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Due to the exponentially increased demands of mobile data
traffic, e.g., a 1000-fold increase in traffic demand from 4G to
5G, and the explosive growth in connected mobile devices,
dramatic changes in the designs of network architecture are
required to meet the 5G requirements, and the opportunities
and challenges of 5G rapidly attract great attention from
academics, industries, and governments. According to the
trend in cellular networks evolution, 5G networks will be
heterogeneous ones consisting of macrocells along with a
large number of small cells, device-to-device pairs, and
machine type communication devices based communication
tiers [1]. Indeed, to achieve sustainable 5G and to accelerate
the launch of 5G networks, various promising technologies
have been proposed and investigated as essential enablers
for the operators to achieve a more efficient use of available
radio resource and network infrastructure and to reduce both
the capacity expenditure and operation expenditure in the
network deployment and operations. The motivation behind
this special issue is to solicit cutting-edge research results on
achieving sustainable 5G.

The paper “Achievable Rates of Gaussian Interference
Channel with Multi-Layer Rate-Splitting and Successive Sim-
ple Decoding” proposes a scheme which employs multi-layer
rate-splitting (RS) at the transmitters and successive simple
decoding (SSD) at the receivers in the two-transmitter and
two-receiver Gaussian interference channel (IC) model and
then studies the achievable sum capacity of this scheme.
Numerical simulations are presented to validate that multi-
layer RS and SSD are not generally weaker than simultaneous
decoding with respect to the achievable sum capacity, at least
for some certain channel gain conditions of IC.

The paper “The Rayleigh Fading Channel Prediction via
Deep Learning” presents a multi-time channel prediction
system based on backpropagation (BP) neural network with
multi-hidden layers, which can predict channel information
effectively and benefit for massive multiple-input multiple-
output performance, power control, and artificial noise-
aided physical-layer security scheme design. Meanwhile, an
early stopping strategy to avoid the overfitting of BP neural
network is introduced.

The paper “General Multimedia Trust Authentication
Framework for 5G Networks” proposes a novel multimedia
authentication framework based on trusted content repre-
sentation (TCR) for 5G networks. The general framework is
suitable for various multimedia contents, e.g., text, audio, and
video. The generality of the framework is guaranteed by the
TCR technique, which authenticates the contents semantics
at both high and low levels.

The paper “A Sparse Temporal Synchronization Algo-
rithm of Laser Communications for Feeder Links in 5G
Nonterrestrial Networks” addresses the temporal synchro-
nization problem in laser communications. In this paper, a
new sparsity-aware algorithm for temporal synchronization
is proposed without carrier aid through sparse discrete
polynomial-phase transformation and sparse discrete frac-
tional Fourier transformation.

The paper “Uplink Nonorthogonal Multiple Access Tech-
nologies Toward 5G: A Survey” aims to provide a compre-
hensive overview about the promising nonorthogonal mul-
tiple access (NOMA) schemes. The state-of-the-art NOMA
schemes are analyzed by comparing the operations applied
at the transmitter, and typical multiuser detection algorithms
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corresponding to these NOMA schemes are introduced. In
addition, the implementation issues of NOMA are discussed
for practical deployment.

The paper “A Novel Query Method for Spatial Data in
Mobile Cloud Computing Environment” presents amemory-
based spatial data query method that uses the distributed
memory file systemAlluxio to store data and build a two-level
index based on the Alluxio key-value structure. According
to the characteristics of Spark computing framework, a data
input format for spatial data query is discussed.

The paper “Physical-Layer Channel Authentication for
5G via Machine Learning Algorithm” develops a novel
authentication method to detect spoofing attacks without
a special test threshold while a trained model is used to
determine whether the user is legal or illegal. In addition, a
two-dimensional test statistic features authentication model
is presented for further improvement of detection rate.
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By utilizing the radio channel information to detect spoofing attacks, channel based physical layer (PHY-layer) enhanced
authentication can be exploited in light-weight securing 5G wireless communications. One major obstacle in the application of
the PHY-layer authentication is its detection rate. In this paper, a novel authentication method is developed to detect spoofing
attacks without a special test threshold while a trained model is used to determine whether the user is legal or illegal. Unlike the
threshold test PHY-layer authentication method, the proposed AdaBoost based PHY-layer authentication algorithm increases the
authentication rate with one-dimensional test statistic feature. In addition, a two-dimensional test statistic features authentication
model is presented for further improvement of detection rate. To evaluate the feasibility of our algorithm, we implement the PHY-
layer spoofing detectors in multiple-input multiple-output (MIMO) system over universal software radio peripherals (USRP).
Extensive experiences show that the proposed methods yield the high performance without compromising the computing
complexity.

1. Introduction

5G mobile communication system puts forward the require-
ments that are high-speed, high efficiency, and high security
under three typical application scenarios: enhanced Mobile
Broadband (eMBB), Large-Scale Internet of Things (IoT),
and ultraReliable& Low-latencyConnections (uRLLC) [1, 2].
The specific application scenarios that enhance the need for
mobile broadband including high-traffic and high-density
wireless networks are densely used in indoors or urban
areas, in which large-area signals of wireless mobile networks
are continuously covered in rural areas. Meanwhile, 5G
involves the interconnection and communication between
a large number of machines and equipment, which is a
necessary condition for the operation of IoT [3].Manymobile
devices access the wireless network at the same time, which
results in heavy burden of authentication computing in the

wireless network. Therefore, lightweight access methods are
required for intensive application scenarios of 5G wireless
communication networks.

In response to this need, scholars have successively
carried out researches on light-weight security measures
based on computational cryptography [4, 5]. However, it is
still very difficult to use the cipher algorithm that meets the
resource-constrained application scenarios such as wireless
mobile terminals, IoT, and sensor networks. Therefore, there
is a need to find new technologies to construct the lightweight
security scheme. In the last decade, the research of PHY-layer
security technology has brought new vitality to the wireless
mobile communication industry [6–10]. The physical layer
of the characteristics is difficult to be counterfeit, which can
provide high level security with low cost to overcome the
lack of the cipher based security technologies. Consequently,
physical layer characteristics which can be used to improve
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the security of wireless communications have been widely
concerned for researchers.

Several PHY-authentication techniques are proposed.
In [11–17], the received signal strength (RSS) and channel
impulse response (CIR), as well as channel state information
(CSI), are utilized to detect identity-based attacks in wireless
networks, such as man-in-the middle and denial-of-service
(DoS) attacks. The work [18] presents a PHY-authentication
framework that can be adapted for multicarrier transmis-
sion. In order to detect Sybil attacks, [19, 20] present a
PHY-authentication protocol that combines with high-layer
authentication based on the channel response decorrelations
rapidly in space, and channel-based detection of Sybil attacks
in wireless networks is implemented. In [21], Peng Hao et al.
developed a practical authentication scheme by monitoring
and analyzing the packet error rate (PER) and received signal
strength indicator (RSSI) at the same time to enhance the
spoofing attack detection capability. In [22–24], the authors
analysed the spatial decorrelation property of the channel
response and validated the efficacy of the channel-based
authentication for spoofing detection inMIMO system by the
comparison between channel information “difference” of two
or several frames.

However, in above-mentioned works, artificial thresh-
olds are needed to detect spoofing attack. In fact, thresh-
old range cannot be accurately confirmed, resulting in
spoofing detection with low precision. In this paper, a
machine learning based PHY-layer authentication is devel-
oped, which provides an intelligent decision method instead
of a one-dimension test threshold. Specifically, Adaboost
[25, 26] based algorithm with one-dimensional feature is
employed to detect spoofing attacks. To enhance authenti-
cation performance, the two-dimensional feature is carried
out.Themajor contributions of this paper are summarized as
follows:

(1) An AdaBoost based PHY-layer authentication algo-
rithm is proposed to increase the authentication rate.

(2) The authentication model based on two-dimensional
feature is established, which has a stronger per-
formance for cheating detection than the one-
dimensional authentication method.

(3) The proposed PHY-layer channel authentication
scheme is implemented in a real world environ-
ment, based on MIMO-OFDM systems. The simu-
lation results show that the detection rate is greatly
increased.

The rest of this paper is organized as follows. Section 2
describes system model and problem formulation. Our pro-
posed algorithm for PHY-layer authentication is presented in
Section 3. The system experiment and simulation results are
presented in Section 4. In Section 5, we conclude this paper.

2. System Model

In this section, we provide a system model of physical layer
authentication and hypothesis testing.

Alice

Bob

Scattering clusters

Eve

Scattering clusters

（！＂

（％＂

pilots

pilots

Figure 1: Alice-Bob-Eve model in MIMO system.

2.1. MIMO �ree Parts System Model. As shown in Figure 1,
our analysis is based on an Alice-Bob-Eve model in MIMO
system, where Alice and Bob are legitimate users equipped
with N T and N R antennas, respectively. Eve with 𝑁𝑇
antennas attempts to spoof Alice by using her identity. They
are assumed to be located in spatially separated positions.
In order to address this spoofing detection, Bob tracks the
uniqueness of wireless channel responses to discriminate
between legitimate signals fromAlice and illegitimate signals
from Eve. That is a physical layer authentication. The detailed
physical layer authentication process is as follows: Signals
with the pilots which can be used to estimate the channel
response of the corresponding transmitter are transmitted
over the wireless multipath channel to the receiver. The 𝑖-
th transmission data contains 𝑁𝑓-frames, while each frame
consists of𝑁𝑠 OFDM symbols.

Bob is assumed to obtain the Alice-Bob channel infor-
mation for any frame index 𝑘 > 1, �̂�𝐴𝐵𝑘 , and save it
which extracted by the channel estimation. After a while,
when Bob receives the next data frame, the k + 1th data
frame, �̂�𝐴𝐵𝑘+1, which is extracted and estimated by Bob the
unknown channel response information. Bob compares �̂�𝐴𝐵𝑘+1
with the channel of Alice, �̂�𝐴𝐵𝑘 , to determine whether the
corresponding signal is actually send by Alice.

If the values of �̂�𝐴𝐵𝑘 and �̂�𝐴𝐵𝑘+1 are approaching, Bob
considers the sender’s identity as valid and stores it. On the
contrary, Bob determines that the sender's identity is invalid
and directly abandons the data frame.

Channel information is detected by the channel estima-
tion algorithm, denoted by �̂�𝐴𝐵𝑘 and �̂�𝐴𝐵𝑘+1. Each data frame
contains 𝑁s OFDM symbols. Thus, the channel information
is given by

�̂�𝐴𝐵𝑘 = [�̂�𝐴𝐵𝑘,1 , �̂�𝐴𝐵𝑘,2 , . . . , �̂�𝐴𝐵𝑘,𝑁
𝑠

] (1)

where �̂�𝐴𝐵𝑘,𝑥 (𝑥 = 1, 2, . . . , 𝑁𝑠) denotes the 𝑥-th OFDM
symbol of channel information.
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2.2. Hypothesis Testing. A binary hypothesis testing is per-
formed to determine the identity authentication in the
continuous data frames. Let the receiver Bob verify that
the kth data frame originates from the legitimate sender
Alice, and the extracted channel information is 𝐻𝐴𝐵𝑘 ; the
sender of the k + 1 th data frame is still unknown and the
channel information is𝐻𝐴𝐵𝑘+1: the null hypothesis H0 indicates
that the packet is indeed sent by the Alice. The alternative
hypothesis H1 is that the real client of the packet is not
Alice.The spoofing detection builds the hypothesis test given
by

𝐻0 : 𝐻𝐴𝐵𝑘+1 → 𝐻𝐴𝐵𝑘
𝐻1 : 𝐻𝐴𝐵𝑘+1 → 𝐻𝐴𝐵𝑘

(2)

where all elements of𝑁𝑘 and𝑁𝑘+1 are i.i.d. complex Gaussian
noise samples 𝐶𝑁(0, 𝛿2). Therefore, if channel information
for hypothesis testing is directly used, the need of considering
the impact of noise variables will increase the certification
complexity. To this end, since 𝑁𝑘 and 𝑁𝑘+1 are with the
same statistical characteristics, the “difference” of channel
information can eliminate the influence of noise variables.
The physical layer authentication translates into the com-
parison between the “difference” of the channel informa-
tion and the set threshold. Equation (2) can be expressed
as

𝐻0 : diff (𝐻𝐴𝐵𝑘+1, 𝐻𝐴𝐵𝑘 ) < 𝜂

𝐻1 : diff (𝐻𝐴𝐵𝑘+1, 𝐻𝐴𝐵𝑘 ) > 𝜂
(3)

where diff(𝐴, 𝐵) denotes the calculating result of the differ-
ence between A and B and 𝜂 is the test threshold.

The null hypothesis, 𝐻0, is that the identity is legitimate
and Bob accepts this hypothesis if the test statistic he
computes, diff(𝐴, 𝐵), is below some threshold 𝜂. Otherwise,
Bob accepts the alternative hypothesis, 𝐻1, that the identity
is illegitimate. The channel response “difference” is recorded
as T, and (3) can be also written as

𝑇 = diff (𝐻𝐴𝐵𝑘+1, 𝐻𝐴𝐵𝑘 )
> 𝐻1
< 𝐻0

𝜂 (4)

As shown in (4), the physical layer authentication is
actually a comparison between channel information “dif-
ference” and authentication threshold. Thus, the difference
between channel information and authentication threshold
is the key of physical layer authentication. The test statistics
can measure the similarity of channel information and
calculate the channel information difference. In this paper,
we use two kinds of test statistic TA and TB, respectively.
In particular, assuming Bob obtains two consecutive frame
channel response of �̂�𝐴𝐵𝑘−1,𝑥 and �̂�𝐴𝐵𝑘,𝑥 , respectively, fromAlice.
We build test statistics of 𝑇𝐴 and 𝑇𝐵 based on the two
frames for the purpose of discrimination identity of Alice
or Eve. Subsequently, Bob acquires the k+1th frame channel
information as �̂�𝐴𝐵𝑘+1,𝑥.

The test statistics are calculated as

𝑇𝐴 (𝑘) =


diff (�̂�𝐴𝐵𝑘+1,𝑥 − �̂�𝐴𝐵𝑘,𝑥)
diff (�̂�𝐴𝐵

𝑘,𝑥
− �̂�𝐴𝐵
𝑘−1,𝑥

)


=


∑𝑁𝑠𝑥=1∑𝑁𝑚=1∑𝑁𝑛=1
�̂�
𝐴𝐵
𝑘+1,𝑥 (𝑚, 𝑛) − �̂�𝐴𝐵𝑘,𝑥 (𝑚, 𝑛) 𝑒𝑗𝜃(𝑚,𝑛)


∑𝑁𝑠𝑥=1∑𝑁𝑚=1∑𝑁𝑛=1

�̂�𝐴𝐵𝑘,𝑥 (𝑚, 𝑛) − �̂�𝐴𝐵𝑘−1,𝑥 (𝑚, 𝑛) 𝑒𝑗𝜃(𝑚,𝑛)




> 𝐻1
< 𝐻0

𝜂𝐴 , (5)

where 𝜃(𝑚, 𝑛) is the phase offset and can be denoted by

𝜃 (𝑚, 𝑛) = arg (�̂�𝐴𝐵𝑘,𝑥 (𝑚, 𝑛) [𝐻𝑋𝐵𝑘+1,𝑥 (𝑚, 𝑛)]
∗) (6)

From (5), 𝑇𝐴 can be taken as the difference of the
subcarrier amplitude, which avoids the effect of 𝜃(𝑚, 𝑛).

Two consecutive data frames, �̂�𝐴𝐵𝑘,𝑥 and �̂�𝐴𝐵𝑘+1,𝑥, represent
measurement errors in the phase of the channel response.
Each channel response value consists of𝑁𝑠 frequency domain
channel matrix, which is OFDM symbol of N dimensional
square matrix and 𝑛 denotes the 𝑚th row and 𝑛 denotes the
column element phase offset.

𝑇𝐵 (𝑘) =


diff (�̂�𝐴𝐵𝑘+1,𝑥 − �̂�𝐴𝐵𝑘,𝑥)
diff (�̂�𝐴𝐵𝑘,𝑥 − �̂�𝐴𝐵𝑘−1,𝑥)


=


∑𝑁𝑠𝑥=1∑𝑁𝑚=1∑𝑁𝑛=1
�̂�
𝑋𝐵
𝑘+1,𝑥 (𝑚, 𝑛) − �̂�𝐴𝐵𝑘,𝑥 (𝑚, 𝑛)


2

∑𝑁𝑠𝑥=1∑𝑁𝑚=1∑𝑁𝑛=1
�̂�𝐴𝐵𝑘,𝑥 (𝑚, 𝑛) − �̂�𝐴𝐵𝑘−1,𝑥 (𝑚, 𝑛)


2



> 𝐻1
< 𝐻0

𝜂𝐴 (7)

where 𝑇𝐵 is the test statistic based on amplitude and phase
information. We use 𝑇𝐴 and 𝑇𝐵 as the one-dimensional test
statistic, respectively, for detecting spoofing attack. Unfor-
tunately, it is hard to find the best threshold for achieving
high accuracy authentication detection rate. To tackle this
problem,we propose a learning algorithmbased onAdaBoost
to achieve physical layer authentication, in which 𝑇𝐴 and 𝑇𝐵
are used as training features.

3. Physical Authentication with
AdaBoost Algorithm

In this section, we propose a learning algorithm based on
AdaBoost for physical authentication.

3.1. AdaBoost Algorithm. AdaBoost is the abbreviation of
adaptive boosting and developed by Yoav Freund [24] and is
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Figure 2: AdaBoost algorithm.

the most widely used form of boosting algorithm. Boosting
is a powerful technique combined with base classifiers [25]
to produce a form of committee whose performance can be
significantly better than other base classifiers. The principal
of AdaBoost algorithm is that this algorithm improves its
performance by the iterative algorithm, which is adaptive in
the sense that subsequent weak classifiers, called as learners,
are adjusted to improve those instances misclassified by
previous classifiers. AdaBoost can be seen as a particular
method of training a boosted classifier. A boost classifier is
a classifier as follows:

𝑓 (𝑥) =
𝑀

∑
𝑚=1

𝛼𝑚𝐺𝑚 (𝑥) (8)

where each 𝐺𝑚(𝑥) is a weak classifier that takes 𝑥 as input
and returns a value 𝑦𝑚 indicating the class of 𝑥. The weak
classifiers, each of classifiers is trained by using a weighted
coefficient 𝑤𝑚,𝑖 from the data set where the weighting coeffi-
cient associated depending on the performance of the weak
classifiers such as decision tree (support vector machine)
SVM, are trained in sequence. More specially, data points
which aremisclassified by one of theweak classifiers are being
given greater weight, which are used to train the next weak
classifier. As illustrated in Figure 2, once all the classifiers have

been trained until there are no misclassified data points, then
their final model is generated via a weight majority voting
scheme.

3.2. Physical Authentication with AdaBoost Algorithm. The
physical authentication with AdaBoost algorithm is pro-
posed for detection spoofing. The performance chart of the
algorithm is illustrated in Figure 3. Bob collects the channel
matrix, Ĥ𝐴𝐵1 , which obtained by channel estimation using
the pilot from Alice and records it. When Bob receives the
next data frame from the Alice, the Bob collects channel
information, Ĥ𝐴𝐵2 . Similarly, Bob collects continuous N-
frames channel information from Alice and stores as Ĥ𝐴𝐵 =
[Ĥ𝐴𝐵1 , Ĥ𝐴𝐵2 , . . . , Ĥ𝐴𝐵𝑁 ]. In the same time an Eve sends the data
frames to the Bob and claims that he is Alice. In practical
communication scenarios, we do not know where and who
Eves are. But in proposed scheme Eves are needed to be test
training purpose. Therefore, one or several Eve nodes are set
for this purpose. Bob continuously extracts the continuous N
frames channel information from Eve and stores as Ĥ𝐸𝐵 =
[Ĥ𝐸𝐵1 , Ĥ𝐸𝐵2 , . . . , Ĥ𝐸𝐵𝑁 ].

The data set is preprocessed by Bob. Firstly, Bob calculates
the value of data set, Ĥ𝐴𝐵, Ĥ𝐸𝐵. Secondly, Bob calculates the
test statistics based on test statistics 𝑇𝐴, 𝑇𝐵 as

𝑇𝑋𝐵𝐴 (𝑘) =


diff (�̂�𝑋𝐵𝑘+1,𝑥 − �̂�𝑋𝐵𝑘,𝑥)
diff (�̂�𝑋𝐵

𝑘,𝑥
− �̂�𝑋𝐵
𝑘−1,𝑥

)


=


∑𝑁𝑠𝑥=1∑𝑁𝑚=1∑𝑁𝑛=1
�̂�
𝑋𝐵
𝑘+1,𝑥 (𝑚, 𝑛) − �̂�𝑋𝐵𝑘,𝑥 (𝑚, 𝑛) 𝑒𝑗𝜃(𝑚,𝑛)


∑𝑁𝑠𝑥=1∑𝑁𝑚=1∑𝑁𝑛=1

�̂�𝑋𝐵𝑘,𝑥 (𝑚, 𝑛) − �̂�𝑋𝐵𝑘−1,𝑥 (𝑚, 𝑛) 𝑒𝑗𝜃(𝑚,𝑛)




> 𝐻1
< 𝐻0

𝜂𝑋𝐴 , (9)

𝑇𝑋𝐵𝐵 (𝑘) =


diff (�̂�𝑋𝐵𝑘+1,𝑥 − �̂�𝑋𝐵𝑘,𝑥)
diff (�̂�𝑋𝐵

𝑘,𝑥
− �̂�𝑋𝐵
𝑘−1,𝑥

)


=


∑𝑁𝑠𝑥=1∑𝑁𝑚=1∑𝑁𝑛=1
�̂�
𝑋𝐵
𝑘+1,𝑥 (𝑚, 𝑛) − �̂�𝑋𝐵𝑘,𝑥 (𝑚, 𝑛)


2

∑𝑁𝑠𝑥=1∑𝑁𝑚=1∑𝑁𝑛=1
�̂�𝑋𝐵𝑘,𝑥 (𝑚, 𝑛) − �̂�𝑋𝐵𝑘−1,𝑥 (𝑚, 𝑛)


2



> 𝐻1
< 𝐻0

𝜂𝑋𝐵 (10)

Finally, Bob generates training data set of two categories.
The first one is

𝑇𝐴𝐵𝐴 = {𝑥1, . . . , 𝑥𝑖, . . . , 𝑥𝑁, 𝑦𝐴} , (11a)

𝑇𝐴𝐵𝐵 = {𝑥1, . . . , 𝑥𝑖, . . . , 𝑥𝑁, 𝑦𝐴} , (11b)

where 𝑥𝑖 ∈ 𝑇𝐴𝐵𝐴 (𝑘) or 𝑥𝑖 ∈ 𝑇𝐴𝐵𝐵 (𝑘), 𝑦𝐴 = +1, by substituting
Ĥ𝐴𝐵, into (9), (10), yields 𝑇𝐴𝐵𝐴 , 𝑇𝐴𝐵𝐵 , and the value of 𝑦𝐴
represents that the transmitter is the legal transmitter from
Alice. And the second training set is

𝑇𝐸𝐵𝐴 = {𝑥𝐸1 , . . . , 𝑥𝐸𝑖 , . . . , 𝑥𝐸𝑁, 𝑦𝐸𝐵} (12a)
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Figure 3: Physical authentication with AdaBoost algorithm.

𝑇𝐸𝐵𝐵 = {𝑥𝐸1 , . . . , 𝑥𝐸𝑖 , . . . , 𝑥𝐸𝑁, 𝑦𝐸𝐵} (12b)

where 𝑥𝐸𝑖 ∈ 𝑇𝐴𝐸𝐵(𝑘) or 𝑥𝐸𝑖 ∈ 𝑇𝐵𝐸𝐵(𝑘), 𝑦𝐸𝐵 = −1, by
substituting Ĥ𝐸𝐵, into (9) and (10), yields 𝑇𝐸𝐵𝐴 and 𝑇𝐸𝐵𝐵 , and
the value of 𝑦𝑖 represents that the transmitter is the illegal
transmitter from Eve. Bob uses the two classification training
data set 𝑇𝐴𝐵𝐴 , 𝑇𝐴𝐵𝐵 , 𝑇𝐸𝐵𝐴 , and 𝑇𝐸𝐵𝐵 as input training set.

Spoofing detection is essentially a two-classification prob-
lem, which is considered to be solved through AdaBoost
algorithm. The training data is made up of a bunch of sample
points. Each sample point comprises input sample 𝑥𝑖 and
label 𝑦𝑖 where 𝑦𝑖 ∈ {−1, 1}. Each sample point is given an
associated weight parameter 𝑤𝑚,𝑖, 𝑚 means 𝑚-th training,
and 𝑖means the number of sample points, which is initially set
1/𝑖 for all sample points.We suppose that we have a procedure
available for training a weak classifier using weighted sample
points. At each iteration of the training process, AdaBoost
trains a new weak classifier by using the sample points in
which the weighting coefficients are adjusted according to the
performance of the previously trained weak classifier, so as to
give greater weight to the misclassified data points, in which
the classification error rate 𝑒𝑚 is used to evaluate misclassified
data set𝐷𝑚

𝑒𝑚 = 𝑃 (𝐺𝑚 (𝑥𝑖) ̸= 𝑦𝑖) =
2𝑡

∑
𝑖=1

𝑤𝑚𝑖𝐼 (𝐺𝑚 (𝑥𝑖) ̸= 𝑦𝑖) (13)

Then the coefficient 𝛼𝑚 of 𝐺𝑚 is calculate as

𝛼𝑚 =
1
2 log

1 − 𝑒𝑚
𝑒𝑚

(14)

Finally, we generate a final model that different weight is
being given to different weak classifiers in (8). The AdaBoost
algorithm is given as in Algorithm 2, in which the point of
the training data can be doubled by combining with the one-
dimension test statistics 𝑇𝐴 and 𝑇𝐵 together and become
a new two-dimensional features authentication model for
spoofing detection. Therefore, in the AdaBoost algorithm,
the input training data set T is following two optional
sets:

(1)One-dimension test statistics training data set:

𝑇 = {𝑇𝐴𝐵𝐴 , 𝑇𝐸𝐵𝐴 }

or 𝑇 = {𝑇𝐴𝐵𝐵 , 𝑇𝐸𝐵𝐵 }
(15)

(2) Two-dimension test statistics training data set:

𝑇 = {(𝑇𝐴𝐵𝐴 , 𝑇𝐴𝐵𝐵 ) , (𝑇𝐸𝐵𝐴 , 𝑇𝐸𝐵𝐵 )} (16)
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Input:
The channel information of legal transmitter or illgal transmitter:
Process:
1: Bob calculates the value of data set Ĥ𝐴𝐵 and Ĥ𝐸𝐵 from Alice and simulated Eve:

Ĥ𝐴𝐵 = [Ĥ𝐴𝐵1 , Ĥ𝐴𝐵2 , . . . , Ĥ𝐴𝐵𝑁 ]
Ĥ𝐸𝐵 = [Ĥ𝐸𝐵1 , Ĥ𝐸𝐵2 , . . . , Ĥ𝐸𝐵𝑁 ]

2: The data set are preprocessed by Bob:
3: The data set are divided into two parts, and the one is training data set and the other is testing data set:
4: Use training data set to get the weak classifier:
5: Use the Adaboost algorithm to generate a strong classifer:
6: The testing data set is used to verify whether the claasifier can achieve the target detection rate, otherwise it will return to

the first step:
7: The final classifier is the authenticaton decision model, which can judge whether the new packets are legitimate or illegal:

End

Algorithm 1: Physical authentication.

Input:
training data set 𝑇:
Process:
1: Initialize the weight distribution of the sample points:
𝐷1 = (𝑤11, . . . , 𝑤1𝑖, . . . , 𝑤1,2𝑡), 𝑤1𝑖 =

1
2𝑡 , 𝑖 = 1, 2, . . . , 2𝑡

2: for 𝑚 = 1 to𝑀 do,𝑚means𝑚-th training
3: Use the training data set of 𝐷𝑚 to learn and get the weak classifier:

𝐺𝑚(𝑥) : 𝑥𝑖 → {−1, +1}
4: Calculate the classification error rate of𝐷𝑚 on the training data set:

𝑒𝑚 = 𝑃(𝐺𝑚(𝑥𝑖) ̸= 𝑦𝑖) =
2𝑡

∑
𝑖=1

𝑤𝑚𝑖𝐼 (𝐺𝑚 (𝑥𝑖) ̸= 𝑦𝑖)
5: Calculate the coefficient of 𝐺𝑚:

𝛼𝑚 =
1
2 log

1 − 𝑒𝑚
𝑒𝑚

6: Update the weight distribution of the training data set:
𝐷𝑚+1 = (𝑤𝑚+1,1, . . . , 𝑤𝑚+1,𝑖, . . . , 𝑤𝑚+1,2𝑡),
𝑤𝑚+1,𝑖 =

𝑤𝑚𝑖
𝑍𝑚

exp (−𝛼𝑚𝑦𝑖𝐺𝑚 (𝑥𝑖)) , 𝑖 = 1, 2, . . . , 2𝑡

𝑍𝑚 =
2𝑡

∑
𝑖=1

𝑤𝑚𝑖 exp (−𝛼𝑚𝑦𝑖𝐺𝑚 (𝑥𝑖))
7: Construct a linear combination of weak classifiers:

𝑓(𝑥) =
𝑀

∑
𝑖=1

𝛼𝑚𝐺𝑚(𝑥)
End for

return: 𝐺(𝑥) = sign(𝑓(𝑥))

Algorithm 2: AdaBoost.

4. Experimental Verification

In this section, we will describe the system setup and the test
process of measuring the Algorithm 1 for detecting Alice and
Eve.

4.1. System Setup. We consider the spoofing detection of
a receiver called Bob, the legal transmitter called Alice,
and the spoofing node called Eve. They were placed in
three separate locations in a room, surrounded by many
other devices such as printers, desktops, and other types of

equipment as shown in Figure 4. There are scattering and
refraction phenomena in the room due to the presence of
obstacles in the wireless channel from Alice to Bob and
Eve to Bob. As shown in Figure 5, we set up experimental
platform which implemented on USRPs, and experiments
were performed in an indoor environment. Bob is equipped
with an 8∗8 MIMO system, Alice is equipped with a 2∗2
MIMO system, and the spoofing node called Eve is equipped
with a 2∗2 MIMO system. The signals are sent over 2
antennas each at center frequency 3.5GHz with bandwidth
2MHz.
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Figure 4: The experiments consisted of Alice, Bob, and Eve.

Figure 5: Real MIMO communication platform consisted of Alice, Bob, and Eve.

4.2. Experiment. In the experiment, the following steps are
taken.

Step 1. Bob extracts channel information from Alice and Eve
by the existing channel estimation mechanisms, respectively.

Step 2. Bob preprocesses the dataset according to (5), (7), (9),
and (10)while the threshold is between [0, 1] (normalization).

Step 3. Bob generates a training data set of two classifications
according to (11a), (11b), (12a), and (12b).

Step 4. The two classification training data set T is generated
according to (15) or (16).

Step 5. Bob is trained to generate a strong classifier based on
the training data set of two classifications by using AdaBoost
algorithm under Matlab program.

Step 6. Bob uses a strong classifier to judge the test set and
obtain the authentication detection rate.

In the experiment, we consider that the collection frames
are five hundred frames and the value of test statistic
was normalized between 0 and 1. The test statistic 𝑇𝐴 of
channel information of the Alice and Bob as a function of
frames is shown in Figure 6(a), in which the red points
is 𝑇𝐴(𝑘) in (5) and green points is 𝑇𝐸𝐴(𝑘) in (9). As can
be seen, there is the overlapped area. Meanwhile, from
Figure 6(b), the overlapped area is large, when we chose
the test statistic 𝑇𝐵 of channel information in which the
red points is 𝑇𝐴(𝑘) in (7) and green points is 𝑇𝐸𝐴(𝑘) in
(10). It is clearly shown that it is difficult to acquire the
best manual test threshold for the accuracy of authentica-
tion. Moreover, we use 𝑇𝐴, 𝑇𝐵, and the number of frames,
respectively, to draw a three-dimensional plot. As shown in
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(a) Normalized 𝑇𝐴 of Alice and Eve
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(b) Normalized 𝑇𝐵 of Alice and Eve

Figure 6: Normalized 𝑇𝐴 and 𝑇𝐵 value of the legal transmitter Alice and the spoofing node Eve for spoofing detection with center frequency
3.5GHz with bandwidth 2MHz.
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Figure 7: Normalized 𝑇𝐴 value and 𝑇𝐵 value of the legal transmitter
Alice and the spoofing node Eve drawing three dimensional plot.

Figure 7, obviously, it is hard to use the traditional manual
threshold method to identify the identity of data sets in
the three-dimensional condition. However,machine learning
algorithm based the authentication model can effectively
settle this problem and a dividing curved surface can per-
form the identification by the AdaBoost adaptive adjustment
algorithm.

4.3. Simulation Results. In this section, simulation results are
provided to demonstrate the performance of the proposed
authentication scheme.
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Figure 8: Correct classification rate of 𝑇𝐴 and 𝑇𝐵.

As a comparison, we considered the PHY-layer spoofing
detection [15] with a varied test threshold. From the Figure 8,
we can see that when test threshold equals 0.4, the best
authentication detection rate results of using𝑇𝐴 or𝑇𝐵 reached
79.8% and 65.4%, respectively. In addition, our proposed
method which combined two test statistics 𝑇𝐴 and 𝑇𝐵 as a
two-dimensional feature can improve the accuracy of detec-
tion. We use 𝑇𝐴, 𝑇𝐵, and the number of frames, respectively,
to draw a three-dimensional plot. Figure 9 illustrates the
comparison of spoofing detection among the three methods,
from which we can conclude that manual threshold method
based on 𝑇𝐴 test statistics can achieve 79.8% detection rate
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Figure 9: The simulation result with the different method of
authentication scheme.

while machine learning based authentication method with
𝑇𝐴 test statistic can acquire 87.1% detection rate and machine
learning based authentication method with two-dimensional
features 𝑇𝐴 and 𝑇𝐵 can achieve 91.3% accuracy rate with an
additional 10% more computation complexity.

To sum up, the proposed authentication scheme achieves
a superior performance over manual threshold strategy [15].
Based on the above observation, the proposed machine
learning based authentication scheme with tow-dimensional
feature not only exhibits excellent performance than manual
method but also has higher authentication rate than that of
the same algorithm with one-dimensional feature.

5. Conclusions

In this paper, machine learning algorithm based physical-
layer channel authentication for the 5G wireless communica-
tion security is proposed. A machine learning authentication
method could draw a conclusion whether the received pack-
ets are from a legitimate transmitter or from a counterfeiter
by using one-dimension or two-dimensional joint features.
The effectiveness of the proposed authentication scheme is
validated by widely simulations. All the data used in the
simulation are derived from real OFDM-MIMO commu-
nication platform, which provides a real communication
environment. Moreover, the authentication results show that
the novel methods provide a higher rate in detecting the
spoofing attacks than those of the manual threshold based
physical layer authentication schemes. The training of the
classifier can be done offline.Therefore, the novel method can
perform authentication fast. In addition, whether we can use
more machine learning algorithms to further optimize our
authentication model and find a better statistical test of large
difference in channel information is issue that we need to deal
with in the future.
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The capacity bound of the Gaussian interference channel (IC) has received extensive research interests in recent years. Since the
IC model consists of multiple transmitters and multiple receivers, its exact capacity region is generally unknown. One well-known
capacity achieving method in IC is Han-Kobayashi (H-K) scheme, which applies two-layer rate-splitting (RS) and simultaneous
decoding (SD) as the pivotal techniques and is proven to achieve the IC capacity region within 1 bit. However, the computational
complexity of SD grows exponentially with the number of independent signal layers, which is not affordable in practice. To this
end, we propose a scheme which employs multi-layer RS at the transmitters and successive simple decoding (SSD) at the receivers
in the two-transmitter and two-receiver IC model and then study the achievable sum capacity of this scheme. Compared with the
complicated SD, SSD regards interference as noise and thus has linear complexity. We first analyze the asymptotic achievable sum
capacity of IC with equal-power multi-layer RS and SSD, where the number of layers approaches to infinity. Specifically, we derive
the closed-form expression of the achievable sum capacity of the proposed scheme in symmetric IC, where the proposed scheme
only suffers from a little capacity loss compared with SD. We then present the achievable sum capacity with finite-layer RS and
SSD. We also derive the sufficient conditions where employing finite-layer RS may even achieve larger sum capacity than that with
infinite-layer RS. Finally, numerical simulations are proposed to validate that multi-layer RS and SSD are not generally weaker than
SD with respect to the achievable sum capacity, at least for some certain channel gain conditions of IC.

1. Introduction

Due to the broadcast nature of wireless channel, the inter-
ference greatly affects the performance of wireless commu-
nication when multiple signal streams are transmitted on
the same time/frequency resources. As a general description,
the interference channel (IC) model has been proposed to
describe the channel statistics where multiple transmitters
and multiple receivers share the same physical resources [1].
In recent decades, IC has been regarded as an important
building block in cognitive radio [2], multicell network [3, 4],
and massive input massive output system [5].

A basic IC model is illustrated in Figure 1, where two
transmitters, i.e., Tx-1 and Tx-2, aim to simultaneously
transmit their signals to two receivers, i.e., Rx-1 and Rx-2,
respectively. Before analyzing the capacity bound and the
capacity approaching techniques of IC, we may first recall

the other two well-studied multiuser channel models, i.e.,
the multiple access channel (MAC) model and the broadcast
channel (BC)model, where rate-splitting (RS), superposition
coding (SC), and successive simple decoding (SSD) are
usually required to approach the capacity bounds of MAC
and BC. However, different from MAC and BC which either
has a single transmitter or a single receiver, IC has at least
two independent links, i.e., Tx-1-to-Rx-1 and Tx-2-to-Rx-2
as shown in Figure 1, which may interfere with each other.
Each receiver in IC receives multiple signal streams, which
constitute an MAC. Symmetrically, each transmitter in IC
broadcasts the signal tomultiple users which exactly follows a
BC.Therefore, the ICmodel can be regarded as a composition
of MAC and BC, and this fact makes the analysis in either
MAC or BC not sufficient in the IC.

In the past several decades, the problem of finding the
exact capacity region of Gaussian IC has been proven to

Hindawi
Wireless Communications and Mobile Computing
Volume 2018, Article ID 8547620, 13 pages
https://doi.org/10.1155/2018/8547620

http://orcid.org/0000-0003-3399-8359
http://orcid.org/0000-0002-7576-625X
https://doi.org/10.1155/2018/8547620


2 Wireless Communications and Mobile Computing

noise

noise

Rx-1

Rx-2

Tx-1

Tx-2

Figure 1:The interference channel model with two transmitters and
two receivers.

be pretty hard. The exact capacity region of IC with strong
interference is derived in [6]. Meanwhile, [7] analyzes the
capacity region of discrete-memoryless IC. Some researchers
have focused on the capacity region of degraded IC, e.g., Z-IC
[8–12].

Nevertheless, the capacity region of a general IC has
not been clearly revealed yet. One best known achievable
rate region of a general IC is Han-Kobayashi (H-K) inner
bound [13].The original H-K bound is hard to be analytically
described and depicted; therefore, H. Etkin in [14] proposes
a simplified H-K scheme, which approaches the IC capacity
region within 1 bit. The capacity region achieved by the
simplified H-K scheme is termed simple H-K region. To
prove the achievability, the simultaneous decoding (SD) of
more than one codeword is required, which may lead to
exponential computational complexity. Recently, simultane-
ous nonunique decoding (SND) is proved to be rate optimal
when random coding is applied [15]. However, the decoding
complexity is still high. Hence, one key question to be studied
in the era of IC is

(i) Are there any simple decoding and encodingmethods
which can be used to achieve theH-K capacity region?

To find the answer, wemay look at the capacity approach-
ing techniques in MAC, due to the fact that MAC can be
regarded as a degraded version of IC. To approach every
rate pair in MAC capacity region, the transmitters employ
RS and SC and the receiver employs SSD and successive
interference cancellation (SIC) [16].While SD/SND generally
has exponential computational complexity with respect to the
number of independent coding layers in the transmission sig-
nals, SSD/SIC only requires linear computational complexity.
Hence, SSD/SIC are pretty simple compared with SD or SND
and have been attractive to the researchers from many fields
[17–19]. For example, J. Cao in [19] proves that, with infinite
number of rate splits at each transmitter, applying RS and
SSD can asymptotically achieve capacity of MAC bound in
a distributed manner.

In view of the benefits of RS, two RS-based schemes
are proposed in [20, 21], separately, to achieve the H-K
inner bound in IC. However, Omar in [22] shows that joint
decoding is still required in [20, 21] (instead of SSD) and the
receiving complexity of the methods in [20, 21] is actually not
reduced. Therefore, whether RS and SSD can achieve the H-
K inner bound remains a question. Y. Zhao in [23] studies
the maximum achievable rate with SSD in the deterministic

model for IC. However, the deterministic model only works
in high SNR region. Still, [23] does not answer the aforemen-
tioned question. In [24], the authors point out that any finite-
layer RS and SSD cannot achieve the corner points of the SD
bound of the symmetric Gaussian IC, where the interference
is strong but not very strong. Alternatively, a sliding window
superposition coding method is proposed in [24] to achieve
the simultaneous decoding inner bound where interference
cancellation is available at different time slots. However, this
method suffers from performance loss since the first and last
blocks are not fully loaded with messages. Therefore, with
general channel gain settings, the question that whether RS
and SSD can be used to achieve the SD achievable rate region
is still unsolved.

As conjectured by Omar in [22], multiple-layer RS may
be required such that SSD can achieve the bound close
to H-K capacity. Following this conjunction, in this paper,
we conduct an asymptotic analysis of the achievable rate
with multi-layer RS and SSD in IC and aim at answering
the question whether infinite-layer RS can achieve the SD
inner bound [22, 24]. We note that once multi-layer RS and
SSD are able to approach the SD achievable rate region,
they can be directly applied in the H-K scheme to achieve
the utmost capacity region of IC. We assume that RS is
conducted by splitting the transmission power and assigning
suitable rate for each split. We start with equal-power RS
with infinite number of layers and then find that infinite-layer
equal-power RS and SSD cannot approach the SD bound in
general. Especially, we derive the closed-form formula of the
performance gap between the proposed scheme and the SD
bound in symmetric IC. We note that the performance gap is
pretty small. Based on the above results, we then analyze the
achievable rate with finite-layer RS. Surprisingly, with certain
channel gain conditions, we show that employing finite-layer
RS and SSD can achieve even better sum capacity than SD.
To sum up, the main result of this paper is that employing
multiple layers RS and SSD/SIC can nearly approach the SD
bound in IC.The result can be further exploited as a guideline
in designing capacity approaching technologies in practical
scenarios, such as designing good inter-cell interference
cancellation method.

This paper is organized as follows. Section 2 describes the
system model and the useful notations. Section 3 presents
the achievable rate with SSD when infinite-layer RS is
applicable. In Section 4, we analyze the achievable sum
capacity when finite-layer RS is assumed. The numerical
results are presented in Section 5. Section 6 concludes this
paper.

2. System Model

2.1. Multi-Layer Rate-Splitting for Interference Channel. We
consider an ICmodel with two transmitters, i.e., Tx-𝑖, 𝑖 = 1, 2,
and two receivers, i.e., Rx-𝑗 and 𝑗 = 1, 2, where Rx-𝑗 is the
target receiver of Tx-𝑖 when 𝑗 = 𝑖. We assume the additive
white Gaussian noise (AWGN) channel, as shown in Figure 2,
where the channel gain between Tx-𝑖 and Rx-𝑗 is ℎ𝑗,𝑖, and the
noise variance is 𝑁0. The transmission power at Tx-𝑖 is 𝑃𝑖.
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Figure 2: An illustration of multi-layer RS and SSD in IC, with the
decoding order Π12.

Without loss of generality, we assume 𝑃1 = 𝑃2 = 𝑃. Then,
the received signals are given by

𝑦1 = √ℎ1,1𝑥1 + √ℎ1,2𝑥2 + 𝑛1,
𝑦2 = √ℎ2,1𝑥1 + √ℎ2,2𝑥2 + 𝑛2,

(1)

where 𝑥𝑖 is the transmitting signal of Tx-𝑖, with ‖𝑥𝑖‖22 = 𝑃𝑖.
To exploit the potential of IC, we employ multi-layer

RS at the transmitters. In the proposed scheme, Tx-𝑖’s total
transmission data rate 𝑅𝑖 is split into 𝐿 𝑖 splits by splitting the
total transmission power into [𝑝𝑖,1, ⋅ ⋅ ⋅ , 𝑝𝑖,𝑘 ⋅ ⋅ ⋅ , 𝑝𝑖,𝐿 𝑖], where𝑝𝑖,𝑘 is the allocated power to 𝑘-th split of Tx-𝑖 and∑𝐿 𝑖

𝑘=1
𝑝𝑖,𝑘 =𝑃. We assume equal-power RS throughout this paper, i.e.,𝑝𝑖,𝑘 = 𝑃/𝐿 𝑖 = 𝑝𝑖, unless otherwise stated, since equal-

power allocation is usually applied as a baseline in analyzing
the achievable capacities in different systems with RS [25,
26]. Correspondingly, the transmission signal of Tx-𝑖 can be
represented as

𝑥𝑖 =
𝐿 𝑖∑
𝑘=1

𝑥𝑖,𝑘, (2)

where ‖𝑥𝑖,𝑘‖22 = 𝑝𝑖,𝑘. We note that the elaborately designed
power allocation among the message splits may further
improve the system performance [27], which is also a promis-
ing future direction.

Without loss of generality, we assume 𝐿1 = 𝐿2 = 𝐿. It
should be noted that IC can be regarded as two MACs from
the point of view of the receivers and that the SD bound is

derived by taking the minimum of the sum capacity of the
two MACs, i.e.,

𝑟SD = min{log(1 + ℎ1,1𝑃1 + ℎ1,2𝑃2𝑁0 ) ,

log(1 + ℎ2,1𝑃1 + ℎ2,2𝑃2𝑁0 )} .
(3)

To maintain low computational complexity, we apply
SSD as well as interference cancellation at each receiver to
sequentially decode the signal splits, where the interference
splits are regarded as additive Gaussian white noise. Each
receivermay first detect a signal split and then an interference
split one after another. The successfully decoded splits are
then cancelled from the received signal. In our system, we
consider a fixed decoding order for a certain Π𝑚,𝑙. The opti-
mal decoding order and power allocation will be investigated
in the future work. We define the notation Π𝑙,𝑚, 𝑙, 𝑚 = 1, 2,
to represent the decoding order where at Rx-1, the successive
decoding starts from𝑥𝑙,1 and, at Rx-2, the successive decoding
starts from 𝑥𝑚,1. Afterwards, the splits of both transmitters
are decoded one after another. As an example, when Π1,2
is assumed, Tx-1 successively decodes and cancels 𝑥1,1, 𝑥2,1,𝑥1,2, 𝑥2,2..., and Tx-2 successively decodes and cancels 𝑥2,1,𝑥1,1, 𝑥2,2, 𝑥1,2... Therefore, there are a total number of four
decoding orders, i.e., Π1,1, Π1,2, Π2,1, and Π2,2. We visually
illustrate this example in Figure 2, whereΠ1,2 is assumed and
the arrows indicate the decoding order.

The received signal to interference and noise ratio (SINR)
of the 𝑘th split transmitted from Tx-𝑖 to Rx-𝑗 with decoding
order Π𝑙,𝑚 is denoted as 𝑠Π𝑙,𝑚 ,(𝑘)𝑗,𝑖 . Accordingly, we define the
achievable rate of the 𝑘th split transmitted from Tx-𝑖 at Rx-𝑗
with decoding order Π𝑙,𝑚 as 𝑟Π𝑙,𝑚 ,(𝑘)𝑗,𝑖 , which is given by

𝑟Π𝑙,𝑚 ,(𝑘)𝑗,𝑖 = log (1 + 𝑠Π𝑙,𝑚 ,(𝑘)𝑗,𝑖 ) . (4)

The coding rate of themessage in each split should be equal to
the corresponding achievable channel capacity derived in (4)
to ensure successful decoding. Assuming perfect interference
cancellation, the SINR of each power split is calculated by
dividing the received power of this split by noise plus all
residual interference. As an example, when decoding orderΠ1,2 is assumed, the SINR of each power split is formulated
as follows:

𝑠Π1,2 ,(𝑘)1,1

= ℎ1,1 (𝑃1/𝐿)ℎ1,1 (𝑃1/𝐿) (𝐿 − 𝑘) + ℎ1,2 (𝑃2/𝐿) (𝐿 − 𝑘 + 1) + 𝑁0 ,
(5)

𝑠Π1,2 ,(𝑘)1,2

= ℎ1,2 (𝑃2/𝐿)ℎ1,1 (𝑃1/𝐿) (𝐿 − 𝑘) + ℎ1,2 (𝑃2/𝐿) (𝐿 − 𝑘) + 𝑁0 ,
(6)

𝑠Π1,2 ,(𝑘)2,1

= ℎ2,1 (𝑃1/𝐿)ℎ2,1 (𝑃1/𝐿) (𝐿 − 𝑘) + ℎ2,2 (𝑃2/𝐿) (𝐿 − 𝑘) + 𝑁0 ,
(7)
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𝑠Π1,2 ,(𝑘)2,2

= ℎ2,2 (𝑃2/𝐿)ℎ2,2 (𝑃2/𝐿) (𝐿 − 𝑘) + ℎ2,1 (𝑃1/𝐿) (𝐿 − 𝑘 + 1) + 𝑁0 .
(8)

Furthermore, we define the sum achievable rate of Tx-𝑖’s
signal at Rx-𝑗 with decoding order Π𝑙,𝑚 as

𝑟Π𝑙,𝑚 ,[𝐿]𝑗,𝑖 = 𝐿∑
𝑘=1

𝑟Π𝑙,𝑚 ,(𝑘)𝑗,𝑖 . (9)

The decoding order may affect the receiving SINR of each
split as well as the achievable rate. Therefore, at transmitter,
it is necessary to consider the effect of the decoding order
when assigning the rate to each split. Besides, due to the
fact that some splits will be decoded by both receivers, the
rates of these splits should be carefully assigned such that
successful interference cancellations at two receivers can be
carried out. With a fixed decoding order Π𝑙,𝑚, we define a
rate matching (RM) operation in this paper, which ensures
that the maximum affordable transmission rate is assigned to
each split such that the split can be successfully recovered by
both Rx-1 and Rx-2. For example, when RM is employed, the
transmission rate of 𝑘th split of Tx-𝑖, with the decoding order
Π𝑙,𝑚, is defined as 𝑟Π𝑙,𝑚 ,(𝑘)𝑖 , which is given by

𝑟Π𝑙,𝑚 ,(𝑘)𝑖 = min {𝑟Π𝑙,𝑚 ,(𝑘)1,𝑖 , 𝑟Π𝑙,𝑚 ,(𝑘)2,𝑖 } . (10)

2.2. Notations. Recall that, in this paper, we aim to study
whether RS and SSD can achieve the SD bound, when large
even infinite number of layers is available. However, it is
nontrivial to directly compare their performances. Hence, the
analysis in this paper is organized in incremental steps, as
illustrated in the following.

We start with the case where RM is not conducted; i.e.,
the data rate of each split is only decided by the received
SINR of the target receiver with a given SSD order. We
denote this scheme where infinite-layer RS and SSD are
applied without RM as EPRSO (as a short notation of Equal-
Power Rate Splitting without RM). We note that this scheme
is not realistic, since RM is not employed to ensure the
success of SSD. To analyze EPRSO, we propose a genie-
aided model, where the interference splits are decoded with
the help of genie transmitters. Then we study the realistic
settings by considering in RM operations. And we denote
the scheme applying infinite-layer RS and SSD with RM as
EPRSW (as a short notation of Equal-Power Rate Splitting
with RM). Obviously, EPRSO achieves the upper bound
capacity performance of EPRSW. Besides, we define the
scheme named f-EPRSW (as a short notation of finite-layer
Equal-Power Rate Splitting with RM) where finite-layer RS
and SSD with RM are assumed. In the following sections, we
first analyze the gap of the achievable sum capacity between
SD and EPRSO and then analyze the gap between EPRSO and
EPRSW by taking EPRSO as a bridge in comparing SD and
EPRSW. Finally, we compare the performance between SD
and f-EPRSW.

The performance metric used to compare SD, EPRSO,
EPRSW, and f-EPRSW is the achievable sum capacity at

the receivers [22, 24]. Note that when the sum rate of the
proposed scheme, i.e., EPRSW, is exactly the same as SD, then
through time sharing technique and regarding interference
as noise, the proposed scheme can also reach other points
in the capacity region. Therefore, it is sufficient to study the
achievable sum capacity.

3. Performance Analysis of Infinite-Layer RS

In this section, we analyze whether EPRSO and EPRSW can
approach SD bound when the splitting number approaches
infinity. To begin with, we present some preliminary Lemmas
andTheorems.

3.1. Preliminary. In this paragraph, we do not assume that𝑃1 = 𝑃2 = 𝑃, since the results derived in the following
Lemmas and Theorems still hold with arbitrary 𝑃𝑖. We first
show the existence of the limit of 𝑟Π𝑙,𝑚 ,[𝐿]𝑗,𝑖 when 𝐿 → +∞
according to Lemmas 1 and 2.

Lemma 1 (monotonicity). Given the decoding order Π𝑙,𝑚,𝑟Π𝑙,𝑚 ,[𝐿]𝑗,𝑖 increases with 𝐿 if 𝑗 = 1 and 𝑙 ̸= 𝑖, or if 𝑗 = 2 and
𝑚 ̸= 𝑖, and 𝑟Π𝑙,𝑚 ,[𝐿]𝑗,𝑖 decreases with 𝐿 if 𝑗 = 1 and 𝑙 = 𝑖, or if
𝑗 = 2 and𝑚 = 𝑖.
Proof. Without loss of generality, we takeΠ1,2 as an example,
and aim to prove that 𝑟Π1,2 ,[𝐿]1,1 increases with 𝐿 by mathe-
matical deduction method. The proof consists of two steps,
i.e., the base step and the induction step, where 𝑟Π1,2 ,[𝐿]1,1 <
𝑟Π1,2 ,[𝐿+1]1,1 , ∀𝐿.

In base step, we aim to prove that 𝑟Π1,2 ,[1]1,1 < 𝑟Π1,2 ,[2]1,1 . We
first calculate 𝑟Π1,2 ,[1]1,1 and 𝑟Π1,2 ,[2]1,1 by assuming 𝐿 = 1 and 2,
respectively. 𝑟Π1,2 ,[1]1,1 and 𝑟Π1,2 ,[2]1,1 are given, respectively, by

log( ℎ1,1𝑃1ℎ1,2𝑃2 + 𝑁0) ,

log( ℎ1,1𝑃1/2ℎ1,1𝑃1/2 + ℎ1,2𝑃2/2 + 𝑁0)

+ log( ℎ1,1𝑃1/2ℎ1,2𝑃2/2 + 𝑁0) .

(11)

Hence, 𝑟Π1,2 ,[2]1,1 − 𝑟Π1,2 ,[1]1,1 is given by

𝑟Π1,2 ,[2]1,1 − 𝑟Π1,2 ,[1]1,1 = log((1/2) ℎ1,2ℎ11𝑃1𝑃2 + ℧
(1/4) ℎ1,2ℎ11𝑃1𝑃2 + ℧) > 0, (12)

where ℧ is the same term appeared in both numerator and
denominator.Theproof of the induction step is similar, which
is omitted for brevity. Therefore, by mathematical deduction,
the statement in Lemma 1 holds.

Lemma 2 (upper bound). Given the decoding order Π𝑙,𝑚,
lim𝐿→+∞𝑟Π𝑙,𝑚 ,[𝐿]𝑗,𝑖 is upper bounded by ℎ𝑗,𝑖𝑃𝑖/𝑁0, if 𝑗 = 1 and
𝑙 ̸= 𝑖, or if 𝑗 = 2 and 𝑚 ̸= 𝑖 (or lower bounded by ℎ𝑗,𝑖𝑃𝑖/𝑁0, if𝑗 = 1 and 𝑙 = 𝑖 or 𝑗 = 2 and𝑚 = 𝑖).
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Proof. We take 𝑟Π1,2 ,[𝐿]1,1 as an example. 𝑟Π1,2 ,[𝐿]1,1 is upper
bounded by 𝑟Π1,2 ,[𝐿]1,1 , which is given by

𝑟Π1,2 ,[𝐿]1,1 = 𝐿∑
𝑘=1

log(1 + ℎ1,1𝑃1/𝐿𝑁0 )

= log(1 + ℎ1,1𝑃1/𝐿𝑁0 )𝐿 .
(13)

Let 𝐿 → +∞; then we have

𝑟Π1,2 ,[𝐿]1,1 < 𝑟Π1,2 ,[𝐿]1,1 = ℎ11𝑃1𝑁0 , (14)

where lim𝑥→+∞ log(1 + 1/𝑥)𝑥 = 1.
According to Lemmas 1 and 2 and the theorem of

supremum, there exists a limit of 𝑟Π𝑙,𝑚 ,[𝐿]𝑗,𝑖 when 𝐿 → +∞,
with decoding order Π𝑙,𝑚. Define

𝑟Π𝑙,𝑚 ,[+∞]𝑗,𝑖 = lim
𝐿→+∞

𝑟Π𝑙,𝑚 ,[𝐿]𝑗,𝑖 . (15)

where 𝑟Π𝑙,𝑚 ,[+∞]𝑗,𝑖 is given by the followingTheorem 3.

Theorem 3 (limit). When 𝐿 → +∞, 𝑟Π𝑙,𝑚 ,[𝐿]𝑗,𝑖 converges to
𝑟[+∞]𝑗,𝑖 , 𝑖, 𝑗 = 1, 2, with any choice of Π𝑙,𝑚,

𝑟[+∞]1,1 = ℎ1,1𝑃1ℎ1,1𝑃1 + ℎ1,2𝑃2 log(1 +
ℎ1,1𝑃1 + ℎ1,2𝑃2𝑁0 ) , (16)

𝑟[+∞]1,2 = ℎ1,2𝑃2ℎ1,1𝑃2 + ℎ1,2𝑃2 log(1 +
ℎ1,1𝑃1 + ℎ1,2𝑃2𝑁0 ) , (17)

𝑟[+∞]2,1 = ℎ2,1𝑃1ℎ2,1𝑃1 + ℎ2,2𝑃2 log(1 +
ℎ2,1𝑃1 + ℎ2,2𝑃2𝑁0 ) , (18)

𝑟[+∞]2,2 = ℎ2,2𝑃2ℎ2,1𝑃1 + ℎ2,2𝑃2 log(1 +
ℎ2,1𝑃1 + ℎ2,2𝑃2𝑁0 ) . (19)

Proof. We take 𝑟Π1,𝑚 ,[+∞]1,1 as an example. We note that log(1 +𝑥) → 𝑥 when 𝑥 → 0. Hence, we can remove the log terms
in (4), and the limit of 𝑟Π1,𝑚 ,[𝐿]1,1 is given by (20).We define𝑍1 =(ℎ1,1𝑃1+ℎ1,2𝑃2)/(ℎ1,1𝑃1+ℎ1,2𝑃2+𝑁), and𝑍2 = ℎ1,1𝑃1/(ℎ1,1𝑃1+ℎ1,2𝑃2 + 𝑁),

lim
𝐿→+∞

𝑟Π1,𝑚 ,[𝐿]1,1 = lim
𝐿→+∞

𝐿−1∑
𝑙=0

ℎ1,1𝑃1𝐿 (ℎ1,1𝑃1 + ℎ1,2𝑃2 + 𝑁0) − 𝑙 (ℎ1,1𝑃1 + 𝑁0 + ℎ1,2𝑃2) − ℎ1,1𝑃1

= lim
𝐿→+∞

𝐿−1∑
𝑙=0

ℎ1,1𝑃1𝐿 (ℎ1,1𝑃1 + ℎ1,2𝑃2 + 𝑁0)
1

1 − (𝑙/𝐿) ((ℎ1,1𝑃1 + ℎ1,2𝑃2) / (ℎ1,1𝑃1 + ℎ1,2𝑃2 + 𝑁0)) − (ℎ1,1𝑃1/𝐿 (ℎ1,1𝑃1 + ℎ1,2𝑃2 + 𝑁0))
(20)

Equation (20) can be rewritten as

lim
𝐿→+∞

𝑟Π1,𝑚 ,[𝐿]1,1 = lim
𝐿→+∞

𝐿−1∑
𝑙=0

𝑍2𝐿
1

1 − ((𝑙 + 1) /𝐿) 𝑍1
= 𝑍2𝑍1 lim
𝐿→+∞

𝐿−1∑
𝑙=0

𝑍1𝐿 × 1
1 − (𝑍1/𝐿) (1 + 𝑙)

= 𝑍2𝑍1 ∫
𝑍1

0

1
1 − 𝑥 − 𝑜 (𝑥)𝑑𝑥

= −𝑍2𝑍1 log (1 − 𝑥 − 𝑜 (𝑥))
𝑍1

0

= − ℎ1,1𝑃1ℎ1,1𝑃1 + ℎ1,2𝑃2 log(1 −
ℎ1,1𝑃1 + ℎ1,2𝑃2ℎ1,1𝑃1 + ℎ1,2𝑃2 + 𝑁0)

= ℎ1,1𝑃1ℎ1,1𝑃1 + ℎ1,2𝑃2 log(1 +
ℎ1,1𝑃1 + ℎ1,2𝑃2𝑁0 )

= 𝑟[+∞]1,1 .

(21)

Interestingly, we see that Π1,𝑚 does not affect the asymp-
totic behavior of 𝑟Π1,𝑚 ,[𝐿]1,1 when 𝐿 → +∞. Thus, we can omit

the notation ofΠ𝑙,𝑚.With the similar approach, we can derive
𝑟[+∞]1,2 , 𝑟[+∞]2,1 , and 𝑟[+∞]2,2 .

3.2. Analysis of EPRSO. As aforementioned, it is nontrivial
to directly find the relationship between the achievable
sum capacity between EPRSW and SD, so we firstly study
EPRSO as a bridge. As shown in Figure 3, the original IC is
decomposed into two virtual MACs with the help of genie
Tx-1 and genie Tx-2, and the twoMACs do not interfere with
each other.We note that the genie transmitters are introduced
to convert the original IC to two virtual MACs, where the
achievable rates are easier to be computed. With the given
channel conditions and decoding order Π𝑙,𝑚, the achievable
rate of the two transmitters in virtualMAC-𝑗, 𝑗 = 1, 2, is given
by 𝑟Π𝑙,𝑚 ,[𝐿]𝑗,1 and 𝑟Π𝑙,𝑚 ,[𝐿]𝑗,2 , respectively.Meanwhile, Tx-𝑖will have
two capacities, i.e., 𝑟Π𝑙,𝑚 ,[𝐿]1,𝑖 and 𝑟Π𝑙,𝑚 ,[𝐿]2,𝑖 , dedicated for virtual
MAC-1 and 2, respectively.Therefore, the total achievable rate
is derived as

𝑟[𝐿]EPRSO = min {𝑟Π𝑙,𝑚 ,[𝐿]1,1 , 𝑟Π𝑙,𝑚 ,[𝐿]2,1 }
+min {𝑟Π𝑙,𝑚 ,[𝐿]1,2 , 𝑟Π𝑙,𝑚 ,[𝐿]2,2 } ,

(22)
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Figure 3: Decomposition of IC into twoMACs, with the help of two
genie transmitters.

when 𝐿 → +∞, 𝑟[+∞]EPRSO is derived as

𝑟[+∞]EPRSO = min {𝑟[+∞]1,1 , 𝑟[+∞]2,1 } +min {𝑟[+∞]1,2 , 𝑟[+∞]2,2 } . (23)

The following theorem demonstrates the sufficient con-
ditions of the channel coefficients, where EPRSO asymptoti-
cally approaches the performance of SD.

Theorem 4 (EPRSO). EPRSO achieves the same performance
as SD if both (ℎ1,1 ≤ ℎ2,1) and (ℎ1,2 ≤ ℎ2,2) hold, or if both(ℎ1,1 ≥ ℎ2,1) and (ℎ1,2 ≥ ℎ2,2) hold.
Proof. We take the first condition as an example. When(ℎ1,1 ≤ ℎ2,1) and (ℎ1,2 ≤ ℎ2,2) hold, we have

𝑟Π𝑙,𝑚 ,[+∞]1,1 ≤ 𝑟Π𝑙,𝑚 ,[+∞]2,1 ,
𝑟Π𝑙,𝑚 ,[+∞]1,2 ≤ 𝑟Π𝑙,𝑚 ,[+∞]2,2 ,

(24)

Therefore, the achievable rate is derived as

𝑟[+∞]EPRSO = 𝑟[+∞]1,1 + 𝑟[+∞]1,2 = log(1 + ℎ1,1𝑃 + ℎ1,2𝑃𝑁0 ) , (25)

which exactly follows the expression of the SD bound in (3).

The gap between EPRSO and SD is also calculated as

𝑟SD − 𝑟[+∞]EPRSO = min {𝑟[+∞]𝑖,𝑗 , 𝑟[+∞]𝑗,𝑗  , 𝑟[+∞]𝑖,𝑖 , 𝑟[+∞]𝑗,𝑖 } , (26)

where 𝑖, 𝑗 = 1, 2.

Remark 5. When symmetric IC is assumed, i.e., ℎ1,1 = ℎ2,2
and ℎ1,2 = ℎ2,1, the gap between EPRSO and SD is derived as

𝑟SD − 𝑟[+∞]EPRSO = ℎ1,2 − ℎ1,1ℎ1,2 + ℎ1,1 log(1 +
(ℎ1,2 + ℎ1,1) 𝑃𝑁0 ) . (27)

As an example, when ℎ1,1 = 1 and ℎ1,2 = 0.9, the loss of
EPRSO is about 5% compared to SD.

Remark 6. In symmetric IC, 𝑟[+∞]EPRSO equals 𝑟SD if and only ifℎ1,1 = ℎ1,2 = ℎ2,1 = ℎ2,2.
3.3. Analysis of EPRSW. Compared with EPRSO, EPRSW
satisfies the individual rate constraint for each power split by
employing RM operation. Therefore, the sum rate constraint
in (23) is not sufficient. The achievable sum rate of IC with
infinite-layer RS, SSD, and RM; i.e., EPRSW, is denoted as
𝑟[𝐿]EPRSW

𝑟[𝐿]EPRSW = 𝐿∑
𝑘=1

(min {𝑟Π𝑙,𝑚 ,(𝑘)1,1 , 𝑟Π𝑙,𝑚 ,(𝑘)2,1 }

+min {𝑟Π𝑙,𝑚 ,(𝑘)1,2 , 𝑟Π𝑙,𝑚 ,(𝑘)2,2 }) ,
(28)

where 𝐿 is the splitting number. The following theo-
rem demonstrates the sufficient conditions where EPRSW
approaches EPRSO.

Theorem 7 (EPRSW). EPRSW achieves the same perfor-
mance of EPRSO if there exists Π𝑙,𝑚, such that, for any 𝑘1, 𝑘2,
the following two conditions are satisfied:

(1)

(𝑟Π𝑙,𝑚 ,(𝑘1)1,1 − 𝑟Π𝑙,𝑚 ,(𝑘1)2,1 ) (𝑟Π𝑙,𝑚 ,(𝑘2)1,1 − 𝑟Π𝑙,𝑚 ,(𝑘2)2,1 ) ≥ 0, (29)

(2)

(𝑟Π𝑙,𝑚 ,(𝑘1)1,2 − 𝑟Π𝑙,𝑚 ,(𝑘1)2,2 ) (𝑟Π𝑙,𝑚 ,(𝑘2)1,2 − 𝑟Π𝑙,𝑚 ,(𝑘2)2,2 ) ≥ 0, (30)

Proof. When the above conditions are satisfied, the min
operator in (28) can be taken out of∑ and then (28) is exactly
the same as (23).

Remark 8. In symmetric IC where ℎ11 ≥ ℎ12, we readily see
that 𝑟Π𝑙,𝑚 ,(𝑘1)1,1 ≥ 𝑟Π𝑙,𝑚 ,(𝑘1)2,1 and 𝑟Π𝑙,𝑚 ,(𝑘1)2,2 ≥ 𝑟Π𝑙,𝑚 ,(𝑘1)1,2 , when Π1,2
is applied. In this case, the sufficient conditions inTheorem 7
are satisfied, whichmeans that no gap exists between EPRSW
and EPRSO in symmetric IC and the gap between EPRSW
and SD also follows (27). Otherwise, in symmetric IC whereℎ11 ≤ ℎ12, the conditions in Theorem 7 also hold, if the
decoding order Π2,1 is assumed. According to the above
analysis, we are ready to say that, infinite-layer RS and SSD
can achieve the same capacity region as SD, if the sufficient
conditions in bothTheorems 4 and 7 are satisfied.

However, due to the implicit expressions of the conditions
given in Theorem 7, it is not straightforward to conclude
the channel gain settings where EPRSWs achieve the same
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performance as SD. In the following, we show that, in most
channel gain settings, the conditions of Theorems 4 and 7
cannot be satisfied simultaneously.

When 𝐿-layer RS is employed, the gap between EPRSO
and EPRSW is derived in (31),

Δ𝐿Π𝑙,𝑚 = 𝐿∑
𝑘=1

(𝑟Π𝑙,𝑚 ,(𝑘)1,1 − 𝑟Π𝑙,𝑚 ,(𝑘)2,1


⋅ I (− (𝑟Π𝑙,𝑚 ,(𝑘)1,1 − 𝑟Π𝑙,𝑚 ,(𝑘)2,1 ) (𝑟+∞1,1 − 𝑟+∞2,1 ))
+ 𝑟Π𝑙,𝑚 ,(𝑘)1,2 − 𝑟Π𝑙,𝑚 ,(𝑘)2,2


⋅ I (− (𝑟Π𝑙,𝑚 ,(𝑘)1,2 − 𝑟Π𝑙,𝑚 ,(𝑘)2,2 ) (𝑟+∞1,2 − 𝑟+∞2,2 )))

= 𝐿∑
𝑘=1

2∑
𝑐=1

𝑟Π𝑙,𝑚 ,(𝑘)1,𝑐 − 𝑟Π𝑙,𝑚 ,(𝑘)2,𝑐

 ⋅ I (− (𝑟Π𝑙,𝑚 ,(𝑘)1,𝑐

− 𝑟Π𝑙,𝑚 ,(𝑘)2,𝑐 ) (𝑟+∞1,𝑐 − 𝑟+∞2,𝑐 )) ,

(31)

where I(⋅) is an indication function, i.e., I(+) = 1 and I(−) =0. Without loss of generality, we assume ℎ1,1 > ℎ2,1, ℎ1,2 >ℎ2,2, which is the sufficient condition of EPRSO achieving the
SD bound. Furthermore, we assume that the receivers follow
the decoding order Π1,2. Since 𝑟[+∞]1,1 ≥ 𝑟[+∞]2,1 , to ensure that
EPRSW and EPRSW have the same performance, Δ𝐿Π1,2 must
be equal to 0; i.e., the following condition must hold:

𝑟Π1,2 ,(𝑘)1,1 ≥ 𝑟Π1,2 ,(𝑘)2,1 , 1 ≤ 𝑘 ≤ 𝐾, (32)

i.e.,

ℎ1,2ℎ1,1 (𝐿 − 𝑙 + 1) + 𝐿
ℎ1,1 ≥

ℎ2,2ℎ2,1 (𝐿 − 𝑙) + 𝐿
ℎ2,1 ,

1 ≤ 𝑘 ≤ 𝐾.
(33)

When 𝑘 = 𝐿 − 1, (33) is simplified to

2ℎ1,2ℎ1,1 +
𝐿
ℎ1,1 ≥

ℎ2,2ℎ2,1 +
𝐿
ℎ2,1 . (34)

For 𝐿 → +∞, the terms ℎ1,2/ℎ1,1 and ℎ2,2/ℎ2,1 can be
ignored, and a necessary condition of (34) is ℎ2,1 ≥ ℎ1,1, which
contradicts the assumption.

According to the above analysis, with equal-power
infinite-layer RS, the sufficient conditions inTheorems 4 and
7 are usually contradictory; i.e., when EPRSO achieves the
SD bound, the gap between EPRSO and EPRSW, i.e., Δ𝐿Π𝑙,𝑚
is always non-zero. Hence, EPRSW performs slightly worse
than SD in general, even if the split number approaches infi-
nite. Besides, in symmetric IC, the achievable sum capacities
of EPRSO/EPRSWare no larger than that of SD.Nevertheless,
we find that the performance gap between EPRSO/EPRSW
and SD is usually pretty small, as further illustrated in
Section 5, which makes its finite-layer variant a good tradeoff
between complexity and performance.

4. Performance Analysis of Finite-Layer RS

In the previous section, we have analyzed the asymptotic
achievable rate of multi-layer RS and SSD in IC, by making
an unrealistic assumption where each transmitter employs
infinite-layer RS. In this section, we consider the achievable
rate where only finite-layer RS is allowed.

4.1. Achievable Sum Capacity with Finite-Layer RS. To ana-
lyze the achievable sum capacity with finite-layer RS, we first
define the discrete sequence

𝑟
Π𝑙,𝑚
𝑖 = [𝑟Π𝑙,𝑚𝑖 [1] , ⋅ ⋅ ⋅ , 𝑟Π𝑙,𝑚𝑖 [𝐿] , ⋅ ⋅ ⋅] , 𝐿 ∈ Z

+, (35)

where its 𝐿th element is given by

𝑟Π𝑙,𝑚𝑖 [𝐿] = min {𝑟Π𝑙,𝑚 ,[𝐿]1,𝑖 , 𝑟Π𝑙,𝑚 ,[𝐿]2,𝑖 } . (36)

Then we define the discrete sequence

𝑟
Π𝑙,𝑚
sum = [𝑟Π𝑙,𝑚sum [1] , ⋅ ⋅ ⋅ , 𝑟Π𝑙,𝑚sum [𝐿] , ⋅ ⋅ ⋅] , (37)

where 𝑟Π𝑙,𝑚sum [𝐿] represents the achievable sum capacity with 𝐿-
layer equal-power RS and is given by

𝑟Π𝑙,𝑚sum [𝐿] = 𝑟Π𝑙,𝑚1 [𝐿] + 𝑟Π𝑙,𝑚2 [𝐿] . (38)

We note that 𝑟Π𝑙,𝑚sum [𝐿] describe the relationship between
the achievable sum capacity and the layer number of RS.
For illustration purpose, we, respectively, interpolate 𝑟Π𝑙,𝑚1 [𝐿]
and 𝑟Π𝑙,𝑚2 [𝐿] into two continuous functions, namely, 𝑟Π𝑙,𝑚1 (�̂�)
and 𝑟Π𝑙,𝑚2 (�̂�), �̂� ∈ R+. And we define 𝑟Π𝑙,𝑚sum (�̂�) = 𝑟Π𝑙,𝑚1 (�̂�) +
𝑟Π𝑙,𝑚2 (�̂�). 𝑟Π𝑙,𝑚sum (�̂�) can be either monotonically increasing,
monotonically decreasing, or convex with an extreme point.

According to Lemma 1, 𝑟Π𝑙,𝑚 ,[𝐿]1,𝑖 increases/decreases with𝐿 if 𝑖 = 𝑙/𝑖 ̸= 𝑙. Thus, by varying decoding order (note that we
have four decoding orders), a total number of four cases exist
with respect to the monotonicity of 𝑟Π𝑙,𝑚 ,[𝐿]1,𝑖 and 𝑟Π𝑙,𝑚 ,[𝐿]2,𝑖 ; i.e.,
the two variables both increase and both decrease, the former
increases and the latter decreases, or the former decreases
and the latter increases, with respect to 𝐿. We illustrate
this in Figure 4. The first two cases in Figure 4 may have
two subvariants, according to whether 𝑟Π𝑙,𝑚 ,[𝐿]1,𝑖 and 𝑟Π𝑙,𝑚 ,[𝐿]2,𝑖

intersect. For cases 1-3, 𝑟Π𝑙,𝑚𝑖 (�̂�) is monotone. However, for
case 4, there exists an extreme point, denoted as 𝐿∗.

As an example, we assumeΠ1,2 is applied and the possible
shapes of 𝑟Π1,2sum(�̂�) are illustrated in Figure 5. FromFigure 5, we
observe that 𝑟Π𝑙,𝑚sum (�̂�) increases with 𝐿when 𝐿 ≤ 𝐿∗1. However,
when 𝐿 > 𝐿∗1, increasing the number of splitting layers does
not always lead to capacity gain (as shown in the right part
of Figure 5). According to the above qualitative analysis, we
conclude that infinite-layer RS is not always better than finite-
layer RS.

4.2. Analysis of EPRSW with Finite-Layer RS. Recall that, in
last section, we concluded that the achievable sum capacity of
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Figure 4: Illustrations of the increasing/decreasing property of 𝑟Π𝑙,𝑚 ,[𝐿]1,𝑖 and 𝑟Π𝑙,𝑚 ,[𝐿]2,𝑖 with various decoding orders. For example, if 𝑖 = 1, the
decoding orders of the four cases are Π1,1, Π2,2, Π1,2, and Π2,1, respectively.

EPRSW is usually smaller than that of SD. However, we show
in the following that EPRSWwith finite-layer RS can actually
outperform SD in certain channel conditions.

Consider EPRSW with 𝐿-layer RS, as shown in Figure 2.
Since the decoding order is set as Π1,2, the last split of Tx-
2, i.e., 𝑥2,𝐿, does not need to be decoded by Rx-1. Similarly,
the last split of Tx-1, i.e., 𝑥1,𝐿, does not need to be decoded
by Rx-2. Therefore, there is no need to conduct RM on
the transmission rates of these two splits as defined in (10);

i.e., the transmission rates are directly given by 𝑟Π𝑙,𝑚 ,(𝑘)𝑖 =
𝑟Π𝑙,𝑚 ,(𝑘)𝑖,𝑖 , 𝑖 = 1, 2, which is strictly larger than 𝑟Π𝑙,𝑚 ,(𝑘)𝑖 . We note
that when 𝐿 → +∞, the gap between 𝑟Π𝑙,𝑚 ,(𝑘)𝑖 and 𝑟Π𝑙,𝑚 ,(𝑘)𝑖
approaches zero, due to the infinitely-small SNR. However,
this gap cannot be ignored with finite value of 𝐿.

Observing this fact, the achievable sum capacity of
EPRSW with finite-layer (in short f-EPRSW), i.e., 𝑟Π𝑙,𝑚 ,[𝐿]f-EPRSW,
is given i

𝑟Π𝑙,𝑚 ,[𝐿]f-EPRSW =

{{{{{{{{{{{{{{{{{{{{{{{{{{{{{{{

𝐿−1∑
𝑘=1

(min {𝑟Π𝑙,𝑚 ,(𝑙)1,2 , 𝑟Π𝑙,𝑚 ,(𝑙)2,2 } +min {𝑟Π𝑙,𝑚 ,(𝑙)1,1 , 𝑟Π𝑙,𝑚 ,(𝑙)2,1 }) + 𝑟Π𝑙,𝑚 ,(𝐿)2,2 +min {𝑟Π𝑙,𝑚 ,(𝐿)1,1 , 𝑟Π𝑙,𝑚 ,(𝐿)2,1 } , 𝑙 = 1, 𝑚 = 1
𝐿−1∑
𝑘=1

(min {𝑟Π𝑙,𝑚 ,(𝑙)1,2 , 𝑟Π𝑙,𝑚 ,(𝑙)2,2 } +min {𝑟Π𝑙,𝑚 ,(𝑙)1,1 , 𝑟Π𝑙,𝑚 ,(𝑙)2,1 }) + 𝑟Π𝑙,𝑚 ,(𝐿)2,2 + 𝑟Π𝑙,𝑚 ,(𝐿)1,1 , 𝑙 = 1, 𝑚 = 2
𝐿∑
𝑘=1

(min {𝑟Π𝑙,𝑚 ,(𝑙)1,2 , 𝑟Π𝑙,𝑚 ,(𝑙)2,2 } +min {𝑟Π𝑙,𝑚 ,(𝑙)1,1 , 𝑟Π𝑙,𝑚 ,(𝑙)2,1 }) , 𝑙 = 2, 𝑚 = 1
𝐿−1∑
𝑘=1

(min {𝑟Π𝑙,𝑚 ,(𝑙)1,2 , 𝑟Π𝑙,𝑚 ,(𝑙)2,2 } +min {𝑟Π𝑙,𝑚 ,(𝑙)1,1 , 𝑟Π𝑙,𝑚 ,(𝑙)2,1 }) + 𝑟Π𝑙,𝑚 ,(𝐿)1,1 +min {𝑟Π𝑙,𝑚 ,(𝐿)1,2 , 𝑟Π𝑙,𝑚 ,(𝐿)2,2 } , 𝑙 = 2, 𝑚 = 2.

(39)

The expression of 𝑟Π𝑙,𝑚 ,[𝐿]f-EPRSW, for arbitrary 𝑙, 𝑚 ∈ {1, 2}, can be
further synthesized as

𝑟Π𝑙,𝑚 ,[𝐿]f-EPRSW = 𝐿−1∑
𝑘=1

(min {𝑟Π𝑙,𝑚 ,(𝑙)1,2 , 𝑟Π𝑙,𝑚 ,(𝑙)2,2 }

+min {𝑟Π𝑙,𝑚 ,(𝑙)1,1 , 𝑟Π𝑙,𝑚 ,(𝑙)2,1 }) + (𝑟Π𝑙,𝑚 ,(𝑙)2,2 )2−𝑙

⋅ (min {𝑟Π𝑙,𝑚 ,(𝑙)1,2 , 𝑟Π𝑙,𝑚 ,(𝑙)2,2 })𝑙−1 + (𝑟Π𝑙,𝑚 ,(𝑙)1,1 )𝑚−1

⋅ (min {𝑟Π𝑙,𝑚 ,(𝑙)1,1 , 𝑟Π𝑙,𝑚 ,(𝑙)2,1 })2−𝑚 .

(40)

In the following, the sufficient channel conditions where
f-EPRSW outperforms SD are given inTheorem 9.

Theorem 9 (f-EPRSW). The proposed f-EPRSW outperforms
EPRSO when the conditions (1)-(3) and one of the conditions
(4)-(5) are satisfied:

(1) Π𝑙,𝑚 ̸= Π2,1;
(2) The channel coefficients can satisfy the conditions in

Theorem 4;
(3) The channel coefficients can satisfy the conditions in

Theorem 7;
(4)

1
(𝑃 + 𝐿/ℎ1,2) (𝑃 + 𝐿/ℎ1,1)

> ℎ1,2ℎ1,1 + ℎ1,2 log (1 + (ℎ1,1 + ℎ1,2) 𝑃)
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Figure 5: Illustrations of 𝑟Π𝑙,𝑚sum (�̂�). Case-1 and Case-2 show two
examples where increasing 𝐿 does not increase the achievable sum
capacity.

− 𝐿∑
𝑘=1

log(1 + ℎ1,1𝑃(ℎ1,1 + ℎ1,2) (𝐿 − 𝑘) 𝑃 + 𝐿)
(41)

(5)

1
(𝑃 + 𝐿/ℎ2,2) (𝑃 + 𝐿/ℎ2,1)

> ℎ2,2ℎ2,2 + ℎ2,1 log (1 + (ℎ2,2 + ℎ2,1) 𝑃)

− 𝐿∑
𝑘=1

log(1 + ℎ2,2𝑃(ℎ2,2 + ℎ2,1) (𝐿 − 𝑘) 𝑃 + 𝐿)

(42)

Proof. Without loss of generality, we assume conditions (1)-
(4) are satisfied. According to (1) and (2), ∀𝜖, ∃𝐿∗, when
𝐿 > 𝐿∗, |𝑟[𝐿]EPRSW − 𝑟SD| < 𝜖. Furthermore, according to (4),
we readily see that

𝑟[𝐿∗]EPRSW + (𝑟Π𝑙,𝑚 ,(𝑙)2,2 )2−𝑙 (min {𝑟Π𝑙,𝑚 ,(𝑙)1,2 , 𝑟Π𝑙,𝑚 ,(𝑙)2,2 })𝑙−1

−min {𝑟Π𝑙,𝑚 ,(𝑘)1,2 , 𝑟Π𝑙,𝑚 ,(𝑘)2,2 } > 𝑟SD,
(43)

which indicates that f-EPRSW achieves better capacities than
SD.

The reason why f-EPRSW outperforms SD is because
RS and SSD can transform the underlying physical channel
conditions by recovering and cancelling some signal splits.
Furthermore, some splits of the transmitters may not be
decoded by the unexpected receivers f-EPRSW, which relaxes
the RM requirements and thus enables higher data rates on
these splits. As an instance, assume that multi-layer RS is

applied, with several iterations of SSD, and the achievable
sum capacity is already quite close to the SD bound. Then
if we remove the RM requirement on the last split, as is
done in f-EPRSW, the achievable rate can surpass the SD
bound. Nevertheless, it is still pretty hard to provide the exact
expression of the capacity gain, which may be an interesting
future research aspect.

5. Numerical Results

In this section, we present some numerical results to verify
the above analysis.We assume a two-transmitter two-receiver
IC model, where the transmission power of each transmitter
is 𝑃 = 10 and the noise variance is 𝑁0 = 1. First of all, we
show the relationship between the achievable rate of EPRSW
and the number of layers in RS, with some typical channel
gain settings.Then we compare the achievable sum capacities
of EPRSW and SDwith general channel gain settings. Finally,
we show some special cases where f-EPRSWoutperforms SD.

Figure 6 shows the relationship between the achievable
rate and the number of layers in RS in different decoding
orders and compares the achievable sum capacities of EPRSO,
EPRSW, and SD. The channel coefficients are set as ℎ1,1 =ℎ2,2 = 1, ℎ1,2 = ℎ2,1 = 0.9, which constitute a typical
symmetric IC with strong but not very strong interference.
Taking Figure 6(a) as an example, we can observe that
𝑟Π1,2 ,[𝐿]2,1 and 𝑟Π1,2 ,[𝐿]1,2 increase with 𝐿 and are upper bounded
by ℎ2,1(𝑃/𝐿)/𝑁0 and ℎ1,2(𝑃/𝐿)/𝑁0, respectively. Meanwhile,
𝑟Π1,2 ,[𝐿]1,1 and 𝑟Π1,2 ,[𝐿]2,2 decrease with 𝐿 and are lower bounded byℎ1,1(𝑃/𝐿)/𝑁0 and ℎ2,2(𝑃/𝐿)/𝑁0, respectively. From Figure 6,
we also see that 𝑟Π𝑙,𝑚 ,[𝐿]𝑗,𝑖 is independent of Π𝑙,𝑚 when 𝐿 →
+∞. These results exactly follow the analysis in Section 3.1.
Besides, with appropriately decided decoding orders, i.e.,Π1,2
and Π2,1, the achievable sum capacities increase with 𝐿 in
both EPRSO and EPRSW schemes. However, with Π1,1 orΠ2,2, RS does not increase the achievable sum capacity. At
some 𝐿, EPRSO can outperform EPRSW due to the absence
of RM. However, there is always a gap between EPRSW and
SD, which coincides the conclusion derived in Section 3.3.

In Figure 7, we present the achievable sum capacities of
EPRSW versus different 𝐿 (as shown by the red cycles) as
well as the SD capacity region (as shown by the black dotted
area). The black arrow indicates the direction of the growth
of 𝐿. Figure 7(a) shows that larger 𝐿 leads to better capacity.
Meanwhile, Figure 7(b) also shows that better fairness can
be achieved with larger 𝐿, if Π1,1 or Π2,2 is assumed as
the decoding orders. The orthogonal multiple access (OMA)
achievable rate region is highlighted in Figure 7, which shows
that OMA is strictly suboptimal compared with SD and
EPRSW.

Figure 8 shows the performance gap between EPRSW
and SD with extensive channel gain settings, where ℎ1,1 = 1
and ℎ1,2, ℎ2,1, and ℎ2,2 take values within [0.5, 1.5]. Each black
cycle represents a set of channel coefficients where EPRSW
can achieve the SD boundwith amaximumof X% loss, where
X=0.5, 1, 5, and 10, respectively. We can observe that when
5% loss is allowed, EPRSW performs almost as good as SD in
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Figure 6: Achievable rate vs. the number of layers in RS, with varying decoding order. The channel coefficients are set with ℎ1,1 = ℎ2,2 =1, ℎ1,2 = ℎ2,1 = 0.9.
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most channel gain settings.This reflects that the performance
gap between EPRSW and SD is rather small.

In Figure 9, we present a case where f-EPRSW can
outperform SD. The channel coefficients are set as ℎ1,1 =

ℎ1,2 = 2 and ℎ2,1 = ℎ2,2 = 1, which indicates the strong
interference situation. The achieved capacity of f-EPRSW
with SSD surpasses the boundary of SD region, with the
increase of 𝐿. When channel coefficients vary slightly from
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Figure 9: A case where f-EPRSW outperforms SD, with ℎ1,1 = 2, ℎ1,2 = 2, ℎ2,1 = 1, and ℎ2,2 = 1.

this setting, it is also observed that f-EPRSW can outperform
SD. Hence, the case in Figure 9 is not an isolated evidence.

6. Conclusion and Future Work

In this paper, we have studied a fundamental problem in the
Gaussian IC: whethermulti-layer RS and SSD can achieve the
SD capacity bound. The analysis in this paper shows that the
achievable sum capacity of the EPRSW scheme with equal-
power infinite-layer RS and SSD cannot reach, but can be
pretty close to the SD achievable bound in IC. The exact
capacity loss of EPRSW compared with SD was derived in
symmetric IC. Nevertheless, the proposed f-EPRSW scheme,
which employs equal-power finite-layer RS, SSD, and suitable
transmission rate assignment, can even outperforms SD in
certain channel gain settings. Therefore, we can conclude
that applying RS and SSD is not always weaker than SD, at
least when multiple layers and suitable assignment method
are employed. At last, we note that extending the proposed
scheme and the analysis into the multiuser case would be an
interesting future research direction.
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This paper presents a multi-time channel prediction system based on backpropagation (BP) neural network with multi-hidden
layers, which can predict channel information effectively and benefit for massive MIMO performance, power control, and artificial
noise physical layer security scheme design. Meanwhile, an early stopping strategy to avoid the overfitting of BP neural network is
introduced. By comparing the predicted normalizedmean square error (NMSE), the simulation results show that the performances
of the proposed scheme are extremely improved. Moreover, a sparse channel sample constructionmethod is proposed, which saves
system resources effectively without weakening performances.

1. Introduction

The future wireless communications (5G) put forward the
demands of high-speed transmission, quick access, high reli-
ability, and strong security communications [1]. Hence, new
technologies should be adopted to meet the high-speed and
high-efficiency transmissions and access demands of 5G [2].
Massive MIMO, non-orthogonal multiple access (NOMA),
and tight cooperation forwireless senor nodes are expected to
become key technologies for the future 5G systems. A major
limitation for massive MIMO, NOMA, and coordinated
multipoint (CoMP) systems is the channel state information
(CSI) knowledge at the transmitter, which can be obtained
partly by the channel prediction techniques. Meanwhile, the
physical layer security methods utilize channel reciprocity
and diversity to accomplish the so-called “encryption” in
the physical layer [3, 4]. Compared with the conventional
cryptographic technologies, under the same security require-
ment, the key length in physical layer security is greatly
reduced, and even not required, which is especially suitable
for the quick access system. Unfortunately, physical layer
security transmission is only dependent on physical CSI. For
wireless fading channels, the change of channel information
is not conducive to the implementation of the physical
MIMO, cooperation, and the security. As shown in Figure 1,

the channel information is constantly changing due to the
change of the location of the legal receiver, which makes
the base station unable to perform robust precoding or
beamforming etc. Therefore, the channel prediction is a key
point for such problems.

There are considerable research results on the channel
parameter prediction. The literatures [5–8] employ the opti-
mal linear algorithm and autoregressive tracing algorithm
to predict the flat fading channel, in which channel impulse
response prediction is performed by linearly combining the
current CSI with the past one. In [5], performance analysis
is carried out for long range prediction (LRP) under the
actual channel model and the stationary random phase
model. Complex-valued neural networks are discussed by T.
Ding and A. Hirose to predict time-varying channels and
applying themon the hardware [9].The error rates, compared
to the traditional methods, have made improvements. The
article [10] utilizes the echo state network to predict channel
and proposes a fixed weight method, to reduce computing
complexity. Literature [11] proposed a novel support vector
machine method to predict a more sophisticated environ-
ment. The MUSIC algorithm for channel prediction is inves-
tigated in [12]. However, the above-mentioned algorithms
either have the lack of high estimation error rate or suffer
from high complexity. The major flaws of these methods are
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that all of them only predict the parameters for the next
moment without providing the prediction of CSI after the
multiple moments.

In this paper, the multi-time channel prediction system
is proposed by taking advantage of the BP neural network
with the single hidden layer. Hinton puts forward the concept
of deep learning in the year of 2006, which is actually the
multi-hidden-layer multi-sensor neural network, including
BP neural network and convolutional network [13]. Deep
learning is often used in computer vision, pattern recog-
nition, and image classification [13–15]. In this paper, we
employ deep learning for wireless channel prediction, while
the early stopping strategy is adopted to avoid overfitting [16].
In addition, two-sample construction schemes, namely, the
sparse sample construction scheme (SSCS) and normal sam-
ples construction scheme (NSCS), are proposed, which can
reduce the computational cost and guarantee the prediction
accuracy.

We adopt LTE standard frame structure, and the length of
the frame is set to 10ms. Specifically, each frame is stratified
into 10 subframes, and each subframe consists of two time
slots. We assume that each time slot uses 1/3 overhead comb-
type pilots. The single-time channel prediction system can
save 1/10 pilot resources, and it can save 1/60 system resources.
The multi-time algorithm we proposed can save 1/2 or 2/3
pilot resources, which can save 1/6 or 2/9 system resources. So
the algorithm we proposed in this paper is very meaningful
and useful.

This article is structured as follows. Section 2 introduced
the Rayleigh fading channel model and BP neural network,
which will be the basis of our novel mothed. The multi-
time channel prediction system that can predict the channel
information at multiple moments is presented in Section 3.
Section 4 includes the simulation results and analyses. Con-
clusions are given in Section 5.

2. Preliminary

The symbols used in this article will be briefly described.
Uppercase bold letters are used for the matrix and lowercase
bold letters for vectors. The elements are represented by the

letters with subscripts and not bold. The 𝑛𝑡ℎ vector and the
𝑛𝑡ℎ samples are presented by the superscripts with round
brackets.

2.1. Rayleigh Fading Channel Model. The propagation in any
wireless channel is either a line-of-sight (LOS) propagation
or a non-line-of-sight (NLOS) propagation. The probability
density function (PDF) of a received signal in LOS environ-
ment obeys the Rician distribution, while the PDF of the
received signal in the NLOS environment obeys the Rayleigh
distribution. We can form a Rayleigh channel by scattering
components without a direct path, which can be expressed as
follows [17–19]:

ℎ (𝑡) =
𝑁

∑
𝑛=1

𝑎𝑛e
𝑗(2𝜋𝑓𝑛𝑡+𝜑𝑛) (1)

where𝑁 is the number of multipaths and 𝑎𝑛 is the amplitude
of the 𝑛𝑡ℎ path. 𝑓𝑛, 𝜑𝑛 represent the Doppler frequency shift
and the phase of the 𝑛𝑡ℎ path, respectively. The Doppler fre-
quency shift is expressed as𝑓𝑛 = (V/𝑐)𝑓𝑐 cos 𝜃𝑛, where V is the
moving speed of the user. 𝑐 is the speed of light, 𝑓𝑐 is the car-
rier frequency, and 𝜃𝑛 is the angle between the user’s moving
direction and the incident radio wave angle.

The sharp Rayleigh fading channels conforming to a
given Doppler spectrum are generated by complex sine wave
synthesis, just like the Jakes’ channel model [20]. The final
channel information of the Jakes model is complex-valued,
which is given by the following:

ℎ (𝑡) = ℎ𝐼 (𝑡) + 𝑗ℎ𝑄 (𝑡) (2)

In this paper, the deep learning samples are sampled at
different transmission time slots, and the associated complex-
valued CSIs of h (t) can be divided into real and imaginary
parts. Accordingly, we predict the real value and the imagi-
nary value of channel state information separately.The related
processing procedure is given by the following:

ℎ (𝑘𝑇𝑠) = ℎ𝐼 (𝑘𝑇𝑠) + 𝑗ℎ𝑄 (𝑘𝑇𝑠) (3)

Then, we construct the deep learning samples by captur-
ing channel information ℎ𝐼(𝑘𝑇𝑠), ℎ𝑄(𝑘𝑇𝑠). Finally, BP neural
network is adopted to predict the channel information at a
later time based on learning from the channel information of
the past time slots.

2.2. Back Propagation (BP) Neural Network. Hornik proved
that the multi-layer feed forward network containing enough
neurons in the hidden layer can approach a continuous
function of arbitrary complexity and precision [21]. The deep
learning technology has been extensively used in computer
vision, pattern recognition, and image classification [13–15].
In this paper, the deep learning is exploited to match the
fading channel changing trajectory and to achieve channel
prediction. Backpropagation (BP) algorithmmulti-layer feed
forward neural network prediction model is used to predict
the fading channel. Figure 2 illustrates a typical multi-input
neural network, which includes an input layer, a hidden layer,
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Figure 2: Single hidden layer BP neural network.

and an output layer. In the field of machine learning, the
neural network as shown in Figure 2 is generally called two-
layer neural network (the input layer does not count), or
a single hidden layer neural network. We will adopt this
statement in this paper.

Given the training sample set,

𝐷 = {(x(1), y(1)) , (x(2), y(2)) , . . . , (x(m), y(m))} ,

x(𝑘) ∈ R
𝑑, y(k) ∈ R

𝑝
(4)

where x(𝑘), y(𝑘) denote the 𝑘𝑡ℎ input sample and the 𝑘𝑡ℎ output
sample, respectively. 𝑑 and 𝑝 ar the dimension of the input
sample and output sample, respectively. As discussed above,
we use the lowercase bold letters with parentheses super-
script, for example, (x(𝑘), y(𝑘)) represents the 𝑘𝑡ℎ input-output
sample.

Then we get the input sample matrix,

X = [x(1), x(2), . . . , x(m)] , X ∈ R
𝑑×𝑚, (5)

and the output sample matrix,

Y = [y(1), y(2), . . . , y(m)] , Y ∈ R
𝑝×𝑚 (6)

The input value of any node in neural network is the previous
neuron multiplied by the weight plus the threshold and
then activated by the activation function. Without loss of
generality, taking the k-th hidden neuron as an example, 𝑏𝑘 =
𝑔1(∑

𝑑
𝑖=1 𝑥𝑖𝑊𝑖𝑘 + 𝜉𝑘) [13]. This paper will use the vectorization

description to the neural network transmission formula.
The neural network forward propagation vectorization is
expressed as follows:

Z1 = W𝑇X + Ξ

B = 𝑔1 (Z1)

Z2 = V𝑇B +Θ

Ŷ = 𝑔2 (Z2)

𝐿 (ŷ, y) = 1
2

𝑝

∑
𝑗=1

(𝑦𝑗 − 𝑦𝑗)
2

𝐽 (Ŷ, Y) = 1
𝑚

𝑚

∑
𝑖=1

𝐿 (ŷ(i), y(i))

(7)

where W ∈ R𝑑×𝑞 is the weight matrix connected the input
layer and the hidden layer, and V ∈ R𝑞×𝑝 is the weight
matrix connected the hidden layer and the output layer.
Ξ = [𝜉, 𝜉, ⋅ ⋅ ⋅, 𝜉]⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟

𝑚

is the hidden layer threshold matrix which

consists of the hidden layer threshold vector 𝜉 and Θ =
[𝜃, 𝜃, ⋅ ⋅ ⋅, 𝜃]⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟

𝑚

is the output layer threshold matrix which con-

sists of the output layer threshold vector 𝜃. Z1 is the hidden
layer input matrix and B is the hidden layer output matrix.
Z2 is the input matrix for the output layer. Ŷ is the output
vector of the output layer which is also the final output of the
neural network. 𝑔1, 𝑔2 are the hidden layer and output layer
activation functions, respectively. Note that 𝑔1 is always the
sigmoid activation function and 𝑔2 is the purelin activation
function. The functions operating on vector or matrix mean
act on each element separately (e.g., 𝑓(x) = (𝑓(1), 𝑓(2)), x =
(1 2)). Additionally, its dimension is the same as the original
vector or matrix. 𝐿(ŷ, y) is the loss function. We adopt the
mean square error (MSE) of the output as the loss function.
𝐽(Ŷ, Y) is the cost function, and it is equal to the average of the
loss function with 𝑚 samples. The neural network iteratively
updates the network weight matrix and the threshold vector
by minimizing the cost function 𝐽(Ŷ, Y).

We get ŷ by forward propagation and then update the
weight matrix W, V and threshold vector 𝜉, 𝜃 by backprop-
agation with the gradient descent method. For convenience,
the partial derivative of the cost function 𝐽(Ŷ, Y) to output
Ŷ is denoted by 𝑑Ŷ, which is 𝑑Ŷ = 𝜕𝐽(Ŷ, Y)/𝜕Ŷ. The vec-
torization representation of neural network backpropagation
iteration formulas is given by the following:

𝑑Z2 =
𝜕𝐽 (Ŷ, Y)

𝜕Ŷ
∗ 𝑔2

 (Z2)

𝑑V = 1
𝑚
B (𝑑Z2)

𝑇

𝑑𝜃 = 1
𝑚

𝑑Z2 ⋅ e1

(8)

𝑑Z1 = V ⋅ 𝑑Z2 ∗ 𝑔1
 (Z1)

𝑑W = 1
𝑚

X (𝑑Z1)
𝑇

𝑑𝜉 = 1
𝑚

𝑑Z1 ⋅ e1

(9)

where the symbol ∗ denotes the elements in matrix (or
vector) 𝐴 and B multiplied correspondingly. (⋅)𝑇 means the
matrix transpose. 𝑔(⋅) represents the function derivation,
and vector e1 satisfies equation e1 = (1, 1, ⋅ ⋅ ⋅, 1)⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟⏟

𝑚

. The

parameter update rule is expressed as 𝜏 ← 𝜏 − Δ𝜏. For
example, the parameter W is adaptively updated in the form
of W = W − 𝜂𝑑W, where 𝜂 is the learning rate.

As we know, the regularization, dropout, and early stop-
ping strategies are employed to prevent the overfitting of the
neural network [21, 22]. This paper adopts the early stopping
strategy to avoid the risk of overfitting; we divide the input
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and output samples into training set, verification set, and test
set. The training set is used to calculate the gradient and
update the link weight and threshold. The verification set is
used to estimate the error. If the training set error decreases
with the validation set error increasing, training process will
stop and the related weights and thresholds with the smallest
validation set error will be returned.

In summary, combined with early stopping strategy, the
gradient descent method is used to continuously update
the neural network information, i.e., weight matrix W, V
and threshold vector 𝜉, 𝜃. Once the parameters update is
completed, the neural network will be ready to predict the
channel state information (CSI).

3. Rayleigh Fading Channel Prediction Method

Themulti-time channel prediction systemwith single hidden
layer effectively predict the channel information at multiple
moments, and the proposed deep learning prediction system
of the multi-layer neural network can cope with a more
sophisticated channel information prediction.

3.1. Prediction Scheme

3.1.1. Single-Time Prediction Scheme. Literature [10] proposed
the prediction scheme of channel prediction through the
echo state network (ESN). In [10], the channel information
of the first 𝑛 moments is regarded as the input samples and
the channel information at the (𝑛 + 1)𝑡ℎ moment as the
output samples. And the samples construction scheme of
prediction system in this section will follow this program. Let
the output layer’s dimension be, which is mentioned above,
equal to 1. That would be a single-time channel prediction
system. Moreover, we add the estimation error at channel
state information, which is

ℎ̃ (𝑡) = ℎ (𝑡) + 𝑛 (𝑡) (10)

where 𝑛(𝑡) is the Gaussian white noise, and its variance is 𝜎2𝑛 .
We construct the following neural network training sample
[10]:

x(𝑘) = [ℎ̃ (𝑘𝑇𝑠) , ℎ̃ ((𝑘 + 1) 𝑇𝑠) , . . . , ℎ̃ ((𝑘 + 𝑑 − 1) 𝑇𝑠)]

𝑦(k) = ℎ̃ ((𝑘 + 𝑑) 𝑇𝑠)
(11)

For the 𝑘𝑡ℎ input and output sample set (x(𝑘), 𝑦(𝑘)), the
input sample x(𝑘) represents the channel information samples
at the 𝑘𝑡ℎ time and the next (𝑑 − 1) times, and the output
sample 𝑦(𝑘) is the channel information samples at the (𝑘 +
𝑛)𝑡ℎ time. We choose 𝑛𝑇 training samples to train the neural
network. And the training set matrix is given by

X𝑛𝑇 = [x(1), x(2), ⋅ ⋅ ⋅ , x(𝑛T)]

y𝑛𝑇 = [𝑦(1), 𝑦(2), ⋅ ⋅ ⋅ , 𝑦(𝑛𝑇)]
(12)

The test set matrix consisting of the next 𝑛𝑅 samples will test
the neural network, as shown below:

X𝑛𝑅 = [x(1), x(2), ⋅ ⋅ ⋅ , x(𝑛R)]

y𝑛𝑅 = [y(1), y(2), ⋅ ⋅ ⋅ , y(𝑛R)]
(13)

The training set (X𝑛𝑇, y𝑛𝑇) is used to train the neural network,
while the test set (X𝑛𝑅, y𝑛𝑅) will be utilized to measure the
performance of neural network.

3.1.2. Multi-Time Prediction System. The existing researches
of channel prediction [5–12] are either not accurate enough
or too complicated to perform in resource-constrained sensor
networks. The echo state network (ESN) channel prediction
[10] greatly improves the system predictive performance and
reduces the system complexity properly. But it only can
predict channel information at the next moment. In this
section, amulti-time prediction system is exploited to predict
channel information at multiple time slots. It achieves a
stronger engineering performance. Furthermore, we propose
two-sample construction methods, i.e., sparse sample con-
struction scheme (SSCS) and normal samples construction
scheme (NSCS). In the following, we will discuss these two
schemes in detail.

(a) Normal Samples Construction Scheme (NSCS). The nor-
mal samples construction scheme is a continuous sample
construction method. It just adds more outputs on Y. Zhao’s
scheme. The 𝑘𝑡ℎ input and output samples are expressed as
follows:

x(𝑘) = [ℎ̃ (𝑘𝑇𝑠) , ℎ̃ ((𝑘 + 1) 𝑇𝑠) , . . . , ℎ̃ ((𝑘 + 𝑑 − 1) 𝑇𝑠)]

y(k) = [ℎ̃ ((𝑘 + 𝑑) 𝑇𝑠) , ℎ̃ ((𝑘 + 𝑑 + 1) 𝑇𝑠) , . . . ,

ℎ̃ ((𝑘 + 𝑑 + 𝑞 − 1) 𝑇𝑠)]

(14)

The NSCS takes full use of the channel information, but it
increases the amount of computation. For example, when 𝑑 =
10, 𝑞 = 10, we can construct 4990 training samples from 5000
channel information sample values.There is only one channel
data difference between two adjacent training samples.

(b) Sparse Samples Construction Scheme (SSCS). In order to
reduce the computational complexity, we propose a sparse
sample construction scheme. That is, there is no duplicate
channel state information for any two input sample informa-
tion, as follows:

x(𝑘) = [ℎ̃ (𝑘 ⋅ 𝑑𝑇𝑠) , ℎ̃ ((𝑘 ⋅ 𝑑 + 1) 𝑇𝑠) , . . . ,

ℎ̃ ((𝑘 ⋅ 𝑑 + 𝑑 − 1) 𝑇𝑠)]

y(𝑘) = [ℎ̃ (((𝑘 + 1) ⋅ 𝑑) 𝑇𝑠) , ℎ̃ (((𝑘 + 1) ⋅ 𝑑 + 1) 𝑇𝑠) , . . . ,

ℎ̃ (((𝑘 + 1) ⋅ 𝑑 + 𝑞 − 1) 𝑇𝑠)]

(15)

The SSCS only needs 500 samples to traverse 5000
channel information sample values, if 𝑑 = 10, 𝑞 = 10.
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1. The weight matrices W, k are initialized randomly from 0 to 1. The threshold vectors 𝜉, 𝜃
initialized to 0. Set the training goal 𝜀goal and learning rate 𝜂 a reasonable value, respectively;

2. Input the channel information training set (X𝑛𝑇, y𝑛𝑇).
3. while 𝐽(ŷ𝑛𝑇, y𝑛𝑇) > 𝜀goal do:
4. Calculate Z1,B, z2, ŷ𝑛𝑇, and the 𝐿(ŷ𝑛𝑇, y𝑛𝑇), 𝐽(ŷ𝑛𝑇, y𝑛𝑇) of the loss function and cost function

according to equation (7);
5. According to equation (8), the gradient of the output layer weight matrix 𝑑k and the

gradient of the threshold 𝑑𝜃 are calculated respectively;
6. The weight matrix of the hidden layer 𝑑W and the gradient of the threshold vector 𝑑𝜉 are calculated

are calculated according to (9);
7. Update the weight matrix of the hidden matrix and the output layer W, V and the threshold

vectors 𝜉, 𝜃;
8. End while
9. Input the channel information test set (X𝑛𝑅, y𝑛𝑅) and calculate the NMSE according to (16).

Algorithm 1

1. The weight matrices W, V are initialized randomly from 0 to 1. The threshold vectors 𝜉, 𝜃 are initialized to 0. Set the
training goal 𝜀𝑔𝑜𝑎𝑙 and the learning rate 𝜂 to a reasonable value, respectively. The intermediate variable 𝜔 is initialized to 1;

2. Input the channel information training set (X𝑛𝑇, Y𝑛𝑇) and verification set (X𝑛𝑉, Y𝑛𝑉) to train the neural network.
3. For 𝐽(Ŷ𝑛𝑇, Y𝑛𝑇) > 𝜀goal:
4. Calculate the hidden layer Z1,B, output layer data Z2, Ŷ and cost function 𝐽(Ŷ, Y) of training set and

verification set according to equation (7), respectively;
5. If 𝐽(Ŷ𝑛𝑉, Y𝑛𝑉) > 𝜔;
6. Quit
7. Else do:
8. 𝜔 = 𝐽(Ŷ𝑛𝑉, Y𝑛𝑉);
9. According to (8), calculate the gradient of the output layer weight matrix 𝑑V and threshold vector 𝑑𝜃, respectively;
10. According to (9), calculate the gradient of hidden layer weight matrix 𝑑W and threshold vector 𝑑𝜉, respectively;
11. Update the weight matrix of hidden layer and output layer W, V, and the threshold vector 𝜉, 𝜃;
12. End for
13. Input the channel information test set (X𝑛𝑅, Y𝑛𝑅), and calculate the NMSE according to (16)

Algorithm 2

The simulation and analysis of the two schemes will be
carried out, respectively. The prediction performance metric
is expressed by the normalized mean squared error (NMSE).
The NMSE at the 𝑞𝑡ℎ time slot is given by the following:

𝑁𝑀𝑆𝐸𝑞 =
∑𝑘∈𝑛𝑅

𝑦
(𝑘)
𝑞 − 𝑦(𝑘)𝑞


2

∑𝑘∈𝑛𝑅
𝑦(𝑘)


2

(16)

In addition, we adopt the early stopping strategy for the
multi-time channel prediction system to avoid overfitting.
More specifically, the early stopping divides the sample set
into training set (X𝑛𝑇, y𝑛𝑇), validation set (X𝑛𝑉, y𝑛𝑉), and
test set (X𝑛𝑅, y𝑛𝑅). The training set (X𝑛𝑇, y𝑛𝑇) is used to
calculate the gradient and update the link weight matrixes
W, V and threshold 𝜉, 𝜃. The verification set is only used
to estimate the cost 𝐽(Ŷ𝑛𝑉, Y𝑛𝑉). If the training set error
decreases and the validation set error increases, the training
will stop and the connection weights W𝑒𝑝𝑜𝑐ℎ, V𝑒𝑝𝑜𝑐ℎ and
thresholds 𝜉𝑒𝑝𝑜𝑐ℎ, 𝜃𝑒𝑝𝑜𝑐ℎ will return. The specific algorithm is
shown in Algorithm 1 and Algorithm 2.
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Figure 3: Three-layer multi-time prediction system.

3.1.3. Multi-Input and Multi-Output Multi-Layer Neural Net-
work Channel Prediction System. Deep neural network can
effectively predict the channel information when channel
environment is complicated. More importantly, the deep
neural network has better performance than other processing
means. Meanwhile, deep neural networks achieve the same
performance with fewer neurons. As shown in Figure 3, there
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Figure 4: Simulated channel and the predicted channel amplitude, phase.

is a three-layer neural network structure with double hidden
layer, which is used to predict a more complicated channel.

The parameter update of the three-layer neural network is
almost the same as that of the two-layer neural network. Both
adopt the backpropagation algorithm, except for the former
needing to update three weight matrixes and three threshold
vectors in one epoch.

3.2. Complexity Analysis. In this section, we compare the
computational complexity of existing algorithms with deep
learningmethods.The existingmethods, such asARmethods
[6], DWT-AR-LR methods [9], the ESN method [10], and
SVM prediction methods [10], will be mentioned below. The
computing complexity of AR method is O(𝑁𝐴𝑅), where𝑁𝐴𝑅
denotes the order of AR. The complexity of ESN prediction
method is O(max(𝑀,𝑁𝑛𝑧, 𝑁)), where 𝑀 is the number of
variables, 𝑁𝑛𝑧 is the number of nonzero elements of middle
layer weight matrix, and 𝑁 is the number of variables
in the middle layer. DWT-AR-LR method’s complexity is
O(max(𝑁𝐷𝑊𝑇, 𝑁𝐴𝑅, 𝑁𝐿𝑅)) where 𝑁𝐷𝑊𝑇, 𝑁𝐴𝑅, and 𝑁𝐿𝑅 rep-
resent the number of samples and the order of AR and LR,
respectively.

Note that the propagation weight matrix W, V and
threshold vector 𝜉, 𝜃 of the neural network prediction
algorithm proposed in this paper are calculated offline.
In addition, its overhead is very small. The computational
complexity of the mathematical operations of W𝑇x(𝑘), V𝑇b
and g2(V

𝑇b + 𝜃) in the neural network are O(𝑑 × 𝑞), O(𝑞 ×
𝑝) and O(𝑝), respectively. Accordingly, the computational
complexity of the neural network channel prediction system
is O(max(𝑑 × 𝑞, 𝑞 × 𝑝)), where 𝑑, 𝑞, 𝑝 are the number of
neurons in input layer, hidden layer, and output layer, respec-
tively. In this paper, the number of neurons is very small

(e.g., d=10, q=10, p=10), especially in the multi-layer neural
network. And there comes the low complexity.

4. Simulations

4.1. Single-Time Channel Prediction. Firstly, we use the Jakes
model to simulate three channel predicted systems [20]. The
channel power is fixed to 𝐸20 = 1. In simulation, we set 34
(𝑁 = 34) scattering components, 500 (𝑁𝑠 = 500) channel
information samples, and the sampling interval to be𝑇𝑠 = 1×
10−4𝑠.ThemaximumDoppler frequency shift is𝑓𝑑 = 926𝐻𝑧.
Phase 𝜑 observes uniform distribution, i.e., 𝜑 ∼ 𝑈(−𝜋, 𝜋).
We obtain 400 neural network samples through 500 channel
information samples. Set the training samples 𝑛𝑇 = 200, test
samples 𝑛𝑅 = 200, learning rate 𝜂 = 0.001, and the target
error 𝜀g𝑜𝑎𝑙 = 1 × 10−4. Figure 4 depicts the amplitude and
phase of the simulated andpredicted channels under the Jakes
model.We can see that the channel predicted by the BPneural
network is almost identical to the simulated channel of Jakes
model.

NMSE is the performance measure; Figure 5 is the
comparison of different prediction methods. The x-axis is
the signal-to-noise ratios (SNR) of the channel information
ℎ(𝑡) and noise 𝑛(𝑡), while the y-axis is the NMSE. The red
line with triangle is the performance of single-time predict
system employing two-layer BP neural network. Rich neuron
information gives the BPNN long-term channel memory
capability.Thus, it can effectively perform channel prediction.
As shown in Figure 5, the NMSE of BP neural network
prediction algorithm gradually decreases with the increase of
SNR and eventually reaches zero. With a low computational
complexity, the accuracy of BPNN method is better than
other methods (i.e., SVM, ESN, and DWT-AR-LR).
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In order to verify the robustness of the algorithm, we
present various simulations under different fading Rayleigh
channels, for example, the fast fading channel Clarke/Gan’s
model [23] and the well-known 3GPP Spatial ChannelModel
(SCM) [24] for MIMO systems.

Figure 6 demonstrates the predicted normalized mean
square error (NMSE) under different Rayleigh fading chan-
nels. As we know, the autocorrelation of CSI satisfies the zero-
order Bessel function over time. Thus, a bad time domain
correlation leads to a more difficult channel prediction. For
the poor time domain correlation, the CSI of Clarke/Gan’s
model is sampled in the frequency domain and transformed
to the time domain by IFFT, leading to a poor channel
prediction performance. Owing to the strong time domain

correlation, Jakes model has the best prediction performance
under different values of SNR.

Undeniably, the BP neural network also faces the prob-
lem, as other algorithms, which is that the poorer time
domain correlation of CSI, the more difficulty to predict
future channel. In short, the BPNN algorithm performs
better than the other two algorithms, and the prediction
performance of the Jakes channel model is the best.

4.2. Multi-Time Channel Prediction System. Similarly, the
CSI is generated by the Jakes model for multi-time channel
prediction system. The major difference is that we use 5000
channel information samples, i.e., 𝑁𝑠 = 5000. Other
parameters are the same as the single-time channel prediction
system.

We research two-sample construction methods (NSCS
and SSCS) of multi-time channel prediction system. Under
the two strategies, we select 4000 samples and 400 samples,
respectively, and 75% of which are training samples, 15% of
which are verification samples, and the remaining samples are
the test samples.The dimension of input layer sample is = 10.
The number of hidden layer neurons is 𝑞 = 10. Output layer
neurons are 𝑝 = 10 and = 20, respectively.

4.2.1. Comparison of Two-Sample Construction Schemes with
10-Input and 10-Output (d=10, p=10). Formulti-time channel
prediction system, as the prediction time increases, the
corresponding error increases exponentially.We compare the
prediction of two sampling methods, i.e., NSCS and SSCS.

Figure 7 shows that prediction accuracy generally
improves as the number of epochs increases. Owing to
the early stopping strategy, it is shown that the normal
sample construction scheme stops after 224 epochs and the
sparse sample prediction scheme stops after 42 epochs. The
SSCS scheme has fewer iterations than the NSCS scheme,
which can increase the speed of operation and save system
resources.

Figure 8 is the NMSE performance of two-sample con-
struction schemes. We can see that the performance of
NSCS is better than that of SSCS at the cost of computation
complexity. On the other hand, the performance difference
between NSCS and SSCS is less than 10−4 which can be
ignored. Moreover, in order to achieve the same target of
NMSE, the latter has less epochs than the former, which is
more practical. Notice that an epoch SSCS takes less time than
NSCS. To summarize, the NSCS and SSCS we proposed both
meet the requirement in [25] of a low estimated error. The
SSCS effectively reduces the resource consumption without
degrading system performance.

4.2.2. Comparison of Two-Sample Construction Schemes with
10-Input and 20-Output (d = 10, p = 20). Figure 9 shows
that the normal samples construction scheme stops after 86
epochs. The sparse sample prediction scheme stops after 61
epochs. Figure 10 is the NMSE of two-sample construction
schemes.Themulti-time prediction, just like the 10-input and
10-output prediction system, error increases exponentially
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with the different timeslot. The performance of SSCS is
slightly worse than that of NSCS.

Nevertheless, the calculation and time costs of SSCS are
much smaller than NSCS’s.

4.2.3. The Performance of SSCS with Different Power of Noise.
Figure 11 demonstrates the predicted NMSE at different SNR
in the multi-time prediction system. With the weakening

of the time domain correlations, the prediction errors of
different time slot increase exponentially.

4.3. Multi-Hidden Multi-Moment Prediction System. Figure
12 compares the prediction performance of three-layer neural
networks and two-layer neural networks. It reveals that the
three-layer neural network outperforms the two-layer neural
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network. However, its effectiveness is not obvious since the
channel information is not very complicated.

5. Conclusions

TheBP neural network withmulti-hidden layer is introduced
into the channel prediction application. A novel multiple
moment CSI prediction scheme is proposed for improving
the performance of the massive MIMO, NOMA, CoMP, and
physical layer security schemes. The proposed prediction
scheme can perform effectively with a short pilot overhead,

which is suitable for resource-constrained communication
scenes. Meanwhile, we proposed two significant sample
construction methods, which extremely improves the pre-
diction performance and reduces the computing complexity.
Wide experiences verified the effectiveness of our proposed
scheme

Data Availability

The data used to support the findings of this study are
available from the corresponding author upon request.



10 Wireless Communications and Mobile Computing

0 2 4 6 8 10
0

0.005

0.01

0.015

0.02

0.025

0.03

0.035

0.04

0.045

Time slots

N
M

SE

Without noise
Noise power 10[dB]

Noise power 15[dB]
Noise power 20[dB]

Figure 11: The multi-time prediction with noise.

0 2 4 6 8 10
0

0.2

0.4

0.6

0.8

1

Time slots

N
M

SE

Predicted with 2 Layer BPNN
Predicted with 3 Layer BPNN

×10−3

Figure 12: Two-layer neural network and three-layer neural net-
work performance comparison.

Conflicts of Interest

The authors declare that they have no conflicts of interest.

Acknowledgments

This research was supported by NSFC (no. 61572114),
National Major R&D Program (no. 2018YFB0904905), and
Chile Conicyt Fondecyt Project no. 1181809.

References

[1] M. Agiwal, A. Roy, and N. Saxena, “Next generation 5Gwireless
networks: A comprehensive survey,” IEEE Communications
Surveys & Tutorials, vol. 18, no. 3, pp. 1617–1655, 2016.

[2] W. Cheng, X. Zhang, and H. Zhang, “Statistical-QoS Driven
Energy-Efficiency Optimization over Green 5G Mobile Wire-
less Networks,” IEEE Journal on Selected Areas in Communica-
tions, vol. 34, no. 12, pp. 3092–3107, 2016.

[3] L. Hu, H. Wen, B. Wu, J. Tang, and F. Pan, “Adaptive Secure
Transmission for Physical Layer Security in Cooperative Wire-
less Networks,” IEEE Communications Letters, vol. 21, no. 3, pp.
524–527, 2017.

[4] L. Hu, H. Wen, B. Wu et al., “Cooperative Jamming for
Physical Layer Security Enhancement in Internet of Things,”
IEEE Internet of Things Journal, vol. 5, no. 1, pp. 219–228, 2018.

[5] A. Duel-Hallen, H. Hallen, and T.-S. Yang, “Long range predic-
tion and reduced feedback for mobile radio adaptive OFDM
systems,” IEEE Transactions on Wireless Communications, vol.
5, no. 10, pp. 2723–2732, 2006.

[6] P. Sharma and K. Chandra, “Prediction of state transitions
in Rayleigh fading channels,” IEEE Transactions on Vehicular
Technology, vol. 56, no. 2, pp. 416–425, 2007.

[7] A. Arredondo, K. R. Dandekar, and G. Xu, “Vector channel
modeling and prediction for the improvement of downlink
received power,” IEEE Transactions on Communications, vol. 50,
no. 7, pp. 1121–1129, 2002.

[8] M. Sternad and D. Aronsson, “Channel estimation and predic-
tion for adaptive OFDM downlinks,” in Proceedings of the Proc.
IEEE Veh. Technol, vol. 2, pp. 1283–1287, 2003.

[9] T. Ding and A. Hirose, “Fading channel prediction based on
combination of complex-valued neural networks and chirp Z-
transform,” IEEETransactions onNeural Networks and Learning
Systems, vol. 25, no. 9, pp. 1686–1695, 2014.

[10] Y. Zhao, H. Gao, NC. Beaulieu, Z. Chen, and H. Ji, “Echo
State Network for Fast Channel Prediction in Rice of Fading
Scenarios,” IEEECommunications Letters, vol. 21, no. 3, pp. 672–
675, 2017.

[11] X. Zhao, C. Hou, and Q. Wang, “A new SVM-based modeling
method of cabin path loss prediction,” International Journal of
Antennas and Propagation, vol. 2013, Article ID 279070, 7 pages,
2013.

[12] K.-T. Kim, D.-K. Seo, and H.-T. Kim, “Efficient radar target
recognition using theMUSIC algorithm and invariant features,”
IEEE Transactions on Antennas and Propagation, vol. 50, no. 3,
pp. 325–337, 2002.

[13] Y. LeCun, Y. Bengio, and G. Hinton, “Deep learning,” Nature,
vol. 521, no. 7553, pp. 436–444, 2015.

[14] G. Arulampalam and A. Bouzerdoum, “A generalized feed-
forward neural network architecture for classification and
regression,”Neural Networks, vol. 16, no. 5-6, pp. 561–568, 2003.

[15] G. A. Carpenter,Neural NetworkModels for Pattern Recognition
and Associative Memory, vol. 2, Elsevier Science Ltd., 1989.

[16] L. Prechelt, “Automatic early stopping using cross validation:
Quantifying the criteria,”Neural Networks, vol. 11, no. 4, pp. 761–
767, 1998.

[17] N. C. Beaulieu and Y. Chen, “Maximum likelihood estimation
of local average SNR in ricean fading channels,” IEEE Commu-
nications Letters, vol. 9, no. 3, pp. 219–221, 2005.

[18] Y. Chen and N. C. Beaulieu, “Estimation of ricean K parameter
and local average SNR from noisy correlated channel samples,”
IEEE Transactions onWireless Communications, vol. 6, no. 2, pp.
640–648, 2007.

[19] G. L. Stuber, Principles Mobile Communication, Kluwer, Boston,
Massachusetts, Mass, USA, 2nd edition, 2001.



Wireless Communications and Mobile Computing 11

[20] W. C. Jakes, Microwave Mobile Communications, Wiley, New
York, NY, USA, 1974.

[21] K. Hornik, M. Stinchcombe, and H.White, “Multilayer feedfor-
ward networks are universal approximators,” Neural Networks,
vol. 2, no. 5, pp. 359–366, 1989.

[22] F. Girosi, M. Jones, and T. Poggio, “Regularization theory and
neural networks architectures,” Neural Computation, vol. 7, no.
2, pp. 219–269, 1995.

[23] R. H. Clarke, “A statistical theory of mobile-radio reception,”
Bell Labs Technical Journal, vol. 47, no. 6, pp. 957–1000, 1968.

[24] 3GPP, Spatial channel model for MIMO simulations 25.996
V6.1.0, 2003, http://www.3gpp.org/.

[25] J. Tang, H. Wen, L. Hu et al., “Associating MIMO beamforming
with security codes to achieve unconditional communication
security,” IET Communications, vol. 10, no. 12, pp. 1522–1531,
2016.

http://www.3gpp.org/


Research Article
General Multimedia Trust Authentication Framework
for 5G Networks

Ling Xing,1 Qiang Ma ,2 Honghai Wu ,1 and Ping Xie 1

1School of Information Engineering, Henan University of Science and Technology, Luoyang, China
2School of Information Engineering, Southwest University of Science and Technology, Mianyang, China

Correspondence should be addressed to Qiang Ma; maqiang my@163.com

Received 12 January 2018; Revised 24 April 2018; Accepted 16 May 2018; Published 28 June 2018

Academic Editor: Jinsong Wu

Copyright © 2018 LingXing et al.This is an open access article distributed under theCreative CommonsAttribution License, which
permits unrestricted use, distribution, and reproduction in any medium, provided the original work is properly cited.

Due to the varieties of services and the openness of network architectures, great challenges for information security of the 5G
systems are posed. Although there exist various and heterogeneous security communicationmechanisms, it is imperative to develop
a more general and more ubiquitous authentication method for data security. In this paper, we propose for the 5G networks a
novel multimedia authentication framework, which is based upon the trusted content representation (TCR). The framework is
general and suitable for various multimedia contents, e.g., text, audio, and video. The generality of the framework is achieved by
the TCR technique, which authenticates the contents’ semantics in both high and low levels. Analysis shows that the authentication
framework is able to authenticate multimedia contents effectively in terms of active and passive authenticating ways.

1. Introduction

The requirements for higher data transmission rate and
better user services experiences promote the development
of the 5G cellular networks. Compared with its precedent
wireless communication standards (i.e., 1G, 2G, 3G, and 4G
networks), the 5G system is proposed to support wider range
of connected devices types and various service applications
[1, 2]. It is estimated that the 5Gwould become the ubiquitous
information infrastructure network in the near future [3].
Along with the growth of the users and services in 5G
networks come the security problems, e.g., data privacy, data
integrity, and data authentication [4–6]. Ensuring the secure
wireless communication, together with the security of data
transferred, is mandatory for the success of the 5G networks.

Various types of multimedia content proliferate over
the wireless networks. Especially equipped with the social
media techniques, people find it is quite convenient to com-
municate on the mobile devices. Although the multimedia
contents bringmuch convenience for the information sharing
over the 5G networks, security concerns of the contents
cannot be overlooked [7–9]. Due to openness feature of
the underlying network, the received multimedia contents

should be carefully examined. For example, questions should
be raised whether the obtained video or image has been
attacked by malicious purposes, or whether the video has
been deliberately altered to screw its original meaning. Thus
the security of multimedia contents must be ensured to keep
the integrity of the contents as intact as the original.

As far as the formats of the multimedia are concerned,
methods to authenticate the contents are different in terms
of purpose, efficiency, and validity. Those methods or algo-
rithms for authenticating the multimedia contents can be
roughly classified into four groups, i.e., watermarking-based,
encryption-based, streaming-based, and robust-hashing-
based methods.

The watermarking-based authentication methods for
multimedia usually adopt the watermark embedding and
extraction approaches. For example, Md. Asikuzzaman et al.
[10] proposed an imperceptible and robust blind watermark-
ing for video, in which the watermark was embedded into the
levels of the dual-tree complexwavelet transform coefficients.
There are other multimedia watermarking methods which
emphasize the features of the watermark, e.g., the content
dependent video watermark [11] and wavelet-based multiple
watermarks [12]. Although the watermarking methods can
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provide the authentication of contents in some degree, the
embedding process itself harms the integrity of the content. In
addition, one watermarking method can only deal with some
specific attacks, which hinders these methods from being
widely adopted to cope with the various attacks existing in
the 5G networks.

The encryption-based multimedia authentication meth-
ods usually employ the encryption algorithms, e.g., RSA
algorithm and DES algorithm, to encrypt the whole or parts
of the contents. For example, Zafar Shahid et al. [13] presented
a selective encryption (i.e., the truncated rice code and the
Exp-Golomb code) approach for video of High Efficiency
Video Coding (HEVC), which shows the characteristics of
format compliant and real-time property. Similarly, Glenn
VanWallendael et al. [14] proposed the encryption for HEVC
by utilizing the differences of intraprediction mode, the sign
of motion vector difference, and the residual sign. Note that
the primary goal of the encryption-based methods is to
ensure the confidentiality.The time overhead incurred by the
encryption and decryption process is often a nonnegligible
issue for the social media devices.

The aim of the streaming-based multimedia authentica-
tion methods is to ensure that the received contents have
the integrity property, which is verified by the recipients.
Currently many research works have been focused on this
area; e.g., Kang et al. [15] studied the pollution attack
detection and prevention method by trust for peer-to-peer
streaming, Lu et al. [16] proposed a privacy protection
method based on trust for peer-to-peer data sharing network,
and Cheng et al. [17] authenticated the live streaming media
by means of TESLA- (Timed Efficient Stream Loss-tolerant
Authentication-) based protocol. One category of streaming-
based authentication methods is the graph structure type,
e.g., the chain line approach, the tree approach, and the
butterfly approach, which treats the content packets as
individual ones and exploits various packets’ hash attaching
means [18]. The other category is based on the multimedia
coding structure. For example, Kianoosh Mokhtarian et al.
[19] proposed the authentication for Scalable Video Coding
(SVC) streams, whose hash appendence follows the coding
structure of SVC.

The robust-hashing-based methods to authenticate the
multimedia have the best performance in terms of robustness
when the authentication is applied under the network cir-
cumstances. The robustness of the hashes means that hashes
remain the same or change a little after the perceptual content
preserving operations are being conducted. For example,
Lokanadham Naidu Vadlamudi et al. [20] proposed a robust
hash algorithm by using features of histogram for image
authentication. Due to the robustness and sensitivity of this
kind of method, it is much superior to the other three meth-
ods when it comes to the network packet loss phenomenon
in 5G networks. Since certain packets of multimedia contents
may be lost because of traffic jams or network failure, contents
integrity verifying process for the recipients should take into
consideration the robustness of multimedia’s representation.

Another aspect we should bear in mind is that all the
four methods are for the low level semantics authentication,
which treats only the integrity either in pixels level or

in frames level. This absolutely lacks completeness for the
authentication of multimedia contents of the 5G networks,
since high level semantics of the contents are overlooked by
the current methods. For instance, the contents’ high level
semantics including but not limited to title, name, author,
and format should also be authenticated. Therefore, in this
paperwe endeavor to tackle themultimedia authentication by
proposing combined authentication method for multimedia
contents for 5G network.We propose a generalized multime-
dia trust authentication model based on the trusted content
representation (TCR) method, where the generalized term
means that it can be applied to various multimedia content
formats. Also we provide the features needed to authenticate
the integrity of the contents.

The rest of the paper is organized as follows. We describe
the architecture of asymmetric wireless communication
channel in Section 2, where the asymmetric term means that
one channel is safe and is used for authentication information
transfer while the other one is open and used for multimedia
contents transfer. In Section 3 we illustrate the TCR indexing
technique and show the features of TCR. In Section 4
we explain the framework of the general multimedia trust
authentication for 5G networks, in which the philosophy of
asymmetric wireless channel is adopted. Then we conclude
our work in Section 5.

2. Architecture of Asymmetric Wireless
Communication Channel

2.1. Security Threats to 5G Networks. Since the 5G networks
are open and insecure, the multimedia contents, which
are transmitted over them, are prone to various attacks
by malicious purposes. From the perspectives of network
communication system, we summarize security threats to
multimedia into three groups.

(1) The Originality of the Multimedia May Lack Trust. Cur-
rently users can upload from the mobile devices the various
kinds of multimedia contents up to the video or audio
sharing websites by various means. However, the effective
and efficient mechanisms to supervise the legacy of users’
behaviors are still unavailable. While people find it quite
easy to collect, edit, and distribute the multimedia contents
by modern multimedia processing tools (e.g., Photoshop,
Illustrator), people should think twice about the originality
of the received multimedia. In other words, the user, who
publishes the multimedia and claims the author of the
multimedia,may likely not be the “true” author.Originality of
the contents should be checked in some manner. This incurs
the problem of intellectual property infringement.Therefore,
it is urgent to find a good way to verify the originality of the
multimedia.

(2) The Channel to Convey the Multimedia May Be Attacked.
The openness of the 5G network protocols poses serious
security problems to the contents being transmitted over
it. The notorious attack, “man-in-the-middle”, is the most
common threat to the contents. The attacker maliciously
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Figure 1: Asymmetric wireless communication channel architecture.

hurts the multimedia via many means, e.g., video frames’
rearrangement, dropping, inserting, and altering. The pur-
pose of the attack is to destroy the contents’ integrity, which
distorts the recipient’s understanding of the contents. Note
that there are many free packets sniffer tools on the Internet,
which makes the attacks on the transmission process of
multimedia much easier. We state that the threats to the
multimedia on its journey from the sender to the receiver
should be taken into consideration and the integrity of the
contents needs to be ensured.

(3) The Identity of the Multimedia Recipients May Lack Trust.
Recall that current authentication for the mobile recipient’s
identity is mainly based on the user-password method. This
brings security problems once the legal recipient’s platform
is attacked. For instance, an attacker may break into and
obtain the legal recipient’s password to certain multimedia
server, which results in the illegal copy or broadcasting of
the contents. Another scenario is that the multimedia sender
requires checking the identity of the receiver and the integrity
of contents received by the receiver, e.g., video conferencing.
Therefore, both the platform security and the received multi-
media integrity are necessary to be authenticated.

2.2. The Asymmetric Wireless Communication Channel. The
concept of asymmetric wireless communication channel
for 5G networks is shown in Figure 1. We use the term
asymmetric to describe the unbalanced properties of two
channels existing in the architecture. One channel is the
ordinary wireless communication channel, which is reserved
for the multimedia contents sharing. The channel is dual
and its capacity is large enough to support various kinds of
services. It is not transparent to the users and not attacks-free
due to its openness characteristics. The other channel, which
is more akin to logical broadcasting communication channel,
is introduced to transfer the authentication information used
for multimedia contents. This channel is single-way and
transparent. It does not exist in current networks and should
be created by means of broadcasting techniques. Its capacity
is much less compared to the former one. However it is closed

and safe since the information transmitted over this channel
is confidential.

The Trusted Content Authentication center (TCA center)
in Figure 1 serves as a trusted third party. It collects the
multimedia content information from the 5G network base
stations. For instance, it analyzes the history records of
users’ behaviors and extracts multimedia content informa-
tion. Then it generates the trusted content representation for
each content resource. The representations of authentication
are the safety benchmarks for the multimedia contents. We
apply the logical broadcasting channel to safeguard these
representations.The term logicalmeans that it can be realized
by virtual technologies, such as the network tunnels.

Suppose the representations are safely transferred to the
User Required Authentication center (URA center), then
the remaining task is to authentication the multimedia
contents according to users’ authentication requirements.The
terminal is thewireless devices and is responsible for commu-
nicating with the center. It can have an application installed
within its platform and initiate the authentication request
to the URA center. The center returns the authentication
information, together with the multimedia content profile, to
the terminal, which are wrapped as information aggregation.
If the center is not capable of providing relevant authentica-
tion information, it sends to the terminal a replay indicating
that the terminal asks the TCA center through the wireless
communication channel for the authentication information.
The TCA center forwards the corresponding authentication
information to the UCA center, which further sends it to the
terminal. Then the terminal checks the multimedia contents’
integrity by comparing the representation with the content
itself.

According to the proposed asymmetric channels for the
5G networks, there are two ways for the users or terminals to
obtain and authenticate the multimedia content information.
The terminal connects to the wireless base station, which
provides the access point to the Internet. The users upload or
download contents through these points. In order to ensure
the security of the terminal, the access points apply authen-
ticity test to the terminals. The TCA center forms the TCR
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index for the multimedia content. Considering the long-tail
features of the popularity distribution of the content, we only
generate the indexes for those “popular” contents, which can
satisfy almost all users’ authentication requirements [21, 22].

The other channel for the user to obtain the authen-
tication information is the logical broadcasting band. The
application on the terminals asks theURA center for contents
authentication information by specifying the contents profile.
Then the center searches its authentication information
database for the specified terms. If it finds the required
one, then it returns back to the terminal. Note that in
order to protect the security of wireless channel between
the terminal and the center, encryption methods are to be
adopted. We have researched the asymmetric channel in
our previous work and its detail is referred to [23, 24].
The database, which stores the authentication benchmarks,
receives the authentication information from the TCA center
periodically. The security of this logical channel must be
ensured in order to provide the basis of trust for terminal
authentication test.

3. Multimedia Trusted Content Representation

3.1. Trusted Content Representation Description. We first
clarify what information the recipients can obtain from the
multimedia contents for 5G networks. As for the contents
recipients, they can get two kinds of information, i.e., the high
level semantics and the low semantics.The formermeans that
the descriptions about the contents, while the latter means
the perceptual understanding of the contents.We define these
two terms in detail as follows.

(1) Multimedia High Level Semantics (HLS). This kind of
semantics is the description or explanation information about
the multimedia, which is usually generated by the content
author and ismainly used for the indexing and searching.The
semantics are in the formof plaintext and can be added before
the contents. Examples ofHLS are title, author, keywords, and
date. Note that HLS belongs to the conceptual level regarding
recipients understanding of the contents.

(2) Multimedia Low Level Semantics (LLS). The LLS
denotes the multimedia data which provides perceptual
information for the recipients. They often exist in the form
of binary data, e.g., the pixel matrix of an image and the
frame series of a video. Note that information of LLS needs
no summary of conceptual levels by contents authors or
publishers. The perceptual understandings are formed by the
contents recipients themselves.

We believe that the authentication ofmultimedia contents
should cover both HLS and LLS information. Specifically,
the HLS of contents should remain the same as the one of
original contents and the LLS should also be as intact as
the original one. The undergoing operations on the LLS,
which are without malicious purposes, should preserve the
perceptual understanding as the original one. Considering
the 5G network packets loss to the data of LLS, we propose to
authenticate the LLS robustly. We believe the robust-hashing
is more appropriate for 5G networks and choose the robust-
hashing methods to generate the LLS of contents.

Note that, as for the HLS, we suggest no robustness to
its description. One reason is that the HLS information is
quite sensitive and one bit change may completely destroy
its meaning. The other reason is that we use the HLS
to locate the multimedia contents and the HLS serves as
the authentication starting points for contents verification.
Therefore, we propose the TCRmethod, which represents the
HLS and LLS robustly. The model is described as follows.

We denote the multimedia contents space by M and the
multimedia content by m. Let the HLS of M be denoted by
S and we separate the space S into several subspaces, which
are mutually independent of each other; i.e., the space S is
the cross product of its subspaces. Each subspace represents
certain conceptual description of M. Then the HLS for m is
depicted by s, which is defined as

s = (𝑠1, 𝑠2, . . . , 𝑠𝑛) (1)

The terms of s are the instances of the subspaces of S.
Note that the number n is an integer which represents the
granularity of the HLS spaces.

Regarding the robustness representation of the LLS for
multimedia contents, we allow the perception preserving
operations on the contents on condition that these opera-
tions do not change the representation too much. However,
the degree of change is determined by the authentication
requirements relating to the network circumstances. In order
to clearly characterize the LLS feature, we here examine the
categories of operational results of contentm.

We adopt the robust-hashing authentication method for
the LLS representation. For the content m, the results of
operations being conducted on m can be thought of having
three groups, i.e.,m𝑠,m𝑐,m𝑑, which are explained as follows.

(1) The set m𝑠 denotes the multimedia contents, which
are produced by the perception preserving operations on
the content m, e.g., the scaling of image and the brightness
change on the video frame.

(2)The setm𝑐 denotes themultimedia contents, which are
produced by the content changing operations on the content
m, e.g., the frames reordering of video and the image blocks
covering.

(3) The set m𝑑 denotes the multimedia contents, which
are different from and independent of contentm. The LLS of
m𝑑 is completely and fundamentally distinguished fromm.

We apply the robust-hashing methods to all those above
sets. Let the hashing function be denoted by H(⋅). Thus we
obtain the corresponding hashes as follows.

H = H (m) (2)

H𝑠 = H (m𝑠) (3)

H𝑐 = H (m𝑐) (4)

H𝑑 = H (m𝑑) (5)

Obviously we have the relationH = H∪H𝑠 ∪H𝑐 ∪H𝑑, where
H denotes the LLS space for multimedia contents.
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Figure 2: Model of trusted content representation.

We propose the trusted content representation method
to describe the HLS and LLS for content m. Therefore the
contentm is represented by T, which is defined as

T = (S H) (6)

The TCR model is depicted in Figure 2, in which the HLS
space is composed of S and S𝑑.The S𝑑 is the HLS for contents
which is different from and independent of contentm. Note
that, as for the LLS,we allow the robustness, whichmeans that
the hash of the content being verified againstm is secure if it
falls into the setH∪H𝑠. The parameter 𝜀 decides the distance
between the original hash and the allowed maximum hash,
which also draws the line for the robustness of the LLS for
contentm.

In regard to the authentication formultimedia contentm,
we apply the TCR technique to verify the received content.
We first check the extracted HLS to see if it equals S. If no, we
conclude that the received content is not safe since the high
semantics are not secure; if yes, we further check the extracted
LLS to see whether it is within the range ofH𝑠. If yes, we state
that the content being verified is authenticated; if no, we assert
that the low level semantics are being attacked and the content
received is not secure.

3.2. Properties of Trusted Content Representation. We in this
part summarize the properties of the model when it is
employed in the 5G networks to authenticate multimedia
contents.There are five properties, i.e., collision-free, security,
robustness, sensitivity, and compactness.

(1) Collision-Free Property. The collision-free property means
that, for every two dissimilar multimedia contents, they have
different trusted content representations. Suppose that m ∈
M and m𝑑 ∈ M, and contents m and m𝑑 are different, then
we have

S ̸= S𝑑 ∧ 𝑝𝑟 (
H −H𝑑

 > 𝜏) ≈ 1 (7)

where symbol ∧ means logic operation AND and 𝑝𝑟 means
the probability. The parameter 𝜏 is determined theoretically
or empirically and it defines the robustness of the LLS for the
contents. In other words, the distance for every two different

multimedia contents is greater than the threshold 𝜏 with
probability one.

(2) Security Property. This property ensures that the trusted
content representation for multimedia contents should be
resilient against various malicious attacks and be detectable
after being attacked. It also states that the representation T
for certain content cannot be regenerated by attackers. Usu-
ally this is achieved through key controlled representation
generation. Specifically, the LLS should be hashed by keys.
The security property has two aspects; i.e., one is the one-way
hash, and the other is the unpredictability.

The one-way hash means that it is easy to generate the
hash for LLS from the contents, while it is extremely difficult
and impossible to recover the LLS of contents from the hash
value. Suppose the contents m has the representation (S H),
and from T can be inferred the contentm’, then we have

𝑝𝑟 (H (m) = H) ≈ 2−𝐿 ≈ 0 (8)

where the integer L is the length of the hash and we assume
the one and zero in the hash follow uniform distribution.

The unpredictability means that given a multimedia
content m, it is empirically impossible to infer its hash for
LLS. Since the hash for LLS generation is controlled by key,
suppose key 𝐾1 is used for the legal generating LLS hash for
m and key 𝐾2 is another key which is illegal, then we have

𝑝𝑟 (H (m | 𝐾1) == H (m | 𝐾2)) ≈ 2
−𝐿 ≈ 0 (9)

where H(m | 𝐾1) means that the hash generation is
controlled by K1. Note that K1 does not equal K2.

(3) Robustness Property. The robustness property of this
model is embodied in the LLS for the contents; i.e., some
conception preserving operations on the LLS are permitted.
Suppose we have a contentm and its similar versionm𝑠, then
we have the following relation

S == S𝑠 ∧
H −H𝑠

 ≤ 𝜀 (10)

where threshold 𝜀draws the boundary between similarity and
difference for contents comparison.
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Figure 3: Framework of multimedia trust authentication based on trusted content representation.

(4) Sensitivity Property. This one is quite important for
the contents security verification. It means that the model
can detect those attacks which result in the changes of
trusted content representation.There are two kinds of attacks
regarding the semantics of multimedia. One is attacks on the
HLS and the other is on the LLS. The latter attacks harm
recipients’ perceptual understanding on the LLS. We denote
the altered contents of m by m𝑑𝑖𝑓𝑓, which belongs to the set
m𝑐 ∩m𝑑. Then the following relation holds.

S ̸= S𝑑𝑖𝑓𝑓 ∨
H −H𝑑𝑖𝑓𝑓

 > 𝜀 (11)

where the symbol⋁ denotes OR logic operation.

(5) Compactness Property. Compactness property means that
the shorter the trusted content representation is, the better
it is. If the length of the representation is shorter, it requires
less storage and less transmission overhead for 5G networks.
However, we believe that there is a balance between the com-
pactness and correctness of the representation. For instance,
if the contents’ HLS representation S has much larger length,
then S can represent more detailed information. It means the
HLS space is divided into subspaces ofmore granularities. On
the contrary, if the length is smaller, the representation S is
much more compact. But more HLS information cannot be
included. Therefore, it needs tactics and empirics to decide
the length of the trusted content representation.Note that this
balance also applies to the LLS representation.

Although these five properties exist in the TCR model,
we claim that not all these five properties can be met at
one time. For example, if the model is more emphasized on
the security of the multimedia contents, then the security
and sensitivity properties should come first. However, if the
model is more concerned from the perspective of the trans-
mission efficiency, then the compactness property should be
weighedmore.Thus in real-life applications of 5G system, the
properties of the model should be determined accordingly.

4. General Multimedia Trust
Authentication Framework

When we apply the TCRmodel in the 5G networks, we break
this authentication into two processes, i.e., the semantics
analysis and adding by the sender, the semantics extraction
and comparison by the recipient, which is shown in Figure 3.

We denote the raw multimedia content generated by
sender by𝑀0. First we analyze the content to obtain its HLS
and LLS semantics, which are represented by symbols S and
H, respectively. The HLS is added to𝑀0 through semantics
management. The adding method can be realized by the
appendence to the content’s head or tail. The multimedia
𝑀0, together with S, is conveyed to the recipient across the
channel.The channel is an open network, i.e., the 5Gnetwork,
whose security is not ensured. On the other hand, the HLS
and LLS are synthesized into trusted content representation
T, which is securely transmitted by safe channel. The safe
channel can be achieved by PKI (Public Key Infrastructure)
technique, which encrypts the representation T through the
certificates provided by an authentication center.

The safe channel is also used to test the recipient’s identity.
Note that the safe channel serves as the logical broadcasting
channel depicted in Figure 1. Before the recipient can access
any contents from the 5G networks, its authenticity must be
ensured by the base stations. Some modern identity method,
e.g., trust computing, can be applied to check the security
profile of the terminals’ platform. Thus the base station first
initiates the identity authentication requirement when the
recipient asks for connecting to thewireless networks. It starts
the challenges and responses mechanism to perform the
credit checking. For instance, the terminal hardware stores
certain credit issued by the base station parties. The base
station sends the nonce to the terminal. Then the terminal
returns the cipher message of credit and nonce, digitally
encrypted by the station’s public key, to the station. The
base station decrypts the cipher to compare the recipient’s
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<?xml version="1.0"encoding="utf-8"?>
<HighLevelSemantics>

<title>"The Mystery of Van Gogh's Ear"</title> <!--title-->
<keywords>"Van Gogh,Ear"</keywords"> <!--keyword-->
<classification>"Documentary"</classification> <!--classification-->
<description>

"What happened on the December night in 1888 when Vincent van
Gogh took a blade to his own ear"

</description> <!--description-->
<source>"BBC"</source> <!--source-->
<language>"English"</language> <!--language-->
<coverage>"19th century"</coverage> <!--coverage-->

<identifier>
"http://www.bbc.co.uk/programmes/b07nswft"

</identifier> <!--identifier-->
<creator>"Bill Locke"</creator> <!--creator-->
<publisher>"Lion Television"</publisher> <!--publisher-->
<contributor>"Jack MacInnes"</contributor> <!--contributor-->
<rights>"copyright reserved"</rights> <!--rights-->
<date>"2016"</date> <!--date-->
<type>"VidVideo"</type> <!--type-->

</HighLevelSemantics>

Figure 4: High level semantics instance based on XML.

credit with its stored one and decides whether the recipient
is legal or not. It also compares the decrypted nonce to its
previously sent one. If they match, then it concludes that
the message is new and free of replay attack. Otherwise, it
believes the message is generated by attackers and rejects the
access requirement. We use the base station to actively verify
the authenticity of the recipients in order to prevent some
malicious users from deliberately sabotaging the security of
the 5G networks.

The recipient obtains from the channel the content
denoted by M’, whose integrity is to be verified by the
recipient. The recipient extracts from M’ the HLS and LLS
semantics and form the trusted content representation T’.
Then the recipient compares the representations T’ and T
and judges whether the content M’ is secure or not. If those
two terms are the same, the recipient can be ensured that
the content M’ is of integrity. Otherwise, it is not secure
and it may have been attacked. Note that when the recipient
compares the LLS, the robustness should be taken into
consideration.

Regarding the semantics management, we propose a
metadata basedmethod to append theHLS to themultimedia
content.Themetadata is organized inXML format. It presents
its semantics to the recipient before the content is presented
to the recipient. For example, the packets of supplemental
enhancement information within the H.264 stream can be
used to store the HLS; the label unit of “APPn” within the
JPEG file can be used for the HLS. We provided a method to
divide the HLS space into 14 subspaces based on our previous
work [25]. The instance of XML based HLS representation is
shown in Figure 4, in which fourteen concepts are used for
characterizing the high semantics.

We observe from the framework of Figure 3 that there
are both the active and passive authentication modes in our
model. The HLS information authentication is active, since

it adds or appends additional semantics information into
the multimedia contents. However, the LLS authentication is
passive, because we extract the content’s low level conceptual
description akin to the digest. The superiority of our frame-
work is that it does not harm the content itself and the trusted
content representation can be transferred separately from
the content, which can be protected by advanced encryption
algorithms.

5. Security Analysis of the Framework

Suppose that recipient obtains from the 5G networks the
multimedia content lacking trust. This could be caused by
attackers modifying the semantics of the content. We denote
the “original” content uploaded by an attacker to the networks
by TCR T’, which generates the HLS and LLS as S and H,
respectively. The real and secure content relating to the T’ is
denoted by T, which consists of HLS and LLS, respectively.
The purpose of the attacking is to distort the semantics of the
content. It can be realized from three perspectives. The first
one is that the attacker modifies the high semantics of the
content while keeping the low semantics intact. The second
case is opposite compared to the first, attacking the low
semantics of the content while keeping the high semantics
intact. The third is that attacker modifies both the high and
low semantics.

Note that in our proposed trust authentication framework
the safe channel is to transfer the authentication information.
Thus we assume this channel is free of attacks and the
destination of the channel can obtain the secure and intact
information. We analyze the security of the framework from
three aspects according to the types of attacks to multimedia
of the 5G networks.

For the first scenario, the high semantics is attacked only.
Thus we have S ̸= S and H ̸= H. The terminal obtains
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the TCR from the URA center in Figure 1 as (S H). The
H could be valid or void, because there is a chance that no
content exists under the high semantics S. If H is void, the
terminal can claim that the content it received is not trusted.
If H is valid, then it should have H ̸= H according to
the collision-free property. Thus terminal also can find the
attacks. Therefore, the authentication is successful under this
kind of attack scenario.

For the second type attack, only the low semantics is
altered. Thus it holds that S = S and H ̸= H. This can be
easily be detected since the terminal can obtain the TCR for
the received content as (S H). According to the robustness
and sensitivity properties, the terminal can be alarmed that
H ̸= H. Note that the aim of this attack is to distort the
low semantics and thus the difference between H and H
is large enough to be detected. Otherwise, the H falls into
the robustness property of H and the low semantics of the
attacked version could be almost the same as the original one.
This attack scenario can also be successfully detected.

For the third kind of attack, both the high and low
semantics are changed. We have S ̸= S andH ̸= H. It means
that the attacked multimedia content is completely different
from the original one. By comparing the HLS of the content,
the URA center could return TCR (S H) to the terminal
if by chance the attacked content is the same as other legal
contents. But this chance could be almost impossible since
we suppose the attack is to distort the semantics and not to
change the content into another legal one. Similar to the first
attack scenario,H could be void.Thus the terminal can know
that the content lacks trust.

The above analysis shows that the general multimedia
trust authentication framework can detect the attacks which
have already happened. It authenticates the contents in a
passive way. However, it can also authentication the content
actively, which means that it can prevent the attacks from
happening. Note that the base station first verifies the credit
of the terminal before it can access the resources of the 5G
networks. If certain attacker pretends legal user and asks for
permission to the network, it lacks the credit and will fail
to be part of the wireless network. However, we state that
our framework cannot stop the legal terminal from harming
the 5G network security. For instance, the legal user could
download the legal content, deliberately alter the content, and
reupload the content. However, we believe the legal user or
terminal could behave securely and legally and this scenario
is beyond our analysis for the authentication framework.

6. Conclusion

The secure and sustainable architecture of the 5G networks
is vital for the networks health developments. We propose a
general multimedia content trust authentication framework
to verify the various categories ofmultimedia.The framework
is novel in that it adopts two channels to transmit the
information; i.e., one is for the usual multimedia and the
other is for the authentication information. The former one
is open and prone to attacks while the latter is closed and
free of attacks. The framework adopts the trusted content

representation technique, which authenticates the contents in
both high and low level semantics. The high level semantics
are conceptual terms generated to locate the contents from
humans’ understanding. The low level semantics are robust
and perceptual terms to measure the integrity of perception.
We analyze the security of the framework and show that it can
authenticate the multimedia contents actively and passively.
In our future work, we will look at the implementation of the
general multimedia contents trust authentication by simulat-
ing upon 5G systems. Attention should also be focused on the
attacks and security experiments on the proposed model.
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To foster the rollout of 5G in unserved areas, 3GPP has kicked off a study item on new radio to support nonterrestrial networks
(NTNs). Due to ultra-wideband of laser, laser communication is very promising for the feeder links of NTNs; however, imprecise
temporal synchronization hinders its deployment, which results from a combination of propagation delay, velocity, acceleration,
and jerk of NTN platform. The prior synchronization algorithms are inapplicable to the temporal synchronization in laser
communications due to the extremely high data rate and Doppler shift. This paper is devoted to addressing the temporal
synchronization problem in laser communications. In particular, we first observe the sparsity of laser signal in time-frequency
domain. On top of this observation, we propose a new sparsity-aware algorithm for temporal synchronization without carrier aid
through sparse discrete polynomial-phase transform and sparse discrete fractional Fourier transform. Subsequently, we implement
the proposed algorithm via designing a hardware prototype. To further evaluate its performance, we conduct extensive simulations,
and the results demonstrate the effectiveness of the proposed algorithm in terms of good accuracy, low power consumption, and
low computational complexity, suggesting its attractiveness for the feeder links of 5G NTNs.

1. Introduction

With the exponential growth of wireless traffic volume, new
radio (NR) becomes the foundation of 5G to provide univer-
sal coverage [1, 2]. To foster the rollout of 5G in unserved
areas, nonterrestrial networks (NTNs) have been kicked off
by 3GPP [3–5]. In this context, the major challenge is that
the feeder links between the gateway and the NTN platforms
must be broadband; i.e., the data rate should be on the order
of gigabits per second (Gbps) [6–8]. Fortunately, laser is
innately of the ultra-wideband, and the laser communication
is thus very promising for the feeder links in satisfying the
data rate requirement, while it is difficult for laser communi-
cations to achieve precise temporal synchronization because
of the high data rate, e.g., the order of Gbps, and the high
Doppler resulting from the movement of NTN platforms
[9, 10].

To address the temporal synchronization problem,
a large body of works have been proposed, which can

be classified into three categories: tracking loop-based
methods, transformation-domain methods, and sparse
transformation-domain methods.

Specifically, tracking loop is a type of conventional
temporal synchronization algorithms [11–14]. In [11], the
authors developed a novel architecture for tracking loop to
accurately measure the aircraft’s speed, which is helpful for
temporal synchronization. In [12, 13], the performance of
tracking loop on ultra-wideband impulse radio was analyzed.
A common tracking loop called digital delay locked loop
(DDLL) was discussed in [14] for tracking direct sequence
spread spectrum signal with high Doppler. As analyzed in
these works, tracking loop algorithms are suitable for systems
with low Doppler and low data rate. While the convergence
rate degrades rapidly with the increase of Doppler and
Doppler changing rate. Furthermore, high data rate system
requires parallel architecture of tracking loop, which needs
more resources than the serial one because multiple samples
have to be handled during one clock cycle [15, 16] and

Hindawi
Wireless Communications and Mobile Computing
Volume 2018, Article ID 8284617, 17 pages
https://doi.org/10.1155/2018/8284617

http://orcid.org/0000-0003-3604-178X
http://orcid.org/0000-0002-6519-4446
http://orcid.org/0000-0001-9092-487X
http://orcid.org/0000-0002-9993-9565
https://doi.org/10.1155/2018/8284617


2 Wireless Communications and Mobile Computing

cannot meet the low power consumption requirement on
NTN platforms [17].

The transformation-domain algorithms [18–21] follow
open loop principle and are able to maintain a constant
processing delay in high Doppler environments. In [18], the
discrete fractional Fourier transform (DFrFT) was adopted
for acceleration and velocity estimation. In [19], the discrete
polynomial-phase transform (DPT) was used to estimate the
aircraft dynamic parameters. In [20], the authors studied
the time-frequency characteristics from the perspective of
signal time-frequency distribution, i.e., Wigner-Ville distri-
bution, to facilitate the temporal synchronization. In [21], the
keystone transform was employed to solve the target range
migration problem in temporal synchronization. Although
transformation-domain algorithms are suitable for the sce-
nario with high Doppler, their computational complexity is
usually very high, which violates the low power consumption
requirement as well.

To reduce the complexity, the sparse transformation-
domain algorithm is introduced into high Doppler and high
data rate systems [22–25]. The authors in [22] proposed
a sparse algorithm based on the fast Fourier transform
(FFT), namely, sparse FFT (SFFT). The applications of SFFT
were introduced in [23], and the authors in [24] further
evaluated the implementation performance of SFFT. The
paper [25] designed a sparse using the discrete fractional
Fourier transform (DFrFT) for the temporal synchronization
in the scenario with high Doppler changing rate. With
low complexity, the sparse algorithm is recommended to
low power consumption platforms. However, these sparse
transformation-domain algorithms require carrier recovery.
It is pointed out that carrier recovery is difficult to implement
on laser communications for NTN platforms because of the
complex structure [26] and then restricts the application of
the sparse transformation-domain algorithm on the feeder
links of 5G NTNs.

Motivated from the observations above, we employ
an incoherent laser transmission system called intensity
modulation direct detection (IMDD) for its simplicity and
low cost [27, 28]. The IMDD system can be modeled
as a Gaussian channel with the positive real input signal
and input-dependent noise [26, 29]. This paper designs a
sparse transformation-domain algorithm in IMDD-based
laser communications for 5G NTNs, which is of good
accuracy, low power consumption, and low computational
complexity. The primary contributions of the paper are
summarized as follows.

(1) We develop a temporal synchronization algorithm
based on the sparse pilot. Armed with the sparse DPT
(SDPT) and the sparse DFrFT (SDFrFT), the pro-
posed algorithm is able to estimate the propagation
delay, velocity, acceleration, and jerk without carrier
aid in high dynamic environment.

(2) We analyze the accuracy and complexity of the pro-
posed algorithm and compare its performance with
the nonsparse algorithms and the DDLL algorithms.
The analytical and experimental results show that

the proposed algorithm performs similar to the non-
sparse algorithm and superior to the DDLL algorithm
in terms of accuracy. While the proposed algorithm
can achieve lower complexity, making it the most
suitable for scenarios with high Doppler and low
power consumption among these three algorithms.

(3) Wediscuss the implementation issues includingmod-
ule reuse analysis and clock rate analysis. According
to the analysis, the proposed algorithm can be imple-
mented with less clock rate than the conventional
DDLL algorithm.

(4) We implement the proposed algorithm via designing
a hardware prototype, and the results agree well with
the theoretical analysis, demonstrating that the algo-
rithm can be implemented on resource constrained
platforms, e.g., 5G NTN platforms.

The rest of the paper is organized as follows. In Section 2,
the system model is described. The proposed temporal
synchronization algorithm is then presented in Section 3 and
analyzed in Section 4. The related implementation issues are
shown in Section 5. Simulation and experiment results are
given in Sections 6 and 7 to demonstrate the effectiveness of
the proposed algorithm, respectively, which are followed by
the conclusions drawn in Section 8.

2. System Model

The systemmodel of NTNs is presented in Figure 1, where the
IMDD-based laser communications serve for the feeder link
between spaceborne platform and gateway.

The laser signal is received by photodetection and is
transformed to an electrical signal with positive and negative
level, which is expressed as

𝑠 (𝑡) = 𝐴0𝑔 (𝑡 − 𝜏 (𝑡)) + 𝑤 (𝑡)
= 𝐴0𝑔 (𝑡 − (𝑎0 + 𝑎1𝑡 + 𝑎2𝑡2 + 𝑎3𝑡3)) + 𝑤 (𝑡) , (1)

where 𝑔(𝑡) is the waveform of signal with amplitude 𝐴0, 𝜏(𝑡)
denotes the propagation delay, which contains four compo-
nents related to distance (𝑎0), velocity (𝑎1), acceleration (𝑎2),
and jerk (𝑎3), respectively, and𝑤(𝑡) is the zero-mean additive
white Gaussian noise with variance 𝜎2. The experimental
results show that 𝑎1 ≫ 𝑎2 ≫ 𝑎3 [11]. The nature of temporal
synchronization is to estimate 𝜏(𝑡), namely, 𝑎0, 𝑎1, 𝑎2, and 𝑎3,
which can be obtained with the aid of pilot.

Figure 2 shows the pilot position in the transmitted frame,
where 𝐿𝑓𝑟𝑚, 𝐿ℎ, and 𝐿𝑝 denote the lengths of the entire
frame, the frame header, and the pilot, respectively. The pilot
waveform, denoted by 𝑔𝑝(𝑡), is a sequence of periodic square
waves and is expressed as

𝑔𝑝 (𝑡) = {{{{{
12 , 𝑘𝑇𝑠𝑦𝑏 < 𝑡 ≤ (𝑘 + 12)𝑇𝑠𝑦𝑏,
−12 , (𝑘 + 12)𝑇𝑠𝑦𝑏 < 𝑡 ≤ (𝑘 + 1) 𝑇𝑠𝑦𝑏, (2)
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where 𝑇𝑠𝑦𝑏 denotes the symbol duration and 𝑘 = 0, 1,2, . . . , 𝐿𝑝 − 1. According to the Fourier series, we rewrite (2)
as

𝑔𝑝 (𝑡) = ∞∑
𝑘=1

12𝑘 − 1 sin (2 (2𝑘 − 1) 𝜋𝑓𝑐𝑡) , (3)

where 𝑓𝑐 = 1/(2𝑇𝑠𝑦𝑏). Through low-pass filtering, (3) is
converted to

𝑔𝑝 (𝑡) = ∞∑
𝑘=1

𝐴𝑘2𝑘 − 1 sin (2 (2𝑘 − 1) 𝜋𝑓𝑐𝑡) , 𝐴𝑘 ∈ (0, 1) , (4)

where 𝐴𝑘 denotes the amplitude of the 𝑘th order harmonic,
which decreases rapidly with the increase of 𝑘.

After analog-digital conversion, from (1) and (4), we have

𝑠 (𝑛) = 𝑟 (𝑛) + 𝑤 (𝑛)
= 𝐴0𝑔 (𝑛𝑇𝑠 − 𝜏 (𝑛𝑇𝑠)) + 𝑤 (𝑛) ,

𝑔𝑝 (𝑛𝑇𝑠) = ∞∑
𝑘=1

𝐴𝑘2𝑘 − 1 sin (2 (2𝑘 − 1) 𝜋𝑓𝑐𝑛𝑇𝑠) ,
(5)

where 𝑇𝑠 denotes the sample interval.
To simplify the computation, we assume 𝐴𝑘 = 0 when𝑘 > 3; then 𝑔𝑝(𝑛𝑇𝑠) in (5) is rewritten as

𝑔𝑝 (𝑛𝑇𝑠) = 3∑
𝑘=1

𝐴𝑘2𝑘 − 1 sin (2 (2𝑘 − 1) 𝜋𝑓𝑐𝑛𝑇𝑠) . (6)

3. The Proposed Temporal
Synchronization Algorithm

As 𝑔𝑝(𝑛𝑇𝑠) is the sum of sinusoidal functions, the parameters
estimation can be expressed as follows according to the
maximum likelihood principle [30, 31],

{𝑎1, 𝑎2, 𝑎3}
= argmax

𝑎1 ,𝑎2,𝑎3

∑𝑛 𝑠𝑐 (𝑛) 𝑒−𝑗2𝜋((𝑓𝑐−𝑎1)𝑛𝑇𝑠−𝑎2(𝑛𝑇𝑠)
2−𝑎3(𝑛𝑇𝑠)

3)
 ,

𝑎0 = arg(∑
𝑛

𝑠𝑐 (𝑛) 𝑒−𝑗2𝜋((𝑓𝑐−𝑎1)𝑛𝑇𝑠−𝑎2(𝑛𝑇𝑠)2−𝑎3(𝑛𝑇𝑠)3)) ,
(7)

where 𝑠𝑐(𝑛) = 𝑠(𝑛) + 𝑗 ⋅ 𝑠𝜋/4(𝑛), and 𝑠𝜋/4(𝑛) represents 𝑠(𝑛)
with 𝜋/4 phase shift. Based on (7), we will elaborate how
to perform the temporal synchronization in four steps, as
shown in Figure 3. We conduct the preprocess in the first
step to facilitate the following three steps. In the second step,
as estimating 𝑎3 is difficult within limited process duration
in high Doppler environment, the parameter 𝑎2 will be
preferentially derived based on a two-order SDPT (SDPT2).
In the third step, the parameters 𝑎0 and 𝑎1 will be obtained
based on SDFrFT, and 𝑎2 will also be improved accordingly.
The parameter 𝑎3 will be presented based on a three-order
SDPT (SDPT3) after resampling in the fourth step. Finally,
we output all the estimated results, namely, 𝜏(𝑛𝑇𝑠).
3.1. The First Step: Preprocess. To prepare data for estimation,
preprocess contains three stages.

First, the pilot is located with the aid of frame header.
Based on the cross-correlation between the received signal
and the template in header, the pilot is located by

𝑛𝑝 = argmax
𝑛

(⌊𝑓𝑠𝐿ℎ𝑇𝑠𝑦𝑏⌋−1∑
𝑏=0

𝑠 (𝑛) ⋅ 𝑔ℎ ((𝑛 − 𝑏) 𝑇𝑠))
+ ⌊𝑓𝑠𝐿ℎ𝑇𝑠𝑦𝑏⌋ ,

(8)

where ⌊⋅⌋ denotes the floor function, 𝑓𝑠 = 1/𝑇𝑠 denotes the
sample rate, and 𝑔ℎ(𝑛𝑇𝑠) is the header waveform.

Second, we derive the complex-form of 𝑠(𝑛) to meet
the requirement of (7). Considering the 𝜋/4 phase shift of𝑔𝑝(𝑛𝑇𝑠), namely,

𝑔𝑝−𝜋/4 (𝑛𝑇𝑠) = 𝑔𝑝 (𝑛𝑇𝑠 − 𝑇𝑠𝑦𝑏2 )
= 3∑

𝑘=1

𝐴𝑘(2𝑘 − 1) sin(2 (2𝑘 − 1) 𝜋𝑓𝑐 (𝑛𝑇𝑠 − 𝑇𝑠𝑦𝑏2 ))
= 3∑

𝑘=1

(−1)𝑘−1 𝐴𝑘(2𝑘 − 1) cos (2 (2𝑘 − 1) 𝜋𝑓𝑐𝑛𝑇𝑠) ,
(9)
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and the complex-form of 𝑔𝑝(𝑛𝑇𝑠) is expressed as

𝑔𝑐 (𝑛𝑇𝑠) = 𝑔𝑝−𝜋/4 (𝑛𝑇𝑠) + 𝑗 ⋅ 𝑔𝑝 (𝑛𝑇𝑠)
= 3∑

𝑘=1

(−1)𝑘−1 𝐴𝑘2𝑘 − 1 exp ((−1)𝑘−1 𝑗2 (2𝑘 − 1) 𝜋𝑓𝑐𝑛𝑇𝑠)
= A𝑇P,

(10)

where A = [𝐴1, −𝐴2/3, 𝐴3/5]𝑇 ∈ R3, and P = [𝑃1, 𝑃2, 𝑃3]𝑇 ∈
C3 with 𝑃𝑘 = exp(𝑗(−1)𝑘−12(2𝑘 − 1)𝜋(𝑓𝑐𝑛𝑇𝑠 − 𝜏(𝑛𝑇𝑠))) and𝑘 = 1, 2, 3. From (10), the complex-form of 𝑠(𝑛) is

𝑠𝑐 (𝑛) = 𝐴0𝑔𝑐 (𝑛𝑇𝑠) + 𝑤 (𝑛) = A0
𝑇P + 𝑤 (𝑛) , (11)

where A0 = [𝐴0𝐴1, −𝐴0𝐴2/3, 𝐴0𝐴3/5]𝑇 ∈ R3.
Third, since the pilot has been located, we obtain 𝑁𝑠𝑒𝑞

entries by subsampling the pilot data start from 𝑛𝑝 with
subsample rate 𝑟𝑠𝑚𝑝 = 𝛽𝐿𝑓𝑟𝑚𝑇𝑠𝑦𝑏/𝑇𝑠, where 𝛽 is a positive
integer. The challenge here lies in subsampling. The sub-
sequent samples will drift away from the original position
caused by Doppler, and the sample position may be out of
the pilot range. Hence, a sufficient length of pilot, i.e., 𝐿𝑝, is
required to prevent the sampling position out of range. In the
following, we discuss the minimum value of 𝐿𝑝.

Letting 𝐿𝑚 denote the maximum range of drift, we have

𝐿𝑚 = 𝑁𝑠𝑒𝑞

𝑎1𝑚 𝛽𝐿𝑓𝑟𝑚𝑐 , (12)

where 𝑎1𝑚 denotes the maximum velocity. The reason for
ignoring 𝑎2 and 𝑎3 is that the platform cannot accelerate
any more after it reaches the maximum velocity. Generally,
as the drift direction is unknown, the lower limit of 𝐿𝑝 is⌈2𝐿𝑚⌉, where ⌈⋅⌉ denotes the ceiling function. An improved
method can reduce the lower limit of 𝐿𝑝 to ⌈𝐿𝑚⌉ by
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Locate the frame

The last frame

Sample position

Sample position

L1st

L last

Ld

Figure 4: The method of determining drift direction and magni-
tude.

simultaneously obtaining 3 sample sets that start from 𝑛𝑝,𝑛𝑝+(⌈𝐿𝑚⌉/2)𝑓𝑠𝑇𝑠𝑦𝑏, and 𝑛𝑝+⌈𝐿𝑚⌉𝑓𝑠𝑇𝑠𝑦𝑏, respectively, among
which at least a set will not be out of range.Then we select the
best one among these sets with the following method. Since
the frame header is exploited to locate the frame, it assists
in determining the drift direction and magnitude, as shown
in Figure 4, where 𝐿1𝑠𝑡 and 𝐿 𝑙𝑎𝑠𝑡 denote the intervals from
the sample position to the header in the first frame and to
the last frame, respectively, and 𝐿𝑑 denotes the drift value
with 𝐿𝑑 = 𝐿1𝑠𝑡 − 𝐿 𝑙𝑎𝑠𝑡. The first, or second, or third sample
set is selected when 𝐿𝑑 > 𝐿𝑝/2, 𝐿𝑑 ∈ [−𝐿𝑝/2, 𝐿𝑝/2], or𝐿𝑑 < −𝐿𝑝/2, respectively.

After subsampling, 𝑠𝑐(𝑛) is converted to 𝑠𝑐(𝑚) with 𝑚 =0, 1, . . . , 𝑁𝑠𝑒𝑞−1, and the sample rate and sample interval turn
into that 𝑓

𝑠 = 𝑓𝑠/𝑟𝑠𝑚𝑝 and that 𝑇
𝑠 = 𝑟𝑠𝑚𝑝 ⋅ 𝑇𝑠, respectively. In

the following section, we focus on the signal processing of the
proposed temporal synchronization.

3.2. The Second Step: Derive 𝑎2 Based on SDPT2. Accord-
ing to (7), it is possible to jointly estimate all the four
unknown parameters. Unfortunately, the complexity of joint
estimation is unaffordable. To reduce the complexity, we
decompose the parameter estimation problem into several
subproblems to estimate the parameters one by one, which
is essentially the same as the joint estimation because the
parameters to be estimated have a weak association with
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each other and the separate estimation results in no per-
formance loss. Generally, the highest-order parameter, 𝑎3, is
estimated firstly [32]. However, as mentioned above, high
Doppler makes the sample position drift away and leads to
a limited process duration. Moreover, as 𝑎3 represents the
third derivative of distance, it cannot be accurately estimated
in such short duration. In comparison, the acceleration
estimation is much easier, and we thus preferentially estimate𝑎2.

As a reduced-order method to estimate 𝑎2, DPT2 is
defined as [32]

DPT2 (𝑠𝑐 (𝑚) , 𝑓, 𝜉) ≜ DFT (DP2 (𝑠𝑐 (𝑚) , 𝜉) , 𝑓)
= 𝑁𝑠𝑒𝑞−1∑

𝑚=0

DP2 (𝑠𝑐 (𝑚) , 𝜉) 𝑒−𝑗2𝜋𝑓𝑚𝑇𝑠 , (13)

where DFT denotes the discrete Fourier transform with
rotation factor 𝑒−𝑗2𝜋𝑓𝑚𝑇𝑠 , 𝜉 is a positive integer, and DP2 is
given by

DP2 (𝑠𝑐 (𝑚) , 𝜉) ≜ 𝑠𝑐 (𝑚) 𝑠∗𝑐 (𝑚 − 𝜉) , (14)

where (⋅)∗ denotes the conjugate operation. For simplicity, let𝑥(𝑚) = DP2(𝑠𝑐(𝑚), 𝜉), and we have

𝑥 (𝑚) = 𝑠𝑐 (𝑚) 𝑠∗𝑐 (𝑚 − 𝜉)
= (𝑟 (𝑚) + 𝑤 (𝑚)) (𝑟∗ (𝑚 − 𝜉) + 𝑤∗ (𝑚 − 𝜉))
= 𝑟 (𝑚) 𝑟∗ (𝑚 − 𝜉) + 𝑟 (𝑚)𝑤∗ (𝑚 − 𝜉)

+ 𝑟∗ (𝑚 − 𝜉)𝑤 (𝑚) + 𝑤 (𝑚)𝑤∗ (𝑚 − 𝜉) ,
(15)

where

𝑟 (𝑚) 𝑟∗ (𝑚 − 𝜉) = (A𝑇
0 PP𝜉

𝑇A0) = A𝑇
0 P (P∗

𝜉 )𝑇 A0

= A𝑇
0

[[[
[

𝑃1𝑃∗1 (𝜉) 𝑃1𝑃∗2 (𝜉) 𝑃1𝑃∗3 (𝜉)
𝑃2𝑃∗1 (𝜉) 𝑃2𝑃∗2 (𝜉) 𝑃2𝑃∗3 (𝜉)
𝑃3𝑃∗1 (𝜉) 𝑃3𝑃∗2 (𝜉) 𝑃3𝑃∗3 (𝜉)

]]]
]

A0

(16)

is the principal component of 𝑥(𝑚);P𝜉 and𝑃(𝜉) denoteP and𝑃 with 𝜉-delay, respectively. The other components of 𝑥(𝑚)
are related to 𝑤(𝑚) and can be regarded as the noise terms.
Moreover, 𝑟(𝑚)𝑟∗(𝑚 − 𝜉) is dominated by 𝑃1𝑃∗1 (𝜉), 𝑃2𝑃∗2 (𝜉),
and 𝑃3𝑃∗3 (𝜉). The amplitude of 𝑃1𝑃∗1 (𝜉) is much larger than
that of 𝑃2𝑃∗2 (𝜉) and 𝑃3𝑃∗3 (𝜉). Consequently, the components
of 𝑟(𝑚)𝑟∗(𝑚 − 𝜉) except for 𝑃1𝑃∗1 (𝜉) are regarded as the
disturbance terms, and (15) can be rewritten as

𝑥 (𝑚) = (𝐴0𝐴1)2 𝑃1𝑃∗1 (𝜉) + ℓ (𝑚𝑇
𝑠) + � (𝑚𝑇

𝑠)
= (𝐴0𝐴1)2 e𝑗2𝜋((−2𝑎2𝜉𝑇2𝑠 +3𝑎3𝜉2𝑇3𝑠 )𝑚−3𝑎3𝜉𝑇3𝑠 𝑚2−𝜙)

+ ℓ (𝑚𝑇
𝑠) + � (𝑚𝑇

𝑠) ,
(17)

where ℓ(𝑚𝑇
𝑠 ) and � (𝑚𝑇

𝑠 ) denote the disturbance terms and
noise terms, respectively, and 𝜙 is a constant. Letting 𝑋(𝑘) =
DFT(𝑥(𝑚)) and �̂�0 = argmax{|𝑋(𝑘)|}, since 3𝑎3𝜉(𝑇

𝑠 )3𝑚2

and 3𝑎3𝜉2(𝑇
𝑠 )3𝑚 are small enough to be ignored, 𝑎2 can be

expressed as

𝑎2 = − 1
2𝜉 (𝑇

𝑠 )2 �̂�0. (18)

Considering the sparsity of DFT result, SFFT can be
employed to reduce the complexity, as shown in Algorithm 1.

As the accuracy of SDPT2 is limited by the resolution of
DFT, which is given by Δ𝑓 = 𝑓

𝑠 /𝑀, accurately estimating𝑎2 cannot be achieved with small 𝑀. Thus, we adopt Rife
and Newton methods to improve the estimation accuracy
by updating �̂�0 and recalculating 𝑎2 due to (18), as shown
in Algorithm 2, whose effectiveness is demonstrated in
Figure 5.

3.3. The Third Step: Obtain 𝑎0, 𝑎1, and the Improved 𝑎2. In
this part, 𝑎0, 𝑎1, and the improved 𝑎2 are obtained by Pei
sampling-type DFrFT [22], which is given in the following
equation:

𝑋𝛼 (𝑘) ≜
{{{{{{{{{{{

√ sin𝛼 − 𝑗 cos𝛼𝑀 𝑒𝑗(cot𝛼/2)(𝑘𝑈𝑠)2 ⋅ 𝑀−1∑
𝑚=0

𝑠𝑐 (𝑚) 𝑒−𝑗(2𝜋𝑘𝑚/𝑀)𝑒𝑗(cot𝛼/2)(𝑚𝑇𝑠 )2 , 𝛼 ≥ 0
√𝑗 cos𝛼 − sin𝛼𝑀 𝑒𝑗(cot𝛼/2)(𝑘𝑈𝑠)2 ⋅ 𝑀−1∑

𝑚=0

𝑠𝑐 (𝑚) 𝑒−𝑗(2𝜋𝑘𝑚/𝑀)𝑒𝑗(cot𝛼/2)(𝑚𝑇𝑠 )2 , 𝛼 < 0
≈ √ 1𝑀𝑒𝑗(cot𝛼/2)(𝑘𝑈𝑠)2 ⋅ DFT (𝑠𝑐 (𝑚) 𝑒𝑗(cot𝛼/2)(𝑚𝑇𝑠 )2) .

(19)

with𝑚 ∈ [0,𝑀 − 1] and 𝑘 ∈ [0,𝑀 − 1].
In (19), 𝛼 and𝑈𝑠 denote the rotation angle and the sample

interval of the output,𝑋𝛼(𝑘), respectively. Besides, 𝑇
𝑠 × 𝑈𝑠 =

(2𝜋| sin𝛼|)/𝑀 shall be satisfied. Then we derive the optimal
values of 𝑘 and 𝛼 by

{�̂�𝑚, �̂�𝑚} = argmax
𝛼,𝑘

𝑋𝛼 (𝑘) . (20)



6 Wireless Communications and Mobile Computing

Input: 𝑥(𝑚).
Output: 𝑋(𝑘).
1: Zero padding and the length of 𝑥(𝑚) is changed from𝑁𝑠𝑒𝑞 to𝑀.
2: Let 𝐿 = log2𝑀.
3: For 𝑖 = 0; 𝑖 < 𝐿; 𝑖++ do
4: Tear apart the spectrum randomly by 𝑥1(𝑚) = 𝑥((𝜎𝑖 ⋅ 𝑚)mod𝑀) and𝑋1(𝑘) = 𝑋((𝜎𝑖−1 ⋅ 𝑚)mod𝑀), where𝑋(𝑘) and𝑋1(𝑘)

denote the expressions of 𝑥(𝑚) and 𝑥1(𝑚) in frequency-domain, respectively, and𝑚, 𝜎𝑖, 𝑘 ∈ [1,𝑀].
5: Apply a flat window function to expand the spectrum range.

(1) Let 𝐺(𝑘) ∈ {{{
[1 − 𝛿, 1 + 𝛿], 𝑘 ∈ [−𝜀𝑀, 𝜀𝑀]
[0, 𝛿], 𝑘 ∉ [−𝜀𝑀, 𝜀𝑀] be the window function in frequency-domain,

where 𝜀 ∈ (0, 1) and 𝜀 ∈ (0, 1) denote the cutoff frequencies of the passband and stopband, respectively,
and 𝛿 denotes the ripple amplitude, whose reference value is 1/𝑀𝑐, where 𝑐 is a positive integer.

(2) Compute 𝑥2(𝑚) = 𝑔(𝑚) ⋅ 𝑥1(𝑚), where 𝑔(𝑚) denotes the expression of 𝐺(𝑘) in time-domain.
The length of 𝑔(𝑚) is 𝜔 = 𝑜(𝐵log2(𝑀/𝜎𝑖)).

6: Subsample in frequency-domain. Letting 𝐵 be the data length after subsampling,
we have𝑋3(𝑘) = FFT(∑⌊𝑀/𝐵−1⌋

𝑗=0 𝑥2(𝑚 + 𝑗 ⋅ 𝐵)) with 𝑘 ∈ [1, 𝐵].
7: Map with a hash function.

(1) Define a hash function ℎ𝜎(𝑘) = ⌊𝜎𝑖 ⋅ 𝑘𝐵/𝑀⌋.
(2) Define an offset function 𝑜𝜎𝑖 (𝑘) = 𝜎𝑖 ⋅ 𝑘 − ℎ𝜎𝑖 (𝑘) ⋅ 𝐵/𝑀.
(3) Let Γ𝑖 denote the support set of the largest 𝑙 coefficients in𝑋3(𝑘). The preimage set of Γ𝑖 is Ι𝑖,

whose size is 𝑙𝑀/𝐵, where Ι𝑖 = {𝑘 ∈ [1,𝑀] | h𝜎𝑖 (𝑘) ∈ Γ𝑖} and 𝐵 = √𝑀𝑙/log2(𝑀/𝛿).
(4) Obtain the 𝑙 largest spectrum coefficients as

𝑋4,𝑖(𝑘) = {{{{{
𝑋3(ℎ𝜎(𝑘)e−𝑗𝜋𝑜𝜎𝑖 𝑘𝜔/𝑀)𝐺(𝑜𝜎𝑖 (𝑘)) , 𝑘 ∈ I𝑖,
0, 𝑘 ∈ [1,M] ∩ I𝑖.

(5) Record the nonzero position of 𝑋4,𝑖(𝑘).
8: End for
9: Letting V𝑘 be the occurrence times of coordinate 𝑘 in the sets and only retaining the coordinate whose occurrence

times are larger than 𝐿/2, we have I = {𝑘 ∈ I1 ∪ ⋅ ⋅ ⋅ ∪ I𝐿 | V𝑘 > 𝐿/2}, and the rest terms are zeroes.
10: For each coordinate in I, we obtain the corresponding spectrum coefficients𝑋𝑟(𝑘) with 𝑘 ∈ I and 𝑟 = 1, 2, ⋅ ⋅ ⋅ 𝐿.
11: Return 𝑋(𝑘) = {{{

median{𝑋𝑟(𝑘)}, 𝑘 ∈ I

0, 𝑘 ∉ I
, where median(⋅) denotes computing the median of a sequence.

Algorithm 1: Estimate 𝑎2 based on the SFFT algorithm.

1: Modify the DFT result by Rife method.
Since𝑋(𝑘) denotes the output of SFFT, the modified result is

�̂�1 = 1𝑇
𝑠

[�̂�0 + 𝑟 𝑋 (�̂�0 + 𝑟)𝑋 (�̂�0) + 𝑋 (�̂�0 + 𝑟) ],
where

𝑟 = {{{
1, |𝑋(�̂�0 + 1)| ≥ |𝑋(�̂�0 − 1)|
−1, |𝑋(�̂�0 + 1)| < |𝑋(�̂�0 − 1)|.

2: Further modify the result by the iteration of Newton method.
For a positive integer 𝑖, the (𝑖 + 1)-th iteration result is expressed as�̂�𝑖+1 = �̂�𝑖 − 𝜆𝑖(𝑋(�̂�𝑖)/𝑋(�̂�𝑖)), where𝑋(�̂�) and𝑋(�̂�) denote the first-order
and the second-order derivatives of𝑋(�̂�), respectively, and 𝜆 denotes
the tuning step.

3: Replace k̂0 by the latest iteration result, k̂N.

Algorithm 2: Modify the DFT result based on Rife and Newton methods.
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The 2nd Newton iteration:
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The1st Newton iteration:
error = 0.4
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Figure 5: The effectiveness of Rife and Newton methods.

From (19) and (20), we obtain the estimated results of 𝑎0, 𝑎1,
and 𝑎2 in the way

𝑎2 = cot (�̂�𝑚)4𝜋 ,
𝑎1 = �̂�𝑚𝑓

𝑠𝑀 ,
𝑎0 = arg{ 𝑋�̂�𝑚

(�̂�𝑚)− sgn (�̂�𝑚) e𝑗(1/2)[cot �̂�𝑚(�̂�𝑚𝑈𝑠)2+�̂�𝑚+𝜋/2]} .
(21)

To reduce the computational complexity, we replace DFT
in the implementation of Pei sampling-type DFrFT with
SFFT due to the sparse spectrum. The implementation of
DFrFT based on SFFT is called SDFrFT, which exhibits a
similar performance to DFrFT, as shown in Figure 6.

In addition, Rife and Newton methods can be employed
again to replace �̂�𝑚 with �̂�𝑁, whose procedure is similar
to that in Algorithm 2 and is omitted for brevity. Then we
substitute �̂�𝑁 into (19), (20), and (21) to recalculate 𝑎1 and 𝑎0.
3.4. The Fourth Step: Resample and Derive 𝑎3 Based on
SDPT3. As mentioned above, high dynamic, especially high
velocity brings the drift of sample position and results in an
insufficient process duration, which is contrary to accurately
estimating 𝑎3. A method to mitigate the drift by updating the
sample rate is introduced as follows.

Note that the velocity, 𝑎1, has been derived from (21); it
can be substituted into the following formula to update the
sample rate:

𝑓
𝑠 = [2𝑎1 + 𝑅𝑏] 𝑓

𝑠𝑅𝑏 . (22)

Figure 6: The comparison between DFrFT and SDFrFT.

The sample interval turns into that 𝑇
𝑠 = 1/𝑓

𝑠 accord-
ingly. As 𝑓

𝑠 matches with the change of data rate caused
by Doppler, the drift of sample position is mitigated, and
estimating 𝑎3 becomes easier with the increase of process
duration.

In the following, SDPT3 is introduced to estimate 𝑎3.
Assuming𝑁

𝑠𝑒𝑞 entries are obtained after resampling, we have

SDPT3 (𝑠𝑐 (𝑚) , 𝑓, 𝜉) ≜ SFFT (DP3 (𝑠𝑐 (𝑚) , 𝜉) , 𝑓)
= 𝑁𝑠𝑒𝑞−1∑

𝑚=0

DP3 (𝑠𝑐 (𝑚) , 𝜉) 𝑒−𝑗2𝜋𝑓𝑚𝑇𝑠 , (23)

where DP3 is defined as

DP3 (𝑠𝑐 (𝑚) , 𝜉) ≜ DP2 (DP2 (𝑠𝑐 (𝑚) , 𝜉) , 𝜉)
= DP2 (𝑠𝑐 (𝑚) 𝑠∗𝑐 (𝑚 − 𝜉) , 𝜉)
= 𝑠𝑐 (𝑚) 𝑠∗𝑐 (𝑚 − 𝜉)2 𝑠𝑐 (𝑚 − 2𝜉) .

(24)

Letting P2𝜉 and 𝑃(2𝜉) denote P and 𝑃 with 2𝜉-delay, respec-
tively, 𝑥2(𝑚) = DP3(𝑠𝑐(𝑚), 𝜉), and �(𝑚𝑇

𝑠 ) denote the noise
terms, (24) can be further expanded as

𝑥2 (𝑚) = 𝑠𝑐 (𝑚) 𝑠∗𝑐 (𝑚 − 𝜉)2 𝑠𝑐 (𝑚 − 2𝜉)
= (A𝑇

0 P (P∗
𝜉 )𝑇 A0) ⋅ (A𝑇

0 P∗
𝜉 (P2𝜉)𝑇 A0)

+ � (𝑚𝑇
𝑠 )

= A𝑇
0 ⋅ (P (P∗

𝜉 )𝑇) ⋅ (A0A𝑇
0 ) ⋅ (P∗

𝜉 (P2𝜉)𝑇)
⋅ A0 + � (𝑚𝑇

𝑠 )
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= (A𝑇
0 ⊗ A𝑇

0 ) ⋅ (P (P∗
𝜉 )𝑇 ⊗ P∗

𝜉 (P2𝜉)𝑇)
⋅ (A0 ⊗ A0) + � (𝑚𝑇

𝑠 ) ,
(25)

where ⊗ denotes the Kronecker product. Obviously, 𝑥2(𝑚)
is dominated by 𝑃1𝑃∗1 (𝜉)𝑃∗1 (𝜉)𝑃1(2𝜉), 𝑃2𝑃∗2 (𝜉)𝑃∗2 (𝜉)𝑃2(2𝜉),
and 𝑃3𝑃∗3 (𝜉)𝑃∗3 (𝜉)𝑃3(2𝜉). Furthermore, as the amplitude of𝑃1𝑃∗1 (𝜉)𝑃∗1 (𝜉)𝑃1(2𝜉) is much larger than that of the other two
components, (25) can be rewritten as

𝑥2 (𝑚) = 𝑃1𝑃∗1 (𝜉) 𝑃∗1 (𝜉) 𝑃1 (2𝜉) + ℓ (𝑚𝑇
𝑠 )

+ � (𝑚𝑇
𝑠 )

= (𝐴0𝐴1)4 e−𝑗2𝜋(6𝑎3𝜉2𝑇3𝑠 𝑚+2𝑎2𝜉
2𝑇2𝑠 −6𝑎3𝜉

3𝑇3𝑠 )

+ ℓ (𝑚𝑇
𝑠 ) + � (𝑚𝑇

𝑠 ) ,

(26)

where ℓ(𝑚𝑇
𝑠 ) denotes the disturbance terms. From (26), 𝑎3

is obtained by

𝑎3 = − 1
6𝜉2 (𝑇

𝑠 )3 argmax {SFFT (𝑥2 (𝑚))} . (27)

The estimation accuracy can be further improved by Rife
and Newton methods, whose procedure is similar to that in
Algorithm 2 and is omitted for brevity.

In addition, as longer duration is obtained after resam-
pling, we conduct SDFrFT again to further improve the
accuracy of 𝑎2, 𝑎1, and 𝑎0, whose procedure is similar to that
in the third step and is also omitted for brevity.

4. Performance Analysis

To further present the advantages of the proposed temporal
synchronization algorithm, we will theoretically analyze its

performance in terms of estimation accuracy and algorithm
complexity in this section.

4.1. Estimation Accuracy Analysis. As 𝑎3, 𝑎2, and 𝑎1 are
derived from DPT3, DPT2, and DFrFT, respectively, we
discuss the performance of these three algorithms as follows.

According to (17) and (26), the result of DPT contains the
disturbance terms and the noise terms.The ratios of the prin-
cipal components to themaximumdisturbances inDPT2 and
DPT3 are 9𝐴1

2/𝐴2
2 and 81𝐴1

4/𝐴2
4, respectively. As 𝐴1 ≫𝐴2, the disturbance terms are negligible. The noise terms

follow a zero-mean Gaussian distribution with variances𝜎2�,DPT2 and 𝜎2�,DPT3 , as shown in (28) and (29), respectively,

𝜎2�,DPT2 = 𝐸 [(A𝑇
0 P + 𝑤 (𝑚)) (A𝑇

0 P + 𝑤∗ (𝑚 − 𝜉))
− (A𝑇

0 P)22] = 2𝐴2𝜎2 + 𝜎4
(28)

𝜎2�,DPT3 = 𝐸 [(A𝑇
0 P + 𝑤 (𝑚)) (A𝑇

0 P + 𝑤∗ (𝑚 − 𝜉))2

⋅ (A𝑇
0 P + 𝑤 (𝑚 − 2𝜉)) − (A𝑇

0 P)42] = 6𝐴6𝜎2
+ 10𝐴4𝜎4 + 4𝐴2𝜎6 + 𝜎8

(29)

with 𝐴 = 𝐴0(𝐴1 + 𝐴2/3 + 𝐴3/5).
Considering the impact of sample position of pilot signal

on the valid signal length, we discuss the SNRs of DPT3,
DPT2, and DFrFT when the pilot length is insufficient as
follows. Ignoring the impact of 𝑎2 and 𝑎3, the valid signal
length is

𝑁V𝑎𝑙𝑖𝑑 = 𝐿𝑝 ⋅ 𝑐
𝐿𝑓𝑟𝑚 ⋅ 𝑎1𝑚 . (30)

The rest of signal is approximate random and can be regarded
as noise, whose length is (𝑁𝑠𝑒𝑞 − 𝑁V𝑎𝑙𝑖𝑑). The SNRs of DPT3,
DPT2, and DFrFT are

SNRDPT3 = 𝑁2
V𝑎𝑙𝑖𝑑 (𝐴0𝐴1)8𝑁

𝑠𝑒𝑞 (6𝐴6𝜎2 + 10𝐴4𝜎4 + 4𝐴2𝜎6 + 𝜎8) + (𝑁
𝑠𝑒𝑞 − 𝑁V𝑎𝑙𝑖𝑑) (𝐴0𝐴1)8

SNRDPT2 = 𝑁2
V𝑎𝑙𝑖𝑑 (𝐴0𝐴1)4𝑁𝑠𝑒𝑞 (2𝐴2𝜎2 + 𝜎4) + (𝑁𝑠𝑒𝑞 − 𝑁V𝑎𝑙𝑖𝑑) (𝐴0𝐴1)4

SNRDFrFT = 𝑁2
V𝑎𝑙𝑖𝑑 (𝐴0𝐴1)2𝑁𝑠𝑒𝑞𝜎2 + (𝑁𝑠𝑒𝑞 − 𝑁V𝑎𝑙𝑖𝑑) (𝐴0𝐴1)2 ,

(31)

respectively. The SNRs will be much lower than 0 dB when𝑁V𝑎𝑙𝑖𝑑 ≪ 𝑁𝑠𝑒𝑞, which leads to an inaccurate estimation result.
Fortunately, 𝑁V𝑎𝑙𝑖𝑑 can be obtained by (30) with a given 𝑎1𝑚,
and𝑁V𝑎𝑙𝑖𝑑 ≈ 𝑁𝑠𝑒𝑞 can be ensured by selecting the data length.
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Thus, we assume the pilot length is sufficient for estimation,
and (31) can be simplified as follows in the high SNR regime:

SNRDPT3 ≈ 𝑁
𝑠𝑒𝑞 (𝐴0𝐴1)86𝐴6𝜎2 + 10𝐴4𝜎4 + 4𝐴2𝜎6 + 𝜎8

≈ 𝑁
𝑠𝑒𝑞 (𝐴0𝐴1)26𝜎2 ,

SNRDPT2 ≈ 𝑁𝑠𝑒𝑞 (𝐴0𝐴1)42𝐴2𝜎2 + 𝜎4 ≈ 𝑁𝑠𝑒𝑞 (𝐴0𝐴1)22𝜎2 ,
SNRDFrFT ≈ 𝑁𝑠𝑒𝑞 (𝐴0𝐴1)2𝜎2 .

(32)

With the aid of Newton method, the accuracy of 𝑎3, 𝑎2, and𝑎1 based on DPT3, DPT2, and DFrFT is improved and given
by

𝜎2𝑎3 = 6(2𝜋)2 𝑆𝑁𝑅DPT3𝑇2
𝑠 (𝑁2

𝑠𝑒𝑞 − 1)
≈ 36𝜎2

(2𝜋)2 (𝐴0𝐴1)2 𝑇2
𝑠 𝑁

𝑠𝑒𝑞 (𝑁2
𝑠𝑒𝑞 − 1) ,

𝜎2𝑎2 = 6(2𝜋)2 𝑆𝑁𝑅DPT2𝑇2
𝑠 (𝑁2

𝑠𝑒𝑞 − 1)
≈ 12𝜎2

(2𝜋)2 (𝐴0𝐴1)2 𝑇2
𝑠 𝑁𝑠𝑒𝑞 (𝑁2

𝑠𝑒𝑞 − 1) ,
𝜎2𝑎1 = 6(2𝜋)2 𝑆𝑁𝑅DFrFT𝑇2

𝑠 (𝑁2
𝑠𝑒𝑞 − 1)

≈ 6𝜎2
(2𝜋)2 (𝐴0𝐴1)2 𝑇2

𝑠 𝑁𝑠𝑒𝑞 (𝑁2
𝑠𝑒𝑞 − 1) .

(33)

With a given SNR, the accuracy of 𝑎3, 𝑎2, and 𝑎1 can be
improved by lengthening data or increasing sample interval.
Assuming 𝑁

𝑠𝑒𝑞 = 𝑁𝑠𝑒𝑞 and 𝑇
𝑠 ≈ 𝑇

𝑠 , the accuracy
relationship among 𝑎3, 𝑎2, and 𝑎1 is

𝜎2𝑎3 ≈ 3𝜎2𝑎2 ≈ 6𝜎2𝑎1 . (34)

Note that the accuracy of 𝑎2 can be further improved by 𝛼-
search of DFrFT. Letting the estimation error before 𝛼-search
and the search range of 𝛼-search be 𝑥𝑎2 and [𝑎2 − 3𝜎𝑎2 , 𝑎2 +3𝜎𝑎2], respectively, and assuming that the search times are
sufficient, the estimation error after 𝛼-search is

𝑥𝑎2 =
{{{{{{{{{

𝑥𝑎2 + 3𝜎𝑎2 , 𝑥𝑎2 < −3𝜎𝑎2 ,0, 𝑥𝑎2 ∈ [−3𝜎𝑎2 , 3𝜎𝑎2] ,𝑥𝑎2 − 3𝜎𝑎2 , 𝑥𝑎2 > 3𝜎𝑎2 .
(35)

The expectation and variance of 𝑥𝑎2 are presented in the
following equation:

𝐸 (𝑥𝑎2) = ∫−3𝜎𝑎2

−∞
(𝑥𝑎2 + 3𝜎𝑎2) ⋅ 𝑝 (𝑥𝑎2) 𝑑𝑥𝑎2 + ∫3𝜎𝑎2

−3𝜎𝑎2

0
⋅ 𝑝 (𝑥𝑎2) 𝑑𝑥𝑎2 + ∫+∞

3𝜎𝑎2

(𝑥𝑎2 − 3𝜎𝑎2)
⋅ 𝑝 (𝑥𝑎2) 𝑑𝑥𝑎2 = 0,

var (𝑥𝑎2) = ∫−3𝜎𝑎2

−∞
(𝑥𝑎2 + 3𝜎𝑎2)2 ⋅ 𝑝 (𝑥𝑎2) 𝑑𝑥𝑎2

+ ∫3𝜎𝑎2

−3𝜎𝑎2

0 ⋅ 𝑝 (𝑥𝑎2) 𝑑𝑥𝑎2 + ∫+∞

3𝜎𝑎2

(𝑥𝑎2 − 3𝜎𝑎2)2

⋅ 𝑝 (𝑥𝑎2) 𝑑𝑥𝑎2 = 2(∫−3𝜎𝑎2

−∞
𝑥2𝑎2 ⋅ 𝑝 (𝑥𝑎2) 𝑑𝑥𝑎2

+ 6𝜎𝑎2 ∫−3𝜎𝑎2

−∞
𝑥𝑎2 ⋅ 𝑝 (𝑥𝑎2) 𝑑𝑥𝑎2

+ 9𝜎2𝑎2 ∫−3𝜎𝑎2

−∞
𝑝 (𝑥𝑎2) 𝑑𝑥𝑎2) = 10(1

− erf ( 3√2))𝜎2𝑎2 ≈ 0.027𝜎2𝑎2 ,

(36)

with 𝑝(𝑥𝑎2) = (1/√2𝜋𝜎2𝑎2)𝑒−𝑥2𝑎2 /2𝜎2𝑎2 and erf(𝑥) =
(2/√𝜋) ∫𝑥

0
𝑒−𝑡2𝑑𝑡. If the search range becomes to [−2𝜎𝑎2 , 2𝜎𝑎2],

the variance turns into 0.35𝜎2𝑎2 accordingly.
Then we discuss the accuracy of 𝑎0, which is derived from

DFrFT due to (21). In the high SNR regime, 𝑎0 follows a zero-
mean Gaussian distribution with variance

𝜎2𝑎0 = 𝜎2
(2𝜋)2𝑁𝑠𝑒𝑞 (𝐴0𝐴1)2 sinc2 (Δ𝑓) , (37)

where Δ𝑓 denotes the offset between the DFT result and the
true value.

Finally, the performance of SFFT is discussed as follows.
Letting 𝑋−Γ(𝑘) = {𝑋(𝑘) | 𝑘 ∉ Γ}, the estimation error
probability based on SFFT is [22]

𝑃 [𝑋 (𝑘) − 𝑋 (𝑘)2 ≥ 𝜀𝑙 𝑋−Γ (𝑘)22 + 3𝛿2 𝑋 (𝑘)21]
< 𝑂( 𝑙𝜀𝐵) .

(38)

SFFT performs similar to FFT with a sufficient small error
probability if 𝑙 ≪ 𝐵. Consequently, the accuracies of 𝑎3, 𝑎2,𝑎1, and 𝑎0 based on SFFT are approximately equal to those
based on FFT, which demonstrates the agreement between
the proposed sparse algorithm and nonsparse algorithm.



10 Wireless Communications and Mobile Computing

Table 1: The algorithm complexity.

Approach Multiplies Adds
Correlation 2𝑓𝑠𝐿ℎ𝑇𝑠𝑦𝑏 2 (𝑓𝑠𝐿ℎ𝑇𝑠𝑦𝑏 − 1)
DP2 𝑁𝑠𝑒𝑞 0
DFT

FFT 𝑀2 log2𝑀 𝑀log2𝑀
SFFT (𝜔 + 𝐵2 log2𝐵 + 𝑙𝑀𝐵 )𝐿 (𝐵log2𝐵 + 𝑙𝑀𝐵 )𝐿

DFrFT
DFrFT (𝑀 + 𝑀2 log2𝑀)𝜆𝛼 (𝑀log2𝑀)𝜆𝛼
SDFrFT (𝑀 + (𝜔 + 𝐵2 log2𝐵 + 𝑙𝑀𝐵 )𝐿)𝜆𝛼 (𝐵log2𝐵 + 𝑙𝑀𝐵 )𝐿𝜆𝛼

Rife & Newton methods (3𝑁𝑠𝑒𝑞 + 1) 𝜆𝑖𝑡𝑟𝑡 + 2 (2𝑁𝑠𝑒𝑞 − 1) 𝜆𝑖𝑡𝑟𝑡 + 2

4.2. Algorithm Complexity Analysis. The algorithm complex-
ity is shown in Table 1, where 𝜆𝑖𝑡𝑟𝑡 and 𝜆𝛼 denote the iteration
times ofNewtonmethod and the𝛼-search times, respectively.
Referring to the values of 𝜔, 𝐵, and 𝐿 in Algorithm 1,
the complexities of SFFT and FFT can be expressed as𝑂(log2𝑀√𝑀𝑙log2𝑀) and 𝑂(𝑀log2𝑀), respectively. In the
large data size regime, the complexity of FFT is about𝑀 times
more than that of SFFT.

In the condition of 𝑁𝑠𝑒𝑞 = 𝑀, considering DP2 and Rife
and Newton methods are employed three times, respectively,
and SDFrFT and SFFT are employed twice, respectively, the
total numbers of multiplications, 𝐶𝑚𝑢𝑙, and additions, 𝐶𝑎𝑑𝑑,
in the proposed sparse algorithm are

𝐶𝑚𝑢𝑙 ≈ (9𝜆itrt + 2𝜆𝛼)𝑁𝑠𝑒𝑞

+ 2𝜆𝛼log2 (𝑁𝑠𝑒𝑞√𝑁𝑠𝑒𝑞𝑙log2𝑁𝑠𝑒𝑞) ,
𝐶𝑎𝑑𝑑 ≈ 6𝜆itrt𝑁𝑠𝑒𝑞 + 2𝜆𝛼log2 (𝑁𝑠𝑒𝑞√𝑁𝑠𝑒𝑞𝑙log2𝑁𝑠𝑒𝑞) .

(39)

Similarly, the total numbers of multiplications, �̇�𝑚𝑢𝑙, and
additions, �̇�𝑎𝑑𝑑, in the nonsparse algorithm are

�̇�𝑚𝑢𝑙 ≈ 9𝜆itrt𝑁𝑠𝑒𝑞 + 𝜆𝛼𝑁𝑠𝑒𝑞log2𝑁𝑠𝑒𝑞,
�̇�𝑎𝑑𝑑 ≈ 6𝜆itrt𝑁𝑠𝑒𝑞 + 2𝜆𝛼𝑁𝑠𝑒𝑞log2𝑁𝑠𝑒𝑞. (40)

Figure 7 presents the complexity comparison of the
proposed sparse algorithmwith the nonsparse algorithm and
the DDLL algorithm. The results indicate that the proposed
algorithm has a much lower complexity than both the
nonsparse algorithm and the DDLL algorithm.

5. Implementation Issues

In this section, we discuss the implementation issues of the
proposed algorithm including the module reuse analysis and
the clock rate analysis.
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Figure 7: The comparison in terms of complexity.

5.1. Module Reuse Analysis. In NTN platforms, with the
requirement of lowpower consumption and low cost, the chip
size is strictly limited, which means that the reuse of system
module is necessary.

Figure 8 presents the implementation procedure of the
proposed algorithm. According to Section 3, it mainly con-
tains four steps, among which some modules can be reused.
First, DP3 can be conducted by twice DP2 due to (24).
Thus, SDPT3 and SDPT2 share a DP2 module. Second, SDPT
and SDFrFT share an SFFT module. Third, SDPT2, SDPT3,
and SDFrFT share a “Rife and Newton methods” module.
Consequently, a correlation module, a DP2 module, an SFFT
module, and a “Rife and Newton methods” module are
sufficient for the whole procedure.We just need𝑓𝑠𝐿ℎ𝑇𝑠𝑦𝑏 real
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Table 2: The comparison between DDLL and the proposed algorithm.

Items The DDLL Algorithm The proposed Algorithm Ratio
Process clock rate 156.25 MHz 610.35 kHz 256:1
Degree of parallelism 64 1 64:1

Note:
1: the first step.
2: the second step.

3: the third step.
4: the fourth step.

Input Signal

Subsample

Locate the pilot

Add constant
terms

of DFrFT Sparse FFT

Rife &
Newton iteration

Which step ?

Select the current step

Output the estimated
parameters

3 4

Resample

Select the current step

Repeat SDFrFT

1

2

DP2

DP2

-search

Figure 8: The implementation of the proposed algorithm.

multipliers, about (𝐵log2𝐵+𝑙𝑀/𝐵+2𝑁𝑠𝑒𝑞+𝑓𝑠𝐿ℎ𝑇𝑠𝑦𝑏) adders,
and about (𝜔 + (𝐵/2)log2𝐵 + (𝑙/𝐵 + 1)𝑀 + 4𝑁𝑠𝑒𝑞) complex
multipliers in total, which is easy to implement on chip, e.g.,
on the Field Programmable Gate Array (FPGA).

5.2. Clock Rate Analysis. The clock rate is a crucial parameter
in high speed system. A 5 Gbps communication system
requires a clock rate of 𝑓𝑠 ≥ 10 GHz, which is difficult to
implement on FPGA as the maximum rate of FPGA is on the
order of hundreds of MHz. To achieve this target clock rate,
the parallel processing is required in the conventional DDLL

Table 3: The critical parameters.

Parameter Value
Modulation OOK
Demodulation Direct detection
Data rate 5 Gbps
SNR 14 dB
The maximum velocity 7 km/s
The maximum acceleration 800 m/s2

Themaximum jerk 60 m/s3𝐿𝑓𝑟𝑚 8192 bit𝐿 𝑠𝑦𝑛 32 bit𝐿𝑝 49 bit

algorithm, which would lead to high resource consumption.
In comparison, the clock rate and the degree of parallelism
can be decreased in the proposed sparse algorithm thanks to
the subsampling, and the power consumption is accordingly
decreased to a great extent.

The comparison between the DDLL algorithm and the
proposed algorithm in terms of clock rate and degree of
parallelism are shown in Table 2 with 𝐿𝑓𝑟𝑚 = 8192 bit,𝛽 = 1, 𝑓𝑠 = 10 GHz, and 𝑟𝑠𝑚𝑝 = 𝛽𝐿𝑓𝑟𝑚𝑇𝑠𝑦𝑏/𝑇𝑠 =16384. The numerical results demonstrate the superiority
of the proposed algorithm over the DDLL algorithm in
terms of power consumption. From the above discussions,
the proposed algorithm can be applied to the spaceborne
platform of 5G NTNs.

6. Simulation Results

In this section, we evaluate the performance of the proposed
sparse algorithm in comparison with the nonsparse algo-
rithm and the DDLL algorithm. The main parameters are
listed in Table 3. In the simulation, we first verify the root-
mean-square error (RMSE) of these three algorithms versus
data size, 𝑁𝑠𝑒𝑞. As shown in Figure 9, the theoretical results
derived from (33), (36), and (37) are presented by the green
lines in the figures. It is observed that the simulation results
match well with theoretical results.

Specifically, Figure 9(a) plots the RMSE of distance
estimation (𝑎0) versus 𝑁𝑠𝑒𝑞. Although there exists a small
gap between the results of DFrFT and SDFrFT, the proposed
sparse algorithm can still accurately estimate 𝑎0. Moreover,
it outperforms the DDLL algorithm, especially in the small
data size regime. The reason is that DDLL needs long con-
vergence time to achieve high-precision estimation in high
dynamic environment. Although the convergence rate can be



12 Wireless Communications and Mobile Computing

3.2 3.3 3.4 3.5
2

2.5

3

2.1e-5
2.3e-5
2.7e-5

×10−5

×104

×104

0.5 1.5 2.5 3.530 1 2
Data size (unit: frame)

10−5

10−4

10−3

10−2

10−1

100

101

RM
SE

 o
f d

ist
an

ce
 es

tim
at

io
n 

(m
)

The result of DDLL
The result of SDFrFT
The result of DFrFT
Theoretical result of DFrFT

(a) The RMSE of distance estimation

3.25 3.3 3.35 3.4 3.45

1

1.5 0.0013
0.0011

0.00095

×104

×104

×10−3

10−4

10−2

100

102

104

106

108

1010

RM
SE

 o
f v

elo
ci

ty
 es

tim
at

io
n 

(m
/s

)

0.5 1.5 2.5 3.530 1 2
Data size (unit: frame)

The result of DDLL
Non-sparse:The initial value of DFrFT
Non-sparse:The Newton iteration result of DFrFT
Sparse:The initial value of SDFrFT
Sparse:The Newton iteration result of SDFrFT
Theoretical result of DFrFT

(b) The RMSE of velocity estimation

3.1 3.2 3.3 3.4 3.5

0.02
0.03
0.04

0.018
0.028

0.015

×104

×104

0.5 31.5 2.5 3.50 1 2
Data size (unit: frame)

10−2

100

102

104

106

108

1010

1012

RM
SE

 o
f a

cc
el

er
at

io
n 

es
tim

at
io

n 
(m

/Ｍ
2
)

The result of DDLL
Non-sparse:The initial value of DPT2
Non-sparse:The Newton iteration result of DPT2
Non-sparse:DFrFT
Sparse:The initial value of SDPT2
Sparse:The Newton iteration result of SDPT2
Sparse:SDFrFT
Theoretical result of DFrFT
(c) The RMSE of acceleration estimation

3.27 3.275 3.28 3.285 3.29

0.8
1

1.2
1.4
1.6
1.8

1.1
0.97
0.80

×104

×104
0.5 1.5 2.5 3.530 1 2

Data size (unit: frame)

100

102

104

106

108

1010

1012

RM
SE

 o
f j

er
k 

es
tim

at
io

n 
(m

/Ｍ
3
)

The result of DDLL
Non-sparse:The initial value of DPT3
Non-sparse:The Newton iteration result of DPT3
Sparse:The initial value of SDPT3
Sparse:The Newton iteration result of SDPT3
Theoretical result of DPT3

(d) The RMSE of jerk estimation

Figure 9: The comparison of the three algorithms versus𝑁𝑠𝑒𝑞.

improved by increasing the loop bandwidth, it results in a
high steady-state error and violates the accuracy requirement.

Figure 9(b) plots the RMSE of velocity estimation (𝑎1)
versus𝑁𝑠𝑒𝑞. SDFrFT exhibits a similar performance toDFrFT

on estimating 𝑎1, which is similar to that on estimating𝑎0. Furthermore, with the aid of Newton method, SDFrFT
outperforms the DDLL algorithm, especially in the small
data size regime. From the result, a small 𝐿𝑝 is sufficient for
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estimating 𝑎1, which indicates that the proposed algorithm
can be implemented without enormous channel cost.

Figure 9(c) plots the RMSE of acceleration estimation (𝑎2)
versus 𝑁𝑠𝑒𝑞. As shown in the figure, the accuracy of DPT2-
based result is improved by Newton method and further
improved by the 𝛼-search of DFrFT, which can be explained
by the analysis in Section 4. The improved estimated result
has a better accuracy than the DDLL-based result. In addi-
tion, in the small data size regime, there exists a larger gap
between the results of the proposed algorithm and the DDLL
algorithm in Figure 9(c) than that in Figure 9(b). This is
because the transformation-domain algorithm is designed
for estimating the acceleration, and DDLL responds more
slowly in tracking the acceleration compared with tracking
the velocity.

Figure 9(d) plots the RMSE of jerk estimation (𝑎3)
versus 𝑁𝑠𝑒𝑞. The comparison among DPT3, SDPT3, and
DDLL indicates that there are a huge gap and a minor
gap between the results of the proposed algorithm and the
DDLL algorithm and between the results of the proposed
sparse algorithm and the nonsparse algorithm, respectively.
Moreover, in the small data size regime, in comparison
to the acceleration estimation results in Figure 9(c), there
exists a larger gap between the results of the proposed
algorithm and the DDLL algorithm in terms of the jerk
estimation. The reason is that SDPT3 is designed for
estimating the jerk, and DDLL responds more slowly in
tracking the jerk than the acceleration, which presents
the advantage of the proposed algorithm in high dynamic
environment.

Next, we focus on the comparison between the sparse
algorithm and nonsparse algorithm versus parameter 𝛽 in
the formula 𝑟𝑠𝑚𝑝 = 𝛽𝐿𝑓𝑟𝑚𝑇𝑠𝑦𝑏/𝑇𝑠 with 𝑁𝑠𝑒𝑞 = 2048. The
simulation results are plotted in Figure 10 andmatchwell with
the theoretical results.

Specifically, Figure 10(a) presents the RMSE of distance
estimation (𝑎0) versus 𝛽. There exists no pronounced differ-
ence between the results of SDFrFT and of DFrFT, which
agrees with the results in Figure 9(a). However, the variation
tendency of the results in Figure 10(a) is different from that
in Figure 9(a). The RMSE decreases with the increase of𝑁𝑠𝑒𝑞

in Figure 9(a) and remains constant no matter the value of 𝛽
in Figure 10(a). It can be explained by (37) that the accuracy
of 𝑎0 is related to data size and is independent of the sample
interval.

Figures 10(b) and 10(c) plot the RMSEs of velocity
estimation (𝑎1) and acceleration estimation (𝑎2) versus 𝛽,
respectively. The results indicate that the performance is
almost the same no matter the sparse method is used
or not, which verifies the rationality of the sparse algo-
rithm. Compared with lengthening data, increasing sample
interval only has a slighter effect on estimating 𝑎1 and 𝑎2
in the condition of the same process duration. It can be
explained by (33) that lengthening data contributes more to
the accuracy than increasing sample interval. Fortunately,
the difference between these two cases is so small that an

accurate estimation still can be achieved by increasing the
interval. As increasing sample interval improves the estima-
tion accuracy without increasing computational burden, we
prefer it rather than lengthening data for the sake of power
consumption.

From the results in Figures 9(d) and 10(d), lengthening
data performs better than increasing sample interval in the
same process duration, which is similar to the comparison
results of Figures 9(b), 9(c), 10(b), and 10(c). The gap can be
filled up by slightly increasing the data size, e.g., as shown in
Figure 11 with 𝑁𝑠𝑒𝑞 = 4096, whose results indicate that the
configuration of 𝑁𝑠𝑒𝑞 = 4096 and 𝛽 = 16 exhibits a prior
performance to the configuration of𝑁𝑠𝑒𝑞 = 32768 and 𝛽 = 1
in Figure 9(d), and a much better performance than that of𝑁𝑠𝑒𝑞 = 2048 and 𝛽 = 16 in Figure 10(d).

From the above discussion, as increasing sample interval
improves the estimation accuracy without increasing compu-
tation resource, it is a better choice than lengthening data in
resource constrained platforms.

7. Experiment Results

Referring to the parameters listed in Table 3, we have
built a hardware platform for the experiment to verify the
implementability of the proposed algorithm. The topology
of hardware platform is given in Figure 12. The laser
signal is received by telescope and is transformed to an
electrical signal in the optical receiver. After that, the
electrical signal is transmitted to channel simulator, which
is employed to tune the transmission delay 𝑎0 and delay
rate 𝑎1 with the control of PC, via the LAN extension
for instrumentation (LXI) protocol. The output of channel
simulator is sampled by an analog-digital converter (ADC).
Then FPGA utilizes the samples to implement the proposed
temporal synchronization algorithm according to Figure 8.
The synchronization results are reported to PC, via the
peripheral component interconnect express (PCI-E) proto-
col.

We tune the transmission delay and delay rate by channel
simulator and estimate them by the proposed algorithm
with 𝑀 = 𝑁𝑠𝑒𝑞 = 2048 and 𝛽 = 2. The experiment is
repeated 50 times for each configuration of 𝑎0 and 𝑎1, and the
statistical results are presented in Table 4, where the RMSEs
of transmission delay and delay rate are on the orders of
0.01 ns and 0.3 ns/s, respectively. Due to the performance
loss caused by the nonideal hardware and the nonideal
channel, the experimental result performs inferior to the
simulation result. Fortunately, the accuracy of experimental
result still meets the demand of 5G NTNs, and the perfor-
mance can be further improved by lengthening the process
duration.

Next, we repeat the proposed temporal synchronization
algorithm once per 50 milliseconds to continuously estimate
the transmission delay, and the result is depicted in Figure 13.
The result in Figure 13 indicates that the proposed algorithm
can be implemented to continuously estimate the temporal
parameters in real time, and the accuracy achieves about 0.01
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Table 4: The experiment results of temporal synchronization.

True value of 𝑎0 (ns) True value of 𝑎1 (ns/s) RMSE of 𝑎0 (ns) RMSE of 𝑎1 (ns/s)
1 100 0.0103 0.264
1 1000 0.0100 0.311
10 100 0.0168 0.192
10 1000 0.0270 0.220
100 100 0.0138 0.268
100 1000 0.0133 0.306
1000 100 0.0185 0.212
1000 1000 0.0265 0.109
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Figure 10: The comparison of the sparse algorithm and nonsparse algorithm versus 𝛽 with𝑁𝑠𝑒𝑞 = 2048.
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ns in experimental environment. As the employed channel
simulator cannot simulate the acceleration and jerk currently,
the performance on estimating 𝑎2 and 𝑎3 will be verified in
follow-up experiments.

8. Conclusions

In this paper, we have developed a temporal synchronization
algorithm based on the sparse pilot and the sparse transform
method in the scenario with high Doppler and high data rate.
The performance of the proposed algorithm has been ana-
lyzed in comparison with the conventional DDLL algorithm
and the nonsparse algorithm. The analytical and simulation
results demonstrate that the proposed algorithm performs

best in terms of a good accuracy and the lowest complexity.
In addition, we have implemented the proposed algorithm,
which confirms its implementability in resource constrained
platforms, e.g., the IMDD-based laser communications for
feeder links in 5G NTN platforms.
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Owing to the superior performance in spectral efficiency, connectivity, and flexibility, nonorthogonal multiple access (NOMA) is
recognized as the promising access protocol and is nowundergoing the standardization process in 5G. Specifically, dozens ofNOMA
schemes have been proposed and discussed as the candidate multiple access technologies for the future radio access networks.This
paper aims to make a comprehensive overview about the promising NOMA schemes. First of all, we analyze the state-of-the-art
NOMA schemes by comparing the operations applied at the transmitter. Typical multiuser detection algorithms corresponding to
these NOMA schemes are then introduced. Next, we focus on grant-free NOMA, which incorporates the NOMA techniques with
uplink uncoordinated access and is expected to address the massive connectivity requirement of 5G. We present the motivation
of applying grant-free NOMA, as well as the typical grant-free NOMA schemes and the detection techniques. In addition, this
paper discusses the implementation issues of NOMA for practical deployment. Finally, we envision the future research challenges
deduced from the recently proposed NOMA technologies.

1. Introduction

In the past several decades, the wireless communication
system has evolved from the first generation, an analog com-
munication network which only transfers voice messages, to
LTE networks, which satisfies the great demands on mobile
broadband data transmissions. Recently, the development of
5G has raised new challenges with respect to peak data rate,
user experience data rate, spectral efficiency (SE), energy
efficiency (EE), massive connectivity, low latency, and ultra-
reliability, etc.

Nonorthogonal multiple access (NOMA) technologies
have been recognized by both industry and academia as one
promising tendency and progress, ever since the deployment
of orthogonal frequency-division multiple access (OFDMA)
in LTE, to meet the wide-ranging requirements for 5G and
beyond under the strict constraint of the limited radio
resources [1]. The idea of NOMA can trace back to the
information-theoretic researches about multiuser informa-
tion theory [2]. In downlink broadcast channel (BC), super-
position coding and successive interference cancelation (SIC)

receiving are employed to approach the entire capacity region
of BC. Meanwhile, in uplink multiple access channel (MAC),
the signals of different transmitters are overlapped and SIC
receiver is applied to achieve the corner points of MAC
capacity region. In 1990s, multiple access protocols, which
exploited the differences between the power levels of the
received packets, were proposed and studied by Shimamoto
(1992) [3], Pedersen (1996) [4], and Mazzini (1998) [5],
respectively. In 2008, Y. Yan and A. Li in [6] proposed a
superimposed radio resource sharing (SRRS) scheme which
utilizes the near-far effect to enhance the uplink through-
put performance. SRRS superimposes different uplink data
streams on the same radio resources and applies SIC at the
receiver, which can be regarded as a prototype of NOMA,

Despite all the related researches, NOMA is still not com-
mercialized in the past decades due to the concern of high
computational complexity of SIC-type receiver. However, the
rapid growth of processing power of the microprocessors
in these years has provided an opportunity to the stan-
dardization and commercialization of NOMA technologies.
Recently, downlink nonorthogonal transmissions, featured

Hindawi
Wireless Communications and Mobile Computing
Volume 2018, Article ID 6187580, 26 pages
https://doi.org/10.1155/2018/6187580

http://orcid.org/0000-0002-6605-826X
http://orcid.org/0000-0002-6519-4446
http://orcid.org/0000-0001-9754-4749
https://doi.org/10.1155/2018/6187580


2 Wireless Communications and Mobile Computing

Table 1: Summery of existing surveys about NOMA.

Survey Scope Contributions
[13] Power-domain NOMA A comprehensive survey about power domain-NOMA, as well as the related designs.
[14] NOMA schemes Review of power-domain and code-domain NOMA schemes

[15] NOMA schemes and
waveforms Review of some NOMA schemes and nonorthogonal waveforms.

[16] NOMA schemes Review of some NOMA schemes towards 5G, as well as the application scenarios and typical
receivers.

[17] Theoretical analysis of
NOMA

Review of the theoretical analysis about power-domain NOMA and cognitive radio inspired
NOMA.

[18] Downlink NOMA Industrial view about downlink NOMA in 5G.
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Figure 1: The outline of this paper.

by multiuser sharing technology (MUST), are specified in
LTERelease-14 in 2017. Toward the evolution of 5G, the indus-
trial community has proposed dozens of NOMA schemes as
candidate multiple access technologies. In the meantime, a
study item of NOMA, actuated by its potential advantages,
has been approved by 3GPP RAN plenary [7] in March 2017,
which promotes the standardization of NOMA in 5G.

The core idea of NOMA is to multiplex different data
streams over the same radio resources and employ multiuser
detection algorithm at the receiver to recover multiple users’
signal streams. The major design target of NOMA is to
introduce controllable mutual interference among users to
achieve a fine tradeoff between multiplexing gain and detec-
tion reliability. According to both theoretical and numerical
analysis, NOMA outperforms OMA with respect to SE,
EE, and connectivity [8–11]. To grasp the development of
NOMA technologies, some published review papers have
presented different aspects of NOMA. We summarize the
main contributions of these articles in Table 1.

Different from the existing literature, this paper presents
a comprehensive review about the recent progress of NOMA
proposed in the standardization process of 3GPP toward
5G, including candidate NOMA schemes and multiuser
receiving technologies. Meanwhile, we also survey the state-
of-the-art grant-free NOMA schemes, which are expected to
satisfy the massive connectivity and high EE requirements
in massive machine-type communication (mMTC) scenario.

Additionally, we discuss the implementation issues about
NOMA. The contributions of this survey are summarized in
the following four aspects:

(i) It is a comprehensive survey about the candidate
NOMA schemes proposed in 3GPP, as well as
the promising multiuser detection methods. NOMA
schemes are categorized into bit-level and symbol-
level schemes for illustrations, according to the agree-
ments in 3GPP [12].

(ii) The motivation and main idea of grant-free NOMA
are presented in this survey. In addition to the
grant-free procedures, this survey also introduces the
typical grant-free NOMA schemes, as well as the
detection algorithms.

(iii) The implementation issues about NOMA, especially
grant-free NOMA, are discussed, with respect to
resource allocation, procedures, and physical layer
signals.

(iv) The future research challenges related to NOMA
are identified, including physical layer enhancement,
cross layer design, applications of NOMA in new
scenarios, and the joint design of NOMA with other
technologies.

Figure 1 illustrates the broad outline of this review. The
rest of this review is organized as follows. Section 2 intro-
duces the typical transmission and reception technologies of
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NOMA. Section 3 analyzes the grant-free NOMA, includ-
ing the motivations, procedures, and typical transceiving
schemes. In Section 4, we discuss the implementation issues
of NOMA toward 5G. The future research challenges about
NOMA are highlighted in Section 5, and Section 6 concludes
this paper.

2. Typical NOMA Technologies

The industrial community has proposed plenty of NOMA
schemes to meet the diversified requirements toward 5G.
Until 3GPP TSG-RAN WG1 (RAN-1) #86, at least 15 can-
didate NOMA schemes have been proposed for 5G new
radio (NR) [19–32]. On RAN-1 #86b, a general framework
of NOMA schemes is agreed upon [12], which helps to
categorize existing operations in NOMA schemes into bit-
level operations and symbol-level operations, as shown in
Figure 2. Note that several component operations may be
simultaneously adopted in the future 3GPP Release-15 to
satisfy the requirements of different application scenarios.

Correspondingly, the proposed NOMA schemes can also
be categorized into two classes, namely, bit-level NOMA and
symbol-level NOMA, where the bit-level NOMA focuses on
the design related to channel coding and bit-level interleav-
ing, while the symbol-level NOMA mainly lays emphasis
on symbol spreading and mapping. According to the above
classifications, we summarize the state-of-the-art NOMA
schemes in Table 2 and then give a comprehensive analysis.
Meanwhile, the detection algorithms designed for these
NOMA schemes are analyzed afterwards.

2.1. Bit-Level NOMA. Bit-level NOMA schemes exploit the
low-rate forward error-correction (FEC) codes to enhance
the detection accuracy, and/or take the advantage of user-
specific interleaving to whiten the multiuser interference
(MUI). In the following, we analyze several typical bit-
level NOMA schemes including power-domain NOMA (PD-
NOMA), low coding rate spreading (LCRS), low code rate
and signature based shared access (LSSA), interleave-division
multiple access (IDMA), and interleave-grid multiple access
(IGMA).

2.1.1. PD-NOMA. PD-NOMA [27] multiplexes the users in
power domain and applies the iteration-based SIC receiver to
detect multiple signal streams at the receiver [33, 34]. In each
iteration of SIC receiving, the MUI is regarded as thermal
noise, which suggests that the user demultiplexing could be
implemented by generating a large power difference among
the multiplexed users. According to the simulation results,
PD-NOMA can improve the resource utilization efficiency in
both uplink and downlink [34]. Meanwhile, PD-NOMA can
maintain low peak to average power ratio (PAPR) if single-
carrier property is kept [35]. In addition, PD-NOMA does
not depend on the information of instantaneous channel state
information (CSI) of frequency-selective fading. Therefore,
no matter the user mobility or CSI feedback latency, a robust
performance gain in practical wide area deployments can be
expected.

The major design aspect related to PD-NOMA is
the resource allocation, including user association, radio
resources assignment, and power allocation [36]. However,
solving the resource allocation problem in one shot would
be nontrivial. Therefore, this problem is usually decoupled
into two subproblems, i.e., user scheduling and power allo-
cation, respectively. In PD-NOMA, the users with large
channel gain difference (e.g., large path-loss difference) are
normally paired to enhance SE performance [37]. However,
this simple criterion may cause unfairness in system-level
deployment. Proportional fairness (PF) based scheduling
[38], which simultaneously optimizes the user fairness and
system throughput, is a practical user scheduling technology
for PD-NOMA. The PF metric, calculated by dividing the
instantaneous signal to interference and noise ratio (SINR)
with the average data rate over the past period, is max-
imized during the user scheduling stage [39]. In uplink,
user scheduling should consider the single-carrier frequency-
division multiple access (SC-FDMA) where the subcarriers
are distributed continuously to overcome the PAPR problem.
One low complexity heuristic method based on greedy sub-
band widening is proposed in [40] for practical deployment.

In the meantime, there have been abundant literature
sources which address the power allocation problem of PD-
NOMA [13]. Due to the nonconvexity of the power allocation
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Table 2: Summarization of NOMA schemes toward 5G standardization.

NOMA scheme Key technical point Main advantage

IDMA

Low coding rate

Low rate FEC code Bit-level Interleaving Randomized the mutual
interference

IGMA Low rate FEC code or
moderate one with repetition

Bit-level Interleaving
(permutation matrix) Sparse grid Mapping

LSSA Low rate FEC code or
moderate one with repetition

User-specific bit-level
interleaving/permutation

pattern

Large number of
signatures

LCRS Low rate FEC code and
repetition Bit-level spreading Large coding gain

SCMA
Short low density

spreading

Multidimensional modulation Signal space diversity
gain

PDMA Irregular LDS Irregular protection
LDS-SVE LDS & User signature vector extension (SVE) Higher diversity

MUSA

Short dense spreading
(low cross-correlation

sequence)

Short complex spreading sequence Easy to generate & Large
number

NCMA NCC obtained by Grassmannian line packing problem Optimal nonorthogonal
sequence

NOCA Zadoff-Chu sequence Easy to generate, low
PAPR

SSMA Orthogonal or quasi-orthogonal codes

GOCA
Long

spreading/scrambling
sequence

Group-based orthogonal/nonorthogonal sequences Inter-group
orthogonality

RDMA Cyclic shift based time-frequency repetition Easy implementation

RSMA Low cross-correlation Sequence scrambling Fit for asynchronized
scenario

RSMA(single
tone) Single carrier (similar to CDMA), low PAPR modulation Extended coverage and

low PAPR for uplink

problem, advanced optimization techniques are usually
employed to optimize the system throughput, reliability,
and/or connectivity. In [41], the maximization of PF metric
is presented. At first, the optimal power allocation of MAC
is calculated iteratively. Then the optimization results can be
converted to BC based on uplink-downlink duality. Several
water-filling based methods are summarized and further
studied in [42], where a weighted water-filling method is
proposed in presence of user priority. In [43], an iterative
suboptimal power allocation algorithm based on difference
of convex (DC) programming is presented. The readers may
refer to [13] for an extensive review about resource allocation
algorithms in PD-NOMA.

Nevertheless, the existing methods may still be complex
for system-level deployment. Hence, several power allocation
methods are proposed by industrial community to enable
efficient and practical applications.When the users have been
paired into groups, one option is to apply the predefined
power allocation ratios to different users as done in [44].
An alternative method is to choose one option that can
maximize the PF metric out of several options; e.g., for two-
user NOMA, the options of the power ratio can be [0.2, 0.8]
and [0.3, 0.7], which is also termed fixed transmission power
allocation (TPA). Since the indexes of TPA can be predefined,
TPA can effectively decrease the amount of downlink signal-
ing related to PD-NOMA. Another commonly used method

is the fractional transmit power allocation (FTPA) inspired
from the transmission power control used in the LTE uplink
[39]. In FTPA, the users with poorer channel conditions
are allocated with more power to partially compensate the
channel loss. In the above FTPA, the related parameters can
be optimized via system-level simulation. After the resource
allocation stage, a sophisticated design of the constellations,
e.g., constellation rotation [45], may provide additional gain
in enhancing the detection accuracy.

When multicell or dense-network scenario is considered
[46], the uplink PD-NOMA would increase the intercell
interference (ICI) because multiple users are allowed to
transmit on the shared carriers. Therefore, user association
and ICI-aware power allocation should also be studied to
control the transmission power and avoid causing severe ICI
to the neighboring cells [47, 47].

2.1.2. IDMA. In addition to the power-domain multiplexing,
the users can also be distinguished if they have different inter-
leaving patterns, which is exploited in interleave-division
multiple access (IDMA). IDMA is initially proposed by P.
Li et al. [48] to enhance the performance of asynchronous
code division multiple access (CDMA). It has the benefits of
preventing the effect of fading and mitigating the ICI as in
CDMA [48]. Researchers in [49] expound that IDMA can
exhibit some other attractive characteristics such as flexible
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rate adaptation, frequency diversity, and power efficiency.
Besides, the theoretical study of IDMA also shows that
the interleaved low-rate codes with a simple chip-by-chip
iterative decoding strategy could achieve the capacity of a
Gaussian MAC [50].

The transmission structure of IDMA is illustrated in
Figure 3. The low-rate FEC encoder 𝐶 is applied to encode
the user-𝑘’s data bits d𝑘. The output is referred as coded
bits c𝑘. The coded bits c𝑘 pass through the interleaver
𝜋𝑘, after which multiple users’ signals are multiplexed
in the air. The interleaving patterns are generated inde-
pendently and randomly and vary from each other in
order to distinguish the users. Therefore, the design of
reasonable interleavers is rather essential. A user-specific
interleaver design method is proposed in [51], which
can resolve the memory cost problem and reduce the
signaling exchanging between the gNB and the users.
Besides, to accommodate IDMA in multicarrier transmis-
sion, e.g., in OFDM, a multicarrier interleave-division-
multiplexing-aided IDMA (MC-IDM-IDMA) is presented in
[52].

IDMA has been wildly studied because of its robustness
and user overload tolerance [19]. The structure of IDMA in
single-path andmultipath environments is elaborated in [53].
Besides, a power allocation method is introduced to enhance
the performance of IDMA by taking the advantage of the
semianalytical technique [48].

2.1.3. IGMA. Interleave-grid multiple access (IGMA) goes
one step further than IDMAby introducing the gridmapping
patterns [20], which can cooperate with the interleaving
patterns to distinguish the signal streams fromdifferent users.

The flexibility to choose bit-level interleavers and/or grid
mapping pattern for distinguishing the users could be easily
supported in IGMA. Meanwhile, the scalability supporting
different connection densities would be achieved with the
abundant signatures generated by bit-level interleavers and
grid mapping patterns.

Hereinafter, we briefly explain the general procedure of
IGMA. Firstly, the user’s data bits are encoded by the channel
encoder to generate the coded bit sequence. The sequence is
then interleaved to randomize the order of coded bits based
on a preconfigured interleaver. The interleaved bit sequence
is then modulated into the symbol sequence. Finally, the
grid mapping process is conducted to interleave the symbol
sequence as shown in Figure 4. The whole procedure of
IGMA can further help in combating frequency selectivity
and ICI due to the randomization.

2.1.4. LSSA. The low code rate and signature based shared
access (LSSA) scheme is proposed to support asynchronous
massive transmission in uplink [23]. LSSA randomizes the
MUI among the users by multiplexing the users’ data streams
with user-specific signature patterns at bit-level, where the
signature patterns are usually unknown to others. Besides,
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Table 3: Distinction between long and short sequences.

Long sequence Short sequence
Level of operation Bit level/symbol level Usually symbol level
Generation of sequence Randomly Carefully designed

Usage Disperses the encoded bit sequences so that the adjacent
bits are approximately uncorrelated To facilitate MUD

Receiving technique Requires iterative detection between symbol-level and
bit-level, e.g., ESE-SIC Symbol level detection, e.g., MPA/EPA

Synchronization requirement Supports asynchronous transmission when combined with
single carrier waveform, e.g., RSMA

Synchronization is usually required, e.g.
SCMA

Blind detection Does not support Support

FEC Encoder Codebook-1
Codeword-1

Overlaid codewords 
with code domain 
resource sharing

FEC Encoder Codebook-2
Codeword-2

FEC Encoder Codebook-3
Codeword-3

FEC Encoder Codebook-4
Codeword-4

FEC Encoder Codebook-5
Codeword-5

FEC Encoder Codebook-6
Codeword-6

Figure 5: A typical transmission structure of SCMA with six users and four subcarriers.

the channel coding scheme which has very low code rate
is adopted to encode each user’s information bits in LSSA,
which helps to mitigate the effect of the MUI. The low-rate
FEC code can also be replaced by employing higher rate FEC
code along with spreading. After the channel coding, bit-
levelmultiplexingwith user-specific signature would be used.
The user-specific signature may relate to the reference signal,
the complex/binary sequence, and the permutation pattern
of a short length vector. The length of orthogonal spreading
codes is a factor that influences the number of simultaneous
transmissions. Fortunately, the receiver in LSSA does not
depend on orthogonal multiplexing codes to distinguish the
target users’ signals. Instead, the interference cancelation is
exploited, so that high user overloading is well supported.The
signature of LSSA can be chosen randomly at the user side or
assigned to the user by the gNB. Furthermore, LSSA can also
be optionally modified to have a multicarrier variant in order
to exploit frequency diversity provided by wider bandwidth
and to achieve lower latency.

2.1.5. LCRS. Low code rate spreading (LCRS) is another
NOMA scheme which utilizes the bit-level repetition and
low-rate coding to spread information bits over the total
nonorthogonal transmission area [21]. Therefore, LCRS can
achieve the maximum coding gain by combining channel
coding and spreading through low-rate codes. Under this
circumstance, a user-specific channel interleaver [48] can be
further exploited to aid the multiuser signal separation at the
receiver.

2.2. Symbol-Level NOMA. Different from bit-level NOMA
schemes which focus on the bits, symbol-level NOMA
schemes play with symbols and mainly lay emphasis on
the bit-to-symbol mapping. As illustrated in Table 2, a
large portion of symbol-level NOMA schemes utilize the
short sequence-based spreading to enhance the connectivity.
These schemes can be further divided into two subcate-
gories according to the densities of the spreading sequences.
Some other symbol-level NOMA schemes make use of long
sequence-based scrambling/spreading/permutation, where
the receiver exploits the difference between these sequences.
Table 3 compares the pros and cons of applying long or
short sequences in symbol-level NOMA, which are further
illustrated in the following subsections.

Short Sparse Spreading NOMA

(1) SCMA. Sparse code multiple access (SCMA) is a low
density spreading-based NOMA scheme, which can achieve
high overloading while maintaining high reliability [32, 54,
55]. The core idea of SCMA is to directly map the coded bits
to the multidimensional modulation symbols, according to a
predefined sparse codebook, instead of sequentially conduct-
ing modulation and low density spreading. Therefore, both
the resource element mapping and the multidimensional
constellation are essential designs in SCMA [56]. The trans-
mission process of SCMA is illustrated in Figure 5, where
multiple signal layers are multiplexed on the same radio
resources. One major design aspect of SCMA is the sparse
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Figure 6: Resource mapping of PDMA, with six users and four subcarriers.

multidimensional codebook [57]. In [57], a SCMA codebook
designmethod based on rotation, shuffling, and permutation
is proposed, along with an example SCMA codebook which
brings large shaping gain. SCMA can also achieve the signal
space diversity by permuting the signal components to paired
symbols located in multiple radio resources. Besides, with
the sparse structure of SCMA, iterative multiuser detection
algorithms, e.g., message passing algorithm (MPA), can be
applied to simultaneously detect multiple data streams in
symbol-level.

However, one concern of SCMA is that the sparse struc-
ture may be violated when single carrier is performed [23].
And MPA receiver may cause large computational burden
and processing delay when the number of multiplexed users
is large. Hence, a good tradeoff ought to be achieved between
complexity and performance in the design of SCMA.

(2) PDMA. Inspired by unequal transmission diversity and
sparse coding, pattern division multiple access (PDMA) is
proposed as a novel NOMA scheme to enhance the perfor-
mance of multiuser communication system [28]. Different
from SCMA which utilizes regular spreading signatures,
PDMA usually employs irregular sparse signatures to facil-
itate the SIC receiving [58]. Besides, with the irregular sparse
spreading signatures, PDMA can have a total number of 2𝑁
signatures where𝑁 is the length of spreading.

An example of the code domain pattern matrix of PDMA
is shown in (1), which involves six users and four subcarriers.
A “1” means that the subcarrier is occupied by a user.
According to the spreading patterns, the signals of the six
users are illustrated in Figure 6. However, we also see that
one drawback of PDMA is that it cannot guarantee to
accommodate the strict sparsity constraints as in SCMA; i.e.,
four users multiplex on the 3rd RE.

𝐺PDMA =
[[[[[
[

1 1 1 0 0 0
1 1 0 1 0 0
1 1 1 0 1 0
1 0 0 1 0 1

]]]]]
]

(1)

To further enhance the ability of distinguishing themulti-
plexed users, PDMA allows utilizing multiple domains in the
design of the signature matrix, including temporal, spatial,
code, power, and interleave domains [59, 60]. For example,
PDMA with large-scale antenna array (LSA-PDMA) is pro-
posed where the spreading signatures are designed jointly
in beam and power domain to improve the system sum
rate and access connectivity, respectively [61]. In addition,

an interleaver-based PDMA (IPDMA) scheme is proposed,
where the signal separation can be done according to different
bit-level interleavers and/or characteristic patterns [62].With
the joint design at the transmitter and the receiver, PDMA
can meet the need of higher spectral efficiency in 5G, while
ensuring a reasonable receiver complexity.

(3) LDS-SVE. Low density signature-signature vector exten-
sion (LDS-SVE) is another LDS-based NOMA scheme [22].
The major difference between LDS-SVE and the other LDS-
based NOMAs, i.e., SCMA and PDMA, is that the former
introduces user-specific signature vector extension, which is
performed by transforming and concatenating two element
signature vectors into a larger signature vector.

In the following, we show an example of LDS-SVE
in Figure 7. The modulated symbols are first divided into
two vectors, i.e., s𝑖, 𝑖 = 1, 2, according to a serial-to-
parallel transformation. Define s𝑅 as a real vector obtained
by stacking the real and imaginary parts of signature s1 and
s2, as shown in Figure 7. The SVE output is defined as a
real vector x𝑅, which is achieved by multiplying s𝑅 with
a transformation matrix U. At last, transmission complex
signal x can be recovered from x𝑅, i.e., by reconstructing the
complex symbols from the real vector x𝑅.Themain advantage
of LDS-SVE is that, bymultiplyingU, the originalmodulation
symbols are spread on more REs, which brings higher order
of diversity.

Short Dense Spreading NOMA

(4) MUSA. Multiuser sharing access (MUSA) is a NOMA
scheme based on short complex spreading sequence and
SIC receiver [24]. In general, the spreading sequences in
MUSA do not have sparsity as in SCMA, PDMA, and LDS-
SVE [15]. We illustrate the transmission procedure of MUSA
in Figure 8. After channel encoding and modulation, as
shown in Figure 8, each user’s data symbols are spread by a
complex sequence, whose elements take values in complex
field. Then the spread symbols of each user are transmitted
on the shared radio resources. At the receiver, the well-
designed spreading sequences are exploited by the multiuser
detectors to distinguish different users’ data streams. It is
worth mentioning that different symbols of the same user
may use different spreading sequences, which can average the
MUI and improve the system-level performance.

Short sequence-based spreading is the major operation
in the MUSA transmitter. Each user can randomly pick
one spreading sequence from a sequence pool consisting of
multiple spreading sequences.The spreading sequence design
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Figure 7: An illustration of LDS-SVE.
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Figure 8: The transmission structure of MUSA with 𝐾 simultaneous users.

in MUSA follows the guidelines of low cross-correlation,
where each element of the sequence is chosen out of a
complex scalar set, e.g., {±1, 0, ±𝑖}. Due to the utilization
of the imaginary part, complex spreading sequences could
perform the lower cross-correlation compared to pseudoran-
dom noise (PN), even with a short-spreading length [63]. In
addition, with arbitrarily selected complex elements, the pool
of the spreading sequences in MUSA can be very large.

(5) NCMA. Similar toMUSA, nonorthogonal codedmultiple
access (NCMA) also uses nonorthogonal dense spreading
sequence to minimize MUI and support high overloading
capability [25]. The spreading sequences of NCMA, also
named as nonorthogonal cover codes (NCC), are obtained by
solving the Grassmannian line packing problem, where the
solutions of the problem guarantee the optima nonorthogo-
nal sequences [64]. Due to the design of NCC, the interfer-
ence level between two users is predictable.

The transmission structure of NCMA is illustrated in
Figure 9. In NCMA, each user’s data symbol is spread with
NCC, and an additional FFT operation can be implemented
before IFFT to reduce the PAPR. At the receiver, a simple

despreading and parallel interference cancelation (PIC)
detector can be implemented to recover the multiplexed
signals.We note that applying IFFT on spare spreading-based
NOMA schemes, e.g., SCMA and PDMA, would destroy the
sparse structure and lead to high computational complexity
in detection. To further improve the connectivity and bring
additional throughput gain under specific QoS constraints,
multistage spreading based on NCC can be applied. How-
ever, the correlation properties of the multistage spreading
sequences, which are composed bymultiplying severalNCCs,
need to be clarified. Hence, a good tradeoff between the
connection density and the decoding performance needs to
be further evaluated [23].

(6) NOCA. Nonorthogonal coded access (NOCA) is another
spreading-based NOMA scheme. Similar to other symbol-
level NOMA schemes, the data symbols in NOCA are spread
according to nonorthogonal sequences before transmission
[26]. The spreading in NOCA is operated in both time
and frequency domain. We demonstrate the transmission
structure ofNOCA in Figure 10.The serialmodulated symbol
sequence is first converted to 𝑃 parallel subsequences by a
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S/P converter. We denote 𝐶𝑗 as the nonorthogonal spreading
sequence with length 𝑆𝐹, where 𝑆𝐹 denotes the spreading
factor. The 𝑗th subsequence is then spread on 𝑆𝐹 subcarriers
according to 𝐶𝑗. Hence, a total number of P × SF subcarriers
are required for NOCA. Besides, to accommodate the single-
carrier transmission in uplink, FFT operation can also be
applied before IFFT to reduce the PAPR.

To ensure high detection accuracy and high overload-
ing, the spreading sequences used in NOCA should follow
some properties, such as good autocorrelation, low cross-
correlation, and low storage requirement. Meanwhile, the
sequences should have constant modulus to ensure low
cubic metric. Besides, multiple spreading factors might be
supported for flexible adaptation.

(7) SSMA. Short sequence spreading-based multiple access
(SSMA) is another spreading-based NOMA scheme [21],
which directly spreads the modulation symbols with mul-
tiple orthogonal or quasi-orthogonal codes and transmits

the spread symbols in time-frequency resources allocated
for nonorthogonal transmission. The transmission structure
of SSMA, as illustrated in Figure 11, is similar to NOCA,
where user-specific scrambling is applied to average the
MUI.

Long Sequence-Based NOMA

(8) RSMA. Resource spread multiple access (RSMA) is
a novel NOMA scheme which applies long spreading or
scrambling sequence to disperse the users signal over the
entire radio resources. In RSMA, each user’s codewords can
be spread over all available time and frequency resources
[24]. Therefore, RSMA can achieve full diversity compared
to short-spreading-based NOMA schemes. At the receiver,
different spreading/scrambling sequences can be exploited to
distinguish different signal streams. Besides, low-rate FEC
codes and advanced detection algorithms in RSMA can
ensure high transmission reliability. The scrambler can also
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be replaced by different interleavers for the sake of whitening
the MUI.

According to different application scenarios, two kinds
of RSMA schemes have been proposed, i.e., single-carrier
RSMA and multicarrier RSMA [30], as shown in Figure 12.
On the one hand, single-carrier RSMA employs the single-
carrier waveforms and low PAPR modulations to enhance
the performance of battery power consumption and coverage
extension for small data transmission. Match-filter (MF)
based receiver can be applied to distinguish different signals
of single-carrier RSMA with low computational complexity.
In addition, single-carrier RSMA does not rely on joint
detection, which loses the synchronization requirement and
makes it a good candidate for asynchronous access. On the
other hand,multicarrier RSMA is studied to lower the latency
and to promote the spectral efficiency for legacy users.

(9) RDMA. Repetition division multiple access (RDMA) can
be regarded as an interleave-based NOMA scheme [29].
However, instead of deploying bit-level interleaving as in
IDMA, RDMA focuses on the symbol-level interleaving
which is designed based on simple cyclic-shift repetitions. In
RDMA, each user’s modulation symbol vector is repeatedly
transmitted for several times, where different cyclic-shift
indexes are assigned to the repetitions. Besides, different
userswould have different repetition and cyclic-shift patterns,
which enables completely randomized MUI and achieves
both time and frequency diversities.

The transmission structure of RDMA with 𝐾 simul-
taneous users is illustrated in Figure 13. Compared with
IDMA and RSMA, RDMA is simpler and may reduce the

signaling overhead, since the user-specific scrambling and
interleaving patterns are not needed.Meanwhile, SIC receiver
is used in RDMA to provide good tradeoff between receiving
complexity and detection performance.

(10) GOCA. Group orthogonal coded access (GOCA) is
another long sequence-based NOMA scheme, which can
be seen as an enhanced version of RDMA [29]. The major
difference between GOCA and RDMA lies in the fact that the
former employs the group orthogonal sequences to spread
the modulation symbols into shared time and frequency
resources after repetitions, as shown in Figure 14. Similar to
RDMA, SIC receiver is expected to achieve good detection
performance with moderate computational complexity.

The group orthogonal sequences have a two-stage
structure, where orthogonal sequences and nonorthogo-
nal sequences are used in first and second stage, respec-
tively. Therefore, as shown in Figure 15, we can divide
the GOCA sequences into several nonorthogonal groups
according to the nonorthogonal sequences used in the
second stage, while the sequences within a group are
orthogonal to each other due to the design in the first
stage.

2.3. Multiuser Detection Technologies. According to NOMA
protocol, different users’ signal streams are multiplexed on
the same radio resources; therefore the multiuser detection
(MUD) technologies are needed to distinguish independent
signal streams. In the sequel, we analyze some essential
MUD technologies, which are proposed tomatch the NOMA
schemes in the above subsections.
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2.3.1. MMSE-SIC. The minimum mean square error-succes-
sive interference cancelation (MMSE-SIC) receiver is a direct
extension of MMSE receiver, as shown in Figure 16. In the
first iteration of MMSE-SIC, the signal with largest received
SINR is first detected by MMSE receiver by regarding the
interference as noise, demapped, and then decoded to obtain
the information bits. After that, the signal of this user is
reconstructed and canceled from the received signal. The
above procedure is repeated in the following iterations until
no signal stream can be successfully recovered.

MMSE-SIC receiver suffers from error propagation prob-
lem, where the estimation errors in previous signal layersmay
propagate to the remaining layers.With the aim of mitigating
the error propagation, the received SNRs of different data

streams shall have large differences to ensure sufficient SINR
in each iteration. Therefore, MMSE-SIC is especially suitable
for PD-NOMA, as well as other NOMA schemes where users
have diversified channel conditions.

2.3.2. MPA. MPA is an iteration-based nonlinear symbol
detection algorithm, which can exploit the structure of sparse
spreading sequences and achieve near maximum-likelihood
(ML) performance. Different from ML receiving which esti-
mates the entire spreading block with full search method,
MPA only conducts localized optimal detection on each
resource element to acquire the soft information about the
transmitted symbols, and then delivers the information to the
neighboring resource elements as the extrinsic information
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of the next localized optimal detection. We show the MPA
receiver in Figure 17.

The originalMPA receiver focuses on symbol-level detec-
tion and does not exploit the error-correction ability of FECs
to separate different signal streams. To resolve this problem,
MPA-turbo and MPA-SIC are proposed as shown in Figures
18 and 19, respectively. As revealed in its name, MPA-turbo
works just like the turbo decoding, where the FEC decoder
processes the soft information provided by MPA and then
gives feedback on the processed soft information to MPA
module as extrinsic information. Different fromMPA-turbo,
MPA-SIC directly cancels the recovered signal streams from
the received signal to mitigate the MUI.

2.3.3. EPA. Although MPA significantly reduces the com-
putational complexity compared to ML, the complexity still
grows exponentially with the number ofmultiplexed users on
each radio resource. Estimation propagation algorithm (EPA)
is another graphical-based multiuser detection algorithm,

proposed for SCMA, to further reduce the computational
complexity order from exponential to linear [65]. The idea
of EPA originates from the variational approximate inference
method, which is commonly applied in the machine learning
era [45]. Different from MPA, EPA employs a Kullback-
Leibler divergence based projection in the message update
steps to align with the expectation propagation principle. We
can directly replace the MPA module with the EPA module
in the SCMA receiver, as shown in Figure 20, and generate
new variants of EPA such as EPA-turbo and EPA-SIC using
the similar approaches in MPA.

2.3.4. ESE-PIC. Elementary signal estimation-parallel inter-
ference cancelation (ESE-PIC) receiver is originally proposed
in IDMA, which has shown robust performance even when a
large number of users aremultiplexed. As shown in Figure 21,
ESE-PIC first detects transmitted symbols via ESE detection,
a linear symbol detector. Then the detected signals are
parallelly deinterleaved and decoded to acquire the coding
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Table 4: Comparisons of NOMA receivers.

Receiver Main character Pros Cons Applications

MMSE-SIC Reuses single-user receiver
and SIC Low complexity Requires large SNR gaps

among users
Almost all schemes,
especially PD-NOMA

MPA/EPA Symbol-level iterative
detection Near-ML symbol detection Middle/high complexity Sparse spreading NOMA

MPA-turbo/SIC Iterative detection between
symbol-level and bit-level

Better performance than
MPA/EPA High complexity Sparse spreading NOMA

ESE-PIC Iterative detection between
symbol-level and bit-level No requirement on sparsity High complexity &

hardware overhead Especially bit-level NOMA
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gain. The output information from the decoder is then sent
back to ESE module to aid symbol detection.

2.3.5. Comparisons on MUD Receivers. We now compare
the pros and cons of the aforementioned receiving tech-
nologies, as well as their applicable NOMA schemes, as
shown in Table 4. To sum up, the overall structure of MUD
receivers consists of two parts, i.e., symbol detector and FEC
decoder. Joint symbol detection, i.e., MPA and EPA, achieves
better performance than single user detection, i.e., MMSE.
However, they only work with short and sparse spreading
sequences. Long sequence-based schemes require iterative
detection, i.e., ESE-PIC; however, due to parallel message
passing, several decoders may work at the same time, which
leads to even larger hardware cost than MPA-turbo/SIC.
To facilitate the implementation of NOMA and satisfy the
diversified requirements of 5G, a good tradeoff between
detection accuracy, computational complexity, latency, and

hardware requirements should be achieved, which certainly
requires further study.

3. Grant-Free NOMA for mMTC

The state-of-the-art NOMA schemes, mentioned in
Section 2, are mainly based on centralized scheduling,
where spreading sequences, interleaving patterns, and/or
transmission powers of different users are scheduled by the
gNB. However, the major drawback of the scheduling-based
NOMA is that the signaling overhead occupies a large
portion of radio resources, which makes the grant-free
NOMA inevitable. In the following section, we analyze the
motivation and the procedures of grant-free NOMA, as well
as the typical transmission and reception technologies.

3.1. Motivation. The conventional human-type communica-
tions are normally optimized for mobile broadband (MBB)
services [66], with small amount of users, high data rate,
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and large packet size. Compared with the size of data packet
in MBB, the control signaling is relatively few. Therefore,
the human-type communications are not sensitive to the
signaling overhead and usually involve frequent interactions
between the gNB and the users to maintain high reliability
and high data rate.

Despite the MBB services, 5G also aims at supporting
mMTC, where massive connectivity and long battery life
cycle are two key requirements. Different from in MBB
scenario, the arrival of data packets in mMTC is spo-
radic and the packet sizes are rather small [67]. Based on
[1], mMTC would support more than a million devices
per square-kilometer, and this, together with the small
packet sizes, makes the control signaling overhead rather
significant. Therefore, the simplification on access proce-
dure and the reduction on signaling overhead are both
needed to satisfy the massive connectivity requirement of
mMTC.

Grant-free NOMA, where multiple users conduct uplink
instant transmissions without grant, can significantly reduce
the signaling overhead. It is agreed that grant-free NOMA
is more suitable for mMTC scenario due to the following
concerns [66]:

(i) Energy saving: resource allocation has been well
studied to extend the battery times of the devices,
however, with a waste of the signaling overhead.
Grant-free access can save the energy of the devices;
i.e., the devices can decide to turn to active mode
when small packets arrive or keep in sleep state if
transmission is not needed.

(ii) Low cost devices: grant-free access can trade the com-
putational complexity at the gNB with the hardware
cost at the devices.

(iii) Latency and signaling overhead reduction: no addi-
tional latency or signaling overhead is induced by the
signaling interactions.

Out of the above considerations, 3GPP has agreed that
NR should target to support uplink autonomous/grant-
free/contention-based transmission at least for mMTC sce-
nario [68].

3.2. Grant-Free Procedure. In Figure 22, we compare the
signaling procedures between the scheduling-based trans-
mission in LTE and the grant-free transmission. In LTE,
when a user becomes active, it would conduct random access
procedure firstly, which includes at least 4 steps, i.e., preamble
transmission, random access response (RAR), Message. 3,
and Message. 4. After that, a scheduling request (SR) is
transmitted to the gNB if the buffer is not empty, and the
user does not transmit packets until it receives the uplink
grant from the gNB. The above-mentioned procedures may
take dozens of millisecond, which impose large signaling
overhead on the network, consume more power for the sig-
naling transmission/detection on the device side, and incur
large latency for the data transmission. In contrast, grant-
free transmission achieves autonomous transmissionwithout
explicit dynamic grant. Compared with the scheduling-
based transmission, grant-free reduces signaling overhead,
as well as control/user plane latency [69]. We note that,
due to the decentralized uplink instant transmissions, the
signals of users are multiplexed, which naturally leads to
nonorthogonal transmissions.

We show the state graph of a grant-free user in Figure 23.
If the user has no data in buffer, it stays in a sleep
state; otherwise, it would wake up, synchronize according
to reference signals, and acquire some necessary system
broadcast information and some predefined uplink grant
information. Before directly transmitting information block
with the grant-free manner, preamble may be transmitted
for the uplink synchronization for detection in the receiver
side. Furthermore, some multiple access information could
be implicitly indicated by the preamble, such as spreading
signature, locations of radio resources, and the timing of
retransmission. With this information, the collisions can be
detected, and the blind detection complexity of the gNB can
also be greatly reduced.

According to whether random access channel (RACH)
is required, grant-free transmission can be classified into
RACH-based grant-free and RACH-less grant-free.

3.2.1. RACH-Based Grant-Free. When all the users have
performed RACH, grant-free transmission would occur in
a more synchronized manner, i.e., the timing offsets among
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Figure 23: Grant-free uplink transmission illustrations.

users are mostly within the cyclic-prefix (CP) length. There-
fore, this type of grant-free transmission is referred to as
RACH-based grant-free [70] since RACH procedures have
been done before data transmission. RACH-based grant-
free could also reduce the overhead of SR and uplink
grant, and, at the same time, it is beneficial for signal
detection.

3.2.2. RACH-Less Grant-Free. In order to reduce the signal-
ing overhead, the RACH procedure could also be canceled;
i.e., data transmission phase starts whenever there are packets
arriving.This method can be referred to as RACH-less grant-
free [70, 71]. In this way, not only the RACH associated
signaling, but also the battery energy can be saved, since the
user can go to sleep if there is no data to transmit. However,
the absence of RACH may result in the asynchronization
among users, which may cause large detection complexity at
the receiver.

3.3. Typical Grant-Free NOMA Technologies. In this subsec-
tion, we analyze the typical grant-free NOMA technolo-
gies, which are categorized into two classes, i.e., grant-free
bit/symbol-level NOMA schemes and graph-based access,
according to different design principles.

3.3.1. Grant-Free Bit/Symbol-Level NOMA. Grant-free bit/
symbol-level NOMA can be obtained by directly incorpo-
rating grant-free access protocol with the existing NOMA
schemes mentioned in Section 2, especially the short-
spreading-based NOMA, e.g., SCMA, PDMA, and MUSA.
To enable grant-free access in NOMA, a contention-based
unit (CTU) is defined as the basic multiple access resource,
as shown in Figure 24, where each CTU may consist of
several fields including radio resources, reference signal,
and spreading sequence [55]. One CTU may differ from
the others in any fields, and these differences can be
exploited by the receiver to distinguish different signal
streams.

When a user has data in buffer, it randomly selects a
CTU and then transmits its data packet accordingly, i.e.,
spreading the modulation symbols with the given spreading
sequence over the given radio resources, as well as the
given reference signals. When the number of active users is

t

f
Codebooks

CTU is defined as{f, t, Cj, Pj}

Figure 24: An illustration of CTU.

small, the users may choose different radio resources, and
hence they are orthogonal. Otherwise, when the number of
active users is large, the signals of the users are overlapped
on the radio resources, and other fields in the CTU come
into play in MUD. Therefore, grant-free NOMA can be
regarded as a generalized orthogonal and nonorthogonal
access.

The spreading sequences inCTUs can reuse the sequences
designed for SCMA, PDMA, or MUSA. Spreading can also
be replaced with sparse repetition, as proposed in [72],
where simple inter- and intraslot SIC can be employed to
recover multiple signal streams. In themeantime, with sparse
spreading sequences, the MUI is mitigated and the receiving
complexity also remains low. On the other hand, with dense
spreading sequences, more diversity gain can be achieved
which may combat the fading of wireless channel.

Due to the uncoordinated transmissions, the collision
among users would be a severe problem in grant-free symbol-
level NOMA. A hard collision happens when several users
choose the sameCTU.Under such circumstances, these users
may be distinguished and detected only if they have dis-
tinctive channel gains. From this perspective, it is important
to enlarge the pool of the spreading sequences, as done
in MUSA [67]. However, enlarging the pool size may also
increase the cross-correlations among the sequences, which
may degrade the transmission reliability. Therefore, a good
tradeoff between the pool size and the cross-correlations
should be achieved to mitigate the collisions while maintain-
ing high reliability.
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Figure 25: Bipartite graph representation of CSA.

3.3.2. Graph-Based Access Schemes. Slotted ALOHA (SA) is
a conventional uncoordinated random access method which
was proposed in 1970s. Recently, a class of graphical-based
random access schemes has been proposed which introduces
the theory of linear coding into ALOHA access [73–82]. The
main idea of these schemes is to regard the random access
as random coding and to optimize the access probability
with coding theory. Interslot SIC receiving is applied to deal
with the collisions. Besides, density evolution (DE) algorithm
is usually applied to design or evaluate the transmission
patterns of these schemes.

In [75], contention resolution diversity slotted ALOHA
(CRDSA) is proposed which combines repetition codes
with SA, where two replicas of each burst are transmitted
randomly in two slots and the collided received bursts are
divided by the SIC algorithm. An enhanced scheme of
CRDSA, named irregular repetition slotted ALOHA (IRSA),
is also introduced in [75] which optimizes the transmission
method in CRDSA by bipartite graph and allows more
feasible repetition pattern than CRDSA. In [73], a more
generic scheme is proposed, named coded slotted ALOHA
(CSA), which encodes the bursts via linear block code
instead of the replicas and combines the iterative SIC with
linear block code decoding to recover the source packets.
A frameless ALOHA scheme based on rateless codes is
provided in [83] where the transmissions of bursts act as
the encoding process of rateless codes. Then, the receiver
would send a feedback to the transmitter when its burst is
recovered.

Hereinafter, we show a bipartite graph representation
of the transmissions of CSA in Figure 25, where 4 users
transmit bursts within 5 slots. Each burst node denotes the
burst belonging to a user, each slot node denotes a slot,
and each edge denotes that the replica of the corresponding
burst is transmitted in the corresponding slot. Meanwhile, we
also show the SIC process by a bipartite graph in Figure 26.
In each iteration of SIC, the bursts occurred in the slots
without collisions can be recovered immediately; thus the
edges connected to these bursts can be removed. Then the
next iteration starts and the iterations continue until no slots
can be recovered. The nodes in green denote that the bursts
of these users have been already recovered in the previous
iterations.

3.4. Detection Techniques. In grant-free NOMA systems, the
users randomly select the resources to transmit data with-
out the dynamic scheduling. Therefore, the aforementioned
MUD technologies in Section 2.3, where the identities of
active users and their selected signatures are known to the
receiver, are unreasonable in the practical grant-free NOMA
system. Blind detection, where user activation, channel coef-
ficients, and data packets are simultaneously detected, should
be studied. Furthermore, since the transmission phase of
grant-free NOMA is pretty simple, the complexity is trans-
ferred to the receiver side, which makes it rather important
to design efficient blind detection algorithms.

We illustrate the general procedure at the grant-free
NOMAreceiver in Figure 27.Thewhole receiving process can
be divided into two stages, i.e., user activity activation stage
and data detection stage. In the first stage, active users are
identified out of a potential user list.Then, in the second stage,
the channel coefficients are estimated and the data packets are
detected.

The idea of compressive sensing (CS) can be incorporated
into the first stage due to the fact that the user activation is
sparse.This sparsity is utilized in the CS-MPA detector which
jointly uses CS and MPA to realize both stages simultane-
ously [84]. Compared with the conventional MPA without
activity detection, it achieves better BLER and throughput. In
addition to CS, the user activity detection could be realized
by different algorithms and schemes. For example, focal
underdetermined system solver (FOCUSS) and expectation
maximization (EM) are proposed and analyzed for active
pilot detection [85], and they can be combined with the blind
data detection method, i.e., joint data and active codebook
detection (JMPA), to recover the data in the spreading-
based grant-free systems. It is seen that JMPA can achieve
scarcely any performance degradation in decoding users’ data
without prior knowledge of active codebooks. Furthermore,
to avoid the redundant pilot overhead, a novel sparsity-
inspired sphere decoding (SI-SD) algorithm is proposed by
introducing one additional all-zero codeword to achieve
the maximum a posteriori (MAP) detection [86]. However,
either CS or EM can only get the rough information about
the active users. Detection-based group orthogonal matching
pursuit (DGOMP) is a user activation detector which is
promising to get a more accurate active user set [87].
Meanwhile, an enhanced version of JMPA is proposed in
[87], which takes the channel gain and noise power into
consideration when calculating the prior information of the
zero codeword. The modified JMPA also helps to eliminate
the false detection caused by noise, channel fading, and
nonorthogonality of pilot sequences.

4. Implementation Issues

Nonorthogonal transmission is completely different from the
orthogonal transmissionwhich has beenwidely implemented
in LTE. As a consequence, nonorthogonal transmission raises
some implementation issues for practical deployment. In this
section, we analyze some important implementation issues
related to scheduling-based NOMA schemes and grant-free
NOMA, respectively.
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4.1. Scheduling-Based NOMA. Recall that the major differ-
ence between OMA and scheduling-based NOMA is that
the latter allows multiple superimposed transmissions on
the same radio resources, while the former only allows
orthogonal transmissions. Hence, the resource allocation and
demodulation reference signal (DM-RS) should be designed
to facilitate scheduling-based NOMA.

4.1.1. Resource Allocation and Scheduling. Resource alloca-
tion, where the radio resources are assigned among users
via centralized scheduling to meet certain optimization
targets, has been extensively exploited in LTE to promote
the system-level performance, including peak transmission
data rate, average throughput, and user fairness. When
multiple scheduling requests are transmitted from the users
in LTE, the network orthogonally allocates the limited radio
resources to a subset of the candidate users. However, the
resource allocation in NOMA would be complex, since the
resources in NOMA not only consist of radio resources,
but also MA signature resources. Due to the fact that radio
resources can be shared among users, the resource allocation
problem would be even more complex. Besides, specific
resource allocation methods should be designed for different
NOMA schemes to match their unique characteristics. For
example, PD-NOMA tends to multiplex the cell-center users
and cell-edge users, while SCMA is more likely to superim-
pose the signals of colocated users.

The resource allocation in NOMA should also be
designed to mitigate the effect of error propagation, if SIC-
based receiver is employed. For example, the users with small
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Figure 28: An example of the DM-RS structures with different combs.

Figure 29: An example of the DM-RS structure with different OCC.

SIC order should be allocated with more radio resources
to transmit signals with lower coding rates. When multicell
system is considered, resource allocation should be designed
to reduce the ICI. As an instance, very low density MA
signatures may be allocated to the cell-edge users in uplink
NOMA.

4.1.2. DM-RS. In LTE, DM-RSs with different cyclic shifts
and orthogonal cover codes (OCCs) can be orthogonally
multiplexed when the cyclic shift is longer than the channel
delay spread. However, with the increasing demands for DM-
RS ports in NOMA, it is unrealistic to add more cyclic shifts,
and in the meantime, the OCC resources are also limited.
Comb structures may be adopted in the design of DM-
RS for NOMA. Figure 28 shows an example of the comb
structure of DM-RS, which could increase the number of
DM-RS resources without decreasing the accuracy in channel
estimation. Compared with previous DM-RS schemes, as
shown in Figure 29, the comb structure guarantees the
orthogonal property of DM-RS via FDM [88, 89]. To support
massive connectivity, nonorthogonal DM-RS may be further
introduced to enlarge the number of DM-RS ports, where

advanced channel estimation techniques should be exploited
to mitigate the effect of nonorthogonality [90].

4.2. Grant-Free NOMA. As discussed in the previous section,
data transmission in grant-free NOMA follows an arrive-
and-go manner, which is very different from both OMA and
scheduling-based NOMA. Therefore, implementing grant-
free NOMA would require more efforts. This subsection
presents several critical implementation issues related to
grant-free NOMA, namely, resource allocation, hybrid auto-
matic repeat request (HARQ), link adaptation, and physical
signal design.

4.2.1. Resource Allocation. Similar to scheduling-based
NOMA, the resources of grant-free NOMA also consist of
radio resources and MA signatures. Two kinds of resource
selection methods have been proposed in grant-free NOMA,
i.e., random resource selection method and preconfigured
method [91].

In random resource selection method, users randomly
select the radio resources and the MA signatures and then
transmit signals accordingly. In this case, the user activities



Wireless Communications and Mobile Computing 19

Figure 30: An example configuration of MAB.
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Figure 31: An illustration of predetermined MA resources for grant-free transmission.

are not available at the gNB [92], which may cause the
ambiguity. In order to resolve the above problem, the radio
resources should be divided into orthogonal multiple access
blocks (MABs) in the time and frequency domains, as
shown in Figure 30. Different MABs occupy different radio
resources and may adopt different transmission settings,
such as transmission block sizes (TBSs), modulation and
coding schemes (MCSs), and transmissionmodes (TMs).The
configurations of the MABs in a cell can be broadcasted by
the gNB as system information. During data transmission
phase, each active user first selects one MAB and then selects
an MA signature. At the receiver, multiuser detection can be
parallelly performed on each MAB. In addition, each MAB
may be assigned with a limited number of MA signatures,
which can reduce the computational complexity of blind
detection at the receiver.

In the preconfigured resource allocation scheme, several
users may be allocated the same radio resources along with
unique MA signatures [93]. The MA signatures can be used
for active user identification and collision reduction. We
show an example of preconfigured scheme in Figure 31, where
six users are scheduled with three distinctive pieces of MA
radio resources, and the multiplexed users are allocated with
different MA signatures.

4.2.2. HARQ. When the initial grant-free NOMA transmis-
sion is not successfully recovered, there is a need to retransmit

the data for one or more times. HARQ is a profitable
retransmission scheme which can merge the information of
new transmission with previous transmissions in an effective
way [94]. Due to the absence of uplink grant, one significant
issue of supporting HARQ in uplink grant-free transmis-
sion is how gNB identifies the first transmission and the
retransmissions for a HARQ process. One potential method
is that the gNB can explicitly schedule retransmissions via
downlink control signaling. Another method is to divide the
MABs into several groups according to themaximumallowed
number of retransmissions [95], where different users may
select different MAB since they have different retransmission
numbers. Another key issue in HARQ is the ACK/NACK
indication. As discussed in [95], when collisions happen, gNB
can utilize the RAR-style feedback, normally consisting of
HARQ-ACK as well as user identification information, from
which the collided users may identify whether or not their
data are successfully decoded.

4.2.3. Link Adaptation. The link adaptation has been intro-
duced in LTE to adapt to the instantaneous channel condition
by adjusting the transmission parameters. Properly design
link adaptation not only results in low BLER, but also reduces
the retransmission number and collision probability [96]. In
addition, the suitable link adaptation could achieve lower
latency, which is an important target in NR application
scenarios [97].
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preambles.

In general, the link adaptation is realized by obtaining
channel state information. However, the intermittent trans-
missions in uplink grant-free NOMA lead to the fact that the
users might not be able to get accurate uplink channel status
[98]. One solution is to use the measurements of downlink
reference signals to determine the link adaptation parameters
for uplink transmission. The link adaptation parameters
may include MCS, number of repetitions, size of MA radio
resources, and the transmission power during subsequent
retransmissions [99].

4.2.4. Physical Signal Design. Physical signals, including
preamble and DM-RS, are another important design aspect
in grant-free NOMA. Preamble has been used in LTE for
random access request [100]. However, with the aim of
reducing signaling overhead, the complete random access
procedure may be omitted (e.g., RACH-less grant-free).
Instead, the preambles are usually directly followed by data
symbols, as shown in Figure 32.

In RACH-less grant-free NOMA transmission, the users
autonomously choose MA signatures as well as time instant
for initial transmission, which are not known by gNB
and may lead to asynchronization among received sig-
nals. In this case, well-designed preambles could assist the
active user identification, MCS indication, timing offset
(TO)/frequency offset (FO) estimation, and channel estima-
tion.

Similar to the preambles, DM-RS can be used for chan-
nel estimation and user identification in grant-free NOMA
[89]. However, due to the uncoordinated transmissions,
different users may choose the same DM-RS, which greatly
degrades the accuracy of channel estimation. To guaran-
tee low collision probability on DM-RS, sufficient number
of orthogonal/semiorthogonal DM-RSs should be provided
[88]. Besides, advanced multiuser detection algorithms, such
as SIC, could also help to increase the quality of channel
estimation [27].

5. Future Research Challenges

Existing NOMA schemes have fully utilized the time, fre-
quency, power, spatial, code, and interleave domains to
enhance the connectivity and spectral efficiency. However,
NOMA must be further studied and enhanced to satisfy the
potential needs beyond NR. In this section, we highlight the
future research directions of NOMA, as shown in Figure 33,
including physical layer enhancement, cross layer design,
joint design with other technologies, and applications of
NOMA in new scenarios.

5.1. Physical Layer Enhancement. The existing NOMA
schemes focus on either bit-level operations or symbol-
level operations, which cannot achieve the global optimal
designs. A straightforward idea is to conduct joint design
of bit-level and symbol-level operations, e.g., joint design of
channel encoding and symbol spreading, where the coding
structure is optimized according to NOMA transmission
[101, 102]. However, these designs are much too sensitive to
certain channel conditions and require further enhancement
for practical implementation. Despite the design at the
transmitter side, signal detection at the receiver side is
another physical layer technology which can be enhanced.
To exploit the coding structure, several joint detection
methods have been proposed in [103, 104]. However, the
existing methods usually require many iterations between
symbol detection and channel encoding, which leads to large
detection latency. Furthermore, the high complexity and
latency of blind detection still constitute an obstacle to the
deployment of grant-free transmission. Therefore, simple
and uniform design is required to reduce the computational
complexity, as well as to maintain high reliability.

5.2. Cross Layer Design. Except for the physical layer en-
hancement, the cross layer designmay also play an important
role in the future development of NOMA [105]. For example,
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Figure 34: Illustrations of grant-free transmission and RAC models. M1 and M2 are the messages to be transmitted.

grant-free NOMA, which integrates the access layer protocol,
i.e., grant-free protocol, into NOMA transmission, has been a
promising technology formMTC, asmentioned earlier in this
paper. Besides, it is also promising to combine NOMA with
other access layer techniques, such as repetition technique or
rateless coding, and optimize the repetition number or code
structure, respectively.

Unlike the physical layer technology which is always
directed by the Shannon information theory, it is nontrivial
to derive the potential limits of the channel when access
layer is involved; e.g., the achievable channel capacity of
grant-free NOMA is still an open problem. One possible
solution to analyze the theoretical potential of NOMA with
cross layer design is to formulate the Shannon information-
theoretic channel model. For example, grant-free NOMA
can be formulated as the random access channel (RAC) as
shown in Figure 34 [106], which uses the auxiliary receivers
to represent different states of user activation in grant-free
access. We note that this channel model is similar to the
interference channel model, where applying rate splitting can
achieve a good capacity region. With this insight, one may
naturally consider the deployment of rate splitting into grant-
free NOMA. However, elaborate design and optimization are
required to enhance the grant-free NOMAwith rate splitting,
for example, the coding rate and the power allocation coeffi-
cient for each splitting layer.

5.3. Joint Design with Other Technologies. Although NOMA,
on its own, has met its bottleneck, we can always incorporate
NOMA into other cutting edge technologies to see if there
are additional advantages. For example, full duplex (FD)
technology [107, 108], which is expected to increase the
spectrum efficiency by a factor of two, can be jointly designed
with NOMA.The conventional FD, which considers a point-
to-point communication channel, is modeled by two-way
channel (TWC) model. Consider a case where multiple
users exist in a cell, and both gNB and the users have FD
ability. Consequently, gNB and the users are simultaneously
transmitting and receiving, so that the entire system can
be regarded as a MAC in uplink, as well as a BC in
downlink. Therefore, we may name the channel here as TW-
MAC/BCmodel, which is illustrated in Figure 35. Obviously,
NOMA technologies can be directly employed to enhance
the throughput in either uplink or downlink, as it does
in the conventional MAC and BC. However, there are two
major differences between TW-MAC/BC and conventional
MAC/BC: the first one is that, in the former case, the uplink
and downlink transmissions may interfere each other due to
nonideal interference cancelation, whichmeans a good trade-
off between mutual interference and sum capacity should be
achieved; and the second one is that each user or gNB knows
what they are receiving when they are transmitting, which
means that the received signal may be exploited to derive
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the hidden information about the channel condition and to
enhance the transmission reliability.

Furthermore, NOMA can be jointly designed with coop-
erative multiple point (CoMP) [9, 109, 110] or multiple-
antenna technology [41, 111–113]. Also, there have been some
initial studies about employing NOMA in wireless power
transfer network to increase the access opportunities [114–
116]. Although jointly designing NOMA with the other
technologies seems straightforward, whether the joint design
can produce “a whole greater than the sum of its parts” is still
an open question.

5.4. New Usage Scenarios. Despite the application of NOMA
in the cellular networks, NOMA is also a promising technol-
ogy in other new usage scenarios, e.g., vehicle to X (V2X)
[117–119], unmanned aerial vehicle (UAV) [120, 121], and
heterogeneous network (HetNet) [122], due to its superior
performance. Although NOMA can be directly employed
into these scenarios, elaborate design is still required to
accommodate the channel characteristics of these scenarios
and satisfy the diversified performance requirements. For
example, due to the mobility of the vehicles in V2X and
UAV, the handover is frequent and the cochannel interference
is severe, which may degrade the reliability of existing
NOMA technologies. Therefore, NOMA should be designed
to maintain high reliability, as well as high throughput. As
another example, in theHetNet,multiple kinds of cells, which
have different transmission SNRs, may colocate together.
NOMA should be designed to utilize this effect by paring the
signals from different cells.

6. Conclusion

NOMA has been recognized as one of the key enabling
technologies to accomplish the diversified requirements of
5G. By enabling multiple users to share the same radio
resources and exploiting the advanced MUD algorithms,
NOMA exhibits better performance than OMA, especially
in SE and connectivity. As demonstrated in this review, the
idea of superimposing the users has been carried forward
into multiple domains, including power, code, interleave,
and scramble, which have motivated many NOMA schemes.
Meanwhile, various multiuser receiving technologies also
facilitate the application of NOMA in different scenarios.
Besides, we also look into grant-free NOMA, which aims
to reduce the signaling overhead and increase the access
probability for mMTC. Subsequently, the implementation
issues and future scope of NOMA are analyzed. We hope

that our survey would shed a light on the deployment and
development of NOMA technologies.
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With the development of network communication, a 1000-fold increase in traffic demand from 4G to 5G, it is critical to provide
efficient and fast spatial data access interface for applications in mobile environment. In view of the low I/O efficiency and high
latency of existing methods, this paper presents a memory-based spatial data query method that uses the distributed memory file
system Alluxio to store data and build a two-level index based on the Alluxio key-value structure; moreover, it aims to solve the
problem of low efficiency of traditionalmethod; according to the characteristics of Spark computing framework, a data input format
for spatial data query is proposed, which can selectively read the file data and reduce the data I/O. The comparative experiments
show that thememory-based file systemAlluxio has better I/O performance than the disk file system; comparedwith the traditional
distributed query method, the method we proposed reduces the retrieval time greatly.

1. Introduction

Under the background of the explosive growth ofmobile data
traffic and the emergence of various new business scenarios,
the fifth-generation (5G) mobile communication network
is proposed and becoming a hot topic in academical and
industrial field. As a new generation of wireless mobile
communication network, 5G is mainly used to meet the
demand of mobile communication after 2020; driven by the
rapid development of mobile Internet and growing demand
for Internet of Things (IoT) services, 5G is required to have
the features of low cost, low power consumption, and being
safe and reliable [1, 2]; 5G will enable information and
communication to exceed the time and space constraints,
greatly shorten the distance between people and things, and
quickly realize the interoperability of human and all things
[3].

At present, the key technology of 5G network is still
in the research phase; in addition to network architecture
and transmission theory, mobile cloud computing is also
one of the focuses of the future 5G network research [4].

Mobile cloud computing is a new model of delivery and
usage of IT resources or information services; it is a product
of cloud computing in the mobile Internet; mobile smart
terminals inmobile networks are connected to remote service
providers in an on-demand and scalable way to obtain
the necessary resources, mainly including infrastructure,
computing, storage capacity, and application resources [5, 6].
With the constant penetration of information technology into
society, location-based services have been widely used in
many fields such as military and transportation, for example,
patient care in smart home and navigation service for mobile
transportation; on the one hand, the positioning technology
continues to evolve, providing increasingly accurate location
information for mobile applications; on the other hand, with
the increase in the number of users and the large increase in
the number of mobile applications, the explosion of spatial
data has brought tremendous pressure to upper-layer appli-
cations, especially for applications in mobile networks with
huge traffic. Therefore, more and more researches combine
mobile cloud computing with spatial data processing and use
cloud platforms for data storage, calculation, indexing, and
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querying to speed up processing and reduce response delay
[7].

In this paper, we aim to provide a fast spatial data query
interface in mobile cloud computing environment; for the
reliable storage of massive spatial data, we first mesh the
spatial data, fill the entire grid space by Hilbert curve, and
then organize the data block using distributed memory file
system Alluxio’s KeyValueStore file and build a two-level
index based on the file’s internal index and file name. In
order to provide real-time query, we use Spark, a distributed
memory computing framework, to query for distributed data;
in the meantime, we propose a Spark data input format
based on the characteristic of Spark. The method eliminates
disk I/O as much as possible and the entire query process
from memory to memory and filtering through two layers.
Experiments show that thismethod canwell organizemassive
spatial data and has higher performance than traditional
query methods.

The rest paper is organized as follows: Section 2 reviews
the related work and in Section 3 we provide a background
on spatial data queries and overview of Alluxio. Section 4
describes our proposed data indexing algorithm, storage
structure, and parallel distributed retrieval algorithm. We
discuss the experiment results in Section 5 and conclude in
Section 6.

2. Related Work

Spatial data is a quantitative description of the geographical
location of theworld; based on computer technology, efficient
use of spatial data in people’s lives is of great significance.
Spatial database emerged in the background of the rapid
development of database and the rapid development of space
application demand; it provides spatial data type definition
interface and query language, which has very important pio-
neering significance in the early stage of GIS [8, 9]. However,
with the rapid growth of spatial data, the traditional spatial
database has been unable to meet the needs of real-time
retrieval. Some works [10, 11] aimed at large-scale data query
of spatial data and propose a parallel spatial database solution
that distributes the data load and retrieval pressure of single
computers tomultiple servers.However, thismethod requires
very expensive software licenses and dedicated hardware and
requires complicated debugging and maintenance work [12].

As cloud computing has become a cost-effective and
promising solution to computational and data-intensive
issues, it is quite natural to integrate cloud computing into
spatial data storage and processing. Wei et al. [13] applied the
distributed NoSql database to the storage of spatial data and
constructed efficient index to quickly retrieve spatial data. As
MapReduce has become the standard solution for massively
parallel data processing, more and more researchers apply
Hadoop to GIS. Puri et al. [14] propose a MapReduce algo-
rithm for distributed polygon retrieval based on Hadoop. Ji
et al. [15] present aMapReduce-basedmethod that constructs
inverted grid index and processes 𝑘-NN query over massive
spatial data sets. Hadoop-GIS [16] and Spatial-Hadoop [17]
are two scalable and high-performance spatial data pro-
cessing systems for running large-scale spatial queries in

Figure 1: Range query.

Hadoop. However, due to the limitations of MapReduce’s
own design, some researchers began to migrate spatial data
processing to Spark. Wang et al. [18] use Spark for spatial
range query; all the spatial data are stored in HDFS and
propose a grid indexing method called Spark-Fat-Thin-Grid-
Index. Cahsai et al. [19] propose a novel approach to process
𝑘-NN queries; this approach is based on a coordinator-based
distributed query processing algorithm and uses Spark for
data-parallel processing. At the system level, Yu et al. [20]
introduce an in-memory cluster computing framework for
processing large-scale spatial data, which efficiently executes
spatial query processing algorithms and provides geometrical
operations library that accesses Spatial RDDs to perform
basic geometrical operations.

The above researches have eased the contradiction
between the current rapidly increasing data set and real-
time retrieval. However, there are still some performance
bottlenecks in current approaches. First of all, the data is
stored on disk, and the query is based on memory; the
mismatch between memory processing speed and I/O speed
restricts the performance. Secondly, the existing distributed
search algorithm does not distinguish data strictly while
readings, so many data that are not related to the query
conditions are also read into the memory, and the query load
of the calculation layer is increased. Therefore, in this paper,
we store the data based on the memory file system and build
a two-layer index structure to accelerate random access; in
view of the lack of current work, Spark is used for parallel
data processing and a data input format for spatial query is
proposed, which filters out the irrelevant data with the query
conditions based on the index structure.

3. Background

In this section, we provide the required background and
preliminaries about the spatial data queries and a brief
overview of distributed memory filesystem Alluxio.

3.1. Spatial DataQueries. Formost applications, there are two
common approaches to geospatial query. As shown in Figures
1 and 2, Figure 1 is range query [21]; given a set of data points𝑃
and a spatial range 𝑅, query aims to retrieve all spatial points
within the given 𝑅 boundary; the result of the range query
is {𝑃1, 𝑃2, 𝑃3, 𝑃4}. Figure 2 is 𝐾-NN query [22]; the nearest
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Figure 2: 𝐾-NN query.

neighbor query is the most common query in geography; it is
another kind of query method different from range query. It
is used to find out the nearest neighbor in space from a given
point; the nearest neighbor can be one or more; as shown in
Figure 2, the given point is 𝑃 marked by the red color and
𝑘 = 4, 4-NN query here is to search for four points nearest to
𝑃, and the search result of this query is {𝑃5, 𝑃6, 𝑃7, 𝑃8}.
3.2. Alluxio Overview. Alluxio (former Tachyon) is a new
project that was unveiled by UC Berkeley AMPLab Labs in
2013 as the world’s first memory-centric virtual distributed
storage system that unifies data access and becomes the
key to connecting computing infrastructure and underlying
storage; Alluxio’s memory-centric architecture enables data
access faster than existing solutions. In essence, Alluxio is
a distributed memory file system deployed on computing
platforms such as Spark orMapReduce and storage platforms
such as HDFS or S3 and by globally isolating computing
platforms and storage platforms from alleviating thememory
pressure in the computing framework, also given the ability to
quickly read and write large amounts of data memory frame-
work computing. Alluxio separates the power of memory
storage from Spark/MapReduce, allowing Spark/MapReduce
to focus more on computing itself for greater execution
efficiency through finer partitioning [23, 24].

Alluxio architecture shown in Figure 3, which uses a
standard Master-Worker mode, running Alluxio system,
consists of aMaster andmultipleWorkers andAlluxioMaster
support ZooKeeper for fault tolerance, used to manage the
metadata of all files; it is also responsible for monitoring the
status of individual Alluxio Workers. Each Alluxio Worker
starts a daemon and manages a local Ramdisk, and Ramdisk
stores specific file data. So far, Alluxio has been updated to
1.7.1.

4. Parallel Spatial Data Retrieval
Based on Memory

In this section, because the spatial data indexing and storage
are closely related to retrieval, we first introduce the spatial
indexing algorithm in this paper and illustrate the data
storage method and a two-level index structure in Alluxio.
After that, we introduce the specific spatial data-parallel
retrieval algorithm.

4.1. Indexing Spatial Data. Geographic space usually includes
three kinds of vector data, namely, points, lines, and polygons,
as shown in Figure 4. Faced with massive spatial data, users
often care about some local information; therefore, how to
index spatial data and respond quickly to user’s requests is a
key issue when storing. Common spatial indexing methods
include gridding, KD Tree, R-tree, quad-tree index, etc.
[25–28]; among them, grid index has the characteristics of
simplicity and convenience; compared with other methods,
the construction of grid index in Spark/MapReduce parallel
system is less complicated. So in this paper we build the grid
index for spatial data.

In order to construct the grid index, the geographic space
needs to be divided into different grids; different data blocks
contain the data intersecting with the geographic location of
this grid. For uniquely identifying each data block and taking
into account the spatial proximity of the data, the data block
is coded by using theHilbert curve [29, 30]; the original space
area is block-coded as shown in Figure 5.

After meshing the geospatial space, we need to locate
the vector data to a grid block and give its grid ID. As
shown in Figure 5, the coordinates of lower-left and top-right
corner of the space plane are (Lon0, Lat0) and (Lon1, Lat1),
respectively; as parameters, the width and height of a grid are
𝑤 and ℎ, respectively, so the number of rows and the number
of columns can be calculated as follows:

cols = Lon1 − Lon0𝑤
rows = Lat1 − Lat0ℎ .

(1)

For each spatial data, we need to extract its location
information, locate it to a specific grid, and then organize the
data within the grid together to speed up the query based
on the index. This paper abstracts all the spatial data to a
point, and for polygonwe have its inscribed center point as its
position, and for the line we have its midpoint as its position;
for vector point, its position point is itself. The point (𝑥, 𝑦)
is the spatial location of the data; according to the location
points and cols and rows, we can get the col and row for any
spatial data; finally use the Hilbert curve algorithm to get the
grid ID.

row = (𝑦 − lat0)ℎ 0 ≤ row ≤ rows

col = (𝑥 − lon0)𝑤 0 ≤ col ≤ cols
gridID = HilbertCurve (row, col)
= HilbertCurve(𝑦 − lat0ℎ ,

𝑥 − lon0
𝑤 ) .

(2)

After the above process, each spatial data has its grid ID;
the data with the same ID are organized together to form a
data table as shown in Table 1.

4.2. Data Storage Structure. Alluxio is a memory-based dis-
tributed file system that hasmany similaritieswithHDFS [31].
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Figure 3: Alluxio architecture.

Figure 4: Space area.

Figure 5: Grid index partitioning and coding.

Usually, data block tends to be smaller than file system block;
if data blocks are directly stored on the file system, with the
increase of data blocks, this will bring huge metadata storage
pressure to themaster node and small file problem [32]. Based

Table 1: Data table.

Grid ID Data List
1 Polygon 1, Line 2, Point 3, . . .
2 Polygon 5, Polygon 7, . . .
⋅ ⋅ ⋅ . . .
𝑛 Polygon𝑁, Line𝑀, Point 𝐼, . . .

on this problem, some researches use the key-value pair to
structure data block together, solving the problem of small
files [33, 34]. Therefore, this paper selected Alluxio built-in
file structure KeyValueStore for data storage, the structure of
the file in the form of key-value pairs, with the grid’s Hilbert
curve coding as the key; the corresponding data is stored
as the value; KeyValueStore forces the key-value pairs to be
written in ascending order because the internal index is built
based on the key as the data is written.

This paper sets the size of each KeyValueStore file equal
to the Alluxio block size, which is designed to optimize
Alluxio storage and to avoid the problems of small files while
improving the performance of file retrieval. Each filename
contains the data range in the file, such as a file containing
grid data with Hilbert code (0, 1, 2, 3); its filename is “0-3.kv,”
so that all the filename constitutes a global index.The internal
index of all the KeyValueStore files and global index form a
two-level index, as shown in Figure 6.

The shape of the vector data is irregular and there are
many vector data in a single grid space. Therefore, it is
very complex to determine the relationship between query
conditions and data. So in this paper we introduce the thin-
MBR and fat-MBR for the vector data in a single grid space
[11]. Taking the data block with grid ID 14 as an example, the
thin-MBR establishment process is as follows.

Step 1. Extract the center points of the vectors intersecting the
space of the grid block; for the polygons, the center point is
the incircle’s center point; the line is its middle point, and the
point is itself.

Step 2. Make the smallest circumscribed rectangle of all the
vector center points in this grid area.

Step 3. The smallest circumscribed rectangle is the thin-MBR
of vectors for the grid.
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Figure 6: Data structure and two-level index.

Figure 7: Fat-MBR and thin-MBR representation.

The establishment of fat-MBR is to traverse all the vectors
in the space of this block; theminimumenclosing rectangle of
all vectors is created, which is the fat-MBR of the space vector
data of the grid block.

The thin-MBR and fat-MBR of grid 14 are shown in
Figure 7; therefore, key-value pairs should contain more
information, the grid code is used as the key, and the value
includes the spatial data in the grid and the thin-MBR and
the fat-MBR.

4.3. Spatial Data Retrieval. Based on the data-reading
characteristics of Spark computing framework, this paper
presents an input format called query-KVInputFormat for
spatial data query, which filters the data when reading the

memory filesystem. After the first layer of filtered data,
each Spark task performs data query in memory, which is
also called second-layer filtering; two layers of filtering are
distributed; the first is to read distributed filesystem data, the
second is that the parallelism tasks are handled distributedly.

4.3.1. The First Layer of Filtering. We cover two common
distributed queries in Section 3, which can be retrieved after
geospatial meshing and coding. For range queries, the range
can be transformed into a set of grid numbers spanned by the
range. For 𝐾-NN queries, record the grid number where the
current position is located, such as 𝑦, and then record all the
grids adjacent to 𝑦 to form a set of grid numbers. As shown in
Figure 8, the grid blocks intersecting the query range are (2, 7,
8, 13), current position is 𝑃2, and the𝐾-NN query conditions
are transformed into grid block group (6, 7, 8, 9, 10, 11). It can
be seen that we have narrowed down the data range related
to the spatial data query to a set of grid blocks so that we
only need to read this set of grid blocks into memory for
distributed retrieval and speed up data retrieval.

When interacting with MapReduce/Spark, Alluxio com-
plies with the input and output formats of computational
models. However, input formats of big data computing
models are designed for batch processing and are read
sequentially one by one; each task cannot be randomly read.
Therefore, this paper designs a spatial-oriented query input
format: query-KVInputFormat—this input format is based
on KeyValueInputFormat; the implementation details are as
follows.

Overrides protected List ⟨FileStatus⟩ listStatus (JobCon-
text job): this method is used to filter out key-value files that
do not contain data to be queried by using grid block groups,
such as range queries that transform into grid block group (𝑥,
𝑦), where 1 < 𝑥 < 𝑛, 𝑛+1 < 𝑦 < 𝑚, building a global index in
memory by traversing the filename, as shown in Figure 6 and
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Figure 8: The grid block group representation.

retrieving the eligible files based on the global index, which
returns [1 − 𝑛.kv, 𝑛 + 1 − 𝑚.kv].

Defined class query-KVRecordReader extends Recor-
dReader ⟨𝐾,𝑉⟩; this class is internal class; the class defines
the way of task read, in the traditional RecordReader class
and its subclasses, and the order of each task to read records
sequentially. But in the query we need to filter out some
records; the sequential read method is no longer applicable,
so rewrite the class; each task uses the block group as
the query conditions to read assigned file (the file here is
filtered after listStatus). Firstly, load the internal index of
KeyValuetore into memory and use the query conditions for
inquiries. If the record in the query condition exists in the
file, the corresponding data block will be read out, if not, to
the next record, the entire grid block group will be traversed.
This process is concurrency on each task.

4.3.2. The Second Layer of Filtering

(1) Range Query. After the first level of retrieval, the data
that meets the query is loaded into memory, forming RDDs,
assigned to each task. For the range query, the data obtained
through the first level query may be redundant; as shown
in Figure 8, the query range is transformed into a grid
block group, which reduces the complexity of the query but
increases the scope of the query; data not in the range is also
loaded into the memory. So in this layer we use Spark for
further retrieval.

In a grid area, there are various types and styles of vector
data; for the range to be queried, according to the conven-
tional search method, traversing the vector data one by one
in memory to determine whether there is intersection with
the range, this method is quite consuming and unfavorable to
extend. In this paper, data is filtered based on thin-MBR and
fat-MBR; at first, whether the range contains the thin-MBR
of the current grid region is judged; if yes, keep all the data
in the area and jump to the next grid area; if no, judge the

Input: query range
Output: all data in the range
(0) Result set S = 𝜙
(1) Calculate the grid block group corresponding to

the query range
(2) for each task of spark do
(3) Reading KeyValueStore to form RDDs based

on the grid block group
(4) end for
(5) for each Partition of RDDs do
(6) Determine the relationship between the

query range and thin-MBR/fat-MBR
(7) if the range contains the thin-MBR then
(8) Add all data of this grid to S
(9) else
(10) if the range don’t intersect with fat-MBR
then
(11) Discard this grid
(12) else
(13) Traverse the data of this grid and

add eligible data to S
(14) end if
(15) end if
(16) end for
(17) return S

Algorithm 1: Range query.

relationship between the range and the fat-MBR; if they do
not intersect, discard the data in the area; otherwise, traverse
the vector data in this area to determine the relationship
between the vector and the range; if there is intersection,
then retain this vector data; otherwise discard the vector.
Combined with two filters, range query algorithm is shown
in Algorithm 1.

(2) 𝐾-NN Query. At the first layer of filtering, the grid where
query point lie and its bordering data block composed of the
grid block group, each task reads the data intomemory based
on the grid block group, forming RDDs. For each task, we
maintain a local queue, calculate the distance between each
point of RDD-partitions and the query point, and add the
nearest 𝐾 points to the queue. After the task completes the
calculation, the local queue is collected to the master node,
and the master node recalculates and selects the nearest 𝐾
vector points as the query results. 𝐾-NN query algorithm is
shown in Algorithm 2.

5. Experimental Evaluation

In this section, we present the experimental evaluation of
our retrieval algorithm. We divide this section into three
parts; firstly, we introduce the dataset and the computing
environment used in our experimental study; secondly, we
evaluate and compare with existing solutions to see how the
time is consumed by the query as the query area grows; after
that, we compared Alluxio with HDFS. Finally, we evaluate
our algorithms on various sizes of Spark cluster to measure
the efficacy of our approach across various cluster sizes.
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Input: query point
Output: the nearest 𝐾 points
(0) Result set S = 𝜙, local queueQ = 𝜙
(1) Calculate the grid block group corresponding to
the query point
(2) for each Task do
(3) Reading KeyValueStore to form RDDs based

on the grid block group
(4) end for
(5) for each Partition of RDDs do
(6) Calculate the distance between each point and

the query point
(7) Add the nearest 𝐾 points toQ
(8) end for
(9) for each Q do
(10) Collected to the master node
(11) end for
(12) Pick out the nearest 𝐾 points add to S on master
node
(13) return S

Algorithm 2: 𝐾-NN query.

5.1. Datasets and Experiment Environment. For the exper-
imental dataset, we selected 43200 × 20880 global high-
resolution images as the base map and a total of 11 layers’
vector data of national borders, coastlines, ports, provinces,
lakes, rivers, roads, and airports of all countries in the world
as experimental data; the size of a single data grid is 512 ×
512, encoded using Hilbert curve; the Alluxio block is set to
64MB and the single KeyValueStore file is also 64MB. We
conducted our experiment on a cluster of 5 Inspur Yingxin
I8000 blade servers, one of which served as the master node
and the other four served as compute nodes. Each node was
configured as a Xeon E5-2620 v2 6-core 2.10GHz processor
with 32GB of memory and a 200GB hard disk drive using
Tenda TEG1024G Gigabit Ethernet switch, with Red-Hat 6.2
installed on each node and 2.6.32 Linux kernel, running
Spark-1.5.0, Hadoop-2.5.2, and Alluxio-1.6.0.

5.2. Time Cost versus Query Size. We first demonstrate how
the time costs grow as the size of the query area changes. In
this experiment, we use all datasets as input, the cluster uses 4
compute nodes with 24 cores and 4 cores. For range queries,
we randomly generated a polygon region for the query. For
𝐾-NN queries, we generate a pair of latitude and longitude
coordinates using a random function to locate a point on the
map as a query point. In order to compare our results with
existing distributed techniques, we chose GeoSpark [17] as
the benchmark. As shown in the previous section, we store
the data in the Alluxio memory file system and use Spark to
read the data for distributed data query.

Figures 9 and 10 show the relationship between the query
time cost and the query size in 4 cores’ environment, and
Figures 11 and 12 show that in 24 cores’ environment. For
range queries, the size of the query range is measured in
terms of acreage, and for𝐾-NN queries, the number of query
points is used for measuring. From the figure, we note that as
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Figure 9: Range query execution time with 4 cores.
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Figure 10: 𝐾-NN query execution time with 4 cores.

the query size grows larger the time cost generally increases
due to more data being processed. From the results, we also
deduce that our algorithm is on average 1%−50% faster than
the current technology in GeoSpark. As we discussed earlier,
in the traditional approach data is stored in HDFS; a large
amount of spatial data is directly loaded into the memory,
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Figure 12: 𝐾-NN query execution time with 24 cores.

resulting in a large amount of data I/O and CPU load, but
in the method proposed in this paper data is stored in
memory; the entire retrieval process data flows frommemory
to memory, filtered while reading, making the irrelevant data
read as little as possible into memory, reducing the CPU load
and speeding up the query.
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Figure 13: Throughput of range query with 4 cores.
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Figure 14: Throughput of 𝑘-NN query with 4 cores.

5.3. Alluxio versus HDFS. The underlying file system used
by GeoSpark is HDFS, and Alluxio is used in this paper. We
recorded the throughput of file system in experiment 5.2 to
evaluate Alluxio’s performance. Figures 13 and 14 show the
throughput of Alluxio and HDFS in 4 cores’ environment,
and Figures 15 and 16 show that in 24 cores’ environment.
From these four figures, we can see that Alluxio has higher
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Figure 15: Throughput of range query with 24 cores.
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Figure 16: Throughput of 𝑘-NN query with 24 cores.

throughput than HDFS in the same experimental conditions,
especially when it comes to range query; the main reason for
this is that when executing a 𝐾-NN query, only the vector
point is read into thememory, and the volume of vector point
is small, so the difference between Alluxio andHDFS will not
be obvious. And through this experimental result, we can see
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Figure 17: Impact of number of cores for range query.

that Alluxio has higher I/O rate than HDFS, which improves
the overall job execution speed.

5.4. Time Cost versus Cluster Size. We next evaluate the
effectiveness of our retrieval algorithm by varying the size of
the Spark cluster in terms of the number of cores. For this
experiment, we generated range query and 𝐾-NN query and
used them to run queries on different cluster sizes. Figures
17 and 18 show the time cost on various cluster sizes when
the range query size is 845 square meters and with 𝐾-NN
query as 13-NNquery.We infer fromFigures 17 and 18 that the
execution timedecreases gradually as the cluster size becomes
larger. Overall, we find that the proposed technique scales
well with the number of nodes in the Spark cluster, showing
a significant reduction in job execution time with increase in
cluster size.

6. Conclusion and Future Work

With the development of mobile networks and the rapid
growth of spatial data, traditional data storage and query
models seem to be inadequate when dealing with massive
spatial data. In this paper, the distributed memory file
system Alluxio is used for data storage and indexing; at
the same time, a big data input format for query of spatial
data is proposed based on Spark computing framework, the
entire retrieval process from memory to memory and read
data selectively, reducing I/O load and CPU load. Through
comparative experiments, the distributed retrieval method
proposed in this paper has better query performance than
the traditional method on the premise of efficient data
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organization. The next step is to build more efficient spatial
index and optimize Spark processing details to improve
distributed query efficiency.

Data Availability

The spatial data (including global high-resolution remote
sensing images and vector data of various layers) used to
support the findings of this study comes from ENVI’s own
data set. Anyone can install ENVI and find experimental data
in the “/data” folder.
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