converge the active contour to complex object border, even
for the object boundary with very deep concavities.
Compared with GVF based ACM, when the initial active
contour stops deformation, our method continues to scan the
active contour and search for the false part. Then, magnetic
force field around the false part is computed, and the new
external force field is generated. Thus, the active contour has
opportunities to be adjusted for more times until there is no
false part. Therefore, computing cost of our method is higher
than these existing ACMs. However, our method performs
faster than the magnetostatic ACM. The magnetostatic ACM
calculates magnetic force of every point in active contour
and updates the external force field for each deformation,
while our method calculates the magnetic force field only
when the false active contour appears. Our method updates
the external force field only if needed, which makes its
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Figure 7: Results on object with one deep concavity.

Figure 8: Results on object with multiple deep concavities.

computational efficiency better than that of magnetostatic
ACM.
4.3. Results on Real Images. Our improved GVF based ACM
are tested on some real images of objects with complex
boundaries, for example, fish, plane, fire, shell, as shown in
Figure 9, and the initial active contours successfully converge
to the deep concavities after a number of iterations. Then,
our method is used to process medical data including MRI
and ultrasound images, as illustrated in Figure 10. The active
contours move to image edges correctly, and the object
boundaries are extracted with high precision. From the 2nd
to 4th rows, the 1st and 2nd columns are regions of interest
and the 3rd column are initial active contours, while the 4th
column are correctly converged active contours.

5. Conclusion
GVF based ACM has the large capture range due to its
external force field, but it has difficulty to converge the active
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method has better performance for edge extraction, even for
boundaries with very deep concavities. Our method also has
higher computational efficiency than magnetostatic ACM.
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Aiming at the stalemate that precision, speed, robustness, and other parameters constrain each other in the parallel processed
vision servo system, this paper proposed an adaptive load capacity balance strategy on the servo parameters optimization algorithm
(ALBPO) to improve the computing precision and to achieve high detection ratio while not reducing the servo circle. We use load
capacity functions (LC) to estimate the load for each processor and then make continuous self-adaptation towards a balanced status
based on the fluctuated LC results; meanwhile, we pick up a proper set of target detection and location parameters according to
the results of LC. Compared with current load balance algorithm, the algorithm proposed in this paper is proceeded under an
unknown informed status about the maximum load and the current load of the processors, which means it has great extensibility.
Simulation results showed that the ALBPO algorithm has great merits on load balance performance, realizing the optimization of
QoS for each processor, fulfilling the balance requirements of servo circle, precision, and robustness of the parallel processed vision
servo system.

1. Introduction
Image processing often requires large-scale data, and many
application fields require real-time performance. Thus, image
parallel processing systems have been widely applied in the
field of image processing to meet the needs of practical
applications as discussed by Plaza et al. [1]. However, the
actual performance of image processing is often lower than
the peak performance provided by this system, implying that
the design of the parallel algorithm is essential for improving
system performance as discussed by Krefting et al. [2]. An
efficient parallel algorithm should enable the load to achieve
balance, evenly distribute tasks, and minimize the amount
of communication between nodes and thus improving the
performance of the parallel treatment system as discussed
elsewhere [3, 4]. Therefore, the load balancing scheduling
strategy is a difficult and enticing area of research in parallel
processing.
In general, the load balancing scheduling strategy is
divided into static and dynamic strategies. The static information of the system is used in the load balancing strategy when

the load is distributed on each node, making it easy to be
analyzed and implemented. However, such a load balancing
strategy results in low utilization factor and performance
degradation for it neglects the variations in the node load as
discussed by Tantawi and Towsley [5]. On the other hand, the
dynamic load balancing strategy can dynamically determine
load migration according to the system load at each moment,
improving system performance significantly as discussed by
Ren et al. [6]. Current studies on the scheduling algorithm
have been generally committed to seeking a better suboptimal
scheduling algorithm. In particular, the self-adaptive load
balancing scheduling strategy has been widely considered
among professional researchers due to its ability for automatic
adjustment in load balancing based on the information state
of the system as discussed by Porter and Katz [7]. In addition,
the self-adaptive load balancing scheduling strategy improves
the load balancing effect through the perception of load
variation. The load balancer collects load information on
each node periodically and then utilizes the load information
to determine the available node that can directly service
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the customer’s request. The most common self-adaptive load
balancing scheduling strategy includes strategies based on the
minimum as discussed by Baumgartner et al. [8] and average
loads as discussed by Bhatelé et al. [9].
This study focuses on the parallel processing of a robotic
stereoscopic vision servo system. According to the scheme
of the parallel partition of system and the methodology of
image processing, a self-adaptive load balancing scheduling
strategy based on the load capacity (LC) measure is presented
to achieve the optimization of the system among the servo
cycle, servo accuracy, and system robustness.

2. Adaptive Load Balancing Algorithm Based
on Load Capacity Measure

𝑗

The LC measure is the estimate of the processor load, and
it can maintain self-adaptive adjustment according to the
information given by processor load fluctuation to achieve
the optimal quality of service (QoS) of each processor. The
basic principle of a self-adaptive load balancing algorithm
based on the LC measure is that each processing node utilizes
an LC measure to represent the current load status of the
nodes. Moreover, the value of LC measure can undergo
continuous self-adaptive adjustment according to the state
of processor load fluctuation. Consequently, the system can
achieve load balance depending on the suitable combination
of parameters selected through the value of LC.
2.1. Problem Description. The parameters of target detection
and location algorithm for the control should be adjusted in
the process of program run to improve the performance of
a visual servo system and achieve balance among the servo
cycle, servo accuracy, and system robustness.
In the adjustable target detection and location algorithm,
a number of parameters can be set for the control of the
performance of image processing. For example, 𝜆 𝑐 represents
the interval length of the color image segmentation threshold,
𝜆 𝑔 represents the searching threshold length of the template
matching projection, and 𝜆 𝑠 represents the interval length
that needs to be matched in the stereo matching algorithm.
The control parameters of image processing are normalized
as follows to uniformly evaluate the adjustment parameters
of parallel processing, as in
𝜆𝑐 =

(𝜆 𝑐 − 𝜆𝑐min )
,
(𝜆𝑐max − 𝜆𝑐min )

𝜆𝑠 =

(𝜆 𝑔 − 𝜆 min )

𝑔
(𝜆 max

−

,
𝑔
𝜆 min )

𝑗

Δ 𝑖 = 𝐾𝑖 (𝑘)

𝑗

𝑗

𝑗

𝑗

𝑀𝑖 (𝑘) − 𝑀𝑖 (𝑘 − 1)
𝑀𝑖 (𝑘) + 𝑀𝑖 (𝑘 − 1)

𝑗

2.2. Load Capacity. LC is a measure of the calculated amount
of the current processor that can be accommodated, and it
can be used to estimate the relative load status of each processing node. A smaller LC𝑗 (k) indicates the smaller capacity
of the processor; that is, the current processor has a smaller
calculating load and can contain more computations. The
admission processing should be decreased when LC𝑗 (k) is
greater than 1 because of the heavy processor load. The values
of LC𝑗 (k) can continuously execute self-adaptive adjustment
according to the situation of load fluctuation, adjustment
parameters, and the status of image acquisition:
𝐿𝐶𝑗 (𝑘) = (1 + 𝑓𝑗 (state𝑗−6 , . . . , state𝑗 ))
𝑗

where 𝜆𝑖max is the maximum value of 𝜆 𝑖 , 𝜆𝑖min is the minimum
value of 𝜆 𝑖 , and 𝑖 ∈ {𝑐, 𝑔, 𝑠}.
𝑀𝑐 was assumed to be the number of color image
processing results. 𝑀𝑔 is the number of template matching
processing results. 𝑀𝑠 is the number of first step results

𝑗

× ∑ 𝛽𝑖 (𝑘) 𝐿𝐶𝑖 (𝑘) ,

(3)

𝑖∈𝑊𝑗

𝑖∈𝑊𝑗

𝜆 𝑠 − 𝜆𝑠min
,
𝜆𝑠max − 𝜆𝑠min

(2)
𝑗

𝑗

(1)

,

where K 𝑖 (k) is a scale coefficient that relates to M 𝑖 (k) and the
data size of processing algorithm i and meets the condition of
𝑗
𝑗
K 𝑖 (k) = 1/ln (M 𝑖 (k)).
In terms of the calculating formula of the fluctuation
rate, Δ𝑖𝑗 is deemed equal to a number from −1 to 1 and only
needs to be calculated by counting the number of computed
results of the image processing algorithm when the processor
is running in unit cycle, which is a very simple statistical
process.

∑ 𝛽𝑖 (𝑘) = 1

𝑔

𝜆𝑔 =

in stereo matching processing. The load fluctuation rate
Δ 𝑗 of processor 𝑗 is defined as the degree of change in
the load state parameters of system output in cases where
devices do not work and the control parameters in charge of
load balance are invariant. In the current study, the system
load fluctuation rate Δ 𝑗 includes the fluctuation rate of
color image processing Δ𝑗𝑐 , the template matching processing
Δ𝑗𝑔 , and the stereo matching processing Δ𝑗𝑠 . The threshold
processing of the image processing algorithm used in this
system satisfies the normal distribution. Therefore, 𝜆𝑗𝑠 has an
𝑗
exponential relationship to M 𝑖 , and the calculating formula
of the fluctuation rate can be defined as follows:

𝑗

𝛽𝑖 (𝑘) ⩾ 0,

(4)

where 𝑊𝑗 is a collection of all adjustable algorithms of image
processing that can be included by processor j.
In (3), 𝑓𝑖 (state𝑗−6 ,. . ., state𝑗 ) represents a capacity evaluation function; that is, a conditions function. 𝑓𝑖 (state𝑗−6 ,. . .,
state𝑗 ) can be expressed as follows:
𝑓𝑗 (state𝑗−5 , . . . , state𝑗 ) =


 𝑗
𝑗
(𝛾𝑓 ⋅ ∑𝑖=𝑗−5 state𝑖 ⋅ ∑𝑖=𝑗−5 state𝑖 )

where 𝛾𝑓 is the adjustment range factor.

36

,

(5)
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The capacity rate evaluation function is used for judging
the capacity size of processor settings. The capacity rate
evaluation function uses the sources of processor data to
determine the overall increase or decrease in the load capacity
rate. In other words, the processing speed is considered too
slow when the processor has completed the assignments in a
servo cycle and the original data of next servo cycle has been
in the accepted state (state𝑗 = 1), causing the servo cycle of the
processor to be longer than the desired system cycle (40 ms).
Therefore, the oversize setting of LC should be reduced. On
the other hand, the processing speed is considered too fast
and the servo cycle of processor is shorter than the desired
system cycle (40 ms) when the data has not been received
(represented by zero). In this situation, the settings of the total
LC rate are too small and should be increased.
In (3), the initial value of algorithm 𝑖 in the specific
𝑗
𝑗
𝑗
𝑗
weight 𝛽𝑖 (k) is set as 𝛽𝑖 (0) = 1/m𝑏 , where m𝑏 represents
the number of adjustable image processing parameters that
move under processor 𝑗. In other words, all reliabilities
of the adjustable processing algorithms and weights in the
process are deemed equal during initialization. However,
the reliabilities of the adjustable algorithms are different
in practical applications because the adjustment of weight
parameters in each algorithm must be calculated using
the other parameters following different parallel processing
architectures. In this study, the adjustment of weight in a
visual servo parallel processing system is executed between
the color image processing and the template matching, which
is primarily affected by the target’s changes in shape. As can
be seen in (6), the change in rate of the target’s shape 𝜃𝑝 (k)
is defined as the proportion of the trace tr(R(k)) of rotation
transformation between the current target and the template
when the degrees of change in the shape of the objective
are evaluated. Furthermore, the threshold value tr (𝑅𝑚 ) of
the trace of rotation transformation is executed when the
template must be updated as follows:
𝜃𝑝 (𝑘) =

3 − tr (𝑅 (𝑘))
.
3 − tr (𝑅𝑚 )

(6)

Then, the specific weight 𝛽𝑗𝑔 (k) and 𝛽𝑗𝑐 (k) can be expressed
as follows:
𝛽𝑔𝑗 (𝑘) = 𝛾𝑝 𝜃𝑝 (𝑘) ,

(7)

𝛽𝑐𝑗 (𝑘) = 1 − 𝛽𝑔𝑗 (𝑘) ,

where 𝛾𝑝 is the rotation adjustment factor and is a constant
between 0 and 0.5.
2.3. Adjustment and Update Strategy. The adjustment capac𝑗
ity of the current capacity ∗ LC𝑖 (k) is based on the evaluation
function of capacity, the weight of the algorithm, and the
computing formulae of LC as follows:
∗

𝑗

𝑗

𝐿𝐶𝑖 (𝑘) = 𝐿𝐶𝑖 (𝑘)

𝑗

𝛽𝑖 (𝑘) 𝐿𝐶𝑗 (𝑘)
𝑗
𝛽𝑖

(𝑘 − 1) 𝐿𝐶𝑗 (𝑘 − 1)

.

(8)

𝑗

The new LC can be calculated via the fluctuation ratio Δ 𝑖
and adjustment parameters after the new state parameters are
obtained. The new LC can be expressed as follows:
𝑗

𝑗

𝑗

∗

𝑗

𝑗

𝐿𝐶𝑖 (𝑘) = (1 + 𝛼Δ 𝑖 ) (1 + 𝜆𝑖 (𝑘) − 𝜆𝑖 (𝑘 − 1)) 𝐿𝐶𝑖 (𝑘 − 1) ,
(9)
where 𝛼 is the fluctuation factor, that is, constant between 0
and 1, reflects the magnitude of acutely adjusting LC𝑗 (k) along
with load fluctuation.
The first and middle multiplicative factors on the righthand side of (9) represent the effect of the fluctuation ratio
and the effect of the variable adjustment parameter on LC,
respectively. The fluctuation factor 𝛼 weakens the effect of
load fluctuation ratio on LC when the load of the processor is
progressively varied with time.
Based on the previous theory, a function for updating
control parameters can be established as follows:
𝑗

𝑗

𝜆𝑖 (𝑘 + 1) = 1 − 𝐿𝐶 (𝑘) + 𝜆𝑖 (𝑘) .

(10)

Equation (10) reveals that the scale of the control
𝑗
parameters slowly decreases when the load capacity LC𝑖 (k)
approaches unity, avoiding the occurrence of the load thrashing phenomenon. The processor rapidly achieves a balance
among the servo cycle, the servo precision, and system
robustness because the control parameters have become
capable of rapid increases due to the minimal load, thereby
achieved the optimization of each processing QoS.

3. Application Characteristic of
ALBPO Algorithm
3.1. Properties of ALBPO Algorithm. The entire system was
assumed to contain n parallel image processing subsystems.
Without loss of generality, the single system was assumed
to have m𝑖 performance-adjustable parameters, and the
𝑗
𝑗
performance-adjustable parameters 𝜆𝑖 in each algorithm F 𝑖
should exhibit the following properties.
(1) For the same image, the computational complexity
𝑗
of the algorithm F 𝑖 increases when the parame𝑗
ters 𝜆𝑖 increase, improving the calculation accuracy
and robustness of image processing. On the other
𝑗
hand, the computational complexity of algorithm F 𝑖
𝑗
decreases when the parameters 𝜆𝑖 decrease, reducing
the calculation accuracy and robustness of image
processing.
(2) For the same image, portions of the computation randomly fluctuate in certain areas when the parameters
𝑗
𝜆𝑖 are constant due to the images are corrupted with
noise.
𝑗
(3) The parameters 𝜆𝑖 occur via the normalization process, and thus their values are {0, 1}.
Moreover, the image parallel processing system has difficulty in accurately evaluating the processor’s maximum
computation during the image parallel process.
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Figure 1: The monitoring data of the optimization results for the ALBPO algorithm.

3.2. Initial Settings of ALBPO Algorithms. The following
initial settings were established according to the properties
of the ALBPO algorithm.
(1) The initial values of the performance-adjustable
𝑗
𝑗
parameters 𝜆𝑖 in the F 𝑖 algorithm were set such that
they allow large deviations.

performance of the ALBPO algorithm. The performanceadjustable parameter 𝜆 1 and the computational amount Ω1
were assumed to exhibit a linear relationship, Ω1 = 𝑘1 ×𝜆 1 . The
performance-adjustable parameter 𝜆 2 and the computational
amount Ω2 were assumed to exhibit a nonlinear relationship,
Ω2 = (𝑘2 + 𝑘2 × 𝜆 2 ) ×𝜆 2 . Both algorithms exhibit the random
disturbance quantity.

(2) At the initial time and all prior times, LC𝑗 = 1, the
𝑗

load capacities LC𝑖 = 1, and the product of adjustable
𝑗
𝑗
capacity rate ∗ LC𝑖 = 1 in each algorithm F 𝑖 .
(3) At the initial time and all prior times, the receiving status of each processor State𝑘 = 0, and 𝑘 ∈
{−5, −4, −3, −2, −1, 0}.

4. Experimental Studies
4.1. Experimental System. This study conducted simulation
experiments to verify the optimized performance of the
ALBPO algorithm for visual servo adjustment parameters
and to achieve balance among the servo cycle, servo accuracy,
and system robustness in the parallel processing visual servo
system. This problem can be attributed to the search for a set
𝑗
of maximum 𝜆𝑖 , making the receiving status values of each
processor frequently switch between −1 and 1. The simulation
on a single processor can be verified in the property of the
ALBPO algorithm that is independent in each processor. The
𝑗
F 𝑖 algorithms, which run on each processor, exhibit identical
properties, and thus the corresponding situation can be used
to verify which processor has two performance-adjustable
parameters.
The total computational amount Ωmax of the system
was assumed to be known and constant to verify the

4.2. Parameter Optimization Results of ALBPO Algorithm.
Assume that Ωmax = 400, 𝜆 1 = 0.25, 𝜆 2 = 0.5, Λ = 5, k𝑇1
= 480, k𝑇2 = 240, 𝛾𝑓 = 1, 𝛼 = 0.6, and servo cycle T =
1000. Figure 1 shows the effects of the parameter optimization
results of the SALB algorithm. The horizontal coordinates
represent the sampling number. The vertical coordinates
represent different values in the following different figures.
Figure 1(a) represents the value of the state in the capacity rate evaluation function. Figures 1(b), 1(c), and 1(d)
represent the number of processing results, capacity rate,
and values of adjustable parameters, respectively. Figure 1(e)
shows the overall capacity rate of the processor. Figures
1(h), 1(g), and 1(f) represent the number of processing
results, capacity rate, and values of adjustable parameters,
respectively. The first flip in state (state = −1) when the
sampling size was 214 indicates that the initial data of the
next servo cycle has changed and is awaiting the receiving
state in the already received state, as shown in Figure 2.
The subsequent state-repeated shocks indicate that the values
of adjustable parameters simply satisfy the values of the
maximum computational amount achieved by the processor.
Moreover, Figures 1(b) and 1(f) indicate that the adjustable
parameters of the ALBPO algorithms monotonically increase
first and then remain unchanged, and thus, the adjustable
parameters can be adjusted using the ALBPO algorithm
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Figure 2: The optimization results for different 𝛾𝑓 and 𝛼.

to achieve the optimal control point. Changes in the number
of the processing results also confirm the adjustment effect
of the ALBPO algorithm. In addition, as can be seen in
Figures 1(e), 1(c), and 1(g), the overall capacity rate of the two
algorithms both changed at a very low rate during processing,
denoting that the system can still be regulated when the
system is initializing, even if the parameters of the artificial
settings present deviations.
4.3. Effects of Adjusting Amplitude Factor 𝛾𝑓 and Volatility
Factor 𝛼 on Optimization Results. Figure 1 shows the servo
parameters optimization results of the ALBPO algorithm
when 𝛾𝑓 = 1 and 𝛼 = 0.6. The values of 𝛾𝑓 and 𝛼 influence
the optimization of the servo parameters significantly, thus
properly selecting the values of 𝛾𝑓 and 𝛼 can generate
better optimization results. Therefore, investigating the connection between the servo parameters optimization results
and adjusting the variations in the amplitude factor 𝛾𝑓 and
volatility factor 𝛼 are necessary. The maximum and minimum
fluctuation values of the stable period of the system and the
adjustment parameters in the stable state when 𝛾𝑓 and 𝛼 are
variable are shown in Table 1. Figure 2 shows the optimization
results for the different values of 𝛾𝑓 and 𝛼.
Figure 2 also shows the optimization results for different
values of 𝛾𝑓 and 𝛼. By analyzing the tabular data, the
product size of 𝛾𝑓 and 𝛼 was found to affect the stable
period of the system, in addition to the fluctuation range of
adjustment parameters in the steady state. The fluctuation
range increased and the stable period decreased when the
product of 𝛾𝑓 and 𝛼 increased. Moreover, the fluctuation
range decreased and the stable period increased when the
product of 𝛾𝑓 and 𝛼 decreased. Finally, the fluctuation range

and the stable period exhibited minimal changes when the
product of 𝛾𝑓 and 𝛼 was constant.

5. Conclusions
The current study proposed a multiprocessor parallel
scheduling algorithm to adjust the performance parameters
of the image processing of the visual servo system. The
proposed ALBPO algorithm was shown to be efficient in
improving the computational accuracy and recognition
rate under the condition that the visual servo system
did not reduce the servo cycle. In the ALBPO algorithm,
the unknown and time-varying maximum amounts of
calculation of a processor were exchanged via LC, and the
LC measure and parameters were adjusted by adopting
the fluctuation rate of load and the evaluation function of
the state. Therefore, the optimization of the QoS of each
processor and the coordination among the servo accuracy,
servo speed, and system robustness were easily realized.
The feasibility and efficiency of the ALBPO algorithm were
demonstrated through a simulation study on the parallel
processing scheduling algorithm.
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Table 1: The effects of amplitude factor and volatility factor on system performance.
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