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e concept of cooperative communications for wireless ad
hoc and sensor networks (WAHSNs) has recently attracted
considerable attention. Different users or nodes in aWAHSN
share resources to create collaboration through distributed
transmission, which can signi�cantly improve the perfor-
mance of WANSNs. us, the problem that how relay nodes
in the network cooperate with each other is the main subject
in this special issue. e authors have focused on relay
cooperation models based on the network coding, spectrum
allocation, and models with space-time code, and so forth.

e paper “An efficient reliable communication scheme
in wireless sensor networks using linear network coding,” by
J. Wang et al., addresses the modeling and design of linear
network coding (LNC) for reliable communication against
multiple failures in wireless sensor networks (WSNs). e
proposed deterministic LNC scheme RDLC can signi�cantly
improve the network throughput.e authors also investigate
the potential of random linear code RRLC for providing
reliable communication in WSNs.

In the paper “Network coded wireless cooperativemulticast
with minimum transmission cost” by X. Wang et al., the
authors explore the problem of minimum cost wireless
cooperative multicast by using network coding. e authors
propose a network coded hybrid source and cooperative
exchange scheme to determine when to stop the source
sending and start the exchange process, so as to minimize the
total transmission cost.

e paper “Cooperative transmission in cognitive radio ad
hoc networks,” by J. Jia S. Zhang, investigates a cooperative

transmission scheme to address the spectrum heterogene-
ity issue in cognitive radio ad hoc networks (CRAHNs)
to improve the efficiency of spectrum utilization and the
performance of cognitive radio networks. In particular, the
authors describe several types of cooperative transmission
and formulate a new resource allocation problem with joint
relay selection and channel allocation.

e paper “Towards aid by generate and solve methodol-
ogy: application in the problem of coverage and connectivity in
wireless sensor networks,” by P. R. Pinheiro et al., investigates
the novel Generate and Solve (GS) methodology to solve
the problem of coverage and connectivity in wireless sensor
networks.

e paper “Low-complexity decoding algorithms for dis-
tributed space-time coded regenerative relay systems,” by C.
Zhang H. Yin, examines decoding structure for distributed
space-time coded regenerative relay networks. Given the
possible demodulation error at the regenerative relays, the
authors provide a general framework of error aware decoder,
where the receiver exploits the demodulation error probabil-
ity of relays to improve the system performance. e authors
also propose two low-complexity decoders.

e paper “Integrated extensible simulation platform for
vehicular sensor networks in smart cities,” by X. Tang et al.,
presents an integrated extensible simulation platform BHU-
VSim for vehicular sensor networks (VSNs), which aims to
support general simulation environment for typical vehicular
applications in smart cities. And, as an initiate attempt,
their platform provides signi�cant improvement of VSNs�
simulations.
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e paper “Efficient sensor localization method with
classifying environmental sensor data,” by A.-c. Eun and
Y.-g. Ha, proposes a novel localization method that uses
environmental data recorded at each sensor location and a
data classi�cation technique to identify the location of sensor
nodes.

e paper “A path planning algorithm with a guaranteed
distance cost in wireless sensor networks,” by Y. Liu et al.,
presents a distributed algorithm to obtain a path for the
mobile node with minimum distance cost and effectively
organize the network to ensure the availability of this path.

e paper “Novel node localization algorithm based on
nonlinear weighting least square for wireless sensor networks,”
by F. Xiao et al., presents a new method for wireless sensor
network node positioning based on nonlinear weighting
least-square algorithm to explore the optimal solution and
further reduce the positioning computational complexity by
the simpli�cation of the Taylor equation.

e paper “A multiple-dimensional tree routing protocol
for multisink wireless sensor networks based on ant colony
optimization,” by H. Zhou et al., deals with the problem of
a multiple-dimensional tree routing protocol for multisink
wireless sensor networks based on ant colony optimization.

e paper “A Diagnosis-Based Clustering and Multipath
Routing Protocol for Wireless Sensor Networks”, by Wen-
jun Liu et al., proposes an energy-efficient data collection
protocol which consists of clustering and multipath routing
for fault diagnosis to ensure the gathering information
accuracy and reduce energy additionally consumed by faulty
nodes.

e paper “On guaranteed detectability for surveillance
sensor networks,” by Y. Zhu, proposes a fully distributed algo-
rithm GAP for energy-efficient event detection for surveil-
lance applications.

e paper “ARQ protocols for two-way wireless relay
systems: design and performance analysis,” by Z. Chen et al.,
proposes three basic automatic repeat-request (ARQ) pro-
tocols to improve the throughput of two-way relay systems,
namely, relay-only ARQ (Ro-ARQ), terminal only ARQ (To-
ARQ) and relay-terminal ARQ (RT-ARQ).

In the paper “Distributed routing and spectrum alloca-
tion algorithm with cooperation in cognitive wireless mesh
networks,” by Z. Chen et al., a distributed routing and
spectrum allocation algorithm with cooperation (DRSAC-
W) in cognitive wireless mesh networks is proposed, against
the routing and spectrum allocation challenge in cognitive
wireless mesh networks.

e paper “NUNS: A nonuniform network split method
for data-centric storage sensor networks,” by K.-Y. Lee et al.,
proposes a nonuniform network split(NUNS) method that
distributes the load among sensor nodes in data-centric
storage sensor networks and efficiently reduces the commu-
nication cost of expanding sensor networks.

epaper “An efficient clustering algorithm inwireless sen-
sor networks using cooperative communication,” by S. Zhang et
al., constructs a minimum weakly connected dominating set
(WCDS) as a clustering scheme for WSN.

e paper “A hole-tolerant redundancy scheme for wireless
sensor networks,” by J. Pu et al., introduces a new hole-
tolerant redundancy scheme (HRS) which can prolong net-
work lifetime while maintaining coverage and connectivity
performance.

e paper “CAC-MAC: a cross-layer adaptive cooperative
MAC for wireless ad hoc networks,” by C. Shi et al., proposes a
cross-layer adaptive data transmission algorithm considering
both the length of data frame at the MAC layer and instan-
taneous wireless channel conditions. Under this algorithm,
direct transmissionmode or proper cooperative transmission
mode will be adaptively selected for data packets according to
both MAC layer and physical layer information.

e paper “A mobile agent routing algorithm in dual-
channel wireless sensor network,” by K. Liu et al., a mobile
agent routing algorithm (MARA) is presented, and then
based on the dual-channel communication model, the two-
layer network combination optimization strategy is also
proposed to make the energy of each nodes on the optimal
route overall decline and hence improve the lifetime of
network.

Yong Sun
Shukui Zhang
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The performance of quasiorthogonal space-time block code with relay-selection and phase-rotation techniques applied to
cooperative communications for four communication nodes is investigated. Specifically, by applying relay-selection and phase-
rotation techniques, a diversity gain of four can be achieved. In addition, a symbol error rate (SER) performance analysiswith closed-
form expression and power allocation are investigated and compared with simulation results. The results show that theoretical
SER curves are close to the simulation results. In addition, a code rate of the proposed scheme is two times higher than ordinary
cooperative communications. The computer simulation results also show a significant probability of error improvement of about
2.8 dB over the conventional decode-and-forward protocol.

1. Introduction

In recent years, the utilization of multiple antennas at
transmitters and receivers has gained popularity due to the
potential of increasing the system capacity [1]. The increased
spectral efficiency of such systems is also important because
the bandwidth is a precious commodity, and by using
multiple antennas at transmitters and receivers, the spectral
efficiency can be drastically increased. Systems with multiple
transmit and multiple receive antennas, more commonly
known as multiple-input multiple-output (MIMO) systems,
can provide a spatial diversity gain. This gain is obtained by
transmitting or receiving copies of a signal through different
antennas. This is an effective approach to combat fading in
wireless channels and to improve the performance of the
communication system.

Recently, a generalized MIMO system, called a cooper-
ative communication, has been proposed for realizing the
advantages of the conventional MIMO system, for example,
the diversity gain [2]. By means of the cooperation of the
active users equipped with a single antenna in the wireless

networks, the generalized MIMO system can be established
in a distributed fashion. In addition, the coverage range of
such communication is also expanded, which results in lower
power consumption for a particular user communicating
with far-away destinations, and in turn prolongs the battery
life.

Another approach for increasing the transmission rate is
to employ a transmit diversity based on a space-time block
code (STBC) technique [3]. However, the complex-valued
STBC which provides a full code rate, and a full diversity
gain does not exist for more than two transmit antennas
[3]. In fact, orthogonal-STBC designed for more than two
antennas can achieve full diversity gain, but its code rate is less
than unity. On the other hand, quasi-orthogonal STBC (QO-
STBC) [4], proposed for four transmit antennas, achieves the
full code rate, but it suffers from a loss in diversity order due
to a coupling effect between the symbols in the codeword.

Given the advantages of QO-STBC, it can be applied to
cooperative communications for performance enhancement
with relay-selection or phase-rotation techniques.The contri-
butions of this paper are as follows.
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(i) It can be shown that the proposed QO-STBC decode-
and-forward cooperative communication (QO-DF)
system can enhance the performance of the system
such that the diversity of four is achieved. In addition,
the code rate of the proposed scheme is two times
higher than the ordinary cooperative communica-
tions.

(ii) The optimum and suboptimum power allocations
are investigated. In addition, the system performance
can be enhanced by adopting the optimum power
allocation scheme.

(iii) We analyze the theoretical symbol error rate and
compare the theoretical results with the simulation
results. It turns out that the theoretical and simulation
results are close to each other, which could confirm
the validity of the theoretical result.

The rest of this paper is organized as follows. In Section 2,
we present a conventional decode-and-forward (DF) proto-
col for four-node cooperative communications. In Section 3,
we describe the proposed QO-DF cooperative communi-
cations with relay-selection and phase-rotation techniques.
The maximum ratio combining (MRC) and the signal-to-
noise ratio (SNR) of the proposed system are described in
Section 4. The theoretical SER analysis and optimum power
allocation of the proposed system are described in Section 5.
The simulation results compared with the theoretical results
are shown in Section 6. Finally, we conclude this paper in
Section 7.

2. System Model and Conventional
Decode-and-Forward Protocol for
Wireless Ad hoc Networks

In cooperative wireless communications, for example, wire-
less ad hoc networks, wireless users can cooperate with
neighbouring users to form a generalized MIMO system
with a coding scheme, for example, STBC, for enhancing the
system performance, for example, a probability of error. The
conventional DF cooperative communication system model
with a single relay is described in [5]. However, for the sake
of exposition, we consider cooperative communications in
the case of a wireless network with two phases and four
communication nodes (i.e., one user acts as a source node and
the other four users act as relay nodes), and one destination
node as shown in Figure 1.

In phase I, node 1 transmits a modulated signal to its
destination, while nodes 2, 3, and 4 receive this transmitted
signal due to the broadcast nature of wireless channels. In
phase II, nodes 2, 3, and 4 will retransmit the received
signal to node 1’s destination in a DF fashion. Likewise,
in the next communication periods, node 2, 3, or 4 will
act as the source node, and the other users will act as the
relay nodes, respectively. In both phases, all nodes transmit
the signal through orthogonal channels using time-division
multiplexing (TDMA). In this paper, we employ an M-PSK
modulation scheme.

1

2

3Phase 1
Phase 2

𝑆

D

Figure 1: A system model of four-node cooperative communica-
tions.

1

2

3

D

𝑆

𝑟1

𝑟2

𝑟3

𝑟𝑑

Figure 2: A source node broadcasts the transmit signal to relay
nodes in phase I.

In phase I, the source node broadcasts its transmit signal
to the destination and the relay nodes in the first time 𝑡

1
, as

shown in Figure 2. The received signal expressions for phase
I can be expressed as follows:

𝑟
1
= √𝑃
𝑑
ℎ
𝑠1
𝑥 + 𝑛,

𝑟
2
= √𝑃
𝑑
ℎ
𝑠2
𝑥 + 𝑛,

𝑟
3
= √𝑃
𝑑
ℎs3𝑥 + 𝑛,

𝑟
𝑑
= √𝑃
𝑑
ℎ
𝑠𝑑
𝑥 + 𝑛,

(1)

where 𝑃
𝑑
is the transmit power of the source node, 𝑥 is

the transmitted signal from the source, 𝑟
1
, 𝑟
2
, and 𝑟

3
are the

received signal at relays 1, 2, and 3, respectively, and 𝑟
𝑑
is the

received signal at the destination. ℎ
𝑖𝑗
is the channel impulse

response fromnode 𝑖 to 𝑗, and 𝑛 is the additivewhiteGaussian
noise (AWGN).

After relays 1, 2, and 3 received broadcasting signals
from the source node, and decoded these signals using
a Maximum-Likelihood (ML) receiver, the decoded symbols
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1

2

3

𝑆

D

𝑍1

𝑍2

𝑍3

Figure 3: Each relay node sends the decoded signals to the
destination node in phase II.

can be written as 𝑥
1
, 𝑥
2
, and 𝑥

3
, respectively. The relay nodes

will modulate the decoded symbols and retransmit them
to the destination node in phase II in the sequential time
intervals 𝑡

2
, 𝑡
3
, and 𝑡

4
, respectively, as shown in Figure 3.

The expressions are as follows:

𝑧
1
= √

𝑃
𝑞

3
ℎ
1𝑑
𝑥
1
+ 𝑛,

𝑧
2
= √

𝑃
𝑞

3
ℎ
2𝑑
𝑥
2
+ 𝑛,

𝑧
3
= √

𝑃
𝑞

3
ℎ
3𝑑
𝑥
3
+ 𝑛,

(2)

where 𝑃
𝑞
is the transmit power of the relay nodes, 𝑧

1
, 𝑧
2
, and

𝑧
3
are the received signals at the destination node in phase

II, which are sent by the relays 1, 2, and 3, respectively. At the
destination node, the MRC is performed as follows [6]:

𝑦 = √𝑃
𝑑

ℎ
∗

𝑠𝑑

𝑁
0

𝑟
𝑑
+ √

𝑃
𝑞

3

ℎ
∗

1𝑑

𝑁
0

𝑧
1
+ √

𝑃
𝑞

3

ℎ
∗

2𝑑

𝑁
0

𝑧
2
+ √

𝑃
𝑞

3

ℎ
∗

3𝑑

𝑁
0

𝑧
3
,

(3)

where 𝑦 is the combined received signal at the destination
node and𝑁

0
is the variance of noise. In phases I and II, we can

observe that the DF cooperative communication uses four
time slots to send one symbol so that the code rate is equal
to 1/4. Some improvement could be made by properly using
a space-time coding scheme in phase II.

3. The Proposed Quasi-Orthogonal
STBC Decode-and-Forward Cooperative
Communications

Now, we consider four cooperative communication nodes
as a multiple-input single-output (MISO) communication
system, as shown in Figure 4. We also consider the source
and three relays in the cooperative communications as four
transmit antennas in the MISO communication, and apply
QO-STBC [4], as shown in Figure 5.

1

2

3

Tx Rx

1

2

3

4
𝑆

D

Figure 4: An equivalent system diagram of cooperative communi-
cations in phase II and a MISO system.

In phase I, a source node encodes four consecutive
symbols to a QO-STBC codeword and broadcasts to the
relay nodes and destination node in four time slots. Then
the relay nodes will decode the received signals and send
them individually to the destination node. We regard the
cooperation in phase II of three relays and the source node
as four transmit antennas for the QO-STBC scheme, in
which relay 1, relay 2, relay 3, and the source act as the first
antenna, second antenna, third antenna, and fourth antenna,
respectively. Therefore, four data blocks are transmitted over
four consecutive block intervals through four antennas using
the following 4 × 4 QO-STBC code matrix [7],

Space

Time𝐶 =

𝑠1 𝑠2 𝑠3 𝑠4

𝑠4 𝑠1

−𝑠
∗
2

−𝑠
∗
4

−𝑠
∗
4

𝑠
∗
3

−𝑠
∗
3

−𝑠3

𝑠
∗
2𝑠

∗
1

−𝑠2

𝑠
∗
1 (4)

whereC is aQO-STBC codematrix. In addition, the channels
can be modelled as a matrix of 4 × 1, whose coefficients are
the same as the frequency response of the channels ℎ

𝑖𝑗
. In the

first block interval, the blocks 𝑠
1
, 𝑠
2
, 𝑠
3
, and 𝑠

4
are transmitted

by transmitting a power of 𝑃
𝑞
/4 simultaneously from the

first, second, third, and fourth antennas, respectively. The
received signal corresponding to these blocks is expressed
by 𝑟
1
. In a similar way, the blocks of −𝑠∗

2
, 𝑠
∗

1
, −𝑠
∗

4
, and 𝑠

∗

3
are

transmitted during the second block interval simultaneously
over four antennas, and the corresponding received block is
expressed by 𝑟

2
, and so on for the third and the fourth block

intervals. The received signal blocks 𝑦
1
, 𝑦
2
, 𝑦
3
, and 𝑦

4
in the

first, second, third, and fourth block intervals, respectively,
can be written as

𝑦
1
= √

𝑃
𝑞

4
(ℎ
1𝑑
𝑠
1
+ ℎ
2𝑑
𝑠
2
+ ℎ
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3
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𝑠
4
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1
,

𝑦
2
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3
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2𝑑
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4
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3𝑑
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1
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∗

2
) + 𝑛
3
,

𝑦
4
= √

𝑃
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4
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2
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1
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4
.

(5)
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Figure 5: An equivalent block diagram of the proposed QO-STBC.

For the sake of simplicity, we replace ℎ
1𝑑
, ℎ
2𝑑
, ℎ
3𝑑
, and ℎ

𝑠𝑑
by

ℎ
1
, ℎ
2
, ℎ
3
, and ℎ

4
, respectively. Hence, we have

[
[
[

[

𝑦
1

𝑦
∗

2

𝑦
∗

3

𝑦
4

]
]
]

]

= √
𝑃
𝑞

4

[
[
[

[

ℎ
1

ℎ
2

ℎ
3

ℎ
4

ℎ
∗

2
−ℎ
∗

1
ℎ
∗

4
−ℎ
∗

3

ℎ
∗

3
ℎ
∗

4
−ℎ
∗

1
−ℎ
∗

2

ℎ
4

−ℎ
3

−ℎ
2

ℎ
1

]
]
]

]

[
[
[

[

𝑠
1

𝑠
2

𝑠
3

𝑠
4

]
]
]

]

+

[
[
[

[

𝑛
1

𝑛
2

𝑛
3

𝑛
4

]
]
]

]

. (6)

We can derive (6) in a vector form as follows,

y
𝑘
=h
𝑘
s
𝑘
+n
𝑘
, 𝑘 = 1, 2, 3, 4. (7)

At the receiver, the matched filtering is performed as follows
[8]:

ỹ
𝑘
=hH
𝑘
y
𝑘
=hH
𝑘
h
𝑘
s
𝑘
+hH
𝑘
n
𝑘
, (8)

where hH
𝑘
is a Hermitian matrix of h

𝑘
.

For the orthogonal STBC, h
𝑘
would be a unitary matrix,

and, hence, hH
𝑘
h
𝑘
would be a diagonal matrix. In this case, ỹ

𝑘

would provide an estimate of sk. However, for the case of four
antennas as in the QO-STBC scheme, the matrix hH

𝑘
h
𝑘
is not

diagonal, but it is in the following form:

hH
𝑘
h
𝑘
=

[
[
[

[

𝛽 0 0 𝛼

0 𝛽 −𝛼 0

0 −𝛼 𝛽 0

𝛼 0 0 𝛽

]
]
]

]

, (9)

where

𝛽 =

4

∑

𝑘=1


ℎ
𝑘



2

,

𝛼 = 2Re {ℎ
1
ℎ
∗

4
− ℎ
2
ℎ
∗

3
} .

(10)

It can be seen that the signal-to-noise ratio (SNR) can be
maximized if 𝛼 is forced to zero. For an orthogonal STBC
design, 𝛼 is zero regardless of the channel coefficient values.
However, for the case of four antennas, we require some
feedbacks from the receiver in order to force 𝛼 to zero. The
techniques to force a coupling term 𝛼 to zero, and to obtain a
diversity order of four are relay-selection and phase-rotation
techniques.

3.1. Relay-Selection Technique. Assuming that symbols from
each relay are sent and multiplied by real-valued variables
𝜃
𝑘
, 𝑘 = 1, 2, 3, 4, where the coefficients 𝜃

𝑘
have a binary value

{0, 1}, as explained below. The new coupling term becomes

𝛼 = 2Re {𝜃
1
ℎ
1
𝜃
4
ℎ
∗

4
− 𝜃
2
ℎ
2
𝜃
3
ℎ
∗

3
} . (11)

The variables 𝜃
𝑘
can be chosen such that

If ℎ1


2

>

ℎ
4



2

, then 𝜃
1
= 1, 𝜃

4
= 0,

else 𝜃
1
= 0, 𝜃

4
= 1,

If ℎ2


2

>

ℎ
3



2

, then 𝜃
2
= 1, 𝜃

3
= 0,

else 𝜃
2
= 0, 𝜃

3
= 1.

(12)

The new received expressions can be expressed as follows:

𝑦
1
= √

𝑃
𝑞

4
(𝜃
1
ℎ
1
𝑠
1
+ 𝜃
2
ℎ
2
𝑠
2
+ 𝜃
3
ℎ
3
𝑠
3
+ 𝜃
4
ℎ
4
𝑠
4
) + 𝑛
1
,

𝑦
2
= √

𝑃
𝑞

4
(−𝜃
1
ℎ
1
𝑠
∗

2
+ 𝜃
2
ℎ
2
𝑠
∗

1
− 𝜃
3
ℎ
3
𝑠
∗

4
+ 𝜃
4
ℎ
4
𝑠
∗

3
) + 𝑛
2
,

𝑦
3
= √

𝑃
𝑞

4
(−𝜃
1
ℎ
1
𝑠
∗

3
− 𝜃
2
ℎ
2
𝑠
∗

4
+ 𝜃
3
ℎ
3
𝑠
∗

1
+ 𝜃
4
ℎ
4
𝑠
∗

2
) + 𝑛
3
,

𝑦
4
= √

𝑃
𝑞

4
(𝜃
1
ℎ
1
𝑠
4
− 𝜃
2
ℎ
2
𝑠
3
− 𝜃
3
ℎ
3
𝑠
2
+ 𝜃
4
ℎ
4
𝑠
1
) + 𝑛
4
.

(13)

Then, the new matrix hH
𝑘
becomes

hH
𝑘
=

[
[
[
[

[

𝜃
1
ℎ
∗

1
𝜃
2
ℎ
2

𝜃
3
ℎ
3

𝜃
4
ℎ
∗

4

𝜃
2
ℎ
∗

2
−𝜃
1
ℎ
1

𝜃
4
ℎ
4

−𝜃
3
ℎ
∗

3

𝜃
3
ℎ
∗

3
𝜃
4
ℎ
4

−𝜃
1
ℎ
1
−𝜃
2
ℎ
∗

2

𝜃
4
ℎ
∗

4
−𝜃
3
ℎ
3
−𝜃
2
ℎ
2

𝜃
1
ℎ
∗

1

]
]
]
]

]

. (14)

This technique would force 𝛼 to zero, and we could
obtain a diversity order of four, while preserving the total
transmitted power. Basically, this technique chooses the best
two channels in the antenna pairs (1, 4) and (2, 3) according to
the channel quality indicated at the receiver. The QO-STBC
scheme is then applied to use the best antenna in each pair.
Therefore, it provides a diversity gain of four.

3.2. Phase-Rotation Technique. Another way to force 𝛼 to be
zero is to use a phase-rotation approach.We consider that the
symbols transmitted from the third and the fourth antennas
are rotated by a common phasor 𝑒𝑗𝜃. Note that this operation
does not change the transmitted power. Since the phase
rotation on transmitted symbols is effectively equivalent to
rotating the phases of the corresponding channel coefficients,
the new coupling term can be written as

𝛼 = 2Re {(ℎ
1
ℎ
∗

4
− ℎ
2
ℎ
∗

3
) 𝑒
−𝑗𝜃

} . (15)
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Let 𝜌 = (ℎ
1
ℎ
∗

4
−ℎ
2
ℎ
∗

3
), in order to force 𝛼 to zero, the product

of 𝜌 and 𝑒
−𝑗𝜃 should be a complete imaginary number. This

can be achieved when angle (𝜌) − 𝜃 is either −𝜋/2 or 𝜋/2.
Therefore, 𝜃 is determined by

𝜃 =
𝜋

2
− angle (𝜌) or 3𝜋

2
− angle (𝜌) . (16)

Hence, the phase angle is limited to 𝜃 ∈ [−𝜋/2, 𝜋/2).The new
expressions for received signals in (13), respectively, can be
expressed as follows:

𝑦
1
= √

𝑃
𝑞

4
(ℎ
1
𝑠
1
+ ℎ
2
𝑠
2
+ 𝑒
𝑗𝜃
ℎ
3
𝑠
3
+ 𝑒
𝑗𝜃
ℎ
4
𝑠
4
) + 𝑛
1
,

𝑦
2
= √

𝑃
𝑞

4
(−ℎ
1
𝑠
∗

2
+ ℎ
2
𝑠
∗

1
− 𝑒
𝑗𝜃
ℎ
3
𝑠
∗

4
+ 𝑒
𝑗𝜃
ℎ
4
𝑠
∗

3
) + 𝑛
2
,

𝑦
3
= √

𝑃
𝑞

4
(−ℎ
1
𝑠
∗

3
− ℎ
2
𝑠
∗

4
+ 𝑒
𝑗𝜃
ℎ
3
𝑠
∗

1
+ 𝑒
𝑗𝜃
ℎ
4
𝑠
∗

2
) + 𝑛
3
,

𝑦
4
= √

𝑃
𝑞

4
(ℎ
1
𝑠
4
− ℎ
2
𝑠
3
− 𝑒
𝑗𝜃
ℎ
3
𝑠
2
+ 𝑒
𝑗𝜃
ℎ
4
𝑠
1
) + 𝑛
3
.

(17)

Then, the new matrix hHk becomes

hHk =

[
[
[
[
[

[

ℎ
∗

1
ℎ
2

𝑒
𝑗𝜃
ℎ
3

𝑒
−𝑗𝜃

ℎ
∗

4

ℎ
∗

2
−ℎ
1

𝑒
𝑗𝜃
ℎ
4
−𝑒
−𝑗𝜃

ℎ
∗

3

𝑒
−𝑗𝜃

ℎ
∗

3
𝑒
𝑗𝜃
ℎ
4

−ℎ
1

−ℎ
∗

2

𝑒
−𝑗𝜃

ℎ
∗

4
−𝑒
𝑗𝜃
ℎ
3

−ℎ
2

ℎ
∗

1

]
]
]
]
]

]

. (18)

Furthermore, the relay-selection and phase-rotation tech-
niques can be applied to eight or more nodes, as described
in [9].

4. Maximum Ratio Combining and
Signal to Noise Ratio Analysis

In DF cooperative communications, a destination jointly
combines the signal received from a source in phase I and
the signal received from the relays in phase II by using the
maximum ratio combining (MRC) method and detects the
combined received symbols by using the ML receiver.

4.1. Maximum Ratio Combining. In the proposed system,
we can use an MRC combiner at the destination node
by combining a direct signal from the source in phase I
and retransmitted signals in phase II. The MRC combining
expressions are as follows:

𝑢
1
= 𝑤
𝑑
ℎ
∗

sd𝑟1 + 𝑤
𝑞
(𝑦
1
ℎ
∗

1
+ 𝑦
2
ℎ
2
+ 𝑦
3
ℎ
3
+ 𝑦
4
ℎ
∗

4
) ,

𝑢
2
= 𝑤
𝑑
ℎ
∗

sd𝑟2 + 𝑤
𝑞
(𝑦
1
ℎ
∗

2
− 𝑦
2
ℎ
1
+ 𝑦
3
ℎ
4
− 𝑦
4
ℎ
∗

3
) ,

𝑢
3
= 𝑤
𝑑
ℎ
∗

sd𝑟3 + 𝑤
𝑞
(𝑦
1
ℎ
∗

3
+ 𝑦
2
ℎ
4
− 𝑦
3
ℎ
1
− 𝑦
4
ℎ
∗

2
) ,

𝑢
4
= 𝑤
𝑑
ℎ
∗

sd𝑟4 + 𝑤
𝑞
(𝑦
1
ℎ
∗

4
− 𝑦
2
ℎ
3
− 𝑦
3
ℎ
2
+ 𝑦
4
ℎ
∗

1
) ,

(19)

where 𝑢
1
, 𝑢
2
, 𝑢
3
, and 𝑢

4
are outputs of the MRC combiner to

be used for decoding 𝑠
1
, 𝑠
2
, 𝑠
3
, and 𝑠

4
, respectively, and

𝑤
𝑑
=
√𝑃
𝑑

𝑁
0

, 𝑤
𝑞
=

√𝑃
𝑞
/4

𝑁
0

,
(20)

where 𝑤
𝑑
is a weighting coefficient of the direct signal from

phase I and 𝑤
𝑞
is a weighting coefficient of the retransmit

signal from phase II. We then employ an ML detector to
detect 𝑠

1
, 𝑠
2
, 𝑠
3
, and 𝑠

4
, respectively.

However, it is worth noting that the MRC combining
yields the maximum SNR to (19), given that the estimated
symbols 𝑠

1
, 𝑠
2
, 𝑠
3
, and 𝑠

4
at the relay nodes are correctly

decoded. Specifically, in practical applications, the correct-
ness of 𝑠

1
, 𝑠
2
, 𝑠
3
, and 𝑠

4
depends solely on the quality of

the channel links from the source-to-relay link. Hence, the
MRC combining cannot guarantee the maximum SNR, as
mentioned in [6]. The most useful method for improving the
performance of the proposed system is to employ a power
allocation scheme, which will be described later.

4.2. Signal-to-Noise Ratio Analysis. In this section, we derive
an expression of the SNR for the proposed QO-DF cooper-
ative communication system. The SNR output of the MRC
combiner at the destination node consists of both direct and
relay signals. It can be expressed as follows [6]:

𝛾QO-DF = 𝛾
𝑑
+ 𝛾
𝑞
, (21)

where 𝛾QO-DF is the received SNR at the destination node,
𝛾
𝑑
is the SNR of the direct signal in phase I, and 𝛾

𝑞
is the

SNR of the retransmitted signal in phase II. Assuming that
the transmitted symbol of the direct signal in phase I and
retransmitted signal in phase II have an average energy of 1,
we can derive the SNR of the received signal in each phase as
follows:

𝛾
𝑑
=
𝑃
𝑑


ℎ
𝑠𝑑



2

𝑁
0

,

𝛾
𝑞
=

(𝑃
𝑞
/4)


ℎ
1



2

+ (𝑃
𝑞
/4)


ℎ
2



2

𝑁
0

+

(𝑃
𝑞
/4)


ℎ
3



2

+ (𝑃
𝑞
/4)


ℎ
4



2

𝑁
0

.

(22)

Hence, the total received SNR at the destination can be
expressed as

𝛾QO-DF

=

𝑃
𝑑


ℎ
𝑠𝑑



2

+ (𝑃
𝑞
/4)


ℎ
1



2

+ (𝑃
𝑞
/4)


ℎ
2



2

𝑁
0

+

(𝑃
𝑞
/4)


ℎ
3



2

+ (𝑃
𝑞
/4)


ℎ
4



2

𝑁
0

(23)
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5. Symbol Error Rate Analysis and
Optimum Power Allocation

In this section, we consider the symbol error rate (SER)
performance analysis of the proposed QO-DF communica-
tion system with the M-PSK modulation scheme. First, we
consider the SER of the M-PSK signal of the relays in phase I.
Let 𝑃𝑒

1
, 𝑃𝑒
2
, and 𝑃𝑒

3
be incorrect decoding probabilities per

a symbol of source to relay 1, source to relay 2, and source
to relay 3, respectively. According to the SNR analysis in the
previous section, we can obtain the SER expression of each
relay node in phase I as follows [10]:

𝑃𝑒
1
= Ψ (𝛾

𝑆1
) =

1

𝜋
∫

(𝑀−1)𝜋/𝑀

0

exp(
−𝑏PSK𝑃𝑑


ℎ
𝑆1



2

𝑁
0
sin2𝜃

)𝑑𝜃,

𝑃𝑒
2
= Ψ (𝛾

𝑆2
) =

1

𝜋
∫

(𝑀−1)𝜋/𝑀

0

exp(
−𝑏PSK𝑃𝑑


ℎ
𝑠2



2

𝑁
0
sin2𝜃

)𝑑𝜃,

𝑃𝑒
3
= Ψ (𝛾

𝑆3
) =

1

𝜋
∫

(𝑀−1)𝜋/𝑀

0

exp(
−𝑏PSK𝑃𝑑


ℎ
𝑠3



2

𝑁
0
sin2𝜃

)𝑑𝜃,

(24)

where 𝑏PSK = sin2(𝜋/𝑀) and𝑀 = 2
𝑘 with 𝑘 even.

Over the Rayleigh fading, we average channels ℎ
𝑠1
, ℎ
𝑠2
,

and ℎ
𝑠3

with variances 𝛿
2

𝑠1
, 𝛿
2

𝑠2
, and 𝛿

2

𝑠3
, respectively. Since

the fading channels ℎ
𝑠1
, ℎ
𝑠2
, and ℎ

𝑠3
are independent of each

other, we can express the incorrect decoding probability of
each relay as [5]

𝑃𝑒
1
= 𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠1

𝑁
0
sin2𝜃

) ,

𝑃𝑒
2
= 𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿𝑠2
2

𝑁
0
sin2𝜃

) ,

𝑃𝑒
3
= 𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿𝑠3
2

𝑁
0
sin2𝜃

) ,

(25)

where

𝐹
1
(𝑥 (𝜃)) =

1

𝜋
∫

(𝑀−1)𝜋/𝑀

0

1

𝑥 (𝜃)
𝑑𝜃. (26)

5.1. The Proposed Cooperative Strategy. According to the
received signals in phase I, in reality, the relay nodes do not
always correctly decode the transmitted symbols. For setting
the cooperative protocol strategy in phase II, the relay nodes
are assumed to be capable of deciding whether or not it
has decoded correctly. This could be achieved through cyclic
redundancy check (CRC) codes or approaches by setting
an SNR threshold at the relay nodes [11]. In addition, we
also assume short-term statistics of the channels [6, 12], that
is, channel variances, within a certain period of time to be
known to the source node.

For the proposed QO-DF protocol, if no relay incorrectly
decodes the symbols, all relays forward the decoded symbols
to the destination by quasi-orthogonal space-time coding;

Table 1: Cooperative strategy.

Cooperation protocol No. of incorrect
relays

Total received SNR
(𝛾total)

Direct signal only
(noncooperative) 3 𝛾noncooperative

1-relay cooperative DF 2 𝛾1-relay

2-relay cooperative DF 1 𝛾2-relay

3-relay cooperative QO-DF 0 𝛾QO-DF

otherwise, only the relays that correctly decode the symbols
forward them to the destination by a conventional DF
method. The total received SNR at the destination depends
on the number of relays decoded whose symbols are correct.
The cooperative protocol strategy is proposed in Table 1.

This cooperative strategy is expected to achieve a perfor-
mance diversity order of four. In order to achieve a diversity
of order four, all relays have to decode the symbols correctly.
The total SER of the proposed QO-DF system can be written
as

𝑃𝑒total = Ψ (𝛾total) =
1

𝜋
∫

(𝑀−1)𝜋/𝑀

0

exp(
−𝑏PSK𝛾total
𝑁
0
sin2𝜃

) 𝑑𝜃,

(27)

inwhich𝑃𝑒total greatly depends on the SNRof the cooperative
protocol strategy. We can readily express (27) as follows:

𝑃𝑒total

=
1

𝜋
∫

(𝑀−1)𝜋/𝑀

0

exp(
−𝑏PSK𝛾noncooperative

𝑁
0
sin2𝜃

)𝑑𝜃

× probability of 3 relays error

+
1

𝜋
∫

(𝑀−1)𝜋/𝑀

0

exp(
−𝑏PSK𝛾1-relay

𝑁
0
sin2𝜃

)𝑑𝜃

× probability of 2 relays error

+
1

𝜋
∫

(𝑀−1)𝜋/𝑀

0

exp(
−𝑏PSK𝛾2-relay

𝑁
0
sin2𝜃

)𝑑𝜃

× probability of 1 relay error

+
1

𝜋
∫

(𝑀−1)𝜋/𝑀

0

exp(
−𝑏PSK𝛾QO-DF

𝑁
0
sin2𝜃

) 𝑑𝜃

× probability of none relay error.
(28)

The first component shows the signal received at the desti-
nation which is a noncooperative scheme; the second com-
ponent shows a 1-relay cooperative scheme; the third com-
ponent shows a 2-relay cooperative scheme; the fourth com-
ponent shows a 3-relay cooperative with quasi-orthogonal
space-time coding.
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According to the incorrect decoding probability of each
relay in phase I, we can obtain the conditional SER of the
proposed QO-DF protocol as follows:

𝑃𝑒total =
1

𝜋
∫
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ℎ
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where (1 − 𝑃𝑒
𝑖
)
4 is a correctly decoding probability of QO-

STBC codeword at relay 𝑖th. In a similar way, (1 − 𝑃𝑒
𝑖
)
4 is a

chance of incorrectly decoding. Furthermore, at higher SNR,
we can approximate 1 − (1 − 𝑃𝑒

𝑖
)
4
≈ 4𝑃𝑒

𝑖
.

In the following analysis, we average the channels in
phase II over the Rayleigh fading as in phase I. We set up
ℎ
𝑠𝑑
, ℎ
1
, ℎ
2
, ℎ
3
, and ℎ

4
having variance of 𝛿2

𝑠𝑑
, 𝛿
2

1
, 𝛿
2

2
, 𝛿
2

3
, and 𝛿2

4
,

respectively.We are able to obtain the approximate SER equa-
tion of the proposed QO-DF cooperative communications
with M-PSK modulation in a full closed-form expression as
follows:

𝑃𝑒total = 64𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠𝑑

𝑁
0
sin2𝜃

)𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠1

𝑁
0
sin2𝜃

)

× 𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠2

𝑁
0
sin2𝜃

)𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠3

𝑁
0
sin2𝜃

)

+ 16𝐹
1
[(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠𝑑

𝑁
0
sin2𝜃

)(1 +

𝑏PSK𝑃𝑞𝛿
2

1

𝑁
0
sin2𝜃

)]

× 𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠2

𝑁
0
sin2𝜃

)𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠3

𝑁
0
sin2𝜃

)

× [1 − 4𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠1

𝑁
0
sin2𝜃

)]

+ 16𝐹
1
[(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠𝑑

𝑁
0
sin2𝜃

)(1 +

𝑏PSK𝑃𝑞𝛿
2

2

𝑁
0
sin2𝜃

)]

× 𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠1

𝑁
0
sin2𝜃

)𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠3

𝑁
0
sin2𝜃

)

× [1 − 4𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠2

𝑁
0
sin2𝜃

)]

+ 16𝐹
1
[(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠𝑑

𝑁
0
sin2𝜃

)(1 +

𝑏PSK𝑃𝑞𝛿
2

3

𝑁
0
sin2𝜃

)]



8 International Journal of Distributed Sensor Networks

× 𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠1

𝑁
0
sin2𝜃

)𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠2

𝑁
0
sin2𝜃

)

× [1 − 4𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠3

𝑁
0
sin2𝜃

)]

+ 4𝐹
1
[(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠𝑑

𝑁
0
sin2𝜃

)(1 +

𝑏PSK (𝑃𝑞/2) 𝛿
2

1

𝑁
0
sin2𝜃

)

×(1 +

𝑏PSK (𝑃𝑞/2) 𝛿
2

2

𝑁
0
sin2𝜃

)]

× 𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠3

𝑁
0
sin2𝜃

)

× [1 − 4𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠1

𝑁
0
sin2𝜃

)]

× [1 − 4𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠2

𝑁
0
sin2𝜃

)]

+ 4𝐹
1
[(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠𝑑

𝑁
0
sin2𝜃

)(1 +

𝑏PSK (𝑃𝑞/2) 𝛿
2

1

𝑁
0
sin2𝜃

)

×(1 +

𝑏PSK (𝑃𝑞/2) 𝛿
2

3

𝑁
0
sin2𝜃

)]

× 𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠2

𝑁
0
sin2𝜃

)

× [1 − 4𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠1

𝑁
0
sin2𝜃

)]

× [1 − 4𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠3

𝑁
0
sin2𝜃

)]

+ 4𝐹
1
[ (1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠𝑑

𝑁
0
sin2𝜃

)(1 +

𝑏PSK (𝑃𝑞/2) 𝛿
2

2

𝑁
0
sin2𝜃

)

×(1 +

𝑏PSK (𝑃𝑞/2) 𝛿
2

3

𝑁
0
sin2𝜃

)]

× 𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠1

𝑁
0
sin2𝜃

)

× [1 − 4𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠2

𝑁
0
sin2𝜃

)]

× [1 − 4𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠3

𝑁
0
sin2𝜃

)]

+ 𝐹
1
[(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠𝑑

𝑁
0
sin2𝜃

)(1 +

𝑏PSK (𝑃𝑞/4) 𝛿
2

1

𝑁
0
sin2𝜃

)

× (1 +

𝑏PSK (𝑃𝑞/4) 𝛿
2

2

𝑁
0
sin2𝜃

)

× (1 +

𝑏PSK (𝑃𝑞/4) 𝛿
2

3

𝑁
0
sin2𝜃

)

×(1 +

𝑏PSK (𝑃𝑞/4) 𝛿
2

4

𝑁
0
sin2𝜃

)]

× [1 − 4𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠1

𝑁
0
sin2𝜃

)]

× [1 − 4𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠2

𝑁
0
sin2𝜃

)]

× [1 − 4𝐹
1
(1 +

𝑏PSK𝑃𝑑𝛿
2

𝑠3

𝑁
0
sin2𝜃

)] .

(30)

If all channel link variances of source to relay (𝛿2sr) and
relay to destination (𝛿2rd) are appropriately balanced, we can
replace 𝛿2

𝑠1
, 𝛿
2

𝑠2
, and 𝛿2

𝑠3
by 𝛿2sr, and 𝛿

2

1
, 𝛿
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2
, 𝛿
2

3
, and 𝛿2

4
by 𝛿2rd.We

can obtain the SER expression as follows:
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Figure 6: SER performance comparison between the proposedQO-
DF system and the conventional DF system.
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Figure 7: SER performance comparison of the proposed QO-DF
systems with various values of 𝜆(𝛿2sr = 𝛿

2

rd = 1).

Specifically, from the SER approximation in (31), we
observe that the link between source and destination con-
tributes diversity order of one in the system performance.
The cooperation strategy in the second phase also contributes
diversity order of four in the systemperformance. In addition,
it depends on the balance of the four channel links from the
source to the relays and from the relays to the destination.
Therefore, the proposed QO-DF cooperation systems show
an overall performance of diversity order of four.

5.2. Optimum Power Allocation. It is common in cooper-
ative communications that the channel variances between
source to destination link, source to relay link, and relay to
destination link are independent of each other. The MRC
expressions in (19) cannot guarantee the maximum of total
SNR at the destination. Hence, the power allocation objective
is to minimize the approximated SER with respect to users’
power, subject to a fixed total power constraint. The concept
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Figure 8: SER performance comparison of the proposed QO-DF
systems with various values of 𝜆(𝛿2sr = 10, 𝛿2rd = 1).
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Figure 9: SER performance comparison of the proposed QO-DF
systems with various values of 𝜆(𝛿2sr = 1, 𝛿

2

rd = 10).

of power allocation is that the quality of the decoded symbols
𝑠
1
, 𝑠
2
, 𝑠
3
, and 𝑠

4
greatly depends on the channel variances of

both phase I and phase II. If we define the transmit power 𝑃
𝑑

for the source and𝑃
𝑞
is the transmit power for the relays, for a

fixed total transmission power of 𝑃
𝑑
+𝑃
𝑞
= 𝑃
𝑡
, where 𝑃

𝑡
is the

total transmit power, then we can write the power allocation
condition as

𝑃
𝑡
= (1 − 𝜆) 𝑃

𝑑
+ 𝜆𝑃
𝑞
, at 0 < 𝜆 < 1, (32)

where 𝜆 is a power allocation factor between 𝑃
𝑑
and 𝑃

𝑞
.

According to the SER expression in (30), we are able
to heuristically search for optimum power allocation by
replacing 𝑃

𝑞
with 𝜆𝑃

𝑑
and 𝑃

𝑑
with (1 − 𝜆)𝑃

𝑑
. In our study,

we use computer simulations to validate the optimum power
allocation concept.
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Figure 10: SER performance comparison of QO-DF system with various values of 𝜆 (a) 𝛿2sr = 1, 𝛿2rd = 1 (b) 𝛿2sr = 10, 𝛿2rd = 1 (c) 𝛿2sr = 1, and
𝛿
2

rd = 10.

Theoritical
Simulation

0 5 10 15 20 25 30
SNR (dB)

SE
R

10
−10

10
−8

10
−6

10
−4

10
−2

10
0

Figure 11: SER comparison of the proposedQO-DF system between
theoretical analysis and simulation result.

6. Simulation and Results

In this section, based on computer simulations by MATLAB
software, performance evaluations of the proposed QO-DF
protocols are examined. For the sake of comparison, the
conventional DF protocol for four communication nodes is
also tested. The BPSK modulation with a total transmitted
power has average energy 1, a variance of a noise is 𝑁

0
and

bandwidth efficiency is 1 bit/s/Hz. In addition, Jake’s model
[13] is employed with a normalize doppler shift of 5,000Hz

Table 2: Cooperative protocol code rate.

Cooperation protocol Code rate
Direct signal only (noncooperative) 1
1-relay cooperative DF 1/2
2-relay cooperative DF 1/3
3-relay cooperative QO-DF 1/2

for simulating Rayleigh fading channels, and we also assume
all channel link variances in the system as appropriately
balanced, that is, 𝛿2sr = 𝛿

2

sd = 𝛿
2

rd = 1.
Figure 6 shows that SER performance of the pro-

posed QO-DF system is better than the conventional four
communication nodes DF system. Both of the proposed
QO-DF systems, with relay-selection and phase-rotation
techniques, have the SNR difference in comparison with
the conventional DF system, specifically, 0.8 dB and 0.9 dB
at BER of 10−5, and then achieve 2.7 dB and 2.8 dB SNR
difference at BER of 10−7, respectively. The code rate of the
proposedQO-DF system is shown in Table 2. In addition, the
proposed QO-DF system will achieve a code rate two times
higher than that of conventional DF in the case when no relay
incorrectly decodes the symbols.

Next, we studied the effect of the channel qualities
between source to relay and relay to destination for the
optimum power allocation strategy. Figures 7–9 show the
SER simulation results of the proposed QO-DF system with
𝜆 changing in the range of 0.3 to 0.6.
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Figure 7 shows that, when channel variances of source to
relay are equal to channel variances of relay to destination,
that is, 𝛿2sr = 𝛿

2

rd, at SNR< 7 dB,𝜆 = 0.3 gives the lowest results
of SER, and, at SNR > 7 dB, 𝜆 = 0.5 gives the lowest results
of SER.The best average SER result for whole SNR range is at
𝜆 = 0.5.

Figure 8 shows that, when channel variances of source to
relay are higher than channel variances of relay to destination,
that is, 𝛿2sr ≫ 𝛿

2

rd, 𝜆 = 0.6 gives the lowest results of SER.
Figure 9 shows that, when channel variances of source to

relay are lower than channel variances of relay to destination,
that is, 𝛿2sr ≪ 𝛿

2

rd, 𝜆 = 0.3 gives the lowest results of SER.
We can summarize the strategy of power allocation to the

proposed QO-DF system as follows. If the link qualities of
source to relay are higher than the relay to destination, in (32),
𝑃
𝑑
goes to 0, and𝑃

𝑞
goes to𝑃

𝑡
.This implies that we should put

more power at the relay nodes and less power at the source
node. On the other hand, if the link qualities of source to relay
are lower than those of the relay to destination link,𝑃

𝑑
goes to

𝑃
𝑡
and 𝑃
𝑞
goes to 0.This implies that we should use almost all

the power𝑃
𝑡
at the source node, and use less power at the relay

nodes. In addition, when the link qualities are approximately
equal, we should put almost equal power at the source and
the relay nodes.

For a high SNR case, we can observe the effect of the
channel qualities on the power allocation strategy, as in
Figure 10, by plotting the exact SER as a function of 𝜆 at
SNR = 10 dB, 20 dB, and 30 dB with (a) 𝛿2sr = 1, 𝛿

2

rd = 1 (b)
𝛿
2

sr = 10, 𝛿
2

rd = 10, and (c) 𝛿2sr = 1, 𝛿
2

rd = 10. They show that
the optimumBER results of all the different channel variances
are not much different at 𝜆 = 0.5. Therefore, it is reasonable
to adopt the equal power allocation scheme, that is, 𝜆 = 0.5,
as a suboptimum power allocation, which in turn results in
a simple power allocation strategy in the case of no available
channel feedback.

In Figure 11, we present an SER comparison of the
proposedQO-DFwith phase-rotation technique between the
theoretical SER and the simulation SER. These curves show
that the theoretical result performs close to the simulation
result.

7. Conclusion

In this paper, we have proposed a QO-DF cooperative
communication system for four communication nodes in
wireless cooperative communications, which could be well
applied to wireless ad hoc networks. We also derived the
theoretical SER, and compared the results with the simulation
results. The theoretical SER shows a closed result to the
simulated results. Furthermore, the proposed systemachieves
the full diversity of four by virtue of increasing several
signal transmissions in the relaying phase. The optimum
power allocation has also been investigated. In addition, it
turns out that an equal power allocation could be used as a
suboptimum power allocation for a slight SER degradation
penalty. From simulation results, we can observe that the
performance of the proposed schemes is significantly better
than the conventional DF protocol. Another advantage of

the proposed scheme is that it uses less time for signal
transmission in the relaying phase so that the code rate is two
times higher than the conventional DF system. Hence, this
proposed protocol is suitable for future multimedia wireless
communication.
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This paper presents an integrated extensible simulation platform BHU-VSim for vehicular sensor networks (VSNs), which aims
to support general simulation environment for typical vehicular applications in smart cities. To deploy urban traffic scenario, we
propose a hierarchical object structure to manage entities with different movement models in the network. Furthermore, we design
a general data container to present different kinds of data transferred and provide two schemes to generate data packages. Regarding
transmission control, the platform includes three components: task scheduling, storage management, and routing deployment. We
support importing external routing protocols and configuring relevant parameters to satisfy various transmission requirements.
Finally, an instance application, real-time traffic monitoring, and an example of statistical analysis are introduced to prove the
practicality and accuracy of the simulator. In one word, as an initiate attempt, our platform provides significant improvement of
VSNs’ simulations.

1. Introduction

A vehicular sensor network (VSN) is a kind of network
with sensors equipped on fast moving vehicles and provides
ubiquitous connectivity among mobile users and efficient
vehicle-to-vehicle (V2V) communications. It is widely used
in intelligent transportation systems (ITSs) to support
various applications, such as safe driving, real-time traffic
monitoring, highway toll payment, multimedia resource
sharing, and urban mobile surveillance [1]. As vehicles
broaden and deepen the extent of data transmission, VSN
has been considered as an important improvement in infor-
mation collection by humans and has attracted increasing
research in both academia and industry [2, 3]. Compared
with traditional wireless sensor networks, VSN has its own
characteristics, such as loose energy constraint, dynamic
network topology, unstable connectivity, and geography-
based communication patterns.

Nowadays, a brand new theory, interconnecting things
together to form a ubiquitous internet of things (IoTs)
[4], has been put forward. IoT initiates many new research
domains, including smart city. One typical application in

smart cities is smart traffic, which aims to avoid traffic
jams, save energy resources, and reduce vehicles’ emissions.
Although there already exist ITSs in many metropolises
to support real-time traffic monitoring, they require many
infrastructures, like base stations, lengthy cables, reliable
data center, and others. Considering the large overhead
to establish such an ITS and its harsh demand about the
environment, the concept of IoT motivates us to do research
on internet of vehicles (IoVs) and implement traffic services
by VSNs with few infrastructures, which is a key application
in future smart cities.

In urban VSNs, because of high mobility and small com-
munication radius, connectivity between vehicles cannot
have a long duration and end-to-end paths seldom exist.
Thus, we consider VSN as a special kind of delay tolerant
networks (DTNs) [5] rather than vehicular ad hoc networks
(VANETs) [6]. By providing DTN capabilities, some typical
challenging situations of vehicular sensor networks may
be overcome, such as intermittent connectivity, variable
delays, high error rates, and nonexistence of an end-to-end
path. That is because DTNs introduce a store-carry-forward
paradigm that performs better and uses fewer resources than
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those of end-to-end protocols, for each hop of DTNs is
optimized individually [7].

As VSN is an emerging field with new variety and fast-
moving features, detailed research work is urgent on data
representation, data storage, routing protocols, and other
aspects. Because experiments on real vehicles are expensive
and dangerous, due to high resource consumptions and
complicated traffic scenarios, a reliable and functional plat-
form for VSNs’ simulation is starved for. Such a simulation
platform not only provides simulation scenario for VSNs’
applications, but also helps to narrow the gap between
research work and practical requirements.

However, to the best of our knowledge, little research
had been done on a versatile simulation platform for
VSNs to integrate DTN specialties. In this paper, we do
research on the core problems in VSNs and construct
an extensible simulation platform BHU-VSim. It provides
a general environment integrated with scenario construc-
tion, data management, transmission control, and service
optimization. It not only embeds several existing mobility
models and routing protocols, but also supports interfaces
to import external models and algorithms. Furthermore,
to improve the practicality of the simulator, it supports
flexible scenario control, data generation, task scheduling,
and package deletion methods. Meanwhile, graphical user
interface (GUI) is finely designed to improve user experience.
Overall, different applications on VSNs can be easily realized
on our platform with relevant configurations. In this paper,
we take real-time traffic monitoring in urban scenario as an
example, showing how to use our platform.

The rest of this paper is organized as follows. Section 2
presents related work in VSNs and existing simulation
platforms. In Section 3, we introduce the design objectives
and system framework of the platform. Sections 4, 5,
and 6, respectively, discuss core issues in the platform
design, including scenario construction, data management,
and transmission control. An instance of real-time traffic
monitoring and an example of statistical analysis are depicted
in Section 7. Finally, with several improvements discussed for
our future work, we conclude the paper in Section 8.

2. Related Work

As a rising hotspot in traffic management, VSN has
attracted researchers in academia, industry, and even govern-
ment. Well-known research institutes and programs include
Car2Car-CC by BMW and other famous automobile corpo-
rations [8], CarTel by MIT [9], German’s Network on Wheels
(NOWs) [10], and Traffic Prediction by IBM. The Federal
Communications Commission (FCC) of the US segments a
dedicated short range of communication frequency (DSRC)
for intervehicle communications. Research work on VSNs
focuses on several aspects, such as network framework,
mobility models, routing protocols, storage management,
network security, and performance analysis [11, 12]. Now,
a general and flexible platform to integrate these research
domains and evaluate overall performance is highly required.

In VANETs, there already exist several typical simulators,
such as GrooveSim [13], TraNS [14], ASH [15], VGSim
[16], iTETRIS [17], NCTUns [18], and Veins [19]. Most of
them are composed of network simulator, traffic simulator,
and even environment simulator. Typical network simulators
are ns-3 [20], ns-2 [21], OMNet++ [22], Jist/SWANS
[23], V2X, OPNET, and so forth. Typical traffic simulators
are SUMO [24], CanuMobiSim [25], VanetMobiSim [26],
and so forth. These simulators import car-following, lane-
changing, traffic-queuing, and vehicle interaction models
to improve the fidelity of the simulation results. Besides,
ASH and Veins utilize bidirectional interactions between
mobility model and network model to support real-time
path reselection during moving process. GrooveSim supports
hybrid between simulated and real vehicles. NCTUns, from
2002 to 2010, has published six versions to gradually improve
its simulation performance. However, each simulator has its
drawbacks. For example, ns-2 has scalability problems, and
GrooveSim just provides geographic routing protocols, and
NCTUns is difficult to extend. Besides, a general issue of
these simulators is that they all work for VANETs, which
assume that end-to-end connectivity exists through some
path, while VSNs do not always satisfy this assumption [27].
Therefore, we attempt to construct a simulator for VSNs
based on DTNs, which also accepts sparse networks through
its store-carry-forward paradigm.

Nowadays, most simulators for DTNs are still in progress.
One well-known simulator is named opportunistic network
environment simulator (ONE), which is constructed by
a research group in Helsinki University of Technology
[28, 29]. ONE supports embedded and imported routing
protocols and mobility models and provides GUI and a
set of reporting and analyzing modules. Although ONE is
an excellent simulation platform for DTNs, there is still
much improvement needed to increase the practicality of
the platform, such as data representation and transmission
control. In addition, it is not appropriate to simulate VSNs,
due to VSNs’ own characteristics, such as vehicular scenario
constraints and highly dynamic mobility. Thus, based on
ONE, we design our simulation platform to realize the
expectations for actual applications in VSNs.

In this paper, we construct an innovative platform BHU-
VSim for VSNs’ simulations. It is integrated with several
classic algorithms and also supports abundant interfaces for
external algorithms, in the domains of mobility model, data
representation, routing protocol, and so forth. Meanwhile,
we design flexible methods to support system management,
such as scenario control, data generation, task scheduling,
and package deletion. Thus, our proposal can provide better
performance, compared with previous simulators.

3. Platform Architecture

3.1. Design Objectives. From the perspective of applications,
main tasks of VSNs are data collection, data management,
transmission control, and finally providing timely and
reliable services for smart traffic. In this way, VSN can
be considered as a mobile network of massive distributed
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heterogeneous data. The difficulties to design VSN simulator
are complex scenario setting, various data representation,
and flexible control mechanisms. In short, we list several
objectives in the following for our platform to satisfy.

(1) Support complex traffic scenario construction, with
well-managed hierarchy of traffic participants and
fine scenario regulations.

(2) To simulate data collection and transmission in
VSNs, the platform includes interfaces to import
external algorithms.

(3) Users can neatly configure the control schemes
according to specific application requirements.

(4) Have access to real traffic data from transportation
statistics, to analyze and optimize the system design.

3.2. System Framework. In smart cities, as the basic unit, data
cell has its life cycle, from data generation to data processing,
then to data usage, until data death [30]. From data life
cycle standpoint, we design the system framework of our
simulator. First of all, we need an actual urban traffic scenario
to support environment for data growing. We name this
basis as scenario construction module. In data generation
process, we use portable and stable sensors to collect
information, so we set data collection layer at the bottom of
the architecture. Besides, for specific rules about data formats
and generation patterns required to guarantee expected data
generation, the second lowest layer is data management
layer, including data representation and data generation.
After data generation, in order to successfully transmit data
from one vehicle to another, vehicular transmission control
mechanisms strictly influence data processing, including
data storage, data transfer, and data update. Thus, this layer
is named transmission control layer. When the data reaches
its destination, it must be resolved and analyzed according
to the requirements of a specific smart service, in order to
provide appropriate data for the ultimate use. We name this
layer smart service layer. Finally, the target terminal utilizes
the data and decides on whether to delete or keep it, which
is named terminal application layer. To sum up the previous
analysis, VSN system can be segmented into five layers, data
collection layer, data management layer, transmission control
layer, smart service layer, and terminal application layer, as
shown in Figure 1.

In BHU-VSim, we design a hierarchical object structure
to construct scenarios with fast-moving vehicles, slow-
moving pedestrians, static roadside infrastructure, and
other entities. In data collection layer, sensors equipped
on vehicles, roadside infrastructures, and mobile devices
with pedestrians gather surrounding information. In data
management layer, various data representation and flexible
data generation are discussed. Transmission control layer
contains task scheduling, storage management, and routing
deployment components. Smart service layer supports basic
VSNs’ services, such as safe driving and traffic management.
The top layer is terminal application layer, which satisfies dif-
ferent requirements of different terminals. Besides scenario
setting and performance evaluation, our research mainly

covers the data management, transmission control and smart
service layers. In our platform, we focus on four modules as
listed in the following.

(1) Scenario construction: to construct vehicular net-
work scenarios, we introduce the digital map pattern
to load instance map, and manage entities in a hier-
archical structure to support flexible entity loading.
Each entity has its characteristics and can adjust its
movement states.

(2) Data management: this module consists of two parts,
data representation and data generation. Firstly, we
design a general data container to present different
kinds of packages transferred in the network. Besides,
the platform allows periodical or random generation
of data packages.

(3) Transmission control: BHU-VSim provides task
scheduling methods and package dropping meth-
ods to improve transmission and storage efficiency.
Meanwhile, it is integrated with several typical rout-
ing protocols and has interfaces to import external
protocols.

(4) Service optimization: analyzing basic information of
the network and data received from traffic entities,
vehicles compute relevant parameters to indicate
service quality and adopt corresponding measures to
optimize the quality.

To be noted, service optimization is used to prepare
rough data well for terminal applications. Via computing
service parameters which serve for the applications and
defining optimization methods to optimize the simulation
results of service parameters, this module ultimately realizes
the value of data and provides high-quality service. Here,
we see service optimization module always has strong
association with specific applications. For an instance,
a multimedia resource sharing application may require
selection and integration of different data blocks, while
a traffic monitoring application maybe needs the latest
vehicular flow rate at each waypoint. Different requirements
lead to a huge difference between the implementations of
service optimization modules in these two applications.
Therefore, to introduce general models in our simulator, we
omit further discussion about service optimization in the
next sections. However, an instance of service optimization
module will be depicted in Section 7. In Sections 4–6,
we describe core issues in the implementation of scenario
construction, data management, and transmission control
modules in detail.

4. Scenario Construction

As traffic status in urban areas is always complicated, exactly
simulating an urban traffic scenario is often difficult. Even
previous work on VANET simulators could not provide
adequate models and convenient extensions to create various
transportation participants. Additionally, as ONE is not
specially designed for vehicular networks, it misses several
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Figure 1: System framework.

important specialties about vehicular mobility, such as car-
following and lane-changing. Considering the significance of
an accurate scenario to achieve correct simulation results,
great enhancements of scenario construction module are
required in the simulator. In this paper, the scenario
construction module has three parts, importing urban map,
deploying traffic participants, and adjusting traffic situation.

4.1. Map Format. To simulate transportation in smart cities,
we focus on the road information in the urban map rather
than buildings, farmland, and so forth. Thus, each map
is composed of many paths, and each path has a list of
road waypoints. Similar with ONE, we select .wkt digital
map file to be the standard map formats. To better simulate
roads in cities, we add multilane and directions for .wkt file.
Specifically, we allow users to set the numbers of lanes in two
directions in the map file. Default numbers of lanes in two
directions are both 1. The direction in line with the order of
road waypoints is named positive direction, remarked “+.”
The other direction is called negative direction, remarked
“−.” The serial number of each lane is started from the
roadside (1) to the middle of the path (n). Each lane has
its lane number, such as “+1” and “−2.” To be noted, real
city maps in .wkt format can be imported into the system
directly.

4.2. Entity Management. To support unified and extensible
traffic entity management, we propose a hierarchical entity
structure. Entities with similar characteristics comprise one
group with the common attributes, and similar groups are
also clustered together, in order for convenient management

and deployment. The system automatically constructs entity
groups in batch and then regulates entities with special fea-
tures different from its group. Each entity has three kinds of
attributes, including basic attributes (ID, name, count, etc.),
mobility attributes (mobilityModel, initialLocation, path,
speed, waitTime, movingTime, etc.), and communication
attributes (commRange, dataRate, bufferSize, router, packages,
etc.). Users can customize these attributes for a particular
application in the class file Entity.

BHU-VSim is embedded with several movement models
for traffic participants, such as CarMovementModel and
BusMovementModel. To improve flexibility of the platform,
external movement models are supported by extending
MobilityModel class and overriding at least two methods
setInitialLocation() and setPath(). Additionally, actual mobil-
ity files can be used in the system by calling methods with
parameter mobilityFile.

Besides, in BHU-VSim, we implement IDM car-
following model [31] and MOBIL lane-changing model [32]
to simulate vehicular mobility constraints. With configura-
tion sentences carFollowingModel = IDM and laneChanging-
Model = MOBIL in the mobility attributes, users can use
these models.

4.3. Traffic Status Adjustment. To improve realness of BHU-
VSim, we use traffic status adjustments to set jams in the
scenario. We propose the configuration of influence sphere
to improve the simulation accuracy, compared with obstacles
defined in ASH [15]. For instance, a traffic control measure
may just stop private cars passing at one direction. Relevant
methods to set a block are shown in Table 1. Among
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Table 1: Interface methods to set a block.

Usage Class Method Parameter

setPaths() Path[]p

Calling Block setLane() Lane[]ln

setEntities() Groups[] entities

setSpeedRange()
Float lowSpeed
Float highSpeed

Associating Scenario addBlock() Block b

the methods, setPaths() and setEntities() are required. The
default lanes are all lanes, and the default speed is 0.

The scenario construction module of BHU-VSim sup-
ports urban map with multilane paths, has a hierarchical
structure to manage transportation participants, and also
allows setting road blocks. Although these specialties help
to construct more real traffic scenario, there are still many
problems to be solved, such as the traffic light model, the
overlapping issue due to overpass, and the building’s interfer-
ence with V2V communication. More actual 3D model may
be helpful to overcome these problems in the future.

5. Data Management

Although previous network simulators seldom discuss the
data management program, it is very significant to define
data when simulating an actual application in VSNs, for data
being the key element in the network communication. In
BHU-VSim, we provide a general data container to represent
different kinds of data packages for different applications.
Moreover, we design two methods to support periodical
generation and random generation of data packages.

5.1. Data Representation. To improve the flexibility and
availability of BHU-VSim, we design a general data container
to present and differentiate various data. We partition
a package into header section and data section. For a
specific application, the data package can be defined by
inheriting class DataPackage, setting necessary attributes,
and overriding the method Entity.createPackage() to assign
values for the attributes in the package.

In our simulator, we have designed three kinds of data
packages for typical services in VSNs, entity status data,
digital data, and multimedia data. Entity status data presents
this entity’s basic information, moving state, and position
relations with others, in order to monitor traffic and support
safe driving. Digital data is always taken from different kinds
of sensors to record temperature, humidity, and so forth.
These sensors use digital to indicate the traffic states and
road states. Multimedia data is designed for entertainment
applications, including file format, minimum data rate,
recovery rate, and content.

Besides data messages, control messages are required
in almost every application. They always have particular
requirements about transmission and analysis. Thus, we
leave the discussions about control messages for our future
work.

5.2. Package Generation. In BHU-VSim, we provide two
interfaces to periodically or randomly generate data pack-
ages. By calling the method setProdPkgGntTime(float start,
float end, float interval), this entity will generate one data
package every interval rounds from the round start to end.
By calling methods setRandPkgGntTime(float start, float end,
int count), this entity will randomly generate count data
packages from start to end. Although these methods are not
complete, they are sufficient for usual data generation.

In BHU-VSim, we define the format of data package and
present three typical instances. Besides, two data generation
methods enrich the simulation scope. In this module, there
are much more research needed on the control package
formats and simplified data structure design, in order to
improve the accuracy and efficiency of the simulation.

6. Transmission Control

How to successfully transfer a data package from its source
to its destination is a key problem in network simulation.
In VSNs, considering the unstable connection, when two
entities meet with each other (they are in each other’s
communication range), they should grasp this valuable
opportunity to transfer data between them. In previous
work, although some simulators are embedded with classical
routing protocols and storage management policy, they
are incomplete and difficult to extend. After analyzing the
influence factors in data transmission, we think that three
basic problems should be solved: (1) which entity transfers
first, and which package is transferred early; (2) what routing
protocol to use for the package transmission; (3) if no
enough storage left to receive the data, which package is
dropped early to save space. To handle these issues in an
extensible way, we introduce the task scheduling, storage
management, and routing deployment policies.

6.1. Task Scheduling. To provide equal chance for each
entity to transfer data, we propose random entity selection
policy to select one meeting entity to send data first. Then,
we use scheduling model to compute the transmission
priority of each package in the sender entity, to improve the
transmission efficiency.

Using the random entity selection policy, each meeting
entity generates a random value in the interval (0, 1). Then,
the entity with the largest value transfers first, and the entity
having the second largest value transfers next, until each of
them transfers one package. If there is still a transfer chance,
the second round of transmission with the same sequence
takes place. In this way, each entity has an equal chance to
send data. Here we assume that all the nodes obey this policy,
without mendacity. How to realize this assumption is left for
research on network security.

When one entity has a chance to transmit data, firstly
it computes scheduling priorities of all the packages in its
storage and then selects the package having the highest
priority to transfer. Here, we use basic scheduling attributes
to stand for those attributes defined in the ScheduleModel



6 International Journal of Distributed Sensor Networks

class. The method computePriority() in this class uses the
values of these attributes to compute the scheduling priority.

The customized scheduling model should inherit from
the class ScheduleModel, setting basic scheduling parameters
and overriding the computePriority() method.

Traffic entities use the method setScheduleModel() to set
scheduling model for their packages and assign values to
basic scheduling attributes in the model. Here, we suggest
the configuration to be set in batch if one or more groups
of entities have the same policy.

6.2. Storage Management. Taking VSN as a distributed
storage system with limited storage space in each vehicle,
when the buffer is overfilled, the vehicle drops data according
to package dropping rule, in order to make space for new
coming data.

To increase the flexibility of BHU-VSim, we design a
package dropping model based on selected attributes. The
implementation is similar to the task scheduling policy.
Basic dropping attributes are defined in the DropModel class,
and the method computePriority() uses the values of these
attributes to compute the dropping priority. Packages with
higher priorities are dropped earlier. Traffic entities use the
method setDropModel() to set drop model for their packages.

6.3. Routing Deployment. In urban traffic, each entity has
its routing protocol to transfer data packages. For instance,
the fast-moving vehicle may use Prophet protocol to transfer
data to a specific destination, while road-side infrastructure
may flood data to passing buses. Furthermore, to satisfy
complicated requirements, we support flexible deployment
according to traffic states. For example, in a crowded area,
vehicles use Spray and Wait routing protocol to keep the
number of package replica within a limit, while in some
sparse area, Epidemic routing is selected to increase the
probability of successful transmission. Thus, we support
routing deployment based on different entity groups and
traffic states.

Here, traffic state attributes are those attributes of the
entity, which affect it to select routing protocol. Each entity
sets its routing protocol with the method setRouter() by
considering the values of these traffic state attributes.

BHU-VSim has been integrated with several typical rout-
ing protocols, including EpidemicRouter, SprayWaitRouter,
and ProphetRouter classes. The interface to import new
routing protocols is also provided. We use basic routing
attributes to stand for those attributes defined in a new
routing class, and the method update() in the class uses the
values of these attributes to make routing decision, such as
whether to transmit this message and how many replica to
transmit (the usage of the number of replica can be obtained
from SprayWaitRouter class). Users can create a new Router
class inheriting the BasicRouter class, define the basic routing
attributes, and override the method update(), to implement
customized routing decision making process.

Besides the control methods described previously, we
have concrete operation process in the core of the platform.
In other words, user-defined control mechanisms are well

integrated into BHU-VSim, if they are configured using
the interface methods as defined previously. Although
our improvement has great significance to simulate actual
applications in VSNs, there are still more problems about
transmission control to be handled, such as data inconsis-
tency, data corruption, and data acknowledgment. Besides,
to simplify and clarify the structure of the simulator, we omit
the handshake process when establishing connection. In our
future work, we should gradually improve the fidelity of the
transmission process.

7. Performance Evaluation

7.1. An Instance: Real-Time Traffic Monitoring. As smart
traffic is attracting more and more attentions from the
government to individuals, we introduce one instance appli-
cation, real-time traffic monitoring in VSNs, which aims to
optimize vehicles’ path selection to avoid traffic jams through
V2V communication, without any roadside infrastructures.

In scenario construction module, to set urban traffic
scenario for this application, we deploy two vehicle groups,
VGroup1 and AGroup1, in the 500 × 500 map zone during
the simulation rounds [0, 500]. VGroup1 has 100 cars moving
with CarMovementModel movement model, and AGroup1
has 12 buses with BusMovementModel mobility model. Here,
buses in AGroup1 gather traffic congestion information,
because of their stable movement paths, fixed departure
interval, and high network coverage. Cars in VGroup1 just
communicate with AGoup1 to get the traffic state. In this
way, the traffic state can be disseminated in the scenario
with low transmission overhead. Here, we use our traffic
status adjustment method to set one jam on the shortest path
from the start point to the destination point. Configuration
interfaces are listed in Table 2.

In data management module, we use the vehicle driving
speed to indicate traffic congestion degree. Specifically, if
the vehicle passing by one path runs fast, the traffic there is
smooth and clear; if the vehicle can hardly move forward,
there is possibly a traffic jam. In the implementation, we
use entity status data to represent the data package. To
save storage space, the entity status data just contains a
quaternion, including recorder entity’s ID, location, velocity,
and record time. Concerning data generation pattern, each
bus generates 1 package in every 5 rounds from the 0th round
to the 400th round. Relevant methods are listed in Table 2.

In transmission control module, to improve transmission
efficiency, we utilize task scheduling and package dropping
policies. In the task scheduling policy, we use two attributes
in data package p, record time and location, to be basic
scheduling attributes. Packages with higher record time and
more adjacent location are transferred earlier than others.
In the package dropping policy, we use record time to be
basic dropping attribute. Packages with lower record time
are dropped earlier than others, to save space for new data.
For the routing protocols, we use the embedded protocols
EpidemicRouter and ProphetRouter. The velocity of entity is
traffic state attribute. When the velocity is equal to or larger
than 20, which means the traffic state is excellent, buses use
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Table 2: System configurations for the instance application.

Module Function Method Remark

Scenario
construction

Set mobility models for entities
VGroup1.setMobilityModel(Car-MovementModel)
AGroup1.setMobilityModel(Bus-MovementModel)

Set a traffic block b
b.setPaths(path1, path2)

b.setEntities(VGroup1, AGroup1)
b.setSpeedRange(0, 5) scenario.addBlock(b)

Data
management

Represent data package p AGroup1.createPackage()
Data: ID, location, velocity,

and record time

Set generation time of data
package p

AGroup1.setProdPkgGntTime (0, 400, 5)

Transmission
control

Set task scheduling policy ts
VGroup1.createScheduleModel(ts)
AGroup1.createScheduleModel(ts)

ts.computePriority()

Basic scheduling attributes:
record time and location

Set package dropping policy pd
VGroup1.createScheduleModel(pd)
AGroup1.createScheduleModel(pd)

pd.computePriority()

Basic dropping attributes:
record time

Set routing protocols for buses in
AGroup1

AGroup1.setRouter()
Traffic state attributes:

velocity

EpidemicRouter to propagate information; otherwise, when
the traffic is jammed, they use ProphetRouter to decrease
transmission overhead. Table 2 shows the configuration
methods.

To avoid transmitting traffic states of irrelevant paths,
buses just collect data about the 5 recommended shortest
paths. Cars obtain the traffic information when they com-
municate with buses. Then, cars can optimize their path
selection by analyzing the traffic states.

In service optimization module, with geographical data
and traffic data, we put forward the path selection method.
To avoid traffic jams, cars exclude the initial recommended
paths including jams first and then select the one with
the shortest path as the final path. However, maybe all
the initial paths have jams. In this case, another 5 short
paths are computed, and another round of jam rejection is
implemented, until one path excluding jams is found. The
GUI of BHU-VSim is designed to show the scenario and
transmission state, as presented in Figure 2(a). The result of
path selection to avoid jams is shown in Figure 2(b).

For other applications, users just need to configure the
scenario, define the data, and override relevant control
methods, in order to provide required services. Overall, we
can conclude that the simulation platform BHU-VSim is
easily configurable and extensible. It can satisfy different
requirements of various applications in VSNs.

7.2. Statistical Analysis. In our simulator, we have data
analysis module to compare the statistic results of different
algorithms. Independent of the traffic monitoring instance,
we test the performance of typical routing protocols under
limited storage in VSNs, including Epidemic, Prophet, and
Spray and Wait routing protocols. Configurations are listed
in Table 3. We set the shortest path map-based movement
model and FIFO package dropping model for vehicles.

Table 3: Configurations for the example of statistical analysis.

Parameter Value

Network area 5000 × 5000 m2

Number of vehicles 100

Simulation time 12 h (1 round stands for 1 second)

Communication radius 100 m

Mobility model The shortest path map-based model

Mobility speed Random in (10, 20) m/s

Data rate 2 Mbps

Size of data message 256 KB

Size of storage space 5 MB

Data generation
1 message every 15 min by each
vehicle

Package dropping model Fist in first out (FIFO)

The evaluating indicators are the delivery ratio (ratio of
the number of successful delivery messages to the number
of total messages), average delay (average delay of successful
delivery messages), average hop (average hop of successful
delivery messages), and average number of replicas (ratio of
the number of total replicas to the number of messages). The
simulation results are shown in Figure 3.

From Figure 3, we see that in general, Spray and Wait
routing protocol performs best among the three protocols.
It has the highest delivery ratio, the lowest average delay,
the lowest average hop, and the lowest average number of
messages. The reasons lie in two parts. (1) As we use the
shortest path map-based movement model, the advantages
of Prophet cannot be shown out. This is because the mobility
model causes irregular counter probabilities, which seriously
interfere the forwarder selection in Prophet routing protocol.
(2) The Epidemic routing protocol uses flooding method to
disseminate data, so it leads to heavy resource consumption
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Figure 3: Statistic results of different routing protocols.

of storage spaces. In this test, we set limited storage space
at vehicles and use FIFO dropping rule to manage storage
space. Thus, Epidemic leads to frequent change of the
packages before they are forwarded. Thus, the performance
of Epidemic routing protocol deteriorates.

From qualitative analysis, the simulation results are
in line with theoretical derivation. Thus, it testifies the
correctness of statistic results using our platform to some
extent and further shows the practicality of our platform in
algorithm performance comparison.
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In this section, we introduce two typical instances. One
is a real application, real-time traffic monitoring, in order to
show the usage of our simulator and indicate the practicality
and convenience of our platform. The other is statistical
analysis of three routing protocols, in order to testify the
accuracy of simulation results qualitatively. However, more
actual experiments are required in our future work to further
evaluate the performance of BHU-VSim quantitatively.

8. Conclusion

In this paper, we construct an integrated extensible platform
named BHU-VSim, to support simulation environment
for typical applications in VSNs. To deploy urban traffic
scenario, we define standard map files with multilane paths,
propose a hierarchical object structure to manage traffic
entities, and provide traffic status adjustment to set jams
in the scenario. Furthermore, to manage data, we define
data package formats and support periodical and random
data generation methods. Considering the key problems
in transmission process, BHU-VSim supports flexible task
scheduling policy, package dropping policy, and routing
deployment method. Besides the embedded mobility models
and routing protocols, it has abundant interfaces to import
external models and protocols. Finally, an instance of real-
time urban traffic monitoring application and an example
of statistical analysis are introduced to illustrate the usage,
practicality and accuracy of the simulator. In one word,
BHU-VSim is a valuable attempt to construct an integrated
and extensible simulation platform for VSNs.

However, there is still much profound research to be done
to improve our simulator. As the channel model is crucial to
simulate V2V communication, we will continue our research
to integrate the models in physical layer and MAC layer
into BHU-VSim. Additionally, more experiments in actual
vehicular sensor networks are needed to test the simulator’s
performance and adjust it well for real-world scenarios.
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Sensor location estimation is important for many location-based systems in ubiquitous environments. Sensor location is usually
determined using a global positioning system. For indoor localization, methods that use the received signal strength (RSS) of
wireless sensors are used instead of a global positioning system because of the lack of availability of a global positioning system for
indoor environments. However, there is a problem in determining sensor locations from the RSS: radio signal interference occurs
because of the presence of indoor obstacles. To avoid this problem, we propose a novel localization method that uses environmental
data recorded at each sensor location and a data classification technique to identify the location of sensor nodes. In this study, we
used a wireless sensor node to collect data on various environmental parameters—temperature, humidity, sound, and light. We
then extracted some features from the collected data and trained the location data classifier to identify the location of the wireless
sensor node.

1. Introduction

Location-aware services are an important application of ubi-
quitous computing. Therefore, in wireless sensor networks
(WSNs), localization has become an essential functionality.
Essentially, the localization of a wireless sensor node is
achieved by measuring the received signal strength (RSS) of
wireless links between the target node and multiple reference
nodes and using the theory that the signal strength of the
wireless link between two wireless nodes decreases as the
distance between them increases. Measured RSS data are
used to determine the location of the target node in meth-
ods such as triangulation [1], a centroid method [2], or
fingerprinting [3, 4]. However, such a method has some limi-
tations when used in indoor environments owing to the
reflection, loss, and distortion of signals because of the pre-
sence of indoor obstacles. In addition, the RSS between two
sensor nodes for a given distance decreases with the battery
capacity of the sensor nodes.

In this paper, we propose a novel localization method
for sensor nodes in indoor wireless sensor network envi-
ronments [5]. The method involves the classification of

environmental data, such as temperature, humidity, sound,
and light, collected by the target nodes. To classify these
environmental data according to the locations where they
were recorded, we use a k-nearest neighbor (k-NN) classifier.
In addition, we use a feature extraction method for the recog-
nition through principal component analysis (PCA). We
then perform localization experiments in an actual test
environment to validate the proposed method.

The rest of this paper is organized as follows. In
Section 2, the existing sensor localization methods and some
problems that arise when using these methods in real-
world applications are analyzed. In Section 3, we describe
the design of the localization method proposed in this paper.
In Section 4, the implementation of the method is explained
and experimental results are discussed. Finally, in Section 5,
the paper is summarized and future directions are given.

2. Related Work

2.1. Well-Known Localization Methods. Triangulation tech-
niques include RSS indicator (RSSI) [6], time of arrival
(ToA), time difference of arrival (TDoA), and angle of
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arrival (AoA). RSSI measures the attenuation of the radio
signal strength between a sender and a receiver. The power
of the radio signal decreases exponentially with increasing
distance, and the receiver can measure this attenuation and
use it to estimate the distance from the sender. ToA [6–8]
is based on the speed of radio wave propagation and the
time that a radio signal takes to move between two objects.
Combining these pieces of information allows a ToA sys-
tem to estimate the distance between a sender and a receiver.
TDoA [6, 9] measures the difference between arrival times.
Beacon nodes are necessary to transmit both ultrasound
and radio frequency (RF) signals simultaneously. A sensor
measures the difference between the arrival times of the two
signals and relays the range to the beacon node. Unlike the
above techniques, which measure distance, AoA [10] tech-
niques measure the angle at which a signal arrives. Angles can
be combined with the estimated distance or other angle mea-
surements to derive positions. AoA is an attractive method
because of the simplicity of the subsequent calculations.

The use of triangulation methods for indoor environ-
ments is very problematic because they use the RSS; the
drawback [11] of using the RSS has been described in
Introduction. Thus, to avoid these problems, other methods
should be used.

2.2. RF Fingerprinting. A fingerprinting [3, 4, 12] algorithm
is usually the basis of a WLAN localization system. The pro-
posed technique, based on the discriminant-adaptive neural
network (DANN) [3] architecture, is implemented in a real-
world WLAN environment, and realistic measurements of
the signal strength are collected. This technique is used
to extract useful information from available access points
(APs) and transmit the information to the discriminative
components (DCs). These components use this information
for discriminating between different locations and rank it
according to its quantity. Rank the locations according to the
respective access point. The technique incrementally inserts
DCs and recursively updates their weightings in the network
until no further improvement is required. The network
can accomplish learning intelligently using the information
provided by the inserted DCs. Moreover, the weights of the
input layer and the inserted components are determined
using multiple discriminant analysis (MDA) [13] in order to
maximize the useful information contained in the network.
The RF fingerprinting technique also uses RSS values to
determine the position of a sensor node. Thus, the problem
explained in Section 2.1 is faced.

2.3. eWatch System. eWatch [14] is a wearable sensing,
notifying, and computing platform that resembles a wrist-
watch, a factor that renders it very accessible, instantly
viewable, ideally located for sensors, and unobtrusive to its
users. Information transfer from eWatch to a cellular phone
or stationary computer occurs through wireless bluetooth
communication.

eWatch senses light, motion, sound, and temperature
and provides visual, sound, and tactile notification. It has
ample processing capabilities and a multiday battery life,
which allows realistic user studies. This paper describes the

Buttons

Light sensorBlue LEDMicrophone

LCD (128 × 64)

Figure 1: Top view of the eWatch board.

motivation for developing a wearable computing platform,
a description of power-aware hardware and software archi-
tectures and demonstrates the identification and recognition
of a set of frequently visited locations via online nearest-
neighbor classification.

Figure 1 shows the board that was used for data collection
and analysis in the eWatch project. eWatch finds a location
using three environmental parameters: sound, temperature,
and light. Note that the use of more parameters would
increase the localization accuracy. In this paper, we discuss
methods for measuring a user’s location by using four
parameters: sound, temperature, light, and humidity. In the
present study, these sensing data were used in location-aware
technology.

3. Design of the Proposed Method

In this section, we explain the design of the proposed sys-
tem and describe the architecture and design concepts. In
addition, details of the method for each module will be dis-
cussed.

3.1. System Architecture. Figure 2 shows the overall system
architecture and data flow. The location data collection
module (LDCM) periodically collects environmental data
of each space and provides the data to the system. The
environmental data of each space consists of temperature,
humidity, light, and sound data.

The collected environmental data of each space is used
for training the user location recognition module (ULRM).
The location data feature extraction module (LFEM) pro-
vides a feature extraction function. This function is applied
to the environmental data of the user location provided by
the LDCM. The extracted features are input into the ULRM
for the purpose of user location recognition. Primarily,
feature extraction is used to decrease the amount of high-
frequency data. In the LFEM, the data are converted from
the format of the ULRM training module to the attribute-
relation file format (ARFF) used by Weka [15]. Weka is a data
mining tool. In addition, the LDCM module can sense the
current environmental data communicated in the location
test. Finally, the sensed and trained data will be used as test
data to recognize a user’s location.
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In addition, the LFEM uses a different extraction method
for each feature. It uses PCA for feature extraction. In PCA,
the number of principal components is less than or equal
to the number of original variables. The ULRM uses a set
of trained data for recognizing location. In this section, we
discuss the data format for data training and that of the
collected data. In addition, the ULRM shows the location
recognition results based on real-time data extracted from
the LFEM module.

3.2. LDCM. This section describes the elements of the
LDCM. Figure 3 shows the structure of the LDCM. This
module periodically senses and collects the environmental
data of each space and provides it to the system. These data

are then used for recognizing the user location. The WSN
[16] consists of a wireless sensor node and sink nodes. A
Hmote2420 sensor, which can sense temperature, humidity,
light, and sound, is used in the sensor board.

The wireless sensor node loads data from the data
sampler program and sensor board. Thus, the sensor nodes
can acquire environmental data from the sensor board. While
the data (temperature, humidity, light, and sound data) are
being sent, the WSN can also send the data to the sink
node through a wireless link by using a sampler program.
The wireless link operates in the half-duplex transmission
mode. The sink node delivers sensor data to the base station
and the sensor network interface through a serial link. The
sink node can also acquire environmental data directly from
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the installed data sampler and sensor board, but not through
the wireless sensor node. The sink node has a high-frequency
data sampler for sampling high-frequency data effectively.
Two types of samplers, a high-frequency sampler and a low-
frequency sampler, are used because of the very large amount
of processing required for high-frequency data.

The sensor network interface links the sensor network
to a base station. The hardware interface, such as USB or
RS-232, uses a common serial link. On the other hand, the
software interface has a device driver and a system appli-
cation programming interface (API) for processing data
received from the serial link. The location data collector saves
environmental data in the data file of the training set.

This training set is created after the data file is given as
the input to the LFEM, and it is used by the LFEM for train-
ing the ULRM with the feature extraction process. The
LDCM interface provides an API, which can be used to
obtain environmental data at the user’s location. In the next
section, the data extraction method will be explained.

3.3. LFEM. In our system, the LFEM performs data extrac-
tion. The structure of the module is shown in Figure 4.
The extraction method used in the LFEM depends on the
type of environmental data used. We perform noise filter-
ing for low-frequency data and determine the power spec-
tral density (PSD) for high-frequency data. Therefore, the
collection of low-frequency data, such as temperature and
humidity, involves noise filtering. Noise filtering helps dis-
tinguish between usable data and unusable data. Thus, our
module acquires only usable data. However, high-frequency
data, such as sound and light, are not subjected to noise filt-
ering.

For collecting high-frequency data, the PSD should be
used. Sound data and the top five principal component data
are then extracted through frequency domain conversion.
These real-time data are provided as input to the LFEM inter-
face. They are used for feature extraction in the ULRM dur-
ing user localization. The LFEM then creates a feature com-
ponent on the basis of these data.

3.4. ULRM. Figure 5 shows the ULRM. The module is based
on the space recognition features generated by the LFEM
for training. This module also provides a user interface with
an application level. The location data classifier classifies the
current user’s location features. To perform this task, the
location data classifier is trained on a set of environmental
data. The ULRM input is processed using the user location
recognizer classification based on the received environmental
data to provide an output. The ULRM performs a location
test and training using the location data classifier.

In the first recognition test, the feature data can be
sent to the location data classifier through the user location
recognizer. The recognizer uses k-NN as the location data
classifier. The k-NN classification was developed in view
of the need for performing discriminant analysis when
reliable parametric estimates of probability densities are
not available. This classifier is traditionally based on the
Euclidean distance between a test sample and specified train-
ing samples. k-NN is an algorithm for measuring the distance
between bound objects from the value of K , which is the
Euclidean distance. Finally, the result is returned to the user
location recognizer through the ULRM interface and is dis-
played on the recognizer. ULRMs transfer training data from
the user location trainer to the location data classifier. Finally,
the data are displayed on the ULRM interface.

3.5. Location Feature Extraction and Recognition Procedure.
Figure 6 shows location feature extraction and recognition
procedure. The LDCM can sense environmental data and
transfer them to the base station. The base station has the
LFEM and the ULRM. The upper part of Figure 6 shows a
method for feature extraction, which is the function of the
LFEM (see Section 3.3).

The LFEM can extract features. For example, assume
that we apply PCA to the collected sound and light data.
The data are then analyzed using PSD. In spectrum analysis,
PSD of data whose analysis element is limitless is used.
Fourier transform is used to express limitless data as power
per hertz. This representation is often simply called the
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Figure 6: Location feature extraction and recognition procedure.

power spectrum of the data. Intuitively, the spectral density
measures the frequency content of a stochastic process and
helps identify periodicities. Thus, different extraction meth-
ods are applied to different types of data. In addition, PCA
is applied to data for high-speed analysis. PCA is a math-
ematical procedure that uses an orthogonal transformation
to convert a set of observations of possibly correlated vari-
ables into a set of values of linearly uncorrelated variables
called principal components. The number of principal com-
ponents is less than or equal to the number of original
variables. This transformation is defined in such a way that

the first principal component has the largest possible vari-
ance, and each succeeding component has the highest vari-
ance possible under the constraint that it is orthogonal to
the preceding components. The principal components are
guaranteed to be independent only if the dataset is jointly and
normally distributed. PCA is sensitive to the relative scaling
of the original variables. We perform PCA on and partial
characteristics from the sound and light data.

The lower part of Figure 6 shows the method used for
location recognition, which is the function of the ULRM.
The ULRM either recognizes a user location or trains
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@relation usn

@attribute temp numeric
@attribute hum numeric
@attribute light numeric
@attribute sound numeric
@attribute class {lobby, lab, toilet, cafeteria, bank, bookstore}

@data
#temp value, #hum value, #light value, #sound value, #class name

Figure 7: ARFF format of dataset file.

Table 1: Implementation environments.

Operating system
(i) Location recognition system: Windows Vista

(ii) Wireless sensor node: TinyOS

Programming
language

(i) Location recognition system: Java

(ii) Wireless sensor node: nesC

Software tools
(i) Location data feature extraction: MATLAB

(ii) Location data classification: Weka

Hardware
(i) Location recognition system: Intel 2.0 Hz PC

(ii) Wireless sensor node: Hmote2420

user location data. The training element uses K-fold cross-
validation and k-NN methods.

4. Implementation and Experiments

4.1. Implementation Environments. Various software and
hardware tools are used in our system. Table 1 shows the
implementation environments. The operating system used
for the location recognition system, which is coded in Java,
is Microsoft Windows Vista. The wireless sensor is developed
using TinyOS. We created a wireless sensor node using
Hmote2420 and nesC. We used nesC in the TinyOS environ-
ment in order to use the Hmote2420 wireless network sys-
tem. The operating systems and programming tools are
described in the software section, while the hardware speci-
fications of the sensor and the computer are presented in the
hardware section.

The Hmote2420 sensor and TinyOS were used in the
LCDM. Hmote2420 was used to collect environmental data
and information at the base station. TinyOS was used to
deliver the collected data into base station. In addition to the
LFEM, we used a computer, a sensor node, a Java platform,
and MATLAB to extract features from the collected data.
The ULRM used the Java platform to show the recognized
user’s position, which was determined from the collected fea-
tures. In addition, the k-NN algorithm was used for location
recognition.

Table 2 shows the information related to sampling of
environmental data. These sampled data were extracted
using MATLAB, which was also used to convert the data to
the ARFF format used by Weka.

Laboratory Toilet Lobby

Bank Bookstore Cafeteria

Figure 8: Environments considered in the experiments.

4.2. Environmental Dataset Generation. The format of envi-
ronmental datasets used in this study was ARFF. Temper-
ature, humidity, light, and sound data were used to build
training datasets, as explained in Section 4.2. The reason why
we have used light, sound, temperature, and humidity is that
they are the main physical parameters that characterize a
place.

Feature extraction from a dataset involves different
processes, depending on the sampling rate of the dataset (see
Figure 4). High-frequency data, such as light and sound data,
may lead to the training and classification process being slow,
because the size of the dataset is too large. Therefore, to
reduce the number of feature components, PCA was used
to extract the most representative feature components for
each location. Before the feature extraction procedure, high-
frequency environmental datasets are transformed into the
frequency domain using FFT.

On the other hand, environmental data sampled at a
low frequency, such as temperature and humidity data, can
be directly used as representative features for each location.
Therefore, PCA need not be performed on these datasets.
Figure 7 shows the format of ARFF training dataset files.

4.3. Experimental Method. In our experiments, data were
collected from different places in Konkuk University
(Figure 8): a laboratory, a toilet, the lobby of the New
Millennium Hall, a bank, a bookstore, and a cafeteria (the
last three are located in the student union building). The
experiments are explained below.

First, we collected 100 datasets from each place by using
the sensor. A total of 600 datasets were collected from
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Table 2: Environmental data collection methods.

Rec/sec Sampling rate (Hz) Duration (sec) samples/rec Type of sampler

Temperature 5/10 1 4 4 Std.

Humidity 5/10 1 4 4 Std.

Light 5/10 2048 0.5 1024 High Freq.

Sound 5/10 8000 4 32000 High Freq.

Table 3: Offline localization experimental results.

Test data
Classified

Lobby Laboratory Toilet Cafeteria Bank Bookstore

Lobby 91 0 1 0 8 0

Laboratory 0 99 0 0 0 1

Toilet 1 0 94 0 5 0

Cafeteria 0 0 0 99 1 0

Bank 4 0 2 2 92 0

Bookstore 0 3 0 0 0 97

the six locations. Second, the collected data were classified
into high- and low-frequency data. The classified data were
extracted using the feature extraction method of MATLAB.
The extracted data were then converted into formats com-
patible with Weka. Next, ten more datasets were collected at
the same time and at the same locations. Finally, our system
used the collected data to recognize user locations.

4.4. Results and Discussion. After training the localization
classifier, we collected 10 additional feature datasets from
different places at each location to test the classifier. The
sensor’s location was then identified using the 10 datasets.

The average localization accuracy (Aave) was calculated
with formula (1), where Tl denotes the set of all the datasets
collected at location l, TCl is a correctly classified dataset
for location l (TCl ⊂ Tl), and L is the number of locations
considered in the localization experiments:

Aave =
∑

1≤l≤L|TCl|/|Tl|
L

. (1)

Table 3 shows the confusion matrix for the test results.
The 3-NN classification method with 20-fold cross-valid-
ation was used in the experiments. As shown in the matrix,
the average localization accuracy was about 95.3%. This table
shows that the highest levels of recognition were achieved for
the laboratory and cafeteria.

In the table, the correct location data are shown in bold
font. High localization accuracy is achieved for the labora-
tory and cafeteria data because of the correct classification of
features. This implies that a high localization accuracy will
be obtained in places where the features are well separated.
Errors in recognition occasionally occur in the case of the
lobby and bank. This implies that these two environments
are similar in temperature, humidity, light, and sound.

Table 4 shows the real-time localization accuracy. In an
experiment, the average localization accuracy of real-time
location recognition was 82.2%. The highest localization
accuracy was achieved for the toilet environment. On the
other hand, the bookstore showed the lowest localization

Table 4: Real-time localization experimental results.

Location localization accuracy

Laboratory 76.7%

Lobby 83.3%

Toilet 100%

Cafeteria 86.7%

Bank 93.3%

Bookstore 53.3%

Average 82.2%

accuracy because the indoor light data for it are similar to
those for the lobby.

The classifier confused the bookstore with the lobby.
This occurred because both the locations have similar
light and temperature conditions. However, in the case of
the toilet, because of the high humidity, the recognition
results showed high localization accuracy. Finally, we can
improve the localization performance of our system further
by using additional types of environmental data, especially
for environments with similar conditions with regard to tem-
perature, humidity, light, and sound.

5. Conclusion

In this paper, we have proposed a novel location recognition
method for wireless sensor nodes. The method involves the
classification of environmental data features using the k-
NN localization data classifier. We performed localization
experiments in an actual test environment by using the
proposed method. The experimental results indicated high
localization accuracy. In a real-time recognition experiment,
the localization accuracy was found to be 82.2%. This value
indicates that environmental data can be used for the pur-
pose of location recognition. It also shows the importance
of environmental data recognition in location recognition.
Our future research will focus on combining the proposed
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location recognition method and other localization methods,
such as RSS pattern recognition methods. Furthermore,
we intend using a modified version of PCA [17] and k-
NN for location feature extraction and in the classification
procedures of the proposed method to improve the overall
localization performance.
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Navigation with wireless sensor networks (WSNs) is the key to provide an effective path for the mobile node. Without any location
information, the path planning algorithm generates a big challenge. Many algorithms provided efficient paths based on tracking
sensor nodes which forms a competitive method. However, most previous works have overlooked the distance cost of the path.
In this paper, the problem is how to obtain a path with minimum distance cost and effectively organize the network to ensure
the availability of this path. We first present a distributed algorithm to construct a path planning infrastructure by uniting the
neighbors’ information of each sensor node into an improved connected dominating set. Then, a path planning algorithm is
proposed which could produce a path with its length at most c times the shortest Euclidean length from initial position to
destination. We prove that the distributed algorithm has low time and message complexity and c is no more than a constant.
Under different deployed environments, extensive simulations evaluate the effectiveness of our work. The results show that factor
c is within the upper bound proved in this paper and our distributed algorithm achieves a smaller infrastructure size.

1. Introduction

Recently, as a large number of sensor nodes are deployed
to monitor the environment and detect critical events [1–
4], navigation has received wide attention in applications
of WSNs. Usually, a mobile node is equipped with a device
that can communicate with sensor nodes. After a WSN has
been deployed in the monitoring area, relevant sensor nodes
will send in situ data to the control center when they detect
dangerous events happening in the area. Then, a part of
sensor nodes would guide several mobile nodes which equip
specific instruments to the destination and let them deal
with the emergency event, such as navigating fire-fighting
equipments automatically to exact areas to extinguish fire.
Hence, how to design an effective path for the mobile
node is a fundamental problem. The so-called navigation
refers to the art of getting from one place to another in an
efficient manner. Generally speaking, it could be described
by three questions: “Where am I?,” “Where am I going?” and
“How should I get there?” [5], which need the localization
methods, path planning algorithms and the moving control

technology, respectively. In WSNs, the navigation of mobile
node needs to communicate with sensor nodes to get the
target data and correct its direction. While sensor nodes
have finite energy and limited communication range and
construct the network topology by self-organization, an
efficient data routing infrastructure is necessary for updating
rescue instructions periodically so as to guide the mobile
node to its destination, for example, virtual backbone [6] and
collection tree [7].

Up to now, a part of proposed navigation algorithms in
WSNs rely on GPS and other modules to obtain locations
of mobile nodes in real time [8, 9], which require a high
hardware cost and energy consumption. In some particular
environments such as mines, underwater environment, and
underground tunnels, location information may not be able
to achieve, these scenarios would limit the application of
existing navigation algorithms using localization technique.
To solve these drawbacks for emergency escape, some
researchers [10] proposed artificial potential fields in which
sensor nodes act as signposts for the mobile node to follow.
Lately, some novel navigation algorithms for emergency
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rescue in WSNs have been presented [11, 12]. As most
of the above algorithms focus on providing safe paths in
dangerous environment, they have overlooked the distance
cost of paths. In [13], an idea of navigation overhead is
denoted as a ratio between the Euclidean length of moving
path and the shortest Euclidean length from initial position
to destination which indicates the distance cost of algorithm.

In this paper, we characterize the navigation problem
as a path planning problem. Firstly, based on the research
of connected dominating set, we propose an improved
distributed algorithm to construct a preliminary infrastruc-
ture for data routing. Then we construct a path planning
infrastructure by combining the built infrastructure with
neighbors’ information of each node. At last, we introduce
a path planning algorithm by tracking sensor nodes in the
network based on our path planning infrastructure. We show
that our infrastructure not only can serve as a backbone
to send in suit data, but also can update and modify the
path planning algorithm to ensure its availability. We also
prove that the path planning algorithm provides a path
which guarantees a constant distance cost compared with
the shortest one from initial position to destination in the
Euclidean plane.

The remainder of this paper is organized as follows.
Section 2 describes the related work. Section 3 introduces
some useful definitions and constructs the path planning
infrastructure in the network. Section 4 proposes an effective
path planning algorithm and analyses the performances of
the proposed algorithms. Section 5 shows simulation results.
Section 6 concludes this paper.

2. Related Work

A number of solutions have been proposed to solve the navi-
gation problem in WSNs. In [8], an intelligent control archi-
tecture for mobile node has been proposed with environment
sensing model. The architecture used clustering strategy by
applying shared memory in the network and created control
with a set of ultrasonic GPS modules. By using a triangular
method, the algorithm provided the global position of
mobile node in the environment. Therefore, the algorithm
could guide the mobile node moving to the target effectively
with a high precision, but it had a high cost and was difficult
to implement in the environment which cannot obtain
the location information of sensor nodes. Without using
triangular localization technique, a navigation strategy based
on planning reliable visual landmarks has been proposed
in [9]. The method modeled landmarks within a directed
graph and used the Markov decision process to compute the
navigation path. The disadvantage of this strategy was that
it needed to provide geographic information of surrounding
environment beforehand and equip the mobile node with
expensive detectors. To localize the mobile node quickly, it
also needed to plan extra artificial visual landmarks in the
environment. In [14], a protocol utilized the sensor network
infrastructure for navigation has been proposed. Without the
location information of network, the protocol constructed a
road map system to provide navigating routes of the mobile

node which consist of a sequence of sensor nodes to avoid
the dangerous area. The mobile node tracked the target
sensor node by measuring the strength and direction of
wireless signals. When the dangerous areas have changed,
the algorithm updated the navigating routes to ensure the
safety of the mobile node. Without using any localization
mechanism or requiring location information, the study in
[10] also presented a distributed algorithm for dangerous
area avoidance. During the motion of the mobile node,
the algorithm combined the artificial potential field with
the destination information to navigate the mobile node
in real time. The dangerous area seemed to generate a
repulsive potential which would push the mobile node away
while the destination generated an attractive potential which
would pull the mobile node towards the destination. Each
sensor node calculated its potential value and tried to find
a navigation path of the least total potential value to make
mobile node bypass dangerous area. But the algorithm was
prone to produce a local pole which would make the mobile
node unable to reach the target. In [15], the algorithm set
each sensor node with a weight based on the hop distance to
the nearest safe region. Sensors were assigned smaller weight
if they were closer to the safe exit. Otherwise, sensors were
assigned greater weight. The mobile node chose the sensor
node with the smallest weight in its communication range
as its direction of movement to avoid the dangerous area.
In [11], a novel distributed navigation algorithm has been
proposed for individuals to escape from critical event region
in WSNs. With no goal or exit as guidance, the navigation
algorithm computed the convex hull of the event region by
topological methods to make individuals get out of the event
region. Because congestion may be caused by the individuals
rushing for the safe exits, the study in [12] proposed
an efficient navigation strategy by taking both pedestrian
congestion and rescue force flexibility into account. The
individuals navigation is treated as a network flows problem
in the graph which is modeled by the emergency regions.
In [13], a navigation algorithm using the metric calculated
from neighbor’s hop count has been proposed in WSNs. This
algorithm did not require predefined maps or GPS modules.
By interacting with neighboring sensor nodes, the mobile
node moved towards the target where the hop count becomes
smaller and finally reached the destination by periodically
measuring the value. But the mobile node has not considered
selecting a proper sensor node from its neighbors as a local
target which would decrease the deviation between current
direction and optimal moving direction and there was no
theoretic analysis for the distance cost. In [16], a novel
method which relied on the heat diffusion equation has
been proposed to finish the navigation process conveniently.
The method guided the mobile node by establishing a high
density of the information field.

In summary, although using a localization technique
had more precision, but the algorithms without requiring
locations could apply into more scenarios. And most of
them modeled a WSN as a graph and let a planning path
in the environment correspond to a directed vertex path
in the graph. While all of the above algorithms adopted
existing protocols for data routing, they have overlooked that
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an efficient routing infrastructure may not only send in suit
data quickly, but also update and modify the path planning
algorithm to achieve a guaranteed distance cost.

3. Network Model

In WSNs, we assume that sensor nodes are randomly
deployed in the Euclidean plane. Each sensor node u is
assigned a global unique identifier which denoted as idu.
For simplicity, let all sensor nodes have the same commu-
nication and sensing ranges which are referred to RC and
rs, respectively. The maximum communication range Rmax

can be obtained by adjusting the transmitting power. We
use an unweighted graph G � �V ,E� to model the WSN.
The vertex set V represents sensor nodes and the edge set
E represents communication links if any two vertices u and v
satisfy d�u, v� � Rmax, where d�u, v� is the Euclidean length
between u and v. Let n denote the number of vertices in V.
Without any confusion, we assume that the terminologies of
vertex and node are interchangeable. Furthermore, we can
use a UDG to abstract the original sensor network by scaling
each edge length with Rmax. That is, for any two vertices u
and v in UDG, an edge exists between u and v if the distance
d�u, v� � 1. In order to make a WSN monitor the whole area
entirely, we also assume that there are sensor nodes as many
as possible which would build a quite dense network.

In order to construct an efficient path planning infras-
tructure for routing data and providing an available path, we
introduce some useful definitions and properties.

Definition 1. Given a graph G and a subset VC � V , for any
vertex v � V � VC , if there is at least one adjacent vertex in
VC , then VC is referred to a dominating set (DS). If the vertex
induced graph G�VC� is connected, then VC is a connected
dominating set (CDS).

A CDS has been recommended to serve as a virtual
backbone for WSNs to dramatically reduce routing overhead.
In this paper, we focus on a special CDS proposed by Du
et al. in [19]. Because not only the CDS can provide a
guaranteed routing overhead for any pair of nodes which
will be shown in Lemma 3, but also we can implement it
to build an effective path planning infrastructure by uniting
neighbors’ information of each sensor node into CDS.

Definition 2. Given a graph G and a subgraph C � G, for
two distinct vertices u and v in V(G), let h(u,v) and hC(u,v)
denote the hop number of the shortest vertex path between
this vertex pair through G and C, respectively.

Lemma 3 (see [19]). Let G be a connected graph and C a
dominating set of G. Then, for a constant β � 5 and any pair
of distinct vertices u and v, hC�u, v� � 1 � β � �h�u, v� � 1�
if and only if for any pair of distinct vertices u and v with
h�u, v� � 2,hC�u, v� � 1 � β.

Clearly, for any two adjacent vertices u and v in UDG,
there is d�u, v� � h�u, v� for h�u, v� � 1. Furthermore, by
Lemma 3, if for any pair of vertices u and v with h�u, v� � 2,

hC�u, v� � β � 1. Then, for any pair of distinct vertices u and
v, we have hC�u, v� � β � h�u, v�, where β � 5 [19].

Although in [20], a better performance of β was
proposed, but it did not give any sufficient and necessary
condition. And it needed a centralized computation through
the sequence of a shortest vertex path between two corre-
sponding distinct vertices in the network. Here, we improve
the limitation of h�u, v� � 2 to obtain a simpler sufficient and
necessary condition which could be implemented just with
the help of 1-hop neighbors for each node.

Lemma 4. Let G be a connected graph. For a constant β � 5
and any pair of distinct vertices u and v,hC�u, v� � β � h�u, v�
if and only if for any pair of distinct vertices u and v with
h�u, v� � 1,hC�u, v� � β.

Proof. It is trivial to show the “only if” part. Next, we show
the “if” part. Consider a pair of distinct vertices u and v. Let
the shortest vertex path from u to v in G be u0u1u2�uk, where
u0 � u and uk � v. By the condition, we have hC�ui,ui�1� � β
for 0 � i � k � 1. Then, it implies that u and v are connected
by a path in C with at most β � k hops. Hence, we obtain
hC�u, v� � β � h�u, v�.

By Lemma 4, we can distributedly construct the back-
bone with guaranteed routing overhead which is a founda-
tion of our path planning infrastructure. Compared with the
algorithm in [19] which contained two BFSes to connect
any pair of vertices u and v in the DS with h�u, v� � 4, we
construct a DS in the first step. Then we connect u and v
in DS with hop distance h�u, v� � 2 and h�u, v� � 3 in the
second and third step, respectively. From appearance, our
algorithm is similar to that in [20]. However, the procedures
of algorithm are much different, which have optimized rules
of choosing connectors in each step. The detailed algorithm
is shown in Algorithm 1.

Procedure 1. Coloring2(G, C)
Input: A connected graph G and a black node set C.
Output: A node subset V2C with coloring grey.

(1) Each white node x with kx � 2 sends packet
(idx,CLx,Bx) to its neighbors, where idx,CLx and
Bx are the id, color and black neighbor set of x,
respectively.

(2) After black node u has received packets (idx,CLx,Bx)s
from its white neighbors, u saves the black nodes
in Bx of each packet into its 2-hop black neighbor
set Nb1(u). And u constructs a 2 dimension table
which saves its white neighbors’ id, color, the black
neighbors with id � idu and the corresponding
number of each white neighbor in each column.

(3) For each black node u, we assume that there are at
most t white neighbors. Note that t � δ and δ is the
maximum node degree. Then u colors the white node
xi grey which has the maximum value in the third
column of current 2-dimension table, deletes all the
common black neighbors between white nodes xi and
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Table 1: The white neighbor list of black node u.

The white
neighbors’
id

The white
neighbors’

color

The number of
black neighbors
with id � idu of

each white
neighbor

The black
neighbors with
id � idu of each
white neighbor

x1 white 2� 1 �n1,n2�� �n2�

x2 white� grey 3 �n1,n3,n4�

— — — —

xt white 2� 1 �n3,n5�� �n5�

xj ( j � i and 1 � j � t) and updates the numbers in the
third column for remaining white nodes in the table.

(4) For each black node u, repeat step �3� until all
numbers in the third column of the table are zero.

As shown in Table 1, we assume that x2 is the first
node which would be colored grey for black node u. Then,
u deletes the common nodes n1 and n3 in the fourth column
and updates the number of black neighbors with id � idu
of x1 and xt , respectively. The updated details are presented
behind symbol “� ”.

Procedure 2. Coloring3(G, C, V2C)
Input: A connected graph G, a black node set C and a

grey node set V2C .
Output: A node subset V3C with coloring red.

(1) Each grey node y and white node x send packet
(idy ,CLy ,By) and (idx,CLx,Bx) to its neighbors
respectively.

(2) When a grey node yj which is a neighbor of
y has received (idy ,CLy ,By), yj sends packet
CN � �idyj ,CLyj , idy ,CLy ,By�. When a grey
node yj which is a neighbor of white node
x has received (idx,CLx,Bx), yj sends CN ��idyj ,CLyj , idx,CLx,Bx�. When a white node x has
received (idy ,CLy ,By) from its grey neighbor y, x
sends CN � �idx,CLx, idy ,CLy ,By�.

(3) For each black node u in By , let Nb2(u) denote
the 3-hop black neighbor set of u. Initially,
Nb2�u� � Nb1�u�. When u has received�idyj ,CLyj , idy ,CLy ,By� or �idyj ,CLyj , idx,CLx,Bx�
from its grey neighbor yj , then Nb2�u� �

Nb2�u��By or Nb2�u��Bx, respectively.

(4) For each black node u in Bx, when u has received
(idx,CLx, idy ,CLy ,By) from its white neighbor x, u
saves the corresponding paths from u to By into
P�u,By�. For each black node w in By � Nb2�u�, u
chooses a path uxyw to connect with w. Then, color x
red and let Nb2�u� � Nb2�u��By .

(5) Each white node x sends (idx,CLx,Bx) again. When
a white node xi has received (idx,CLx,Bx) from
its neighbor x, xi sends (idxi ,CLxi , idx,CLx,Bx). For
each black node u in Bxi , when u has received
(idxi ,CLxi , idx,CLx,Bx), it saves the corresponding

paths from u to Bx into P�u,Bx� which saves all
vertices in the paths. For each black node w in Bx �

Nb2(u) with idw � idu, a path uxixw is chosen to
connect u with w. Then, color xi and x red and let
Nb2�u� � Nb2�u��Bx.

Lemma 5. The message complexity of Algorithm 1 is O�n2�
and the time complexity is O�nδ2�.

Proof. By Procedures 1, and 2 and step �3� of Algorithm 1,
each node needs to send constant messages to construct V2C

and V3C, respectively. The message complexity of step �1� in
Algorithm 1 is O�n2� [17]. Hence, the message complexity of
Algorithm 1 is O�n2� � O�n� � O�n� � O�n2�. In step �3�
of Algorithm 1, note that x has at most 5 black neighbors
[21]. Therefore, x needs O�δ� time to compute its black
neighbors’ information. And node u needs time O�δ2� to
compute Nb1(u) in step �2� of Procedure 1. In the step�3� of Procedure 1, the number of rows of a 2-dimension
table for node u is at most δ and the value in the fourth
column of each row is no more than 5. Thus, each node u
needs time O�δ2� to choose white nodes such that u connects
with Nb1(u) at the end of step �4�. Therefore, the time
complexity of Procedure 1 is n � O�δ2

� δ2� � O�nδ2�. In
steps �3, 4, and 5� of Procedure 2, node u needs time O�δ2�
for “union” operation to compute Nb2(u). Hence, the time
complexity of Procedure 2 is n �O�δ2

� δ2
� δ2� � O�nδ2�. In

summary, the time complexity of Algorithm 1 is n � O�δ� �
O�nδ2

� nδ2� � O�nδ2�.

After Algorithm 1, we have accomplished a preliminary
backbone. Then for each sensor node, it saves the angle
information of its neighbors by measuring the direction of
wireless signals [22].

Definition 6. Given two vertices u and v, let a(u,v) denote the
angle of v relative to u.

For each vertex u in G, let N(u) denote the neighbor set of
u within 1-hop. Then, let A�u� � �a�u, v� � v � N�u�� refer
to the relative angle set of u. Furthermore, by measuring the
strength of wireless signals [23], we can obtain the Euclidean
length between u and v, which denotes as d(u,v). Hence, we
have the following property.

Lemma 7. Given the destination D and two adjacent vertices u
and v, if there exist d�v,D� and a�v,D� of v, then d�u,D� and
a�u,D� of u can be computed.

Proof. First, as shown in Figure 1, let u and v choose the same
direction as the reference direction. It is trivial to show that
�uvD � π � a�v,D� � a�u, v� or π � a�v,D� � a�u, v�.

Then, based on the law of cosine, we have cos �uvD �

� cos�a�v,D� � a�u, v��.
Then,

d�u,D�
�

�
d�v,D�2

� d�u, v�2
� 2d�v,D� � d�u, v� � cos�uvD,

(1)
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Input: A connected graph G.
Output: A node subset VC .
(1) Adopt the algorithm in [17] to compute a dominating set C in graph G simultaneously.
(2) Color each node in C black and the others white.
(3) Each white node v computes the number of its black neighbors which is referred to kv .
(4) Call procedure Coloring2(G, C) to color a part of white nodes with kv � 2 grey.
(5) Call procedure Coloring3(G, C, V2C) to color a part of remaining white nodes red.
(6) Let VC � C�V2C �V3C.

Algorithm 1: Constructing the preliminary planning infrastructure (IRC).

D

d(v, D)

a(u, v)
d(u, v)

a(v, D)

d(u, v)

D

v
v

u
a(u, v)

a(v, D)

d(v, D)

u

Figure 1: Compute d�u,D� and a�u,D�.

a�u,D� � 	a�u, v� ��vuD, a�u, v� � a�v,D�
a�u, v� ��vuD, a�u, v� � a�v,D�. (2)

Therefore, we can obtain d�u,D� and a�u,D� for u.

By Lemma 7, for each vertex u in graph G, u computes
the angle set A(u) and unites it into the preliminary infras-
tructure which has been built by Algorithm 1. Eventually,
we have accomplished a path planning infrastructure. In
the following, we propose a path planning algorithm with
constant distance cost based on the infrastructure.

4. A Path Planning Algorithm

In [13], Lee et al. proposed the overhead of navigation
algorithm. Let S denote the initial position and D be the
destination. M(S,D) denotes the length of moving path and
d(S,D) denotes the Euclidean length from S to D. Hence, we
introduce a general definition.

Definition 8. Given a constant λ � 0, for any two positions
S and D, if a path planning algorithm makes M�S,D� � λ �
d�S,D�, then the algorithm guarantees a constant distance
cost.

Before proposing our path planning algorithm, the
destination data needs to be sent to sensor nodes by the
infrastructure.

4.1. Send Destination Data. After the whole area has been
monitored by a WSN, some sensor nodes would detect

critical events when they have happened in the environment.
Supposing that sensor node v has detected the event, then v
will confirm the event point D by special measuring modules
and transmit the packet (idv , d(v,D), a(v,D)) based on the
planning infrastructure. Later, when a sensor node u which
is a neighbor of v has received the packet, u could compute
d(u,D) and a(u,D) by Lemma 7. Therefore, the whole sensor
nodes can gain destination information by communicating
with its neighbors.

4.2. A Path Planning Algorithm in WSNs. After sensor nodes
in the network have obtained information of destination D,
the mobile node which denotes as M with enough energy
will move to D automatically using the information stored
in sensor nodes. Here, we assume that the communication
and sensing range of M are the same with those of sensor
node which are RC and rs, respectively. Then, we could release
M in any position of the environment. For the simplicity of
discussion, let M have the same location of a sensor node
u in the network. That is, M seems to be u and can obtain
a(M,D) which is a duplicate of a(u,D). Therefore, without
using localization, M can track its neighbors in the network
to arrive at D. In the following, we describe the tracking
process in detail.

Note that N�M� � �v � d�M, v� � RC� denotes the
neighbors of M and A�M� � �a�M, v� � v � N�M�� refers
to the relative angle set. Define θ � �vMD as the include
angle of a�M, v� and a�M,D� for each v in N(M). Then, let
M choose a neighbor u to make θ � �uMD minimum as its
temporary target within range RC. It is trivial to show that
if θ approximates zero, then a�M,u� is the same as a(M,D)
which is the optimal direction of movement. In order to
restrict the deviation of a�M,D� and a�M,u� by an upper
bound, Algorithm 2 claims that the temporary optimal target
u should be chosen in the sector a�M,D� � α
2 �α � 2π
3�
within range RC . For a randomly deployed WSN with a high
density of sensor nodes, we prove that there is at least one
sensor node in the chosen sector with high probability which
will guarantee a constant distance cost.

For an extreme situation where there is no sensor node
in a�M,D� � α
2 �α � 2π
3� within range RC , Algorithm 2
designs a substituted moving path by computing virtual
positions in the environment. Note that the network has
been modeled as a UDG. If M finds that there is no node
for current selection, then M computes a virtual sensor
node u� on the direction a(M,D) with d(M,u�� � 1.
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//Next(M) saves the temporary targets for M to track.
Input: A mobile node M, an initial position S and a destination D.
Output: A path consists of sensor nodes from S to D.
(1) Place mobile node M at the position S.
(2) Next(M) = NULL
(3) while M has not arrived at destination D
(4) do M updates a(M,D) and chooses an optimal temporary target in a�M,D� � α�2�α � 2π�3� within range

RC from N(M)�Next(M)
(5) if there is no condidate then
(6) M computes a virtual sensor node u�

(7) Call Algorithm 1 to update the planning infrastructure
(8) Call Procedure 3 to find a substituted path to bypass u�

(9) end if
(10) Add w into Next(M) and let M move to w
(11) end while

Algorithm 2: A path planning algorithm for mobile node (MSNA).

By Lemma 4, update Algorithm 1 to make the new path
planning infrastructure regard virtual u� as a dominate by
setting all the sensor nodes which monitor the position of u�

be dominators in the network as dense as possible. Compared
with M, u� is much closer to D. For simplicity, we assume
there exists at least one candidate sensor node w in the
sector a�M,D� � α
2 �α � 2π
3� within range RC for u�.
Then, M can find a feasible solution from M to w in the
new infrastructure using shortest vertex path algorithm [18].
Obviously, M cannot communicate with w for d�M,w� � 1.
Eventually, the algorithm also satisfies a constant distance
cost which will be proven in the following.

The detailed algorithm is shown in Algorithm 2.

Procedure 3. Finding a substituted path
Input: Next(M), M and u�.
Output: A temporary target w and a feasible vertex path

from M to w.

(1) Compute a(u�, D) and choose an optimal temporary
target in a(u�, D) � α/2 (α � 2π
3) within range RC

from N(u�)�Next(M).

(2) Find a shortest vertex path P(M,w) in the path
planning infrastructure by the algorithm in [18].

To evaluate the performance of Algorithm 2, we assume
that sensor nodes have been randomly deployed in a unit
square. Then, we give the probability of nodes in each grid
of a partition of this square using Chernoff ’s bound.

Lemma 9. Given a randomly deployed node set V and a
partition of unit square �0, 1�2 into grids with side length l,
where

�
logn
�c � n� � l � 1, then there exist constant c and

δ � �0, 1�, such that each grid contains at least δ � logn
c nodes
with high probability, where n � �V �.
Proof. Partition �0, 1�2 into cn /log n grids of equal size where
c � 1. Given a fixed small grid Qj , where 1 � j � cn/log n,
if node i falls into grid Qj , then Xi � 1, otherwise Xi � 0.
Here Xi is a random variable. According to the observation,

all random variables Xis, where 1 � i � n, are independent
and the probability P �Xi � 1� � log n /cn. Let � �n

i�1 Xi, then

E�X� � E� n

�
i�1

Xi � n

�
i�1

E�Xi� � n � logn

cn
�

logn

c
. (3)

Applying the Chernoff ’s bound, we have

P�X � δ �
logn

c
� � e���1�δ�2�2c� logn. (4)

So, for all grids in unit square, we denote the number of
nodes in Qj� �Qj� � �Qj�� as X�, and the probability of
X�

� δ � logn/c is P(δ), then we get

P�δ� � cn

logn
� e���1�δ�2�2c� logn

� e���1�δ�2�2c� logn�ln�cn� logn�

� e���1�δ�2�2c� logn�log�cn� logn�.

(5)

Using c � 0.2 and δ � 0.1, we obtain

P�0.1� � cn

logn
� e���1�δ�2�2c� logn

� e���1�δ�2�2c� logn�log�cn� log n�

� e�2 log n�logn�log c�loglog n
�

1

n
.

(6)

Then, based on Lemma 9, we introduce the probability of
sensor nodes existing in the sector a�M,D��α/2 �α � 2π
3�
within range RC.

Theorem 10. Given a random node set V and the commu-
nicating range RC of sensor node, if n � R2

C � 8 � logn, then
there exist constant c and δ � �0, 1�, such that each sector with
angle α of the mobile node has δ � log n/c neighbors with high
probability, where n � �V �.
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vk

vk−1 vk+1vk 

Figure 2: A vertex path from vk�1 to vk�1.

Proof. By Lemma 9, when the mobile node M is in a grid Qj ,

adjust the communication range such that RC � 2
�

2 � l �
2
�

2 �
�

logn
n. Then, we get that the mobile node that can
communicate with at least 8 neighbors in its adjacent grids.
While the mobile node separates the communicating disk
into sectors with angle α, the area of each sector is SC � 4αl2.
Note that if 0.25 � α � 2π
3, then SC � l2. Denote the
probability of each sector contains at least δ � log n/c nodes
as P�δ�, and then we have

P�δ� � 1 � e���1�δ�2�2c� logn�log�cn� logn�. (7)

By setting c � 0.2, δ � 0.1, and denoting the probability
which has at least logn/2 neighbors in a sector as Pr , we
obtain Pr � 1 � 1
n.

In order to analyze the distance cost of path by
Algorithm 2, we propose a lemma when there is no extreme
case happening.

Lemma 11. Let v0v1�vk�1 be the path of mobile node M in
Algorithm 2 without any extreme case, where v0 � S is the
initial position and vk�1 � D is the destination. Then

M�S,D� � 1

1 � 2 sin�α
4 � � d�S,D� for α �
2π

3
. (8)

Proof. Note that d(u,v) is the Euclidean length from u to
v and abbreviates to uv. Based on the choosing rule in
Algorithm 2, we know vk�1vk � vk�1vk�1. Set a dot v�k on
dotted line vk�1vk�1 satisfying vk�1v

�

k = vk�1vk, as shown
in Figure 2. Then we have vkvk�1 � vkv

�

k � v�kvk�1 by
triangle inequality. Obviously, for any vi (1 � i � k),
there is θi � �viMD � α
2, where α � 2π
3. Then,
vkv

�

k = 2sin��vkvk�1v
�

k/2��vk�1vk � 2sin(α/4��vk�1vk. Because
v�kvk�1 � vk�1vk�1 � vk�1v

�

k, we have vk�1vk � vk�1v
�

k �

vk�1vk�1 � v�kvk�1 � vk�1vk�1 � vkv
�

k � vkvk�1 � vk�1vk�1 �

2sin(α/4� � vk�1vk � vkvk�1. Hence, vk�1vk�1 � vkvk�1 � �1-
2sin(α/4))vk�1vk.

Furthermore,

M�S,D� � k

�
i�0

d�vi, vi�1� � 1

1 � 2 sin�α
4�
�

k

�
i�0

�vivk�1 � vi�1vk�1�
�

1

1 � 2sin�α
4�v0vk�1
.

(9)

Without loss of generality, we assume that there
exists only one extreme case during planning a path in
Algorithm 2.

Theorem 12. Let v0v1�vk�1 be the path of mobile node M in
Algorithm 2 with an extreme case, where v0 � S is the initial
position and vk�1 � D is the destination. Then

M�S,D� � 10

1 � 2 sin�α
4� � d�S,D� for α � 2π
3. (10)

Proof. We assume that the extreme case happens at vj . That
is, vj�1 is chosen by call Procedure 3 with d(vj , vj�1� � 1.
Let u denote the virtual node. Then, by the path planning
infrastructure and Lemma 4, we have that the shortest vertex
path h��vj , vj�1� from vj to vj�1 satisfing h�(vj , vj�1� �

5�h�vj ,u� � h�u, vj�1)). Because for any two adjacent sensor
nodes u1 and u2 in the network which has been modeled as
a UDG, we obtain d(u1,u2� � h�u1,u2). Hence, the length of
moving path from vj to vj�1 which is denoted as d�(vj , vj�1)
satisfies d��vj , vj�1� � h��vj , vj�1�. By the triangle inequality,
there is d�vj ,u� � d�u, vj�1� � d�vj , vj�1� � 1. Then,
h�vj ,u� � h�u, vj�1� � 2 � 2d�vj , vj�1�. Furthermore,
d��vj , vj�1� � 10d�vj , vj�1�. Therefore, by Lemma 11,

M�S,D� �
10

1 � 2sin�α
4� � d�S,D�. (11)

Note that each vi is a realistic sensor node. The virtual
node is used for updating the path planning infrastructure
for an extreme situation under a very low probability. If there
are several extreme cases, the proof of Theorem 12 could be
extended easily with the same constant ratio.

5. Simulation Results

As mentioned previously, many studies have shown novel
algorithms for the infrastructures. In this section, firstly
we use VC++6.0 to conduct simulations to compare the
performance of algorithm IRC with those of GOC and ICDS
in [19, 20], respectively. The area of simulation is a virtual
square S1 of 100 � 100, and nodes are randomly distributed
in S1. The number of nodes denoted by N is increased by
10 from 10 to 100 and the maximum transmission range
RC is assigned 20, 25, 30, and 35. For distinct nodes u and
v, if and only if the Euclidean distance d�u, v� � RC , u
and v could communicate with each other. For the same
settings under different transmission ranges, we randomly
create 100 connected graphs for each N and accordingly
construct the infrastructure for each connected graph. And
for each infrastructure, we compute its size and diameter.

Figure 3 shows the infrastructure sizes of algorithm
IRC, GOC, and ICDS under the different RCs. In this
figure, since more nodes are needed in a bigger network
for guaranteed overhead, all the sizes of infrastructures
produced by algorithm IRC, GOC, and ICDS increase when
the number of nodes increases. For the network with a
small amount of nodes, these infrastructure sizes are almost
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Figure 3: Infrastructure sizes.

equal. While nodes increase, algorithm IRC presents a better
performance for different RCs.

Figure 4 shows the diameters of graph G and infrastruc-
tures produced by algorithm IRC and GOC. When RC is
small, the difference of diameters between two infrastruc-
tures and graph G is small. But as RC increases, the difference
goes larger what keeps pace with that of the infrastructure
size in Figure 3. However, for different RCs, the difference
of diameter between algorithm IRC and GOC is very small
which implicits that there may exist several redundant nodes
in the infrastructure which produced by GOC.

Then, based on the infrastructure which has been
constructed, we use VC++6.0 and Matlab 7.0 to evaluate
algorithm MSNA. To compare with the distance cost of

Table 2: Simulation parameters.

Parameters Value

The monitoring area S2 1100 � 900 m2

Communication range RC 150 m

Sensing range rs 15 m

The number of deployed sensor nodes 99, 114, 100, 150

Identifiers 1 � N

algorithm ANHC in [13], we set the environment and
network parameters to be the same with those in [13].
Table 2 shows the detailed parameters which will be used. We
provide four different ways for sensor nodes deployment: �1�



International Journal of Distributed Sensor Networks 9

10 20 30 40 50 60 70 80 90 100

Number of nodes in the network

4

5

6

7

8

9

10

11

12

13
D

ia
m

et
er

 o
f 

th
e 

gr
ap

h
s

IRC
GOC
Original G

(a) RC � 20

10 20 30 40 50 60 70 80 90 100

Number of nodes in the network

IRC
GOC
Original G

10

9

8

7

6

5

4

D
ia

m
et

er
 o

f 
th

e 
gr

ap
h

s

(b) RC � 25

10 20 30 40 50 60 70 80 90 100

Number of nodes in the network

IRC
GOC
Original G

D
ia

m
et

er
 o

f 
th

e 
gr

ap
h

s

4

4.5

5

5.5

6

6.5

7

(c) RC � 30

10 20 30 40 50 60 70 80 90 100

Number of nodes in the network

IRC
GOC
Original G

D
ia

m
et

er
 o

f 
th

e 
gr

ap
h

s
5.6

5.4

5.2

5

4.8

4.6

4.4

4.2

4

3.8

3.6

(d) RC � 35

Figure 4: Diameters.

99 nodes are deployed in S2 uniformly, the interval of each
node is 100 m; �2� 114 nodes are deployed in S2 with a hole
in the center; �3� 100 nodes are randomly deployed in S2; �4�
150 nodes are randomly deployed in S2.

In Figure 5, four different planning paths are presented
under corresponding deployed ways. By tracking the realistic
sensor nodes in the network, all the paths can be defined
as directed vertex paths in the graph which is modeled by
a WSN. In each figure, we use the symbol “�” and “	” to
stand for the initial position and destination of a planning
path, respectively. The dots which are encircled by “
” are
represented as the sensor nodes tracked by mobile node.
A dashed circle denotes the transmitting range of wireless
signal. In Figure 5(a), at the beginning, the mobile node

chooses the optimal sensor nodes from its neighbors as the
temporary target. Without using a localization technique, the
mobile node tracks the temporary targets which could be
computed by algorithm MSNA in the uniform network. In
Figure 5(b), for the given initial position, although there is a
hole in the center of S2, the mobile node has not encountered
any extreme cases during selecting temporary target. So, the
path consists of a node set alongside the border of hole.
In Figure 5(c), an extreme case has happened in algorithm
MSNA. The two square symbols “�” show the virtual nodes
which were computed in algorithm MSNA with being closer
to the destination in the path planning infrastructure. In
Figure 5(d), the network is quite dense such that there is no
extreme case for the mobile node. For the locations of sensor
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(a) (b)

(c) (d)

Figure 5: Trajectories of the mobile node by MSNA.

nodes in the path, we find that they almost distributed along
the straight line from start to destination.

In [13], the algorithm ANHC using average hop-count
of neighbors is the first one concerning the cost of a
navigating path without localization. In the initial phase,
each sensor node sets up its hop count value to the
destination. Then, every sensor node computes the value
anhc by communicating with its neighbors. It implicated
that sensor nodes which are closer to the destination would
have smaller anhc compared with the ones which are far
away from the destination. The mobile node computes its
anhc at its present location. By judging the variation of value
anhc, the mobile node revises its direction. The disadvantage
of this algorithm is that although the decreasing of anhc
shows that the mobile node is moving to the destination,
it cannot indicate the deviation between current direction
and the optimal direction which may lead to a high cost.
In algorithm MSNA, at current position, the mobile node
chooses the optimal temporary target which makes the
deviation between direction of movement and the optimal
direction be minimum. But there also exists the disadvantage
in MSNA because we cannot guarantee there must have
candidates in the sector a�M,D� � α
2 (α � 2π
3) within
RC for mobile node M.

In the following, we randomly set the initial posi-
tion S and the destination D with 200 m � d�S,D� �
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Figure 6: The path cost for a uniform deployed network.

1000 m. Through employing a lot of randomly deployed
networks, the average costs of paths have been presented
in Figure 6 for the predefined shortest Euclidean distance.
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Figure 7: The average path cost for four different deployed ways.

It shows that nav overheadANHC � nav overheadMSNA

for the first deployed way. And under the second way,
nav overheadANHC � nav overheadMSNA is almost true for
different predefined situations.

Figure 7 shows that the average costs of paths under four
different deployed ways of the network. We randomly set the
initial position S and the destination D in the environment.
Through a lot of simulations, we find that the cost of
algorithm MSNA is smaller than the algorithm ANHC for
each deployed way.

6. Conclusion

In this paper, by characterizing the navigation problem as a
path planning problem, we first present a distributed algo-
rithm to construct a path planning infrastructure by uniting
the neighbors’ information of each sensor node into a CDS.
Then, we propose a path planning algorithm to generate
an effective path in the network even under an extreme
case. We prove that the distributed algorithm has low time
and message complexity and the path planning algorithm
guarantees a constant distance cost. Simulation results show
that the algorithms produce a smaller infrastructure size and
a distance cost. Due to frequent node and link failure, which
are inherent in WSNs, to construct a robust a path planning
algorithm is our further work.
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Positioning of the location information of wireless sensor network nodes is one of the key issues in wireless sensor network
applications. The traditional node positioning method based on least-square algorithm heavily depends on the ranging accuracy,
and therefore cannot guarantee high precision. This paper presents a new method for wireless sensor network node positioning
based on nonlinear weighting least-square algorithm. Regarding ranging equation error-weighted sum as a whole, this method
starts with the initial iteration point of stepwise refinement to explore the optimal solution and further reduces the positioning
computational complexity by the simplification of the Taylor equation. Experimental results demonstrate that promising results
have been achieved by using this method.

1. Introduction

Wireless sensor networks are widely used in military and
industrial fields due to its strong ability to acquire informa-
tion, high-level autonomy, broad coverage, long life cycle,
and aniattenuation under harsh environment, and so forth.
Sensor nodes, as the basic units of wireless sensor networks,
which generally use limited battery-powered energy, are
difficult to achieve the later energy resources supply once
layout. Sensor nodes can obtain a variety of information
from the surrounding environment, such as temperature,
humidity, gas concentration, pulse, oxygen, and so on. The
positioning of the location information of the wireless sensor
network nodes is one of the key issues of wireless sensor
network applications. If there is no access to the node
location information, monitoring information obtained by
the sensor would become meaningless in many scenarios.
Target tracking and attacking is asked to provide location
information [1]. In addition, node location information
is very beneficial to network coverage quality and routing
efficiency [2].

Wireless sensor networks positioning methods can be
classified in various manners. For example, depending on
whether to measure distances or not, they can be categories
into nonranging-based approach [3] and ranging based
approach; depending on where to perform algorithm, they
can be categories into distributed approach [4] and cen-
tralized approach [5]. Non-ranging approach is to measure
the connections between nodes to obtain the network
connectivity and then compute node location, such as
the MDS-MAP [6], APTI, DV-HOP, and so on. On the
other hand, the ranging method first obtains information,
including distance or angle between the nodes, by ranging
techniques such as Received Signal Strength Indicator (RSSI)
[7], Time-Difference-of-Arrival (TDOA) [8], and Angle-of-
Arrival (AOA). The next step is to predict location infor-
mation of unknown nodes by the positioning algorithm,
such as the weighted cancroids algorithm [9] and least-
square algorithm [10]. RSSI-based ranging technique [11]
is a very popular ranging based positioning method. Most
existing node hardware has the RSSI function, which does
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not require additional hardware and software support. RSSI-
based positioning are widely used in practical applications
because of its low power consumption for node positioning,
as well as small size requirements [11]. However, the accuracy
of RSSI-based ranging method may be compromised due to
the impact of external environment and other factors.

The traditional node positioning method based on least-
square algorithm heavily depends on the ranging accuracy,
and therefore cannot guarantee an accurate positioning.
The Gaussian filtering and Taylor formula are introduced
into this paper which based on the nonlinear least-square
method in paper [10]. This paper presents a new method for
wireless sensor network node positioning based on nonlinear
weighting least-square algorithm. The main contributions of
this paper including: (1) introducing a channel propagation
model for measuring the distance between unknown nodes
and anchor nodes, and (2) enhancing measurement accuracy
by the Gaussian filtering method. In this manner, this paper
has improved wireless sensor network localization algorithm
based on the weighted nonlinear least square to achieve
high-precision positioning. Compared with the traditional
linear equations consisting of the ranging equations of
weighted least-square sum, this algorithm achieves high-
precision node localization. Simulation results demonstrate
the effectiveness of the method.

2. Wireless Channel Models and
Node Distance Measurement

2.1. Channel Model of Wireless Sensor Networks. The RSSI-
based distance measurement has received widespread atten-
tion for its no requirement of complex hardware support, the
outstanding advantages of the node energy consumption and
low size overhead. In this paper, we adopt the positioning-
based ranging algorithm, by which the distance can be
measured efficiently. The unknown node first receives the
RSSI value from the anchor node and further relies on the
network channel model to estimate the distance (parameter
d) from the unknown node to anchor node. Since the
transmission of node radio waves can be influenced by
many factors, such as multipath effects, scattering, the signal
that an unknown node receives from an anchor node may
have a significant fluctuation. Researchers have developed
multiple channel models for small indoor environment and
outdoor free space environment [12]. Lognormal channel
model is widely used in common RSSI techniques for its
simplicity and good match of the relationship between signal
attenuation and distance. To be specific, the channel model
formula is as follows:

pr [dBm] = p0 [dBm]− 10η logd + Xσ , (1)

where pr denote the signal power received by an unknown
node, p0 is the received signal power by an unknown node
with a 1 m distance to an anchor node. d is the real distance
between an unknown nodes and an anchor nodes. η is the
channel fading index. Its value depends on the propagation
environment, typically ranging from 2 to 3. Xσ is the
Gaussian noise with mean value is 0 and variance σ2, which is

assumed to simulate the random component of the channel
[10].

We can conclude from (1) that the RSSI value received
from the same anchor node contains Gaussian distributed
noises. Therefore, the corresponding RSSI value RSSI should
consequently follow a Gaussian distribution. Before calcu-
lating distance by RSSI, we take into consideration Gaussian
filtering for the received RSSI, for the purpose of filtering out
certain values which have great deviations from the actual
value.

2.2. Distance Measurement Based on Gaussian Filtering.
Assuming that the unknown node received k RSSI value in
total from an anchor node, and unknown node receives the
ith RSSI value, which is expressed as RSSIi, we know from (1)
that the RSSI value received by unknown node is subject to
N(α,β2). α is the mean value of the right part of (1), which
is equivalent to p0[dBm]− 10η logd. Since it is constant, we
can infer that β = σ .

With a received number of RSSI, we can calculate α and
β by the maximum likelihood estimation method as follows:

α = 1
k

k∑

i=1

RSSIi,

β2 = σ2 = 1
k

k∑

i=1

(RSSIi − α)2.

(2)

Therefore, the RSSI value received is subject to the
probability density function

f (x) = 1
√

2πβ
e−(x−α)2/2σ2

. (3)

In order to filter out some RSSI values with significant
deviations, we first select a high probability range to filter out
the values exceeding the selected probability range

p(α− t ≤ x ≤ α + t) = 0.6

∫ α+t

−∞
1

√
2πβ

e−(x−α)2/2σ2
dx = 1

2
+

1
2

erf

(
t√
2β

)

= 1− 1− 0.6
2

= 0.8,

erf(x) = 2√
π

∫ x

0
e−k

2
dk.

(4)

We can derive that

t = 0.6
√

2σ. (5)

In order to reduce the RSSI signal interference, we take
value from the range RSSI ∈ [α − t,α + t], then calculate
the mean value pr . Since RSSI value in (1) and the Xσ in the
distance equation are both subject to N(0, σ), we can derive
that Xσ is subject to the probability density function

g(x) = 1√
2πσ

e−x
2/2σ2

. (6)
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Following (1), we have

d̃ = e
p0 + x − pr

10η
. (7)

Since x ∼ N(0, σ), the final value of d can be expressed as
follows:

d = E
(
d̃
)
=
∫ +∞

−∞
e(p0+x−pr )/10ηg(x)dx = (pr

)−1/η
e−β/2η

2γ.

(8)

We know that γ = 10/ ln(10), so d is the final distance
between an unknown node and an anchor node.

3. Linearized Least-Square
Method and Its Limitations

With the distance information that an unknown node
obtains from N anchor nodes using above method, we
can list N equations. Since there exist errors in distance
measurements, if we calculate the N equations, the equation
will be no solution. In order to highlight the contribution
of the proposed nonlinear least-square approach in this
paper, we use “linear least-square” to denote the traditional
approach. By transforming nonlinear equations into linear
equations, we figure out the estimated least-square solution
[13–15].

The ith anchor node coordinate is (xi, yi), i = 1, 2,
3, . . . ,N . Parameter i is the number of anchor nodes.
Parameter di, the distance calculated by the RSSI received
by unknown node, may deviate from the real distance value.
Assuming that the unknown node coordinate is (x, y), the N
equations can be expressed as follows:

√

(x1 − x)2 +
(
y1 − y

)2 = d1

√

(x2 − x)2 +
(
y2 − y

)2 = d2

...
...

...
√

(xn − x)2 +
(
yn − y

)2 = dn.

(9)

Square both sides of (9),

(x1 − x)2 +
(
y1 − y

)2 = d2
1

(x2 − x)2 +
(
y2 − y

)2 = d2
2

...
...

...

(xn − x)2 +
(
yn − y

)2 = d2
n.

(10)

Linear least-square solution is as follows. Eliminating the
nonlinear part by minus the last equation with each else
equation in (10), then we can obtain an overdetermined
linear equations (12). Generally, the number of equations is
larger than the number of variables, the exact solution cannot

be obtained, and we can obtain estimated solution through
the least square. The linear equation is as follows:

AX = B,

A =

⎡

⎢
⎢
⎢
⎢
⎢
⎢
⎣

2(X1 − XN ) 2(Y1 − YN )

...
...

...

2(XN−1 − XN ) 2(YN−1 − YN )

⎤

⎥
⎥
⎥
⎥
⎥
⎥
⎦

.
(11)

Number in A is ai j , i, j = 1, 2, . . . ,N − 1,

B =

⎡

⎢
⎢
⎣

x2
1 − x2

N + y2
1 − y2

N + d2
N − d2

1
...

x2
N−1 − x2

N + y2
N−1 − y2

N + d2
N − d2

N−1

⎤

⎥
⎥
⎦. (12)

The number in B is bi, i = 1, 2, 3, . . . ,N − 1.
We can figure out X = (ATA)

−1
ATB, the estimated value

of the linear least square. In fact, it is the minimal solution of
each equation bias

minF(x) =
N−1∑

i=1

⎛

⎝bi −
j=2∑

j=1

ai jx j

⎞

⎠

2

. (13)

Since (12) is obtained by subtracting the last equation
from all other equations in (10), we can assume that

d2
i − (xi − x)2 − (yi − y

)2 = �i. (14)

As a matter of fact, the linear least square is the solution
of min

∑N−1
i=1 (�i − �N )2. Therefore, the solution depends not

only on the accuracy of the solution of the last equation in
(10), but also on the accuracy of �N . If the last equation
contains large deviation, the solution of (10) will have large
deviation as well.

4. Node Positioning Based on
Weighted Nonlinear Least Square

Due to the accuracy loss caused by linearization with the
method of the linear least-square, this paper improves node
positioning accuracy of the weighted nonlinear least-square
method on basis of the literature [10]. By directly calculating
the sum of squared errors to eliminate the dependency of
the solution on the accuracy of any equation, we can obtain
the optimal solution from the overall information, as well
as reduce the computational complexity. In this paper, we
commence the nonlinear part of the equation using the
Taylor formula to reduce the computation intensity in the
node. Simulation results show that this method does better
in positioning than the linear least-square method.

Assuming the parameter in (9),

ξi = di −
√

(xi − x)2 +
(
yi − y

)2, i = 1, 2, . . . ,N (15)

ξi is the deviation between the distance di of unknown
node and the distance of the positing node. Empower
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the value of ki when calculating deviation. Since the greater
the distance the greater the error, the corresponding weights
should also be smaller, so that the impact of the ranging
errors on positioning accuracy can be reduced. In this paper,
we empower every ξi with the value of ki

ki = 1
(
di ·

∑ j=N
j=1 1/dj

) . (16)

So the total deviation is as follows:

ζ =
N∑

i=1

kiξ
2
i =

N∑

i=1

ki

(

di −
√

(x1 − x)2 +
(
y1 − y

)2
)2

. (17)

Precise node positioning requires the solution of the
corresponding value x, y when ζ obtains the minimum value.

The general solution of min ζ can be obtained by a
nonlinear optimization method that iterates to find the
optimal value in the feasible region [8, 16]. This calculation is
too much, and computing has the potential to fall into local
optimal solution, so direct nonlinear optimization method is
not appropriate for positioning node [17].

In this paper, we simplify ζ by commencing the nonlinear
part of the equation using the Taylor formula to reduce the
amount of computation, so we have a quadratic function
g(x, y) in terms of x, y. Therefore, the method is independent
on the other equations and reduces the computation burden
with minor loss of accuracy during commencing Taylor for-
mula, quite applies to computing the resource-constrained
sensor network nodes

ζ =
N∑

i=1

kiξ
2
i =

N∑

i=1

ki

(

di −
√

(x1 − x)2 + (y1 − y)2
)2

= −2x
N∑

i=1

kixi − 2y
N∑

i=1

ki yi + x2
N∑

i=1

ki + y2
N∑

i=1

ki

+ 2
N∑

i=1

kidi

√

(xi − x)2 +
(
yi − y

)2
.

(18)

The first order Taylor series expansion√
(xi − x)2 + (yi − y)2 to figure out an similar equation

to simplify the method.
Assuming that

fi
(
x, y

) =
√

(xi − x)2 +
(
yi − y

)2
. (19)

So the first order Taylor series expansion fi(x, y) in
(x0, y0) is as follows:

fi
(
x, y

) = fi
(
x0 + h, y0 + p

)

=
√

(x0 − xi)
2 +

(
y0 − yi

)2

+
(x0 − xi)√

(x0 − xi)
2 +

(
y0 − yi

)2
(x − x0)

+

(
y0 − yi

)

√
(x0 − xi)

2 +
(
y0 − yi

)2

(
y − y0

)
.

(20)

Assuming that

√

(x0 − xi)
2 +

(
y0 − yi

)2 =Mi,

(x0 − xi)√
(x0 − xi)

2 +
(
y0 − yi

)2
= Ai,

(
y0 − yi

)

√
(x0 − xi)

2 +
(
y0 − yi

)2
= Bi.

(21)

So,

fi
(
x, y

) =Mi + Ai(x − x0)− Bi
(
y − y0

)
. (22)

Mi,Ai,Bi are constants. After the first order Taylor series
expansion, ζ is the quadratic form of x, y, is easy to solve

ζ = − 2x
N∑

i=1

kixi − 2y
N∑

i=1

ki yi + x2
N∑

i=1

ki + y2
N∑

i=1

ki

+ 2
N∑

i=1

kidi
(
Mi + Ai(x − x0)− Bi

(
y − y0

))
.

(23)

Getting rid of the transformation in the form ζ can be
expressed as follows:

ζ = 2x
N∑

i=1

(kidiAi − kixi) + 2y
N∑

i=1

(
kidiBi − ki yi

)

+ x2
N∑

i=1

ki + y2
N∑

i=1

ki.

(24)

In order to compute min ζ ,

∂ζ

∂x
= 0,

∂ζ

∂y
= 0.

(25)

The solution is as follows:

x =
∑N

i=1(kixi − kidiAi)
∑N

i=1 ki
,

y =
∑N

i=1

(
ki yi − kidiBi

)

∑N
i=1 ki

.

(26)

The point Taylor expansion (x0, y0) has a great influence
on the effect of positioning. The method proposed in this
paper aims at exploring a point close to the given initial
point, which complies with the above formula to achieve
a relatively small positioning error. Therefore, we generally
choose the center of mass of the unknown node received
from the anchor point to perform Taylor series expansion,
so the computational complexity is relatively simple.
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Figure 1: Node distribution diagram.

5. Simulation and Analysis

In this paper, we carried out many simulation experiments
about positioning method. The experiments were performed
by Matlab programming with a large number of unknown
nodes and anchor nodes in multiple area.

Experiment 1. Arrange randomly 100 nodes in the regional
area 100 m × 100 m, among them there are 70 unknown
nodes and 30 anchor nodes, respectively. This paper presents
the weighted nonlinear least-square method and compare
with the conventional linear least-square method. We have
simulated the two methods by Matlab programming for 100
times and obtained the positioning error of each node by
both algorithms.

Figure 1 is the node distribution diagram of one simu-
lation. The average error caused by the weighted nonlinear
least-square method is 5.8710, while the error by linear least-
square method is 6.8610. The weighted nonlinear approach
is advantageous to the linear approach. From Figure 2, we
can see that some point positioning error mutations in the
positioning of the linear least-square method for the reason
we mentioned before. The positioning accuracy depends
on the ranging error of the last equation in (10): if the
ranging error in the equation is large, positioning effect
will accordingly be poor. The proposed algorithm does not
depend on other ranging errors, and the positioning error
of the proposed algorithm is relatively stable. Experiments
verified the effectiveness of the proposed algorithm.

Experiment 2. Arrange randomly 100 nodes in the regional
area 100 m × 100 m, change the ratio of anchor nodes
to unknown nodes, and select five different ratios for
100 simulation runs to compare the two algorithms in
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Figure 3: The relationship of two positioning algorithm effects.

positioning errors trend as the ratio of anchor nodes to
unknown nodes changes.

It can be observed from Figure 3 that the performance
of the proposed algorithm is better when the ratio of anchor
nodes to unknown nodes is small, because the coverage of
the anchor nodes in the region is relatively sparse in this
situation. Relatively, the error also increases as the distance
between unknown nodes and anchor nodes increases. Com-
pared with the linear least-squares location method, the
proposed algorithm is less dependent on ranging. Figure 3
shows that both algorithms indicate a decreasing trend of
positioning error when the ratio of unknown nodes to
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anchor nodes in the network goes up. With an increasing
number of the anchor nodes, the positioning error of the
two algorithms has been reduced accordingly. The distance
between the two segments gradually decreases as the ratio of
anchor nodes to unknown nodes increases. This is because,
with the increase of the ratio, the accuracy loss of linear least-
square approach caused by ranging error decreases, and the
number of anchor nodes that unknown nodes can receive
from will increase which compensates for the loss of accuracy
to a certain extent.

6. Conclusion

In this paper, we have proposed a node positioning method
based on nonlinear weighting least square to address the
problem of positioning accuracy loss in the traditional least-
square linear equation. In addition, this paper proposed
a Gaussian filter to improve the ranging accuracy. On
this basis, we have also proposed wireless sensor network
localization algorithms based on the weighted nonlinear
least square to achieve high-accuracy positioning. In contrast
to the traditional linear equations consisting of the rang-
ing equation of weighted least-square sum, the algorithm
achieves high-precision node localization. Experimental
results demonstrate the effectiveness of the method.
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Routing protocol is an important topic in the wireless sensor networks. For MultiSink wireless sensor networks, the routing
protocol designs and implementations are more difficult due to the structure complexity. The paper deals with the problem
of a multiple-dimensional tree routing protocol for multisink wireless sensor networks based on ant colony optimization. The
proposed protocol is as follows: (1) listening mechanism is used to establish and maintain multidimensional tree routing topology;
(2) taking into consideration hops, packet losses, retransmission, and delay account, a distributed ant colony algorithm is proposed.
When nodes select routes in the data transmission, the algorithm is utilized to realize the real-time optimization by coordination
between nodes. The simulation results show that the proposed protocol can realize the QoS optimization for multisink wireless
sensor networks, and its performance is better than the routing protocol of minimum hop numbers.

1. Introduction

Multisink wireless sensor architecture networks have received
more and more attention due to their advantages such
as improving network throughput, balancing energy con-
sumption, and prolonging network lifetime. Moreover, the
reliability and robustness of networks are improved because
multisink nodes increase the transmission routines of the
sensor node information [1, 2].

Due to multiple sink nodes in multisink wireless sensor
networks (multisink WSNs), the network topology is com-
plex, which brings many difficulties to design and implement
the network protocols. Currently, research on multisink
WSNs is still insufficient, especially for the cooperation and
quality of service (QoS) of multisink WSNs.

In this paper, the problem of a multiple dimensional tree
routing protocol for multisink WSNs will be investigated
based on listening and ant colony optimization (ACO),
where multiple dimensional tree routing is defined in
Section 3. Listening mechanism is first used to establish
and maintain multidimensional tree routing topology in the
proposed protocol. Then, a distributed ant colony algorithm
is presented with the consideration of hops, packet losses,
retransmission and delay.

The rest of this paper is organized as follows. (i) Section 2
states the related works about the multisink WSNs routing
researches and the applications of the ant colony optimiza-
tion in WSNs. (ii) Section 3 describes the multisink WSNs
model. (iii) Section 4 introduces the routing establishment
of the listening-based routes for the multisink WSNs and
the routing selection based on the distributed ant colony
optimization. (iv) Simulation experiments are performed
and analyzed in Section 5. (v) Some concluding remarks are
found in Section 6.

2. Related Works

2.1. Multisink Wireless Sensor Networks. Recently, research
results of multisink WSNs routing have been reported in
the literature [3–9]. In [3], Dubois-Ferrière et al. limited the
sink node transmissions to deliver the query messages to the
minimum number of the data collection nodes, using the
Voronoi scoping algorithm. In [4], Ciciriello et al. proposed
a scheme based on a periodic adaptation of the message
routes, which could efficiently route data from multiple
sources to multiple sinks. Min [5] proposed priority-based
multisink routing protocol, which considered both the level
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of node energy and the routing energy, so that the energy
consumption was balanced efficiently and the lifetime of
the network was prolonged. In [6], Kawano and Miyazaki
proposed a minimum multihop routing protocol (MMHR),
aiming to minimize the communication hops between each
sensor node and a sink node in wireless sensor networks
with multiple sink nodes. In [7], the optimal multisink
positioning and energy-efficient routing protocol showed
that the method to choose the route can be attributed
to the linear programming model in order to realize the
best deployment of multiple sink nodes and optimize the
throughput of the whole network. In [8], Kalantari and Mark
took the partial differential equations of Maxwell to resolve
the optimization problem of the multisink networks and
proposed the partial differential equations protocol. In the
opportunistic routing protocol proposed in [9], each node
measures the received signal strength indication from sink
nodes in order to calculate mobility gradient, information of
both the best neighbor node and the best sink nodes. In [10],
an efficient multiple sink transmission power control scheme
is analyzed for a sink-centric cluster routing protocol in
multiple sink wireless sensor networks. It is worth pointing
out that some problems such as node coordination, balance
of the communication load, and robustness of routing
protocol have not been sufficiently investigated in the above
works.

2.2. ACO-Based Routing Protocol for WSNs. ACO is a
swarm intelligent algorithm which analogs the ant foraging
and exchanges pheromones to optimize complex problems
[11–13]. Because of the inherent parallelism of ACO, it
is appropriate to apply ACO to optimize wireless sen-
sor networks [14]. ACO for single-sink WSNs has been
investigated in the last decade [15–18]. In [15], Zhang et
al. proposed three new ant-routing algorithms to improve
the performance of WSNs. In [16], the energy efficient
routing algorithm based on ACO was designed to extend
network lifetime by reducing communication overhead in
path discovering. It was achieved by energy efficient paths,
which were established by using fixed size ant agents and
introducing energy and number of hops in pheromone
update mechanism. Cai et al. [17] proposed ACO-based QoS
routing, which was a reactive protocol that tries to cope with
strict delay requirements, limited energy, and computational
resources available at sensor nodes. Ant-based service-aware
routing algorithm proposed in [18] was a QoS-aware routing
protocol for multimedia sensor networks.

ACO for multiple sink WSNs has received attention
recently [19, 20]. Kiri et al. [19] described a cluster-based
data gathering scheme aimed to achieve reliability and
scalability in WSNs. Since WSNs architecture with a single
sink is not robust to energy depletion, the authors in [19]
proposed a multisink WSNs in which the nodes can use
an alternate sink in case of failure of the network. In [20],
Paone et al. proposed a routing protocol for multisink WSNs
with interesting properties: self organization, fault tolerance,
and environmental adaptation, which was inspired by the
well known behavior (in artificial life studies) of “slime
mold.” However, some problems such as QoS and node

coordination still need to be fully studied. This motivates the
research of this paper.

3. Multisink Wireless Sensor Network Model

In this section, a multisink wireless sensor network model is
provided under the following assumptions.

Assumption 1. Sink nodes and sensor nodes are deployed
randomly and they cannot move.

Assumption 2. All the sink nodes have the same architecture,
and so do the sensor nodes.

Assumption 3. Wireless channels are symmetrical, and the
process of receiving and transmitting orientates all direc-
tions.

Assumption 4. Each node has its own ID address.

Definition 5 (one-dimensional tree routing). The wireless
sensor network tree routing is said to be one-dimensional
tree routing if in the WSNs with one sink node and M sensor
nodes; routing topology is tree-type structure where the sink
node is its root and M sensor nodes are elements.

Definition 6 (N-dimensional tree routing). The wireless
sensor network tree routing is said to be N-dimensional
tree routing if in the WSNs with N sink nodes and M
sensor nodes; routing topology is tree-type structure which
is composed of N one-dimensional tree routings Tj ( j =
0, 1, 2 · · ·N−1) where sensor node ni (i = 0, 1, 2 · · ·M−1)
belongs to Tj ( j = 0, 1, 2 · · ·N − 1).

The topology structure of the one-dimensional tree
routing and the two-dimensional tree routing is shown in
Figures 1(a) and 1(b) separately.

4. ACOMSR Protocol

In this section, a multiple dimensional tree routing protocol
for multisink wireless sensor networks based on ant colony
optimization (ACOMSR) will be proposed.

4.1. ACOMSR Description. The ACOMSR is mainly made
up of two parts: (i) the establishment and maintenance of
the multiple dimensional tree routing topology by means of
listening, (ii) the route selection and the pheromone update
based on the distributed ant colony optimization.

The protocol establishes multidimensional tree topology
routing, and the dimensional number is the same of the
sink number. Each sensor node establishes N-dimensional
routing tables, and every one-dimensional routing table
takes sink ID, father node’s ID, link quality, load, hop
numbers, and other information. Sensor nodes use ant
colony optimization algorithm to select routes according to
the information of the routing table before they send their
data packet.
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Figure 1: The wireless sensor network tree routing.
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Figure 2: Frame format of packet.

Figure 3: The topology structure of 4-sink network.

Table 1: Notation description.

Notation Description

hik Hop number from sensor node i to sink node k.

eik
Number of packets lost when sensor node i sends data
packets to sink node k.

rik
Times of retransmission when sensor node i sends the
data packet to sink node k.

lik
Total usage of the upstream node buffer in the link
from sensor node i to sink node k.

bik
Average value of the upstream node buffer usage in the
link from sensor node i to sink node k.

The corresponding variables are defined in Table 1, and
the implementation of the proposed protocol is shown in
Algorithm 1.
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Figure 4: Average hop counts vary for 4-dimensional routing.

4.2. Establishment and Maintenance of ACOMSR. Listening-
based minimum hop routing protocol adopts bottom-to-
up approach to establish routes, forming a tree topology
structure whose root node is the sink node. During the
process of the routing establishment and maintenance, node i
broadcasts the routing request packets (RREQ). It is assumed
that node j has received the RREQ. If hik ≤ hjk − 2, where
hik is hops of node i to sinks k, hjk is hops of node j to
sink k, node j will send the routing reply packets (RREP)
with broadcast. Then all nodes which are the neighbor nodes
of node i could receive RREP. These nodes will establish or
update their own routing if they have more hops. Most nodes
in the network establish or maintain routes only by listening
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(b) Lost packet rate for the case PGR = 0.03

0 200 400 600 800 1000 1200 1400 1600 1800
0

0.01

0.02

0.03

0.04

0.05

0.06

0.07

0.08

0.09

0.1

Lo
st

 p
ac

ke
t 

ra
te

Generate packet rate is 0.04

Time (s)

(c) Lost packet rate for the case PGR = 0.04

0 200 400 600 800 1000 1200 1400 1600 1800
0

0.02

0.04

0.06

0.08

0.1

0.12

0.14

0.16

0.18

0.2

Lo
st

 p
ac

ke
t 

ra
te

Generate packet rate is 0.05

Time (s)

(d) Lost packet rate for the case PGR = 0.05
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Figure 5: Lost packet rates at different PGR.

RREP, thus the protocol has the advantage of lower overhead
and faster routing. The packet frame is described by Figure 2.

According to the listening mechanism, the process of
routing establishment or maintenance can be shown in
Algorithm 2.

Remark 7. (i) Since there are N sinks in multiple sink WSNs,
N-dimensional tree routing should be established. (ii) In
order to avoid collision, nodes use CSMA at the MAC layer
when sensor nodes send out packet. (iii) Transmission power
control is used to improve the link quality [21]. (iv) Regular
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(b) Packet retransmission rate for the case PGR = 0.03

0 200 400 600 800 1000 1200 1400 1600 1800
0

0.2

0.4

0.6

0.8

1

1.2

1.4

1.6

1.8

2

R
et

ra
n

sm
is

si
on

 r
at

e

Generate packet rate is 0.04

Time (s)

(c) Packet retransmission rate for the case PGR = 0.04

0 200 400 600 800 1000 1200 1400 1600 1800
0

1

2

3

4

5

R
et

ra
n

sm
is

si
on

 r
at

e

Generate packet rate is 0.05

Time (s)

(d) Packet retransmission rate for the case PGR = 0.05
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Figure 6: Packet retransmission rates at different PGR.

maintenance is also used in the routing protocol, and the
maintenance period is set after the update of the routing
messages.

4.3. The Routing Selection and the Pheromone Update Based
on the Distributed Ant Colony Optimization. The basic idea

of the ant colony optimization in multisink WSNs routing
algorithm is to build mappings between routing protocol and
ant colony optimization.

Path selection of multisink WSNs is treated as ant
foraging, and then a distributed ant colony algorithm is
designed. When sensor nodes send packets, the algorithm
is used to choose a suitable route. The mapping between
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(b) Average buffer usage for the case PGR = 0.03
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(c) Average buffer usage for the case PGR = 0.04
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Figure 7: Average Buffer Usage at different PGR.

the multisink WSNs routing protocol and the ant colony
search space is given in Table 2.

The variable descriptions of the distributed ant colony
algorithm are shown in Table 3.

Sensor nodes of multisink WSNs save the quality of links
from them to all sink nodes, namely, pheromones when ants
look for food sources. Sensor nodes choose routes according
to the link quality, that is, ants select foraging path and food
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Figure 8: Average transmission delays at the different PGR.

Procedure main algorithm(){
//check the route from the node to sink k.

If (node. hop==∞) or (the lifetime is over){
//broadcast the RREQ packet and wait for RREP

Packet
Initialize the RREQ packet
routing algorithm(packet);

}
// After the routing is built up
Initialize the pheromone.
// When sending data
path algorithm();
if (the data is transmitted successfully) { //receive

the ACK packet
k = packet.sink; //the ACK packet
update pheromone algorithm (lik , hik , rik , 0, k);

}
else

update pheromone algorithm (0, 0, rik , eik , k);
Wait for the next data transmission;

}

Algorithm 1: Proposed main algorithm.

Table 2: Mapping relation between multisink WSNs routing and
the ant colony optimization.

Multisink WSNs routing protocol Ant colony optimization

Sink node Food source

Route Foraging path

Data packet Ant

Link quality Pheromone concentration

Routing hops Visibility

Routing selection
Selection of the foraging
path

Procedure routing algorithm(packet){
// If the node receives RREP packet

if (receive the RREP){
k = packet.sink;
if(k ==Sink num){

if(node.hop==∞) //the node.hop in the
Sink k

update the route to the Sink k and set
lifetime for the route

else
if(node. hop > packet.hop+1)

update the rout to the Sink k and set
lifetime for the routing

}
else{

To listening() mode and update the rout to
the sink k

wait for a short time and then broadcast
RREQ packet again

}
else

wait for a short time and then broadcast RREQ
again
}
// If the node receives RREQ packet
if(receive the RREQ){

k= packet.sink;
if(node.hop!=∞){ // the node.hop in the Sink k

if(the packet.hop > the node.hop + 1)
Initialize the RREP packet

// broadcast the RREP
}

}
}
//the listening() mode
if(the neighbor node receives RREP){

k= packet.sink;
if(the node.hop > the packet.hop + 1){ // the

node.hop to the Sink k
update the route to the Sink k and set the

lifetime for the route
}

}

Algorithm 2: Routing establishment and maintenance.

sources based on the pheromone concentration. When ants
choose food sources at time t, the transition probability is

pik(t) = τik(t)ηik(t)
∑K

k=0 τik(t)ηik(t)
. (1)

The pheromone can be presented by

τik(t + 1) = ρik(t) · τik(0) + Δτik(t), (2)

where τik(0) is the initial pheromone.
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Table 3: Notation description of ACO.

Notation Description

pik(t)
The transition probability at time t when packets of
sensor node i select the link between sensor node i and
sink node k.

τiκ(t)
Pheromone of the route between sensor node i and sink
node k at time t.

ηik(t) Visibility from sensor node i to sink node k at time t.

Δτiκ(t)
Pheromone update value from sensor node i to sink
node k at time t.

ρik(t)
Routing pheromone volatile coefficient from sensor
node i to sink node k at time t.

Define the visibility as the reciprocal of the hop number
from sensor node i to sink node k, which is given by

ηik(t) = 1
hik(t)

. (3)

The initial pheromone from sensor node i to sink node k
is given by

τik(t) = γhik(t), (4)

where γ represents the initial pheromone when hik(t) = 1.
Define the pheromone update value associated with the

link quality as follows:

Δτik(t) = α · 1

1 + (eik(t))a + (rik(t))b
, (5)

where α is the weight of Δτik(t), a and b represent the
influence size on Δτik(t) for packet loss and retransmission,
respectively.

In order to avoid the pheromone unlimited accumulation
which caused the imbalance evaluation of the link quality, we
define the pheromone volatile coefficient as follows

ρik(t) = ρ0 · β(bik(t)−th)/(m−th),
(
0 < ρik(t) < 1

)
, (6)

where ρ0 is the initial value of the pheromone volatile
coefficient, β is the basic number of the volatile coefficient,
m is the maximum value of the buffer in a sensor node, th is
a threshold of the average link load from sensor node i to sink
node k, and bik(t) denotes the average link load from sensor
node i to sink node k, which is defined by

bik(t) = lik(t)
hik(t)

. (7)

The implementation procedure of the distributed ant
colony algorithm is displayed in Algorithm 3.

5. Performance Evaluation

In this section, a simulation example is illustrated to show
the effectiveness of the proposed protocol. Moreover, results
compared with the minimum multihop multisink routing
protocol (MMHR) are also provided.

Table 4: Network simulation parameters.

Parameters Value

Sensor nodes 200

Sink nodes 4

Simulation area 7000 (m) × 7000 (m)

Channel model Free-space model

Frequency band 433 MHZ

Power of DATA/ACK 0 dbm

Power of RREQ/RREP −3 dbm

Data rate 20 Kbps

Channel bandwidth 0.2 MHZ

Simulation time 1800 s

Simulation step 0.0004 s

Packet size 48 Bytes

Length of ACK packet 8 Bytes

Size of node buffer 960 Bytes

Table 5: Parameters of the distributed ACO.

Parameters Value

γ 0.01

α 0.001

a 4

b 2

ρ0 0.9

β 0.7

n 2

5.1. Simulation Environment. Our simulation environment
consists of 200 sensor nodes and 4 sink nodes randomly
deployed in a field of 7000 m ∗ 7000 m. Table 4 shows the
simulation parameters of the network. The parameters of
distributed ant colony algorithm are shown in Table 5 which
are selected by means of a lot of simulation.

We can analyze the performance of this proposed
protocol by changing generate packet rate. Here, generate
packet rate means the amount of packet the perception nodes
produced in unit working time.

5.2. Simulation Results and Analysis. According to rout-
ing establishment and maintenance process given in
Algorithm 2, the ACOMSR routing topology structure at
the moment of 60 s simulation time shown by Figure 3 is
obtained, where red represents the routing to sink 0, orange
the routing to sink 1, blue the routing to sink 2, and green
the routing to sink 3.

As displayed in Figure 4, when the packet generate rate
(PGR) is 0.04, the average hop numbers differ from each
other with the change of time in the 4-demensional routing.
We can see from Figure 4 that the average hop number
decreases step by step with the increase of time. This is the
routing continuous optimization result from the minimum
routing maintenance mechanism.
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Procedure path algorithm (hik , τik){
calculate the transition probability pik(t) for each

path by the formula (1);
random=Rnd();

if(pi(k−1) < random < pik)
choose the path to the sink k

}
Procedure update pheromone algorithm (hik , lik , rik , eik , k)
{//the node receives the ACK successfully
if(hik!=node.hop){ // the node.hop in the Sink k

τik = γhik ; node.hop = hik ;
}

bik = lik/hik ;
if(bik > th)

calculate the volatilization coefficient ρik by the
formula (6);
Else

ρik = ρ0;
calculate the correction value Δτik by the formula (5);

update the pheromone τik by the formula (2);
}

Algorithm 3: Distributed ant colony algorithm.

For the proposed protocol and MMHR [6], lost packet
rates, packet retransmission rates, and average transmission
delays at different PGR are shown by Figures 5, 6, and 7,
respectively.

From Figure 5 it can be seen that ACOMSR outperforms
MMHR in term of the packet loss rate. When the packet
generate rate is 0.01, the difference between ACOMSR and
MMHR is not obvious. When the packet generate rate is
0.03, 0.04, 0.05, or 0.07, the proposed protocol shows a better
performance in reducing packet loss rate.

From Figure 6 it can be seen that ACOMSR outperforms
MMHR in term of the packet retransmission rate. But the
differences of the packet retransmission rate between the two
protocols are not obvious when the packet generate rate is
0.01 and 0.07.

From Figure 7 it can be seen that ACOMSR outperforms
MMHR in the average buffer usage of all sensor nodes.
When the packet generate rate is 0.01, the difference between
ACOMSR and MMHR is basically the same. When the packet
generate rate is 0.03, 0.04, 0.05 or 0.07, the proposed protocol
shows a better performance in reducing average buffer usage.

From Figure 8, it is easy to see that the average transmis-
sion delays obtained by using ACOMSR are less than those
obtained by using MMHR.

The simulation results show that the proposed protocol
ACOMSR has better performances than MMHR and the
QoS optimization of multisink WSNs is achieved. The main
reasons are two folds: (i) for selecting routing, MMHR takes
the hop as the only performance index of selecting routes,
whereas both hop numbers and QoS (including load balance,
packet loss, and retransmission) in our protocol are simulta-
neously considered. The cooperation on the link information
feedback and the nodes is achieved because of the interaction
of the node link status information in DATA-ACK form. (ii)

The introduction of the distributed ant colony algorithm
makes the proposed routing protocol intelligent, and thus,
a reasonable balance of network load is possible. Especially
when the network load is heavy, the proposed protocol
shows much better performance. It is worth pointing out
that the real-time nature of the network transmission has
been improved although the packet transmission route of the
proposed protocol (ACOMSR) is not the shortest.

However, because of ACO algorithm, the computational
overhead of the proposed protocol is more than the MMHR.
With the case of 4 Sinks, each time the computation
overhead of ACOMSR in a node is much more than that of
MMHR’s about 21 times multiplications. But sensor node
can be perfectly qualified for this overhead. Taking the
microprocessor LPC2131 of Philips Corp as an example,
the microprocessor comes with a hardware multiplier so
that it only costs 21 instruction cycles, which is about 2 ms
to complete these multiplications. Therefore, the proposed
protocol is feasible in actual application.

6. Conclusion

A multiple dimensional tree routing protocol for multisink
WSNs based on listening and ant colony optimization has
been proposed in this paper. The advantages of the proposed
protocol can be summarized as follows. (i) In the process
of the routing establishment and maintenance, the waste
of resources is avoided and the reliability of routing is
improved by utilizing the listening mechanism and the power
control, respectively. (ii) The fault tolerance and robustness
of routing are increased because multidimensional tree
routes from each sensor node to all sink nodes are set up.
(iii) The QoS optimization of multisink WSNs is achieved by
using the proposed ACOMSR. Simulation experiments have
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been made to show that the performance of the proposed
ACOMSR is better than the routing protocol of minimum
hop numbers. As a future work, we are intended to study
the cross-layer optimization and multiobjective optimization
for the multisink wireless sensor networks based on the ant
colony algorithm.
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The integrative collaboration of genetic algorithms and integer linear programming as specified by the Generate and Solve meth-
odology tries to merge their strong points and has offered significant results when applied to wireless sensor networks domains.
The Generate and Solve (GS) methodology is a hybrid approach that combines a metaheuristics component with an exact solver.
GS has been recently introduced into the literature in order to solve the problem of dynamic coverage and connectivity in wireless
sensor networks, showing promising results. The GS framework includes a metaheuristics engine (e.g., a genetic algorithm) that
works as a generator of reduced instances of the original optimization problem, which are, in turn, formulated as mathematical
programming problems and solved by an integer programming solver.

1. Introduction

High power consumption efficiency in wireless sensor net-
works is always desirable. The integrative collaboration of
genetic algorithms and integer linear programming as spec-
ified by this methodology tries to merge their strong points
and has offered significant results when applied to wireless
sensor networks domains. However, its original implementa-
tion showed some deficiencies which limits its performance,
being one of them the density explosion. Besides, it was con-
ceived exclusively for this problem domain, the methodology
could serve as a start point for using with other domains,
since the genetic algorithm, implemented in this approach, is
flexible and can be applied to many other problems. The cor-
rect use of a hybrid methodology to deal with a class of prob-
lem can show good results. The methodology mainly consists
in reducing a problem, typically a high-complexity problem,
that the time to solve it is infeasibly big, into subproblems.
These subproblems maintain the original problem’s basic
characteristics and the time spent to find its solution is

very small, allowing finding a feasible original problem’s
solution through the solution of many subproblems. So,
the methodology consists in generating the subproblems,
then solving them, and evaluating continuously, until a stop
condition is satisfied. Genetic algorithm was chosen to be the
subproblems generator. A genetic algorithm characteristic is
the evolution, so it can evaluate and conduct the evolution
of the subproblems to come closer to the original problem’s
optimal solution. A dynamic coverage and connectivity for
wireless sensor network problem was adopted in this work
[1–3]. In Section 2 is given an outline about wireless sensor
network, with all the relevant features for this work. In
Section 3 is shown the mathematical model implemented in
this work. More details of the hybrid methodology are given
in Section 4. Section 5 gives an improvement for the density
explosion problem that could derail the whole approach.
Section 6 presents the computational results obtained using
the methodology described. Finally, in Section 7 is presented
some conclusion obtained from this work.
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2. The Wireless Sensor Network

A Wireless Sensor Network (WSN) typically consists of a
large number of small, low-power, and limited-bandwidth
computational devices, named sensor nodes. These nodes
can frequently interact with each other, in a wireless manner,
in order to relay the sensed data towards one or more pro-
cessing machines (a.k.a. sinks) residing outside the network
[4]. For such a purpose, special devices, called gateways, are
also employed in order to interface the WSN with a wired,
transport network. To avoid bottleneck and reliability prob-
lems, it is pertinent to make one or more of these gateways
available in the same network setting, a strategy that can
also reduce the length of the traffic routes across the network
and consequently lower the overall current consumption. A
typical sensor node is composed of four modules, namely,
the processing module, the battery, the transceiver module,
and the sensor module as described in [5]. Besides the
packet building processing, a dynamic routing algorithm
runs over the sensor nodes, in order to discover and con-
figure in runtime, the “best” network topology in terms of
transmission number and current waste. Due to the limited
resources available to the microprocessor, most devices make
use of a small operating system that supplies basic features
to the application program. To supply the power necessary
to the whole unit, there is a battery, whose lifetime duration
depends on several aspects, among which its storage capacity
and the levels of electrical current employed in the device.
The transceiver module, conversely, is a device that transmits
and receives data using radio-frequency propagation as
media and typically involves two circuits, namely, the trans-
mitter and the receiver. Due to the use of public-frequency
bands, other devices in the neighborhood can cause interfer-
ence during sensor communication [6]. Likewise, the opera-
tion/interaction among other sensor nodes of the same net-
work can cause this sort of interference. So, the lower is the
number of active sensors in the network, the more reliable
tends to be the radio-frequency communication among these
sensors. The last component, the sensor module, is responsi-
ble to gauge the phenomena of interest; the ability of concur-
rently collecting data pertaining to different phenomena is a
property already available in some models of sensor nodes.

For each application scenario, the network designer has
to consider the rate of variation for each sensed phenomenon
in order to choose the best sampling rate of each sensor
device. Such decision is very important to be pursued with
precision as it surely has a great impact on the amount of data
to be sensed and delivered, and, consequently, on the levels of
current consumed prematurely by the sensor nodes [7]. This
is the temporal aspect to be considered in the network design.

Another aspect to be considered is the spatial one. On the
other hand, [8] define coverage as a measure of the ability to
detect objects within a sensor field. The lower the variation
of the physical variable being measured across the area, the
shorter has to be the radius of coverage for each sensor while
measuring the phenomenon. This will have an influence on
the number of active sensors to be employed to cover all
demand points related to the given phenomenon. The fact is
the more sensors are active in a given moment, the bigger is

the overall current consumed across the net. WSNs are usu-
ally deployed in hostile environments, with many restrictions
of access. In such cases, the network would be very unreliable
and unstable if the minimum number of sensor nodes was
effectively used to cover the whole area of observation. If
some sensor node fails to operate, its area of coverage would
be out of monitoring, preventing the correlation of data
coming from this area with others coming from other areas.

Another worst-case scenario occurs when we have sensor
nodes as network bottlenecks, being responsible for routing
all data coming from the sensor nodes in the neighborhood.
In this case, a failure in such nodes could jeopardize the
whole network deployment. To avoid these problems and
make a robust design of the WSN, extra sensor nodes
are usually employed in order to introduce some sort of
redundancy. By this means, the routing topology needs to be
dynamic and adaptive: when a sensor node that is routing
data from other nodes fails, the routing algorithm discovers
all its neighbor nodes and then the network reconfigures its
own topology dynamically. One problem with this approach
is that it entails unnecessary current consumption. This is
because the coverage areas of the redundant sensor nodes
overlap too much, giving birth to redundant data. And these
redundant data bring about extra current consumption in
retransmission nodes. The radio-frequency interference is
also stronger, which can cause unnecessary retransmissions
of data, increasing the levels of current expenditure. On the
other hand, [9] present many integer linear programming
models to minimize current consumption but do not con-
sider the dynamic time scheduling.

3. Model

The solution proposed by [10, 11] is to create different sched-
ules, each one associated with a given time interval, that acti-
vate only the minimum set of sensor nodes necessary to sat-
isfy the coverage and connectivity constraints. The employ-
ment of different schedules prevents the premature starva-
tion from some of the nodes, bringing about a more homo-
geneous level of consumption of battery across the whole
network. This is because the alternation of active nodes
among the schedules is often an outcome of the model, as
it optimizes the current consumption of the whole network
taking into account all time intervals and coverage and con-
nectivity constraints.

In order to properly model the WSN setting, some pre-
vious remarks are necessary.

(1) A demand point is a geographical point in the region
of monitoring where one or more phenomena are
sensed. The distribution of such points across the
area of monitoring can be regular, like a grid, but can
also be random in nature. The density of such points
varies according to the spatial variation of the pheno-
menon under observation. At least one sensor must
be active in a given moment to sense each demand
point. Such constraint is implemented in the model.

(2) Usually, the sensors are associated with coverage
areas that cannot be estimated with accuracy. To



International Journal of Distributed Sensor Networks 3

simplify the modeling, we assume plain areas without
obstacles. Moreover, we assume a circular coverage
area with a radius determined by the spatial variation
of the sensed phenomenon. Within this area, it is
assumed that all demand points can be sensed. The
radio-frequency propagation in real WSNs is also
irregular in nature. In the same way, we can assume a
circular communication area. The radius of this circle
is the maximum distance at which two sensor nodes
can interact.

(3) A route is a path from one sensor node to a sink pos-
sibly passing through one or more other sensor nodes
by retransmission. Gateways are regarded as special
sensor nodes whose role is only to interface with the
sinks. Each phenomenon sensed in a node has its
data associated with a route leading to a given sink,
which is independent of the routes followed by the
data related to other phenomena sensed in the same
sensor node.

(4) The electric charge consumption is actually the ele-
ctric current drawn by a circuit in a given time period.

These are the decision variables:

xti j ∈ R+: if sensor i ∈ S covers demand point j ∈ D
in period t ∈ T ;

wt
i ∈ R+: if sensor i was activated in period t for at

least one phenomenon;

ztli j ∈ {0, 1}: If arc i j belongs to the route from sensor
l ∈ S to a sink in period t ∈ T ;

yti ∈ {0, 1}: if sensor i is activated in period t;

htj ∈ {0, 1}: if demand point j is not covered by any
sensor in period t;

ei ∈ R+: energy consumed by sensor i considering all
time periods.

The objective function (1) minimizes the total electrical
charge consumption through all time periods. The second
term penalizes the existence of some uncovered demand
points, but the solution continues feasible. It penalizes
unnecessary activation for the phenomenon too:

min
∑

i∈S
ei +

∑

t∈T

∑

j∈D
EHhtj . (1)

These are the constraints adopted:

∑

i∈S

∑

j∈D
ADijx

t
i j + htj ≥ 1, ∀ j ∈ D, ∀t ∈ T. (2)

Constraint (2) enforces the activation of at least one sensor
node i to cover the demand point j in period t. Otherwise,
the penalty variable h is set to one. This last condition will
occur only in those cases when no sensor node can cover the
demand point.

xti j ≤ yti , ∀i ∈ S, ∀ j ∈ S, ∀t ∈ T. (3)

The y (which means that a sensor node is actively sensing in
period t) is turned on, if it is associated sensor node is indeed
allocated to cover any demand point. Constraint (3) indicates
to the model that maintenance energy is being consumed, so
the model could attribute the corresponding value for this
consumption indicated in another constraint described later
on

∑

i∈(S−{ j})
Aijz

t
li j −

∑

k∈(S∪M−{ j})
Ajkz

t
l jk = 0,

∀ j ∈ S, ∀l ∈ S, ∀t ∈ T.

(4)

According to the flow conservation principle applied to the
connectivity issue, if there is an incoming route to a sensor
node, there should be an outgoing route from this same
sensor node. So, constraint (4) enforces this statement, sett-
ing an outgoing route from sensor node j to sensor node k if
there is already an incoming route from sensor node i to sen-
sor node j

∑

k∈(S∪M−{l})
Aijz

t
l jk = ytl , ∀l ∈ S, ∀t ∈ T. (5)

If there is an active sensor node, a route must be created. That
is what constraint (5) above enforces.

∑

i∈S

∑

j∈M
Aijz

t
li j = ytl , ∀t ∈ T , ∀l ∈ S. (6)

Constraint (6) is necessary to create a route that reaches a
sink if a sensor is active.

Aijz
t
li j ≤ ytj , ∀ j ∈ S, ∀l ∈ (S− { j})

∀i ∈ (S− { j}), ∀t ∈ T.
(7)

All data sensed must reach a sink node, but many sensors
node have no direct connectivity to a sink node. So, other
sensor nodes might be activated just to turn viably the route
to the sink. In constraint (7), if there is an outgoing route
passing through sensor node i, then this sensor node has to
be active

Aijz
t
li j ≤ yti , ∀ j ∈ S,∀l ∈ (S− { j})

∀i ∈ (S− { j}),∀t ∈ T.
(8)

In the same way, with constraint (8) if there is an incom-
ing route passing through sensor i, then this sensor has to be
active

∑

t∈T
EMiy

t
i + EAiw

t
i +

∑

l∈(S−{i})

∑

k∈S
ERiz

t
lki

+
∑

l∈S

∑

j∈(S∪M)

ETijz
t
li j ≤ ei, ∀i ∈ S.

(9)

The total electrical charge consumed by a sensor node is
the sum of the parcels given constraint (9). The maintenance
energy is attributed when the sensor is active for any reason.
The activation energy is summed only when there was an
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effective activation through time intervals. The w variable
values are given in other restrictions. The reception and
transmission energy are given when there are incoming and
outgoing routes, respectively, passing from a sensor node.
The sum of these terms has to be equal or less than the
battery’s energy

0 ≤ ei ≤ EBi, ∀i ∈ S. (10)

Constraint (10) enforces that each sensor node should
consume at most the capacity limit of its battery

w0
i − y0

i ≥ 0, ∀i ∈ S, (11)

If a sensor is active in the first time interval, it means that
it consumed energy to activate. The w variable indicates this
activation. Then, the variable’s value is set to 1. On the other
hand, if the sensor is kept off in the first time interval, the
value is set to 0. Constraint (11) ensures that

wt
i − yti + yt−1

i ≥ 0, ∀i ∈ S, ∀t ∈ T , t > 0. (12)

In Constraint (12), the sensor’s past and current activation
states are compared. If the sensor node was active from
period t − 1 to period t, then w is set to 1, 0 otherwise.

4. The Base Hybrid Methodology

Although distinct, both the exact and metaheuristics
approaches have pros and cons when dealing with hard com-
binatorial optimization problems. But their hybridization,
when properly done, may allow the merging of their strong
points in a complementary manner. For instance, it is well
known that the direct application of exact methods is only
possible for limited-sized instances. However, the size and
complexity of the optimization problems faced nowadays
has increased a lot, demanding for the development of new
methods and solutions that can find acceptable results within
a reasonable amount of time.

In [12–14], WSN problems were explored regarding the
heterogeneity of the phenomena. This model however suffers
a shortage of variables due to the increase of complexity as
many matrices had gained one more dimension.

In this regard, it has become ever more evident that a
skilled combination of concepts stemming from different
metaheuristics can be a very promising strategy that one
should resort to when having to deal with complicated
optimization tasks. The hybridization of metaheuristics with
other operations research techniques has been shown great
appeal as well, as they typically represent complementary
perspectives over the problem solving process as a whole.
In general, the label of “hybrid metaheuristics” has referred
to combinations of components coming from different
metaheuristics and from more conventional exact methods
into a unique optimization framework by [15–17].

In this context, a hybrid methodology has been recently
introduced in the literature by [14, 18–23], trying to
push forward the boundaries that limit the application
of an exact method through the decomposition of the
original problem into two conceptual levels. According to
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Figure 1: The hybrid framework under investigation.

the framework underlying this approximate methodology
(see Figure 1), the exact method (encapsulated in the solver
of reduced instances (SRIs) component) works no more
with the original problem, but with reduced instances (i.e.,
subproblems) of it that still preserve its conceptual structure.
By this means, an optimal solution to a given subproblem
will also be a feasible solution to the original problem. On the
other hand, the metaheuristics component of the framework
works on a complementary optimization problem, that is,
the design of reduced instances of the original problem
formulated as mathematical programming (namely, integer
linear programming (ILP) models). It is referred to as the
generator of reduced instances (GRIs), whose goal is to
determine the subset of points of the reducible structure
that could derive the best subproblem instance, that is, the
subproblem which, when submitted to the SRI, would bring
about the feasible solution with the highest possible objective
function value. In this scenario, the objective function values
of the solutions that could be realized by the solver are used as
figure of merit (fitness) of their associated subproblems, thus
guiding the metaheuristics search process. The interaction
between GRI and SRI is iterative and repeats until a given
stopping condition is satisfied.

So far, the metaheuristics chosen to implement the
generator of reduced instances has been a genetic algorithm
(GA) as explained by [24]. This option is due mainly to
the good levels of flexibility and adaptability exhibited by
the class of evolutionary algorithms when dealing with a
wide range of optimization problems as presented by [25].
The genetic representation of the individuals (chromosomes)
follows a binary encoding that indicates which decision
variables belonging to the reducible structure will be kept in
the new subproblem to be generated. That is, those genes
having “1” as alleles define the subset of variables that
generates the reduced instance. Conversely, the exact method
is assumed to be any state-of-the-art algorithm used to solve
mixed integer-linear problems, such as Branch-and-bound
or Branch-and-cut described in [26]. Usually, the solver
libraries available incorporate sets of strategies, heuristics,
and problem reduction techniques that complement the
main exact method and enhance its performance.



International Journal of Distributed Sensor Networks 5

According to the classification proposed in [27], the
methodology falls into the category of integrative combina-
tions. The quality of the solutions to the instances generated
by the metaheuristic is determined when the subproblems
are solved by the exact method, and the best solution
obtained throughout the whole metaheuristic process is
deemed to be the final solution to the original problem.

Although showing remarkable levels of performance for
some case problems studied in the realm of cutting and
packing problems in [14, 18–21], the original version of
the aforementioned hybrid methodology has drawbacks,
some of which are circumvented with the adoption of the
mechanisms discussed here. Other impacting factor that
must be noticed is that the original version addressed only
the cutting and packing problem class. One consequence of
this particularity is that it requires some changes in order to
be adapted to new optimization problem classes, described
as follows in Section 5.

5. Improvements for the Dynamic
Coverage and Connectivity in Wireless
Sensor Network Problem

Adopting the base hybrid methodology to be suitable for
a totally different class of problem is a challenge. Even the
direction of optimization is opposite and requires chang-
ing since genetic algorithms natively maximize, while this
problem is a minimization one. Although this issue is easy
to solve, it shows how distinct problem classes can be even
right in the beginning. A drawback that has limited the
effectiveness of the base hybrid methodology as presented
in Section 3 relates to its propensity for bringing about an
uncontrolled density explosion over the individuals (i.e.,
reduced instances of the original problem) produced by
the GRI. We define “density of an individual” as the ratio
between the number of genes having “1” as alleles (referred
to as activated) and its total length. The fact is that an increase
in density tends to generate subproblems more closer to
the original problem, thus possibly yielding better solutions.
This situation can be better pictured as if having some sort of
an “attractor” pushing the overall population density up as
the GRI (GA) evolves. Although expected, this phenomenon
may have an undesirable side effect if it occurs prematurely.
This is because, usually, high densities imply higher complex-
ity to be dealt with by the SRI, which indirectly affects the
search process conducted by the GRI as the time spent in each
generation tends to become progressively higher. This may
cause a drastic limitation to the number of search iterations
performed by the SRI, hindering both the effectiveness and
efficiency of the whole optimization.

Other undesirable characteristic of the original version
of this methodology is that its binary chromosome encoding
can be prohibitively long, depending on the chosen reducible
matrix. Long chromosomes can lead to problems.

5.1. Spread Sensor Heuristic in Population Initialization. The
first initial population generation strategy is a randomized
one. Due to the evolutionary nature of genetic algorithm

Figure 2: Maximizing coverage.

(GA), the start point should not necessarily be a good one.
And this was the case.

However, there is a trend that sensor nodes that are sel-
ected to participate in a subproblem are too close to each
other by comparing their coverage radii. Overlapping of cov-
erage is desirable until a certain point because it provides
diversity of choices and network reliability. But keeping
sensor nodes too close can lead to a concentration of coverage
in the most central part of the observation area and possibly
leaving some peripheral areas uncovered. The configuration
that maximizes the coverage area ratio (covered area divided
by total area) with a minimum number of sensors is that
where the distances between two neighbor sensor nodes are
equal to two times the coverage radius (Figure 2).

The key parameter to provide good balance between
reliability and the number of sensor nodes is the density. This
density can be determined by the network designer based
upon the requirements of the specific application. But due
to irregular activation and deactivation of sensor nodes, this
density tends to be not so homogeneous along the observa-
tion area. As a side effect, this model tries to distribute this
density more homogeneously because this is the configura-
tion where the uncovered points penalize less and the num-
ber of active sensors spending energy is reduced, minimizing
the objective function.

The idea of the spread sensors heuristic is to provide a
good starting point to the GA in order to reduce the time
spent in the initial phase of the evolution process. It is based
on the selection of sensor nodes spread along the observation
area which are encoded in the chromosomes of the initial
population. This heuristic criterion of sensor node selection
causes the density to be more regular.

There is a risk of decreasing the genetic diversity and even
of causing some genetic drift when a deterministic algorithm
is used to create individuals within an initial population.

To avoid this possible drawback, some sort of stochastic
behavior was maintained. The algorithm is described as
follows.
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Table 1: Part of a chromosome with binary encoding.

0 0 1 0 1 0 0 0 0 0 1 0 0 0 0 1 0 1 0 0 · · ·
1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 · · ·

Table 2: Part of a chromosome with the new compact encoding.

3 5 11 16 2 5 10 13 4 8 9 15 1 7 · · ·

The population is divided into two classes of individuals:
the random and the heuristic.

A parameter controls the probability of each individual
being generated by the heuristic approach. The others are
created by the standard random procedure. The heuristic
starts picking a random sensor node for the first gene.

Each other sensor node is selected as having the largest of
the smallest distance from other previously selected sensor
nodes. This procedure is repeated for each group of genes
that represents the set of sensor nodes of each time interval.

5.2. Compact Chromosome Encoding. According to [24], the
right representation of the individuals is one of the most di-
fficult parts of designing a good evolutionary algorithm.

The binary chromosome encoding was used in the ori-
ginal version of the hybrid methodology. Each gene repre-
sents the inclusion of the equivalent element of the reduci-
ble structure that will be considered in the generation of the
new subproblem. It is well suited for the cutting and packing
problem class for which the methodology was designed.
This type of chromosome encoding however is not appro-
priate for other problem domains like the one treated in
this work. It would generate too large chromosomes (i.e.,
10 times intervals × 36 sensors). Table 1 shows a possi-
ble chromosome with the binary encoding. Each color repre-
sents a set of 16 genes associated to its respective sensors of
the each time interval.

The proposed new encoding (Table 2) [18] represents
the integer indexes of the sensors that must be taken in the
subproblem generation. So there is no need of representing
all sensors. Only a small amount of sensors has to be con-
sidered and the length of this chromosome can be down to
17% of the binary encoding one. In the original version of
the hybrid methodology, the density rise was a problem as
described in Section 4. The first resource created to avoid
this undesirable effect was the density control operator that
effectively accomplished its goal and is expected to be pub-
lished soon. Here, the issue is solved with a much more
controlled expedient: constant density.

This new compact chromosome encoding has a side
effect of turning the density constant, since the ratio of sen-
sors considered in the subproblem and the total number of
sensors is always fixed. Now the solver can work in its best
range of operation, balancing efficiency and effectiveness.

6. Computational Results

The dynamic coverage and connectivity in wireless sensor
networks problem is a very different problem class than
the cutting and packing class used in the original version.
This means a good opportunity to motivate changes in
the Generate and Solve methodology towards flexibility.
Moreover, the publication of some papers related to this
subject [28] brought a good understanding about how to give
new contributions to this area and present better solutions.

Experiments were made for the dynamic coverage and
connectivity in wireless sensor networks problem using the
mentioned hybrid methodology.

It follows most premises of Section 2. The grid sensor
placement was used for simplicity sake because the random
scenario did not present significant variation of the problem
complexity which is the main concern of these experiments.
The machine used on this test was an Intel Core 2 Quad
64 bits with 8 GB of RAM machine with openSUSE Linux
11.0 64 bits. As integer linear programming (ILP) solver, the
IlogCplex 10.1 dynamic library [29] was used attached to the
Java program implementation of the methodology. The pure
integer linear Programming approach is a particular case of
the methodology and is obtained by a proper parameter set
in a XML script.

Table 3 presents the comparison of hybrid methodology
(HM) and integer linear programming (ILP) approaches. In
these experiments, the demand points are disposed in a grid.
Due to the stochastically nature of the HM, it is presented the
average and standard deviation of results found in a batch of
10 problem instances. The notation used here is the average
value followed by the ± sign and the standard deviation
value.

In [30, 31], are conceived their computational experi-
ments to produce WSNs with the minimum energy con-
sumption as possible, while maintaining the coverage and
connectivity constraints. The gain obtained in their paper is
calculated by the comparison of the minimum set of sensors
that have to be active and the waste of energy caused by the
activation of all sensors with high coverage overlapping in a
high-density configuration [1].

This idea seems coherent at first glance since energy waste
reduction is often desirable. However, this point of view
distorts the actual need of an WSN that stands in a place
where it is infeasible to change the batteries: extend its life-
time as far as possible.

The objective function is composed of two parts. The
summation of electrical charge consumption in all sensor
nodes and the penalties. The penalties are an artifact that
allow uncovered demand points giving flexibility to the
model, but at the same time avoid the unnecessary use of this
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Table 3: Simulation results for demand point in grid com ILP.

Hybrid methodology Hybrid methodology Integer linear programming

Time intervals 6 10 10

Demand points 400 400 400

Sensor nodes 36 36 16

Sinks 1 1 1

Time (minutes) 151.78 ± 14.61 189.80 ± 61.01 298.55

Time for first final solution 79.84 ± 54.65 104.14 ± 75.06 298.55

Uncovered demand points (%) 0.93 ± 0.39 2.35 ± 0.54 0.33

Real objective 22,223.27 ± 2,614.63 33,374.04 ± 2,389.76 26,665.91

Table 4: Simulation results for demand point in aleatory positions.

Hybrid methodology Hybrid methodology

Time intervals 6 10

Demand points 400 400

Sensor nodes 36 36

Sinks 1 1

Time (minutes) 146.77 ± 32.45 366.28 ± 13.54

Time for first final solution 91.55 ± 47.14 196.05 ± 78.30

Uncovered demand points (%) 1.56 ± 0.61 2.10 ± 0.53

Real objective 20,472.51 ± 4,135.35 32,522.51 ± 2,628.33

resource. Thus, the real objective is calculated by subtracting
the artificial coverage penalties of the objective function or
just calculating the first part (summation) of the objective
expression.

Table 4 shows the results of similar experiments. How-
ever, this time the demand points are spread randomly
through the sensed area.

The real purpose of this model is to extend the WSN
lifetime as far as possible, preserving the WSN cost. So,
lower electrical charge consumption is not necessarily an
important issue if it does not reflect in more time slots. The
number of time slots multiplied by the duration of each time
slot represents this WSN lifetime.

Given this explanation it is reasonable to say that both
solutions found by hybrid methodology (HM) and integer
linear programming are equivalent in effectiveness. However,
the HM approach can handle an amount of sensors 325%
times larger, extending the working range of this application.

The only drawback here is the uncovered demand point
rate, which is worse than ILP value. Despite this small
imperfection of 2.35%, many real applications tolerate some
lack of coverage by the nature of the observed phenomenon
and other aspects. However, these uncovered demand points
are often situated at the periphery of the observed area. The
coverage radius does not reflect necessarily a sharp threshold
of sensing.

Figure 3 shows the evolution of the best individual fitness
in plain line and population fitness average in line with
points as well.

Figures 4, 5, 6, 7, 8, 9, 10, 11, 12, and 13 are graphical
representations of 10 time slots of a solution example. It
shows the active sensor nodes, their coverage radii, the
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Figure 3: Best individual and population average evolution.

covered and uncovered demand points, and the routes from
sensor nodes to the sink in the center.

7. Conclusion and Future Works

This hybrid methodology is not only suitable for solving
complex instances in the domain of cutting and packing pro-
blems, but also can be adapted to tackle other problem classes
like WSN as shown here. The key point in this adaptation is
finding the best or at least a good reducible structure. This



8 International Journal of Distributed Sensor Networks

S0

S6

S12

S18

S24

S30 S31 S32 S33 S34 S35

S29

S23

S17S16

S22

S28S27

S21

S15

S20S19

S13 S14

S25 S26

S1

S7

S3 S4 S5

S11S10S9S8

S2

Sink0

Figure 4

Sink0

S0

S6

S12

S18

S24

S30 S31 S32 S33 S34 S35

S29

S23

S17S16

S22

S28S27

S21

S15

S20S19

S13 S14

S25 S26

S1

S7

S3 S4 S5

S11S10S9S8

S2

Figure 5

analysis is very linked to the chromosome encoding choice
as it represents a tradeoff between subproblem complexity
range width and chromosome size. A good reducible struc-
ture allows a wide range of subproblem complexity from very
light and fast subproblems to the actual real problem. On
the other hand, the reducible matrix size affects the chromo-
some size and a large chromosome size reduces the GA effe-
ctiveness.

In this problem, a good reducible structure was found,
but it is much larger than the ones found in the cutting
and packing problem instance. That is the reason why a new
chromosome encoding was developed. This new encoding
makes the matrix choice viable. The use of integer linear
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programming approach is limited to a certain level of
complexity that sometimes is not enough for a real size
network (Table 3).

The results found are far better than reference literature
and leave opportunities of future enhancements as new sup-
plementary algorithms and heuristics aggregated to this
methodology. In [32] is implemented a hybrid methodology
using genetic algorithm to deal with dynamic coverage
and connectivity heterogeneous wireless sensor network.
The difference between the homogeneous, addressed in this
paper, and the heterogeneous, is the last one that has the cap-
acity to deal with different phenomena independently, giv-
ing different sample data and sensed range for each phe-
nomenon. This implies in a different way to treat the net-
work’s transmission data. Although it does not implement
any density explosion control, good solutions are found in
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feasible execution time for wireless sensor network that could
not be possible if only ILP was applied.

Another promising line of investigation involves the
design and implementation of parallel/distributed versions
of the framework, by means of which several GRIs (generator
of reduced instances) and SRIs (solver of reduced instances)
instances could run concurrently, each one configured to
explore different aspects of the optimization problem at
hand. The use of insular GA can bring more diversity and
possibilities, resulting in effectiveness enhancement. Also,
other metaheuristics such as particle swarm could be experi-
mented replacing or working cooperatively with GA.

Sink0

S0

S6

S12

S18

S24

S30 S31 S32 S33 S34 S35

S29

S23

S17S16

S22

S28S27

S21

S15

S20S19

S13 S14

S25 S26

S1

S7

S3 S4 S5

S11S10S9S8

S2

Figure 10

Sink0

S0

S6

S12

S18

S24

S30 S31 S32 S33 S34 S35

S29

S23

S17S16

S22

S28S27

S21

S15

S20S19

S13 S14

S25 S26

S1

S7

S3 S4 S5

S11S10S9S8

S2

Figure 11

Abbreviations

S: Set of sensors
D: Set of demand points
M: Set of sinks
T : Set of n scheduling periods
ADij : Set of arcs i j, i ∈ S, j ∈ D that link sensors to

demand points
Aij : Set of arcs i j, i ∈ S, j ∈ S∪M that

interconnect sensors
EBi: Accumulated battery charge for sensor i ∈ S
EAi: Electrical charge dissipated while activating

sensor i ∈ S
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EMi: Electrical charge dissipated while sensor
i ∈ S is activated (effectively sensing)

ETij : Energy dissipated when transmitting data
from sensor i ∈ S to sensor j ∈ S. Such
valuescan be different for each arc i j if a
sensor can have its transmitter power
adjusted based on the distance to the
destination sensor

ERI : Energy expended in the reception of data
for sensor i ∈ S

EH : Penalty applied when a demand point in
any time interval is not covered by any
sensor

xti j : If sensor i covers demand point j ∈ D in
period t ∈ T

ztli j : If arc i j belongs to the route from sensor
l ∈ S to a sink in period t ∈ T

wt
l : If sensor i was activated in period t for at

least one phenomenon
yti : If sensor i is activated in period t
htj : If demand point j is not covered by any

sensor in period t
ei: Electrical charge consumed by

sensor i considering all time periods.
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We address the modeling and design of linear network coding (LNC) for reliable communication against multiple failures in wireless
sensor networks (WSNs). To fulfill the objective, we design a deterministic LNC scheme RDLC based on the average number of path
failures simultaneously happening in the network other than the maximum number of path failures. The scheme can significantly
improve the network throughput comparing with the traditional approaches. In our study, we also investigate the potential of
random linear code RRLC for providing reliable communication in WSNs and prove the low bound of the probability that the
RRLC can provide the reliable communication. Finally, extensive simulation experiments have been conducted, and the results
demonstrate the effectiveness of the proposed LNC schemes.

1. Introduction

In recent years, wireless sensor network (WSN) has attracted
significant attention for future generations of wireless appli-
cations in industry, agriculture, and military [1–5]. Despite
its salient potentials, there are still many challenges to be
addressed. In this paper, we will investigate how to pro-
vide reliable data transmissions in WSNs, which is very chal-
lenging because not only the wireless medium is vulnerable
to severe channel fading and interference but also the sensor
node always faces to energy exhaustion and physical damage.

Clearly, how to provide reliable communication in WSNs
can be studied from multiple layers, including the physical
layer and the MAC layer [6–9]. In this work, we will focus
on the network layer and transport layer. Particularly, we
will study how to provide reliable communication in WSNs
against loss of data packets.

To provide reliable communication against node or link
failures, there are two kinds of traditional approaches [10]:
the proactive recovery and the reactive recovery, which aim at
recovering the data transmission when node or link failures
happen. The proactive recovery approaches can recover data
transmission immediately when a link or node failure occurs,

because it reserves the bandwidth (in backup paths) between
the source node and the destination node in advance and
the data flow is simultaneously transmitted on both primary
paths and backup paths. On the other hand, the proactive
recovery approaches do not provide any immediate recovery
in advance. When the failure occurs on the routing paths
of the data flow, the affected flow will be retransmitted to
the destination by using available bandwidth in the network.
Therefore, although the proactive recovery approaches can
recover data transmission immediately when the link or node
failures happen, network resources (e.g., bandwidth on the
backup paths) are wasted when no failure happens. For the
proactive recovery approaches, although network resources
are used efficiently (no network resource is reserved in
advance), the procedure of transferring the data traffic from
the failed paths to the new routing paths incurs a con-
siderable delay to data communications.

Following its success in maximizing network throughput
[11–15], linear network coding (LNC) has recently been
shown to be a promising approach that can achieve reliable
communication with much better efficiency, because it can
be used to provide protection in a proactive manner with
the bandwidth cost in a reactive manner [16–20]. LNC has
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been first introduced by Kamal [16, 19] to provide 100% pro-
tection against single link failures in optical network.
Recently, the design of reliable communication based on
LNC has attracted an increasing amount of attention in opti-
cal networks [16], wireless networks [18], and hybrid wire-
less-optical access networks [20], respectively. However, in
these studies, the LNC scheme, which can generate large
number of linear combinations of original data packets to
provide reliable communication when link or node failures
happen, is designed according to the maximum number of
failures ( fmax, i.e., the worst case) happening simultaneously.
In this case, with such LNC schemes, the destination can
receive sufficient coded data packets and recover the original
data packets, as long as the number of failures happening
simultaneously is no more than fmax. However, the number
of failures happening simultaneously in WSNs varies at
different times in practice. When the number of failures
happening simultaneously in the network is less than fmax,
the network throughput decreases because the capacity of the
WSN is wasted by the redundant coded data packets trans-
mitted in the WSN.

Therefore, our key idea is to increase the number of
original data packets transmitted and recovered in the trans-
mission rounds with large number of failures happening
simultaneously, by utilizing the redundant coded data pack-
ets transmitted in the transmission rounds with fewer fail-
ures happening simultaneously in the network to improve
the network throughput.

Figure 1 gives an example to compare the network
throughput that can be achieved by LNC scheme based on
the maximum number of failures fmax and the LNC scheme
based on the average number of failures fexp (denoted in
Section 2.1). Specifically, in the WSN, there are 4 edge-
disjoint paths between the source S and the destination (sink)
D. Suppose that fmax = 2 and fexp = 1. Without loss of ge-
nerality, we assume that 2 path failures happen in time slot 1
and no failure happens in time slot 2. Different LNC schemes
are shown in Figures 1(a) and 1(b), in which the notation
“S1 : x1 + x2” on a link denotes the link is used to transmit
a coded symbol x1 + x2 at time slot 1. Moreover, for LNC
schemes shown in both Figures 1(a) and 1(b), the coded data
packets transmitted on the links belonging to the same path
are same in given time slot.

Since the fmax = 2, in Figure 1(a), the LNC scheme
designed based on fmax can ensure that the destination
can decode and recover even if 2 path failures happen.
However, no failure happens in time slot 2, which decreases
the network throughput because the capacity of the WSN
is wasted by the redundant coded data packets transmitted
in time slot 2. On the other hand, in Figure 1(b), the LNC
scheme was designed based on fexp, in which part of origi-
nal data packets sent previously is still encoded into the fol-
lowing time slots. In this case, the network throughput can
be improved by utilizing the redundant coded data packets
transmitted in time slot 2. Specifically, with different LNC
schemes, the sink can recover 4 original data packets in 2 time
slots (i.e., the achieved network throughput is 2) in the case
shown in Figure 1(a), while the sink can recover 6 original
data packets in 2 time slots (i.e., the achieved network

Sink

Source

S1: x2

S2: y2

S1: x1

S2: y1

S1: x1 + x2

S2: y1 + y2

S1: x1 + 2x2

S2: y1 + 2y2

(a) The LNC scheme based on the maximum
number of failures

Sink

Source

S1: x1 + 2x3

S2: x1 + 2x2 + 3x3

S1: x1

S2: y1

S1: x1 + x2

S2: y1 + y2

S1: x1 + x2 + x3

S2: y1 + y2 + y3

(b) The LNC scheme based on the average number of
failures

Figure 1: Reliable communication using LNC: an example.

throughput is 3) in the case shown in Figure 1(b). Obviously,
the LNC scheme based on the average number of path fail-
ures can significantly improve the network throughput.

In this paper, we will design an efficient LNC scheme
based on the average number of path failures, to provide
reliable communication in WSNs. It must be noted that our
study in this paper is different to our previous work in [21],
where we have investigated the LNC design for providing
N + k protection in the wireless mesh networks. Specifically,
as we can see from the rest of the paper, the main differences
include the following.

Firstly, different LNC designs are given to provide
reliable communication in this paper. The deterministic LNC
scheme proposed in Section 3 achieves the network through-
put N = L − � fexp� (L denotes the number of edge-disjoint
paths between the source and the destination and fexp is
the expected number of path failures per time slot), while
the LNC scheme proposed in [21] does not ensure that the
network throughput can achieve N = L − � fexp�. Therefore,
the deterministic LNC scheme proposed in this paper can
achieve higher network throughput than our previous work
in [21]. Moreover, in this paper, we also investigate the poten-
tial of standard random LNC to thwart path failures in WSNs
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and analyze the lower bound of the probability that a random
LNC can provide reliable communication. On the other
hand, the work in [21] only considered the deterministic
LNC design.

Secondly, comparing with the work in [21], we not only
give the theoretical design of deterministic LNC scheme and
random LNC scheme but also conduct considerable simula-
tions with four parameters to demonstrate the effectiveness
of the proposed LNC schemes, from view of both network
throughput and recovery delay. We also show the impact of
the size of finite field on the performance of the proposed
random LNC schemes, which is not investigated in [21].

The rest of the paper is organized as follows. Section 2
describes the system models and problem description. In
Section 3, we design a deterministic LNC scheme to provide
reliable communication in WSNs and give the theoretically
analysis to show the achieved network throughput. The ana-
lysis of the usage of random LNC to realize reliable commu-
nication in WSNs is shown in Section 4. Simulation results
are given in Section 5. Finally, we conclude the paper in
Section 6.

2. Reliable Communication against
Multiple Failures in WSNs Based on LNC

In this section, we will describe the problem studied in this
paper. Specifically, we first introduce the network model. We
then give the description of the reliable communication pro-
blem.

2.1. The Network Model. In this paper, we consider a multi-
hop wireless sensor network as a directed acyclic graph G =
(V ,E), where V is the set of sensor nodes and E is the set
of edges. We assume that each edge in G has the same unit
capacity. Note that the capacity of different edges can be
different in practice. However, we can always convert an edge
with a certain capacity C (a nature number) data units to C
edges with unit capacity. Suppose that all data packets have
the same unit size. There are one source S, one destination D
and L edge-disjoint paths between them. We assume that it
will cost one time slot that the source sends L coded packets
through L edge-disjoint paths and gets the feedback from the
destination.

Although the wireless medium is vulnerable and the sen-
sor node always faces energy exhaustion and physical dam-
age, LNC can be designed to tolerate the link or node fail-
ures and provide reliable communications in WSNs. Specif-
ically, L coded data packets are generated at the source node
by linearly combining original data packets and transmitted
through L edge-disjoint paths in each time slot. Since there
will be different number of edge-disjoint paths failing simu-
ltaneously in different transmission rounds, we denote pi as
the probability that i edge-disjoint paths are failed simu-
ltaneously, where 1 ≤ i ≤ L. Therefore, fexp = ∑L

i=1 ipi
is the expected number of path failures per time slot. Let
N = L− � fexp�.

Suppose that the data stream arrive rate is N data packets
per time slot; the data packets arrived are firstly buffered at

the source S, waiting for encoding and transmission towards
the destination D. We will design an LNC scheme to protect
the data stream with arrive rate N .

2.2. The LNC Scheme. In practical LNC schemes, the source
node first divides the whole file into fix-size original packets.
Then, the coded packets can be generated by encoding the
original packets together. Moreover, each coded packet in the
network corresponds to an encoding vector, which consists
of the coding coefficients that it is produced with respect
to the set of original packets. When the destination node
received sufficient coded packets, it can decode and recover
the original packets according to their encoding vectors.

Due to the limited computational capability of the sensor
nodes in WSNs, we assume that the intermediate sensor
nodes simply store and forward encoding packets. Such
assumption is practical because coding operations require
extra computation capability which imposes the processing
overheads and may slow down the switching speed.

2.3. Problem Description. To improve the network through-
put, we design the LNC schemes based on the expected
number of path failures per time slot ( fexp). However, since
the number of path failures may exceed fexp in some time
slots, which may cause that the destination cannot decode
the received coded data packets, it is desirable to utilize the
redundant coded data packets transmitted in the transmis-
sion rounds with fewer failures (<fexp) to improve the net-
work throughput.

Therefore, in this paper, we aim to design an LNC scheme
providing reliable communication in WSNs to achieve net-
work throughputN = L−� fexp�, in which fexp is the expected
number of path failures per time slot. We will show in the rest
of the paper that the original data packets can be recovered
by the destination and the network throughput N can be
achieved, if only the average number of failures is no more
than fexp.

2.4. Notations. To facilitate further discussions, we summa-
rize main notations to be used throughout the rest of the
paper in Table 1. We also denote the L × iN dimensional
matrix Λi as follows:

Λi =

⎛

⎜
⎜
⎜
⎜
⎜
⎜
⎜
⎜
⎝

1 λ(i−1)L+1 λ2
(i−1)L+1 · · · λi∗N−1

(i−1)L+1

1 λ(i−1)L+2 λ2
(i−1)L+2 · · · λi∗N−1

(i−1)L+2

· · ·
1 λiL λ2

iL · · · λi∗N−1
iL

⎞

⎟
⎟
⎟
⎟
⎟
⎟
⎟
⎟
⎠

, (1)

where λi1 /= λi2 , for all i1 /= i2.

3. Reliable Communication Using
Deterministic Linear Network Coding

In this section, we provide a deterministic LNC scheme to
provide reliable communication (RDLC) for multiple fail-
ures in WSNs.

We assume that a buffer exists in the source to buffer the
newly arrived data packets and parts of original data packets
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Table 1

Symbol Definition

Bold font Vectors, matrixes

Normal font A normal number

Fq
A finite field of size q, over which the LNC is
defined

{B} ji A set of vector composed by ith to jth row vectors of
matrix B

[B]m,n
i, j

A matrix composed by the ith to jth row and mth to
nth column of matrix B

[B]i The ith row vector of matrix B

[B]i, j
The matrix composed by the ith to jth row vectors
of matrix B

[V]
The matrix formed by vectors in the set V as its
rows

Rank (B) The rank of a matrix B

mi, j
The jth, j ≤ N original data packet arrived at time
slot i

Mi
N original data packets Mi = {mi,1, . . . , mi,N}
arrived at time slot i

L
The number of edge-disjoint paths between the
source and the destination

0m×n A m× n dimensional zero matrix

N
N = L− � fexp�, in which fexp is the expected
number of path failures per time slot

Span (·) Linear span of a set of row vectors of a matrix

Dim (·) Dimension of a linear space

P(A) The probability that condition A is satisfied

arrived previously. We also assume that the destination has a
buffer to buffer the coded data packets which have not been
decoded. At the end of each time slot, the destination sends
an acknowledgment to the source in order to report the num-
ber of coded data packets received in this time slot. Then,
according to the number of coded data packets received
by the destination in the previously time slots, the source
first removes some original data packets arrived perviously
in its buffer and then generates L new coded data packets
by encoding the original data packets arrived previously
and the newly arrived data packets together. After that, the
source sends the L new coded data packets to the destina-
tion. At the end of time slot t, for all t ≥ 1, if the destination
has totally received no less tN coded data packet, it can
decode and recover the tN original data packets, clear its buf-
fer and send an acknowledgment to notify the source that all
the received coded data packets are decoded.

We denote the N original packets arrived at time slot t as
Mt = {mt,1, . . . , mt,N}. The details of RDLC scheme is shown
in Algorithms 1 and 2.

Suppose that ct denotes the number of coded data packets
received by the destination at the end of time slot t; we have
ct ≤ L, for all t > 0. Let

T = min
t:t>0

⎧
⎨

⎩
t |

t∑

i=1

ci ≥ tN

⎫
⎬

⎭
. (2)

Next, we will prove that the destination can decode and
recover the TN original data packets once it receives no less
than TN coded data packets.

Lemma 1. When T = 1, the destination can decode and
recover the N original data packets.

Proof. When T = 1, the destination can receive c1 ≥ N coded
data packets. The global encoding vector of each coded data
packets is one row vector in the matrix Λ1. According to the
matrix Λ1, any N rows can construct a square N ×N dimen-
sional Vandermonde matrix. Since λi /= λj , for all i /= j, the
determinant of the N×N dimensional Vandermonde matrix
is not equal to 0. Hence, the destination receives N coded
data packets with N linearly independent global encod-
ing vectors. Therefore, the destination can decode and
recover the N original data packets.

Lemma 2. When T = 2, the destination can decode and
recover the 2N original data packets.

Proof. When T = 2, the destination receives no less than 2N
coded data packets. We suppose that it receives c1 coded data
packets in time slot 1. Without loss of generality, let these
coded data packets be [Λ1]1,N

1,c1
[M1]. Since the destination

receives no less than 2N coded data packets we can select
2N − c1 coded data packets received by the destination in
time slot 2. Without loss of generality, let these coded data

packets be [0c2×c1 [Λ2]1,2N−c1
1,c2

]
[

[M1]
[M2]

]
. Therefore, the matrix

Y2 composed by global encoding vectors of the coded packets
as its rows can be represented by

Y2 =
⎡

⎢
⎣

[Λ1]1,c1
1,c1

[Λ1]c1+1,N
1,c1

0

0 [Λ2]1,N−c1
1,2N−c1

[Λ2]N−c1+1,2N−c1
1,2N−c1

⎤

⎥
⎦. (3)

Next, we will prove that Rank(Y2) = 2N . If c1 = 0, then c1 +
c2 = c2 ≥ 2N . We have det(Y2) = det([Λ2]1,2N

1,2N ) /= 0 because

[Λ2]1,2N
1,2N is a 2N × 2N dimensional Vandermonde matrix.

Otherwise, if c1 > 0, obviously, the block matrix [Λ1]1,c1
1,c1

in
the left upper corner of the matrix Y2 is c1 × c1 dimensional
and has full rank. Therefore, each column vector in [Λ1]c1+1,N

1,c1

can be written as a linear combination of the column vectors
in [Λ1]1,c1

1,c1
. Since the (2N− c1)× c1 dimensional block matrix

in the left lower corner of the matrix Y2 is zero matrix, the
matrix Y2 can be transformed to be matrix Y′2 by column
transformation:

Y′2 =
[

[Λ1]1,c1
1,c1

0 0
0 [Λ2]1,N−c1

1,2N−c1
[Λ2]N−c1+1,2N−c1

1,2N−c1

]

=
[

[Λ1]1,c1
1,c1

0
0 [Λ2]1,2N−c1

1,2N−c1

]

,

(4)

and det(Y2) = det(Y′2).
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At time slot t:
N original data packets Mt = {mt,1, . . . , mt,N} are arrived and stored into its buffer;
if t = 1 then

Generate L coded packets: Λ1[M1] and send them to the destination through
L edge-disjoint paths;

end if
if t > 1 then

Receives ACK(ct−1) from the destination;
if ct−1 = −1 then

Clear the buffer, set t = 1 and get ready for a new transmission round;
else

Remove the ct−1 earliest arrived data packets in the buffer;
Generate L coded data packets:
⎡

⎢
⎣

m′
t,1

...
m′

t,L

⎤

⎥
⎦ = [0L×∑t−1

i=1 ci
[Λt]

1,tN−∑t−1
i=1 ci

1,L ]

⎡

⎣

[M1]

...
[Mt]

⎤

⎦

Send each coded packet m′
t,i with encoding vector

vt,i = [0L×∑t−1
i=1 ci

[Λt]
1,tN−∑t−1

i=1 ci
1,L ]

i
through path i to the receiver,∀i ∈ {1, . . . ,L};

end if
end if

Algorithm 1: Encoding at the source.

At time slot t:
Received ct coded data packet in time slot t;
If
∑t

i=1 ci ≥ tN then
Extend each received encoding vector vi, j to its corresponding global encoding

vector v′i, j with length tN by adding (t − i)N zeros, i.e., v′i, j = [vi, j 01×(t−i)N ];
Suppose that the matrix YT is composed by the global encoding vectors of the

received TN coded packets as its rows and the matrix M′ is composed by corresponding
coded packets as its rows;

Decode and recover the tN original data packets as follows:
⎡

⎣

[M1]

...
[Mt]

⎤

⎦ = Y−1
T M′;

Clear the its buffer and send a ACK(−1) to the source;
else

Store the ct coded data packet to its buffer;
Send a ACK(ct) to the source;

end if

Algorithm 2: Decoding at the destination.

We have

det(Y2) = det

([
[Λ1]1,c1

1,c1
0

0 [Λ2]1,2N−c1
1,2N−c1

])

= det
(

[Λ1]1,c1
1,c1

)
det
(

[Λ2]1,2N−c1
1,2N−c1

)
.

(5)

Since the block matrix [Λ1]1,c1
1,c1

is a c1 × c1 dimensional

Vandermonde matrix, [Λ2]1,2N−c1
1,2N−c1

is a (2N − c1)× (2N − c1)
dimensional Vandermonde matrix and xi /= xj , for all i /= j,

we have det([Λ1]1,c1
1,c1

) /= 0 and det([Λ2]1,2N−c1
1,2N−c1

) /= 0.
Therefore, we have det(Y2) /= 0, which indicates that

Rank(Y2) = 2N , that is, when i = 2, the destination can
decode and recover the original data packets if it receives no
less than 2N coded data packets.

Theorem 3. The destination can decode and recover the TN
original data packets as long as it totally receives no less than
TN coded data packets at the end of T time slots.

Proof . According to Lemmas 1 and 2, the theorem holds
when T = 1, 2. When T = t + 1, t > 1, it means that
∑ j

i=1 ci < jN , for all j ≤ t and
∑t+1

i=1 ci ≥ (t + 1)N . When
∑t+1

i=1 ci = (t+ 1)N , that is, cT = TN −∑t
i=1 ci, without loss of

generality, let these coded data packets be

[
0ct×
∑t−1

i=1 ci
[Λt]

1,tN−∑t−1
i=1

1,ct

]

⎡

⎢
⎢
⎣

[M1]
...

[Mt]

⎤

⎥
⎥
⎦. (6)
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The matrix YT composed by the global encoding vectors of
these TN coded packets as its rows can be represented by

⎡

⎢
⎢
⎢
⎢
⎢
⎣

[Λ1]1,c1
1,c1

∗ · · · ∗ ∗
0 [Λ2]1,c2

1,c2
· · · ∗ ∗
· · · . . .

0 0 · · · 0 [ΛT]
1,(t+1)N−∑t

i=1 ci
1,cT

⎤

⎥
⎥
⎥
⎥
⎥
⎦
. (7)

Similarly to the proof of Lemma 2, the block matrix
[Λ1]1,c1

1,c1
in the left upper corner of the above matrix is c1 ×

c1 dimensional and has full rank. Therefore, each column
vector in [YT]c1+1,TN

1,c1
can be written as a linear combination

of the column vectors in [Λ1]1,c1
1,c1

. Since the (TN − c1) × c1

dimensional block matrix in the left lower corner of the
matrix YT is zero matrix, the elements in between 1 to c1

row and c1 + 1 to TN − c1 will be transformed to zeros in
matrix YT by column transformation. And then by using the
full rank block matrix [Λ2]1,c2

1,c2
, the elements in between c1 +1

to c1 + c2 row and c1 + c2 + 1 to TN − c1 will be transformed
to zeros in matrix YT by column transformation.

By step to step column transformation, the matrix YT can
be finally transformed to be Y′T :

⎡

⎢
⎢
⎢
⎢
⎢
⎣

[Λ1]1,c1
1,c1

0 · · · 0 0
0 [Λ2]1,c2

1,c2
· · · 0 0

· · · . . .

0 0 · · · 0 [ΛT]
1,(t+1)N−∑t

i=1 ci
1,cT

⎤

⎥
⎥
⎥
⎥
⎥
⎦
. (8)

Obviously, det(Y′T) = ∏T
i=1 det([Λi]

1,ci
1,ci). Since each matrix

[Λi]
1,ci
1,ci is a square Vandermonde matrix and xi /= xj , for

all i /= j, we have det([Λi]
1,ci
1,ci) /= 0, for all i ∈ {1, . . . ,T}.

Therefore, det(Y′T) /= 0. Since the column transformation on
a matrix does not change the rank of the matrix, the matrix
YT has full rank, that is, the destination can decode and
recover TN organical packets.

When cT > TN −∑t
i=1 ci, the destination can randomly

select TN − ∑t
i=1 ci coded data packets. Together with the∑t

i=1 ci coded packets received from time slot 1 to time slot
t, the destination have TN coded packets. Similarly to the
above proof, we can have the destination that can decode and
recover TN original packets.

Corollary 4. If the average number of path failures is no more
than fexp, then the network throughput N = L− � fexp� can be
achieved.

Proof. When the average number of path failures is no more
than fexp, we have the average number of coded packets
received by the destination in each time slot is L − fexp.
Therefore, there exists a time slot T that the destination
totally receives T(L − fexp) coded data packets at the end of
T time slots. Since N = L− � fexp� < L− fexp, the destination
totally receives T(L − fexp) > TN coded data packets at
the end of T time slots. Therefore, according to Theorem 3,
we have that the destination can decode and recover the
TN original data packets, that is, the network throughput
N = L− � fexp� is achieved.

4. Reliable Communication Using
Random Linear Network Coding

In the previous section, we have discussed how to construct
linear network code at the source node in a deterministic
manner to provide the reliable communication. In practice,
random linear coding has been widely used in the literature
[15, 22], because of the simplicity of the coding scheme.
With random linear coding, random linear combinations of
the packets can be forwarded by a node, which the node
received previously, to outgoing edges. It has been proved
in pervious work that such a simple approach can obtain
valid linear codes for multicast with probability (1 − d/q)η,
where η is the number of edges with associated randomized
coefficients, q is the size of the finite field, and d is the number
of destination nodes.

In this section, we investigate the behavior of the random
linear coding, when it is applied to the reliable communi-
cation problem we discuss in this paper. The usage of such
linear code is similar to the one we discussed in Section 3.
The coding operations are only done at the source node
and destination node. The major difference is that, instead
of computing the coding matrix Yi at the source node, the
elements of L × iN dimensional coding matrix Bi for time
slot i are randomly chosen from the finite field Fq according
to the number of coded packets received by the destination
in each time slot. We referred to such random linear coding
scheme as reliable random linear coding RRLC. Since the des-
tination does not need to send an acknowledgment to notify
the source that the number of coded packets received in each
time slot, the communication overhead of RRLC, is smaller
than the RDLC. We also show that the RRLC can ensure that
the destination can recover the iN original packets when it
receives iN coded packets with high probability.

Specifically, the L coded data packets sent during time
slot i can be represented by

Bi

⎡

⎢
⎢
⎣

[M1]
...

[Mi]

⎤

⎥
⎥
⎦. (9)

Suppose that the number of coded packets received
within time slot i by the destination node d is ci, without loss
of generality, let these coded data packets be

[Bi]1,ci

⎡

⎢
⎢
⎣

[M1]
...

[Mi]

⎤

⎥
⎥
⎦. (10)

Suppose the (
∑i

w=1 cw)× (iN) dimensional matrix Bi is

⎡

⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎣

[B1]1,c1
0 0 · · · 0

[B2]1,N
1,c2

[B2]N+1,2N
1,c2

0 · · · 0

· · · . . .

[Bi]
1,N
1,ci [Bi]

N+1,2N
1,ci [Bi]

2N+1,3N
1,ci · · · [Bi]

(i−1)N+1,iN
1,ci

⎤

⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎦

.

(11)
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Therefore, the total coded packets received by the destination
node D during i time slots can be represented by

Bi

⎡

⎢
⎢
⎣

[M1]
...

[Mi]

⎤

⎥
⎥
⎦. (12)

From above theoretical analysis, the destination D can
decode and recover the set of iN original packets

⋃i
t=1 Mt,

if and only if Rank(Bi) = iN .
Next, we will give the lower bound of the probability that

the destination D can decode and recover the original packets
once it totally receives no less than iN coded packets after
time slot i.

We set
∑0

k=1 f (x) = 0 and
∏0

k=1 f (x) = 1, for all function
f (x). We first prove a lemma.

Lemma 5. If
∑i′

w=1 cw ≤ i′N , for all i′ ≤ i, the probability that
the (
∑i

w=1 cw)× (iN) dimensional matrix Bi has full rank is

i∏

w=1

∑w
k=1 ck∏

j=∑w−1
k=1 ck+1

(

1− 1
qwn− j+1

)

. (13)

Proof. Obviously, the matrix Bi has full rank, if and only if

[
Bi
]
j /∈ Span

([
Bi
]

1, j−1

)
, ∀ j ∈

⎧
⎨

⎩
1, . . . ,

i∑

w=1

cw

⎫
⎬

⎭
. (14)

We first give the theoretical analysis on the first c1

row vectors in the matrix Bi. Suppose that the first j,
( j ∈ {1, . . . , c1 − 1}) rows of Bi are selected and [Bi] j′ /∈
Span([Bi]1, j′−1), for all j′{1, . . . , j}, that is, Rank([Bi]1, j) = j,
for the j + 1th row vector of the matrix Bi, the total number
different vectors can be selected from the finite filed is qN ,
because [Bi] j+1, forall j ∈ {1, . . . , c1 − 1} that have the first
N elements randomly selected in finite filed Fq and other
elements are 0. Let σj+1 be the number of vectors which can
be selected as the j + 1th row vector of the matrix Bi such
that [Bi] j+1 /∈ Span([Bi]1, j). The total number of vectors in
Span([Bi]1, j) is q j . Therefore, if [Bi] j+1 /∈ Span([Bi]1, j), we
have σj+1 = qN − q j .

Similarly, we then give the probability that the matrix Bi

has full rank.
Suppose that the first j, ( j ∈ {∑w−1

k=1 ck + 1, . . . ,
∑w

k=1 ck −
1}) rows of Bi are selected and [Bi] j′ /∈ Span([Bi]1, j′−1),
for all j′ ∈ {1, . . . , j}, that is, Rank([Bi]1, j) = j, for the
j+1th row vector of the matrix Bi, the total number different
vectors can be selected from the finite filed which is qwN ,
because [Bi] j+1 for all j ∈ {∑w−1

k=1 ck +1, . . . ,
∑w

k=1 ck−1} have
the first wN elements randomly selected in finite filed Fq and
other elements are 0. Let σj+1 be the number of vectors which
can be selected as the j + 1th row vector of the matrix Bi such
that [Bi] j+1 /∈ Span([Bi]1, j). The total number of vectors in
Span([Bi]1, j) is q j . Therefore, if [Bi] j+1 /∈ Span([Bi]1, j), we
have σj+1 = qwN − q j .

Let σ be the number of matrix Bi that can be constructed
in the finite field which satisfies the condition shown in (14).
We have

σ =
∑i

k=1 ck∏

j=1

σj =
i∏

w=1

∑w
k=1 ck∏

j=∑w−1
k=1 ck+1

(
qwN − q j−1

)
. (15)

The total number of different matrix Bi with dimension
(
∑i

k=1 ck) × (iN) is q
∑i

k=1 kckN , because there are
∑i

k=1 kckN
elements randomly selected in finite filed Fq and other
elements are 0 in matrix Bi.

Therefore, the probability that the matrix Bi has full rank
is

σ

q
∑i

k=1 kckN
=
∏i

w=1

∏∑w
k=1 ck

j=∑w−1
k=1 ck+1

(
qwN − q j−1

)

q
∑i

k=1 kckN

=
i∏

w=1

∑w
k=1 ck∏

j=∑w−1
k=1 ck+1

(

1− 1
qwN− j+1

)

.

(16)

Theorem 6. If the total number of coded packets received by
destination d during the first i time slots is no less than iN , that
is,
∑i

w=1 cw ≥ iN and for all i′ < i,
∑i′

w=1 cw < i′N , the lower
bound of the probability that can decode and recover the set of
iN original packets

⋃i
t=1 Mt is

i∏

w=1

min(
∑w

k=1 ck ,iN)∏

j=∑w−1
k=1 ck+1

(

1− 1
qwn− j+1

)

. (17)

Proof. The destination node D can decode and recover the set
of iN original packets

⋃i
t=1 Mt, if and only if Rank(Bi) = iN .

Since
∑i

w=1 cw ≥ iN and for all i′ < i,
∑i′

w=1 cw < i′N , we
have ci ≥ iN −∑i−1

w=1 cw. Obviously, if the first iN row vectors
are linearly independent, Rank([Bi]1,iN ) = iN , we have
Rank(Bi) = iN . Therefore, the probability that Rank(Bi) =
iN is lower bounded by the probability that Rank([Bi]1,iN ) =
iN . According to matrix [Bi]1,iN , the number of row vectors
in it belonging to time slot i is c′i = iN −∑i−1

w=1 cw. Therefore,
from the Lemma 5, the probability that Rank([Bi]1,iN ) = iN
is
∏i−1

w=1

∏∑w
k=1 ck

j=∑w−1
k=1 ck+1

(
qwN − q j−1

)∏iN
j=∑i−1

k=1 ck+1

(
qiN − q j−1

)

q
∑i−1

k=1 kckN+(iN−∑i−1
k=1 ck)iN

=
i∏

w=1

min(
∑w

k=1 ck ,iN)∏

j=∑w−1
k=1 ck+1

(

1− 1
qwn− j+1

)

.

(18)

Since the probability that Rank(Bi) = iN is lower bound-
ed by the probability that Rank([Bi]1,iN ) = iN , the proba-
bility that Rank(Bi) = iN is large than

i∏

w=1

min(
∑w

k=1 ck ,iN)∏

j=∑w−1
k=1 ck+1

(

1− 1
qwn− j+1

)

. (19)
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5. Performance Evaluation

In this section, we conduct simulations to compare the
scheme that without considering reliable communication
(denoted as Unreliable Communication Scheme) the linear
coding schemes are designed for recovering from maximum
number of edge failures and the proposed linear coding
schemes.

In the transmission scheme without network protection,
the source sent totally L original packets along the L paths
between the source node and the destination node in each
time slot, until the destination node receive all the L original
packets. Since each path may fail in each time slot, the
destination may wait for some time slots to receive all the
L original packets.

In the linear coding schemes designed for recovering
from maximum number of edge failures, the scheme codes
L − fmax original packets in each time slot and makes sure
that the destination can decode all of them even if the
maximum number of edge failures happens in one time slot
(i.e., the worst case). However, such a scheme will waste lots
of throughput of the network, because the number of edge
failures probably is less than the maximum number of edge
failures. We denote such schemes as LCW scheme.

Therefore, in our coding scheme, we code the packets
sent in the pervious time slots with the new packets together
which can fully utilize the available paths in the network to
achieve higher throughput. To achieve this goal, in the pro-
posed linear coding scheme, the destination receives coded
packets instead original packets in each time slot which may
not be decoded immediately. Therefore, the destination may
wait for some time slots to receive enough coded packets to
decode and recover all the original packets sent by the source
node in the past time slots. However, we will show in this
section that we can decrease a bit of throughput to achieve a
much low decoding delay.

The objectives of the simulation conducted in this work
are as follows.

(i) To compare the throughput achieved when using
different schemes under different parameter settings.
The throughput is referred to as the total number of
original packets recovered (or reviewed) in the past
time slots divided to the total number of time slots.

(ii) To compare the recovery delay using different schemes
under different parameter settings. The delay will
cause by different schemes to receive (or decode and
recover) all the original packets sent by the source
node in the past time slots.

5.1. Simulation Setup. We have four parameters in our simu-
lations.

(i) The number of paths between the source node and
the destination node, L, which varies from 10 to 20.

(ii) The maximum number of paths between the source
node and the destination node which can simultane-
ously fail, fmax = 
αL�, in which α varies from 0.2 to
0.7.

(iii) The number of original packets coded (or sent) in
each time slots, N , which varies from 2 to 
L −
Fmax/2� − 1.

(iv) The size of finite field, q = 2r , in which r varies from
1 to 7.

In a network G, we suppose that there are L edge-disjoint
paths between the source node S and the destination node
D. In each time slot, there may be f ′, 0 ≤ f ′ ≤ fmax edges
failure and the packets transmitted on these paths cannot be
received by the destination node D. In the simulation, we
randomly select f ′ in {0, . . . , fmax} and then select f ′ paths
in the L paths which will fail in the following one time slot.

For each combination of parameters L, fmax, N and q,
we generate 100 instances. For each instance, we evaluate
the performance of the data transmission using unreliable
communication scheme, the linear coding schemes designed
for recovering from maximum number of edge failures, and
the proposed linear coding schemes.

5.2. Simulation Results. We compare the network through-
put and the recovery delay of the proposed RDLC and RRLC
schemes with LLW scheme and the unreliable communica-
tion scheme.

Firstly, in Figure 2, we set q = 22, α = 0.4, fmax = 
αL�,
N = �L− fmax/2� − 1 and vary L in the range of [10, 20].

In Figure 2(a), the throughput of all the four schemes
increases with the increase of the number of edge-disjoint
paths between the source node and the destination node. The
reason is that the more the number of edge-disjoint paths
exist between the source node and the destination node the
more packets can be transmitted successfully to the destina-
tion. The throughput of the LLW scheme is higher than the
unreliable communication scheme, because the LLW scheme
exploits the LNC to ensure that all the original packets
sent in one time slot can be recovered by the destination
node which limit the number of original packets transmit-
ted in each time slot. On the other hand, the unreliable com-
munication scheme will transmit the same set of original
packets many times to make sure the destination node
can successfully receive all of them. The throughput of
the proposed RDLC and RRLC schemes are much higher
(more than 25% compared with LLW and more than 40%
compared with the unreliable communication scheme when
L grows sufficiently large), because the proposed schemes
fully utilize the unfailed paths to transmit coded packets.
Since the number of original packets transmitted in each
time slot is the same in the proposed RDLC and RRLC
schemes, the two schemes has the same throughput.

In Figure 2(b), the recovery delay of the unreliable com-
munication scheme is higher than the other three schemes.
The unreliable communication scheme will transmit the
same set of original packets many times to make sure the
destination node can successfully receive all of them. The
recovery delay of the LLW scheme is always one time slot
because a limited number of original packets are transmitted
in each time slot to make sure the destination can decode and
recover them in one time slot. The recovery delay of the pro-
posed RDLC and RRLC schemes are between the unreliable
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Figure 2: q = 22, α = 0.4, fmax = 
αL�, N = �L− fmax/2� − 1.

communication scheme and the LLW scheme. Therefore, we
can observe that the proposed RDLC and RRLC schemes
can achieve highest throughput and moderate recovery delay.
The figure also shows that the recovery delay of the RRLC
scheme is higher than the recovery delay of the RDLC
scheme. The reason is that according to the theoretical ana-
lysis a destination may not be decode and recover the original
packets when using the RRLC scheme, even if it totally
received more than i ∗ N coded packets during the past
i time slots. Therefore, when using the RRLC scheme, the
destination will wait more time slots to achieve the same
throughput as the RDLC scheme.

Secondly, in Figure 3, we set L = 16, q = 22, fmax = 
αL�,
N = �M − fmax/2� − 1 and vary α in the range of [0.2, 0.9].

In Figure 3(a), the throughput of all the four schemes
decreases with the increase of α, because the number of edge-
disjoint paths between the source node and the destination
node is fixed but the number of failure paths increases. We
can observe that the throughput of LLW scheme will be
lower than the unreliable communication scheme when α
grows sufficiently large. The reason is that when α grows
sufficiently large, the throughput of of LLW scheme L− fmax

will decrease to zero, while the unreliable communication
scheme can exploit unfailed paths to transmit packets. The
throughput of the proposed RDLC and RRLC schemes are
much higher (more than 60% compared with the unreliable
communication scheme when α grows sufficiently large).

In Figure 3(b), the recovery delay of the proposed RDLC,
RRLC schemes, and the unreliable communication scheme
increase with the increase of α. Moreover, The recovery delay
of the unreliable communication scheme is higher than the
other three schemes. The recovery delay of the LLW scheme
is always one time slot because a number of original packets
transmitted in each time slot decreases when the α increase
to make sure the destination can decode and recover them in
one time slot.

Thirdly, in Figure 4, we set L = 16, q = 22, α = 0.4,
fmax = 
αL�, N < �M − fmax/2�.

In Figure 4(a), the throughput of the proposed RDLC,
RRLC schemes increases with the increase of N , because
the throughput of the proposed RDLC, RRLC schemes can
achieve N only if N is no more than the total number of paths
minus the average number of path failures each time slot. In
our simulation, the condition is that N ≤ L− fmax/2. There-
fore, in Figure 4(a), the throughput of the proposed RDLC,
RRLC schemes can achieve N . Obviously, N does not have
impact on the throughput of the unreliable communication
scheme and the LCW scheme. We can see in Figure 4(a) that
the throughput of the proposed RDLC, RRLC schemes out-
performs the other two schemes when N is sufficiently large.

Figure 4(b) shows that the values of N also do not have
impact on the recovery delay of the unreliable communica-
tion scheme and the LCW scheme. On the other hand,
the recovery delays of the proposed RDLC, RRLC schemes
increase with the increase of achievable throughput. How-
ever, by selecting a suitable value of N , a transmission can
achieve a higher throughput with a lower delay compared
with the unreliable communication scheme and the LCW
scheme.

Finally, in Figure 5, we set L = 16, α = 0.4, fmax = 
αL�,
N = �M − fmax/2� − 1.

In Figure 5(a), the throughput of the proposed RDLC,
RRLC schemes, the unreliable communication scheme, and
the LCW scheme do not change because the throughput
of them does not related with the size of the finite field.
However, as we showed in Section 4, the size of the finite field
has impact on the decoding probability that the destination
to recovery the original packets when using the RRLC
scheme. Therefore, the increase of the size of the finite
field will increase the decoding probability and reduce the
recovery delay. The trends of the recovery delay of the
RRLC scheme shown in Figure 5(a) are consistent with our
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Figure 3: L = 16, q = 22, fmax = 
αL�, N = �M − fmax/2� − 1.

theoretical analysis. The recovery delay of the other three
schemes does not related with the size of the finite field.

6. Conclusion

In this paper, we have explored the power of LNC to provide
reliable communication for multiple failures in WSNs. The
key idea is to design the LNC scheme based on average num-
ber of path failures, in which part of original data packets
sent previously is still encoded into the following time slots,
in order to improve the network throughput by utilizing the
redundant coded data packets transmitted in the transmis-
sion rounds with fewer failures happening simultaneously in
the WSN. Specifically, we first give the design of deterministic
LNC scheme based on the average number of path failures,
by which the network throughput is significantly improved
comparing with the traditional approaches designed based
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Figure 4: L = 16, q = 22, α = 0.4, fmax = 
αL�, N < �M − fmax/2�.

on the maximum number of path failures. We also have
investigated the behavior of the random LNC, when it is
applied to the reliable communication problem studied in
this paper. We have given the performance evaluation, which
demonstrates the effectiveness of the proposed LNC schemes.
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We study multicasting over wireless lossy links. Instead of downloading all the data from the source node, we allow the destination
nodes themselves to locally exchange the packets, as local communication within a cluster achieves higher packet reception
probability with less transmission cost. However, when shall we stop the transmission from the source node? If the source stops
too early, the destination nodes locally cannot reconstruct all the original packets, while if the source stops too late, the benefit of
cooperative data exchange cannot be fully exploited. In this paper, we propose a network coded hybrid source and cooperative
exchange scheme to determine when to stop the source sending and start the exchange process, so as to minimize the total
transmission cost. For the case when the clusters are predefined, we derive the expected total transmission cost with our hybrid
scheme. Our theoretical results show that under a special condition, the source node should keep sending the packets until all
the destinations get the complete information. For the case when the clusters are not predefined, we propose a cluster division
algorithm such that the destination nodes within each cluster can conduct data exchange locally with energy efficiency. Finally,
simulation results demonstrate the effectiveness of the proposed scheme.

1. Introduction

Over the past decades, wireless sensor networks have
attracted a great deal of research attentions [1–3]. Once
deployed, sensors are expected to operate for a long period
of time, and it is impractical to reach these sensors physically.
However, it is quite often necessary to update the software
running on those sensors or add new functionalities to
the sensors [4, 5], which needs to reliably multicast large
data objects with energy efficiency [5, 6]. Particularly, in
wireless lossy sensor networks, multicasting packets from a
single source node is still a challenge problem due to the
heterogeneous lossy links to the destination nodes. To satisfy
all the destination nodes, the source node needs to keep
sending until the destination node with the worst packet
reception link successfully receives all the packets, which is
inefficient for the source node.

Recently, cooperative data exchange [7–11] has become
a promising approach to achieve the efficient data com-
munications. Instead of downloading all the packets from

the source node (e.g., the server) [12, 13], cooperative
data exchange allows the destination nodes to cooperatively
exchange their received packets among themselves, once the
destination nodes collectively hold all the packets. Compared
with pure source-dominated multicast, cooperative data
exchange has two main benefits: (a) short-range communi-
cation among destination nodes is often more reliable and
consumes less transmission cost, (b) the bandwidth saved at
the source node can serve more other nodes in the system.

However, most of the existing works on cooperative data
exchange problem never consider when to stop downloading
the data from the source node. On the one hand, if the source
node stops too early, the destination nodes themselves may
be unable to collectively reconstruct the complete packets.
On the other hand, if the source node stops too late,
the benefit of cooperative data exchange cannot be fully
utilized. In addition, although the average transmission cost
with cooperative data exchange is lower than with source
transmission, the sum of the transmission costs within
multiple clusters may exceed the cost with pure source
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sending. To sum up, for wireless multicasting, it is important
for us to consider when to stop the source sending and
start the cooperative data exchange, so as to reduce the total
transmission cost or energy consumption [1–3, 14, 15].

So far, only the work in [16] studies the hybrid source
transmission and cooperative data exchange for wireless
multicasting, and it stops the source sending exactly once
the destination nodes within each cluster collectively hold
the complete information. Although the scheme in [16]
performs well in reducing the transmission delay, it is still
possible that the cooperative data exchange by multiple
clusters may consume more transmission cost/energy than
source-dominated scheme. As discussed above, the coop-
erative data exchange needs to be conducted separately
in each cluster, and thus the sum of their transmission
costs may exceed the transmission cost with pure source
transmission. In addition, the predefined clusters in [16]
might not perform well, as the destination nodes in some
clusters may collect the complete information more quickly
than the destinations in other clusters, which may stop the
source transmission too late for the other clusters.

Recent work also shows that network coding [17–19] can
improve the network throughput and reliability, especially
for wireless lossy networks. Instead of sending/forwarding
the original packets directly, network coding allows the
source/transmitting node to linearly combine multiple pack-
ets together. With this approach, each transmitted packet has
almost the same contribution in reconstructing the original
packets, and hence improves wireless reliability [20]. Con-
sidering the benefits of network coding, we assume that the
packets sent from the source node or the packets exchanged
among the destination nodes are all linear encoded at the
source/transmitting nodes before sending.

In this paper, given the heterogeneous link loss proba-
bility and the transmission cost of the source transmission
and data exchange among the destinations, we aim to design
a hybrid source and cooperative data exchange scheme
to minimize the total transmission cost consumed during
multicasting. For the case when the clusters are predefined,
we determine when the source should stop sending the
packets to the destination nodes and the cooperative data
exchange should start. For the case when the clusters are
not predefined, we consider how to divide the destinations
into the clusters. The main contribution of the paper can be
concluded as follows.

(i) We theoretically derive the expected total transmis-
sion cost required with traditional source-dominated
scheme and our hybrid transmission scheme.

(ii) Our analysis shows that under a special condition, the
source node should keep sending the packets until all
the destinations get the complete information, so as
to reduce the total transmission cost.

(iii) We also propose an efficient algorithm to determine
how to group the destination nodes into the clusters,
so as to make sure that the destination nodes within
each cluster can collectively recover all the original
packets with energy efficiency.

(iv) We compare the performance of the proposed
scheme with some existing schemes. Simulation
results show that the proposed scheme can signifi-
cantly reduce the total transmission cost.

The rest of the papers are organized as follows. In
Section 2, we introduce the background and some related
works. The system model and the problem description are
presented in Section 3. The expected total transmission costs
with source-dominated and our scheme are discussed in
Section 4. In Section 5, we consider how to group the desti-
nations into clusters after receiving the sufficient number of
packets from the source. The simulation results are presented
in Section 6. We conclude the paper in Section 7.

2. Background and Related Work

In this section, we provide a brief introduction to the existing
wireless network coded multicast scheme and summarize
some related works.

2.1. Wireless Network Coding. Network coding was originally
proposed in information theory [17] and recently has
become a promising approach to improve the network
performance in throughput [21, 22], reliability [19, 23],
security [18, 24], and so forth. Instead of forwarding
the original packets directly, network coding allows the
source node/intermediate node to combine multiple packets
together before sending it out. The work in [25] ensures
that all the encoded packets generated by the same peer are
linearly independent with a high probability, if we use linear
network coding based on a sufficient large field size.

Network coding in wireless lossy networks was also
considered in the literature. The work in [21] proposed a
first wireless network coding architecture, named COPE. By
exploiting the broadcast nature of wireless medium, each
node stores the overheard packets for a while. When a node
transmits a packet, it uses its knowledge of what its neighbors
have overheard to perform opportunistic coding [21, 22].
After receiving an encoded packet, multiple neighbors can
decode their wanted packets with their overheard packets.
In other words, the sender or transmitting node can
deliver “multiple packets” to different neighbors in a single
transmission, which thus improves the throughput. The
work in [19, 23] theoretically shows that network coding
significantly reduces the expected number of retransmissions
in lossy networks compared to traditional ARQ scheme. The
work in [5] considers the impact of both wireless unreliable
communication and sleep scheduling of sensor nodes and
proposes a deterministic code design at the source node so as
to accomplish the data dissemination process at the earliest
time.

2.2. Reliable Multicast in Lossy Wireless Networks. Tradi-
tionally, wireless single-hop multicast mainly focuses on
source-dominated transmission, where the source node
keeps sending the packets until all the destination nodes
in the system obtain the complete information. However,
the performance of such a source-dominated transmission
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degrades significantly when the packet reception probabili-
ties of the destination nodes are heterogeneous. In this case,
the source node cannot stop sending the packets until the
destination node with the worst link state successfully gets
the packets, even if all the other destination nodes received
the packets in a much earlier time.

Recently, cooperative data exchange [7] among the users
(e.g., mobile users) becomes one of the most promising
approaches in designing efficient data transmissions. In
cooperative data exchange, each client initially holds a subset
of the packets and wants all the packets that others have.
In the literature, it is assumed that there is a common
communication channel among the users to receive/send the
packets from/to all other users. Cooperative data exchange
is to make sure that each client finally can get the complete
packets by exchanging packets among themselves through
the common channel. Compared with source-dominated
transmissions, cooperative data exchange appears ti have two
benefits: (1) short-range communications among the users
are often more reliable and faster, (2) the bandwidth saved at
the server can serve more other clients in the system.

Most recent works on cooperative data exchange mainly
focus on how to minimize the total number of packets to be
exchanged/transmitted among the users [7–9], or the total
transmission cost consumed at the users [10, 11], such that
all the users in the system can finally recover/receive the
complete packets. Current works also show that network
coding can reduce the number of transmissions or the total
transmission cost required for cooperative data exchange
process [7–11].

However, in the literature, most of the works either focus
on pure source-dominated multicast or focus on cooperative
data exchange by assuming that each user initially holds
a subset of packets. The only work that considers the
hybrid architecture of source transmission and data exchange
transmission is in [16]. Specifically, the source node is set to
stop sending the packets once the destinations in each cluster
can collectively reconstruct the original packets, followed
by the cooperative data exchange within each cluster. The
numerical results show that with this hybrid transmission,
the transmission delay of the multicast can be reduced
compared with pure source-dominated multicast. However,
the source node may stop too early, as the sum of the energy
consumed by the cooperative data exchange within multiple
clusters may consume more energy, which is inefficient for
wireless sensor networks.

3. System Model and Problem Description

In this section, we first introduce the system model of our
problem. Then, we discuss the problem to be solved in
two different cases: with predefined clusters and without
predefined clusters.

3.1. System Model. In this paper, we consider a multicast
application, where a source node s needs to send n packets
to m destination nodes in D = {d1,d2, . . . ,dm}. Before
transmitting the packets, the source node may generate more

than n encoded packets over the original n packets. It is
typical to assume that with network coding, after receiving
any n encoded packets, the destination node can recover the
original n packets.

Suppose that the destination nodes are formed into
multiple clusters in C = {C1,C2, . . .}, where Ck ∈ C
denotes the set of destination nodes in cluster k. Without
loss of generality, we assume that each pair of clusters
maintain disjoint destination nodes, that is, Ck1

⋂
Ck2 =

∅, for all k1 /= k2 and
⋃

Ck∈C Ck = D. As in cooperative data
exchange, we assume that local data exchange within each
cluster is conducted through a common channel.

Our multicasting process consists of two transmission
stages. In the first stage, the source node sends the packets
to all the destination nodes in D. In the second stage,
the destination nodes within the same cluster perform the
cooperative data exchange among themselves. These two
stages need to make sure that each destination finally can
reconstruct the original n packets. Due to unreliable wireless
communications, suppose that the packet loss probability
from the source node to every destination node is ls, and
the packet loss probability between the destination nodes in
cluster Ck is lk. We also assume that the transmission cost
of the source node is ts, and the transmission cost for the
data exchange within cluster Ck is t(Ck). Without loss of
generality, we assume that the transmission cost of the source
node is higher than the transmission cost of the destination
node, that is, ts ≥ tCk for∀k, and the reception probability of
the packet sent from s is lower than the reception probability
of the packet exchanged within the same cluster, that is,
ls ≥ lk.

In this paper, we aim to minimize the total transmission
cost consumed during transmissions, while we ensure that all
the destination nodes in D can successfully reconstruct the
original n packets. Let xhs be the number of packets that the
source node sends, and xk be the number of packets sent by
the destination nodes within the cluster Ck. Thus, the total
transmission cost can be written as

xhsts +
∑

ck∈C

xkt(Ck) (1)

which needs to be minimized.
An example of the system model is shown in Figure 1.

The source node s needs to send three packets to the
destinations in D = {d1,d2, . . . ,d7}, and the original packets
are generated into three encoded packets p1, p2, and p3. The
set of the packets received at each destination is given near
the node after the source node sends three packets p1, p2, p3,
for example, the set of packets received by node d4 is {p3}.
In the next subsections, we will discuss the problems to be
considered in this example.

3.2. Problem Description with Predefined Clusters. In this
section, we consider the case when the destination nodes in
each cluster are predetermined.

Due to unreliable wireless communications, some pack-
ets may be lost at some destination nodes. So, one challenge
problem is to determine when the source node s stops
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Figure 1: An example of system model after sending three packets
in {p1, p2, p3} from source node s to receiver nodes in D =
{d1,d2, . . . ,d7}.

sending the packets such that the destination nodes within
each cluster can exchange the packets among themselves, and
the total transmission cost defined in (1) is minimum.

(i) If the source node s stops too early, the destination
nodes in some clusters may be unable to collectively
recover all the original packets.

(ii) If the source node s stops too late, the low-cost
transmission among the destination nodes them-
selves cannot be fully utilized, which may incur
high transmission cost because of high packet loss
probability and high transmission cost of the source
transmission.

(iii) The sum of the transmission costs by the data
exchange by all the clusters may exceed the transmis-
sion cost by the pure source transmission. In this case,
the source node should keep sending until all the
destination nodes obtain the complete information.

As shown in Figure 1, if the source node s stops after
sending p1, p2, p3, the destination nodes in the left cluster
(within a circle) cannot collectively reconstruct the original
three packets. On contrary, if the source node s sends too
many packets, all the destination nodes within each cluster
may obtain the complete packets, which does not utilize the
low-cost cooperative data exchange. However, if the sum of
the transmission costs in these two clusters are higher than
the transmission cost from the source node, it is better to let
the source node keep sending until all the destination nodes
get the complete information.

We refer to the above problem of determining when to
stop the source transmission, as minimizing the multicast
transmission cost problem with predefined clusters.

3.3. Problem Description with Nonpredefined Clusters. In the
above section, we assume that the destination nodes in each
cluster are given. However, the predefined clusters may not
perform well, as the destination nodes in some clusters may
collectively hold the complete information much later than
the destination nodes in other clusters, which thus delays

Table 1: Main notations and their descriptions.

C The set of the clusters

Ck The kth cluster in C

D The set of the destination nodes in the system

di The ith destination node in D

ls
Packet loss probability on the link from s to each
destination

lk
Packet loss probability of the data exchange within
cluster Ck

m The total number of destination nodes in D

n The total number of original packets

s The source node

ts The transmission cost of the source node s

t(Ck)
The transmission cost of the data exchange within
cluster Ck

xhs
Number of packets sent by s in the first stage of hybrid
scheme

xk The number of packets exchanged within cluster Ck

the starting time of the cooperative data exchange in other
clusters.

Still take Figure 1 as an example, if we group the
destinations in {d1,d2, . . . ,d7} into two clusters, that is, the
destinations in the same circle belong to the same cluster.
After the source node s sends three packets p1, p2, p3, the
destination nodes in the left cluster cannot recover the
original packets, as they collectively have received only two
packets so far. However, if we move destination node d4 into
the left cluster, the destination nodes in both clusters can
reconstruct all the three original packets, and then s can stop
sending the packets.

Thus, after the source node sends sufficient number of
packets, we need to consider how to group the destination
nodes into multiple clusters such that the destination nodes
within each cluster collectively can reconstruct the original
packets with energy efficiency. In this case, the number of
clusters in C and the set of the destinations in each cluster Ck

need to be determined by our algorithm.

4. Minimum Multicast Transmission Cost with
Predefined Clusters

In this section, we consider the case when the clusters are pre-
defined. We first analyze the expected total transmission costs
with source-dominated scheme and our hybrid transmission
scheme. We then formulate the problem of minimizing the
total transmission cost with our hybrid transmission scheme
as an integer programming.

To ease the understanding, the main notations used in
the paper are given in Table 1.

4.1. Transmission Cost with Source-Dominated Transmission.
With source-dominated scheme, the source node s keeps
sending the encoded packets that are generated based on
n original packets, until all the destination nodes in D
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begin
//after sending xhs packets from the source node s
if the destinations in D cannot recover the original packets
then

The source s should send more packets before the
second stage;

end
else

U = D;
C1 = ∅;
not finish=1;
k = 1;
while not finish do

find a destination di ∈ U which satisfies the rules
(1), (2), and (3) and incurs the least cost to Ck ;
if There does not exist a feasible di ∈ U then

Ck = Ck

⋃
U ;

not finish=0;
end
else

add di into Ck ;
delete di from U ;
if If the destinations in Ck can collectively
recover the original packets then

k = k + 1;
Ck = ∅;

end
end

end
end

end

Algorithm 1: Algorithm design for cluster determination.

successfully decode the original n packets. With linear
network coding, after receiving any n encoded packets from
s, the destination node can decode the original n packets.

Suppose that xs is the expected transmission cost
required with the source-dominated scheme. To make sure
all the destinations can recover the complete packets, the
number of packets that s sends should be at least the
maximum number of packets to be sent to satisfy the
decoding requirement of each destination. That is

xs = max
{
x′1, x′2, . . . , x′m

}
, (2)

where x′i means the expected number of packets required to
be sent by s, so as to guarantee that destination di can decode
all the n original packets. Since the packet loss probability
from s to each destination node is ls, we can derive x′i as
follows:

x′i =
n

1− ls
. (3)

In other words, we have

xs = max
{
x′i | ∀i

}
= n

1− ls
. (4)

With the above equations, we can obtain the expected
transmission cost as follows:

xsts = nts
1− ls

. (5)

4.2. Transmission Cost with Hybrid Transmission Scheme.
With hybrid transmission scheme, there are two stages. In
the first stage, the source node s sends xhs encoded packets.
In the second stage, the destination nodes in the same cluster
cooperatively exchange the packets that they received before,
until each of them can decode all the packets.

We now consider the first stage. For the success of the
second stage, the number of packets sent by the source s
should make sure that the destination nodes within each
cluster can collectively reconstruct all the original packets.
The probability that at least one of the destinations in
cluster Ck can receive the current transmission is 1 − l|Ck|

k .
Thus, to guarantee at least n transmissions of the packets
are successfully received by the collection of the destination
nodes in Ck, the expected number of packets sent by the
source node s, denoted as xhs, should satisfy the following
condition:

xhs ≥ n

1− l|Ck|
k

. (6)
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When considering all the clusters, (6) can be written as

xhs ≥ max
Ck∈C

{
n

1− l|Ck|
k

}

. (7)

Note that if we set xhs = minCk∈C{n/(1 − l|Ck|
k )}, it means

the source node s stops sending the packets exactly once the
destination nodes in each cluster collectively can recover the
complete packets.

We then consider the second stage. After the source node
sends xhs packets, the expected number of packets required
by each destination in cluster Ck is

L = n− xhs(1− ls). (8)

Then, the expected number of packets to be sent by other
destinations through cooperative data exchange, denoted as
Mk, such that one specific destination in cluster Ck can
decode, is

Mk = L

1− lk
. (9)

According to the work in [16], the expected number of
packets required to be exchanged among cluster Ck such that
all the destination nodes in Ck can obtain its required Mk

packets is

xk = |Ck|
|Ck| − 1

(
Mk + W |Ck|

√
σ2
Mk

)
, (10)

where W |Ck| is the expectation of the |Ck|-th order statistic of
a sequence of |Ck| normal random variables, and σ2

Mk
(given

in [16]) is the variance of Mk.
Thus, the total transmission cost with hybrid transmis-

sion scheme can be formulated as follows:

xhsts +
∑

Ck∈C

t(Ck)xk. (11)

If we assume that the packet loss probability within each
cluster is the same, that is, lk = lr for for all Ck ∈ C, and
the transmission cost within each cluster is also the same,
that is, t(Ck) = tr for ∀Ck ∈ C, we can obtain the following
theorem.

Theorem 1. If |C|tr(1 − ls) ≥ ts(1 − lr), to minimize the
expected total transmission cost, it is better to let the source node
keep sending the packets until all the destination nodes in D
successfully obtain the original n packets, that is, xk = 0.

Proof. Let xhs be the number of packets sent by the source
node s in a hybrid transmission scheme. Since we assume that
|C|tr(1− ls) ≥ ts(1− lr), we have

tr ≥ ts(1− lr)
|C|(1− ls)

. (12)

Based on the above equation (12), we then compare
the expected total transmission cost required by source-
dominated scheme with that by the hybrid transmission
scheme for any xk > 0 as follows:

xhsts +
∑

Ck∈C

t(Ck)xk − xsts

= xhsts +
∑

Ck∈C

t(Ck)xk − nts
1− ls

≥ xhsts + |C|trMk − nts
1− ls

= xhsts + |C|tr n− xhs(1− ls)
1− lr

− nts
1− ls

≥ xhsts + |C|n− xhs(1− ls)
1− lr

ts(1− lr)
|C|(1− ls)

− nts
1− ls

= xhsts +
(n− xhs(1− ls))ts

1− ls
− nts

1− ls

= xhsts(1− ls) + (n− xhs(1− ls))ts − nts
1− ls

= 0.

(13)

From the above equation, we can see that the expected
total transmission cost with hybrid scheme is not lower
than source-dominated transmission scheme when |C|tr(1−
ls) ≥ ts(1 − lr). In other words, to reduce the total
transmission cost, the source node should keep sending
until all the destination nodes can successfully decode the
complete information, that is, xk = 0, which thus proves the
theorem.

4.3. Hybrid Transmission Scheme with Minimum Total Trans-
mission Cost. As discussed above, in some cases, the sum of
the transmission costs within all the clusters may be more
than transmission cost of the source transmission. Under
such circumstances, the source node should keep sending
the packets until all the destination nodes get the complete
information, which is a special case of our hybrid scheme,
that is, xhs = xs.

To determine xhs, the problem of minimizing the total
transmission cost with hybrid transmission scheme can be
formulated as follows:

min xsts +
∑

Ck∈C

t(Ck)xk (14)

subject to (7).
With the above integer formulation, we can obtain the

best time to stop the source transmission and start the
cooperative data exchange process.

5. Cluster Determination in Cooperative Data
Exchange Stage

As discussed in Section 3.3, after the source transmissions in
the first stage, the destination nodes in some clusters may
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be unable to reconstruct the original packets if the clusters
are predefined. In this section, we consider after the source
node sends xhs packets in the first stage, where xhs ≥ n,
how to group the destination nodes into multiple clusters
so as to make sure that the destination nodes in each cluster
collectively can recover all the original packets.

Assume that after the source node sends xhs packets, the
set of the packets received by destination node di is denoted
as Hi, for example, H6 = {p2, p3} in Figure 1. Since the
total number of packets sent by the source node s in the
first stage is xhs, we have Hi ⊆ {p1, p2, . . . , pxhs}. Before
describing how to group the clusters, we first discuss given
the exact packet reception states of the destination nodes,
how many transmissions are required by the data exchange
process within a local cluster.

5.1. Number of Transmissions Required for Data Exchange
Process within a Local Cluster. We now discuss the number
of transmissions required for data exchange within a specific
cluster Ck, given the exact packet reception sets of the
destination nodes in Ck.

Without loss of generality, we assume that after the
source s sends xhs packets, all the destination nodes in
cluster Ck collectively can recover the original n packets. As
in the above section, we assume that the packets sent by
the source node s are linear independent with each other,
that is, after receiving any n packets from s, the node can
decode the original n packets. In other words, after the first
stage, the total number of packets collectively received by the
destination nodes within each cluster CK should satisfy

∣
∣
∣
∣
∣
∣

⋃

di∈Ck

Hi

∣
∣
∣
∣
∣
∣
≥ n. (15)

Before describing the number of transmissions for data
exchange process within clusterCk, we first introduce a useful
existing result in [26].

Theorem 2 (see [26]). Provided that the encoding field size is
large enough, the minimum number of packets to be exchanged
is given by

x = rank

⎛

⎝
⋃

di∈Ck

Hi

⎞

⎠−min
P

SR(P) − rank
(∪di∈Ck Hi

)

|P| − 1
, (16)

where P = {S1, S2, . . . , S|P|} denotes a disjoint partition of
the node sets and Sj ∈ P is the subset of the nodes in Ck,
where 2 ≤ P ≤ |Ck|, and rank(

⋃
di∈Ck

Hi) means the rank
of the matrix including the encoding vectors of the packets in⋃

di∈Ck
Hi, S R(P) =∑Sj∈P rank(

⋃
di∈Sj Hi).

Note that in our problem, the packets sent by the source
node s are linear independent with each other. Thus, fora

given cluster Ck, we can obtain that

rank

⎛

⎝
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⎠ = n,
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⎫
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.

(17)

Given the packets received by the destination nodes in
Ck, according to Theorem 2, we can then derive the number
of packets to be exchanged among the destinations in Ck as
follows:

xk = n−min
P

∑
Sj∈P min

{∣
∣
∣∪di∈SjHi

∣
∣
∣,n

}
− n

|P| − 1
, (18)

where P is a disjoint partition of the nodes in Ck and Sj ∈ P
is the jth subset of the nodes by the partition P.

5.2. Optimal Cluster Division with Minimum Transmission
Cost in the Data Exchange Process. We now consider how to
divide all the destination nodes into multiple clusters, so as
to minimize the total transmission cost in the second stage.

For m destination nodes in D, the maximum number of
clusters that can be formed is m. The problem of minimizing
the total transmission cost of the data exchange within the
clusters by cluster division can be formulated as follows:

min
Ck

m∑

k=1

t(Ck)xk (19)

subject to

Ck

⋂
Ck′ = ∅, (20)

m⋃

k=1

Ck = D, (21)

∣
∣
∣
∣
∣
∣

⋃

di∈Ck

Hi

∣
∣
∣
∣
∣
∣
= n. (22)

In (19), t(Ck) means the transmission cost if the destination
nodes in Ck form a cluster, and xk is number of packets to
be sent by the data exchange within cluster Ck, which can be
calculated with (18). Thus, the objective is to minimize the
total transmission cost of the data exchange within all the
clusters, by determining Ck. The constraints in (20) and (21)
denote that each destination node should be located in one
and only one cluster. The constraint in (22) represents that
the destination nodes can form a cluster if and only if these
destination nodes collectively can recover all the n original
packets.

Although the above formulation can derive the optimal
cluster division to minimize the total transmission cost in
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the data exchange process, the complexity of calculating xk is
too high, as we need to enumerate all the possible partitions
of the nodes in Ck, {P}. It makes the formulation difficult
to be solved. Thus, in the next subsection, we propose a
suboptimal algorithm to divide the clusters.

5.3. Algorithm Design. In this section, given the packet
reception state of each destination node, we consider to
group all the destination nodes into multiple clusters.

Without loss of generality, we suppose that after xhs
transmissions from source node s, all the destinations
collectively can recover the original n packets. Otherwise, the
source node s should send more packets before starting the
second stage (i.e., cooperative data exchange). Let U be the
set of all the destinations left in the system, that is, U = D.

We then introduce how to select the destinations in U
into the kth cluster Ck. When adding a new destination di
from U into Ck, we make the following rules.

(1) The destination di should be able to contribute at
least one “innovative” packet to the destination nodes
that have been added to Ck so far.

(2) Deleting di from U will not sacrifice the decoding
capability of the destinations left in U , that is, (22).

(3) The sum of the transmission costs of the new cluster
Ck (including di) and the cluster formed by the left
destinations in U (excluding di) is smaller than the
transmission cost of the cluster formed by U

⋃
Ck.

We then describe the process of adding new destinations
to Ck as follows.

(i) We start from the destination node di ∈ U that
satisfies the above three rules and incurs the least
transmission cost if it is added into Ck. If there does
not exist such a node in U , we can obtain that the
destinations in U can only form one cluster, that is,
Ck = U . In this case, the algorithm terminates.

(ii) If we can find a feasible destination di, we add di
into Ck and correspondingly delete di from U . We
then check if the destinations in Ck can collectively
recover all the original packets. If they can, we finish
the cluster Ck and repeat the above process to find the
(k + 1)th cluster Ck+1 from U .

(iii) If they still cannot recover all the original packets, we
continue the above two steps.

(iv) The algorithm continues until we cannot find a
feasible node di ∈ U that satisfies the rules (1), (2),
and (3). In this case, the destination nodes left in U
should be all added to the current considered cluster
Ck, that is, Ck = Ck

⋃
U .

The detailed process of the above algorithm is shown
in Algorithm 1. With the above algorithm, we can make
sure that the destination nodes within each cluster Ck ∈ C
collectively can reconstruct all the original packets.

1

3

3

3

1

d1 d2

d3

d5

d4{p1} {p3}

{p2}{p1}

{p2, p3}

1.5

2.52.5 44

Figure 2: An example of five destination nodes.

5.4. Illustration Example. We take Figure 2 as an example
to illustrate how Algorithm 1 works, where five destination
nodes in {d1,d2, . . . ,d5} need to get three original packets.
Assume that the first stage stops after the source node s sends
three packets {p1, p2, p3}. The set of the packets received by
each destination in the first stage is given near the node. To
simplify the understanding, we define the transmission cost
of the transmission within a cluster Ck as the square of the
maximum distance between every two destinations within
the same cluster [25, 27], that is,

t(Ck) = max
di,di′∈Ck

{
|di − di′ |2

}
, (23)

where |di − di′ | denotes the distance between two nodes di
and di′ (given on the edge between two nodes). Note that the
above model is only an example, and our algorithm does not
restrict the model of the transmission cost.

According to the Algorithm 1, initially we have U =
{d1,d2, . . . ,d5}. We can easily check that if all the nodes in
U form only one cluster, its transmission cost is 42 = 16.

We first construct the cluster C1, by starting from any
node d1. Since d1 satisfies all the three rules defined in the
above section, we add d1 into C1 and delete it from U , that
is, C1 = {d1},U = {d2,d3, . . . ,d5}. Since the nodes in C1

cannot reconstruct the original three packets, we need to
add more nodes to C1. Note that although adding d3 incurs
the least transmission cost of C1, d3 violates the rule (1), as
the packet it has is not innovative to the nodes in C1. We
then find that d2 can be added to C1 and it incurs the least
transmission cost among the nodes left in U \ {d3}, that is,
C1 = {d1,d2},U = {d3,d4,d5}. With a similar approach, d4

will be added to C1, that is, C1 = {d1,d2,d4},U = {d3,d5}.
Since the destinations in C1 now can collectively reconstruct
the original three packets, the construction of cluster C1

terminates, and the transmission cost of C1 is t(C1) = 32 = 9.
We then construct the cluster C2. We can easily check

that any node in U = {d3,d5} cannot satisfy the rule
(2). Thus, the destination nodes in U cannot be divided
into multiple clusters. In other words, all the destinations
in U are added into C2, that is, C2 = {d3,d5}, and the
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transmission cost of C2 is t(C2) = 2.52 = 6.25. With
the above operation, the destination nodes in D form two
clusters, C1 = {d1,d2,d4},C2 = {d3,d5}. Note that, the
algorithm can start from any node, for example, if starting
from node d2, we can also get two clusters {d2,d4,d1},
{d3,d5}.

6. Simulation Results

In the simulation, we study a connected network graph,
where nodes are randomly deployed in a two-dimensional
(2D) space. We use ls to simulate the packet loss probability
on the link from the source node s to the destination nodes,
and lk to be the packet loss probability by the data exchange
within cluster Ck. For the transmission cost, we use ts and
t(Ck) to denote the transmission cost of the packet sent from
source node and the packet exchanged within cluster Ck,
respectively. Generally, we set ls ≥ lk and ts ≥ t(Ck).

To demonstrate the performance of our proposed
scheme, we also conduct two baseline algorithms: source-
dominated scheme, and the hybrid scheme by [16]. As
introduced before, in source-dominated scheme, the source
node keeps sending until all the destination nodes get the
complete packets. The difference between the hybrid scheme
proposed by [16] and ours is that the scheme in [16] stops
the source sending exactly once the destination nodes in each
cluster can collectively reconstruct the full packets.

We define cost gain, denoted as δ, as the ratio of the
transmission cost difference with source-dominated scheme
and the hybrid scheme (our hybrid scheme or the scheme in
[16]) to the total transmission cost with source-dominated
scheme, for example, the cost gain by our hybrid scheme can
be written as

δ =
xsts −

(
xhsts +

∑
Ck∈C x(Ck)tk

)

xsts
. (24)

6.1. The Impact of the Transmission Cost. In this section,
we conduct the simulation to investigate the impact of the
transmission cost on the cost gain. In this setting, we set
|C| = 2, ls = 0.5, lk = 0.2, ts = 6, |Ck| = 5 and vary the
transmission cost of the data exchange within each cluster in
[1, 6].

As shown in Figure 3, the cost gain with our hybrid
scheme is much better than the scheme proposed by [16].
We can observe that in some cases, for example, t(Ck) ≥ 3,
the total transmission cost with the scheme [16] is even more
than source-dominated scheme. This is because, when the
transmission cost of the packet exchange within a cluster is
high, the sum of the transmission costs in multiple clusters
exceeds the cost consumed by pure source sending. In
other words, the hybrid scheme in [16] stops the source
transmission too early. From the figure, we can also find that
when t(Ck) is no more than 3, the transmission cost with our
hybrid scheme is better than the source-dominated scheme.
However, when t(Ck) ≥ 4, it is the same as the source-
dominated scheme, which verifies the results of Theorem 1.
In this case, the programming used in our hybrid scheme can
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Figure 3: The impact of transmission cost of each cluster on the
transmission cost gain ratio.

detect and keep the source sending until all the nodes receive
the complete packets.

From Figure 3, we can also observe that with the increase
of the transmission cost within a cluster, the cost gain
decreases. This is reasonable, as when the transmission cost
within a cluster increases, the sum of the total transmission
costs of multiple clusters increases quickly and correspond-
ingly reduces the gain.

6.2. The Impact of Packet Loss Probability. We now investigate
the impact of packet loss probability on the performance of
the total transmission cost. We fix n = 100, lk = 0.2, |C| =
2, ts = 6, t(Ck) = 3 and vary the packet loss probability on
the link from the source to the destination in [0.4, 0.9].

As shown in Figure 4, the cost gain with our hybrid
scheme is better than with the scheme in [16], and our
hybrid scheme also always consumes less transmission
cost compared with source-dominated transmission scheme.
From the figure, we observe that with the increase of the
packet loss probability from the source to the destination
nodes, the transmission cost gains with both hybrid schemes
increase. This is because, when the links from the source to
the destinations nodes are too bad, the source node should
stop sending the packet as early as possible.

In addition, when the packet loss probability ls ≥ 0.8,
the cost gains with both hybrid schemes are almost the same,
as our hybrid scheme may stop the source transmission at
almost the same time as in [16], that is, after the destination
nodes in each cluster can reconstruct the complete packets.

6.3. The Impact of the Number of Clusters. We now conduct
the simulation to investigate the impact of the number of
the clusters on the total transmission cost of the proposed
schemes. In this setting, we fix n = 100, ls = 0.6, lk = 0.2, ts =
6, t(Ck) = 2 and the number of clusters are varied from 1 to 7.
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Figure 5: The impact of the number of clusters on the transmission
cost gain ratio.

As shown in Figure 5, when the number of clusters is
few, the total transmission costs with both hybrid schemes
are less than with the source-dominated scheme. This is
because, when the number of clusters is few, the sum of their
transmission costs does not exceed the source transmission
cost. However, when the number of clusters increases, for
example, more than 5, pure source transmission is better,
since the sum of the transmission costs in the clusters is more
than the transmission cost from the source. However, we can
observe that, the transmission cost with our scheme is not
higher than with source-dominated scheme in all the cases,
as our hybrid scheme always chooses the best time to stop the
source transmission.
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Figure 6: The impact of the number of destinations within the
cluster on cost gain by our scheme.

6.4. The Impact of the Number of Receiver Nodes within
Clusters. Finally, we investigate the impact of the number of
destination nodes within each cluster on the performance of
our transmission scheme.

As shown in Figure 6, we fix n = 100, ts = 6, t(Ck) =
2, lk = 0.2 and vary the number of destination nodes within
each cluster in [2, 10]. From the figure, we can see that with
the increase of the number of the destination nodes within
each cluster, the cost gain with our hybrid scheme increases.
This is because, with more destination nodes in a cluster,
it is much more earlier that the destinations in the cluster
collectively can reconstruct the original n packets. Thus, the
second stage of our hybrid scheme, data exchange process,
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can start earlier, which decreases the number of high-cost
transmissions from the source node s.

From Figure 6, we also observe that the cost gain with the
setting ls = 0.8 is much higher than with the setting ls = 0.6.
The reason is that with source-dominated scheme, a large
number of the transmissions will be wasted when the packet
reception state on the links from s to the destination nodes
is bad. In this case, the cooperative data exchange process
in our hybrid scheme should start as early as possible, as it
consumes less transmission cost. In other words, our hybrid
scheme performs well especially when the packet reception
from the source node is bad.

By comparing Figures 6(a) and 6(b), we can also
obtain that when the number of clusters in the network
increases, the cost gain of our hybrid scheme decreases.
As each cluster consumes its independent transmission cost
in the cooperative data exchange process, the sum of the
transmission costs of the data exchange by all the clusters
increases, which thus decreases the cost gain.

7. Conclusion

In this paper, we proposed a hybrid source and cooperative
data exchange transmission scheme for reliable multicasting
over wireless lossy links. Our hybrid scheme determines
when to stop the source sending and start the cooperative
data exchange, so as to minimize the total transmission
cost. We theoretically derive the total transmission cost
required with traditional source-dominated scheme and our
hybrid scheme. We give a condition under which the source
node should not stop sending the packets until all the
destination nodes successfully get the complete information,
so as to reduce the total transmission cost. If the clusters
are predefined, we propose an efficient algorithm to divide
the destination nodes into multiple clusters, such that the
destination nodes within each cluster can conduct the
cooperative data exchange separately with energy efficiency.
Finally, simulation results demonstrate the effectiveness of
the proposed scheme in reducing the total transmission cost.
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We examine decoding structure for distributed space-time coded regenerative relay networks. Given the possible demodulation
error at the regenerative relays, we provide a general framework of error aware decoder, where the receiver exploits the
demodulation error probability of relays to improve the system performance. Considering the high computational complexity
of optimal Maximum Likelihood (ML) decoder, we also propose two low-complexity decoders, Max-Log decoder and Max-Log-
Sphere decoder. Computational complexities of these three decoders are also analyzed. Simulation results show that error aware
decoders can improve system performance greatly without high system overload and Max-Log decoder and Max-Log-Sphere
decoder can drastically reduce the decoding complexity with negligible performance degradation.

1. Introduction

Relay-assisted communication is a promising strategy that
exploits spatial diversity available among a collection of
distributed single antenna terminals for both centralized and
decentralized wireless networks. In most relay networks, a
two-stage relaying strategy is used. In the first stage, a source
transmits and all relays listen; in the second stage, the relays
cooperate to forward the source symbols to the destination.
Generally speaking, the relay functions can be separated
into two types, regenerative and nonregenerative. If the relay
processes the received signal, we call it regenerative relay,
such as Decode-and-Forward (DCF) [1] and Demodulation-
and-Forward (DMF) [2]. Otherwise, we call nonregenerative
relay, such as Amplify-and-Forward (AF) [1].

It is well known that the channel between source and
relay is unreliable because of fading and noise. The relay
receives an attenuated version of the source signal. AF relay-
ing scheme amplifies noise. DCF scheme always using cyclic
redundancy check (CRC) will cause interruptions when the
relay detects errors from the received message. DMF scheme
is a tradeoff between AF and DCF in relay processing.
Relay can always keep a transmit link from the source

and detects and possibly decodes the source signal [3].
Moreover, the DCF scheme can also be considered as a
special case of DMF if we consider the null signal as
one choice of the modulation constellation. Therefore, in
this paper, we treat DMF as the object to be studied for
regenerative relay networks. However, DMF relay has an
important disadvantage, which is the error produced in
relay’s Maximum Likelihood demodulation degrades the
effective SNR at the destination significantly, which is called
error propagation [4]. For distributed space-time coding
system in regenerative relay networks, the degradation is
more drastic [5, 6]. In [3], we proposed a threshold-based
scheme to minimize the error propagation, which is an
active mechanism equipped in relays but subject to the large
computation complexity.

In this paper, we intend to investigate the ML decoding
structure where the destination is able to be aware of the
error probability at the relays. Since the error probability at
relay is a monotonic decreasing function of received SNR
at relay, the destination can estimate the error probability
through training sequences which is transmitted by source
and amplified by relay. Meanwhile, each relay also trans-
mits its training sequence to estimate the relay-destination
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channel [5, 7]. Therefore, error aware distributed space-
time decoding is reasonable. After analyzing the conditional
likelihood function, we give a general framework of error
aware decoder for regenerative relay networks. Because the
proposed ML decoder is composed of multiple likelihood
function generators, the computational complexity is too
large to be affordable in some cases. Due to max-log approx-
imation, we provide a Max-Log decoder based on Csiszár-
Tusnady algorithm [8]. Moreover, to reduce the complexity
further, we also propose a Max-Log-Sphere decoder which
combines max-log approximation and sphere decoding.
In addition, we analyze complexities of these decoders in
terms of elementary operation number. Finally, simulations
verify the low complexity and improved performance of our
proposed decoders.

2. System Model

We consider a wireless network with N randomly placed
relay nodes, relay i = 1, . . . ,N , one source node S, and a
destination node D. Each node is equipped with only a single
antenna and uses the Half-duplex mode. Denote the channel
from the source to the ith relay as fi and the channel from the
ith relay to the destination as hi. Assume that { fi} and {hi}
are independent complex Gaussian random variables with
zero-mean and variance δ2

si and δ2
id, respectively. Receiver

noise is assumed as complex Gaussian random variable with
zero-mean and unit-variance. We assume a block fading
channel model, where channel gain stays constant during a
time block and changes from block to block [1]. We also
assume that the instantaneous channel is unknown to the
transmitting node but perfectly known at receiving node.
Assume that the source wishes to send the signal s =
[s1, s2, . . . , sT]T to the destination, where si ∈ A and A is
a finite constellation with average power 1/T . Here T is the
signal block length. Hence, E{sHs} = 1. Assume s is in the
codebook S = {s1, . . . , sL}, where L ≥ 2 is the cardinality of
the codebook. For the convenience of expression, we consider
all transmit power is unit.

During the first stage, the source node transmits sl, l ∈
[0,L− 1] to all relays, then each relay tries to demodulate the
received signal. Denote the demodulated symbol vector at the
ith relay is ŝi, and ŝi ∈ S. By (6.5) of [9], the demodulation
probability can be written as

P
(

ŝi | fi, sl
)

=

⎧
⎪⎪⎪⎪⎪⎨

⎪⎪⎪⎪⎪⎩

Q

(√
1
2

∣
∣ fi

∣
∣2∣∣sl − ŝi

∣
∣2

)

, if ŝi /= sl

1−
∑

1≤ j≤L−1, j /= l

Q

⎛

⎝

√
1
2

∣
∣ fi

∣
∣2|sl − si|2

⎞

⎠, if ŝi = sl,

(1)

where Q(x) = (1/
√

2π)
∫∞
x e−t2/2dt. If the source node

transmits sl, the ith relay decode its received signal as

si /= sl with probability Q(
√

(1/2)| fi|2|sl − ŝi|2). Obviously,
the probability of decoding successfully at the ith relay is

1−∑
1≤ j≤L−1, j /= l Q(

√
(1/2)| fi|2|sl − s j|2).

At the ith relay, the received signal ŝi is mapped onto
a T × 1 vector (not necessary), Fi(ŝi), as processed at one
antenna of colocated space-time coding transmitter. We
assume the map function Fi is invertible. Therefore, there are
L possible transmitted vectors to the destination for the ith
relay, because ŝi could be any vector in S. Herein, we assume
all mapping functions Fi, i = 1, . . . ,N , are different with each
other. Then, all relays transmit the mapped vectors to the
destination. At the destination, the received signal is

Y = [F1(ŝ1), . . . , FN (ŝN )]H + N, (2)

where Y = [y1, . . . , yT]T is the received signal, H =
[h1, . . . ,hN ]T is the relay to destination channel vector,
and N is Gaussian white noise. Define a codebook C =
{[F1(ŝ1), . . . , FN (ŝN )]}. Clearly, C includes LN elements. We
define the kth element of C is Ck = [c1k, . . . , cNk], where
cik ∈ {Fi(ŝi)}. Thus, if Ck is transmitted, we can express (2)
as

Y = CkH + N. (3)

Denote the inverse function of F as F −1. Then, we have

P(Ck | F, sl) =
N∏

i=1

P
(
F −1

i (cik) | fi, sl
)
, (4)

where F = [ f1, . . . , fN ]T . So, by (1), we can derive the exact
value of (4). Given a Ck, the conditional probability density
function of Y is

P(Y | H, Ck) = 1
πN

exp
(
−(Y− CkH)H (Y− CkH)

)
. (5)

3. Error Aware Maximum Likelihood Decoder

In this section, we provide a general Maximum Likelihood
decoder for distributed space-time coded regenerative relay
networks. First of all, destination should know the channel
information in this relay networks. The channels from relays
to the destination hi, i = 1, . . . ,N , can be estimated through
pilot symbols which are transmitted by each relay before data
transmission [10]. Herein, we assume all the estimators are
ideally accurate without error. The effect of estimation error
will be checked in simulations. To let the destination know
the demodulation error probability of each relay, we propose
the following extra channel estimation scheme.

Step 1. The source transmits its pilot symbol to all relays
through channels f1, . . . , fN . Without demodulating, each
relay maps the noise version signal to a vector like the scheme
proposed in [11].

Step 2. Each relay transmits the vector to the destination
like the Amplify-and-Forward based distributed space-time
coding [12].

Step 3. The cascaded channel between source and destina-
tion carried by amplified pilots, that is, fihi, i = 1, . . . ,N , can
be estimated at the destination like [11].
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Figure 1: Error aware ML decoder.

Therefore, fi also can be estimated by the above channel
estimation scheme. It is difficult to analyze the effect of
channel estimation error in error aware decoders, but we
simulate that in Section 6. In following context, we just
assume there is no channel estimation error to allow us to
focus only on structures of error aware decoders. Because the
signal vector set S and all mapping functions {Fi} are known
at the destination as a prior knowledge, (4) can be derived at
the destination.

If the transmitted signal is sl, the likelihood function is

P(Y | F, H, sl) =
LN∑

k=1

P(Y | H, Ck)P(Ck | F, sl). (6)

Therefore, the error aware ML decoder is

arg max
1≤l≤L

{P(Y | F, H, sl)}. (7)

Utilize (4)–(6), then (7) is derived. By (5), P(Y | H, Ck) is
independent of sl, so that according to the estimated channel
H, P(Y | H, Ck) can be calculated first. Then, using the
amplified pilot, P(Ck | F, sl) is also derived. Therefore, the
ML decoder can be built in Figure 1, where we show the
structure of error aware ML decoder for regenerative dis-
tributed space-time coding. Note that there are L adders and
LN likelihood function generators.

The complexity of the error aware ML decoder equals to
that of LN colocated space-time decoders it is too large to
be affordable if the signal block length, modulation order,
and the number of relay are considerablely large. Reference
[2] considered a piecewise-linear approximation to solve a
similar problem, but in this case it is also too complicated to
design an approximation function.

3.1. Optimality of Error Aware Decoder. To prove the opti-
mality of our proposed error aware receiver, we need to
analyze the error performance difference between the error
aware decoder and nonerror aware decoder (traditional

θ
d3
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d2

3

2

1

1 2 3

Relay 1

R
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 2

Received signal

{1, 1} {1, 2}

Figure 2: Illustration of the signal space.

receiver). Unfortunately, it is difficult to derive the exact error
performances of error aware decoder and nonerror aware
decoder. To illustrate the optimality, we try to give following
two points (in Figure 2).

(1) Receiver Rule. Since the error aware decoder is based on
ML rule, it should be the optimal receiver [10].

(2) Signal Space Description. To express clearly, we set the
source transmit a symbol s ∈ A and A = {1, 2, 3}. We
assume 1 is transmitted by the source. Consider there are 2
relays in the relay networks. Then, it is obvious that there
could be 32 possible decoding combinations at the relay
network, that is, {1, 1}, {1, 2}, {2, 1}, ..., {3, 2}, {3, 3}. In
the nonerror aware decoder, combinations {1, 1}, {2, 2}, and
{3, 3} are considered. In following, we consider two cases.
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Case 1 (No error happens at relays). In this case, relays
decode the received message as 1, which means decode set
is {1, 1} (red ball). According to (6), error aware decoder is
equivalent to the nonerror aware decoder. Therefore, both
have the same error performances.

Case 2 (Error happens at relays). In our interested situation,
the impact of noise is very slight therefore, the system
SNR is very high and we could only consider the closest
symbols as errors. As a result, our candidates are also
limited between {1, 2} and {2, 1} in error aware decoder.
As we know, the error performance is a Q-function of the
distance between the transmitted symbol and the received
symbols on the signal space [10]. Therefore, the error
performance of nonerror aware receiver could be expressed

as Q(
√
d2

3SNR). By (6), the error performance of error aware

decoder is Q(
√
d2

1SNR)Q(
√
d2

2SNR). As we consider high
SNR regime, then there isQ(x) ≈ exp(−x2/2). Then the error
performance of error aware decoder can be approximated as
exp(−(d2

1+d2
2)SNR/2). Denote the angle between d1 and d3 as

θ. Because the received signal is so close to {1, 2}, then cos θ >
0. By the law of cosines, we have exp(−(d2

1 + d2
2)SNR/2) <

exp(−d2
3SNR/2). For {2, 1}, we can obtain the same result. So

we can prove that error aware decoder outperforms nonerror
aware decoder.

4. Low-Complexity Error Aware Decoders

In this section, we will introduce two low-complexity
error aware decoders through analyzing and simplifying the
structure of ML decoder. The simplifying process we used
herein can be extended for more general cases to obtain low-
complexity decoders. First, we use Max-Log approximation
to derive a Max-Log error aware decoder which can work
with Csiszár-Tusnady algorithm. Second, to reduce the com-
plexity further, sphere decoding also is combined into the
Max-Log decoder, which is called Max-Log-Sphere decoder.

4.1. Error Aware Max-Log Decoder. Substitute (6) into (7),
there is

arg max
1≤l≤L

⎧
⎨

⎩

LN∑

k=1

P(Y | H, Ck)P(Ck | F, sl)

⎫
⎬

⎭
. (8)

Because log(x) is an increasing monotonic function, the ML
decoder can be rewritten as

arg max
1≤l≤L

⎧
⎨

⎩
log

⎛

⎝
LN∑

k=1

exp
{

−1
2
‖Y− CkH‖2 + λk,l

}
⎞

⎠

⎫
⎬

⎭
. (9)

According to (5) and max-log approximation in [13], we
derive

arg max
1≤l≤L

{

arg max
1≤l≤LN

{
−‖Y− CkH‖2 + λk,l

}}

, (10)

where λk,l = log(P(Ck|F, sl)).
We can see that decoding distributed space-time code

becomes searching a two-dimension array, which is indexed

by (k, l). Intuitively, this decoder also needs LN ML detector
like ML decoder. The only difference is that calculating the
likelihood function of each symbol vector does not need
cross-computation. However, double maximization problem
can take advantage of Csiszár-Tusnady algorithm to reduce
computing [8]. Because the set {‖Y− CkH‖2} is a set of
distance measure which is one-one mapped to a probability
distribution set and {λk,l} is the set of probability distri-
bution, moreover, {λk,l} ≤ 0, then (10) can be seemed to
seek the vector which has the minimum sum distance which
equals to the distance from sl to Ck plus the distance from Ck

to Y. Thus, Csiszár-Tusnady algorithm does converge to the
maximum element [8]. We summarize the iterative Max-Log
decoder as follows (Figure 3).

4.2. Error Aware Max-Log-Sphere Decoder. If the length of
vector s and the constellation size are sufficiently large, Max-
Log decoder is also subject to the implementation. The
largest computation is required for searching code set C with
cardinality LN . Reducing the decoder complexity depends on
searching C.

To state the Max-Log-Sphere decoder, we first find the
real-valued equivalent of (3), Define

Ỹ =
[
R{Y}T , I{Y}T

]T

2T×1
,

H̃ =
[
R{H}T , I{H}T

]T

2N×1
,

Ñ =
[
R{N}T , I{N}T

]T

2T×1
,

C̃k =
[

R{Ck} I{Ck}
−I{Ck} R{Ck}

]

2T×2N

,

(11)

where R{·} and I{·} denote real part and imaginary part.
By (10), we yield

arg min
1≤l≤L

{

min
1≤k≤LN

{∥
∥
∥Ỹ− C̃kH̃

∥
∥
∥

2 − λk,l

}}

. (12)

For a specific sl, the decoding object is

arg min
1≤l≤LN

{∥
∥
∥Ỹ− C̃kH̃

∥
∥
∥

2 − λk,l

}

= arg min
1≤l≤LN

{∥
∥
∥Ỹ−

(
H̃T ⊗ I

)
Vec

{
C̃k

}∥
∥
∥

2 − λk,l

}

,

(13)

where ⊗ is the Kronecker product operation. Obviously, we
can use sphere decoding method [14, 15] to searching Ck,

which minimizes (13). Note that ‖Ñ‖2 = ‖Ỹ− C̃H̃‖2
is an

χ2 random variable with 2N degrees of freedom. We choose

the radius r to be a linear function of the variance of ‖Ñ‖2

r2 = 2αN , (14)

where the coefficient α is chosen in such a way that with a
high probability Pf p we can find a lattice inside a sphere

∫ 2αN

0

xN−1

Γ(N)
e−xdx, (15)
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Figure 3: Max-Log decoder.

(1) Initialization: Set error probability set P . Take any element of Ck ∈ C and compute Dk = −‖Y− CkH‖2.
(2) Step 1: Find the l that makes Dk + λk,l is maximum for the chosen k, where λk,l ∈ P and is calculated by (4).
(3) Step 2: Fix l and find a Dn ∈ C which makes Dn + λn,l is maximum.
(4) Decision: If n = k, goto End, otherwise, goto Step 1.
(5) End: sl is the decoded vector.

Algorithm 1

where Γ(N) = ∫∞
0 tNe−tdt. Note that the radius is chosen

based on the noise not on channel efficiency. As stated in
[14], this point has a beneficial effect on the computational
complexity.

For expression convenience, we define H̃T ⊗ I = B and
Vec {C̃k} = X with size 4NT × 1. Therefore, searching X is
equal to searching Ck. Applying the idea of the Fincke Pohst
algorithm (See Algorithm 1), we search for the point X that
belongs to the geometric body described by

r′2k,l ≥
(

X− X̂
)H

UHU
(

X− X̂
)
−

N∑

i=1

log
(
P
(

cik | fi, sl
))

,

(16)

where X̂ = B†Y = (BTB)−1ATY and U is the low triangular
matrix obtained from QR factorization of B. The search
radius r′k,l is chosen according to the statistical properties
of noise and the decoding error at relays. Denote 4NT = M,
then, a necessary condition for xM , the Mth element of Xk, is

b2
M,M(xM − x̂M)2 − δk,l,M ≤ r′2k,l, (17)

where δk,l,M is defined as

δk,l,M = 1
2N

logP
(

C j,k f j , sl
)

,

j = 1
2

mod (M, 2T).

(18)

Herein we allocate the additional weight δk,l,m averagely over
N relays. Moreover, we define

r′2k,l,M−1 = r′2k,l − b2
M,M(xM − x̂M)2 + δk,l,M , (19)

and a new necessary condition can be written as

b2
M−1,M−1

(

xM−1 − x̂M−1 +
bM−1,M

bM−1,M−1
(xM − x̂M)

)2

− δk,l,M−1 ≤ r′2k,l,M−1.

(20)

In a similar fashion, one proceeds for xM−2, and so on,
and until all components of vector X are found. Note that
the dominant difference between Max-Log-Sphere decoder
and sphere decoder proposed in [14] is that radius varies
according to all possible code words. In this Max-Log-Sphere
decoder, for each k, we just check Xk whether to meet
its radius. If there exists more than one Xk can meet the
constraint (17) for xm, keep these survival code word and
go to next code word. If some of these code words cannot
meet the new constraint, then drop them. That is to say for
each lattice we must try all possible radiuses. For a specific sl,
Max-Log-Sphere decoder can be summarized as Figure 4.

After terminating the decoder algorithm for sl (See
Algorithm 2), select the Ck which achieves the minimum
distance to Ỹ. Then through L Max-Log-Sphere decoder with
l = 1, . . . ,L, choose the sl which minimizes the distance to Y.

Note that Max-Log-Sphere decoder needs estimating the
noise variance of the receiver. However, Max-Log decoder
using Eulerian distance and error probability is more real-
izable. Hence, there is a tradeoff between computational
complexity and implementation to choose which one is
suitable.



6 International Journal of Distributed Sensor Networks

Sphere
decoding

Sphere
decoding

Sphere
decoding

Min

...

Y
s

k = 1, . . .,LN

k = 1, . . .,LN

k = 1, . . .,LN

s1

s1

s1

Figure 4: Max-Log-Sphere decoder.

Input B, Y, X̂, r, λk,l ,d, Set k = 1.

(1) Set m =M, r
′2
k,l,M = r2 − ‖Ỹ‖2

+ ‖BX̂‖, x̂M|M+1 = x̂M .
(2) (Set bounds for xm) Set zk = r′k,l,m/bm,m,

UB(xm) = �zk + x̂m|m+1�, xm = −zk + x̂m|m+1� − d.
(3) (Check xm) Set xm = Xk(m),

if b2
m,m(xm − x̂m|m+1)2

> r
′2
k,l,m + δk,l,m and xm ≤ UB(xm), go to (5), else to (4).

(4) (Increase k) k = k + 1, If k = LN + 1, terminate algorithm, else go to (1).
(5) (Decrease m) If m = 1 go to (6). Else m = m− 1, x̂m,m−1 = x̂m +

∑M
j=m+1(bk· j /bm,m)(xj − x̂ j),

r
′2
k,l,m = r

′2
k,l,m+1 − r2

m+1,m+1(xm+1 − x̂m+1|m+2)2 + δk,l,m+1, and go to (2)
(6) Solution found for k. Save k, Xk and exact distance dk,l . and set k = k + 1, if k = LN + 1, terminate algorithm, else go to (1).

Algorithm 2

5. Computational Complexity Analysis

In this section, we analyze and compare the computational
complexity of above three decoders. We use the average num-
bers of real elementary operation, Cp (including addition,
subtraction, multiplication, and division), as a measure for
computational complexity.

5.1. Complexity of ML Decoder. By (5), it easy to know that
compute P(Y | H, Ck) needs TN+5T+3N+1 times additions
and 4NT + 4T multiplications. Similarly, observe (4), we
also can figure out that compute P(ck | F, s) needs N − 1
multiplications. Therefore, there are (LN−1)+LN (TN+5T+
3N−1) additions and LN (4NT +4T +N−1) multiplications
to obtain P(Y | F, H, sl). As a result, it needs

CML
p = LN+1(5NT + 9T + 4N − 1)− L. (21)

operations (additions and multiplications) to perform ML
decoder.

5.2. Complexity of Max-Log Decoder. Recall (10),
‖Y− CkH‖2 needs TN+5T+3N−1 additions and 4NT+4T

multiplications and λk,l needs N − 1 multiplications. There-
fore, Max-Log decoder needs

C
Max− log
p = LN (5NT + 9T + 3N − 1) + LN+1(N − 1) + L.

(22)

real operations. To compare the complexities of ML decoder
and Max-Log decoder, we have

CML
p − C

Max− log
p

= LN+1
[

(5N + 9T + 3N − 1)
(

1− 1
L

)

+ 1− 2
LN

]

.

(23)

As stated in system model, L ≥ 2 andN ≥ 1, so there isCML
p >

C
Max− log
p . That is to say ML decoder has higher complexity

than Max-Log decoder.

5.3. Complexity of Max-Log-Sphere Decoder. Max-Log-
Sphere decoder for a sl has LN radiuses but each radius is
only assigned for searching one possible Ck. According to
[14, 15], an arbitrary lattice point Xk that belongs to an
m dimensional sphere of radius rk,l around the transmitted
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point Xt is given by the following incomplete Gamma func-
tion:

γ

⎛

⎜
⎜
⎝

2αN + λk,l

2
(

1 + Pr
∥
∥
∥Xm

t −Xm
k

∥
∥
∥

2
) ,

2N − 2T + m

2

⎞

⎟
⎟
⎠

=
∫ 2(1+Pr‖Xm

t −Xm
k ‖2)

0

x((2N−2T+m)/2)−1

Γ((2N − 2T + m)/2)
e−xdx,

(24)

where Xm = [xM−m, xM−m+1, . . . , xM]T , and Pr is the relay
transmit power, which is assumed as unit in above context.
The number of elementary operations that the Max-Log-
Sphere decoder performs per each visited point in dimension
m is

Cp(k, l,m) = 2m + 12. (25)

Denote (24) as Pk,l; therefore,Cp of Max-Log-Sphere decoder
is yielded as

Cp =
L∑

l=1

LN∑

k=1

M∑

m=1

Cp(k, l,m)Pk,l . (26)

It is difficult to compare Max-Log-Sphere decoder with other
decoders, but in next section we will show simulation results
to illustrate the differences.

6. Simulation Results

In this section, we provide the simulation results to show the
proposed error aware decoders. We denote the total power
noise ratio as the system signal-noise ratio (SNR) indicator.
And half of total power is assigned for source transmit
power, and another half is equally divided by all relays. In
this simulation, we adopt distributed linear dispersion code
proposed in [12] as the coding scheme for its simplicity,
where Fi(s) = Ais and Ai is a random unitary matrix. For
Max-Log-Sphere decoder, herein we set Pf p = 0.99. All other
parameters are the same with system model. We also should
claim the nonerror aware decoder is

arg min
s
‖Y− C(s)H‖2, (27)

where C(s) = [A1s, A2s, ..., ANs].

6.1. Performance Comparison with Ideal Receivers. Figure 5
demonstrates bit error rate (BER) performances of different
decoders where two relays are employed and the signal
modulation is BPSK. That is to say T = N = 2. We
can see that at high SNR regime error aware decoders
achieve almost 6 dB gain than nonerror aware decoder and
outperform AF scheme-based ML decoder about 3 dB. Thus
it is worthy to bring slight system overhead for delivering
channel estimation to improve the system performance.
Over all SNR range, Max-Log decoder and Max-Log-Sphere
decoder have nearly the same performance with ML decoder.
Therefore, the degradation of Max-Log approximation is
negligible. Carefully observing, we found that the slope of
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Figure 5: BER performance of error aware decoders (2 relays, ideal
receiver).

BER curve decreases. The reason is that the hard-decision
error at relay limits the systems performance even though
SNR is enough high.

In Figure 6, we also simulate a 4-relay network to show
the BER performance of that decoders. Herein, T = N = 4
and modulation is QPSK. Similarly, error aware decoders
can bring about 7 dB power gain than nonerror aware
decoder at 22 dB SNR. We can see that it is different
from Figure 5 that error aware decoders only achieve about
1.5 dB gain than AF-based ML decoder. The reason is that
high-order modulation incurs more error after decoding at
relays and enlarges errorpropagation so that deceases the
possible gain of error aware decoder. And in this case, the
differences of three error aware decoders are more slight. It
is interesting that the slope of BER curve does not decrease
here. That is because more relays bring more error conditions
and consume more power. Therefore, the slope decreasing
threshold is larger than 2 relay with BPSK system. From
both two figures, we can assert that error aware decoders can
improve the system performance efficiently with little system
cost.

For distributed space-time coded (DSTC) relay net-
works, [12] had proved that the maximum achievable
diversity order is min{N ,T}. Reference [16] addressed that
demodulate-and-forward scheme in a relay network where
direct link is available can only achieve half of maximum
diversity. In our simulations, relay network with nonerror
aware decoder has an even less diversity, that is, the
diversity of nonerror aware decoder in Figure 5 is 1 and
in Figure 6 is only 1.2. That is because there is no direct
link in our model and direct link which does not produce
demodulation error. Adding a direct link can increase the
system diversity by one but adding on one relay could not
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Figure 6: BER performance of error aware decoders (4 relays, ideal
receiver).

gain advantages, but even get worse. Essentially speaking,
demodulation error limits the diversity growing. On the
other hand, error aware decoder has a larger diversity than
nonerror aware decoder. That is to say error aware decoder
gains advantages from the available error probabilities.
Since there are also demodulation errors at relays, error
aware decoder cannot achieve the full diversity at finite
SNR.

6.2. Performance Comparison with Practical Receiver. In
order to validate the practical performance of our proposed
error aware decoders, we also consider a practical receiver
at the destination, where channel state information is
generated by channel estimator. It means that channel state
information is not perfect and has estimation error. We set
the transmit power of pilot symbols used to estimate channel
equal to the transmit power of data symbols. The procedure
of channel estimation follows that 3-step scheme described in
Section 3. Channel estimators are built on minimum mean
square error (MMSE) rule [11]. In addition, the performance
degradation of low-complexity decoders is incurred by less
searching in codebook. Moreover, both Figures 5 and 6 prove
that low-complexity decoders achieve similarly performance
compared with the error aware ML decoder. Therefore, in
following simulation, we do not draw the performance of all
three error aware decoders but error aware ML to compare
with other schemes.

Figures 7 and 8 give the BER performances of differ-
ent decoders with practical receivers where channel state
information is not perfect. Clearly, the channel estimation
error does not change performance relationship among
nonerror aware decoder, AF-based ML decoder, and error
aware ML decoder. Comparing Figures 5 and 7, we can
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Figure 7: BER performance of error aware decoders (2 relays,
practical receiver).
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Figure 8: BER performance of error aware decoders (4 relays, ideal
receiver).

see that the performance gain obtained by error aware
decoder as compared to AF-based ML decoder decreases
from 3 dB to 2.5 dB. We also can find that the gain of error
aware decoder over nonerror aware decoder decreases from
6 dB to 5 dB through comparing Figures 6 and 8. That is
to say that the uncertainty of channel state information
does degrade the performance of our proposed error aware
decoder but the degradation is limited. Error aware decoder
still outperforms nonerror aware decoder. In summary,
our proposed error aware decoder works well in practical
receivers.
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Figure 9: Average operation number of three decoders with 2 relay,
BPSK.

6.3. Complexity Comparison. We will show the computa-
tional complexity of three error aware decoders by elemen-
tary operation number. Note that the operation number of
Max-Log-Sphere decoder varies with unitary matrices Ai and
the channel realization because of (13). We average the ele-
mentary operation number over 1000 channel realizations.

In Figure 9, we show the average operation number of
these three decoders when 2 relays are employed. Obviously,
Cps of ML decoder and Max-Log decoder are independent
of SNR. Max-Log decoder has a lower complexity than
ML decoder. Max-Log-Sphere decoder needs far smaller
operation number than that of ML decoder and Max-
Log decoder. Of course, for 2-relay network, the operation
number of ML decoder is trivial compared with current
hardware computing rate. However, for 4 relays with QPSK
modulation scheme, it is too large to be affordable. Figure 10
gives the elementary operation number in this case. We
can see that ML decoder has 1.4404e + 014 operations!
The operation number of Max-Log decoder is nearly 1%
of that of ML decoder. It is notable that Max-Log-Sphere
decoder needs only 0.1% operation number of Max-Log
decoder. Therefore, Max-Log-Sphere decoder achieves the
same BER performance with optimal ML decoder but costs
drastically low computation. Although Max-Log-Sphere has
an attractive performance, the noise variance should be
estimated first to calculate searching radius [14]. Max-Log
decoder just utilizes Eulerian distance and error probabilities;
therefore, it is a good tradeoff for decoding structure between
implementation and computational complexity. We can
choose one of them due to different receivers.

7. Conclusion

In this paper, we provide a general framework of error
aware distributed space-time decoder for regenerative relay
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Figure 10: Average operation number of three decoders with 4
relay, QPSK.

networks. Through two-stage pilot symbols, the destination
can estimate not only the relay-destination channel but
also the error probability happening at relays. Using these
estimated error, Maximum Likelihood decoder is provided.
To reduce computational complexity, Max-Log decoder and
Max-Log-Sphere decoder are also proposed by max-log
approximation. Simulations show that error aware decoders
can improve the performance drastically. Max-Log-Sphere
decoder can achieve the same performance with ML decoder
and needs far lower computational complexity. Without
noise estimating, Max-Log decoder can make a good tradeoff
between implementation and computational complexity.
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In wireless sensor networks, it is of great importance for fault diagnosis to ensure the gathering information accuracy and reduce
energy additionally consumed by faulty nodes, for the deployment of a large number of sensor nodes in hostile environment. In
this paper, we propose an energy-efficient data collection protocol which consists of clustering and multipath routing. Clustering
based on fault diagnosis eliminates the possibility of cluster heads (CHs) acting by faulty nodes which reduce energy consumption
and fault information transmission. Multipath routing provided by directed acyclic graph (DAG) increases system fault tolerance.
Furthermore, clustering and multihop routing consider residual energy and routing cost, respectively; thus balanced energy
consumption is achieved. Performance analysis shows that the message complexity disseminated in clustering and fault diagnosis
is acceptable. Simulations demonstrate that the protocol has better energy efficiency compared with other related protocols.

1. Introduction

In recent years, Wireless Sensor Networks (WSNs) have
become an attractive technology for a large number of
applications, ranging from monitoring to event detection
and target tracking [1]. To design and deploy successful
WSNs, many issues need to be resolved such as deployment
strategies, energy conservation, fault-tolerant routing in
dynamic environments, localization, and fault diagnosis.
To extend the network lifetime as long as possible, energy
efficiency becomes one of the basic tenets in the WSNs pro-
tocol design. There are several possible solutions to balance
energy consumption, such as deployment optimization [2],
topology control [3], and data aggregation [4].

Among these schemes, clustering provides an effective
way for promoting energy efficiency [5–9]. In clustering
schemes, sensor nodes are organized into clusters and a main
node is selected as the cluster head (CH) of a cluster, and
the other nodes are called cluster members (CMs). Each
CM collects local data from the environment periodically
and then sends it to the CH. When the data from all the
CMs arrives, the CHs aggregate the data and send it to
the BS via single-hop or multihop. When the network is
partitioned into clusters, data transmission can be classified

into two stages, that is, intra- and intercluster communi-
cation. Mhatre and Rosenberg have shown that multihop
intercluster communication mode is usually more energy
efficient because of the characteristics of wireless channel
[10]. Thus it is better to let CHs cooperate with each other
to forward their data.

Due to the low cost and the deployment of a large num-
ber of sensor nodes in uncontrolled or even harsh envi-
ronments, it is common for nodes to become faulty. The
existence of these faulty nodes in WSNs brings the data
collection protocol many adverse effects such as nonuniform
distribution of the clustering effect and inaccuracy of the
information collected. In addition, too many faulty nodes
directly affect the connectivity of the network, resulting in
premature network partition, which is an important factor
affecting network lifetime. How to identify faulty nodes and
eliminate the impact of these nodes gradually attracts more
and more attentions.

Multipath routing between a source and a destination is
a promising routing scheme to achieve robustness, load bal-
ancing, bandwidth aggregation, congestion reduction, and
security compared to the single shortest-path routing that is
usually used in most networks [11]. Techniques developed
for multipath routing are often based on employing multiple
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spanning trees or directed acyclic graphs (DAGs) [12, 13].
Both of them offer resiliency to single-link failure. Due to
the relative instability of communication links in WSNs, it is
necessary to explore the feasibility of the multipath routing.

In this paper, we analyzed the opportunities and chal-
lenges of fault diagnosis based on comparison model in
WSNs, and so far there is little work done for this owing
to the inherent characteristic of WSNs. Furthermore, we
design and implement a fault diagnosis-based clustering and
multipath routing protocol (FDCM) for wireless sensor net-
works. FDCM mainly includes two phases: fault diagnosis-
based clustering and multipath routing selection. The fea-
tures making FDCM distinct are as follows. (i) Clustering
based on fault diagnosis eliminates the possibility of CH
acting by faulty nodes which reduce energy consumption
and fault information transmission. (ii) The constructed
DAG provides multipath routing approach, which increases
system fault tolerance. (iii) Clustering and multihop routing
consider residual energy and transmission cost, respectively,
which balance energy consumption and promote network
efficiency. Consequently, the communication overhead and
network lifetime of FDCM are desirable.

The rest of the paper is organized as follows. The next
section describes the related work. Section 3 introduces the
network model and related terminologies at first, after which
is the fault diagnosis model based on comparison model.
Subsequently, it analyzes the fault diagnosis addressing
WSNs and provides several requirements. The system design
including clustering construction and multihop routing is
detailed in Section 4. The simulation results are given in
Section 5. Finally, the conclusion and the future work are
drawn in Section 6.

2. Related Work

Clustering provides an effective way for prolonging the
lifetime of WSNs. Heinzelman et al. [5] first proposed
a clustering protocol called LEACH for periodical data
gathering applications. It is an application-specific data
dissemination protocol that uses clustering to prolong the
network lifetime. HEED [6] introduced a variable known
as cluster radius which defines the transmission power to
be used for intracluster broadcast. EEUC [8] and EADUC
[9] introduced cluster head competitive algorithms which
extend LEACH and HEED by choosing CHs with more
residual energy. Both of them achieve well distribution of
CHs.

As faults are inevitable in every distributed computer
system, especially in WSNs which consist of a large number
of capacity-limited nodes, it is important to be able to
determine which of them is working and which is faulty.
Comparison-based diagnosis is a realistic approach to detect
faulty nodes based on the outputs of tasks executed by
system nodes. The model is based on comparisons of the
outcomes returned by different units executing the same task
and uses the invalidation rule of the generalized Maeng and
Malek (gMM) model [14, 15]. Comparison-based diagnosis
initially used for multiprocessor system has been firstly
applied to mobile ad hoc networks (MANETs) by Chessa

and Santi [16]. Later, Elhadef et al. considered the problems
of self-diagnosis of wireless mesh networks (WMNs) and
MANETs using the comparison approach [17, 18].

For WSNs, traditional comparison-based fault diagnosis
protocols for multiprocessor systems, WMNs and MANETs
are not suitable without changing. To the best of our
knowledge, so far fault diagnosis based on the comparison
model has not yet been applied to WSN efficiently. Chen
et al. proposed a distributed fault-detection algorithm to
locate the faulty sensors [19]. It calculated the measurement
difference between neighbor sensors at different times to find
if the current measurement of a sensor is different from its
previous measurement. Wang et al. provided a cluster-based
real-time fault diagnosis aggregation algorithm for WSNs
[20]. The protocol is based on the comparison approach
aiming at achieving a correct and complete diagnosis for
hierarchical WSNs. They assumed that each sensor can
transmit data to any other sensor and can communicate
directly with the BS, which is unrealistic in practice.

3. System Models

3.1. Network Model. In this paper, we consider a sensor
network consisting of N static and homogeneous sensor
nodes uniformly deployed over a vast field to continuously
monitor the environment. The communication topology of
WSN is usually represented by the graph G = (V ,E), where
each vertex v ∈ V represents a sensor node and each edge
(u, v) ∈ E represents a communication link. For any vertex
v ∈ V , N(v) is the set of all vertices that are adjacent to v
in G. We denote the ith sensor by si and the corresponding
sensor node set S = {s1, s2, . . . , sN}. Assume that links are
bidirectional in nature, which may be realized using two
unidirectional links. We denote a bidirectional link between
nodes si and s j as si – s j , while the directed link from si
to s j is denoted by si → s j . When a link fails, it means
that both directed edges have failed. For graph terminology
and notation not defined here we refer the reader to [21].
Moreover, we make the following assumptions about the
sensor nodes and the underlying network model.

(1) There is a unique identifier for every node. The com-
puting, storage, and energy power of sensors are lim-
ited. Nodes are capable of operating in an active
mode or a low-power sleeping mode.

(2) There is a stationary base station (BS) located far
from the sensing field. BS distributes control mes-
sages in one-hop mode, and its energy and comput-
ing capability are not limited.

(3) Nodes are location-unaware, but a node can compute
the approximate distance to another node based on
the received signal strength, if the transmitting power
is known.

(4) All nodes are static and homogeneous which are
organized as clusters. CMs communicate with CH
with one-hop manner, while the communication
between CHs and BS is relayed by other CHs.
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(5) Proper data aggregation mechanism is adopted for
energy saving, and there exists a MAC protocol which
is executed to solve contentions, providing reliable
one-hop broadcast over logical links.

All of these assumptions are typical for wireless sensor
networks, which means that our model is general, that is,
not unrealistic. We use a simplified model for the commu-
nication energy dissipation [22]. Both the free space (d2

power loss) and the multipath fading (d4 power loss) channel
models are used, depending on the distance between the
transmitter and receiver. The energy spent for transmission
of an l-bit packet over distance d is

ETx(l,d) =
{
l × Eelec + l × εfs × d2, d < d0

l × Eelec + l × εmp × d4, d ≥ d0.
(1)

The electronics energy, Eelec, depends on factors such as
the digital coding, modulation, whereas the amplifier energy,
εfsd2 or εmpd4, depends on the transmission distance and the
acceptable bit error rate. To receive this message, the radio
expends energy:

ERx(l) = l × Eelec. (2)

3.2. The Diagnosis Model. Each node in the system can be
in one of two states: faulty or fault-free. There are dif-
ferent classifications for faulty type. Based on duration,
faults can be classified as permanent, intermittent, and
transient. A transient fault will eventually disappear without
any apparent intervention, whereas a permanent one will
remain unless it is repaired and/or removed by external
administrator. Based on how a failed node behaves once it has
failed, faults can be either hard or soft. When a node is hard-
faulted, it cannot communicate with the rest of the system. In
WSNs, a node can be hard-faulted either because it is crashed
or due to battery depletion. Soft faults are subtle, since a
soft-faulted node continues to operate and to communicate
with the other nodes in the system, although with altered
behaviors. In this paper, we utilize the invalidation rule of
the gMM model [14, 15] that is summarized in Table 1.

In the gMM model, diagnosis is based upon comparison
of the results generated by test tasks assigned to pairs of
units with a common neighbor. Let u be a unit adjacent
to both unit v and w. If nodes u, v, and w are fault-free,
then the results agree and the comparison outcome is 0. If
unit u is fault-free and any unit v or w is faulty, then the
results disagree and the comparison outcome is 1. If unit u
is faulty, then the comparison outcome may be not reliable
(0 or 1), regardless of the state of v and w. Assuming that
the topology of the network does not change during the
diagnosis executing, comparison-based approach relies on
the following operations.

(1) Test Request Generation. In order to test adjacent nodes,
each node u generates a test sequence number i, a test task
Ti, the expected result Ru,i and sends the test request message
TEST REQ(u, i,Ti) to its neighbors N(u) at time t. Then,
node u sends a message Tout to initiate the timer. Node

Table 1: The invalidation rule of the gMM model.

u v w
Comparison result of

v and w by u

Fault-free Fault-free Fault-free 0

Fault-free Faulty Fault-free 1

Fault-free Fault-free Faulty 1

Fault-free Faulty Faulty 1

Faulty Any Any Not reliable

u expects to receive response message that comes from its
neighbors within this time bound.

(2) Test Request Reception. Any node v in N(u), upon
receiving TEST REQ, generates the test result Rv,i for Ti and
sends test response message TEST RES(u, i,Rv,i) to N(v) at
time t′, with t < t′ < t + Tout. Note that (u, i) is known as
header of message, which is used to uniquely identify the test
task and the sender.

(3) Test Response Reception. Any node w in N(v) at time t′,
upon receiving TEST RES(u, i,Rv,i), does the following.

Case 1. If w = u, that is, w is the testing node itself, it
compares Rv,i with the expected result Ru,i and generates the
comparison outcome. Node v is diagnosed as fault-free if the
outcome is 0, as faulty otherwise.

Case 2. If w /=u, this means that w is not the testing node, we
should check whether w is u’s neighbor. The following two
cases arise.

Case 2.1. w ∈ N(u) at time t. In this case, w ∈ N(v)∩N(u),
that is, w and the tester node u share at least one common
adjacent node v. Node w received the test request TEST REQ
from u and the test response TEST RES from v, hence it can
compare Rv,i with Rw,i. Node v is diagnosed as fault-free if
the comparison outcome is 0, as faulty otherwise. Figure 1(a)
illustrates this case.

Case 2.2. w /∈ N(u) at time t. If there exists some z ∈ N(u)
such that Rz,i = Rv,i then both nodes are diagnosed as
fault-free; otherwise, if node z (node v) has been diagnosed
as fault-free, then node v (node z) is diagnosed as faulty.
Otherwise, the test result Rv,i is stored. Figure 1(b) illustrates
this case.

(4) Timeout Reception. After sending its test response mes-
sage, node u initiates a timer to Tout in order to guarantee
that its neighbors will response within this time bound. Once
this bound expires, the testing node u receives the timeout
message from the timer and diagnoses all the nodes that did
not reply to the test request as faulty.

3.3. Problems and Requirements. The inherent characteristics
of WSNs make the direct applications of existing fault
diagnostic models that have been pervasively applied in
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Figure 1: (a) Node w received u’s test task and v’s corresponding
response reply. (b) Node w received v and z’s response correspond-
ing to u’s test task.

traditional multiprocessor systems, WMNs, and MANETs
are unrealistic. In the following, we sum up these problems
and give the corresponding analysis.

On the one hand, we require a suitable fault diagnosis
mechanism for WSNs which is energy-efficient and message
complexity acceptable. Sensor nodes are limited in battery
energy, computing, and storage capacity, and the protocol
design need to consider the energy efficiency of the network
nodes. That is, the amount of calculation performed by
nodes should be moderate and the traffic generated by
the exchange of messages should be reasonable. Clearly,
there should be some mechanisms to isolate messages
flooding in the networks. Owing to instability of nodes,
the number of faulty nodes is far more than the traditional
multiprocessor systems or MANETs. Besides, constrained by
wireless communication capacity, the structure properties
in terms of regularity, connectivity, and so forth, of the
communication topology are worse than interconnection
networks. As a result, the traditional diagnostic measures
cannot meet the fault diagnosis requirements in WSNs.

On the other hand, an excellent clustering mechanism
provides a good basis for fault diagnosis. Clustering WSNs,
CMs only perform the sensing tasks, while in addition to
collecting data from CMs, CHs also have to fulfill a variety
of other tasks, such as data aggregation, cluster maintenance,
and communication with BS via multihop or one-hop way.
Considering the efficient mechanisms for CHs to reduce
and balance energy consumption and to ensure the CHs
fault-free is crucial, especially in fault diagnosis applications.
Besides, nodes are left unattended after deployment requires
adaptive node fault processing mechanism. For instance, the
fault conditions can be transmitted to the BS, which are
uniformly processed according to the actual requirements.

In this paper, we summarize the protocol design as
clustering problem based on fault diagnosis and multipath
routing problem based upon DAG. Since the networking
nodes in WSNs are very limited in resources, clustering
should not only have small size, but also be constructed
with low communication overhead and computation cost. In
addition, the amounts of communication and computation
should be scalable as the networks are typically deployed with
large network size. For the multipath routing problem, the
backbone network composed of CHs can be abstracted as an
edge and vertex weighted graph G(V, E, W, R). We view the
CHs as vertexes set V , the communication links as edges set
E, the communication cost (edge weight) as W : E(G) → R+,
and the residual energy (vertex weight) as R: V(G) → R+. In
order to provide solutions for the two problems, we believe
the following requirements should be met.

(1) Clustering should be completely distributed with
accepted message complexity. Each node indepen-
dently makes its decisions based on local information
and results into well-distributed CHs over the sensing
field.

(2) At the end of clustering, each node is either a cluster
head or a member node.

(3) Using message complexity acceptable diagnostic
mechanism to eliminate the harmful influence and to
avoid unnecessary energy consumption imposed by
faulty nodes.

(4) Utilizing multipath routing mechanism to make the
gathering data transmission reliable. In particular, it
is necessary to select the cost-aware or energy-aware
communication path among all of the possible paths.

(5) Avoiding excessive energy consumption of CHs and
maintaining the energy consumption balance of
network nodes.

4. System Design

Our fault diagnosis-based clustering and multipath routing
data collection protocol (FDCM) can be divided into two
phases mainly as follows. Phase (I): clustering construction
based on fault diagnosis; Phase (II): resilient multipath
routing selection. In the following, we explain how FDCM
works in detail.
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4.1. Clustering Construction Based on Fault Diagnosis. In
network deployment phase, BS broadcasts a HELLO message
to all the nodes in the network at a certain power level
which includes a certain number of candidate CHs selected
in advance. After receiving this message each sensor node
checks whether it is a candidate CH. Each selected CH
computes the approximate distance to the BS based on
the received signal strength and then executes a distributed
cluster head competitive algorithm similar to EEUC [8].
Our CH competition is primarily based on the fault status
and residual energy of candidate CHs. The size of cluster
is controlled by competition radius R, which is a constant
tuned by typical situation. In addition, let si denote a CM
and ci represents any cluster i, respectively.

Definition 1. Candidate CH si’s adjacent CH set NCH is given
by si.NCH = {s j | s j is candidate CH, and dist(si, s j) < R}.
Furthermore, if the nodes in si.NCH are fault-free, then the
set is denoted by si.NFF CH, otherwise, si.NF CH. Obviously,
si.NCH = si.NFF CH ∪ si.NF CH.

Before clustering, BS selects predefined candidate CHs
randomly on certain probability to compete for final CHs.
For the sake of saving energy, nodes that fail to be candidate
CHs keep sleeping until the cluster head competition stage
ends.

The distributed clustering algorithm which is initiated
by BS and executed by each candidate CH is presented
in Algorithm 1. First, each candidate CH broadcasts a
COMPETE CH(si.ID, si.R, si.RE) message which contains
its node ID, competition radius R, and residual energy
RE. After the construction of NCH has finished in lines
2–4, each candidate CH checks the fault status of its
NCH based on comparison model approach in lines 5–24.
Candidate CH si generates a test sequence number i and
the correspondent test task Ti and sends a test request
message TEST REQ(si.ID, i,Ti) to its adjacent candidate CH
set si.NCH. Node si waits for the responses of si.NCH and
diagnoses their status according to the comparison model.
Lines 25–36 describe the CH competition process. The
candidate CHs with faulty status (soft-faulty nodes) have
no qualification for the competition. If si belongs to si.NCH

and si receives a FINAL CH message from s j , then si will
give up the competition immediately. After that the fault-
free candidate CH makes a decision whether it can act as a
final CH. In particular, if the constructed adjacent set NCH

is null, then the candidate CH becomes final cluster head
immediately. Once fault-free si finds that its residual energy is
more than all the nodes in its SCH, it will win the competition.

After all the final CHs have been elected, immediately,
previous sleeping nodes now are waked up and each CM
chooses their closest CH with the largest signal strength
received. All the CMs register with the CH by sending a
JOIN CLU message. In order to determine the status of CMs
in each cluster, the CH sends a test quest TEST REQ to its
member nodes. These nodes compute the tasks and feed
back the results to the sender. The lower layer fault diagnosis
algorithm based on comparison protocol is presented in
Algorithm 2. Once the faulty nodes are determined, they will

be ordered to turn dead. The final CH sets up a TDMA
schedule and transmits it to the nodes in the cluster. After
the TDMA schedule is known by all nodes in the cluster, the
clustering phase is completed and the data transmission stage
begins. Based on the execution of Algorithm 1, we can draw
the following theorem.

Theorem 2. In clustering stage, FDCM has a message
exchange complexity of O(1) per node and O(N) for entire
network.

Proof. During the execution of clustering algorithm, each
candidate CH sends a COMPETE CH message at first.
In order to identify the faulty candidate CHs, which will
be deprived of the eligibility of final CHs, each of them
sends TEST REQ and receives TEST RES message one
after another. If it becomes a final CH then broadcasts a
FINAL CH message to declare its win, otherwise broadcasts
a QUIT ELECT message to exit. After the declaration of win-
ning the election, each regular node broadcasts a JOIN CLU
message. So each node has the message complexity of O(1).

Assume that network size is N , the number of candidate
CHs is M and the number of final CHs/clusters is Nc (Nc ≤
M ≤ N). In clustering stage, the overall message overhead is
3M + Nc + (M −Nc) + (N −Nc) = 4M + N −Nc = O(N).

The theorem is proved.

From Theorem 2 we can conclude that the clustering
stage has a low message complexity both for individual node
and entire network, thus requirement (1) is satisfied.

Theorem 3. At the end of clustering phase, any fault-free node
either is a final CH or a CM. Furthermore, each CM exactly
belongs to a cluster, and only one final CH is allowed in each
competition range.

Proof. During the execution of Algorithm 1, for the nodes
in sensor network there are at most four states in total:
RegularNode, CandidateCH, FinalCH and deadNode. Here
the status of RegularNode and FinalCH means it is a CM and
CH, respectively.

In the following we first show that any node is either a
final CH or a CM after execution of Algorithm 1. Initially,
in addition to the selected candidate CHs in advance, the
remainder nodes are all regular nodes. For candidate CHs, in
lines 5–24, each of them knows the fault status of its adjacent
CHs. If the node is determined as faulty nodes, then they quit
the competition process, immediately. In lines 33–36, the
faulty candidate CHs are ordered to turn dead (deadNode),
and they do not participate in the subsequent work any more.
For any candidate CH si, if it has not any adjacent node, then
Algorithm 1 executes line 26 and si becomes a final CH at
once. Furthermore, in lines 25–36 si either becomes a final
CH (FinalCH) or becomes a CM (RegularNode) mutually
exclusive.

After the election of final CHs has finished, each CM
registers with only one CH based on received signal strength,
thus each CM exactly belongs to a cluster. The competition
process shows that for any candidate CH si’s adjacent CH
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1. Candidate CH si broadcasts a competition message
COMPETE CH(si.ID, si.R, si.RE);

2. On receiving a COMPETE CH from s j ;
3. if (dist(si, s j) < R) then
4. si.NCH ← si.NCH ∪ s j ;
5. si generates test sequence number i and the test task Ti

6. si broadcasts a TEST REQ(si.ID, i,Ti);
7. On receiving a TEST REQ(s j .ID, j,Tj) from s j ;
8. si generates the test result R(si, j) for task Tj ;
9. si broadcasts the Test RES(s j , j,Rsi) to si.NCH;
10. On receiving a TEST RES from s j initiated by sk
11. if (sk = si) then
12. if (R(s j , j) = R(si, j)) then
13. si.NFF CH ← si.NFF CH ∪ {s j};
14. else if si.NF CH ← si.NF CH ∪ {s j};
15. else if (sk ∈ si.NCH) then
16. if (R(s j , j) = R(si, j)) then
17. si.NFF CH ← si.NFF CH ∪ {s j};
18. else si.NF CH ← si.NF CH ∪ {s j};
19. else if (sk /∈ si.NCH)
20. if (si has received a TEST RES from sz ∈ si.NCH

and R(s j , j) = R(sz, j)) then
21. si.NFF CH ← si.NFF CH ∪ {s j , sz};
22. else if (si received a TEST RES from sz ∈ si.NCH

and R(s j , j) /=R(sz, j) and sz ∈ si.NFF CH) then
23. si.NF CH ← si.NF CH ∪ {s j};
24. else store the test response;
25. if (si.NCH = NULL) then si.state← finalCH;
26. while (si.state = candidateCH)
27. if (s j ∈ si.NFF CH and si.ERE > sj .ERE) then
28. broadcast FINAL CH(si.ID);
29. si.state ← finalCH;
30. On receiving a FINAL CH from s j ;
31. if (s j ∈ si.NCH) then
32. broadcast QUIT ELECT(si.ID);
33. si.state ← RegularNode;
34. On receiving a QUIT ELECT from s j
35. if (s j ∈ si.NCH) then
36. remove s j from si.NCH;
37. end while

Algorithm 1: The distributed CH election algorithm based on
fault diagnosis executed by candidate CH si.

set NCH if si wins the competition, then the nodes in si.NCH

quit competition. Otherwise, if si receives a message, it quits
competition too, so only one final CH is allowed in each
competition range.

To sum up, the theorem is proved.

Fault diagnosis in this paper refers to all faulty nodes
within the sensor network are identified correctly and these
faulty nodes are ordered to stop working, and the fault
conditions about each cluster are reported to BS via data
transmission by CHs. Upon receiving fault information, BS
takes appropriate actions, such as forbid faulty nodes taking
part in the final CH election in the next round. According to
the description and analysis above, the fault diagnosis pro-
cess consists of two phases. First, it eliminates the candidate
CHs to participate in the final CH competition in the process

1. generate test task Tj with sequence number j;
2. broadcast test request TEST REQ(ci.CH, j, Tj) to its

member nodes ci.CMs;
3. generate the expected result R(ci.CH, j) for Tj ;
4. set the timer to be Tout;
5. Initialize the faulty CM set ci.SF CM and fault-free

CM set ci.SFF CM with NULL;
6. Each CM sends test response TEST RES(ci.CM, j, Tj)

in random back-off time t′ < Tout;
7. while receiving test response TEST RES from any

node ci.CM in ci.CMs
8. if (R(ci.CH, j) = R(ci.CM, j)) then
9. ci.SFF CM ← ci.SFF CM ∪ {ci.CM};
10. else
11. ci.SF CM ← ci.SF CM ∪ {ci.CM};
12. end while
13. send TURNDEAD message to ci.SF CM;

Algorithm 2: Lower layer diagnosis algorithm executed by cluster
head ci.CH.

of clustering. Secondly, after the clustering is finished, the
fault diagnosis is done based on special comparison model
between CH and CMs. These two phases together complete
the diagnosis of all faulty nodes in the network correctly. A
diagnostic message can be a test request, a test response, or
a timeout message. The message complexity of diagnostic
algorithm is presented in Theorem 4.

Theorem 4. The communication complexity of our
comparison-based fault diagnostic approach is O(N+M(1 +
dmax)), where M and dmax denotes the number of candidate
CH and its maximum degree, respectively.

Proof. According to Theorem 3, at the end of the clustering
stage, any fault-free node is either a final CH or a CM.
Each candidate CH si generates at most one test request
TEST REQ. In turn, the test request generates at most
|si.NCH| < dmax test responses. The communication com-
plexity during CH competition is O(M(1 + dmax)). The fault
diagnosis of CMs is done by CH generates and sends test
request TEST REQ. The test request sent by CH generates
Nc test responses. CHs obtain the fault status of their CMs
by comparison of test tasks. The communication complexity
of each cluster is O(Nc) and for entire network, it is O(N).
Thus, the overall communication complexity is O(N +M(1+
dmax)).

4.2. Resilient Multipath Routing. Before delivering their data
to BS, each CH first aggregates the sensing data from its CMs,
and then sends the data packet plus the fault information to
BS via a multihop fault-tolerant path. We assume that any
two CHs within their communication scope can communi-
cate with each other and consider them as neighboring. Each
CH has the information about its neighbors. The distributed
multipath routing consists of three subphases: Construct
Connected Network, Choose Next-hop Neighbor and Route
Maintenance.
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4.2.1. Construct Connected Network. Assume ci.CH is the
source CH, from where the sensing data and fault informa-
tion is aggregated; cj .CH is a candidate relay CH. The factors
that are taken into account by each CH for constructing
communication path are summarized as:

Condition 1. dist(ci.CH, cj .CH) < 2R: the communication
radius is defined as two times of cluster radius. The distance
relation ensures that connectivity of constructed network
(graph), since any two CHs have communication link (edge)
only if they meet with this condition.

Condition 2. dist(BS, cj .CH) < dist(BS, ci.CH): the distance
relation ensures that the constructed routing paths moving
toward BS from the source ci.CH. The selection of any relay
CH always approaches BS geographically, which provides
direction for data transmission.

Condition 3. ci.CH.ERE > Erelay: the energy relation ensures
that the relay nodes should have enough residual energy
for data transmission in practice. Relay nodes’ residual
energy is greater than the energy sum of receiving and
sending date packets. Therefore, for balancing network
energy consumption, it is necessary to protect the relay
nodes’ residual energy and give priority to the use of the relay
nodes with more remaining energy.

According to the model described in Section 3, we have
mapped multipath routing problem into finding commu-
nication path in weighted graph G(V, E, W, R). On the
basis of this mapping, we assume that there is a logical
communication link between any two nodes which meet
conditions 1–3 synchronously. Note that the links direction
is always from sources to BS, thus a directed connected cost
network (vertex and edge weighted digraph) is built. In order
to model and depict mapped multipath routing problem,
the definition of DAG is given followed by a theorem which
satisfies requirement (4).

Definition 5. A directed acyclic graph (DAG) is a directed
graph with no directed cycles. We say that a DAG is rooted
at r if it is the only node in the DAG that has no outgoing
edges. Every other node has at least one outgoing edge.

Theorem 6. The mapped weighted graph G(V, E, W, R) which
meets Conditions 1 and 2 synchronously is a connected DAG
rooted at BS. That is, the graph is connected, directed and
without directed cycles. Furthermore, for any vertex in G, it is
BS reachable.

Proof. As stated before, there is an edge between any two
vertexes which meet with Condition 1. For any two adjacent
vertexes u and v ∈ V , edge (u, v) ∈ E. Condition 2
ensures that the direction of edge (u, v) is always from u to
v if dist(u, BS) ≥ dist(v, BS), according to distance relation.
Therefore, graph G is directed.

Suppose that the mapping produces at least two con-
nected components G1 = (V1,E1) and G2 = (V2,E2) such
that any v1 ∈ V1 cannot communicate with any v2 ∈ V2.

Note that a connected component is a maximal connected
subgraph of G. Without loss of generality, assume that V2 lies
on the right of V1 and BS ∈ V2, we have the following two
cases.

Case 1. There is not any relay CH in V2 such that v1

reaches BS via it. There must be a cluster head v1 ∈ V1 which
is able to communicate with v2 = BS ∈ V2.

Case 2. There exists at least a relay CH v2 ∈ V2 such that
v1 reaches BS via v2. Then v1 communicates with it firstly.

So both cases there must be at least a directed edge
(v1, v2) connects these two connected components, which
contradicts with the initial assumption that a cluster head
in one component cannot communicate with the one in the
other component. Therefore, V1 and V2 are connected.

Condition 2 ensures that the route moving toward BS
from source CHs via relay CHs. Without loss of generality,
we suppose that there is a directed circle C = 〈vi →
vj → ·· · → vk → vi〉 in the digraph, so we have
dist(vi, vi) = 0. Due to condition (2), we have dist(vi, vj) >
0, . . . , dist(vk, vi) > 0. The total distance on the directed circle
C is dist(vi, vj)+· · ·+dist(vk, vi) > 0. Since dist(vi, vj)+· · ·+
dist(vk, vi) = dist(vi, vi), thus we have dist(vi, vi) > 0. This is
a contradiction.

Therefore, the theorem is proved.

4.2.2. Next-Hop Neighbor Choosing. The reachability relation
in a DAG forms a partial order, with which a routing path
can be constructed, that is, the DAG provides a multipath
routing mechanism. With Theorem 6, any CH can transmit
its data along relay CHs to BS. Any node or link fails,
based on the candidate nodes and links in DAG another
one will be chosen. According to different requirements, the
selection of the next hop node gives priority to the minimum
energy strategy or the maximum residual energy strategy or
any other factors. The former forwards packets along the
minimum energy path to BS; while the latter farces packets to
move toward the BS considering more residual energy of the
node on routing path. The decision is made depending on
the connected network model and the information gathered
in clustering stage.

As an example, the distributed algorithm looking for
next-hop neighbor for any cluster head ci.CH is presented
in Algorithm 3. Each CH chooses its next-hop neighbor
independently according to the distance to BS. Initially,
ci.CH chooses a neighbor, which is the nearest to BS within
its communication range. In lines 5–9, if more than two
neighbors have the same distance, then algorithm selects
the one with more residual energy for the sake of balancing
energy once again. When the cluster head cannot choose its
neighbor any more, the network becomes partitioned. From
the view of entire network, a spanning tree with root BS
which has minimum hop counts to BS is received.

Figure 2 illustrates the communication path selection
process. Each cluster head has 2 J initial energy, and the
communication cost is denoted by edge weight, the residual
energy is represented by vertex weight. The DAG shows the
available communication paths. For sensor node v4, if the
minimum energy first, it selects v3, v6 as the next hop node
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1. while network is not partitioned;
2. for any cj .CH ∈ ci.NFF CH

3. ck .CH = min(dist(cj . NCH, BS));
4. ci.CH.nextHop← ck .CH;
5. if dist(cj .CH, BS) = dist(ck .CH, BS) then
6. if (ci.CH. ERE > ck .CH. ERE) then
7. ci.CH.nextHop← cj .CH;
8. else
9. ci.CH.nextHop← ck .CH;
10. end while

Algorithm 3: Distributed multihop routing selection for cluster
head ci.CH.

v1

v3

v4

v5

v6

v7

v8

v9(1.2 J)

v10

v11(1.2 J)

v12

The minimum energy first routing

BS

The available communication path

v2

Figure 2: Intercluster multihop paths selection among DAG.

one after another. Note that when node v6 looking for its
next hop node and find that there are two nodes v9 and
v11 with the same distance to BS. At this moment, it selects
node v9 which has more residual energy. On the contrary,
if the highest residual first, algorithm not necessarily selects
the paths which approach BS more quickly but have more
residual energy. Finally, from the global view, algorithm
outputs a relative optimal communication spanning tree
about the graph G whose root is BS.

4.2.3. Route Maintenance. As stated previously, in the con-
nected network each CH always chooses the neighboring CH
with the minimum distance to BS as the next-hop routing
node independently. The rest neighbors are maintained in
its routing table in order of their distance to BS. If the
optimal neighbor is unavailable due to node or link failure,
then the node chooses a suboptimal one in its routing table,
thus providing a robust routing. In addition, this multipath
routing selection mechanism to some extent guarantees
that the malicious attacker in network cannot obtain the
communication path by listening in the signal simply. After
each CH determined its next-hop neighbor, CHs are ready to
start transmitting sensing data.

In intercluster multihop routing stage, Algorithm 3 finds
a routing path, which approaches BS more quickly among
all the available paths. While in clustering stage, candidate
CH competition takes into residual energy into account. In
round based protocol, both stages progress alternatively and

Table 2: Simulation parameters.

Parameter Value

Sensor field 100 m × 100 m

BS location (170,50)

Number of nodes 100

Initial energy of nodes 2 J

Data packet size 500 bytes

Eelec 50 nJ/bit

εfs 10 pJ/(bit·m2)

εmp 0.0013 pJ/(bit·m4)

R 30 m

d0 86 m

20
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80

100

0
0

20 40 60 80 100

Figure 3: Wireless sensor network deployment. Hollow circles
denote fault-free nodes, and triangles show faulty nodes.

thus provide network balanced energy consumption among
all sensor nodes which meets requirement (5).

5. Simulations

5.1. Simulation Settings. In this section, we evaluate the
performance of FDCM with simulations. Because LEACH
[5], HEED [6], and EEUC [8] are the most similar clustering
protocols, we use them for comparisons. For fault diagnosis-
based clustering, CRFDA [20] is compared. One hundred
of sensor nodes are randomly distributed over the region
of 100 m × 100 m as showed in Figure 3. The number of
candidate CHs is set as 20% of the total nodes. The BS is
located far away from the region, at point (50, 175). The
simulation parameters are listed in Table 2 .

In our paper we make the following assumptions. (1)
Nodes that are detected as faulty will turn into dead mode,
that is, they will no longer generate information and con-
sume energy. (2) During the network lifetime, nodes may be
faulty at any time. The data sending by soft-faulty nodes is
invalid. (3) Sensor nodes have idealized sensing capabilities.
Ideal MAC layer conditions are assumed, that is, perfect
transmission of data on a node-to-node wireless link. (4)
In diagnosis process, we use the uniform rules to generate
test Task Ti, and ignoring the energy consumed by its
implementation.
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Figure 4: The number of fault-free nodes changes with time.

5.2. Simulation Results. Since our protocol is round based,
we assume that sensor network randomly generates certain
number of faulty nodes when it is running in a certain round.
In ideal situation, we expect that the number of the fault-
free nodes in network decreases correspondingly comparing
with previous round. In our simulation, assume that 3 faulty
nodes present in 100th, 200th, 300th round, respectively,
and then the result of algorithms execution is shown in
Figure 4. One of the curves indicates the result when there
are faulty nodes in the network; while the other is fault-
free case. From the figure, we can see that the number of
fault-free nodes is reduced with faulty nodes arise when the
network is running in each round. This means FDCM can
correctly detect the faulty nodes in the network. Besides,
by comparing, the existence of faulty nodes decreases the
network lifetime observably.

Communication complexity is an important measure-
ment for fault diagnosis efficiency. That is one of reasons
why fault diagnosis mechanisms with high complexity in
traditional MANETs are unrealistic using for WSNs directly.
By means of introducing fault diagnosis based on the
comparison model in the process of the candidate CHs
running for final CHs, FDCM eliminates the chance of
faulty nodes to participate in the election; Then, within each
cluster only O(N) message complexity needed to complete
the fault diagnosis of the cluster members. The isolation
of diagnosis boundary avoids large-scale message diffusion
throughout the entire network, which made the message
complexity reduced significantly. Figure 5 confirmed this by
comparing the message complexity of different protocols. It
shows that the message complexity of FDCM increases nearly
linearly. When faulty nodes come into being, if they do
not be diagnosed and excluded from the network, they will
consume additional energy of other fault-free CHs. Then, it
will shorten the lifetime of the entire network. In simulation,
we monitor the number of nodes alive changing with time
(round). We find that the network lifetime of FDCM may
be influenced by various factors in different situations. The
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0

20

40

60

80

100

100 200 300 400 500 600 700

N
u

m
be

r 
of

 n
od

e 
al

iv
e

Simulation time (rounds)

Minimum energy first strategy
Maximum residual energy strategy

Figure 6: Comparison of network lifetime with different routing
modes.

evaluation of the lifetime comparison between the cost-
aware and the energy-aware is shown in Figure 6.

In contrast with similar clustering protocols, we run
LEACH, HEED, and EEUC to compare their performance in
network lifetime. As shown in Figure 7, FDCM and EEUC
perform far better than LEACH and HEED in prolonging
network lifetime attributed to the consideration of energy
conservation. In FDCM, a certain amount of energy is spent
by the nodes involving in fault diagnosis; however, this elim-
inates additional energy consumption caused by the faulty
nodes. More importantly, the existence of fault diagnosis
ensures the correctness of the information collected.

6. Conclusions

In wireless sensor network, it is of great importance for fault
diagnosis to ensure the gathering information accuracy and
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Figure 7: Comparison of Network lifetime with different protocols.

reduce energy additionally consumed by faulty nodes, for
the deployment of a large number of sensor nodes in hostile
environment. For the inherent characteristics of sensor
networks, this paper analyzes the issues and challenges of
comparison based-fault diagnosis model for wireless sensor
networks and gives the relevant design requirements.

As a complete data collection protocol, the proposed pro-
tocol mainly consists of fault diagnosis-based clustering and
multipath routing. During clustering stage, a fault diagnosis
approach based on comparison model is introduced. Fault
diagnosis of the network nodes consists of two phases. At
first, it eliminates the faulty candidate CHs to participate
in the final CH competition in the process of clustering.
Secondly, after the clustering is finished, the fault diagnosis
is done based on special comparison model between CH and
CMs. CH sends a test request message to its members and
according to their responses to determine the fault status of
these nodes, failure nodes are ordered to turn dead. These
two phases together complete the diagnosis of all faulty nodes
in the network.

In Multipath routing stage, communication character-
istics impose certain conditions, which map the original
abstract communication graph into the DAG. The new graph
determines the feasible multipath communication path of
any node to transfer data to the BS. In particular, we give
an algorithm greedy select next hop neighbor which has the
minimum distance to BS. When multiple nodes are optional,
then the node with the highest residual energy is preferential.
If any node in the routing path fails, then select an available
path in the DAG depending on the highest residual energy
or have the minimum distance to BS until the data transfer
to the BS. Note that the transmitted data including node
fault status, which can be used in the next round as a basis
of cluster first election, that is, faulty nodes will lose the
possibility of acting as the candidate CH.

For future work, we will consider two new directions.
First, we intend to improve our algorithm effectiveness
and obtain better performance, such as more accurate

diagnosis and lower response time. Second, on condition that
acceptable message complexity, we will study the possibility
of new diagnosis approach which is appropriate for dynamic
topology.
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Surveillance is an important class of applications for wireless senor networks (WSNs), whose central task is to detect events
of interest. Existing approaches seriously suffer from blind spots and low energy efficiency. In this paper, we propose a fully
distributed algorithm GAP for energy-efficient event detection for surveillance applications. Employing the probabilistic approach,
GAP actively tunes the active probability and minimizes the energy consumption of each sensor. The unique features of GAP are
threefold. First, it provides guaranteed detectability for any event occurring in the sensing field. Second, it exposes a convenient
interface of the user to specify the desired detectability. Finally, it supports differentiated service to empower better surveillance
for critical spots. Without relying on costly time synchronization, GAP is a lightweight distributed protocol and is truly scalable
to network scale and sensor density. Theoretical analysis and comprehensive simulation experiments are conducted, which jointly
demonstrate that GAP is able to provide guaranteed detectability while significantly prolonging the system lifetime compared with
other schemes.

1. Introduction

Recent rapid advances in wireless sensor networks (WSNs)
have made it possible to develop a wide multitude of com-
pelling applications, ranging from battlefield surveillance,
habitat monitoring, and radiation prevention [1] to pol-
lution detection [2]. Surveillance, whose central task is to
detect events of interest, is an important class of applications
for WSNs. The most important performance goal for surveil-
lance applications is high detectability. Among the others,
fire detection in large-scale forest is a good example of
surveillance applications.

It is well known that tiny sensor nodes are subject to
stringent energy constraint since they are powered by small
batteries. This implies that a sensor node has only a short life-
time. It is usually impractical, if not impossible, to recharge
or replace batteries after sensor nodes are deployed to a
remote or event hostile environment. However, applications
require the network to sustain surveillance operations for a
long lifetime. It has been challenging to obtain a long-lived
network with tiny short-lived sensor nodes. To achieve high
detectability, the straightforward way is to keep all sensors
active such that an event is sure to be detected. However, it is

obvious that this scheme suffers from low energy efficiency,
especially when sensor density is high. In this paper, we focus
on energy-efficient surveillance using networked sensors.

The fundamental approach to conserving energy is to
power off sensors. Many research efforts have been made
for energy-efficient surveillance using sensor networks. In
general, they select a subset of sensor nodes to keep vigilant
for event detection and put the others in power-save mode.
In PEAS [3], a sensor probes neighbors to check if there
are active neighbors. Upon receiving acknowledgement from
an active neighbor, it goes to sleep. Network provisioning
[4] identifies a redundant sensor whose sensing coverage is
jointly covered by its active neighbors. Yan et al. [5] noted
the underestimation problem that exists in [4] and proposed
a randomized algorithm to determine an active schedule of
the sensors.

There are two major drawbacks with the existing meth-
ods. First, the algorithms’ failing to provide full coverage over
the sensing field suffers from blind spots that are not covered
by any active sensors. Events occurring in these blind spots
will not be detected, leading to serious surveillance quality
degradation. Second, the algorithms suffer from the critical
problem of unbalanced energy consumption. According to
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the existing algorithms, a set of sensors are selected to stay
active for full sensing coverage while the other sensors turn to
power-save mode. The consequence is that the selected active
sensors will be depleted earlier. If an active sensor becomes
unavailable due to power depletion or physical damage, the
area covered by this sensor will become a blind spot.

In addition to identifying the limitations of existing
approaches, we have two important observations for many
realistic surveillance applications.

(i) It is unnecessary for many applications, such as
habitat monitoring, to have perfect detectability (i.e.,
100% detectability). For example, a wild animal of
interest may cause a number of events in the field.
It is sufficient for the animal study to capture some of
the events. In practice, different applications usually
have varying requirements on detectability. It is clear
that more sensitive applications are usually in need of
higher detectability.

(ii) An event can occur at any unpredictable time at any
place within the sensing field. It is impossible to
predict the location where the next potential event
occurs.

In response to the two observations, the system design
should satisfy two important requirements for such surveil-
lance applications.

(i) The system should allow the users to customize the
desirable detectability, given different applications.

(ii) The system should guarantee that the detectability of
any event occurring in the sensing field is larger than
the requirement posed by the user.

To the best of our knowledge, no existing algorithms
can successfully satisfy the requirements mentioned above.
In this paper, we propose a novel-distributed algorithm
GAP to provide guaranteed detectability for any event in
the whole sensing field. The algorithm exposes a convenient
interference for the users to specify the desirable minimum
detectability. We devise a simple yet effective metric to realize
the design goal of providing guaranteed detectability of any
potential event. Exploiting the probabilistic approach, the
algorithm allows the sensors to be active probabilistically for
effective energy conservation. The algorithm actively min-
imizes the active probability of each sensor, which is also
adaptive to its neighborhood of sensor deployment. Energy
consumption of the sensors is finely balanced. At the same
time; however, the detectability of any event in the sensing
field is dynamically maintained.

The contributions we have made in this paper are high-
lighted as follows.

(1) We develop the fully distributed GAP algorithm that
can provide guaranteed detectability for any event.
Not relying on costly time synchronization, this algo-
rithm is lightweight and fully distributed, support-
ing truly scalability with network scale and sensor
density.

(2) The GAP algorithm empowers differentiated surveil-
lance in terms of detectability and detection degree,
which greatly enhances its practical applicability.

(3) We conduct both theoretical analysis and compre-
hensive simulations to validate the design and study
the performance of the GAP algorithm.

The remainder of the paper is structured as follows. In
Section 2, we discuss related work. In Section 3, we introduce
the system model and some preliminaries. In Section 4, after
detailing the GAP design, we discuss several design issues and
present algorithm analysis. To study the performance of GAP,
we conduct comprehensive experiments and discuss the
results in Section 5. In Section 6, we give some discussions
about the algorithm design. Finally, we conclude the paper
and introduce future work.

2. Related Work

In this section we review related work and discuss the
difference of our work from existing studies.

2.1. Duty Cycling in Sensor Networks. It has been the subject
of extensive research to conserve energy in WSNs through
power management or duty cycling. With duty cycling, a sen-
sor node periodically enters power-saving mode for energy
saving and wakes up for sensing and communication tasks.
Three power-saving protocols for mobile ad hoc networks
were developed in [4], which provide different tradeoffs
between energy efficiency and neighbor discovery latency.
Without relying on time synchronization, asynchronous
wakeup [6] is advantageous. However, it comes with the
cost of increased packet delivery latency. Different tradeoffs
between packet delivery latency and energy saving were stud-
ied in [7].

Low duty cycling has been recognized as an effective
technique to realize operation longevity in sensor networks.
In [8], the scheduling problem of multiple tasks in low-duty-
cycled sensor networks is studied. In [9], the energy fairness
of asynchronous duty cycling sensor networks is explored.
Our work in this paper also adopts duty cycling for every
saving but has a focus on the determination of duty cycles
for each sensor node making sure that the event detection of
any possible event is guaranteed.

2.2. Power Management of Sensor Networks. With power
management, a subset of sensor nodes are selected for sens-
ing or communication purposes. In surveillance applica-
tions, a number of algorithms were proposed to select a sub-
set of sensor nodes to stay vigilant for event detection while
the others remain in power save mode. PEAS [3] selects active
sensors by active probing. Each sensor probes its neighbor-
hood. If there is an active sensor responding its probing,
the sensor decides to sleep; otherwise, it stays active. PEAS
does not providing full sensing coverage and therefore suffers
from the blind spot problem. Network-provisioning [10]
identifies a sensor to be in sleep mode if sensing coverage of
this sensor is jointly covered by its active neighbors. Several
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efforts, for example, the one in [11], take both sensing
coverage and network connectivity into account. These
algorithms provide full sensing coverage and meanwhile
maintain network connectivity.

Tian and Georgana [4] noted the underestimation prob-
lem that exists in [4] and proposed a randomized algorithm
to determine an active schedule of each sensor. According to
this algorithm, each sensor is activated for event detection
periodically. Thus, this algorithm solves, to some extent, the
problem of unbalanced energy consumption. A probabilistic
approach has been proposed for event detection in the
context of object tracking [2], which can also mitigate the
problem of unbalanced energy consumption. However, these
algorithms cannot provide guaranteed detectability for the
sensing field.

Shih et al. [12] propose to use a small-scale sensor
network to monitor epilepsy. It is reported that 21 scalp
electrodes are needed and 18 data streams or channels are
generated. In order to save the energy consumption of the
data processing device that is battery powered and attached
to a user, they propose an automated way to construct
detectors that use fewer channels, and thus fewer electrodes.

2.3. Energy-Efficient Event Detection. As is widely known,
event detection [13] is an important class of applications of
sensor networks. Exploiting the inherent property of event
persistence, some algorithms [14, 15] try to detect events
with low duty-cycled sensor networks. In [16], a two-stage
optimization was proposed to minimize detection latency. In
the first stage, a density control algorithm is applied to select
a set of active nodes. In the second stage, an optimization
procedure is executed to schedule wakeups of the sensors,
which relies on accurate location information. A testbed of
70 sensors was deployed to detect and track the positions
of moving vehicles [17]. In this system, 5% of deployed
motes serve as sentries and nonsentries operate at a 4% duty
cycle. An improved system with a combination of duty cycle
scheduling, sentry service, and tripwire service was recently
reported in [18]. With low duty cycling, the lifetime of the
system can be significantly extended by up to 900%.

Different from these existing studies, our paper specially
considers the guarantee of event detection performance
while conserving energy consumption on sensor nodes.

2.4. Energy Harvesting in Sensor Networks. Recently, energy
harvesting techniques are becoming very promising technol-
ogy for long-term applications of sensor networks. In [19],
Gu et al. point out that it is unnecessary to conserve energy
in sensor networks with energy harvest ability, and instead
it is more important to balance energy supply and energy
consumption. They propose a middleware to control the RF
activity with the objective of minimizing communication
delay.

Zhu et al. [20] notice the leakage problem of energy
capacitors. They propose leakage-aware feedback control
techniques to match local and network-wide activity of sen-
sor nodes that obtain dynamic energy supply from environ-
ments.

In [21], a system called eShare is described to support
energy sharing among multiple-embedded sensor devices.
They design energy routers for energy storage and routing
devices. Energy access and network protocols are also
designed. To improve sharing efficiency subject to energy
leakage, an energy charging and discharging mechanism is
devised.

The preliminary result of this research has previously
been reported in [15] and in this paper we consolidate the
research with investigation on design issues, algorithm anal-
ysis, and discussions.

3. System Model and Preliminaries

In this section, we first describe the system model and
formally state the problem. Second, we define the necessary
notations and make several simplifying assumptions. Third,
we devise a metric that helps realize the effective guarantee
of required detectability for any event. Finally, we analyze the
detectability of the nonadaptive scheme in which sensors stay
active blindly, and reveal the necessity of adaptive control on
sensor active probability.

3.1. System Model and Problem Statement. We consider the
sensors are deployed in a square field F with side length L
according to a 2-dimensional Poisson process with rate n/L2.
Under this deployment, the number of sensors in any given
region of area A is Poisson distributed with rate nA/L2. The
number of sensors in disjoint regions is independent. Usu-
ally, a random uniform distribution of points over a region
can be approximated by a 2-dimensional Poisson process.
Note that the actual number of nodes deployed in the field
needs not to be n. A random uniform deployment can be
approximated by a 2-dimensional Poisson deployment when
the number of deployed sensors is sufficiently large.

The power consumption of a sensor node lies in three
major units: processor, sensing device, and radio transceiver.
Ideally, each unit has separate power control [10]. The
duty cycle of the transceiver is subject to the control of
communication protocols. Therefore, we assume it is given
and concentrate on the study of duty cycling of the sensing
device. The transceiver does not necessarily has the same
duty cycle as the sensing device. The consequent advantage
is the increased flexibility for our protocol to work with
different communication protocols. It is important to note
that a sensor node can actually be attached with multiple-
sensing devices of different types. For simplification; how-
ever, we assume that a sensor node is equipped with a single-
sensing device throughout the analysis and the protocol
design. Nevertheless, the protocol can be easily extended to
support the situation where a sensor node has multiple-
sensing devices. Later, we call a sensor node just a sensor for
short if it is not confused with the sensing device.

It should be noted that such an power model assumes
that all the units can be independently controlled. In
some cases, however, a sensor node may not be able to
independently control the power consumption of each unit.
In such cases, a sensor node has only one unit and has a single
duty cycle. Our power model is general and covers such cases.
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The objectives of the system design are twofold. First,
users should be enabled to specify the lowest detectability
(denoted by υ0) for any event in the sensing field. The system
needs to ensure that the detectability of such a random
event is greater than the required detectability. Second, event
detection of the sensors should be energy-efficient such that
the system can continue to be functional for a very long
lifetime.

To accomplish these objectives, we have identified the key
issues in the system design as follows.

(1) The system needs an effective way to realize the goal
of providing guaranteed detectability for any possible
event.

(2) The algorithm should minimize the active probability
of every sensor, thus minimizing the energy con-
sumption of the sensor.

(3) The power consumption of the sensors should be
balanced such that as few blind spots as possible are
introduced.

3.2. Notations and Assumptions. In the rest of this paper, we
adopt the notations in Table 1 and make the following
assumptions.

(i) Binary Detection Model. Each sensor has a detection
range. An event is reliably detected by an active
sensor if it resides in the range of an active sensor.
More sophisticated models suggest that the detection
probability is related to the distance between the
sensor and the event. We assume that the detection
range in our binary detection model is selected such
that an event can be detected with high probability
if its distance to the sensor is less than the detection
range.

(ii) Location Awareness. Each sensor has the knowledge of
its location. A good number of power-efficient algo-
rithms have been proposed for practical localization
in large-scale WSNs [22].

(iii) High Density. There are sufficient sensors deployed in
the sensing field such that any point in the sensing
field is covered by at least one sensor.

In the protocol design, we assume that the sensor
network is deployed in a two-dimensional plane. However,
the proposed protocol can be extended to a three-dimension
space without much difficulty.

3.3. Realizing Detectability Guarantee. To realize the goal of
providing guaranteed detectability for any event, we devise
a simple but effective metric: point coverage. Its precise
definition is given as follows.

Definition 1. For a point p within the sensing field, the point
coverage of p, denoted by σ(p), is defined as the probability
that p is covered by at least one sensor at any time.

The point coverage of p is dependant on the number of
covering sensors and the active probabilities of these sensors.

Table 1: Notations employed in this paper.

Notation Description

F The sensing field

n The sensor deployment rate

r The detection range

υ(e) The detectability of physical event e

υ0 The lowest detectability requirement

σ(p) The point coverage of point p

σ0 The necessary point coverage

ω(Q) The active probability of sensor Q

ω(Q, p) The needed active probability of sensor Q for point p

t(e) The life of physical event e

p(e) The point at which event e occurs

t0
The minimum time detecting and processing an
event

S(p) The set of sensors covering point p

U(Q)
The set of grid points within the detection vicinity of
sensor Q

Let ω(Q) denote by the probability that sensor Q is active at
any time. It is apparent that a sensor has a longer lifetime if it
has a lower active probability. In the sensing field, a point can
be in the detection range of many sensors. Let S(p) denote
the set of sensors that cover point p. The point coverage of p
is given by

σ(p) = 1−
∏

∀Q∈S(p)

(1− ω(Q)). (1)

With the concept of point coverage, we show that Objective
A is implied if we achieve Objective B.

Objective A. to guarantee that the detectability of any event
is larger than the minimum requirement.

Objective B. to ensure that the point coverage of any point in
the field is larger than a given value.

Let t(e) denote the lifetime of event e. The detectability
of this event depends on both the event life and the point
coverage of the location where the event resides. Let t0 be the
minimum necessary time required for a sensor to detect and
process an event. Then, the detectability of e is given by

υ(e) = 1− (1− σ(p(e)))t(e)/t0 . (2)

Event life t(e) is usually a random variable. Given the
probability density distribution of t(e), denoted by ft(e), we
can compute the expected detectability of a random event

E(υ(e)) =
∫∞

t=0

(
1− (1− σ(p(e)))t/t0

)
f (t)dt. (3)

It is apparent that the expected detectability monotonously
increases with the increasing point coverage of p(e). To
ensure that the detectability of the event is greater than the
required detectability,

E(υ(e)) ≥ υ0, (4)
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Figure 1: Necessary point coverage as a function of detectability
requirement.

we can calculate the minimum point coverage (σ0) such that,

∫∞

t=0
(1− (1− σ0)t/t0 ) f (t)dt = υ0. (5)

Based on the monotony of the expected detectability as a
function of point coverage, we can develop a numerical
procedure to obtain the desired σ0. Let

σ0 = g(υ0). (6)

It then becomes obvious that the expected detectability
of e is guaranteed to be greater than the required υ0 as
long as the point coverage of p(e) is maintained above σ0.
Considering the arbitrary selection of the event, we conclude
that by providing the guaranteed minimum point coverage
of any point within the sensing field,

σ(p) ≥ σ0, ∀p ∈ F, (7)

the system is able to ensure that the detectability of any event
is greater than the required υ0.

For pictorial study, we plot the necessary point coverage
as a function of the required detectability in Figure 1. For
simplification, we consider the lifetime of events as a fixed
value. We can see that the necessary point coverage increases
when the required detectability becomes higher. However,
when the event lifetime becomes larger, the necessary point
coverage can be dramatically reduced.

3.4. Detectability Analysis for Nonadaptive Scheme. There is a
straightforward solution (called NAS) to provid guaranteed
detectability to the sensing field; that is, guaranteeing that the
point coverage of any point is greater than σ0. According to
this scheme, every sensor has the identical active probability
of σ0. When the deployment density is sufficiently large,

it is obvious that this scheme can successfully provide the
guaranteed detectability. However, this scheme does not scale
as more sensors are deployed in the sense that additional
sensor deployment does not result in extended system
lifetime. We illustrate the problem by analyzing the actual
detectability of any event achieved by NAS. Firstly, we study
the point coverage as a function of number of deployed
sensors.

Let point p be an arbitrary point in the field. Note that we
do not consider the special case of points on the edge. The
number of sensors covering p (denoted by N) is a random
number. Since the sensors are deployed according to a 2-
dimensional Poisson process, N has a Poison distribution.
The probability mass function of N is given by

Pr(N = k) = 1
k!
λke−λ, where λ = nπr2

L2
. (8)

Theorem 2. The expected point coverage of a point in the sens-
ing field is given by

E(σ(p)) = 1− e−λυ0 . (9)

Proof. Let point p be an arbitrary point in the field. The point
coverage of p is given by

σ(p) = 1− (1− σ0)N . (10)

The point coverage of p is actually a random variable
since it relies on the number of covering sensors. We are
interested in the expected σ(p). We condition on N to
compute this expected value,

E(σ(p)) =
n∑

i=1

((
1− (1− σ0)i

)
× Pr(N = i)

)

= 1− e−λσ0 .

(11)

Theorem 3. The expected detectability of any event occurring
in the sensing field is given by

E(υ(e)) =
∫∞

t=0
(h(i, t) · Pr (N = i)) f (t)dt,

where h(i, t) = 1− (1− σ0)(i·t)/t0 .

(12)

Proof. We consider an arbitrary event e occurring point p in
the sensing field. Suppose the number of sensors coving p is
N and the event life of e is t. According to (10) and (2), we
can obtain the detectability of e,

υ(e) = 1− (1− σ0)(N·t)/t0 . (13)

To compute the expected detectability, we first condition
on N and then consider the probability density of t. This
completes the proof.

To study the expected detectability when the system
parameters vary, we plot the expected detectability as a func-
tion of the number of sensor nodes. For simplification, we
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Figure 2: Expected detectability as a function of number of de-
ployed sensors; t(e) = t0

consider the lifetime of events as a fixed value equal to t0. We
set the field side to 300 m. The detection range of the sensor
is 10 m. We vary the number of sensors from 4000 to 10000.
In this case, the expected detectability is given by

E(υ(e)) = 1− e−λσ0 . (14)

Figure 2 shows the expected detectability as a function of
the number of deployed sensors under different detectability
requirements. We can see that the actual detectability is
dramatically larger than the required detectability even
when the density of the sensors are relatively low. With
the increasing number of sensors, the detectability quickly
converges to one. This suggests that NAS is not scalable to
the sensor density, thus wasting precious energy.

4. Design of GAP

In this section, we first give an overview of the design of
GAP. Next, we describe the detailed design. Third, we discuss
some design issues. Finally, we present the analysis of the
algorithm.

4.1. Overview. There are two critical design goals for GAP.
On one hand, it should ensure that the point coverage of any
point in the sensing field is not less than σ0. On the other
hand, it needs to reduce energy consumption of every sensor,
thereby extending the system lifetime as much as possible.
The algorithm adopts a probabilistic approach, where every
sensor probabilistically stays active. At any time, a sensor Q
is active with probability of ω(Q) and is in power save mode
with probability of 1− ω(Q).

The central issue of the GAP design is the determination
of the active probability of each sensor. It is intuitive that the
active probability should be minimized for the purpose of

higher energy efficiency. However, at the same time it should
be sufficiently large to ensure that point coverage of any point
is above σ0. This poses a rigid requirement on the algorithm
design. To exploit the dense deployment and balance energy
consumption of the sensors, GAP adaptively tunes the active
probability of every sensor such that the active probability
is minimized but is adequate to ensure that the lowest point
coverage within its detection vicinity is not less than σ0.

The GAP algorithm consists of two phases. In the first
phase, each sensor conservatively selects an initial active
probability based on the neighborhood information. The
initial probability is so sufficiently large that the point
coverage of any point is larger than σ0. To solve the energy
waste introduced by the conservativeness, in the second
phase, each sensor executes an iterative refinement procedure
to reduce active probability for better energy efficiency. The
refinement procedure terminates in finite number of steps.
As there are infinitely points in the sensing field, we divide
the field into virtual grids, as shown in Figure 4. We consider
grid points and will later show that these grid points are
sufficient in providing guaranteed detectability for any point.
Figure 3 depicts the state transition diagram of the proposed
algorithm.

4.2. Design Details

4.2.1. Neighbor Discovery. At the beginning, each sensor
discovers its neighbors within 2r distance from itself by
exchanging HELLO messages with each other. A HELLO
message encloses the ID and the location of the sensor. For a
given sensor, a neighbor is a detection neighbor (distinguished
from a communication neighbor) if its distance to the
neighbor is less than 2r. Every sensor maintains a table for
its detection neighbors. Upon receiving a HELLO, the sensor
records the sender in the table if the sender is a detection
neighbor; otherwise, this packet is silently dropped. Note
that such small HELLO messages can be piggybacked
through other protocol packets for energy efficiency, such as
localization messages in the initialization process. The time
period for neighbor discovery should be sufficiently long
such that each sensor can broadcast its HELLO message.

4.2.2. Initial Probability Selection. After neighbor discovery,
the sensors start to compute its initial active probability. The
initial active probability guarantees that the point coverage
of any point in the field is greater than σ0.

The point coverage of p is given by

σ(p) = 1−
∏

B∈S(p)

(1− ω(B)). (15)

To guarantee that the point coverage is not less than σ0,
each sensor initially computes the probability needed for
every single grid point within its detection vicinity, and
then calculates the active probability needed at the sensor.
Each sensor Q considers a grid point p and computes the
active probability needed for p, denoted by ω(Q, p). With the
consideration of energy balance, we let the sensors covering p
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play an equally important role in detecting events at p. Thus,
Q figures out the number of detection neighbors that cover p
by checking the table of detection neighbors. Then Q is able
to compute ω(Q, p),

ω(Q, p) = 1− k
√

1− σ0, where k = |S(p)| ≥ 1. (16)

To compute the initial active probability for sensor Q,
it takes the maximum of the active probabilities for all grid
points within its detection vicinity. Let U(Q) denote the set
of all the grid points within the detection range of Q. Then,
the active probability of Q is

ω(Q) = max{ω(Q, p),∀p ∈ U(Q)}. (17)

The selection of the initial probability is conservative
in the sense that it takes the maximum value as its active
probability to ensure that every point in its detection vicinity

provides larger point coverage than required. The conse-
quence is that the point coverage of a point may actually
be much larger than the required one. Such conservativeness
incurs additional energy consumption and therefore leads to
less energy efficiency.

4.2.3. Refining Active Probabilities. To solve the problem
introduced by the conservativeness of the initial selection,
we propose a coordinated probability refinement procedure,
which is a completely localized algorithm. Each sensor recal-
culates a new active probability based on the active probabil-
ities of its detection neighbors. If the newly computed active
probability is smaller, it tries to update its active probability,
attempting to reduce its duty cycle. It is guaranteed that this
refinement procedure terminates in finite number of rounds.

After determining the initial active probability, sensors
exchange their active probabilities by local broadcast. Each
sensor recalculates a feasible active probability based on the
active probabilities of its detection neighbors. Similarly, a
sensor firstly computes a new active probability for each grid
point. Consider a point p. The new feasible active probability
of Q for p is given by

ω(k+1)(Q, p) =
⎧
⎪⎨

⎪⎩

1− 1− σ0

y
, if 1− σ0 < y

0, otherwise,

where y =
∏

B∈S(p)−{Q}
(1− ω(k)(B)),

(18)

where (k) denotes the number of generations of the associat-
ing active probability.
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To compute the new active probability, Q also takes the
maximum out of all the grid points within its detection
vicinity,

ω(k+1)(Q) = max{ω(k+1)(Q, p),∀p ∈ U(Q)}. (19)

If the new probability is smaller than the original one, it
is preferable to update the probability to the new one for
better energy efficiency. Otherwise, the sensor completes its
refinement procedure.

If a sensor computes a smaller new probability, it cannot
update its probability to the new one immediately due to
the computation dependence. It is critical to avoid parallel
updates. Thus, the sensor instead creates an update attempt,
trying to reduce its active probability. It is required that
before a sensor can actually update its active probability, it
must broadcast its new probability to its detection neigh-
bors and prevent them from updating simultaneously. An
UPDATE message is used to enclose the ID and the new
probability. Before an UPDATE is broadcast, the sensor
undergoes a random backoff to minimize transmission
collisions.

If the sensor successfully finishes the backoff process,
not receiving any update from its detection neighbors, it
broadcasts its UPDATE and commits the update. Next, it
recomputes its new active probability. If the sensor receives
an UPDATE from its detection neighbor before it finishes its
backoff process, it suppresses its planned UPDATE broadcast
and cancels its own update attempt. Next, it recomputes its
active probability. Such a process repeats until all the sensors
fail to further reduce their active probabilities.

In practice, one issue frequently arises that at the begin-
ning the refinement procedure, many of the newly computed
probabilities are close to zero. This is not desirable, because
it does not facilitate balancing power consumption among
the sensors. To address this issue, we pose a constraint on
the maximum reduction (denoted by th1) by which the
active probability of a sensor can be reduced each time. It
is apparent that this threshold controls the tradeoff between
convergence time and energy balance. A smaller threshold
can produce better energy balance but need a longer time for
the algorithm to converge.

We also notice that it is unwise to allow an update that
actually causes a small reduction on its active probability
since it not only requires communication overhead but also
may prohibit other nodes from updating their probabilities.
Therefore, we prefer updates that are more productive. To
this end, we pose an additional constraint on the minimal
reduction (denoted by th2) that a viable update should
possess. For a node having computed a new probability, it
can make an update attempt only if the resulting probability
reduction is greater than the threshold. It is also obvious
that this threshold controls the tradeoff between convergence
time and granularity of energy balance. A larger threshold
leads to a quicker convergence but produces a more coarse-
grained balance of energy consumption.

4.2.4. Extension for Surveillance Differentiation. It is some-
times necessary for some area to be more carefully moni-
tored, requiring detection differentiation for different areas.
GAP supports two types of surveillance differentiation. The
first type of differentiation lies in event detectability. For
example, the detectability at a particular point q should be
at least υ0(q). It is not difficult to derive the required point
coverage for q, denoted by σ0(q). All sensors covering q
should replace σ0 with σ0(q) in (16) and (18).

The second type of differentiation is in detection degree.
Recall that previously an event is considered to be reliably
detected as long as it is covered by one active sensor. It
implies that the detection degree is one. In practice, however,
the detection of a sensor on an event can be unreliable. To
address this problem, we can require that an event must
be detected by multiple sensors before it is considered to
be successfully detected. This suggests a higher degree. This
increases the robustness of event detection against unreliable
sensing and sensor failures.

In the following, we take example that point q needs a
higher detection degree of two. For distinguish, we define
the resulting point coverage of q as quadratic point coverage
(denoted by σ̂(q)). It is given by,

σ̂(q)=1−
∏

Q∈S(q)

ω(Q)−
∏

Q∈S(q)

⎛

⎝ω(Q)
∏

B∈S(q)−{Q}
ω(B)

⎞

⎠. (20)

To obtain the initial active probability for each sensor
coving q, we need to solve a high-dimensional equation.
Nevertheless, the quadratic point coverage monotonously
increases with increasing initial probability. Based on this, it
is easy to develop a numerical procedure to find a desirable
active probability that is close to the real minimum, which
satisfies σ̂(q) ≥ σ0(q). It is worth noting that it is unnecessary
to compute the exact minimum because the refinement
procedure is only aimed to reduce active probability as much
as possible. However, it is preferable to find one that is much
closer to the minimum for the purpose of better energy
efficiency.

For the refinement procedure, a sensor adjusts its active
probability based on the active probabilities of its detection
neighbors. The formula (18) should be reformulated as
follows:

ω(k+1)(Q, q) =
⎧
⎪⎨

⎪⎩

1− 1− σ0(q)− a

ab
, if 1− σ0(q)− a < ab

0, otherwise,

where a =
∏

B∈S(p)−{Q}

(
1− ω(k)(B)

)
,

b =
∑

B∈S(p)−{Q}

ω(k)(B)
1− ω(k)(B)

.

(21)

4.3. Design Issues

4.3.1. Grid Granularity. There is a concern about the gran-
ularity of grid points, characterized by grid size d. Notice
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Figure 5: Grid point granularity. The dotted circle represents the
nominal detection range, and the solid circle is the real detection
range.

that GAP actually provides guaranteed detectability for every
grid point. However, this does not necessarily imply that
the detectability at any point in the field is also satisfied.
To address this problem, we adopt a similar technique as in
[5]. We propose a nominal detection range r′ that is smaller
than the real detection range. For each small grid, if a sensor
covers any grid point of this grid with the nominal detection
range, the sensor completely covers the whole grid with its
real detection range. By this means, the system can guarantee
required detectability of any point in the field if it ensures
that the detectability at any grid point is greater than the
required one when using the nominal detection range. It is
not difficult to see that r′ ≤ r − √2d. As shown in Figure 5,
grid point p is within the nominal detection range of Q,
then the shadowed grid which p is attached to is completely
covered by Q. In contrast, point q is out of the nominal
detection range of Q; although it is within the real detection
range of Q, the shadowed grid is not completely covered by
Q.

It should be noted that such a solution comes at the
expense of reduced energy efficiency. This is because each
sensor loses some area that is actually within its detection
vicinity. It is clear that the grid granularity controls the
tradeoff between energy efficiency and computational com-
plexity. A finer granularity can lead to better energy efficiency
but causes a higher computational complexity. In our
implementation, d is set to one-tenth of the detection range.
Under this configuration, each sensor is expected to have
	100π
 grid points.

4.3.2. Network Dynamics. A sensor network is in nature
very dynamic in the sense that existing sensors may become
unavailable because of energy depletion or environmental
damage, or new sensors may join the network for enhanced

performance or extended lifetime. It is of great importance
for the network to adapt to such dynamics.

To deal with new sensor additions, a new sensor broad-
casts a PROBE message, which includes its location and
ID, to inform its detection neighbors of its emergence.
Upon receiving a PROBE, a sensor responds with an ECHO
message that includes its ID and its location. With the
received probabilities, the new sensor computes the necessary
probability as specified in (16) to meet the point coverage of
every point within its detection vicinity. Next, it broadcasts
an UPDATE and triggers a refinement procedure, which gives
its neighbors a chance to decrease their active probabilities.

To deal with sensor leave due to power depletion or
environmental damage, there are two basic approaches.
One is to let each sensor periodically broadcasts heartbeat
beacons. By this means, a sensor is able to be aware of a
neighbor’s leave when it fails to receive the heartbeat beacons
from that neighbor for a certain time. It can then recompute
its probability to compensate the point coverage loss caused
by that neighbor’s leave. With periodic beacons, a WSN
is responsive to sensor failure. However, periodic beacons
should be used with caution since it causes much traffic
overhead.

The other approach is to reschedule the whole network
periodically. This approach can also deal with the dynamic
addition of new sensors. Rescheduling also helps to achieve
better energy balance since it gives additional chances for
sensors with lower energy to decrease active probability. The
key issue here is the selection of the rescheduling period. It
should be adaptive to the degree of network dynamics. A
more dynamic network should have a shorter rescheduling
period.

4.3.3. Heterogeneous Sensors. The sensors may have different
detection ranges due to various reasons. However, GAP
is able to deal with such heterogeneity easily. Recall that
each sensor determines the set of grid points according to
its own detection range. In addition, when computing the
active probability for a point, a sensor needs to know the
detection vicinity of their neighbors. However, this can be
easily done by exchanging such information during the phase
of neighbor discovery.

4.4. Algorithm Analysis

4.4.1. Correctness

Theorem 4. GAP is correct; that is, it is able to provide guar-
anteed detectability for any point in the sensing field.

Proof. In Section 2, we have proved that the detectability of
any event at a point can be ensued to be larger than the
required detectability if the point coverage of each point in
the field is not less than σ0. In the selection of the initial
active probability, each sensor is assigned the probability that
is sufficiently larger than the required σ0. In the refinement
procedure, a sensor computes its necessary probability for
each grid point in its detection range. It takes the maximum
among all the grid points as its new active probability.
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Parallel updates are prevented using the effective random
backoff technique. An update is a local operation in the
sense that it only involves the region within the detection
vicinity of the updating sensor and does not affect other
regions. By introducing the nominal detection range, GAP
can successfully ensure that the detectability of every point is
greater than the required detectability υ0.

4.4.2. Convergence.

Theorem 5. GAP converges in a finite number of steps.

Proof. The maximum probability of a sensor is one. Each
successful update will reduce the active probability by at least
th2. In GAP, no operation will cause the active probability of
a sensor to increase. Thus, there is no fluctuation. Note that
the minimum of the active probability is zero. This suggests
that the number of updates that a sensor could have is at most
1/th2. Thus, GAP converges in a finite number of steps.

4.4.3. Computation Complexity. A tiny sensor processes lim-
ited computational capability. Thus, it is important that the
computation complexity is affordable for such tiny sensors.
Let us look at the number of steps needed for each sensor
to compute the final active probability. Each sensor covers
s = πr2/d2 grid points. Suppose a sensor has m detection
neighbors. For each grid point, the sensor needs m steps
to determine the set of covering sensors. In computing the
initial active probability, the sensor spends constant time to
compute the probability for a point. Finally, it takes s steps
to compute its active probability. Thus, it needs ms steps in
computing the initial probability. Thus, the total steps for
computation is

π
r2

d2
×m. (22)

For instance, when d = r/10 and m = 20, it takes less
than 10 thousand steps. Later, in each round of refinement, a
sensor basically performs the same operations as in the initial
computation. However, we emphasize that only those sensors
that feasibly further reduce probability need to perform such
operations.

A tiny sensor also has very small memory. For example,
a typical Mica2 sensor [23] has 4 K Bytes RAM. Memory
usage in GAP needs to be investigated. The memory usage
is mainly for storing the probabilities computed for the grid
points, which are s bytes. In addition, the sensor needs 4m
bytes to store the related information of detection neighbors.
For instance, when d = r/10 and m = 20, it takes less than
1 K bytes. By implementing GAP using TinyOS codes on a
Mica2 node, we find that such computation and space cost
are affordable for sensors.

4.4.4. Communication Cost. It is of importance to study the
communication complexity as it reflects energy overhead
introduced by GAP. We analyze the number of protocol
messages. Both the neighbor discovery and the initial active
probability exchange require each sensor to broadcast a

Table 2: Simulation parameters.

Parameter Value

R 30 m

r 10 m

L 300 m

n 4000

ρS 19 mW

ρP 20 mW

ρR 24 mW

t(e) 2t0
υ0 90%

σ0 0.684

ξ 10 J

ϕ 0.1

th1 0.1

th2 0.01

message. Thus, each sensor needs two broadcast transmis-
sions. Later, as mentioned, a sensor can have at most x =
1/th2 updates and therefore it can broadcast for at most x
times. As a result, a sensor can has at most 2 + x broadcast
transmissions. In implementation, we find that the th2 of
1/10 can provide a good tradeoff between convergence and
communication cost.

5. Performance Evaluation

In this section we first present the evaluation methodology
and then provide comparative evaluation results.

5.1. Methodology. To validate the design and to evaluate
the performance of GAP, we conduct extensive simulation
experiments. Simulations are conducted using a simulator
developed with extra emphasis on event detection. The
simulator is built on OMNet++ [24], a powerful discrete
simulation system.

In simulation experiments, we study events with the fixed
event life of 2t0. We fix the detection range and the com-
munication range. To derive different densities, we vary the
deployment rate n. The presented results are averaged over 20
independent experiments with different sensor deployments.
The simulation configuration follows the setting shown in
Table 2 if not stated elsewhere. In the table, ρS, ρP , and
ρR denote the power consumption rates of the sensing
device, the processor, and the transceiver, respectively. The
transceiver of the transceiver ϕ is set to 0.1. Although the
energy provided by two AA batteries can be several thousand
Joules, the energy of each sensor node is initialized to 10 J to
reduce lengthy simulations.

We design the following metrics to study the perfor-
mance of the algorithm.

(i) α-Lifetime of Surveillance. It is defined as the amount
of time until the instant when only α% of the sensing
field can provide the guaranteed detectability.
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Figure 6: Point coverage over time.

(ii) α-Lifetime of Network. It is defined as the amount of
time until the instant when only α% of sensors are
alive in the network.

(iii) Convergence Time. It is defined as the time from the
beginning to the instant when the refinement proce-
dure terminates.

(iv) Number of Packets per Node. We study the number of
packets per node transmitted in the execution of the
algorithm to study the communication cost.

We present a competitive study, comparing GAP with the
following schemes:

(i) NAV. In this algorithm, every sensor has the identical
active probability of σ0.

(ii) GNO. It is the same algorithm as GAP except that
GNO does not have the refinement procedure.

(iii) BOUND. It is the theoretical upper bound.

It is difficult to derive the tight bound of system lifetime.
We give an optimistic upper bound of the lifetime. A point in
the field is covered by λ sensors. Ideally, these sensors share
the same active probability, which is 1 − (1− σ0)1/λ. Thus,
the actual power consumption rate of the sensing device is
(1− (1− σ0)1/λ)ρS. The upper bound of the hard lifetime can
be computed accordingly,

Γbound = ξ

(ρP + ρR)ϕ + (ρS + ρP)(1− λ
√

1− σ0)
. (23)

Note, however, this upper bound is over optimistic because
in reality there is no such uniform deployment where every
point in the field is covered by an identical number of
sensors.

5.2. Typical Run. We study a typical run in which the
number of sensors is set to 4000 and the upper threshold
of th1 is set to 0.1. The object is to investigate how the
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Figure 7: Point detectability over time.
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Figure 8: Percentage of satisfied area over time.

system successfully provides guaranteed detectability of any
event. To this end, we generate fifty random events over
the sensing field at each time instant. In Figure 6, we show
point coverage over time. Each dot in the figure represents
the point coverage of the location of an event. We can see
that before the time of 3 × 105 ms every point coverage
is beyond σ0. After this time, the point coverages of some
points drop below σ0. This is because some spots in the
field are covered only by limited sensors. After these sensors
are depleted, the nearby sensors fail to provide the desired
point coverage for these spots. It is very interesting that many
dots are aligned on the line of y = σ0. This demonstrates
that the GAP algorithm successfully supports the minimum
necessary point coverage. Accordingly, the point detectability
of corresponding points are shown in Figure 7. We can see
that before the time of 3 × 105 ms, the detectability of every
event is greater than υ0. Figure 8 shows the percentage of
satisfied area (i.e., the point coverage of these areas are larger
than σ0) over time. Each point in the figure represents the
percentage of points, out of the fifty, whose point coverage is
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Figure 9: Comparison of 100-lifetime of surveillance.
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Figure 10: Comparison of 70-lifetime of surveillance.

over σ0. We can clearly see that as time elapses, the percentage
of satisfied area becomes smaller until it reaches 2 × 106 ms
when all the sensors are depleted.

5.3. Lifetime Extension. We compare lifetime extensions
achieved by different schemes under the different configura-
tions of varying sensors. In Figure 9, we plot the 100-lifetime
of surveillance for different schemes when the number of
sensors increases. We can see that when the density of
sensors is low, different schemes have similar performance
in terms of 100-lifetime. This is because that most area is
covered by a single sensor. When the sensor is depleted,
the 100-lifetime is determined. As the number of sensors
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Figure 11: Comparison of 50-lifetime of surveillance.

becomes larger, the lifetime extension achieved by GAP
becomes more significant. We can also find that the lifetime
produced by GAP is larger than GNO, demonstrating the
efficacy of the interactive refinement procedure. 100-lifetime
is greatly limited by the specific deployment of the sensors. To
further investigate the performance gain obtained by GAP,
we show 70-lifetime and 50-lifeitme in Figures 10 and 11,
respectively. From these figures, we can see the significance
of the GAP algorithm. It is important to note that when the
sensor density becomes higher, the lifetime extension is more
significant. This suggests that GAP can scale up well with the
increasing number of sensors.

We also compare lifetimes of network achieved by
different schemes, as shown in Figures 12, 13, and 14. The
lifetime extensions of network are reflecting the lifetime
extensions of surveillance. The lifetime of NAV remains the
same as the more sensors are deployed. This shows the
limitation of NAV that it fails to adapt to the increasing
sensor density.

6. Discussions

Unreliable Links. It has been well known that wireless
transmissions are unreliable. In GAP, the broadcasting of an
UPDATE is important. Suppose that sensor Q broadcasts its
new probability and reduces its active probability accord-
ingly. Sensor B, a detection neighbor of Q, fails to receive the
packet from Q. In this case, there may occur a violation since
B still keeps the previous probability of Q that is larger than
the current real active probability of Q. Based on this out-
of-date information, B may calculate a new probability that
fails to ensure that the detectability of some point within its
detection range.

However, we should point out that the detection range
is usually much shorter than the communication range.
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According to the data measured on eXtreme Scale Mote,
the detection range of magnetic sensor detecting vehicles
are 8 m. The communication range of a Mica2 Mote [23]
is about 150 m in the outer door environment. It has been
revealed that two sensor nodes that close to each other
have much more reliable packet transmission. On the other
hand, we can introduce an additional duplicate packet
immediately following the previous one to confirm the
update packet. This can further mitigate the problem that can
be introduced by occasional failures of UPDATE reception, if
the environment is harsh for wireless communication.
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Figure 14: Comparison of 50-lifetime of network.

Inaccurate Locations. In the design of GAP, location informa-
tion has been crucial. The accuracy of location information
of sensor nodes certainly impacts the performance of the
algorithm. If the estimated location is inaccurate, a sensor
fails to precisely identify the set of grid points that are really
within its detection range and the set of detection neighbors.
The consequence is that the system may fail to provide
guaranteed detectability.

Fortunately, we are able to address the problem intro-
duced by inaccurate location if location errors are insignif-
icant. On one hand, we have witnessed rapid advances
in technologies for positioning sensor nodes accurately.
Recently, study has reported that localization with accuracy
of several centimeters has been possible [25]. On the other
hand, we can use a more conservative nominal detection
range to compensate the inaccuracy introduced by location
errors.

7. Conclusion and Future Work

In this paper, we have presented the GAP algorithm that
provides guaranteed detectability for any event occurring
in the sensing field. GAP exposes a convenient interface
for the user to specify the desired detectability. Employing
the probabilistic approach, GAP is able to finely tune the
active probability of each sensor so as to minimize the
power consumption of the sensors. The algorithm does not
rely on costly time synchronization and is fully distributed,
therefore truly scalable to network scale and sensor density.
It has demonstrated through simulation experiments that
GAP significantly prolongs system lifetime while satisfying
the specified detectability for any event.

The future work will proceed in several important
directions. First, we plan to further study the impact of inac-
curate location and unreliable wireless communications on
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detection performance and the necessary design that should
be enhanced. Second, we will implement the algorithm in a
testbed to validate the design and to study its performance
under realistic complex environments.
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Two-way relay (TWR) communication, a new cooperation paradigm that allows two terminals to share one relay node to
communicate with each other in two phases, has played an increasingly valuable role in wireless networks to meet the stringent
throughput requirement. In this paper, we focus on the designing of automatic repeat-request (ARQ) protocols for the two-way
wireless relay systems. According to different feedback schedules, we propose three basic ARQ protocols to improve the throughput
of two-way relay systems, namely, relay-only ARQ (Ro-ARQ), terminal only ARQ (To-ARQ) and relay-terminal ARQ (RT-ARQ).
Through analyzing the outage throughput of these three ARQ protocols, it is verified that all three protocols can improve the
system performance. In addition, simulation results reveal that the RT-ARQ protocol has the closest performance to the theoretical
throughput upperbound among all given methods without severe deterioration on system complexity.

1. Introduction

Wireless communication has experienced tremendous
progress in the past two decades. The development
of relative technologies, for example, coding schemes,
multiple-input, multiple-output (MIMO), and orthogonal
frequency-division multiplexing (OFDM), and so forth,
has contributed on accelerating the transmission rate
sharply from a few kilo-bits per second (e.g., AMPS) to
more than 300 Mb/s (e.g., 3GPP LTE) accompanied with
the appearance of high-rate-requiring services [1]. On
the other hand, however, it can also be predicted that the
challenge of transmission data rate would be more serious
in the near future on considering such rate-demanding
applications and the limited radio resources. To cope with
the insufficiency of rate caused by a variety of factors
including fading, noise accumulation and interference, and
so forth, the implementation of relay is introduced to assist
the communication where the radio resources are not ideal,
such as edge of cellular systems [2]. In this paper, two-way
relay (TWR) channel, also known as physical-layer network

coding (PNC) [3–6], is discussed for its improved spectral
efficiency over the one-way relay or any other conventional
relay strategies. The key idea of two-way relay is that
two participating terminals can simultaneously transmit
packets to the relay in the same phase, after which the
relay processes the received signal and broadcasts it to each
destination in the following phase. In other words, different
from sequential data rate [7], both interacting terminals
can exchange information via transmitting or receiving
synchronously.

Recent works on two-way relay channels have gained
great achievements on promoting its performance. These
papers [3, 4] mainly demonstrated the application and
designing of PNC. In [8], transmission protocols for TWR
were proposed and verified of their contribution on the
multiplexing as well as the diversity gain. Also, [9] designed
a method of optimization on two-way relay transmission
which raised the sumrate and utilize Karush Kuhn Tucker
(KKT) condition to transform a nonconvex problem of
power-minimization into a feasible one, reaching a tradeoff
between multiplexing and diversity gain. To mitigate error
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propagation, error check at relay was introduced in the work
of [10], by setting a threshold at relay.

Departing from most previous works in TWR [1–10],
an alternative method to improve system performance is
applying the automatic repeat-request (ARQ) protocols at
the data link layer to guarantee the system throughput
performance [11], where cyclical redundancy check (CRC)
is used for checking error packets, and retransmissions are
requested if packets are received in error. The tasks of
ARQ protocol designing for two-way relay channels were
also conducted in previous works lately. In [12], a set of
ARQ protocols were presented and analyzed but under the
assumption that the bit-error rate (BER) between the relay
and each individual terminal is directly assigned instead of
taking the influence of transmitting power and rate into
account. A unique set of ARQ protocols for TWR were also
proposed and analyzed in [13] and it can be viewed as a
special case of this work. Since there are two terminals and
one relay in the two-way relay system, different feedback
schedules can be designed to meet various transmission
conditions for ARQ protocol [14]. For this reason, the ARQ
protocols in our work are classified into 3 types according
to where retransmissions are requested for an erroneous
packet:

(i) relay-only ARQ (RO-ARQ), where retransmissions
are requested at relay and the link reliability from
terminals to the relay is guaranteed only,

(ii) terminal-only ARQ (TO-ARQ), where only the ter-
minals execute repeat-request, and the end-to-end
link between the terminals via relay will affect the
performance, and

(iii) relay-terminal ARQ (RT-ARQ), which combines the
RO-ARQ and TO-ARQ protocol together.

In [15], we just proposed above three protocols and
described the details but did not analyze the performances
and performed complete simulations. In this journal paper,
throughput performances are analyzed. Finite-state Markov
chain is applied to decompose the procedure of ARQ
protocol into discrete states like [16]. Computer simulations
are performed to verify the performance analysis. It can
be obtained that the proposed protocols promote the
throughput, and RT-ARQ protocol has the best performance.

The paper is organized as follows. A brief description of
the system model of two-way relay channels is introduced
in Section 2, followed by the detailed procedures of all
three ARQ protocols in Section 3. The method of finite-state
Markov chain analysis of the given protocols is in Section 4.
After that, in Section 5, Monte-Carlo simulations of all three
protocols are conducted. Finally the work is concluded in
Section 6.

2. System Model and Assumptions

This work considers a wireless network where two terminals,
T1 and T2, exchange their information through the assistance
of a third node R, which acts as a relay and lies geographically
between both terminals (Figure 1). Generally, there are two

processing strategies at relay: amplify and forward (AF) and
decode and forward (DF) [17]. The achievable throughput of
the AF-based two-way relay systems has already been studied
in [18]. Furthermore, the noise amplification can severely
degrade the performance, especially in very low and middle
signal-to-noise-ratio (SNR) environments. Thus, the DF
strategy is the only consideration in this work. In addition,
the DF scheme dealing with the data packet is more suitable
for protocols in link layer. It is assumed that the direct link
between T1 and T2 is not available, and all nodes work in the
half-duplex mode [3, 4, 17, 18]. The transmission consists of
two phases: the multiple access (MA) phase and broadcast
(BC) phase. Two terminals simultaneously transmit their
packets to the relay in the first phase (MA phase). Then
the relay straightly decodes the received signal to perform
network coding and broadcasts the encoded information in
the next phase (BC phase). Each terminal is able to eliminate
the interference (generated by its own packet) from the
received signal and recover the information from the other
terminal.

In the MA phase, the symbols of S1 and S2 are simul-
taneously transmitted to R from T1 and T2, respectively.
Therefore, R receives the following:

yR =
√
PT1hT1RS1 +

√
PT2hT2RS2 + nR, (1)

where hTiR, i ∈ {1, 2} is the channel coefficient between
Ti and R assumed to be frequency flat and constant
over the entire time slot and is characterized by Rayleigh
fading, hTiR ∼ CN(0,1). In this work, hTiR is presumed to be
correctly estimated through the use of training sequences.
In other words, perfect channel knowledge is available at
both transceiver sides. PTi represents the average transmitting
power of Ti while ni (nR) stands for the noise at Ti(R) and is
complex Gaussian random variable with CN(0, σ2). The relay
operates in the DF and adopts maximum likelihood principle
to decode the received signal. To be specified, the relay will
choose Ŝ1 and Ŝ2 from codebooks of each node as decoded
symbols that satisfies the following:
(
Ŝ1, Ŝ2

)
= arg min

(Ŝ1,Ŝ2)

{∥
∥
∥yR −

(√
PT1hT1RŜ1 +

√
PT2hT2RŜ2

)∥
∥
∥

2
}

.

(2)

Then the relay maps (Ŝ1, Ŝ2) to SR, SR = M(Ŝ1, Ŝ2) using the
mapping principle M(·) like [4].

In the BC phase, the relay broadcasts SR to T1 and T2.
Hence, the signal received by Ti can be written as

yi =
√
PRhTiRSR + ni, for i = 1, 2, (3)

where PR symbolizes the average transmitting power of
the relay. Additionally, at each packet, besides CRC, extra
information about original owner of this packet is also
included like [19], and the feedback messages from Ti(R) are
presumed to be received without error or delay at the R(Ti).

3. Protocol Descriptions

In this paper, we aim at improving the reliable transmission
in the TWR systems; thus, we propose three basic ARQ
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protocols to fulfill this purpose: relay-only ARQ (RO-ARQ),
terminal-only ARQ (TO-ARQ), and relay-terminal ARQ
(RT-ARQ), which are named by where the retransmissions
are requested and which link reliability is ensured. They are
described in detail as follows. The analysis on their perfor-
mance of throughput will be discussed in the next section.

3.1. RO-ARQ. Relay-only arq: only the relay feeds back the
CRC, checking results of decoded packets (Ŝ1, Ŝ2) in the MA
phase, while the terminal does not feed back in the BC phase.
In other words, the link reliability between Tk and R in the
MA phase is guaranteed only. We classify three packet-error
cases to describe the RO-ARQ protocol.

Case 1. No packets are in error at relay. The relay transmits
two ACK messages, which inform T1 and T2 that their
packets are intact in the MA phase and inserted in SR packet
header. Then T1 and T2 start a new round transmission in
the next packet slot.

Case 2. One packet is in error at relay. If T1’s packet is in
error only, the relay feeds back a NACK for T1 and an ACK
for T2. Then retransmission will be performed by T1 in the

next packet slot while T2 transmit its next packet in the same
slot. Similarly, when only T2’s packet is in error, a reciprocity
ARQ process is executed. In this paper, T1’s erroneous packet
is taken as the example of Case 2 merely.

Case 3. Both the packets are in error at relay. The relay
discards all the wrong packets and feeds back two NACK
messages to inform the two terminals to retransmit copies of
their packets. Retransmission will be started immediately on
receiving the NACks. In other words, BC phase is skipped,
and MA phase will be executed again. Figure 2 depicts the
RO-ARQ protocol in detail.

3.2. TO-ARQ. Terminal-only ARQ: only the terminal feeds
back the CRC-checking results after the BC phase. The relay
just decodes and forwards in the MA phase and feedback
duration; thus, the whole end-to-end link between T1 and
T2 will have an effect on the throughput performance. Note
that the retransmission requirement is made at the end of
BC phase so that the procedure will not skip any phase
comparing with that of RO-ARQ. The TO-ARQ protocol can
also be classified into three individual packet-error cases as
illustrated in Figure 3.
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Case 1. No packets are in error at terminal. Each terminal
transmits an ACK message to the other one via the relay,
informing that the packet was received correctly. Then the
next packet slot is started.

Case 2. One packet is in error at terminal. If the packet
received by T2 is erroneous only, T2 feeds back a NACK for
T1 and T1 feeds back an ACK for T2. Retransmission will be
performed by T1 in the next packet slot, during which T2 will
transmit its next packet and vice versa.

Case 3. Both the packets are in error at terminal. Each
terminal will feed back a NACK message to inform the other
one to retransmit the packet in next packet slot.

3.3. RT-ARQ. Relay-terminal ARQ: both the relay and ter-
minals feed back the CRC-checking results, which combine
the RO-ARQ and TO-ARQ protocol together. The relay will
retransmit the packet only if packets are received at relay
correctly in the MA phase yet corrupted at terminals during
the BC phase. Similarly, when the relay detects error packets,
NACKs will be sent to terminals and retransmission will
be executed correspondingly. Note that whenever a packet
fails to transmit correctly, only the related phase (i.e., MA
when error at relay, BC when error at terminals) will be re-
executed instead of the whole packet slot. Six packet error
cases are classified to describe the RT-ARQ protocol as shown
in Figure 4.

Case 1. No packets are in error at relay and terminals. The
relay sends ACK messages to both terminals. The terminals
send their ACK messages back in the feedback duration.

Case 2. No packets are in error at relay, while only one
terminal’s packet corrupted at terminal. The terminal who
received the failed packet sends a NACK back in the feedback
duration, and the BC phase will be executed again in which
the relay retransmits the copy.

Case 3. No packets are in error at relay, while both the
packets corrupted at terminal. Each terminal sends a NACK
back, and the relay carries out the same operation as Case 2.

Case 4. Only one terminal’s packet is in error at relay while
no errors at terminal. The relay sends a NACK back for T1

in the MA phase, and T1 sends an ACK back in the feedback
duration.

Case 5. Only one terminal’s packet in error at relay, while the
other’s corrupted at the terminal. The relay sends a NACK
back for T1 in the MA phase, and T1 sends a NACK back for
T2.

Case 6. Both the packets in error at relay. The relay feeds back
two NACK messages to inform the terminals to retransmit
their incorrect packet again in next packet slot.

4. Throughput Analysis

Data reliability in this work is more considered rather than
the transmitting latency, forasmuch the relay and terminals
will discard all failed copies of packets and their decoding are
based only on the most recent copies, which have the highest
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Figure 4: The RT-ARQ protocol.

probability of transmitting successfully [13]. By taking this
issue into considerations, the system long-term throughput
could be defined as:

η = lim
M→∞

1
M

M∑

m=1

(R1I1[m] + R2I2[m]), (4)

where Ri, for i ∈ {1, 2}, is the transmission rate (bps/Hz)
of each terminal and Ii[m] is an indicator function of a
successful decoding event, in which a packet from node i is
decoded by another terminal node in time slot m.

In this section, the procedures of all three types of ARQ
protocol would be described and analyzed under the models
of finite state Markov chains. Consequently, the proposed
ARQ protocols satisfy appropriate assumptions of stationary
and ergodicity. Thence, the long-term throughput can be re-
written as

η = R1

−
I 1 + R2

−
I 2, (5)

where
−
I i = E[Ii[m]] denotes the expectation of Ii[m] over

fading.
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Before the analysis of proposed ARQ protocols is pro-
vided, several variables will be employed helping describe
the outage probabilities of each model. In the MA phase, the
outage probabilities could be depicted in Figure 5 [20].

Each region represents an individual event when two
packets arrive at relay in the MA phase.

(i) Region 1: packet from T1 arrives at relay successfully
while packet from T2 fails;

(ii) Region 2: packet from T2 arrives at relay successfully
while packet from T1 fails;

(iii) Region 3: both packets fail;

(iv) Region 4: both packets arrive successfully.

Variables {P1,P2,P3,P4} are defined as the probability of
each corresponding region in the figure as follows:

P1 = 1
2R2

[

exp

(

−2R2 − 1
PT

)

− exp

(

−2R1+R2 − 1
PT

)]

,

P2 = 1
2R1

[

exp

(

−2R1 − 1
PT

)

− exp

(

−2R1+R2 − 1
PT

)]

,

P3 = 1− 1
2R1

exp

(

−2R1 − 1
PT

)

− 1
2R2

exp

(

−2R2 − 1
PT

)

− exp

(

−2R1+R2 − 1
PT

)

×
[

1− 1
2R1

− 1
2R2

+

(
2R1 − 1

)(
2R2 − 1

)

PT

]

,

P4 = 1− P1 − P2 − P3,

(6)

where PT is the value of transmitting power of both terminals
since in the current work they are assumed equal (i.e., PT1 =
PT2 = PT). Note that the value of σ is normalized in this
work, the effect of SNR at each node is therefore directly
reflected by their transmit power (i.e., PT/σ2 = PT).

In the BC phase, the link between the relay and two
terminals can be viewed as peer-to-peer links [13], and the
outage probabilities on each link are defined as Pout,RT1 and
Pout,RT2 and in the current work as follows:

Pout,RT1 = Pout,RT2 = 1− exp

(

−2RR − 1
PR

)

, (7)

where RR and PR symbolize the transmitting rate and power
of the relay node, respectively. Similarly, SNR at relay is
represented by its transmit power (i.e., PR/σ2 = PR).

In order to represent the expressions in the rest of the
paper less complicated, the complements of Pout,RT1 and
Pout,RT2 are introduced as follows:

Pr1 = 1− Pout,RT1 ,

Pr2 = 1− Pout,RT2 .
(8)

4.1. Upper Bound. The upper bound of the transmission
can be obtained by assuming that two terminals can
transmit without interfering each other. Thus, the maximum
throughput of any terminal (e.g., T1) can be calculated as

η̃1 = R1

(
1− Pout,T1R

)(
1− Pout,RT2

)

(
2− Pout,T1R − Pout,RT2

) , (9)

in which Pout,T1R (Pout,T2R), similar to Pout,RT1 (Pout,RT2 ),
symbolizes the outage probability of the peer-to-peer link
between T1(T2) and the relay.
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Analogously, the maximum throughput η̃2 can be given
for T2. Consequently, the upper bound for throughput can
be obtained as η ≤ ηUB = η̃1 + η̃2.

4.2. RO-ARQ. Under the protocol of RO-ARQ, the repeat
request is only made at the relay node; therefore the model
can be studied as a Markov chain with states of relay’s buffer.

(i) S0: no packets are cached in the relay’s buffer and the
relay is expecting the next transmission;

(ii) S1: packet from T1 successfully arrives at relay while
packet from T2 fails, Corresponding to Case 2 of RO-
ARQ in the previous section;

(iii) S2: reciprocity of state S1 substituting T1 with T2 and
vice versa;

(iv) S3: packets from both terminals arrive at relay with
no error, corresponding to Case 1 of RO-ARQ in the
previous section.

The states above can be depicted in Figure 6. As can be seen
from the diagram, a successful transmission from Ti to Tj

(i, j ∈ {1, 2}, i /= j) is determined when the system is at state
S3, S2, or S1, and packets are sent forward with probability Pr1

or Pr2. Consequently, the indicator variable
−
I i can be written

as
−
I i =

(
PRO
si + PRO

s3

)
PRTj , i, j ∈ {1, 2}, i /= j, (10)
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Figure 8: The state-transition diagram of RT-ARQ protocol.

where PRTj is defined as the probability of a successful packet
transmission from R to Tj , and PRO

si stands for the steady
probability of relay being at state Si within RO-ARQ protocol.
By solving the state transition equations listed below:

PRO
s0 P1 = PRO

s1 ,

PRO
s1 P2 = PRO

s2 ,

PRO
s2 P4 = PRO

s3 ,

3∑

i=0

PRO
si = 1,

(11)

the steady state probability is:

PRO
s0 = (1 + P1 + P2 + P4)−1,

PRO
s1 = P1(1 + P1 + P2 + P4)−1,

PRO
s2 = P2(1 + P1 + P2 + P4)−1,

PRO
s3 = P4(1 + P1 + P2 + P4)−1.

(12)

The steady distribution of the Markov chain is acquired and
thereby the throughput can be obtained as follows:

ηRO = R1

[
Pr2

(
PRO
s3 + PRO

s2

)]
+ R2

[
Pr1

(
PRO
s3 + PRO

s1

)]
. (13)

4.3. TO-ARQ. In TO-ARQ model, the signals received at
relay do not reveal whether the transmission is successful
or not. Due to this reason, the analysis of TO-ARQ model
adopts the combination of the relay’s buffer together with
terminals’ rather than the relay’s alone as the state variable.

Under such circumstance, the state variable also has five
possibilities:

(i) S0: none of packets from both terminals transmitted
correctly, and NACKs are sent to both terminals,
corresponding to Case 3 of TO-ARQ in the previous
section;

(ii) S1: packet from T1 successfully arrives at T2 while
packet from T2 fails. Correspond to Case 2 of TO-
ARQ in the previous section;

(iii) S2: reciprocity of state S1 substituting T1 with T2 and
vice versa;

(iv) S3: packets from both terminals arrive with no error,
corresponding to Case 1 of TO-ARQ in the previous
section;

(v) Sr : packets arrive at the relay and will be sent to both
terminals in the next phase.

The states above can be depicted in Figure 7. Here the state-
transition probabilities are coded for the convenience of
representation as follows:

PA = P1Pr2 + P4Pr2(1− Pr1),

PB = P3 + P1(1− Pr2) + P2(1− Pr1) + P4(1− Pr1)(1− Pr2),

PC = P2Pr1 + P4Pr1(1− Pr2),

PD = P4Pr2Pr1,
(14)

and easily the sum of all four probabilities is solved as follows:
PA + PB + PC + PD = 1.
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The state-transition equations of this Markov chain are
the following:

PTO
sr PB = PTO

s0 ,

PTO
sr PA = PTO

s1 ,

PTO
sr PC = PTO

s2 ,

PTO
sr PD = PTO

s3 ,

PTO
sr +

3∑

i=0

PTO
si = 1,

(15)

where PTO
si , i ∈ {0, 1, 2, 3, r} is defined as the steady

probability of each state Si within TO-ARQ protocol. The
steady-state probabilities to each state in the diagram can be
solved as follows:

PTO
sr = 0.5,

PTO
s0 = 0.5PB ,

PTO
s1 = 0.5PA,

PTO
s2 = 0.5PC ,

PTO
s3 = 0.5PD.

(16)

According to the description of the protocol given above, the
correct transmission of a packet from terminal i occurs only
when the system is at state Si or S3. Therefore the throughput
of TO-ARQ model is calculated as follows:

ηTO = 0.5R1

(
PTO
s1 + PTO

s3

)
+ 0.5R2

(
PTO
s2 + PTO

s3

)
. (17)

4.4. RT-ARQ. In RT-ARQ model, the relay shares the same
functions as in RO-ARQ while it executes the retransmission
requested by terminals. Hence, the state variable can be
similar with that of RO-ARQ yet it is not the representation
of the relay’s buffer alone, but also, the operations the relay
going to take in the next phase. Therefore, the diagram of the
state transition needs modification as well to suit the current
protocol, which is shown in Figure 8. The definitions of RT-
ARQ’s state S0, S1, S2, and S3 are given by

(i) S0: no packets are stored in the relay’s buffer, and the
relay is expecting the next transmission;

(ii) S1: the packet from T1 is cached in the relay’s buffer
and will be transmitted to T2 in the next phase. The
transmission of packet from T2 is ignored due to a
failed transition S0 → S1 or a accomplished one S3 →
S1;

(iii) S2: reciprocity of state S1 substituting T1 with T2 and
vice versa;

(iv) S3: packets from both terminals arrive at relay with
no error. State may shift to S0, S1, or S2 depending on
whether the corresponding transmission of packet is
successful or not. It is specified in Figure 8.

The state-transition equations of this Markov chain are the
following:

PRT
s1 (1− Pr2) + PRT

s0 P1 + PRT
s3 Pr1(1− Pr2) = PRT

s1 ,

PRT
s2 (1− Pr1) + PRT

s0 P2 + PRT
s3 Pr2(1− Pr1) = PRT

s2 ,

PRT
s3 (1− Pr1)(1− Pr2) + PRT

s0 P4 = PRT
s3 ,

3∑

i=0

PRT
si = 1,

(18)

where PRT
si , i ∈ {0, 1, 2, 3} represents the steady probability

of each state Si within RT-ARQ protocol. The steady
probabilities to each state in the diagram can be solved as
follows:

PRT
s0 =

(
P1

Pr2
+
Pr1

Pr2

(1− Pr2)P4

Pr1+Pr2 − Pr1Pr2
+

P2

Pr1
+
Pr2

Pr1

× (1− Pr1)P4

Pr1 + Pr2 − Pr1Pr2
+

P4

Pr1 + Pr2 − Pr1Pr2
+ 1
)−1

,

PRT
s1 =

(
P1

Pr2
+
Pr1

Pr2

(1− Pr2)P4

Pr1 + Pr2 − Pr1Pr2

)

PRT
s0 ,

PRT
s2 =

(
P2

Pr1
+
Pr2

Pr1

(1− Pr1)P4

Pr1 + Pr2 − Pr1Pr2

)

PRT
s0 ,

PRT
s3 = P4

Pr1 + Pr2 − Pr1Pr2
PRT
s0 .

(19)

A successful transmission from Ti to Tj (i, j ∈
{1, 2}, i /= j) is determined when the following state transi-
tions take place:

S3 −→ S0, S1, or S2,

S2 −→ S0,

S1 −→ S0,

(20)

thence the throughput of RT-ARQ model is given by:

ηRT = R1

[
Pr2

(
PRT
s3 + PRT

s2

)]
+ R2

[
Pr1

(
PRT
s3 + PRT

s1

)]
. (21)

4.5. Throughput Comparisons of Different ARQ. By calculat-
ing the difference between each of {ηRT,ηRO,ηTO,ηUB}, their
relationship can thus be obtained as ηUB ≥ ηRT ≥ ηRO ≥ ηTO

which is depicted in Figure 9. The acceleration (deceleration)
of transmission will shrink (broaden) all gaps, yet leaving the
sequence of quantity unchanged.

Thereby the mutual gap between each protocol’s
throughput performances can be predicted from each of
their differences with the upper bound. The gap between the
RT-ARQ and TO-ARQ is omitted because the combination
of RT-RO gap and RO-TO gap can indirectly reflect the
RT-TO gap which is shown in Figure 10. When the rate
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Figure 9: Throughput difference between the upper bound and each of the proposed ARQ protocols under the transmitting rate of R = 2.5
and 5.0 bps/Hz, respectively.
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Figure 10: Throughput difference of RT-RO and RO-TO, under the transmitting rate of R = 0.5 and 5.0 bps/Hz, respectively.

is relatively low, the performance of RO-ARQ is quite
close to that of the TO-ARQ’s. And when it rises, on the
contrary, RO-ARQ’s throughput performance will approach
RT-ARQ’s. Therefore, it will be much saving to choose RO-
ARQ over RT-ARQ under high transmitting rate since they
perform similarly while reducing the number of execution
of ARQ by half. However, RT-ARQ is more preferable when
the rate is low for the throughput performance can be
guaranteed.

5. Numerical Results

In this section, computer simulation results are presented to
reveal the end-to-end throughput performance of proposed
ARQ protocols. For the sake of comparison, the evaluation
of the transmission’s upper bound is also taken into the
simulation. The simulation focused on symmetric case in
which R1 = R2 = RR and PT = PR and is executed on
four different rates, namely, R = 0.5, 2.5, 3.5, 5 bps/Hz
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Figure 11: Normalized throughput η/R versus SNR for a symmetric TWR with transmission rate R = 0.5, 2.5, 3.5, 5 bps/Hz, respectively.

[13]. The range of SNR is from −20 dB to 40 dB [8, 17];
thus, the whole trend of curves can be observed while, on
the other hand, both links (T1 ↔ R,T2 ↔ R) share the
same SNR. The results are shown in Figure 11. Additionally,
same scale of throughput can be convenient for observation
and comparison; hence, all figures of computer simulations
have been normalized. The Monte-Carlo simulation is
implemented in this work to verify the consistency of the
algorithm applied in the previous section with the actual
scenarios, and, judging from the observation of Figure 11,
both outcomes can be perfectly matched.

As can be seen, for any given transmission rate, RT-ARQ
protocol has the best throughput performance among all
the proposed schemes, and RO-ARQ has better throughput
efficiency than TO-ARQ under any circumstances. This

is due to the reason that RT-ARQ has the most flexible
slot procedure. To be specified, whenever an erroneous
transmission occurs, the retransmission requirement can be
sent immediately in the next phase under RT-ARQ protocol:
consequently, the MA or BC phase can be reexecuted and
need not have to wait for any idle phase. In other words,
the retransmission of RT-ARQ takes half the period of a slot
on average. RO-ARQ protocol has the ability to reexecute
the MA phase when packets arrive at relay unsuccessfully;
yet, links of the second hop are not guaranteed forasmuch
the successful transmission of a packet will require the
retransmission to take more than one phase while less than
a whole slot. As for TO-ARQ protocol, the retransmission
takes a whole slot to carry out in the long run, and the MA
phase will be seen as an idle phase when mistakes appear. For
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Figure 12: Normalized throughput η/R versus SNR for a symmetric TWR with different transmission rate on each terminal.

example, if a packet arrives at relay with mistake, it will take
RT-ARQ and RO-ARQ protocol one phase to accomplish the
retransmission comparing that TO-ARQ will take a full slot.

When SNR is at low region, all protocols’ curves includ-
ing the upper bound are near zero and when SNR transcends
a threshold value, throughput values rise dramatically and
approach one. This is attributed to the fact that when SNR is
abysmal, high-outage probability will stuck all the protocol
at retransmitting states, causing decode-recode at relay
unreliable. On the contrary, TWR system runs between the
state of ready-to-send and the state of receiving successfully
when SNR is very high. The rising range, observed from the
figures, is approximately 20 dB, and the threshold floats with
the transmission rate. However, comparing with the upper
bound, the threshold of proposed protocols is rather more

sensitive to the rate; thus, their curves move toward right side
faster than the upper bound’s curve as the rate increases.

Another set of curves are presented to demonstrate the
performance of unequal transmission rate (i.e., R1 /=R2). The
trend of curves, as can be seen from Figure 12, follows that
of equal-rate condition. Curves of three proposed protocols
cluster and depart from the upper-bound as any of the rate
increases. As for the influence of the relay, the ascension
of the relay’s transmitting rate also push all curves toward
right judging from the observation of Figures 12(b) and
12(c). This can be concluded from the peer-to-peer outage
probability (7) which is an increasing function of RR and
directly affects the evaluation of system’s throughput. Yet
RT-ARQ still outperforms RO-ARQ and TO-ARQ under all
circumstances executed in the simulation.



International Journal of Distributed Sensor Networks 13

6. Conclusion

In this paper, three ARQ protocols are investigated which
designed for two-way relay systems with physical-layer
network coding according to different feedback schedules at
the relay and terminals. Work mainly focuses on the link
reliability improvement in terms of end-to-end throughput
of TWR system over slow fading wireless channels. Through
performance evaluations, we confirmed that the proposed
protocols can offer a smoother increase of the throughput
curve, and it can significantly improve the end-to-end
throughput performance in two-way relay systems. It can be
observed that the RT-ARQ protocol has a better performance
than the other protocols and can best approach the upper
bound under low transmission rate among all proposed
schemes.
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Routing and spectrum allocation is an important challenge in cognitive wireless mesh networks. A distributed routing and
spectrum allocation algorithm with cooperation (DRSAC-W) in cognitive wireless mesh networks is proposed in this paper. In
order to show the decrease of the average end-to-end delay with cooperation in DRSAC-W, a distributed routing and spectrum
allocation algorithm without cooperation (DRSAC-WO) is proposed in this paper. Minimizing the average end-to-end delay is the
objective of DRSAC-W and DRSAC-WO. Simulation results show that the proposed algorithm DRSAC-W with cooperation can
alleviate the high delay due to the heterogeneity of available channels of different nodes and achieve low average end-to-end delay.

1. Introduction

The scarcity of spectrum resource is often thought to be
a bottleneck in wireless mobile communications. Cognitive
radio (CR) is intelligent revolutionary spectrum (channel)
sharing technology and the most important new wireless
technology today. The core function of CR is that it can sense
the vacancy spectrum resources and share these unused spec-
trum resources [1]. Secondary users (SU) can use the autho-
rized spectrum which primary users (PU) did not use [2, 3].

A cognitive wireless mesh network (CWMN) is a wireless
mesh network which integrates CR technology [4, 5]. A CR-
Mesh node (such as a CR-Mesh gateway, a CR-Mesh router,
or a CR-Mesh client), which integrates CR technology, can
sense the spectrum which PU are not using and access the
vacancy spectrum resource.

Wireless mesh networks (WMN) are a type of next gen-
eration broadband wireless access networks. There are many
challenge problems in wireless mesh networks. Recently,
there are some research results about routing and channel
allocation [6–10]. However, research results of routing and
channel allocation in WMN cannot be applied to CWMN
directly, because the problem of routing and channel alloca-
tion in a CWMN has the following characteristics. (1) The
routing protocol of WMN uses static channel, while the

routing protocol of a CWMN must utilize dynamic channels.
(2) The CR-Mesh node uses the allocated spectrum which
the PU did not use; hence, the CR-Mesh node must ensure
that it does not interfere with the communication of the PU.
(3) The channels available to a CR-Mesh node are a subset
of all available channels, and this subset changes over time in
a CWMN. (4) There are heterogeneity available channel sets
among different CR-Mesh nodes in a CWMN. (5) There are
differences among the different channels, due to the activity
of PU.

At present, the research about CWMNs is at an early
stage. There are many open challenges [11] in CWMN.
Although for the routing and spectrum allocation problems,
there are already some research results [12–19].

An improved layered AODV route protocol in cognitive
wireless mesh networks was proposed by Tingrui et al. [12].
An AODV-COG route protocol based on AODV protocol
was proposed by Sun et al. The objective of AODV-COG is
to increase the throughput of a CWMN [13]. An economic
framework for adaptation and control of the network
resources with the final goal of the network profit maximiza-
tion was proposed by Amini and Dziong [14]. A multisource
video on-demand application over a multiinterface cognitive
wireless mesh networks was studied by Yong Ding with
the objective of maximizing the number of sessions of the
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network. A distributed multipath routing and spectrum
allocation algorithm (DRCA) and a centralized multi-path
routing and spectrum allocation algorithm (CRCA) were
proposed by Ding and Xiao [15]. Lee et al. aim at solving the
problem of coexistence of CWMN and other wireless net-
works, in order to share spectrum among multiple wireless
networks. A route and spectrum allocation algorithm with
the objective of minimizing the used spectrum was proposed
[16].

With the optimization of average throughput and average
delay, a distributed routing and channel allocation was
proposed by Zhang et al. [17]. A multi-path routing and
channel allocation strategy was proposed by Gu et al., with
the goal of optimizing average throughput and average delay
[18]. A dynamic layered-graph routing model and routing
policy for CWMN were proposed by Li et al. [19].

The problem of routing and spectrum allocation with
node cooperation is studied in this paper. We aim to mini-
mize the end-to-end average delay.

This paper offers the following innovations when com-
pared to existing research. (1) The effect among multiple
wireless requests is taken into account, in order to minimize
the average end-to-end delay. (2) The different wireless
channels have different transmission characteristics, with
delay being one of the most important of these character-
istics. (3) DRSAC-WO, a distributed routing and spectrum
allocation algorithm without cooperation, and DRSAC-W, a
distributed routing and spectrum allocation algorithm with
cooperation, are proposed in this paper.

The remainder of the paper is organized as follows.
We discuss the network model and problem description in
Section 2. In Section 3, we describe the proposed DRSAC-
WO and DRSAC-W algorithms. Simulations comparing the
performance of the proposed algorithms are presented in
Section 4. Section 5 concludes the paper and outlines our
future work.

2. Network Model and Problem Description

2.1. Network Model. We adopt a simple undirected graph
G = (V ,E) model of the CWMN, which consists of CR-
Mesh router and CR-Mesh gateways. V represents the set of
CR-Mesh routers and CR-Mesh gateways. GW(GW ⊂ V)
represents the set of CR-Mesh gateways. E represents the
set of wireless links. Each node vi ∈ V has an available
channel set Ki which has been sensed. Each node vi ∈ V
has Ii cognitive radio interfaces (CRIs). TR and IR represent
the communications distance and interference distance,
respectively, and IR = 2 × TR. The physics distance between
node vi and node vj is represented by d(vi, vj). Two CR-Mesh
nodes which can communicate with each other must satisfy
the following conditions. (1) There are common available
channels, Ki ∩ Kj /=Φ. (2) There are unoccupied CRIs for
each node. (3) The nodes must satisfy the restriction of
distance, d(vi, vj) ≤ TR. (4) The nodes must satisfy the
restriction of interference.

There is interference between wireless links (u1, v1)
and (u2, v2) which must satisfy the following condition.

Table 1: Symbol implication.

Symbol Implication

V Sets of nodes |V | = n

E Set of edges |E| = m

Δ Set of wireless requests

K Set of available channels

TR Communications distance

IR Interference distance

Ii Available number of cognitive radio interfaces of node i

Ki Available channel set of node i

Dk Delay of channel k

x(u, v) Allocation channel of wireless link (u, v)

(1) d(u1,u2) ≤ IR or d(u1, v2) ≤ IR or d(v1,u2) ≤ IR or
d(v1, v2) ≤ IR, and (2) the same channel must have been
allocated to two wireless links, x(u1, v1) = x(u2, v2).

H(u, gi) represents the hop count from CR-Mesh route
node u to the CR-Mesh gateway node gi(gi ∈ GW).

X = {x(u, v)}n∗n, x(u, v) = k that represents the wireless
link (u, v) is allocated channel k. x(u, v) = 0 that represents
the wireless link (u, v) is not allocated any channel. Every
wireless link either is allocated only one channel or is not
allocated a channel.

Dk represents the delay of the channel k (k ∈ K , k ≥ 1),
in units of ms. Different channels have different delays, that
is, different channels i and j lead to Di /=Dj . In order to
describe the proposed algorithm, we assume that there is
channel 0. The delay of channel 0 is D0 = ∞. The meaning of
other symbols are summarized in the Table 1.

2.2. Problem Description. We study the problem under the
condition of heterogeneous available channels, and the route
from source node to destination node is constructed dis-
tributedly. We aim to minimize the average end-to-end delay.

Δ = {δi = (si,di)} represent the set of wireless requests,
si and di represents the source node and destination node
of wireless request δi · Path(si,di) represents the path from
source node si to destination node di ·Delay(si,di) represents
the average end-to-end delay of Path(si,di), as computed
with the following:

Delay(si,di) =
∑

(u,v)∈Path(si,di)

Dkx(u, v) = k. (1)

AvgDelay (Δ) represents the average end-to-end delay.
Minimizing the average end-to-end delay is the goal and is
formulated as follows:

Min AvgDelay (Δ),

AvgDelay (Δ) = 1
|Δ|

∑

δi∈Δ
Delay(si,di).

(2)

A simple topology is considered. This topology is shown
in Figure 1. There are 2 CR-Mesh gateways, and 10 CR-
Mesh router nodes. CR-MR4 {1, 2, 3, 4, 5}/3 represents that
the node CR-MR4 has the available channel set {1, 2, 3, 4, 5},
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Figure 1: Cognitive wireless mesh network topology.

with five CRIs, K2 = 5, and I2 = 5. There are 5 available
channels in wireless network, K = {1, 2, 3, 4, 5}, the delay of
each of these is D = {3, 5, 6, 9, 2}.

δ1 = (E,A) and δ2 = (D,B) are two wire-
less requests in the network environment. Table 2 shows
the constructed paths and spectrum allocations without

cooperation. Path(E,A) = E
1−→ G

5−→ J
2−→ I

3−→ A represents
the constructed path of wireless request δ1. It means that the
allocated channel from node E to node G is channel 1, the
allocated channel from G to node J is channel 5, the allocated
channel from J to node I is channel 2, and the allocated
channel from I to node A is channel 3. We can compute
the Delay(E,A) = 16 and Delay(D,B) = 20 using (1). The
following computes the average end-to-end delay:

AvgDelay (Δ) =
(
Delay(E,A) + Delay(D,B)

)

2
= 18. (3)

Table 3 shows the constructed paths and allocated spec-
trum with cooperation. The delays are Delay(E,A) = 20 and
Delay(D,B) = 13, and the average end-to-end delay is

AvgDelay (Δ) =
(
Delay(E,A) + Delay(D,B)

)

2
= 16.5.

(4)

The wireless request δ1 arrives before wireless request δ2.
Without cooperation, the fundamental of spectrum allocated
is channel with the lowest delay. When the wireless request δ2

arrives, the wireless link G → J has been allocated channel 5.
The wireless link D → G only can be allocated channel 4.

With cooperation, the channel allocated to the wireless
link G → J is changed to channel 3, and the channel of
the wireless link G → J is changed to channel 5. Although
the Delay(E,A) increases, the Delay(D,B) decreases with
cooperation. Additionally, the decrease in Delay(D,B) is
more than the increase in Delay(E,A), thus, the overall
average end-to-end delay decreases.

The claim of this paper is that making these types of
choices will minimize the average end-to-end delays for all
requests in the network.

Table 2: Path and delay without cooperation.

Path(si,di) Delay(si,di)

δ1 E
1−→ G

5−→ J
2−→ I

3−→ A 16

δ2 D
4−→ G

3−→ H
2−→ B 20

Table 3: Path and delay with cooperation.

Path(si,di) Delay(si,di)

δ1 E
1−→ G

3−→ J
2−→ I

3−→ A 20

δ2 D
5−→ G

3−→ H
2−→ B 13

3. Distributed Routing and
Spectrum Allocation Algorithm

DRSAC-WO, a distributed routing and spectrum alloca-
tion algorithm without cooperation, and DRSAC-W, a
distributed routing and spectrum allocation algorithm with
cooperation, are proposed in this paper. In order to show
the decrease in average end-to-end delay when there is
node cooperation, we compare the two algorithms. The
InitCRNode algorithm is common to both DRSAC-WO and
DRSAC-W algorithms.

3.1. InitCRNode Algorithm. InitCRNode algorithm initial-
izes all CR-Mesh nodes of the CWMN. The initialization
constructs the neighbor node list, available channels of each
neighbor node, and the hop count to CR-Mesh gateway
node.

We must do some parts of this computation with a
centralized algorithm rather than a distributed algorithm
However, the choice of path to the gateway is based upon
local information. L(u) represents the information at node u
and the neighbor information of node u. L(u)·Set represents
the set of neighbor nodes of CR-Mesh router node u. Other
related information is listed in Table 4.

The following formulas show how to compute L(u) ·
ax(u) and L(u) · AC(v):

L(u) · ax(u) = Ku − L(u) · x(u), (5)

L(u) · AC(v) = L(u) · C(v)− L(u) ·UC(v). (6)
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Input: ICM(v)
Output: ICM(u), L(u)
1. L(u) · Set ← Φ Ts ← 0
2. if u is GW node {
3. ICM(u) ·H(u,u) ← 0
4. ICM(u) · Ch← Ku

5. Broadcast ICM(u)
6. Exit }
7. else if u is MR node {
8. H(u, gi) ←∞ ∀gi ∈ GW ;
9. While (GetCurrTime() ≤ Ts or L(u) · Set = Φ){
10. if (u receives ICM(v)){
11. L(u) · Set ← L(u) · Set

⋃{v}
12. L(u) · C(v) ← ICM(v) · C
13. L(u) ·UC(v) ← Φ
14. L(u) · x(u) ← Φ
15. L(u) · x(u, v) ← 0
16. if |L(u) · Set| = 1{
17. Init Timer Ts; }}// end if
18. }// end while
19. L(u) ·H(u, gi) ←

Min{Minv∈L(u)·Set{H(v, gi)} + 1, H(u, gi)} ∀gi ∈ GW ;
20. ICM(u) ·H(u, gi) ← L(u) ·H(u, gi)
21. ICM(u) · C ← Ku;
22. Boardcast ICM(u); }// end else if

Algorithm 1: InitCRNode algorithm.

Table 4: Information L(u) of node u.

ID Name Description

1 x(u) Set of used channel of node u

2 Ku Set of available channel of node u

3 ax(u) Set of allocable channel of node u

4 H(u, gi) Hop from node u to gateway node gi
5 x(u, v) Allocated channel for wireless link (u, v)

6 C(ν) Set of available channel of neighbor node v

7 UC(ν) Set of used channel of neighbor node v

8 AC(ν) Set of allocable channel of neighbor node v

ICM(u) represents the initialization control information
of node u.

ICM(u) · C = Ku represents the available channel set of
node u.

ICM(u) · H(u, gi) = H(u, gi) represents the minimum
hop count from node u to gateway node gi. See Algorithm 1.

3.2. DRSAC-WO Algorithm. DRSAC-WO is a distributed
routing and spectrum allocation algorithm without cooper-
ation.

UCM(u) represents the update control information of
node u. UCM(u) is sent when the allocated channel of node
u changed.

UCM(u)·UC represents the set of channels used by node
u. The choice of the next hop is that, the node which has the

lowest delay channel in common with node u is chosen as the
next hop node from the neighbor node set. If more than one
neighbor has the same lowest delay common channel, then
the node with the lowest hop count is chosen as the next hop
node. The DRSAC-WO algorithm is shown below.

3.3. DRSAC-W Algorithm. DRSAC-W is a distributed rout-
ing and spectrum allocation algorithm with cooperation.
The difference between the DRSAC-W and DRSAC-WO is
(1) adding a cooperation request strategy to Algorithm 2
between line 16 and line 17 to DRSAC-W and (2) adding the
cooperation response strategy for the neighbor node of node
u to DRSAC-W.

RCM(u) represents the information contained in the
cooperation request from node u.

RCM(u)·x(u, v) represents the allocated channel of wire-
less link (u, v). The fundament of cooperation in DRSAC-
W algorithm is that, node u sending the request cooperation
control information to find the lower delay wireless link for
wireless link (u, v). It must ensure that the sum of delays
is lower than the sum of the earlier delays. Minimizing the
average end-to-end delay is the goal.

REM(v) represents the response information which is
sent from node v to node u.

REM(v) · x(u, v) represents the allocated channel for
wireless link (u, v).

Algorithm 3 shows the cooperation request strategy of
node u, while Algorithm 4 shows the cooperation response
strategy of node v which is the neighbor of node u.
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Input: δi = (si,di), u
Output: x(u, v)
1. j ← 0 k ← 0
2. if (u receives UCM(x)) {
3. L(u) ·UC(x) ← UCM(x) ·UC}
4. if L(u) · x(u) ≥ Iu exit
5. Compute L(u) · ax(u) according to (5)
6. for each y ∈ L(u) · Set{
7. if L(u) ·UC(y) ≥ Iy continue
8. Compute L(u) · AC(y) according to (6)
9. K(u, y) = L(u) · ax(u)

⋂
L(u) · AC(y)

9. j = arg Min{Dm} m ∈ K(u, y)
10 if (Dk > Dj){
11. k ← j v ← y
12. } else if (Dk = Dj) {
13. if L(v) ·H(v,di) > L(y) ·H(y,di){
14. k ← j v ← y}}
15. }//end for
16. x(u, v) ← k
17. L(u) · x(u) ← L(u) · x(u)

⋃{x(u, v)}
18. UCM(u) ·UC ← L(u) · x(u)
19. Boardcast UCM(u)

Algorithm 2: DRSAC-WO algorithm.

Input: δi = (si,di, τi), u, x(u, v) = k
Output: x(u, v) = k′

1. Send RCM(u)
2. Init Timer Tw

3. while (GetCurrTime() ≤ Tw){
4. if (u receives REM(v) from z) {
5. Cancel timer Tw

6. Boardcast FBM(u)
7. k′ ← REM(v) · x(u, v)
8. L(u) · x(u) ← L(u) · x(u)− {x(u, v)}
9. x(u, v) ← k′

10. }// end while

Algorithm 3: Cooperation request strategy of node u.

The following formula shows the sum of delays for all
edges in the network:

 =
∑

x(u,v)=k
Dk (u, v) ∈ E. (7)

Before adjusting the channel, x(u, v) = k1, x(v,w) = k2,
after adjusting the channel, x(u, v) = k2, x(v,w) = k4. α
represents the delay difference of channel k4 and k1. The
larger the value of α, the lower the average end-to-end delay.

4. Simulation and Results

In order to validate the efficiency of the algorithms proposed
in this paper, we implemented the DRSAC-W, DRSAC-WO,
and DRCA [15] algorithms using NS-2 [20].

The network topology that was simulated corresponds to
the wireless access network of a university. There are some

Input: (u, v), RCM(u)
Output: x(u, v)
1. if (v receives RCM(u) from u) {
2. Compute L(v) · ax(v) according to (5)
3. Compute L(v) · AC(u) according to (6)
4. k1 ← RCM(u) · x(u, v)
5. K(v,u) ← L(v) · ax(v)

⋂
L(v) ·AC(u)

6. for each k2
k2 ∈ K(v,u)and(Dk2 < Dk1)){

7. For each y ∈ L(v) · Set{
8. if x(v, y) = k2
9. Compute L(v) · AC(y) according to (6)
10. K(v, y) ← L(v) · ax(v)

⋂
L(v) ·AC(y)

11. k3 = argMin{Dm} m ∈ K(v, y)
st ·Dk3 < Dk1.

12. β ← Dk1 −Dk3

13. if α < β{
14. α← β k4 ← k3 w ← y}
15. } }// end for
16. x(v,w) ← k4
17. REM(v) · x(u, v) ← k2
18. Send REM(v)
19. L(v) · x(v) ↔ L(v) · x(v)

⋃{k4} − {k1}
20. UCM(v) ·UC ← L(v) · x(v)

Algorithm 4: Cooperation response strategy of node v which is the
neighbor node of node u.

available channels in 2000 m × 2000 m area. The PU uses the
channel stochastically with TR = 50 m and IR = 100 m.

There are two network topologies with different numbers
of nodes: n = 25 and n = 50. Two nodes are chosen randomly
as the gateway nodes.The available number of channels for
n = 25 and n = 50 are |K| = 6 and |K| = 9. The duration
in seconds of each wireless request is randomly selected from
the interval [1, 10]. The rate of wireless requests is 2 Mb/s.
The delay in ms of each channel is a random value in the
range [1, 10]. The simulated time is 200 s.

The simulation results that we report are the average
of 500 simulation runs. The performance parameters that
we report are the average end-to-end delay and average
throughput.

The simulation considers the following two aspects (1)
Analyzing the performance of DRSAC-WO, DRSAC-W and
DRCA with different numbers of requests. (2) Analyzing the
performance of DRSAC-WO, DRSAC-W and DRCA with
different numbers of available channels.

4.1. The Performance Comparison with Different Numbers of
Requests. We analyse the performance of algorithms with
different numbers of wireless requests. Figures 2 and 3 show
the simulation results.

We can see from Figure 2, as the number of requests
increases the average end-to-end delay increases for all three
algorithms. This is because the available network resources
do not change despite the increased number of wireless
requests. Therefore, the average end-to-end delays increase.
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Figure 2: Average end-to-end delay with different numbers of re-
quests.

The average end-to-end delay of DRSAC-W and DRSAC-
WO algorithm are less than for the DRCA algorithm. This
is because DRSAC-W and DRSAC-WO algorithms choose
the node, which has the lowest delay common channel as
the next hop. Unlike our goal of minimizing the average
end-to-end delay, minimizing the sum of bandwidths of
each session is the goal of DRCA algorithm. Furthermore,
the average end-to-end delay of DRSAC-W is less than that
of the DRSAC-WO. This is because that the DRSAC-W
algorithm reduces the average end-to-end delay due to node
cooperation.

We can see from Figure 3, as the number of requests
increases, the average throughput of all three algorithms
deceases. This is because the available network resource does
not change despite the number of wireless requests increas-
ing. Additionally, the average throughput of DRSAC-W and
DRSAC-WO algorithms is greater than is DRCA algorithm.
The average throughput of DRSAC-W and DRSAC-WO
iss the same. This is because that the difference between
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Figure 3: Average throughput with different numbers of requests.

DRSAC-W and DRSAC-WO is that DRSAC-W algorithm
adopt the node cooperation in order to decease end-to-end
average delay.

4.2. The Performance Comparison with Different Numbers of
Available Channels. We analyse the performance of the three
algorithms with different numbers of available channels via
simulation. Figures 4 and 5 are the result of averaging the
result of 500 simulations, when the number of wireless
requests in each 200 second simulation run was 30.

We can see from Figure 4, as the number of available
channels increases, the average end-to-end delay of all three
algorithms decreases. This is because that the number of
wireless requests did not change while the number of
available channels increased. The average end-to-end delay
of DRSAC-W and DRSAC-WO algorithms was less than for
the DRCA algorithm.

We can see from Figure 5, as the number of available
channels increase, the average throughput of all three
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Figure 4: Average end-to-end delay with different numbers of
available channels.

algorithms increases. Although, the average throughput of
the DRSAC-W and DRSAC-WO algorithm is greater than
for the DRCA algorithm. There is no difference between the
DRSAC-W and DSRAC-WO algorithms.

5. Conclusion

The problem of routing and spectrum allocation with the
goal of minimizing end-to-end average delay is researched
in this paper. A distributed routing and spectrum allocation
algorithm without cooperation and a distributed routing
and spectrum allocation algorithm with cooperation are
proposed in this paper. Simulation results show that DRSAC-
W and DRSAC-WO algorithms can achieve low average end-
to-end delay and high average throughput. The average end-
to-end delay of DRSAC-W is less than DRSAC-WO, showing
that the average end-to-end delay deceases with node
cooperation. The problem of load balanced of routing and
spectrum allocation will be addressed in our future work.
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Figure 5: Average throughput with different numbers of available
channels.
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If data have the same value frequently in a data-centric storage sensor network, then the load is concentrated on a specific sensor
node and the node consumes energy rapidly. In addition, if the sensor network is expanded, the routing distance to the target sensor
node becomes longer in data storing and query processing, and this increases the communication cost of the sensor network. This
paper proposes a nonuniform network split(NUNS) method that distributes the load among sensor nodes in data-centric storage
sensor networks and efficiently reduces the communication cost of expanding sensor networks. NUNS splits a sensor network into
partitions of nonuniform sizes in a way of minimizing the difference in the number of sensor nodes and in the size of partitions,
and it stores data occurring in each partition in the sensor nodes of the partition. In addition, NUNS splits each partition into
zones of nonuniform sizes as many as the number of sensor nodes in the partition in a way of minimizing the difference in the
size of the split zones and assigns each zone to the processing area of each sensor node. Finally, we performed various performance
evaluations and proved the superiority of NUNS to existing methods.

1. Introduction

With the recent development of wireless communication
and microsensors via processing and storage functions, the
application fields of sensor networks are being expanded to
environment monitoring, location-based services, telemat-
ics, home networking, and so forth [1–5]. A sensor network
is composed of hundreds of sensor nodes, and a large one
contains even tens of thousands of sensor nodes. Each sensor
node has one or more sensors that can measure surrounding
environments. For example, such sensor nodes measure data
such as temperature, moisture, and illumination in a scalar
form [6–8].

Sensor networks are classified into three types according
to the method of storing measured data [9, 10]. In the
external storage sensor network, measured data are stored
in an external storage (or the central system) of the sensor
network. In the local storage sensor network, the sensor
node that measures data in the sensor network stores the
data within itself. And in the data-centric storage sensor
network, data measured by the sensor node are stored in

the corresponding sensor node according to the measured
data value. Among them, the data-centric storage sensor
network is proposed to solve the problem in the external
storage sensor network, which is the load concentration
on the sensor node nearest to the external storage, and to
solve the problem in the local storage sensor network, which
is the involvement of unnecessary sensor nodes in query
processing. Therefore, active research is currently being made
on the data-centric storage sensor network [7, 10–12].

In the data-centric storage sensor network, the sensor
node in which data are stored is determined by the value
of the measured data, and thus if the data frequently have
the same value, then the load is concentrated on a specific
sensor node and the sensor node consumes energy rapidly
[13–16]. In addition, if the sensor network is expanded, the
routing distance to the target sensor node becomes longer
in data storing and query processing, and this increases
the communication cost of the sensor network. Therefore,
in the data-centric storage sensor network, it is important
to enhance the energy efficiency of the sensor network by
distributing the load among sensor nodes and reducing
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the communication cost of expanding the sensor network
[17].

Representative studies on data-centric storage sensor
networks such as GHT [10], DIFS [14], and DIM [7] split a
sensor network into zones of uniform size and assign the split
zones to sensor nodes for data storage and query processing.
DIM has been proved superior to GHT and DIFS in terms of
data storage and query processing performance, since orphan
zones that contain no sensor nodes can occur and data
corresponding to the orphan zones are stored in a neighbor
sensor node. Therefore, this results in the concentration of
load on a specific sensor node [15, 17–19]. Recent techniques
including ZS [19], KDDCS [17], and ZP/ZPR [18] have been
proposed to solve the hot-spot problem of DIM. Here, a hot-
spot means the sensor node with the highest energy con-
sumption. However, recent techniques do not consider the
randomness of the hash function of the data-centric storage
sensor network and incur additional overhead to maintain
their data structures and routing methods. In addition, with
the expansion of the sensor network, the communication
cost for data storage and query processing also increases.

To solve such problems, this paper proposes a nonuni-
form network split (NUNS) method that can distribute the
load among sensor nodes in the data-centric storage sensor
network and reduce the communication cost of data storage
and query processing resulted from expanding the data-
centric storage sensor network. For this, NUNS performs
sensor network split in the form of kd-tree through two
steps. First, NUNS splits the sensor network into partitions
of nonuniform sizes in a way of minimizing the difference
in the number of sensor nodes and in the size of the split
partitions, and data occurring in each partition are stored
and managed by sensor nodes in the partition. Therefore,
since data measured in the sensor network are distributed
to partitions, and the distance between the sensor node
measuring data and the sensor node storing the data becomes
shorter, NUNS can distribute the load among sensor nodes
and consequently reduce the communication cost of data
storage and query processing resulted from expanding the
sensor network considerably. Second, NUNS splits each
partition into zones of nonuniform sizes by as many as
the number of sensor nodes in the partition in a way of
minimizing the difference in the sizes of the split zones
until only one sensor node is left in each zone. Through
this process, NUNS can reduce the load concentration on
a specific sensor node and the cost of unnecessary routing
resulting from the existence of orphan zones in DIM.

This paper is organized as follows. Section 2 analyzes
previous studies on the data-centric storage sensor network.
Section 3 describes NUNS proposed in this paper and its
algorithms. Section 4 conducts experiments for comparing
NUNS with previous researches and presents the results.
Lastly, Section 5 draws the conclusions.

2. Related Works

This section analyzes previous studies on the data-centric
storage sensor network. Geographic hash table (GHT) [10]

is an index that generates a geographical location-based on
the value of measured data and stores the data in the sensor
node nearest to the generated geographical location in the
data-centric storage sensor network. GHT uses the “Put”
operation for data storage and “Get” operation for query
processing, and it uses GPSR [14] as a routing method for
finding the sensor node with the required data. For example,
if a sensor node calls Put (event, data), then a geographical
location is generated as a result of event hashing, and
data is stored in the sensor node nearest to the generated
geographical location. On the other hand, if a sensor node
calls Get (event) for query processing, then the query is
transferred to the sensor node nearest to the geographical
location generated as a result of event hashing, and the result
of the query is returned.

In GHT, if d is given as the split level for reducing
the data storage cost of sensor nodes upon the expansion
of the sensor network, then the structured replication is
used in which the whole sensor network is split into
4d (d ≥ 0) regions of uniform size [10–12]. In the structured
replication, the highest representative sensor node called the
root point is designated, and the representative sensor node
is designated for each region of the split level. If a query
occurs, then it is transferred from the root point to the
representative sensor nodes of lower levels. However, because
the structured replication forms a hierarchical structure that
has a representative sensor node for each split region, the
query load is concentrated on the root point, and thus the
energy of the root point is consumed rapidly.

Distributed Index for Features in Sensor networks (DIFS)
[14] is an extended GHT that reduces the access load of
sensor nodes and supports range queries. In order to solve
the problem of load concentration on the root point in the
structured replication of GHT, DIFS uses a variation of quad-
tree in which a child node can have multiple parent nodes.
In addition, compared to the structured replication that
entirely accesses all index nodes in querying, DIFS reduces
the number of accesses to index nodes and supports range
queries using the range of data values stored in index nodes
and the size of split regions. Like GHT, DIFS also uses GPSR
as its routing method.

DIFS can reduce load concentration on high level sensor
nodes in the structured replication of GHT and support
range queries. However, compared to the structured replica-
tion, DIFS has a larger number of index nodes and consumes
more energy throughout the entire sensor network. In
addition, although DIFS can support range queries, it cannot
support range queries for multidimensional data since the
index is designed for one-dimensional data. What is more,
if data of the same value occur frequently, then the load is
concentrated on the corresponding node, and the expansion
of the sensor network results in an increase of the commu-
nication cost. DIMENSIONS [13] also can be thought of as
using the same set of primitives as GHT, but it allows the
drill down search for objects within a sensor network while
DIFS allows range queries on a single key in addition to other
operations.

Distributed index for multidimensional data (DIM) [7]
is an index that maps data domains to the region domains of
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the sensor network by using kd-tree and stores data in a sen-
sor node geographically close to the corresponding region.
DIM splits the sensor network into regions of uniform size
alternately between axis X and axis Y until each split region
has only one sensor node. In DIM, the split region is called
the zone. If a sensor node measures data, then it hashes the
data to generate a zone code of bit string type that indicates
a zone and stores the data in the sensor node of the zone cor-
responding to the generated zone code. If the corresponding
zone is an orphan zone that does not have a sensor node, then
the data are stored in the sensor node of the backup zone that
is a neighbor zone for storing data to be stored in the orphan
zone. DIM also uses GPSR as its routing method.

In addition, DIM can store data of multiple attributes
and process a query with multiple attributes in the data-
centric storage sensor network. However, DIM also has the
problems of load concentration resulting from the occurren-
ce of data with the same value and high communication cost
resulted from expanding the sensor network. Furthermore,
as data to be stored in an orphan zone are stored in the
sensor node of the backup zone, the load on the sensor node
of the backup zone increases. Therefore, DIM has the hot-
spot problem in which the load is concentrated on a specific
sensor network (called hot-spot) and the node consumes
energy rapidly.

Several techniques including KDDCS [17], ZS [19], and
ZP/ZPR [18] have been proposed to solve the hot-spot
problem of DIM in the data-centric storage sensor network.
KDDCS, based on kd-tree like DIM, splits the sensor network
into zones of nonuniform sizes to contain a sensor node,
unlike DIM, and rebalances kd-tree to distribute the load
of sensor nodes. However, KDDCS needs to move the data
of sensor nodes to their neighbors and visit a higher node
to move lower nodes in kd-tree using its routing technique
(i.e., it should send more data than DIM). ZS locally detects
the hot-spots and tries to evenly distribute the load among
the sensor nodes. Also, ZP distributes the load of hot-spots
to several sensor nodes, and ZPR replicates the data of hot-
spots to neighbor nodes. However, KDDCS, ZS, and ZP/ZPR
do not consider the randomness of the hash function for the
data-centric storage sensor network [15].

3. NUNS (Non-Uniformed Network Split)

This section explains NUNS proposed in this paper and its
algorithms in detail.

3.1. Partition Generation. In order to efficiently distribute the
load among sensor nodes and to reduce the communication
cost resulted from expanding the sensor network, NUNS
splits a sensor network into partitions of nonuniform sizes,
and data measured in each partition are stored in the sensor
nodes of the partition. Assuming that R (X-Y plane) is a
bounding rectangle that contains all sensor nodes within
the sensor network, R is split into rectangular partitions of
nonuniform sizes alternately between the X axis and Y axis
to minimize the differences in the number of sensor nodes
and in the size of the split partitions.

If the number of sensor nodes in rectangle R is an even
number, then the two split partitions have the same number
of sensor nodes. However, if it is an odd number, then the two
partitions cannot have the same number of sensor nodes. In
such a case, rectangle R is split so that the larger partition has
one more sensor node. Accordingly, the number of sensor
nodes is equal or different at most by one between the two
split partitions. This split process is repeated as many times
as required alternately between the X and Y axis, and if it
is repeated i (i ≥ 0) times, then the number of partitions
generated becomes 2i. Particularly in NUNS, if the number
of splits i increases (i.e., the number of partitions increases),
then the storage load is decentralized since data measured
in each partition are stored in the sensor nodes of the
partition. Also, the query load is decentralized among the
sensor nodes, but the entire communication cost for query
processing is not improved sufficiently in the sensor network.
For example, assume that D is the number of data measured,
Q is the number of queries, and flooding cost is O(

√
n) with

n sensor nodes, then the total communication cost of data
storage and query processing is approximately O(D

√
n/2i +

Q2i
√
n). Therefore, the optimal number of splits i should be

determined in consideration of the frequency of data storage
and the frequency of query processing in the sensor network.

In NUNS, R is split to be the minimum difference in the
size between the two split partitions. Assuming that there are
n sensor nodes, {S1, S2, . . . , Sn}, in R. If the split axis is axis
X(Y) and n is an even number, then the split position of R
is determined between x(y)-coordinate of the (k/2)th sensor
node and x(y)-coordinate of the ((k/2) + 1)th sensor node
among the n sensor nodes ordered by their x(y)-coordinates.
If n is an odd number, then the split position of R is deter-
mined between x(y)-coordinate of the ((k + 1)/2)th sensor
node and x(y)-coordinate of the ((k+1)/2+1)th sensor node
among the n sensor nodes ordered by their x(y)-coordinates.

And to minimize the difference in size between two
split partitions, let MP mean the middle position on split
axis X(Y) of R. Assuming that n is an even number, if
MP exists between x(y)-coordinate of the (k/2)th sensor
node and x(y)-coordinate of the ((k/2) + 1)th sensor node
among the n sensor nodes ordered by their x(y)-coordinates
of split axis X(Y) of R, MP is determined as the optimal
split position. If MP is less than x(y)-coordinate of the
(k/2)th sensor node, then this coordinate is determined as
the optimal split position. On the other hand, if MP is more
than x(y)-coordinate of the ((k/2) + 1)th sensor node, then
this coordinate is determined as the optimal split position. Of
course, if n is an odd number, then the optimal split position
is determined similarly. In NUNS, each partition has a
unique partition code that identifies its partition. A partition
code is a bit-string composed of partition separators. Table 1
shows a partition separator.

In Table 1, the partition separator is a bit indicating
whether a split partition is the left (lower) one or the right
(upper) one. Bit 0 indicates that the partition is the left
(lower) one and bit 1 the right (upper) one with X(Y) axis
as the split axis. Figure 1 shows an example of partition
generation.
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(k/2)th (k/2 + 1)th

MP

Optimal split

100

0

0 1

55 100
position

(a) Generation of two partitions

00

01
11

10

100

50
58

0
55 100

(b) Generation of four partitions

Figure 1: An example of partition generation.

Table 1: Partition separator.

Left or lower (1 bit) Right or upper (1 bit)

0 1

In Figure 1, the solid-line rectangles are partitions. As in
Figure 1(a), the whole sensor network is first split into two
nonuniformly partitions at position 55 as the optimal split
position on the X axis since MP 50 is less than x-coordinate
55 of the (k/2)th sensor node. Therefore, the split partitions
have minimum difference in the number of sensor nodes and
in the size of the split partitions, and the partition codes of
the two split partitions are 0 and 1, respectively.

Similarly, as in Figure 1(b), the left and right partitions in
Figure 1(a) are split nonuniformly at position 50 and 58 on
the Y axis to minimize the difference in the number of sensor
nodes and in the size of the split partitions. As a consequence,
the partition codes of the four split partitions, left-lower, left-
upper, right-lower, and right-upper ones, are 00, 01, 10, and
11, respectively. Figure 2 shows the partition tree in the form
of kd-tree for the four partition codes in Figure 1(b).

As in Figure 2, each node in the partition tree has the
split position and two pointers for subnodes. To store data
and process queries, the target sensor nodes are obtained by
traversing from the root node down to the leaf nodes in the
partition tree. In the partition tree traversal, if the partition is
the left (lower) one, then the partition separator bit is set to
0 and it goes down to the left lower node, and if the partition
is the right (upper) one, then the partition separator bit is set
to 1 and it goes down to the right lower node. By using the
partition tree, the diagonal coordinates of the partition can
be obtained. For example, as the partition code of the left-
lower partition obtained from the partition tree in Figure 2
is 00, the diagonal coordinates of the partition are (0, 0) and
(55, 50).

In NUNS, we assume that the entire partition split
process is performed by a sensor node, called the partition
split node (PSN), which is a gateway node connecting the
external base station and having higher power than others in
the sensor network. The split process of PSN is as follows.
PSN requests the locations of sensor nodes by flooding

Partition
(left-lower)

Partition

50

0 1

1

0

0

1

55

58

(left-upper)
Partition

(right-lower)
Partition

(right-upper)

Figure 2: An example of a partition tree.

requests to all sensor nodes and performs the partition split
process according to the partition generation algorithm by
using responds from all sensor nodes in the sensor network.
Finally, PSN floods the partition tree as a result of the
partition split process to all sensor nodes in the sensor
network. Since a flooding cost is O(

√
n) for point-to-point

routing, where n is the number of sensor nodes, the time
complexity of the algorithm is O(

√
n) times the diameter of

the sensor network in general. Thus, the time complexity
for constructing the partition tree is O(d

√
n), where d is

the diameter of the sensor network. Algorithm 1 shows the
partition generation algorithm in NUNS.

In the partition generation algorithm in Algorithm 1,
input parameter sensornetwork is the partition to be split,
factor is the number of partition splits, and axis is the split
axis. Line 1 initializes variable loc for storing the optimal split
position of the split axis and structure pArray for storing
information on the split partitions. Line 2 calculates the
optimal split position of the split axis that minimizes the
difference in the number of sensor nodes and in the size
of the split partitions and stores it in variable loc. Line 3
splits sensornetwork nonuniformly using the split axis and
the optimal split position, and it stores information on the
split partitions in pArray. Line 4 generates the partition tree
for mapping specific data to a partition while the partition
split process is performed, and Lines 5∼7 switch the current
split axis into the other for splitting sensornetwork alternately
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GeneratePartition(sensornetwork, factor, axis)
Begin

(1) i← 0; loc← null; f← factor; initPartition (pArray[2]);
(2) loc← FindSplitPosition(sensornetwork, axis);
(3) SplitPartition(sensornetwork, pArray, axis, loc);
(4) UpdatePartitionTree(pArray, axis, loc);
(5) if(axis) then
(6) axis← 0;

else
(7) axis← 1;

end if
(8) for i from 0 to1 do
(9) if(factor > 1) then
(10) GeneratePartition(pArray[i].part, f-1, axis i);

else
(11) GenerateZone(pArray[i].part, 0);

end if
end for

End

Algorithm 1: Partition generation algorithm.

between the X axis and Y axis. Lines 8∼11 check the number
of partition splits and if the number is larger than 1, then the
partition split process is performed repeatedly; if not, then
GenerateZone() function is called to generate zones for the
partition.

3.2. Zone Generation. Several sensor nodes can exist in a par-
tition. In order to assign a processing region to each sensor
node, NUNS splits each partition into zones of nonuniform
sizes by as many as the number of sensor nodes in the par-
tition. Assuming that an arbitrary initial partition is P
(X-Y plane), partition P is split into rectangular zones of
nonuniform size alternately between the X axis and Y axis to
minimize the difference in the number of sensor nodes and
the size of the split zones until only one sensor node is left in
each zone.

In the zone split process, if the number of sensor nodes
in partition P is an even number, then the two split zones
have the same number of sensor nodes, but if it is an odd
number, then the two zones cannot have the same number
of sensor nodes. In such a case, the larger zone has one
more sensor node. This process is repeated by alternating
between the X axis andY axis until each of the zones of initial
partition P contains one sensor node. Therefore, the number
of zones in partition P is equal to the number of sensor
nodes in partition P. In this way, zone generation is similar to
partition generation, but different from partition generation;
zones are generated as many as the number of sensor nodes
in partition P and each zone contains one sensor node.

In NUNS, just like a partition has a partition code,
a zone has a unique zone code that identifies the zone.
Similar to a partition code, a zone code is also a bit string
composed of zone separators. Figure 3 shows an example of
zone generation from the left-lower partition in Figure 1(b).

In Figure 3, the dotted-line rectangles are zones. As in
Figure 3(a), the partition is first split into two non- uniform

zones at position 27.5 as the optimal split position on the X
axis since MP 27.5 exists between x-coordinate of the (k/2)th
sensor node and x-coordinate of the (k/2 + 1)th sensor node,
so that the zones have minimum difference in the number
of sensor nodes and the size of the split zones. Here, the zone
codes of the two split zones are 0 and 1, respectively. In Figure
3(b), all zones have been generated in the partition via the
zone split process, and the original partition has a number of
zones equal to the number of sensor nodes in the partition.
Figure 4 shows the zone tree in the form of kd-tree for the six
zones in Figure 3(b).

As in Figure 4, each node in the zone tree has the split
position and two pointers for subnodes. In data storage or
query processing, the zone tree is used for obtaining target
sensor nodes by traversing from the root node down to the
leaf nodes. In the zone tree traversal, if the zone is the left
(lower) one, then the zone separator bit is set to 0 and goes
down to the left lower node, and if the zone is the right
(upper) one, then the zone separator bit is set to 1 and goes
down to the right lower node. As the diagonal coordinates of
a partition are obtained from the partition tree, the diagonal
coordinates of a zone can be obtained from the zone tree.

In NUNS, the entire zone split is performed by a sensor
node, called the zone split node (ZSN), in each partition.
NUNS selects a sensor node as ZSN, whose location is
nearest to centroid of each partition. The split process of
ZSN is as follows. ZSN requests the locations of sensor nodes
by flooding requests to all sensor nodes in the partition
and performs the zone split process according to the zone
generation algorithm by using responds from all sensor
nodes in its partition. Finally, ZSN floods the zone tree as
a result of the zone split process to all sensor nodes in its
partition. Since each partition has as many zones as the
number of sensor nodes that it contains and 2i partitions
exist in the sensor network, where i is the level of the partition
tree, the time complexity for constructing the zone trees
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Figure 3: An example of zone generation.
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Figure 4: An example of a zone tree.

is O(d/2i
√
n), where n and d are the number of sensor

nodes and the diameter of the sensor network, respectively.
Algorithm 2 shows the zone generation algorithm in NUNS.

In the zone generation algorithm in Algorithm 2, input
parameter partition is the partition to be split and axis is the
split axis. Line 1 initializes variable loc for storing the optimal
split position of the split axis and structure zArray for storing
information on split zones. Line 2 calculates the optimal split
position of the split axis that minimizes the difference in the
number of sensor nodes and in the size of split zones and
stores it in variable loc. Line 3 splits partition nonuniformly
using the split axis and the optimal split position, and it
stores information on the split zones in structure zArray.
Line 4 generates the zone tree for the split zones, and Lines
5∼7 switch the current split axis into the other for splitting
partition alternately between the X axis and Y axis. If each
of the two zones obtained from splitting partition has two
or more sensor nodes, then Lines 8∼10 repeat the zone split
process. Otherwise, it stops splitting the zones.

Compared to DIM that performs a uniform split, it seems
that partition and zone generation in NUNS brings about
overhead to store information on a nonuniform split. How-
ever, because each sensor node has information on the zones
within the partition to which it belongs, NUNS can reduce
the storage overhead for the index management and does not
have orphan zones. Furthermore, since the nonuniform split

of the sensor network is performed periodically in NUNS,
the sensor network can operate normally even if the sensor
nodes are added or deleted. And compared to KDDCS that
performs storage load balancing of sensor nodes, though
load balancing in NUNS is not sufficient, it can reduce the
storage overhead of hot-spots and, unlike KDDCS, does not
need additional routing overhead for storing data, processing
queries, and maintaining kd-tree.

3.3. Data Storage. In NUNS, data measured in a partition are
stored and managed in the sensor nodes within the partition.
If a sensor node measures data, then the sensor node hashes
the data value to find a zone that contains a sensor node for
storing the data using the zone tree for the partition, and it
then stores the data in the sensor node of the zone. Here,
the corresponding zone is determined by traversing the zone
tree from the root node down to leaf nodes and comparing
the split axis and the optimal split position of the split axis
stored in the nodes with the measured data value.

For example, let us assume that data have two attributes,
each of which can have a value between 0 and 1. Then,
because the ranges of the X axis and Y axis of a partition are
mapped to the ranges of data attribute values in NUNS, the
values mapped the X axis and Y axis of the partition range
between 0 and 1. In Figure 5, the numbers on the two lines
in parallel with the coordinate axes show the values of the
attributes normalized between 0 and 1.

In our case, if 〈0.3, 0.8〉 is the data measured by sensor
node A as shown in Figure 5, then zone tree traversing for
the data is performed as follows. First, from the root node,
because the value 0.3 of the first attribute in the measured
data is smaller than the mapping value 0.5 corresponding
to the optimal split position 27.5 of the split X axis, then it
goes down to the left child node. Then, because the value 0.8
of the second attribute in the measured data is larger than
the mapping value 0.5 corresponding to the optimal split
position 25 of the split Y axis, it goes down to the right child
node. At this time, because the accessed lower node is a leaf
node, its zone code is determined. The zone code is 01, and
the data is stored in the sensor node within the zone indicated
by the zone code. Figure 5 shows an example of data stored
in this way.
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GenerateZone(partition, axis)
Begin

(l) i← 0; loc← null; initZone(zArray[2]);
(2) loc← FindSplitpoint(partition, axis);
(3) SplitZone(partition, zArray, axis, loc);
(4) UpdateZoneTree(zArray, axis, loc);
(5) if(axis) then
(6) axis← 0;

else
(7) axis← 1;

end if
(8) for i from 0 to1 do
(9) if(GetSensorNumber(zArray[i]) > 1) then
(10) Generate Zone (zArray [i].zone, axis);

end if
end for

End

Algorithm 2: Zone generation algorithm.
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Figure 5: An example of data storage.

As shown in Figure 5, data measured in a partition is
stored in the sensor nodes within the partition, and this
can prevent the concentration of data storing load on a
specific sensor node when data of the same value occur
frequently in the sensor network. In addition, this can reduce
the communication cost for storing data because the distance
between the sensor node measuring data and the sensor node
storing the data is shortened. Moreover, as every zone has one
sensor node in NUNS, there is no orphan zone that can exist
in DIM, and this can reduce the cost of unnecessary routing.
Algorithm 3 shows the data storing algorithm in NUNS.

In the data storing algorithm shown in Algorithm 3,
input parameter loc is the location of the current sensor node
that generates data, and data is the data to be stored. Here,
data can contain one or more attribute data. Line 2 hashes
data and determines the centroid of the target zone using the
zone tree. Lines 3∼4 check whether or not the target zone
contains the current sensor node. If it does, since the current
sensor node is the target sensor node for storing the data,
then data is stored and the data storing algorithm terminates.
If not, then Line 5 gets the number of neighbor sensor nodes
in order to find a sensor node for transferring the data to

the target zone, and Lines 6∼9 find the location of the sensor
node nearest to the target zone among the neighbor sensor
nodes and stores the location in variable dl. If it is not found,
then Lines 10∼11 switch the routing path to the right and
get the location of the sensor node there, and they store the
location in variable dl. Line 12 calls StoreData() function
with the location of the sensor node and data to be stored.

3.4. Query Processing. In NUNS, data measured in a parti-
tion is stored and managed in the sensor nodes within the
partition. Therefore, if a query occurs in a sensor node, then
the query should be transferred to all sensor nodes, which
will process the query, in all the partitions of the sensor
network. In order to transfer the query to all partitions,
the sensor node in which the query occurred should know
the locations of all partitions. The locations of all partitions
can be determined by traversing the partition tree. If a
query reaches any sensor node of a partition by using the
partition tree, the query should be transferred to the target
sensor node in the partition, which will process the query.
Figure 6 shows an example of a query that is transferred to
the four partitions of Figure 1(b). Numbers on the two lines
in parallel with the coordinate axes show the values of the
attributes normalized between 0 and 1.

As in Figure 6(a), sensor node A finds the centroids of
all partitions using the partition tree and transfers query
〈0.3–0.7, 0.8–0.9〉 to them. The query from sensor node
A is transferred first to sensor nodes B, C, and D in the
partitions. In addition, as shown in Figure 6(b), each of
sensor nodes A, B, C, and D hashes query 〈0.3–0.7, 0.8–
0.9〉 to generate a centroid of the target zone, finds the
target sensor node in the its zone, and transfers the query
to the target sensor node. In the hashing process, the query
is decomposed into subqueries according to the data range
of each zone, and its target zone is determined for each of
the decomposed subqueries. In addition, the decomposed
subquery is transferred to the sensor node in the target zone
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StoreData(loc, data)
Begin

(1) n, i← 0; ctz, tl← null; dl← loc;
(2) ctz←HashData(dara);
(3) if(CheckInternalSensor(dl)) then
(4) AddData(data);

else
(5) n← CheckNeighbor(dl);
(6) for i from 1 to n do
(7) tl← GetNeighborLocation(i);
(8) if(IsNearest(ctz, tl, dl) then
(9) dl← tl;

end if
(10) if(dl == loc) then
(11) dl← RightRoutingQuery(loc, ctz);

end if
end for

(12) StoreData(dl, data);
end if

End

Algorithm 3: Data storing algorithm.

that is determined by traversing the zone tree from the root
node down to the leaf nodes and by comparing the split axis
and the optimal split position of the split axis stored in the
nodes and the attribute values used in the query.

For example, the zone codes for query 〈0.3–0.7, 0.8–0.9〉
occurring in sensor node A in the left lower one among
the four partitions of Figure 6(b) are determined as follows.
First, from the root node in the zone tree in Figure 4, because
the value of the first attribute is 〈0.3–0.7〉, the query is
decomposed into subqueries 〈0.3–0.5, 0.8–0.9〉 and 〈0.5–0.7,
0.8–0.9〉 based on the mapping value 0.5 corresponding to
the optimal split position 27.5 of the split X axis, and they
are transferred to the left and right lower nodes, respectively.
In the subquery 〈0.3–0.5, 0.8–0.9〉 transferred to the left
lower node, since the value of the second attribute 〈0.8–0.9〉
is larger than the mapping value 0.5 corresponding to the
optimal split position 25 of the split Y axis, it goes down
to the right lower node. Because the right lower node is a
leaf node, its zone code becomes 01. Next, in the subquery
〈0.5–0.7,0.8–0.9〉 transferred to the right lower node, since
the value of the second attribute 〈0.8–0.9〉 is larger than
the mapping value 0.5 corresponding to the optimal split
position 25 of the split Y axis, it goes down again to the right
lower node. Because the right lower node is a leaf node, its
zone code is 11. Consequently, the query is decomposed into
two subqueries with zone codes 01 and 11, respectively.

In NUNS, since the measured data of a sensor network
are distributedly stored among the partitions, the communi-
cation cost of sensor nodes to store the data can be reduced.
However, because the queries should be transferred to all
the partitions and their results should be returned to the
queried sensor node, the communication cost of the sensor
network can increase due to query processing. Algorithm 4
shows the algorithm for transferring a query to all partitions
and returning the results.

In the query transfer algorithm for partitions shown
in Algorithm 4, input parameter loc is the location of the
current sensor node that transfers a query, query is the query,
and ptroot is the root node of the partition tree. Line 1
initializes all variables to be used in the algorithm. Lines
2∼13 transfer the query to partitions by as many as the
number of partitions in the sensor network. Line 2 generates
centroids of partitions to which the query will be transferred
using ptroot. Line 3 checks whether or not the partition
contains the current sensor node. If it does not, then Line
4 gets the number of neighbor sensor nodes in order to find
a sensor node for transferring the query. Lines 5∼8 find the
location of the sensor node nearest to the partition, to which
the query will be transferred, among the neighbor sensor
nodes and store the location in variable dl. If it is not found,
then Lines 9∼10 switch the routing path to the right and
get the location of the sensor node there, and they store
the location in variable dl. Line 11 calls TransferZQuery()
function with the location of the sensor node stored in
variable dl and query to be transferred to find the target
sensor node in the corresponding partition.

Algorithm 5 shows the algorithm for transferring a query
to the target sensor nodes in zones and processing the query.

In the query transfer algorithm for zones shown in
Algorithm 5, input parameter loc is the location of the
current sensor node that transfers a query, query is the query,
and ztroot is the root node of the zone tree. Line 1 initializes
all variables to be used in the algorithm. In case the range
of the attribute values of the query covers multiple zones,
Line 2 decomposes the query according to the zones of the
corresponding partition and generates the centroids of zones
to which the query will be transferred using ztroot. Line 3
checks whether or not the zone contains the current sensor
node, and if it does, then the query is processed in the current
sensor node. If it does not, then Line 5 gets the number of
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Figure 6: An example query transfer.

neighbor sensor nodes in order to find a sensor node for
transferring the query. Lines 8∼9 find the location of the
sensor node nearest to the target zone among the neighbor
sensor nodes and store the location in variable dl. If it is not
found, then Lines 10∼11 switch the routing path to the right
and get the location of the sensor node there, and they store
the location in variable dl. Line 12 calls TransferZQuery()
function with the location of the sensor node stored in
variable dl and the query to be transferred.

4. Performance Evaluation

This section compares performance in terms of data storage
and query processing among NUNS proposed in this paper,

DIM which is superior to GHT and DIFS, and KDDCS
which efficiently performs storage load balancing of sensor
nodes. In the performance evaluation, we used a computer
system with Intel Core2 CPU 2.13 GHz, 2 GB RAM, and
Windows XP Professional. In addition, we simulated the
sensor networks of sizes ranging from 200 to 1,000 sensor
nodes, each having an initial energy of 10,000 units, a radio
range of 40 m, and a storage capacity of 20 units. Especially,
the locations of the sensor nodes were arbitrarily deployed
into the sensor network boundary.

4.1. Data Storage Cost. In this section, we compared NUNS
with DIM and KDDCS in terms of communication cost
for storing measured data in a sensor network. In the
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TransferPQuery(loc, query, ptroot)
Begin

(1) n, i← 0; ctp, tl← null; dl← loc;
do

(2) ctp←HashQuery(ptroot);
(3) while (!CheckInternalPartition(dl)) do
(4) n← CheckNeighbor(dl);
(5) for i from 0 to n do
(6) tl← GetNeighborLocation(i);
(7) if(IsNearest(ctp, tl, dl)) then
(8) dl← tl;

end if
end for

(9) if(dl == loc) then
(10) dl← RightRoutingQuery(loc, ctp);

end if
end while

(11) TransferZQuery(dl, query, ztroot);
(12) RespondResult(query);
(13) end while(ctp)

End

Algorithm 4: Query transfer algorithm for partitions.

TransferZQuery(loc, query, ztroot)
Begin

(1) n, i← 0; ctz, tl← null; dl← loc;
do

(2) ctz← HashQuery (ztroot);
(3) if(CheckInternalPartition(dl)) then
(4) RespondResult(query);

else
(5) n← CheckNeighbor(dl);
(6) for i from 0 to n do
(7) tl← GetNeighborLocation(i);
(8) if(IsNearest(ctz, tl, dl)) then
(9) dl← tl;

end if
end for

(10) if(dl == loc) then
(11) dl← RightRoutingQuery(loc, ctz);

end if
(12) TransferZQuery(dl, query, ztroot);

end if
(13) end while (ctz)

End

Algorithm 5: Query transfer algorithm for zones.

experiment, each sensor node generated three data with two
attributes randomly while increasing the size of the sensor
network by increasing the number of sensor nodes from 200
up to 1,000. Especially, in order to impose a storage hot-spot
on the sensor network, for each network size, we generate a
series of hot-spots where a percentage of 10% to 80% of the
data fell into a percentage of 5% to 10% of the range of each
attribute value. Figures 7 and 8 show the data storage cost in
the sensor network and at the hot-spot, respectively. NUNS

L0, NUNS L1, NUNS L2, and NUNS L3 mean that the split
is performed 0, 1, 2, and 3 times, respectively (i.e., they have
1, 2, 4, and 8 partitions, resp.).

As shown in Figure 7, as the size of the sensor network
becomes larger, the communication cost for data storage
of NUNS with many partitions is more efficient than that
of DIM and KDDCS. This is because by storing the data
value measured in a partition in a sensor node within the
partition in NUNS, the distance between the sensor node
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Figure 7: Data storage cost in sensor network.
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Figure 8: Data storage cost at hot-spot.

measuring data and the sensor node storing the data is
shortened, and consequently the communication cost for
storing data is reduced. In addition, the cost of unnecessary
routing can be avoided in NUNS as a partition is split
nonuniformly into zones and there is no orphan zone, unlike
DIM. Especially, the communication cost of KDDCS can
increase since additional overhead for rebalancing kd-tree is
needed in KDDCS.

Similar to the data storage cost of the sensor network in
Figure 7, as the size of the sensor network becomes larger,
the communication cost of data storage at the hot-spot in
NUNS with many partitions also appeared more efficient
than that in DIM and KDDCS, as is shown in Figure 8. This
is because by storing the data value measured in the sensor
network distributedly among the partitions in NUNS, the
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Figure 9: Query processing cost in sensor network.

storage load in the hot-spot can be reduced, and by splitting
each partition into zones by minimizing the difference in
the size of the split zones in NUNS, load concentration on a
specific zone with a large processing region can be prevented.
Especially, KDDCS can consume additional energy to move
data of the hot-spot to neighbors for load balancing, which
shorten the lifetime of the hot-spot.

4.2. Query Processing Cost. We compared NUNS with DIM
and KDDCS in terms of communication cost for query
processing in the sensor network. In the experiment, each
sensor node generated two range queries with two attributes
at random while increasing the size of the sensor network
with the number of sensor nodes from 200 up to 1,000. For
each network size, the queries were executed within 10% of
the maximum range of the attribute values. Figures 9 and 10
show the query processing cost in the sensor network and at
the hot-spot, respectively.

As shown in Figure 9, with the increase of sensor network
size, NUNS with 1 partition was a little more efficient in
terms of communication cost for query processing than DIM
and KDDCS. However, NUNS with 2, 4, or 8 partitions
showed a higher communication cost for query processing
than DIM and KDDCS. This is because the communication
cost for query processing particularly increases when the
number of partitions becomes larger, since a query should
be transferred to the target sensor nodes of all the partitions
and its result should be returned to the sensor node in which
the query occurred.

As shown in Figure 10, the communication cost for query
processing at the hot-spot in NUNS with 1 partition ap-
peared less efficient than that of KDDCS and more efficient
than DIM, but the cost in NUNS with 2, 4, or 8 partitions
was more efficient than that of DIM and KDDCS. This is
because NUNS can distribute the storage load of the hot-spot
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Figure 10: Query processing cost at hot-spot.

among partitions in the sensor network and consequently
reduce the transfer cost of query results at the hot-spot.
Therefore, the optimal number of partitions in NUNS should
be determined in consideration of the frequency of data
storage and the frequency of query processing in the data-
centric storage sensor network.

4.3. Communication Cost according to Cost Ratio. This sec-
tion experimented on the communication cost of the sensor
network and that of the hot-spot according to the ratio of the
frequency of data storage to the frequency of query process-
ing. That is, we compared NUNS with DIM and KDDCS in
terms of communication cost while changing the ratio from
1 : 1 up to 100 : 1. In the experiment, the communication
range of the sensor nodes was set to 40 m and 1,000 sensor
nodes were used. In addition, 100∼10,000 data with two
attributes and 100 range queries with two attributes were
generated at random. For each network size, the queries
were executed within 10% of the maximum range of the
attribute values. Figures 11 and 12 show the communication
cost according to the ratio in the sensor network and at the
hot-spot, respectively.

As shown in Figure 11, in comparison with DIM and
KDDCS, NUNS with 1 partition was most efficient in terms
of communication cost of the sensor network when the ratio
of the frequency of data storage to the frequency of query
processing was 1 : 1∼20 : 1, and NUNS with 8 partitions was
most efficient when the ratio was 40 : 1∼100 : 1. In addition,
the communication cost efficiency of NUNS with the large
number of partitions is expected to be higher than DIM
and KDDCS as the frequency of data storage becomes larger
than the frequency of query processing. This is because with
the increase in the number of partitions in NUNS, the cost
of data storage decreases but the cost of query processing
increases, and consequently the decrease in the cost of data
storage becomes relatively larger than the increase in the cost
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Figure 11: Communication cost in sensor network.
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Figure 12: Communication cost at hot-spot.

of query processing, as the frequency of data storage becomes
higher than the frequency of query processing.

Similar to the communication cost of the sensor network
in Figure 11, in comparison with DIM and KDDCS, the
communication cost at the hot-spot as shown in Figure 12
also revealed the efficiency of NUNS with a large number of
partitions as the frequency of data storage becomes higher
than the frequency of query processing.

The results of the experiments above show that in all
cases, NUNS with one partition is more efficient for data
storage and query processing than DIM and KDDCS. In
addition, with the increase in the number of partitions in
NUNS, the cost of query processing increases, but the cost
of data storage decreases. Accordingly, we expect to enhance
the energy efficiency of the sensor network by using NUNS
in the data-centric storage sensor network where data values
are stored frequently.
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5. Conclusions

In the data-centric storage sensor network, the sensor nodes
for data storage are determined by the value of measured
data, and thus if data have the same value frequently, then the
load is concentrated on a specific sensor node and the sensor
node consumes energy rapidly. In addition, if the sensor
network is expanded through the addition of new sensor
nodes, then the distance between the senor node measuring
data and the sensor node storing the data grows longer, and
this increases the communication cost in data storage and
query processing. Therefore, it is important to enhance the
energy efficiency of the sensor network by distributing the
load among the sensor nodes and by reducing the communi-
cation cost resulted from expanding the sensor network.

To solve these problems, this paper proposed a nonuni-
form network split method, called NUNS, for the data-
centric storage sensor network. In order to distribute the load
among sensor nodes and reduce the communication cost for
data storage and query processing resulted from expanding
the sensor network, NUNS splits a sensor network into
partitions of nonuniform sizes and stores data that occurs
in each partition and is managed by sensor nodes within the
partition. In addition, for preventing load concentration on
a specific sensor node and reducing the cost of unnecessary
routing, NUNS splits each partition into zones of nonuni-
form sizes by as many as the number of sensor nodes in the
partition. Lastly, this paper proved through experiments that
NUNS is more energy efficient than DIM and KDDCS in
the data-centric storage sensor network where data are stored
more frequently.
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Processing the gathered information efficiently is a key functionality for wireless sensor networks. In generally, the sensor networks
often use in-network data aggregation and clustering to optimize network communication. The set of aggregating nodes forms a
dominating set of the network graph. Finding the weakly connected dominating set (WCDS) is a promising approach for clustering
the WSN. However, finding a minimum WCDS is NP-hard problem for most graphs, and a host of approximation algorithm has
been proposed. The aim of the paper is to construct a minimum WCDS as a clustering scheme for WSN. Our clustering schemes
construction algorithm includes two phases. First of all, we construct a maximal data aggregation tree (DAT) of the network. The
second phase of the algorithm is to choose the nodes (called connectors) to make the WCDS connected. The correctness and
performance of our algorithms are confirmed through theoretical analysis and comprehensive simulations.

1. Introduction

A wireless sensor network (WSN) is a multihop wireless
communication network. In WSN, each node assumes the
role of a router and relays the packets toward the final des-
tinations if a source cannot directly send the packets to a final
destination due to the limitation of the radio transmission
range. In addition, the energy efficiency is one of the major
constraints in WSN. The network topology may also change
unpredictably due to node failure, running out of power, or
adding new nodes into the network. Most topology changes
are localized within a small area of the network. Therefore,
it is desirable to abstract the network structure as local
changes which need not be seen by the entire network. This
is done by using logical substructures called clusters. It is
believed that clustering can dramatically improve a network’s
broadband utilization and delivery ratio, extend network
lifetime, and reduce packet retransmission [1]. A natural
method for forming clusters is based on the idea of graph
domination [2]. The most basic clustering methods that have
been studied in ad hoc networks and WSN are based on
the dominating sets (DSs). Moreover, among various existing

clustering schemes, dominating set-based clustering [3, 4] is
a promising approach.

The main advantage of dominating set-based clustering
is that it simplifies the clustering process to the one in a
smaller subnetwork generated from the connected dominat-
ing set (CDS). The efficiency of this approach depends largely
on the process of finding and maintaining a CDS and the
size of the corresponding sub-network. In addition, the CDS
formation algorithm should be localized (i.e., based on local
information) for low overhead and fast convergence. The
research that works on selecting a minimum CDS has never
been interrupted because of its dramatic contributions to
wireless networks. Unfortunately, finding a minimum CDS
is NP complete for most graphs, even if global information is
available and no constraint [5].

In addition, in wireless channels, packets are usually
dropped when the channel goes into deep fade and thus
an outage occurs. In particular, the outage happens when
instantaneous channel capacity falls below the amount of
information carried in the packet [6]. Recently, the coopera-
tive communication technique was exploited to study energy
management issues for ad hoc and sensor networks [7, 8].
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Such as in [7], a network model using cooperative com-
munication is developed to deal with broadcasting in ad hoc
networks and WSN. Transmitting independent copies of a
packet generates diversity and combats the effects of fading.
The selected relay rk cooperates with one another if the direct
transmission fails to the final destinations D. Each relay will
decide whether it can successfully decode the M sources’
information based on its local channel information. The
criterion used for successful decoding is that its local channel
information can satisfy the condition

∑

m∈S
Rm ≤ log

⎛

⎝1 + ρ
∑

m∈S

∣
∣hmrk

∣
∣2

⎞

⎠, ∀S ⊆ {1, 2, . . . ,M},

(1)

where ρ is the SNR [9]. hmrk is the coefficient of the channels
between mth source and kth relay. The above expression
characterized the capacity region multiple access channels
[10]. Assume that the Q relays R can satisfy the criterion and
hence be able to decode the M sources’ information correctly.
By ordering the relay-destination channels, we denote the Q-
qualified relays as R1,R2, . . . ,RQ, where |hRnD|2 ≥ |hRn+1D|2.
The study has shown that cooperative communication can
potentially combine the following advantages: (1) the power
saving provided by multihopping, (2) the spatial diversity
provided by the antennas of separate mobile nodes, and
(3) node cooperation can also lead to increased data rates
[11, 12].

Motivated by cooperative communication in ad hoc
networks and WSN, Alzoubi et al. proposed an algorithm
for weakly connected dominating set (WCDS) based on a
spanning tree [4]. In this scheme, a maximal independent
set (MIS) is elected such that each node in the MIS can be
connected to the spanning tree via an extra node. Chen and
Liestman [13, 14] proposed a zonal algorithm, in which the
graph is divided into regions, a WCDS is constructed for
each region, and adjustments are made along the borders
of the regions to produce a WCDS for the whole graph.
Their algorithm for the partitioning phase is partly based
on a minimum spanning tree (MST) algorithm of Gallager
et al. [15]. Han and Jia [16] also proposed an area-based
distributed algorithm for WCDS construction in ad hoc
networks with constant approximation ratio, linear time, and
message complexity. While it has a lower message complexity
than the zonal algorithm proposed by Chen and Liestman,
it outperforms the mentioned algorithm. Basagni et al.
[17] presented a performance comparison of the protocols
proposed for clustering and backbone formation in large
scale ad hoc network. Wu [3] presented two distributed
algorithms for finding a WCDS in ad hoc networks. The
first algorithm was implemented by first electing a leader
among the nodes, which was going to be the root of a
spanning tree. The spanning tree is then traversed, and the
dominator nodes are selected. But the distributed leader
election is extremely expensive in practice and exhibits a
very low degree of parallelism. The second algorithm first
constructs a maximum independent set (MIS) by an iterative
labeling strategy and then modifies the MIS by selecting

one intermediate node between each pair of dominators
separated by exactly three hops.

At present, the study of WCDS is not more. As mentioned
different above, we consider the WCDS as a better method
for clustering [4] an ad hoc network and WSN. In this
paper, based on the characteristics of communication under
the cooperative communication, we extend the dominative
capability of nodes in the corresponding network, and
we turn the clustering scheme construction problem of a
cooperative network into the WCDS problem in the graph
model of cooperative communication. A novel algorithm
(called DAT-WCDS) to find WCDS for clustering in ad hoc
networks and WSN is proposed. And their good performance
is confirmed by simulations.

2. Preliminaries and Definitions

2.1. A Network Environment. In this paper, the aim of the
proposed algorithm is to form a clustering scheme for
the WSN by finding a connected dominating set problem.
We consider a monitor area A with N wireless sensors,
represented by the set S = (s1, s2, . . . , sN ) randomly deploy-
ed. Each sensor node is equipped to learn its location
coordinates such as its location information (xi, yi) [18]. It
is not the purpose of this paper to define mechanisms to
find this location. Without loss of generality, let us assume
that nodes in the set S belong to two dimensional planes as
illustrated in Figure 1.

At first, the goal of the proposed algorithm is to construct
the data aggregation tree (DAT) in this N nodes network,
where DAT is consisted of Nt nodes called tree node, which is
used to receive and aggregate data, the other (N −Nt) nodes
are referred to as non-tree (NT) nodes. Each NT node senses
its environmental parameter and reports it to its nearest tree
node. The DAT is well spread over the entire WSN so that Nt

tree nodes are uniformly distributed on the network. In this
way, it ensures that the attribute readings sent by NT nodes
to the corresponding tree node incur a smaller hop count.
For simplicity, we use Revent (denoted by the dashed rectangle
in Figure 1) to represent an event, and the event region is
denoted by the area Pevent, where Revent ⊆ R. Normally
all the events are assumed to have already been sensed in
the network by DAT. R′ is defined as the portion of R not
occupied by any event, that is, R′ = R− Revent.

2.2. Connected Dominating Set. For simplicity, we assume a
simple and yet general enough model that is widely used
in the community. Wireless sensor networks are modeled
as unit disk graphs G = (V ,E). Where, the vertices in V
represent the communication nodes. Let V ′ ⊆ V be a subset
of vertices in G = (V ,E). In the following, we use G[V ′] to
denote the subgraph induced by V ′. For a subgraph G′ of G,
we use V(G′) and E(G′) to refer to the vertices and edges of
G′; respectively, we denote by Γ(v) the closed neighborhood
of a vertex v ∈ V , that is,

Γ(v) = {u ∈ V | (u, v) ∈ E} ∪ {v}. (2)
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Figure 1: Network environment.

Analogously, for V ′ ⊆ V , Γ(V) = ∪w∈V ′ Γ(w) define
the neighborhood of V ′. In this context, we set Γ(Φ) = Φ,
for k ∈ N , and we call Γk(v) = Γ(Γk−1(v)) the recursively
defined rkth neighborhood of v ∈ V , Γ0(v) = {v}.

A normal transmission range r, using the Euclidean
distance d(u, v), denoting the number of hops on a shortest
path in G between vertices u and v, where d(u, v) is also
viewed as the transmission cost between u and v. This
means that two vertices are connected by an edge if and
only if u’s disk covers v and v’s disk covers u. Let p(u, v) =
{u,w1,w2, . . . ,wk, v} be a shortest path between node u and
v.

In graph theory, a dominating set (DS) of a graph G =
(V ,E) is a subset S ⊆ V , such that every vertex v ∈ V is
either in S or adjacent to a vertex of S. A minimum DS (MDS)
is a DS with the minimum cardinality γ(G). A subset I ⊆ V
is called independent if for every two vertices u, v ∈ I , there
does not exist an edge (u, v) ∈ E. An independent set is called
maximal if it cannot be extended by the addition of any other
vertices from the graph. There is an important relationship
between maximal independent sets and dominating sets in a
graph; an independent set is also a dominating set if and only
if it is a maximal independent set [4].

A CDS S of a given graph G is a dominating set whose
induced subgraph, denoted G[S], is connected, and a mini-
mum CDS (MCDS) is a CDS with the minimum cardinality.
A dominating set S is a weakly connected dominating set
(WCDS) of a graph G, if the graph G[S] = (Γ(S),E∩ (Γ(S)×
S)) is a connected subgraph of G. In other words, the
weakly induced sub graph G[S] contains the vertex of S, their
neighbors, and all edges with at least one endpoint in S.

Finding the minimum WCDS of the network graph is
one of the most investigated methods for cluster formation
in which a dominator node assumes the role of a cluster head,
and its one-hop neighbors and 2-hop neighbors are assumed
to be cluster members. The structure of the network graph
can be simplified using WCDS and made more succinct for
transmitting in ad hoc networks and WSN [15, 16].

In this paper, we focus on clustering mechanisms to
elect a minimum and sufficient number of links to serve as
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f
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e

Figure 2: {a, b} is EDS.

the communication backbone of the network. Accordingly,
the clustering approach to topology management can be
modeled as the relevant minimum WCDS problem in graph
theory.

2.3. Dominating Set Extension. In this subsection, we extend
the dominative capabilities of nodes for finding a small
WCDS for a WSN. Wu et al. proposed the notion of an
extended dominating set (EDS) [12]. A subset S of V is an
EDS if every node of V is (a) in the subset, (b) a regular
neighbor of a node in S, or (c) 2-hop neighbor of k nodes
in S.

Dominative capabilities extension of nodes: each node is
extended such that it dominates not only itself and its 1-hop
distance neighbors fully, but also its 2-hop distance neigh-
bors partly. For example, in Figure 2, the node dominates not
only itself and nodes d, c, b fully, but also nodes g, e, f partly.
This extension extends the dominative capability of a node
from its 1-hop neighbors to its 2-hop distance neighbors.

In [12], they used a notion of contribution; each forward
node contributes 1 to all its 1-hop neighbors, and 1/k to
all its 2-hop neighbors. The effective contribution of u to v
is u’s contribution to v before the signal energy of v reaches
1. The initial signal energy of each node is 0. A node is
said to have the maximum effective contribution if it has
the maximum total effective contribution to its neighbors
and 2-hop neighbors. If we consider the contribution of
each forward node as its dominative capability to all its
neighbors, thus each forward node can fully dominate its 1-
hop neighbors, and partly dominate its 2-hop neighbors. The
following definitions will be used throughout the paper.

Definition 1. For any vertex uV , vΓ2(u), v is a dominator
neighbor of u if v is a cluster-head (or dominator).

Definition 2. For a vertex v, the 2-hop-independent neigh-
bors of v are P2 ⊆ {Γ2(v) − Γ(v)}, such that if v1, v2 ∈ P2,
then v1 and v2 are independent.

Definition 3. Let vertex w be called as connector if it is
common neighbor between dominators u and v, where v is
the 2-hop neighbor of u.
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2-hop WCDS is also a CDS. It requires that, for any two
nodes with distance equal to 2, there exists at least one short-
est path between them, whose intermediate node should be
included in 2-hop WCDS. The formal definition is shown in
details as follows.

Definition 4. The 2-hop shortest path weakly connected
dominating set problem (2-hop WCDS) is to find a min-
imum-size node set S ⊆ V such that

(1) ∀u ∈ V \ S, ∃v ∈ S such that (u, v) ∈ E,

(2) the induced graph G[S] is connected, and

(3) ∀u, v ∈ V , if d(u, v) > 2, then ∃pi (u, v) ∈ p(u, v),
pi(u, v) \ { u, v} ⊆ S.

We do not consider the situation of d(u, v) = 1. The
reason is that our WCDS aims to reduce transmission cost.
When we select a WCDS, neighbors of ∀v ∈ V must be
known to v during selecting process. As a result, when v
has a packet destined to u, v will not inform adjacent
nodes in WCDS to help deliver the packet, because v
knows that u can receive packets from v directly and no
consecutive forwarding will happen. However, once d(u, v) >
1, consecutive forwardings are needed to deliver packages to
the destination node. Thus, a good selection of forwarding
nodes will influence on network performance greatly. We
hope to select a CDS with minimum size, but keep the value
of d(u, v), ∀u, v ∈ V through this CDS the same as that in
original graph. It is the goal of WCDS. We redefine a node’s
degree in details as follows.

Definition 5. The degree of a node u is denoted by d(u).
Define the rank of node u to be an ordered pair (du, idu),
where du is the node degree and idu is the node ID of u. We
say that a node u with rank (du, idu) has a higher order than a
node v with rank (dv, idv) if du > dv, or du = dv and idu < idv.

Definition 6. The “diameter” X of a set of nodes S in a graph
G is the maximum of the pairwise shortest paths between
these nodes X = maxi, j∈Sd(i, j), where d(i, j) is the shortest
number of hops needed to go from node i to node j in G.

When WCDS is constructed, only nodes in WCDS may
forward data. In broadcasting [16], nodes in WCDS can
help spread data to the whole network. In routing, data will
be sent to WCDS and be delivered via nodes in WCDS.
Thus, how to construct a WCDS is closely related to the
performance of WCDS-based broadcasting and routing. Our
approach to establishing a minimal WCDS is based on two
phases that implement the data aggregation tree (DAT) and
WCDS elections, respectively. We discuss the construction of
WCDS in the following sections.

3. Algorithm Description

The aim of the proposed algorithm is to construct a mini-
mum WCDS as a clustering scheme for WSN. We employ a
CDS in this paper since it can behave as the virtual backbone
of a sensor network. Our clustering schemes construction

algorithm includes two phases: DAT construction and then
to select connectors to make the MIS nodes connected into
a WCDS construction. In the first phase, we construct a
maximal DAT of the network. The second phase of the
algorithm is to choose the nodes (called connectors) to make
the WCDS connected.

3.1. Construction of Data Aggregation Tree. We assume that
each node knows the node ID and degree of all its 1-hop
neighbors and 2-hop neighbors, this can be achieved through
requiring each node to broadcast its node ID initially. After
each node knows all its neighbors, it can broadcast its degree,
one more round of “Hello” message is needed to construct 2-
hop information.

Let the target region be A, and sensor node set in the
region be

S = {si
(
xi, yi

) | si ∈ A
}

, (3)

where (xi, yi) is the position coordinate of the node si,
external of the target region is set K = {ki(xi, yi) | ki /∈ A},
and DAT is definite as T has

T(si− > K) =
⋃

i

path(si− > ki), ki ∈ K , (4)

where path (si− > ki) is the greatest span path from node
si to node ki in graph G, and its length is diameter l. In this
path, the minimum distance between each node is bigger or
equals to the minimum distance d(si, ki) in any other path
from si to ki, and the node number is the smallest in graph
G.

Dynamic topology has a significant impact on DAT
algorithms. Two actions of a node lead to network topology
changes: withdrawing and joining. Withdrawing refers to
the functional termination of a node in the network, and
it happens when a node fails, runs out of power, or exits
from the network. Joining refers to the functional start of
a node in the network, and it happens when a new node is
added, or a node recovers from a failure. Moving of a node
can be treated as two separate actions of withdrawing and
joining if the node can be assumed to stop receiving and
transmitting messages when in motion. To cover a broader
range of situations, this paper assumes no special notification
sent from the withdrawing or joining node. Relying on such
notification, even if possible, imposes high expectation on
the ability of nodes. The neighbors of a changing node must
rely on other mechanisms to detect the changes.

The changing neighborhood resulted from a node with-
drawing or joining affects the generated DAT. Generally,
there are two methods to handle it: recalculating and
updating. With the recalculating method, a distributed DAT
algorithm starts at a fixed interval or is triggered by some
event (e.g., when disconnection of the dominating set is
detected), and a new DAT is generated from scratch. With
the updating method, the DAT is maintained by updating
a portion of the existing dominating set according to the
topology changes. A practical strategy may use the updating
method most of the time and use the recalculating method
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when necessary. This paper only discusses the updating
method.

Let depth of the tree T be p. Algorithm 1 constructs a
DAT with given depth. When a node chooses its two children,
it will choose the two biggest span nodes, ensuring that the
tree T covers more target regions as far as possible. In the
process of the multiple regressions, it can achieve the high
accuracy. After the DAT is formed, in each subdomain all
residual nodes send data to the nearest tree node away from
themselves. In this paper, we used the literature [19] design
method to construct the aggregation tree. That is, construct-
ing process through three kinds of messages: Beacon, Probe,
and Join. Figure 3 describes the process about the exchange
of different signals to construct the tree. For more details, see
literature [19].

After given data aggregation tree (DAT), a data com-
munication operation consists of (possibly repeated) two
phases: a propagation phase where the query demands are
pushed down into the sensor network along the tree, and
an transmission phase where the aggregated values are
propagated up from the children to their parents.

3.2. Clustering Formation. In this section, a data aggregation
tree-based algorithm (called DAT-WCDS) is proposed for
clustering formation in WSN, which focuses on finding a
WCDS problem in the network graph. In the algorithm,
a special dominating set using a MIS of the network is
constructed, and then a CDS is constructed to connect dom-
inators and the other nodes.

Given T be a DAT and D is a dominating set of T contain-
ing. It suffices to determine an independent set J of vertices
which is disjoint from D and contains a neighbor of every
vertex in D, because a maximal independent set I which
contains J but is disjoint from D is clearly a dominating set
of T . A simple strategy to select the elements of J is to root
T in some vertex x in D and to select a child of every vertex
in D which itself is not contained in D.

If this strategy succeeds, then the selected vertices will
clearly form an independent set. Nevertheless, this strategy
fails in the presence of vertices u in D all children of which
are also in D. For such a vertex, we have to choose its parent.
Working out the consequences of this reasoning leads to
Algorithm 1 in the following sections.

We will hope that there are some dominator(s) and some
dominatee(s) in maximal independent set of each layer of
DAT. Here a connector node x (a dominatee of a dominator
u) is said to be redundant for the dominator u if removing
x will not disconnect any of the 2-hop dominators of u
from u. For every dominatee, it has at least one-dominator

neighbor in the same or upper level. Thus, every dominator
(except the root) has at least one dominator in the upper
level within 2 hops. Using this property, we can ensure that
all the data in the dominators can reach the root finally if
every dominator transmits its data to some dominator in
upper level within two hops. From another point of view,
considering dominators in the decreasing order of their
levels, a dominator u in level L aggregates data from all
dominators in level L+ 1 or L+ 2 that are within two hops of
u leads to Algorithm 2 in the following sections.

In Algorithm 2, we only concentrate on communications
between dominators. Since dominators cannot communicate
directly, we have to rely on some dominates (NT node),
each of which acts as a bridge between two dominators. The
algorithm runs from lower level to upper level in DAT, every
dominator will remain silent until the level where it locates
begins running. When it is its turn, the dominator will try
to gather all the data from other dominators in lower levels
that have not been aggregated. If a dominator’s data have
been collected before, then it is unnecessary to be collected
again. After the end of the second phase, the algorithm has
identified MIS and the connectors. Iteratively, the dominator
nodes are picked which connects independent set nodes in
different components. The following phases are performed
to establish and form clusters

Initially, the sink creates an empty cluster associated
with an unclustered node of S. Each sensor {s1, s2, . . . , sN}
transmits its position (xi, yi) to the sink. To accomplish
this step any efficient sensor routing algorithm can be used.
Thus, the clustering algorithm is not bound to how the sink
receives this information. If there is an unconnected node
in the network, it cannot announce itself and thus will not
be considered in the algorithm. Then, the sink finds the
qualified unclustered nodes for joining to that first member.
When no more nodes can be added to the cluster, the sink
takes a new unclustered node and begins a new cluster. Then,
each first member sends a packet to the members of his
cluster notifying them about the cluster which they belong to.
Each node is in one of the four states: unmarked, clustered-
head (CH), cluster member (CM), and half-dominated. In
the following, we describe the algorithm in detail.

Algorithm 3 is executed by the sink once upon deploy-
ment, and thus all nodes will become clustered. If a node
joins to the network, it has to send its position (xi, yi) to
the sink for announcing itself as a new node. The sink
computes the highest rank of the new node and finds the
first cluster that can accept it as a new member. Then, the
sink sends a message to the first member in order that this
node reorganizes the cluster with the new member. On the
other hand, each node periodically sends a Hello message to
the first member notifying that it is alive.

When a node dies, the first member will notify the rest of
the members about the new cluster set and will reconfigure
any parameter related to the cluster. The first member also
periodically notifies to its cluster members about its avail-
ability. If a first-member dies, the cluster members will notify
to the sink their availability to belong to another cluster or to
create a new cluster. Note that the beaconing among cluster
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Input: a data aggregation tree T and threshold K , P
/∗W be vertex set in tree T , P be depth of the tree T , K be stage number ∗/
Output: A maximal independent dominating set

Let D denote the dominating set constructed at stage K and be initially set to null
(1) begin
(2) D ← Φ
(3) While W /=Φ
(4) Choose a vertex i ∈W
(5) D = D ∪ {i}
(6) W =W \ Γ(i)
(7) End while
(8) Choose a vertex x ∈ D of degree d(x) = min{d(u) | u ∈ D};
(9) J ← Φ /∗ J be an independent set ∗/
(10) while ∃u ∈ D such that u /∈ Γ(J) and all children of u inclusion in D ∩ (Γ(J)× J) do
(11) Let v be the parent of u;
(12) J ← J ∪ {v};
(13) partner(u) ← v;
(14) end
(15) while ∃u ∈ D such that u /∈ Γ(J) do
(16) Choose a child v of u such that v /∈ D ∪ Γ(J);
(17) J ← J ∪ {v};
(18) end
(19) Let I be a maximal independent set of T with J ⊆ I and D ∩ I = Φ;
(20) Increment stage number k
(21) Until depth of the tree T is greater than P or the stage number k is threshold K
(22) end

Algorithm 1

Input: The DAT tree with root v0 and depth P, data di stored at each tree node vi.
(1) Let T be the final data aggregation tree.
(2) Initially all independent set nodes form different components, each node in I broadcasts dominatees

message so that dominatees can know of adjacent independent set nodes in different components.
(3) for i = P − 1, P − 2, . . . , 0 do
(4) while a dominatee node v exists having i-adjacent independent nodes of I in different components do
(5) Choose all dominators, denoted as Bi, in level i of T tree.
(6) For every dominator ui ∈ Bi do
(7) Node ui broadcasts itself as the dominator.
(8) Node ui finds the set Γ2(ui) of unmarked dominators that are within 2-hops of u in T, and in

lower level i + 1 or i + 2, mark all nodes in Γ2(ui).
(9) Dominatees wi on receiving this message keep a count of neighbouring dominators at level i + 1

or i + 2 and broadcasts the final count.
(10) Each level i + 1 or i + 2 dominators on receiving the counts from the potential connectors,

select among them the node with highest bank as its connector and informs it.
(11) Node wi, then becomes a connector; Bi ← Bi ∪ {wi}.
(12) Every node w in Γ2(ui) sends aggregated data to the parent node (a connector node) in T .
(13) Every node z that is a parent of some nodes in Γ2(ui) sends original data to node ui (which is the

parent of z in T).
(14) End for
(15) i = i− 1
(16) End for /∗ The identified DAT nodes connect the dominator nodes. Thus, independent set nodes and DAT

nodes forms the CDS of G ∗/
(17) The root v0 sends the result to the sink using the shortest path.

Algorithm 2
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Input: The DAT tree with has identified I and the connectors;
/∗ Let Vp, Vq be the cluster, v ∈ Vp and vp its cluster-head. H = I ∩ Γ2(vp) be the set of 2-hop
neighbors of vp in I ; Vu be the cluster dominated by dominator node u; ∗/

(1) begin
(2) Initially, all nodes are unmarked.
(3) u sends out CH message with the information of Vu to its neighbors, v ∈ Vu, v sends it’s rank

though CM message to dominator u · u receiving CM message from all its members computes its
relative proximity as rank. u ranks each node v in Vu based on non-increasing ordering using proximity rank;

(4) u node with the highest rank among its unmarked 2-hop neighbors becomes a cluster-head and broadcasts
CH messages to all its neighbors;

(5) After receiving a CH message, for a node v, v sends a message so that all available nodes in w∈ Γ(u) become
its dominates;

(6) Each w node in turn sends another message to its 2-hop neighbors, making the available nodes
as potential dominators;

(7) For all Vh, vh ∈ H and vh is the cluster-head of Vh do
(8) v becomes a cluster-member if it is a 1-hop neighbor of node u, and its current state is unmarked. If

it is the first time that v receives a CH message, v will broadcast CM messages to all its neighbors;
(9) If v is a 2-hop neighbor of node u, its current state is unmarked, and it is the first time that v

receives a CH message, v becomes half-dominated;
(10) If node v is a 2-hop neighbor of node u and its current state is half-dominated, v becomes a

cluster-member if v receives a different CH message for the second time. V will broadcast
CM messages to all its neighbors;

(11) If node v is a 2-hop neighbor of node u and its current state is half-dominated, v becomes a cluster-head
if v does not receive a different CH message again. v will broadcast CH messages to all its neighbors;

(12) Dominator node vp sends CH message to its neighboring dominator; vq receiving CH message switched
to become dominator in DAT tree and sends out CM message to the dominator node;

(13) Connectors ck ∈ Vq among its neighboring nodes are activated on receiving CM message and sends out
CM message to its independent dominators;

(14) Switching from vp to vq takes place through local messages;.
(15) The same procedure is repeated among the remaining nodes, until each node in DAT becomes either

a cluster-head or cluster-member;
(16) End for
(17) End

Algorithm 3

members implies low overhead since cluster sizes have few
nodes.

4. Analysis of Algorithm

In the next subsections we first analyze the correctness of the
algorithm and then analyze its complexity for running time
and messages exchanged of the algorithm.

4.1. Correctness of the Algorithm

Theorem 7. The output of the proposed Algorithm 1 is a
maximal independent set.

Proof. By contradiction, we consider the first execution of
the while-loop in line 11 for which the vertex u has no parent
which does not belong to D; that is, either u is the root x of
T or the parent of u belongs to D.

Let D′ denote the set of vertices u′ from D which can be
reached from u on a path P of the form

P : u0w1v1u1w2v2u2 . . . ·w1v1u1 (5)

with u0 = u, ul = u′, l ∈ N , wi /∈ D, and partner (ui) = vi
for 1 ≤ i ≤ l. Note that w1 is a child of u. Let the set D′′

contain the parent of the parent of u′—the grandparent of
u′ for every vertex u′ in D′. Let Ď = (D \D′ ∪ {u})∪D′′.

Let w′′ be a child of u. Clearly, w′′ /∈ J . If w′′ ∈ D, then
w′′ ∈ Ď. If w′′ /∈ D, then w′′ has a child v′′ which belongs
to J , and v′′ has a child u′′ which belongs to D such that
partner (u′′) = v′′. Since uw′′v′′u′′ is a path as in (1), we
obtain, by the definition of D′, that u′′ ∈ D′. This implies
that w′′ ∈ D′′, and hence w′′ ∈ Ď. Therefore, in both cases,
u,w′′ ∈ Γ[Ď], and all vertices which were dominated by u in
D are still dominated by vertices in Ď.

Let u′ ∈ D′. Let P be as in (1) with u′ = ul. Since wl ∈
Ď, we have vl ∈ Γ[Ď]. If w′′ is a child of u′, then exactly
the same argument as above implies that w′′ ∈ Ď. Hence
again all vertices which were dominated by u′′ in D are still
dominated by vertices in Ď.

Altogether, we obtain that Ď is a dominating set of T
which contradicts the assumption that D is a minimum
dominating set. By the claim, the while-loop in line 11
successfully adds to the set J the parents of vertices in D
which do not belong to D. By the condition for the while-
loop in line 11, just before the execution of the while-loop in
line 16, the set J is independent, and every vertex u ∈ D with
u /∈ Γ(J) has at least one child which does not belong to D
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and is nonadjacent to the vertices in J . During the executions
of the while-loop in line 16, only children of vertices in D are
added to J , and this property is maintained throughout the
remaining execution of Select. Hence, the while-loop in line
16 successfully adds to the set J the children of vertices in D
which do not belong to D such that after the last execution of
the while-loop in line 16, the set J is independent, disjoint
from D and D ⊆ Γ(J). By the above remarks, the set I
defined in line 20 is an independent dominating set of T
which completes the proof.

Theorem 8. After the above two phases, the constructed DS is
a WCDS of the whole graph.

Proof. After the first phase, Algorithm 1 constructs a DAT
with the given depth. When a node chooses its two children,
it will choose the two biggest span nodes, ensuring that the
tree T covers more target regions as far as possible. It is
possible that there exist two dominators that are apart by
at least 2 hops in the graph. However, these dominators
are apart by at most 3 hops. According to the definition of
WCDS, we know that the IDS constructed in the second
phase is a WCDS. Although the second phase reduces the size
of dominators, the connectivity is not destroyed. Therefore,
after the two phases, the constructed IDS is a WCDS of the
whole graph.

4.2. Complexity Analysis

Theorem 9. The algorithm DAT-WCDS has time complexity
O(n) time and O(D) rounds, where D is the network diameter
and message complexity of O(n× d2), where d is max degree of
node in G.

Proof. Assume that in a given unit disk the size of an
MIS is always less than maximum degree of a node in G;
therefore, |MIS| ≤ d. Each node sends at most two messages
to become dominatee and at most d messages per degree to
update neighbor’s information and d2 to get neighbors of the
neighbor to become dominator. Thus, message complexity is
O(n× d2), where d is the maximum node degree.

While establishing the relationship between connectors
and dominators, the message complexity is only size of CDS
which is at most O(n). Thus, in the message complexity of
algorithm O(n×d2), each node is explored one by one, so the
time complexity O(n). The number of synchronous rounds
is O(D), where D is network diameter, which is bounded by
shortest distance of farthest node from a given leader.

5. Simulation and Discussion

In simulations, all algorithms in discussion are implemented
by using MATLAB, and all nodes are randomly deployed in
a square area A. Every node uses a radio range r(r = 10,
60 units). The network size and node density determine
the number of nodes (N) in the network. Node density p
is defined as the average number of nodes per unit area.
Relative node density is defined as the number of neighbors
per node. For example, given node density p = 0.01,

Table 1: Values of simulation parameters used.

Parameter Value

Size of area A 160× 160 m2

Transmission range r r ∈ [10, 60] m

Number of nodes N N ∈ [20, 160]

Density of network p p = A/N

Event area As 40× 40 m2

Size of messages m 500 b

C
D

S 
si

ze

70

60

50

40

30

20

10

0
20 40 60 80 100 120 140 160

Number of nodes

p = 0.02
p = 0.04
p = 0.06

Figure 4: Impact of node density on CDS size.

r = 10, the relative node density is π × r2 × p = 3.14.
Table 1 summarizes all the network configurations used in
simulations.

5.1. Node Density. Node density determines how many
neighbors a node can have. With a higher node density,
a node has more neighbors to compete with to become a
dominator. But after a node becomes a dominator, all its
neighbors are covered as NT nodes. Usually, a node that
can cover more neighbor nodes has a greater chance to
become a dominator because of its greater degree. Thus, a
new dominator will try to cover a new area of the network by
given a connected network. Therefore, if the algorithm is well
designed, the CDS size should be mainly determined by the
network size and has less to do with the node density. Figures
4 and 5 show that DAT-WCDS generates CDS of almost the
same size and the same diameter in networks with various
node densities. But it takes longer time for the algorithm to
converge in high-density networks (Figure 6).

5.2. Size of WCDS. Figure 4 shows the results when the
node’s transmission range is set as 30 units and the number
of nodes in the networks ranges from 20 to 160. When the
transmission range increases, as more nodes may be con-
nected, the network becomes denser. In this case, the size
of WCDS only increases slightly as the size of the network
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Figure 6: Impact of node density on convergence time.

increases. When the number of nodes in the network reaches
160, the number of nodes in the WCDS constructed by
the DAT-WCDS algorithm is only about 31% of that con-
structed. The reason why our algorithm always outperforms
is that for each pair of 2 hops is away cluster-heads adds
one additional node to the WCDS, whereas our algorithm
only “weakly connects” 2 hops away cluster-heads in different
areas. We find that increasing the node’s transmission range
can increase the coverage area of each node, and therefore,
increasing the density of the network, which leads to a
smaller size of the WCDS.

5.3. Comparison with Other Algorithms. The DAT-WCDS
algorithm is compared with two multiple-phase CDS algo-
rithms: ZS [20] and KM [21]. However, KM does not
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generate smallest size CDS, but it converges fast. Therefore,
KM here serves as a good comparison candidate as we will
show various aspects of algorithms at different performance
levels.

Figure 7 shows that, in terms of CDS size, DAT-WCDS
performs better than KM and ZS. The connected dominating
sets built by KM have smaller diameters in large networks
(Figure 8), but the tradeoff is much greater dominator
population. DAT-WCDS converges much faster than ZS, as
illustrated in Figure 9. The DAT-WCDS algorithm always
converges in no more than 11 rounds for a wide range of
network sizes in our simulations. Here, each round of ZS
is the time for generating a new layer of dominators. The
convergence time of ZS is mainly affected by the network size
and the node radio range.
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Figure 9: Comparison with other algorithms.

6. Conclusion

In this paper, we extend the dominative capabilities of nodes,
and a data aggregation tree-based algorithm called DAT-
WCDS is proposed for clustering formation in WSN, which
focuses on finding a WCDS problem in the network graph.
Our clustering schemes construction algorithm includes two
phases: DAT is constructed and a special dominating set
using a MIS of the network is constructed, then selecting
connectors to make the MIS nodes connected into a WCDS
construction. The correctness and performance of our algo-
rithms are confirmed through theoretical analysis and com-
prehensive simulations.
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Mobile agent (MA) systems provide new capabilities for energy-efficient data processing by flexibly planning its itinerary for
facilitating agent-based data collection and aggregation. In this paper, we present a cooperative data processing algorithm based
on mobile agent (MA-CDP), and considers MA in multihop environments and can autonomously clone and migrate themselves in
response to environmental changes. MA accounts for performing data processing and making data aggregation decisions at nodes
rather than bringing data back to a central processor, and redundant sensory data will be eliminated. The results of our simulation
show that MA-based cooperative data processing provides better performance than directed diffusion in terms of end-to-end
delivery latency, packet delivery ratio, and energy consumption.

1. Introduction

The advances in Microelectromechanical System (MEMS)
and wireless communication have enabled the development
of a new kind of network—the wireless sensor network
(WSN). One of the unique features of WSN applications
is the necessity of cooperation. Each sensor node normally
has limited sensing and processing capabilities, constrained
power resources, and reduced communication bandwidth.
Therefore, cooperation among sensor nodes is important in
order to compensate for each other’s capabilities as well as
to improve the degree of fault tolerance, and the key to an
effective cooperation is a combination of low-level sensor
processing and local exchange of data to reach consensus in
the neighborhood of the occurring event. This characteristic
of WSNs brings up some important issues for cooperation
communication, including energy efficiency, scalability, and
reliability [1].

To address such challenges, most of researches focus
on prolonging the network lifetime, allowing scalability
for a large number of sensor nodes, or supporting fault
tolerance (e.g., sensor’s failure and battery depletion) [2, 3].
Most energy-efficient proposals are based on the traditional
client/server computing model, where each sensor node

sends its sensory data to a processing center or a sink node.
Because the link bandwidth of a wireless sensor network is
typically much lower than that of a wired network, a sensor
network’s data traffic may exceed the network capacity. To
solve the problem of the overwhelming data traffic, Qi et
al. [2] proposed the mobile-agent-(MA-) based distributed
sensor network (MADSN) for collaborative signal and
information processing.

Generally speaking, an MA is a special kind of software
that can execute autonomously, with identification, itinerary,
data space, and method as its attributes. An MA [4] is a
computational process which has several characteristics: (1)
“reactivity” (allowing agents to perceive and respond to a
changing environment), (2) “social ability” (by which agents
interact with other agents), and (3) “proactiveness” (through
which agents behave in a goal-directed way). An MA may
need to cooperate in order to achieve better and more accu-
rate performance or need additional capabilities that it does
not have. This cooperation takes place by doing a coalition
formation which it is created by the fusion center agent. By
cooperation we mean sharing data and resolving conflicts.

By transmitting the software code, namely, mobile agent
(MA) to sensor nodes, the large amount of sensory data can
be reduced or transformed into small data by eliminating
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the redundancy. For example, the sensory data of two closely
located sensors are likely to have redundant or common
parts when the data of two sensors are merged. Therefore,
data aggregation is a necessary function in densely popu-
lated sensor networks in order to reduce the sensory data
traffic.

MA-based algorithm is a promising design paradigm
that can be utilized to solve the overwhelming data traffic
[5], especially over low bandwidth links, an MA selectively
migrates among sensor nodes by moving the processing
function to the target nodes, performs local processing
by using resources available at the local nodes rather
than bringing the data to a central processor (sink), and
incrementally fuses the local decisions on each sensor node
to reach a progressively accurate global decision.

This limitation is tackled by MADD algorithm [6]. The
processes involved in MADD are divided into some sections.
First, the MA is dispatched from sink to the first source node,
and in the next place, the MA migrates from first source node
to last source node, visiting selected source nodes in between.
This algorithm does not always guarantee the best sequence
of nodes to be visited.

In addition, node failures are a frequent occurrence in
WSN. When a node fails, all data and MA residing on that
node are permanently lost. While this may cause application
failure, cooperative data processing provides the capability
for applications to self-heal. Specifically, an application
can heal itself by cloning or moving its agents onto the
replacement node when it is installed. Unlike other in-
network reprogramming systems, cooperative data process-
ing enables application developers to control over the self-
healing process. For example, in the fire tracking application,
a node will fail when it catches on fire. The Fire Tracker agent
heals itself by detecting this failure and cloning itself around
the failed node to ensure the integrity of the perimeter.

Towards this end, we propose cooperative data processing
based on MA algorithm (MA CDP). With this algorithm,
large amount of sensory data can be reduced or transformed
into small data by eliminating the redundancy. Furthermore,
to have better understanding in evaluating the performance
of the algorithm, we present detailed analytical algorithm
of data dissemination. With appropriate parameters set,
the results of our simulation show that cooperative data
processing provides better performance in terms of packet
delivery ratio, energy consumption, and end-to-end delay.

2. Related Work

A traditional approach for WSN adaption is to reprogram
it over the wireless network. Systems that enable this can
be divided based on what is reprogrammed, that is, native
code, interpreted code, or both. Two systems that reprogram
native code are Deluge [7] and MOAP [8]. They are designed
to transfer large program binaries, enable the network to
be arbitrarily reprogrammed, but incur high overhead and
latency. To address this, SOS [9], Contiki [10], and Impala
[11] are systems that enable partial reprogramming of binary
code by providing a microkernel that supports dynamically

linked modules. Since modules are relatively small, the cost
of reprogramming is lower.

Recently there has been a growing interest on the design,
development, and deployment of MA systems for high-level
inference in WSNs [12–15]. In [12], the agent design in
WSNs is decomposed into four components, that is, archi-
tecture, itinerary planning, middleware system design, and
agent cooperation. Among the four components, itinerary
planning determines the order of source nodes to be visited
during agent migration, which has a significant impact on
energy performance of the MA system. It has been shown
that finding an optimal itinerary is a NP-hard problem.
Therefore, heuristic algorithms are generally used to com-
pute competitive itineraries with a suboptimal performance.

In [13], two simple heuristics are proposed: (i) a local
closest first scheme that searches for the next node with
the shortest distance to the current node, and (ii) a global
closest first scheme that searches for the next node closest to
the dispatcher. These two schemes only consider the spatial
distances between sensor nodes and, thus, may not be energy
efficient in many cases.

Sharma and Mazumdar have investigated the use of lim-
ited infrastructure, that is, networks with a number of wired
connections between sensor nodes, in [16]. Their approach
establishes a small-world graph by utilizing wired links be-
tween a subset of nodes to reduce the overall energy demands
as well as the different energy consumption rates of partici-
pating nodes. The additional efforts required for the wiring
however make it suited for long-term deployments of sensor
networks only.

Wagenknecht et al. also propose to deploy nodes with
higher computational capabilities within a WSN to act as
cluster-heads for sensor subnetworks, that is, partitions of
the sensor network [17]. They use embedded systems with a
233 MHz clock frequency and 128 megabytes of RAM as the
backbone to interconnect the sensor subnetworks through
a wireless mesh network. Although deploying additional
gateways allows for shorter multihop routes, the energy
savings are possibly counterbalanced by the greater energy
requirements of the gateways, which are not analyzed in
detail in the paper.

A different approach to shift computational tasks into
the network is the use of mobile agents. In such networks,
data is not forwarded to an external sink, but instead, the
processing application (the mobile agent), including its state
variables, is sent to the node and executed locally [18]. As all
process context data are contained within the agent, it can be
supplied with input data at one node, while the processing
can be performed at a different and more powerful system.
We thus consider it a well-suited supplement to migrate tasks
between nodes.

3. Collaborative Data Processing

An MA is a special process that can autonomously migrate
across nodes. The migration transfers both the code and
state, allowing the agent to resume execution at the desti-
nation. It is useful for performing computations that span
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multiple nodes. When an agent migrates, it can either clone
or move. If an agent is cloned, a copy of it arrives and starts
executing at the destination while the original one resumes
on the original node. If an agent is moved, it will no longer
exist on the original node after it arrives at the destination.
An agent’s life cycle begins when it is either injected into the
network from a base station or cloned from another agent
already in the network. Each agent executes autonomously
performing application-specific tasks, and multiple agents
may reside on the same node. When an agent completes its
tasks, it dies by freeing the computational resources which it
used.

The order of source nodes to be visited by the MA can
have a significant impact on energy consumption. Finding an
optimal source-visiting sequence is an NP-complete problem
[6]. In [19], a genetic algorithm-based solution to compute
an approximate solution is presented. Though global opti-
mization can be achieved by using genetic algorithm, it is not
a lightweight solution for sensor nodes that are constrained
in energy supply [20]. This paper adopts a gradient-based
solution for the MA to dynamically decide the route.

3.1. Algorithm Overview. Figure 1 shows the sequence of
operations to processes involved in WSN environment.
When a sink receives a task request assigned by an appli-
cation, the sink broadcasts the query packet. The query
packet contains the sensing task description, interest region
representation, along with other information. If the node
finds it can satisfy the interest query, it declares itself as
a source node. Each source node generates a response by
exploratory data. Then, the sink receives a large number
of exploratory data packets from various source nodes
and decides the source-sequence list to be visited by MA.
The MA-related operation begins at the point of the sink
dispatching MA and ends when the MA returns to the sink
with collected results. In most cases, each source is expected
to generate the sensory data periodically with some interval,
which means the same code (MA) needs to be stored for
multiple running. Thus, when the MA arrives at the FirstNo,
it will be stored. Then, it sets a Create-MA-Timer, which
is used to trigger the next round to dispatch the MA to
collect data from the relevant sources again. Obviously, the
interval between the successive rounds will be equal to the
sensory data generating rate which is set to the value of the
Create-MA-Timer. This round will be repeated until the task
is finished. A round can also be defined as the interval from
the time during which an MA collects the data packet in the
FirstNo to the time during which it collects the data packet
in LastSrc. At the end of the last round, the task is finished.

When the MA arrives at the first source node, it continues
visiting other source nodes until it reaches the last source
node. Firstly, aggregated data is sent back to the sink along
the reinforced path. Therefore, an MA reduces the amount
of data to be transmitted via aggregating relevant data.

Consider an MA dispatched by the sink node to collect
data from n source nodes. Let Scode be the size of the MA
processing code, Shead the size of agent packet header, and
S0

ma the agent size when it is first dispatched by the sink node.

: App : Sink : Source

Assigning tasks

Flooding interest

Transmitting exploratory data

Dispatching MA & reinforcement

Delivering sensory data
Data

aggregation

Computation

Figure 1: Routing sequence diagram.

Then we have S0
ma = Scode + Shead · Sdata is the size of raw data

at a source node. The reduced data payload collected by the
MA at each source is denoted as R1, R1 = (1 − ρ) × Sdata.
where ρ is an aggregation ratio (0 ≤ ρ ≤ 1), a measure of
the compression performance. Let Skma be the MA size when
it leaves the kth source (1 ≤ k ≤ n). Since there is no data
aggregation at the first source, we have S1

ma = S0
ma + R1.

Since the MA visits the second source node, it begins to
perform data aggregation to reduce the redundancy between
the data collected in the source and the data it carries. The
MA size after it leaves the second source node is S2

ma =
S0

ma + R1 + (1 − ρ)R1, and so forth. After visiting the kth
source node, accumulated by MA can be calculated using the
following formula (1):

Skma = Sk−1
ma +

(
1− ρ

)
R1.

= S0
ma +

[
1 + (k − 1)

(
1− ρ

)]
R1.

(1)

After visiting all the n source nodes, the MA has a size
Snma in the range [S0

ma + R1, S0
ma + n × R1]. The lower bound

S0
ma + Sre-data corresponds to a perfect aggregation model

where multiple packets are compressed into a single one,
while the upper bound S0

ma + n× R1 corresponds to the case
of no aggregation performed at the MA.

During the MA migration from one node to another, it
aggregates sensory data and removes redundant data at the
same time. The aggregated data can be calculated using the
following equation:

Si =
i∑

k=1

Rk. (2)

Secondly, the energy cost is reduced. In client/server-
based sensor network, all source nodes in target region
transmit sensory data individually back to sink with a specific
interval. In agent-based algorithm, the MA carries both the
processing code as well as the source-visiting sequence.

3.2. MA Packet Format. The structure of MA packet is shown
in Figure 2. The pair of SinkID and MA-SeqNum is used to
identify an MA packet. Whenever a sink dispatches a new
MA packet, it will increment the MA-SeqNum. FirstNo and
LastNo are the source nodes scheduled to be visited firstly
and lastly by the MA, respectively. The pair of FirstNo and
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SinkID FirstNo LastNo RoundIdx LastRoundFlag

NextNo NextHop SinkFlag Visiting-sequence list

Processing code Aggregated data

Fixed attributes

Variable attributes

Payload

MA SeqNum

Figure 2: Structure of MA packet.

LastNo indicates the beginning and ending points of MA’s
data gathering. RoundIdx is the index of current round. The
value is initially set to 1 by the sink in the first round and will
be incremented by the FirstNo in the following rounds. Last
Round Flag indicates that the current round is the last round
of the whole task. The flag is set by FirstNo. When an MA
with Last Round Flag set arrives at a source node, it can make
the system unmount the corresponding processing code after
its execution.

When an MA migrates, it may change variable attributes.
NextNo specifies the next destination source node to be
visited. NextHop indicates the immediate next hop node
which is an intermediate sensor node or a target source
node. If NextHop is equal to NextNo, it means that the next
hop node is current destination source. Visiting-Sequence
List contains the identifiers (IDs) of target sensor nodes
that remain to be visited in the current round. It does not
contain any information of source-visiting sequence since
NextNo is dynamically decided when an MA arrives at a
source node (except LastNo). Visiting-Sequence List initially
contains all the IDs of source nodes when an MA is created.
The corresponding ID will be deleted after the MA visits the
source node. If all the target sources have been visited by the
MA, Sink Flag is set to indicate that the destination of the
MA is the sink. NextNo, NextHop, Visiting-Sequence List,
and Sink Flag hint the dynamical route of MA migration.
Payload includes two kinds of data. One is Processing Code
which is used to process sensed data; the other is Aggregated
Data which carries the accumulated data result. The size
of Aggregated Data is zero when an MA is generated and
increases while the MA migrates from source to source.

3.3. Cooperative MA Routing. The proposed MA CDP mech-
anism is based on the original DD. In the DD, the sink
initially diffuses an interest for notifications of low-rate
exploratory events. Once target sources receive the corre-
sponding interest, they send exploratory data, possibly along
multiple paths, toward the sink. If the sink has multiple
previous hop nodes, it chooses a preferred neighbor to
receive subsequent data messages for the same interest (e.g.,
the one which delivered the exploratory data earliest). To
do this, the sink reinforces the preferred neighbor, which
in turn, reinforces its preferred previous hop node, and
so on. Periodically, the source sends additional exploratory
data messages to adjust gradients in the case of network
changes (due to node failure, energy depletion, or mobility),
temporary network partitions, or to recover from lost
exploratory messages [21].

SinkID Node area σ μv

Figure 3: Instruction packet.

Suppose that the sensory data generating rate is v,
the aggregated data rate is μ, the number of transmitted
aggregated data is u. To balance the energy consumption of
the sensors in the sensing area, and to control the number
of aggregated data sent to the sink in a distributed way, a
variables σ is used, which is defined as σ = u/N . The sink
calculates σ , and then sends the instruction (σ , v, μ) back to
the sensing area through the nr relay nodes. The instruction
is encapsulated with a packet header as shown in Figure 3.

We assume all sensors in the sensing area are well
scheduled to wake up to receive the instruction from the sink
for the next round of operation. However, the transmitted
instructions are subject to packet losses in the WSN. If a
sensor has not received the instruction by a predetermined
time period, it sends a request through the nr relay nodes
to the sink and asks the sink to resend the instruction.
Each sensor receiving the instruction creates a random
number uniformly distributed in [0, 1] and compares the
random number with σ given in the instruction. If the
random number is larger than σ , the sensor turns to
sleep, otherwise it turns to sample the source signal and
quantize its readings with v bits in the next round of
operation. If the random number of a sensor is larger
than σ , the sensor is also selected to aggregated data with
aggregated data rate μ and sends its aggregated data to the
sink.

Since the ultimate goal is the detection of events in sensor
networks [22], the sink may stop handling any exploratory
message flows if it considers that the number of source nodes
is large enough to meet the requirement of reliable event
detection. Thus all the source nodes or only a subset of these
nodes will be chosen to be visited by MA. Among the target
source nodes to be visited, the sink will choose the first and
last source nodes. Then, the sink generates an MA with the
packet format described in Figure 4 and dispatches it to the
first source. At the same time, the sink reinforces the path to
the last source. When the MA arrives at the first source node,
it is stored in the node. We divide the whole task period into
rounds, where each round requires the MA to visit all the
chosen target sensors and to return the data result to the sink.
The MA starts from the first source (or from the sink only
in the first round) and arrives at the last source. Finally, the
MA will carry the data results to the sink along the reinforced
path. In the first round, in addition to that the MA moves
from source to source to collect and aggregate information,
it also copies processing code into the memory of each source
node. At the beginning of each round, the first source node
will construct another MA from its memory and dispatch it
to initiate the new round. Since processing code has already
resided in each source node after the first round, the MA
does not carry the processing code any more in the following
rounds. When the whole task is finished, all the source nodes
will discard the processing code.
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Figure 4: Cooperative MA routing.

In MA CDP, target source nodes flooding exploratory
messages enable sensor nodes to set up ToSourceEntry,
which is a kind of gradient toward each target source.
ToSourceEntry is used for MA to roam among source nodes.
In this paper, a time-to-live (TTL) field is set in exploratory
message to mandate only the sensor nodes within the
target region to set up their ToSourceEntries. The value of
TTL is decreased as exploratory message is propagated hop
by hop. If the value is equal to 0, sensor nodes do not
set up ToSourceEntry anymore. Among all the neighbors
of a sensor node, only the neighbor who first relays the
exploratory message of a specific target source will be chosen
as the sensor node’s NextHop in the ToSourceEntry. In
Figure 4, nodes A, B, C, and D are the target source nodes.
The ToSourceEntries set up by nodes A, B, C, 12, and D are
shown in Table 1.

Based on the gradients and ToSourceEntries, a migrating
route is decided by the following three operating elements.

(1) Choose FirstNo and LastSrc. According to (1), the
size of an MA is the minimum in FirstNo while it
becomes the maximum in LastSrc. Thus, to reduce
total communication overhead, FirstNo should be the
farthest target sensor from the sink, while LastNo
should be the closest one. In this paper, the target
source which is the last (first) to send exploratory
messages to the sink is chosen as FirstNo(LastSrc).
The sink will reinforce the path to LastSrc.

(2) Decide Source-Visiting Sequence. Except that FirstNo
and LastNo are chosen by the sink, the sequence of
visiting the other source nodes is dynamically decided
by each target sensor in Visiting-Sequence List. For
example, when an MA arrives at node A in Figure 4,
the node will choose the closest next source node
based on its ToSourceEntry shown in the first row of
Table 1. Since the lowest latency of node B is the least,

it implies that node B is the closest source node from
node A and is chosen as NextNo.

(3) Find the next hop node to route an MA along the
entire path from sink to source, source to source,
and source to sink. Dispatched by the sink, an
MA migrates to FirstNo in the same manner as a
reinforcement message is forwarded in original DD.
When the MA migrates among target sources, its next
hop node will be decided according to current node’s
ToSourceEntry. The MA will return to the sink using
the reinforced path (e.g., path D-7-5-2-E in Figure 2).

4. Performance Analysis

There are n nodes Sk(1 ≤ k ≤ n) in the network. Since the
transmission of instruction and request packets are to ensure
all the sensors in the sensing area receive the instruction, the
average number of instruction packets sent by the sink in an
operation round is determined by the following analysis.

Without loss of generality, we assume that m among
ns aggregated data are received by the sink. We assume the
packet loss rate per hop in the wireless channels is uniformly
distributed with mean of ϕ. The probability of receiving v
quantized readings is

pm = Cm
ns

(
1− pρ

)m
pns−mρ , (3)

where pρ denotes the end-to-end packet loss rate from the
sensors in the sensing area to the sink and is

pρ = 1− (1− ϕ
)ns+1

. (4)

The probability that after i multicasts the instruction packet
sent from the 1st relay node has been successfully received by
all the N nodes in the sensing area is given by (1− ϕi)N . The
probability that the instruction packet is successfully received
by all the N nodes after exactly i multicasts is then given by

pi =
(

1− ϕi
)N −

(
1− ϕi−1

)N
. (5)

Suppose after the sink sends exactly n (n � i) instruction
packets, all the N nodes successfully receive the instruction.
This means the last transmission of instruction packet from
the sink (through nr hops) to the 1st relay node is successful
and the nodes in the sensing area which are waiting for the
instruction finally receive it. The probability that i trans-
missions (including the last successful transmission) among
the n transmissions to the 1st relay node are successful is
therefore given by

ϕ(n, i) = Ci−1
n−1

[
1− (1− ϕ

) nr
]n−i ×

[(
1− ϕ

)nr
]i−1(

1− ϕ
)nr

= Ci−1
n−1

[
1− (1− ϕ

)nr
]n−i(

1− ϕ
)nr .

(6)
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Table 1: ToSourceEntry setup after exploratory messages flooding.

ToSourceEntry (SeqNum = 5)

A B C D

Next hop Cast (ms) Next hop Cast (ms) Next hop Cast (ms) Next hop Cast (ms)

A — — B 4.46 B 8.24 B 16.32

B A 4.47 — — C 4.43 C 12.89

C B 8.16 B 4.32 — — 12 8.52

12 C 9.65 C 7.56 C 4.86 D 5.08

D 12 14.15 12 12.67 12 8.73 — —

Considering the joint distribution of pi and ϕ(n, i), the
probability that all the N nodes receive the instruction after
the sink sends exactly n instruction packets is given by

ϕ(n) =
n∑

i=1

ϕ(n, i)× pi

=
n∑

i=1
Ci−1
n−1

[
1− (1− ϕ

)nr
]n−i(

1− ϕ
)nr

×
[(

1− ϕi
)N −

(
1− ϕi−1

)N
]

.

(7)

The average number of instruction packets sent by the sink is
then given by

N1 =
∞∑

n=1

nϕ(n). (8)

Since a request packet is sent from the sensing area to the 1st
relay node if there is at least one node that does not receive
the instruction, the fact that there are n instruction packets
sent by the sink means there are (n− 1) request packets sent
from the sensing area. The average number of request packets
sent from the sensing area is therefore

NR = N1 − 1. (9)

In addition, we assume that each node has a probability
Pk of being able to successfully complete the agent’s task and
energy consumption Ek required for the agent to process the
data at node k. The energy consumption for the agent to
move between nodes is given by Ek j . MA CDP is to minimize
the expected energy consumption and the expected time (in
terms of the number of hops) to successfully complete the
task.

Without loss of generality, we make several assumptions
to simplify the MA CDP model.

(1) The target is stationary. Therefore, Zk(t), the mea-
surement of node k at time t, remains constant
during the MA migration process.

(2) Ek j = E for all the migration steps.

(3) Ek = e for all sensor nodes.

The expected energy consumption to complete the task
or visit all nodes in failure for a route R = 〈S1, S2, . . . , Sn〉
is

ER = E + e + p1E +
n∑

i=2

⎛

⎝
i−1∏

j−1

(
1− pj

)
(E + e + PiE)

⎞

⎠

+
n∏

j=1

(
1− pj

)
E.

(10)

The equation can be explained as follows. The first site,
S1 is always visited and consumes E amount of energy. Upon
arrival, energy e must be spent regardless of success or failure.
With probability p1, the task is successfully completed and
the agent can return to node 0 with energy cost of another
E. However, with probability (1 − p1), that is, the failure
rate, the agent migrates to node S2. The expected energy
consumption used by the MA moving from node S1 to
S2 is (1 − p1)E. Similarly, the MA consumes energy E to
migrate from node i− 1 to node i, and then with probability
pi, it succeeds at node i and returns to node 0 consuming
energy E. Hence, the accumulated energy consumption at
node Si is

∏i−1
j−1(1 − pi)(E + e + piE). Finally, the last round

arises when failure occurs at all nodes and the agent must
return to the originating node 0 with an energy consumption
E. Furthermore, the expected number of hops to complete
the task or visit all nodes in failure, for a route R =
〈S1, S2, . . . , Sn〉, is

HopR = 1 · P1 +
n∑

i=2

⎛

⎝i ·
i−1∏

j=1

(
1− pj

)
pi

⎞

⎠

+(n + 1)
n∏

j=1

(
1− pj

)
.

(11)

We use the following equation to model the probability
of success:

pk = 1−
(
Desire −

∑hop
i=0 Ii

)

Imax
, (12)

where Imax is the maximum information gain a sensor node
can provide. Hop is the total node numbers the MA has
migrated through. We then have the following theorem.

Theorem 1. The optimal route for MA CDP is attained if the
nodes are visited in the decreasing order of Ik, k = 1, 2, . . . n,
that is, I1 > · · ·> Ik > · · ·> In.
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Proof. We employ a similar proof method in [20]. Consider
the effect of switching the order of two adjacent nodes on the
route, say k and k + 1. We call this new route as R′; only
the kth and (k + 1)st terms are affected by the switch. The
terms appearing before the kth term do not contain anything
involving k or k + 1. Terms that follow the (k + 1)st term, on
the other hand, all contain (1 − pk) (1 − pk+1) in the same
way. Then the difference in the expected energy consumption
is

ER − ER′ = (E + e)
k−1∏

j−1

(
1− pj

)(
pk+1 − pk

)
, (13)

and the difference in the expected number of hops is

HopR −HopR′ =
k−1∏

j−1

(
1− pj

)(
pk+1 − pk

)
. (14)

Since pk > pk+1, R is a better route with a smaller ex-
pected energy consumption and number of hops.

This indicates that when the kth node on the route has
a smaller probability than the (k + 1)st node in making the
agent complete its job, then we can decrease the expected
energy consumption and number of hops by switching them.

From (6), we find that the probability of success on a
sensor node is directly related to the total information utility
the MA accumulates. The higher the total information gain
the MA carries, the more likely the agent will finish the task
on the current sensor node—thus the higher the probability
will be. So the optimal route for MA CDP is the sequence
with decreasing information gain.

Theorem 2. If pk = p for all sensor nodes, then the expected
number of hops HopR algorithm 1/p as the number of sensor
nodes n increases.

Proof.

HopR = 1 · p + lim
x→∞

⎡

⎣
n∑

i=2

⎛

⎝i ·
i−1∏

j=1

(
1− pj

)
⎞

⎠P

+(n + 1)
n∏

j=1

(
1− p

)
⎤

⎦

=
∞∑

i=1

i
(
1− p

)(i−1)
P + lim

x→∞(n + 1)
n∏

j=1

(
1− p

)

= 1
p
.

(15)

This theorem shows that we need to improve the
probability of success on each sensor node in order to reduce
the number of hops for the MA to finish the task.

5. Simulation Experiments and Evaluation

In order to demonstrate the performance of MA CDP, we
choose a client/server-based scheme (i.e., DD) to compare

Table 2: Simulation setting.

Basic specification

Network size 500 m∗500 m

Topology mode Randomized

Total sensor node number 1500

Data rate MAC layer 1 Mbps

Transmission range of sensor node 60 m

Sensed data packet interval 1 s

with MA CDP. We use NS2 for discrete event. Each task
requires periodic transmission of data packets with a con-
stant bit rate (CBR) of 1 packet/s. We assume that both
the sink and sensor nodes are stationary. The parameter
values used in the simulations are presented in Table 2.
The basic settings are common to all the experiments. For
each experiment, we simulate for sixty times with different
random seeds and get the average results.

Three performance metrics are evaluated: packet, deliv-
ery, and ratio. It is denoted by u. It is the ratio of the
number of data packets delivered to the sink to the number of
packets generated by the source nodes. Energy consumption
per successful data delivery It is denoted by e. It is the
ratio of network energy consumption to the number of
data packets successfully delivered to the sink. Let Etotal be
all the energy consumption by transmitting, receiving, and
processing during simulation. ndata denotes the number of
data packets delivered to the sink. Then, e = Etotal/ndata.
Average end-to-end packet delay is denoted by Tete. And we
also use Tdd and Tma to denote the average end-to-end delays
in DD and MA CDP, respectively.

Though these conditions are affected by many parame-
ters, only a set of important parameters is chosen, such as
Default, for all sensor nodes has a probability P of being
able to successfully complete the agent’s task, P = 0.6, the
duration of the task (Ttask), data reduction ratio (r = 0.8),
MA accessing delay (τ = 9 ms), aggregation ratio (q = 0.2),
size of sensed data of each sensor (Sdata = 1 KB). If we set q
to 0, it means that data aggregation does not work; all the
reduced sensed data are concatenated. Only one parameter
(e.g., Ttask, r, q, and Sdata) is changed in each group while the
other parameters are fixed. Several groups of simulations are
evaluated.

In Figure 5, in these experiments, we change Ttask from
10 seconds to 600 seconds, e decreases as Ttask increases.
When the Ttask is small (i.e., lower than 60 seconds),
MA CDP has higher e than DD because MA CDP consumes
energy (Eq) to transmit processing code from the sink to the
target region. If Ttask is small, ndata is small, and e is large.
However, when Ttask is beyond 100 seconds with r equal to
0.8 and q equal to 0.2, MA CDP has lower e than DD. Thus,
to amortize the cost of shipping the processing code once to
source node, the source should process enough long streams
of data.

In Figure 6, in these experiments, we change MA access-
ing delay (τ) from 0 seconds to 0.05 seconds, and Tdd is
constant since changing τ has no effect on DD. Since the
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Figure 6: The impact of τ on Tete.

delay of τ is introduced when MA visits each source, τ causes
Tma, increase fast if the value is set to a large value. When τ is
beyond 0.042 seconds with r equal to 0.8 and q equal to 0.2,
MA CDP has larger end-to-end delay than DD. The value
of τ is dependent on the middleware environments of MA
system.

In Figure 7, in these experiments, we change the size of
sensed data of each sensor (Sdata) from 0.5 KB to 2 KB by
increasing 0.25 KB each time and keep the other parameters
unchanged. For MA CDP, several groups of simulations are
evaluated with variables r and q. In Figure 7, MA CDP always
outperforms DD in terms of q. In MA CDP, only single
data flow is sent for each round. In contrast, multiple data
flows from individual source nodes are sent in DD. Thus,
congestion in DD is more likely to happen than in MA CDP.
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Figure 7: The impact of Sdata, r, q on u.

When Sdata increases, the congestion is more serious and q of
DD will decrease more.

In Figures 5, 6, and 7, MA-CDP exhibits more consistent
and relatively higher reliability, lower energy consumption
than DD by compromising end-to-end delay bound possibly
in most scenarios. These figures also give hints that MA CDP
should choose r and q appropriately. It can be observed that
MA CDP has no advantage if q is equal to 0.2 and r is
smaller than 0.4. Note that the value of r and q is dependent
on the type of application. Before we adopt MA-CDP for
data dissemination, the features of the application should
be investigated. MA CDP will be selected if enough high r
and/or q can be attained.

6. Conclusion

In the environments where the source nodes are close to one
another and generate a lot of sensory data traffic with redun-
dancy, transmitting all sensory data by individual nodes not
only wastes the scarce wireless bandwidth, but also consumes
a lot of battery energy. Recently, MA-based distributed sensor
network for collaborative signal and information processing
is proposed as a solution to overcome these problems. In
this paper, we addressed the problem of optimized itinerary
planning for MAs in dense WSNs. Based on a general
data aggregation model, we presented a cooperative data
processing based on mobile agent algorithm (MA-CDP) and
considered that MA dynamically enter a network and can
autonomously clone and migrate themselves in response
to environmental changes. MA-CDP routing scheme is
proposed for MA to efficiently migrate from sink to source,
source to source, and source to sink. We showed that the
proposed schemes achieve considerable improvements in
energy savings, packet delivery ratio, and end-to-end delivery
delay.
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Maximizing network lifetime while not sacrificing coverage and connectivity in wireless sensor networks (WSNs) has attracted
many researches during the past few years. One common approach is node scheduling which dynamically schedules some
redundant nodes to shut down and keeps alive some necessary nodes to preserve network performance. Previous researches focus
either on guaranteeing coverage and connectivity or sacrificing coverage and connectivity to conserve energy. In this paper, we
introduce a new hole-tolerant redundancy scheme (HRS) which can prolong network lifetime while maintaining coverage and
connectivity performance. This HRS scheme can tolerate some coverage holes when determining redundancy eligibility, so it shuts
down more nodes when hole tolerance is higher. Our work takes into account both homoradius WSNs and heteroradius WSNs.
The simulation results show that (1) the average coverage percentage varies mildly but network lifetime is prolonged as hole
tolerance increases; (2) HRS outperforms several existing lifetime maximization schemes.

1. Introduction

Wireless sensor networks (WSNs) are network systems com-
posed of a large number of inexpensive sensor nodes, deploy-
ed in a region to provide monitoring or communication
capabilities for commercial or military applications. The
positions of sensor nodes need not be engineered or pre-
determined. This allows random deployment in inaccessible
terrains or hazardous environments. Some of the most
important application areas of sensor networks include
military, natural disasters, health, and the home.

The sensors are unreliable, which have short lifetime,
limited power, computational capacities, and memory. They
must be regularly recharged or replaced. However, a wild dis-
tribution in a complicated environment makes this impos-
sible. To extend the lifetime of a sensor network, one com-
mon approach is node scheduling which dynamically sched-
ules sensors between sleep and active cycles based on the
cooperative communications and computation among adja-
cent nodes. It alternately shuts down some redundant nodes
and keeps alive some necessary nodes to preserve network
performance. Hence, node scheduling in WSNs has become
a focus of considerable research in the past few years.

Maximizing the network lifetime while maintaining the
degree of coverage and connectivity requested by applica-
tions has attracted considerable attention during the past few
years [1–4]. However, most of these works have such draw-
backs as only focusing on the homogenous sensor network,
or having high computing complexity. Thus, trying to solve
these problems, our contributions in this paper include three
parts.

First, we present a node scheduling scheme that renders
the network capable of maintaining monitoring performance
with a longer network lifetime. This is a surprising result
since prior work either guarantees the degree of coverage and
connectivity with more nodes than needed or they sacrifice
the degree of coverage and connectivity completeness to save
energy. The importance of monitored target area changes
with time or site, and it may tolerate some uncovered hole
like a part of low monitoring significance. Thus, we take hole
tolerance into the consideration which allows more nodes to
be shut down when its value is higher.

Second, we introduce a redundancy algorithm applicable
when different areas request different degree of coverage.
Much research assumes a uniform degree of coverage for the
whole area that needs to be monitored. However, some parts
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of the monitored area are more important than others, for
example, in a war scenario, the control center of an enemy
army is far more important to be monitored than any other
areas. If we maintain the same performance level for all areas,
there will be a waste of power in less important monitoring
zones. It is essential that the redundancy algorithm be appro-
priate for different degrees of coverage. Each node sets its
requested degree of coverage based on the monitoring prio-
rity of the area to which it belongs. Then, the actual degree
of coverage is calculated by the redundancy algorithm which
decides the redundancy of different nodes separately.

Third, we provide another redundancy algorithm which
applies in networks in which sensor nodes have different
sensing ranges.

The rest of this paper is organized as follows. After sur-
veying the related work in Section 2, assumptions and pre-
liminaries are presented in Section 3. Section 4 illustrates the
proposed node scheduling scheme HRS whose effectiveness
is shown by simulation results in Section 5. Finally, we con-
clude the paper in Section 6.

2. Related Work

We now summarize the typical work that proposes distinctive
node scheduling schemes to prolong network lifetime and
maintain a good performance.

In [5], the sensor nodes are divided into disjoint sets
which are activated successively to perform the area moni-
toring tasks individually. At any one time, there is only one
set active, all nodes in other sets are in a sleep mode. The
goal of this approach is to maximize the number of disjoint
sets, as this has a direct impact on prolonging the network
lifetime. The solution of the problem which is called the SET-
K COVER problem is centralized and has been proven to be
NP-complete in [6]. In [7], Berman makes an improvement
on [5] by not demanding each node belong to only one single
set, that is to say some nodes can be in more than one set.
Abrams [8] gives another variation of the SET-K COVER
problem. It aims to make as many regions as possible to be
covered by as many sets as possible, rather than requiring
each set to fully cover the monitored area.

In PEAS [9], each node broadcasts a probe message
after sleeping for a random period and enters the on-duty
mode only if it receives no replies from neighbors within
transmission range; otherwise, it will stay in the sleep mode.
Though this method is decentralized, offering high scalability
and low cost, it cannot guarantee the degree of coverage.
When a node goes to sleep, it may cause a coverage hole.

Paper [10] proposes a distributed scheduling mechanism
which, called TIAN hereinafter, can preserve sensing cover-
age. The mechanism allows a sensor to turn off only if its
sensing area is completely covered by its neighbors’ sensing
areas. The neighbors are called this node’s off-duty sponsors,
and the sector that a neighbor covers with its sensing area
is called a sponsored sector. However, this mechanism only
considers those neighbors located within a node’s sensing
area to be potential off-duty sponsors, while other neighbors
are ignored even if their coverage may overlap with this
node’s sensing area, so this solution may underestimate the

number of sensors that can be turned off. Besides, it only
guarantees 1-degree coverage which reduces scalability.

Some work is done to give a sufficient and necessary
condition to find out off-duty eligible nodes. Huang et al.
[11] and Liu et al. [12] propose perimeter coverage algo-
rithms, by which they calculate the coverage degree of every
arc on a node’s sensing circle to judge if the node is redundant
or not. The conditions proposed in these algorithms are
sufficient and necessary, but the computing complexity is
too high. Paper [13] proposes a protocol called CCP which
is able to configure itself to any feasible degree of coverage
and connectivity in order to support different applications
and environments with diverse requirements. This flexibili-
ty allows the network to self-configure for a wide range of
applications and environments. But this mechanism has a
quite high computing complexity of O(n3), where n denotes
the number of neighbors of the sensor. Paper [14] extend-
ed to arbitrary region. Zhang and Hou [15] propose a
distributed mechanism, optimal geographic density control
(OGDC), to maximize the number of sleeping sensors while
ensuring that the working sensors provide complete 1 cover-
age and 1 connectivity. OGDC tries to minimize the overlap-
ping area between the working sensors. OGDC’s protocol
is quite similar to that of the sponsored sector mechanism,
except that they use different on-duty/off-duty eligibility
rules and the sponsored sector mechanism is more conser-
vative when turning off sensors.

To sum up, existing work on node scheduling has the
following characteristics. (1) They cannot achieve a good bal-
ance between prolonging the network lifetime and guaran-
teeing the degree of coverage and connectivity with low com-
puting complexity. (2) Much research assumes a uniform
coverage degree for the area that needs to be monitored. (3)
They focus on WSN whose nodes have the same sensing and
transmission radius (we call it homoradius WSNs). We will
try to solve these problems in this paper.

3. Network Model and Preliminary

3.1. Network Model. We consider a WSN consisting of a set S
of n static sensor nodes. Each node u ∈ S can sense events of
interest in its sensing range and communicate with nodes in
its transmission range. We make the natural assumption that
there are no two sensors at the same location. The sensors are
distributed over the monitoring area, a large 2-dimensional
area that we are interested in monitoring. The monitoring
area is typically significantly larger than the sensing range of
a single sensor.

For any sensor node u whose sensing radius and com-
munication radius are Rs(u) and Rc(u), its sensing area S(u)
and transmission area T(u) are open discs, centered at u, with
radius Rs(u) and radius Rc(u), respectively, and we assume
Rc(u) > 2Rs(u) under which condition, network coverage
implies network connectivity. Each point in S(u) is said to be
covered by node u. Any two sensor nodes u and v are termed
adjacent or neighbors if they are located within the transmis-
sion area of each other. If a point in monitored area is covered
by and only by k different nodes (neighbors), we call this
point is k-covered, and the coverage degree of this point is k.
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Figure 1: Contributing angle.

For any area, if it requests all the points in this area having
a coverage degree no less than k, we call this area has a
requested coverage degree of k. For any node u, if its sens-
ing range can guarantee its requested coverage degree by its
neighbors, u is a redundant node and can be turned off.

3.2. Preliminary and Problem Statement. In this paper, we
focus on the hole-tolerant scheme in both homoradius and
heteroradius WSNs. A WSN is a homoradius WSN if all
its sensors have the same sensing and transmission radius.
Otherwise, it is a heteroradius WSN.

In hole-tolerant scheme, the WSN can tolerate coverage
hole(s) in the monitor area to some extent. For a monitor
area with a requested coverage degree of k, one of its
subarea is called a coverage hole if this subarea is less than k-
covered. The percentage of the subarea whose coverage degree
is at least k to the whole monitor area is called coverage
percentage. In hole-tolerant WSN, the network can fulfill
normal monitor when the coverage percentage is no less than
a specific value. We define a parameter hole tolerance which
indicates the biggest coverage hole a WSN can withstand
before normal monitoring operation is impaired.

Before we state the problem, let us give two necessary
definitions, namely, contributing node and contribution
angle. Suppose nodes u and v are neighbors in Figure 1, v
is a contributing node (to node u) if v’s coverage to S(u) is
taken into consideration in the redundancy decision phase
(shown in Section 4.2). Suppose both sensing areas S(u) and
S(v) intersect at points P1 and P2, then angle α is defined as
the contribution angle of node v to node u, Luv and Ruv are
the left bound and right bound of this contribution angle
between node u and v.

With the definition above, the problem this paper tries
to solve lies in the following. (1) Similar to TIAN, how to
provide a redundancy decision scheme by explore the rela-
tionship among contributing angles of different neighbors.
(2) How can this scheme achieve high performance without
underestimation or overestimation as well as possible? (3)
How can this scheme provide configuration of different
requested coverage degree and can be used in hole-tolerant
WSNs?

4. Lifetime-Extending Scheme HRS

Our scheme consists of three parts: initialization, redun-
dancy decision, and status transfer. The initialization phase
randomly distributes the sensors, informing each sensor of

some parameters. In the redundancy decision phase, each
sensor node runs the redundancy algorithm to decide its
eligibility to turn off. If it is eligible, then the node shifts
to the status transfer phase which puts the node into a sleep
mode properly. The following sections will describe them in
detail.

4.1. Initialization. An initialization phase is executed at the
beginning of the network operation. During the initialization
phase, each sensor acquires the following local information:
location, sensing range, initial status, remaining energy, and
requested coverage degree.

If the whole monitoring area in our network model
is composed of subareas with different requested coverage
degree, how can we set the requested coverage degree for a
sensor u when judging its off-duty eligibility. If the sensing
area of u is within one subarea, u’s requested coverage degree
is equal to the requested coverage degree of this subarea. If
the sensing area of u is divided by more than one subareas,
we use the demanded coverage degree of the sub-area which
is the nearest to a sensor u as u’s requested coverage degree
when judging its off-duty eligibility.

4.2. Redundancy Decision

4.2.1. Redundancy Decision in Homoradius WSN. In the
redundancy decision phase, a sensor node runs the redun-
dancy algorithm to figure out if it is eligible to go to the
sleep mode. Algorithm 1 provides the redundancy decision
algorithm in homoradius WSN.

Consider two sensors u and v located in (xu, yu) and
(xv, yv), respectively. Denote the distance between u and v

by d(u, v) =
√
|xu − xv|2 + |yu − yv|2.

As shown in Figure 1, we take the contribution angle
α as an approximation of the sector (denoted by Su,P1→P2 )
bounded by radius uP1, radius uP2, and inner arc P1P2.
That is to say, we assume the sensing area of node v with
a contribution angle α (to sensor node u) covers Su,P1→P2 .
Though there is a coverage hole in S(u), with the tolerance
parameter toler, we know that this assumption will not affect
monitoring operation too much, which can be seen from the
simulation results in Section 5.

We gradually increase the contributing nodes loop by
loop as illustrated in Figure 2 (by step 14 in Algorithm 1).
Initially, the contributing nodes are within area 1, then, we
add nodes in loop area 2 as contributing nodes, next, loop
area 3, and so on. Obviously, there will be an increase in
coverage holes as contributing nodes are added, and this is
where the flexibility of our intelligent algorithm comes into
its own.

The algorithm operates as follows: we define a contribut-
ing node v as one whose distance to u is within (D1,D2],
where D1 = 0, D2 = Rs(u) for initialization.

Step 1. For each contributing node v, we determine the left
bound Luv and right bound Ruv of the contribution angle.

Step 2. Place all the points Luv and Ruv on the line segment
[0, 2π] which is considered end-to-end, and mark them with
node id and the flag L or R.
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Begin
Input Kr(n), Rs(n), toler

/∗ Kr(n) are the demanded coverage degrees for all nodes
/∗ Rs(n) are the sensing radius for all nodes
/∗ toler is hole tolerance of the WSN.

(1) D1 = 0
(2) D2 = Rs(u)
(3) while D2 ≤ (1 +

√
toler)Rs(u) do

(4) for each node v of u’s neighbors
(5) if D1 < d(u, v) ≤ D2 then
(6) calculate the left bound αL(u,v) and right bound αR(u,v) of the contribution angle
(7) end if
(8) end for
(9) calculate the coverage degree of each bound point to get the minimum coverage degree Kmin(u)
(10) if Kmin(u) ≥ Kr(u) then
(11) Return eligible =1/∗ node u is eligible to be turned off
(12) else
(13) D1 = D2

(14) D2 = D1 + Δd/∗Δd is the step size
(15) end if
(16) end while
(17) Return eligible = 0/∗ node u is not eligible to be turned off
End

Algorithm 1: The redundancy algorithm in homoradius WSN.

1 2 3 4Δd

Figure 2: Increase of contributing nodes.

Step 3. Determine the coverage degree of each point gotten
in Step 2. In Figure 3, a coverage degree of a point, P, demon-
strates the coverage degree of the angle range bounded by P
and its nearest left neighbor on the segment. For example,
coverage degree of point Lu3 demonstrates the coverage
degree of the angle [Ru7,Lu3]. Operation is as follows.

For each point on the line segment [0, 2π], if it is marked
as “R”, then visit points from right to left starting from its first
left neighbor until meeting the point with the same node id
as itself, increase the coverage degree of all the nodes covered
during the traverse, respectively, by 1 degree.

Lu5

Lu1

Lu3 Lu7Ru7 Ru3

Ru1

Ru5

2π0

Figure 3: Line segment coverage diagram.

If the minimum coverage degree of all the angle ranges is
not smaller than the demanded coverage degree of S(u), then
u is redundant, end the process. Else, go to Step 4.

Step 4. Let D1 = D2, D2 = D2 + Δd (Δd is a small step
size to increase the range), if D2 ≤ (1 +

√
toler)Rs(u); then,

add neighbors whose distance to u is within (D1,D2] into
contributing nodes, and go to Step 1; else, end the process.

We now explain more about the parameters in the
algorithm. First, we can set D1 = 0, D2 = (1 +

√
toler)Rs(u)

directly as we do in heteroradius WSN in Section 4.2.2, then
all nodes whose distance to u are within (0, (1+

√
toler)Rs(u)]

are taken into computation of the coverage degree. The
reason why we bother to increase the contributing nodes
loop by loop is that, when the nodes are densely scattered, the
algorithm can finish the computation earlier to get a higher
efficiency.

Second, the value of Δd influences the performance of
the algorithm, for example, convergence rate. We can adjust
it according to the nodes density, whether there exists a best
value for each density needs a further study.
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vu d(u, v)

Rs(u)

Figure 4: Condition explanation.

With the hole tolerance parameter, toler, we achieve a
tradeoff between network performance and lifetime. From
the condition: d(u, v) ≤ (1 +

√
toler)Rs(u), we can see that

the larger toler is, the more contributing nodes are used and
a greater number of coverage holes occur which also means
poorer network performance. However, at the same time,
more nodes will be determined to be redundant, so we will
achieve a longer network lifetime.

Let us explain the condition d(u, v) ≤ (1 +
√

toler)Rs(u).
In Figure 4, we see node v is a distant contributing node

of node u, both have a sensing range of Rs(u). The circle
centered at u with radius (d(u, v) − Rs(u)) is a definite
coverage hole. Without lose of generality, we assume the area
of coverage holes in other areas of S(u) is ε (ε ≥ 0), then

π(d(u, v)− Rs(u))2 + ε

πRs(u)2 = toler. (1)

So we get d(u, v) ≤ (1 +
√

toler)Rs(u).
Now, we will show how the algorithm works by an

example. Suppose node u has 8 neighbors as shown in
Figure 5(a), and the demanded coverage degree is 1.

First, for each contributing node directly within our sen-
sing range, 1, 3, 5, and 7, calculate the left and right bounds,
and mark them with node id and flag L or R as in Figure 5(b).

Second, mark the covered areas on a line segment cover-
age diagram as shown in Figure 3.

Third, calculate the coverage degree of each point. In
Figure 6, we visualize the coverage for each section of the
line segment coverage diagram. We can see that the mini-
mum coverage degree is 1, which is the demanded coverage
degree, so node u is determined to be redundant. If the
required coverage degree is 2, we would have to add more
neighbors as contributing nodes by increasing the radius of
our comparison loop.

4.2.2. Redundancy Decision in Heteroradius WSN. In het-
eroradius WSN, the redundancy algorithm is provided in
Algorithm 2 and shares most of the characteristics of the
homoradius WSN, so next we only describe the different
parts.

Suppose the sensing radius of node u and v meets Rs(u) <
Rs(v), their relative position is shown in Figure 7. Though
0 < d(u, v) ≤ Rs(u), we cannot calculate the left and right
bounds of the contribution angle, Luv and Ruv, since there is
no such angle. In this case, we add 1 coverage degree to each
existing coverage line segment.

4.3. Status Transfer. Each node determines its redundancy
using the redundancy algorithms (See Algorithms 1 and 2)
and may switch status dynamically when its redundancy
eligibility changes. Redundant nodes should enter sleep
mode, while nonredundant ones are working. However, if
more than one node goes to sleep simultaneously, it may
cause coverage hole; or if they turn active at the same time,
network energy may be wasted. To resolve this problem,
different collision prevention mechanisms or scheduling
schemes are introduced into this field [10, 11]. But this is
still an open issue. Thus, in this paper, we also introduce
a different mechanism. But the main contribution of this
paper is that it proposed algorithms for nodes to acquire their
off-duty eligibility (i.e., to determine if they are redundant or
not). Also, our algorithms are independent to the collision
prevention mechanisms. So, in the analysis and simulation
part, we only focus on evaluating the performance of
Algorithms 1 and 2. Evaluating and further research on the
collision prevention mechanism are our future work.

Now, we describe in detail this mechanism. Each sensor
at any moment is in one of the following five states: ACTIVE,
that is, the sensor monitors its monitoring region and
communicates with other sensors; SLEEP, that is, the node is
put into a low power mode to save energy; JUDGE: the sensor
collects information of its neighbors and runs the redun-
dancy decision algorithm; OFF-DELAY: the sensor waits for
a period before going to SLEEP; ON-DELAY: the sensor waits
for a period before going to ACTIVE.

(1) When a node is in ACTIVE state: we trigger a timer
Ta, if the sensor is going to run out of energy, it sends
a Drop message and then goes to SLEEP, else, if Ta

expires, it switches to the OFF-DELAY state.

(2) When nodes being in SLEEP state: when a sensor goes
sleep, we start a timer Tsp which makes each sleep
node wake up after a certain period of time. When
it expires, the sensor transfers its state to the JUDGE
state.

(3) When nodes being in JUDGE state: in this state, the
sensor does two things. First, it broadcasts a Hello
message to regenerate its neighbor table and learn
their positions from its neighbors’ reply messages.
Then, it runs the redundancy decision algorithm to
determine whether it is redundant or not. It transfers
to the ON-DELAY state if it is not redundant; else it
enters the OFF-DELAY state.

(4) When nodes being in ON-DELAY state: we set a timer
Tond, if the sensor receives a Join message, then it goes
back to the JUDGE state. If Tond expires, the sensor
switches to ACTIVE and sends a Join message.
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Figure 5: Example of the algorithm.
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Figure 7: A different case between heteroradius WSN and homora-
dius WSN.

(5) When nodes being in OFF-DELAY state: set a timer
Toffd. If the sensor receives a Drop message, then it
goes back to the JUDGE state. If Toffd expires, the
sensor sends a Drop message and goes to SLEEP.

The values of the timers will affect the responsiveness of
HRS. Ta and Tsp should be considerably greater than Tond

and Toffd, otherwise nodes may spend too much time in deci-
sion states and thus no long enough time for sleep. But they
must not be too much greater, otherwise the decisions can-
not be made timely, and thus there may be many coverage
holes appear or additional unnecessary redundancy may
occur. Moreover, these timers are related to the remaining
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Figure 8: Status transfer FSM.

energy. For example, a node with more remaining energy
should increase Ta to balance energy consumption of the
network. In addition, the density of nodes in the network has
an effect on the timers. For example, for a denser network
where a node has more neighbors, Tond and Toffd should be
long enough for a node to collect all the Join or Drop mess-
ages from its neighbors. Whether there exist any optimal
values for these timers is left as our future work.

Figure 8 provides a useful visualization of the status
transfer in an FSM.

5. Analysis and Simulation

Now, we evaluate the performance of HRS by simulations.
Similar with CCP and TIAN, we also let each node decide
whether to turn off or not in a random sequence, and the
decision of each node is visible to all the other nodes. Name-
ly, according to this random sequence, after calculating its
actual coverage degree by HRS, CCP, or TIAN, each node



International Journal of Distributed Sensor Networks 7

Begin
Input Kr(n), Rs(n), toler

/∗ Kr(n) are the demanded coverage degrees for all n nodes
/∗ Rs(n) are the sensing radius for all n nodes
/∗ toler is hole tolerance of the WSN.

(1) for each node v of u’s neighbors
(2) if Rs(u) > Rs(v) && d(u, v) < Rs(u)− Rs(v) then
(3) continue
(4) end if
(5) if Rs(u) < Rs(v) && d(u, v) < Rs(u)− Rs(v) then
(6) add 1 coverage degree to each existing bound point
(7) else
(8) if d(u, v) ≤ Rs(v) +

√
tolerRs(u) then

(9) Calculate the left bound αL(u,v) and right bound αR(u,v) of the contribution angle
(10) end if
(11) end for
(12) Calculate the coverage degree of each bound point to get the minimum coverage degree Kmin(u)
(13) ifKmin(u) ≥ Kr(u) then
(14) Return eligible = 1/∗ node u is eligible to be turned off
(15) else
(16) Return eligible = 0/∗ node u is not eligible to be turned off
End

Algorithm 2: The Redundancy Algorithm in heteroradius WSN.
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compares this degree with the requested coverage degree. If
the former is no less than the later, this node turns itself off.

We have taken monitored area as 20 × 20 units, demand-
ed coverage of 1. We experimented with 50 to 600 sensor
nodes, with sensing and transmission ranges of 2 and 5 units,
respectively. All sensor nodes are positioned according to
uniform random distribution. We uniformly assigned initial
energy of 300 units to each sensor node. According to the
research about the energy consumption in paper [16], we
assume that the energy each node consumes for redundan-
cy decision (including in the temporary status as ON-DELAY
and JUDGE), SLEEP and ACTIVE are 0.5, 1, and 10, respect-
ively. In our simulations, the toler for each node set ranges

from 0 to 0.8, increasing by 0.1 each time. We do two sets
of simulations. The first one tests the impact of hole toler-
ance on network coverage and lifetime, and the second
one evaluates the performance of HRS. In all of our simu-
lations, we assume the sensing network is alive until the net-
work coverage percentage is less than 50% (including the
simulation of CCP and TIAN in this paper).

5.1. The Impact of Hole Tolerance. All nodes run HRS
independently. We compute the network coverage percentage
at every time slot until the coverage percentage of the net-
work is lower than a demanded limit (we set it as 50% here)
and then figure out the average coverage percentage. The
results are shown in Table 1 and Figure 9. We can see that, for
a certain number of nodes, the average coverage percentage
does not appear to be much affected by the hole tolerance
level.

Next, we examine how hole tolerance affects network
lifetime. Figure 10 shows a 3D surface plot of the network
lifetime for different hole tolerance values. We can see that
increasing the hole tolerance of the network results in a
longer network lifetime. To have a clearer view, we calculate
the average lifetime of WSNs with different number of nodes
(say 200, 400, or 600 in our simulations) and different hole
tolerance (say from 0.1 to 0.8 in our simulations). As shown
in Figure 11, it is clear that the increase in hole tolerance from
0 to 0.4 has a great effect after which its performance increase
is much less. We can also get the information that gives a
certain network (obviously the node number is certain), then
network lifetime will be increased as tolerance increases.

From Figure 11, we can easily observe that the curves
representing the results gotten from WSNs with more nodes
are steeper than those gotten from WSNs with fewer nodes.
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Table 1: The impact of hole tolerance on coverage percentage.

n
Toler

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8

50 71.9 75.1 75.8 70.0 76.6 71.7 76.2 71.6 71.0

100 89.7 93.3 93.8 95.1 91.7 91.9 93.3 87.5 91.9

150 97.3 83.1 85.0 83.6 86.2 84.5 85.1 84.2 86.3

200 88.6 87.7 88.5 86.9 88.2 89.5 88.5 86.6 89.7

250 85.5 88.8 89.0 87.9 88.5 87.3 88.3 87.1 88.8

300 88.4 89.8 89.8 89.9 91.5 91.1 88.9 88.8 89.6

350 93.5 92.3 88.9 90.8 88.7 89.4 89.7 88.8 89.7

400 92.3 91.9 91.0 90.6 89.6 90.7 90.2 89.8 89.9

450 91.6 93.3 90.3 91.2 90.8 91.5 90.0 90.5 88.3

500 93.0 92.7 92.9 91.5 89.0 91.5 92.4 89.3 92.1

550 93.3 92.4 92.8 92.4 91.1 91.6 90.9 89.5 91.9

600 94.4 90.9 91.5 92.1 90.7 91.6 91.4 90.6 91.2
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This is because of the little coincidence phenomena. That is
to say, when the number of nodes is small, the nodes are
sparsely scattered so that there is little or no coincidence of
any two sensing area. In this case, the increase of toler has
little effect on the network lifetime. Thus, our HRS scheme

fits denser network better. Since WSN is normally composed
of a large number of sensor nodes by definition, our scheme
fits WSN very well.

From the above two experiments, we see that average
coverage percentage varies moderately and the hole tolerance
does not have obvious effect on it. However, network lifetime
is increased to a certain degree by increasing hole tolerance,
though, after 0.4, the increase is much less. So we can achieve
a longer network lifetime when using our hole tolerance
mechanism.

5.2. The Performance of HRS. This experiment compares the
performance of our HRS to two very popular protocols TIAN
and CCP. Similar to HRS, TIAN and CCP are decentralized
protocols designed to preserve coverage by turning off
redundant nodes to conserve energy in a sensor network.
The eligibility rules in the TIAN protocol, CCP, and HRS
are different. The main advantage of HRS lies in its ability to
configure the network to a specific hole tolerance level, which
is not supported in TIAN and CCP protocols.

We perform the same experiment as before with HRS
using tolerance levels of 0, 0.4, and 0.8. The experiment
results, displayed in Figure 12, show that, even when hole
tolerance is 0.8 (toler = 0.8), HRS gets close to the same
average coverage percentage as TIAN and CCP. When toler =
0, the curve of HRS and TIAN almost coincide, which means,
through the tolerance modulation, HRS can achieve the same
coverage performance as TIAN. We then compare the aver-
age number of alive nodes gotten by different schemes. As
can be seen from Figure 13, when the hole tolerance is greater
than 0 (toler > 0), HRS has a considerably smaller number of
active nodes and hence leads to more energy conservation
than the other two protocols do. We subsequently draw a
picture of the lifetime comparison in Figure 14 from which
we clearly see that HRS gets longer lifetime than others as we
expect.

5.3. Complexity Analysis. Now, we analyze the commu-
nication complexity and computing complexity of these
three algorithms. For the communication complexity, since
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HRS, CCP and TIAN all need and only need to collect
neighbor nodes to determine the off-duty eligibility by com-
munication, their communication complexity is similar.

For the computing complexity, as can be seen from the
steps HRS follows, the step to calculate the coverage degree of
each bound point to get the minimum coverage degree takes
the longest time. This step has a computing complexity of
O(n logn) to sort all the left and right bounds of contribution
angles by Quicksort, while all the other steps with the com-
puting complexity of or less than O(n). Thus, the total com-
puting complexity of HRS is O(n logn), which is much lower
than CCP of O(n3). Since our work focuses on the redundant
WSNs where the number of nodes is large and each node may
have enough neighbors, this decrease is significant in entire
networks. The computing complexity of TIAN is similar to
that of HRS, while HRS performs better than TIAN.
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6. Conclusion and Future Work

In this paper, we have designed a hole-tolerant redundancy
scheme, HRS, for WSNs. This scheme introduces a para-
meter, called hole tolerance, which renders the network cap-
able of varying from 100% strict coverage performance to
moderately poorer ones to achieve longer network lifetime.
It allows different areas to set different requested coverage
degrees, and it is applicable in both homoradius networks
and heteroradius networks.

Our experiments show that hole tolerance has no remark-
able impact on average coverage percentage and that network
lifetime will be extended as hole tolerance is increased. We
also compare the performance of HRS with another two
famous schemes, TIAN and CCP. HRS achieves a similar
average coverage percentage to TIAN and CCP, and using
hole tolerance can reduce the number of active nodes
resulting in a considerable increase in network lifetime.

For future work, on the one hand, we will evaluate and do
more research on the collision prevention mechanism pro-
posed in this paper. On the other hand, HRS is a hole-toler-
ant scheme, the network can fulfill normal monitor task
when the coverage percentage is not less than a specific value.
We demonstrated how the hole tolerance affects the cover-
age percentage. But we did not give the mathematical rela-
tionship between hole tolerance and coverage percentage.
This would be our future work.
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Cognitive radio technology is the key to realize dynamic spectrum access system and promote the spectrum utilization through
exploiting the spectrum holes left by primary users. However, the spatial heterogeneity of spectrum availability imposes special
challenges for efficient utilization of the spectrum resources for cognitive radio ad hoc networks (CRAHNs). The cross-layer
cooperative transmission scheme is a promising approach to improve the efficiency of spectrum utilization and improve the
performance of cognitive radio networks. Such an approach leverages relay-assisted discontiguous OFDM (DOFDM) for data
transmission at physical and MAC layers in a basic three-node configuration. With this scheme, a relay node will be selected that
can bridge the source and the destination using its common channels between those two nodes. In this paper, we investigate the
application of such a cooperative transmission scheme to address the spectrum heterogeneity issue in CRAHNs. In particular, we
describe several types of cooperative transmission and formulate a new resource allocation problem with joint relay selection and
channel allocation. We propose a heuristic algorithm to solve the resource allocation problem, which is based on the metric
of utility-spectrum ratio of transmission groups. Simulations demonstrate the performance improvement of the cooperative
transmission over the direct transmission.

1. Introduction

There have been a lot of innovations of wireless devices and
wireless services in recent years. However, due to the current
fixed spectrum assignment and allocation rules, there is vir-
tually no available spectrum band to experiment and deploy
these new wireless products. Meanwhile, recent spectrum
measurement reports have shown significantly unbalanced
usage of spectrum, with some frequency bands largely
unoccupied most of the time and some other frequency
bands heavily used [1]. Observing such inefficient utilization
of the scarce and valuable spectrum resource, new spectrum
access rules are undergoing rapid development, whose core
idea is to allow secondary users (or unlicensed users) to access
spectrum holes left by primary users (or licensed users).
Cognitive radio [2] has been proposed as the means for
secondary users to promote the efficient utilization of the
spectrum by exploiting the existence of spectrum holes.

Cognitive radio ad hoc network (CRAHN) is one of the
major application fields, where there exist special research
challenges and opportunities [3]. One important issue is

the spectrum heterogeneity faced by CRAHNs, which is
due to the location difference among different secondary
users, dynamic traffic of primary users, and opportunistic
spectrum access nature of secondary users. Several spec-
trum measurement reports have already demonstrated such
spectrum heterogeneity. For example, in the UHF spectrum
band, television stations represent the largest incumbent
users. Spectrum heterogeneity exists on both large and
small scales. For a wide area, spectrum availability depends
on the location of TV transmitters and the number of
operating stations. For an area with a smaller scale, spectrum
availability depends on obstructions, construction material,
and the existence of active wireless microphones with typical
transmission ranges of a few hundred meters. As reported
in [4], for the UHF spectrum in the tested area, the median
number of channels available at one point but unavailable at
another is close to 7.

Such a spectrum heterogeneity imposes a lot of chal-
lenges for resource allocation in CRAHNs. In [5, 6], a co-
operative transmission scheme is proposed to address the
spectrum heterogeneity issue in the infrastructure mode
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network with end user nodes served by a single access point
node. With such a scheme, some end user nodes will relay the
data traffic of other nodes based on the joint physical layer
and MAC layer design. A centralized solution is proposed
to address the new resource allocation problem with both
relay selection and channel allocation. To demonstrate
the feasibility and performance of cooperative relay for the
cognitive radio infrastructure mode network, a new MAC
protocol has been proposed and implemented in a testbed
based on Universal Software Radio Peripheral (USRP) [7]
and GNU Radio [8]. Experimental results show that the
throughput of the whole system is greatly increased by
exploiting the benefit of cooperative relay.

The exiting work mentioned above targets at relatively
simple network structures, that is, a network with a single
base station and its served end user nodes. There is little
existing work on the general CRAHNs leveraging the above
cooperative transmission scheme, which is the focus in this
paper. In this paper, we study a general network model
with multiple single-hop secondary transmission pairs where
each node could act as a relay node for its neighbouring
transmission pairs. Such a system model represents a typical
application scenario. However, it complicates the problem
due to the coupling of relay selection and channel allocation.
To make the problem tractable, we impose some cooperation
constraints and define two types of transmission groups
with either one direct transmission pair or two cooperative
transmission pairs. We propose to use utility-spectrum ratio
as the metric to evaluate the transmission group. Based on
this metric, an iterative algorithm is proposed to conduct
relay selection and channel allocation.

The rest of the paper is structured as follows. Section 2
provides background knowledge of cooperative transmission
scheme used in this paper and related works. Section 3
describes the system model and provides the problem
statement. In Section 4 we propose our algorithm to solve
the resource allocation problem. Section 5 presents the
simulation results. Finally, Section 6 concludes the paper.

2. Background and Related Works

In this section, we provide a brief introduction to the co-
operative transmission scheme in cognitive radio networks
and summarize the related works.

2.1. Improve Spectrum Utilization with Cooperative Relay.
The spectrum availability of secondary users is heteroge-
neous due to the location difference among different users,
the dynamic traffic of primary users, and the opportunistic
nature of the spectrum access of secondary users. Meanwhile,
the traffic demands of secondary users also demonstrate
variation. One important problem in cognitive radio net-
works is to handle the unbalanced spectrum usage within
the secondary network to fulfill the heterogeneous traffic
demand from secondary users. The observation is that some
secondary users can be utilized as helpers to relay the
other secondary users traffic, which can significantly improve
system performance.

We will use an example to illustrate the idea. Suppose
there is a data transmission request from node u to node
v as shown in Figure 1. Here the numbers besides the node
represent the available channels for that node. Without loss
of generality, we assume each common available channel
between any pair of nodes can provide data rate of 1 unit.
Note that each node has only one half-duplex radio for
data transmission. In Figure 1(a), we use direct transmission
between u and v on channel 1, which will result in data rate
of 1 unit. Alternatively, we can use relay node r to conduct
two-hop transmission, with r switching its single data radio
between channel 2 (with u) and channel 3 (with v). However,
the data rate is only 0.5 unit. Improvement is possible if
we introduce cooperative relay. The scheme is shown in
Figure 1(c). In time slot 1, u sends data on channel 1 to v,
while u also sends data on channel 2 to r. In time slot 2, u
sends data on channel 1 to v, while r sends data on channel 3
to v. Therefore, the total data rate increases to 1.5 unit.

2.2. Relay-Assisted Discontiguous OFDM. There exist chal-
lenges for the realization of the three-node cooperation tech-
nique. First, the sender must be able to transmit multiple
packets on multiple channels at the same time using single-
radio equipment. For this, we can adopt D-OFDM as
the physical-layer technique, where signals on multiple
channels can be transmitted simultaneously on single-radio
equipment. Second, both relay and receiver should be able
to alleviate the interference from other simultaneous trans-
mitting channels to achieve a higher signal-to-noise ratio
(SNR) on the specific channel. Third, relay and receiver
should be able to decode the packet correctly using only some
of all subcarriers that correspond to their working channel.
We address these challenges with the following two methods
in [5, 6].

We design a new transmission scheme based on discon-
tiguous OFDM to realize the above three-node transmission,
which is called relay-assisted D-OFDM. Such scheme can
allow a node with a single radio to transmit or receive from
multiple nodes on different channels. It addresses several
issues such as both relay and receiver should be able to alle-
viate the interference from other simultaneous transmitting
channels to achieve a higher SNR on the specific channel
and should be able to decode the packet correctly using
only part of the whole subcarriers that are corresponding
to their working channel. To demonstrate its feasibility
and performance, we implement it in a testbed consisting
of USRP and GNU Radio. Experimental results confirm
significant gain compared with traditional transmission.

2.3. Existing Works on Cooperative Communication and Cog-
nitive Radio. In recent years, relay nodes have been widely
used in various types of wireless networks. In multihop ad
hoc networks, relay nodes are used to connect distant nodes
that are otherwise disconnected. Meanwhile, relay nodes can
increase the transmission rate of each link and maximize the
spatial reusability. In cellular networks, relay nodes are used
to increase reliability as well as enlarge the coverage range [9].
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Figure 1: An example of using cooperative relay for cognitive radio networks.

Recently, cooperative communication [10, 11] has also
been extensively studied, where relay nodes are introduced
to enable single antenna nodes share their antennas to form a
virtual multiple-antenna transmitter, thus, transmit diversity
is achieved and network capacity is increased. However, the
relay nodes in this paper play a different role compared with
that in all the above scenarios. Instead of maximizing
transmission rate in multihop ad hoc networks, we focus on
the maximized spectrum utilization and use relay to bridge
the channel availability from the source to the destination
node. Besides, by allowing simultaneous transmission of
different channels, the throughput of the whole network is
increased.

Several existing works investigate the spectrum hetero-
geneity issue in cognitive radio networks. Based on the
design of cooperation relay in infrastructure-mode cognitive
radio networks in [5, 6], the work in [12] proposes the
routing protocols to improve end-to-end performance with
a new link cost, which considers several aspects including
channel availability, channel condition, channel utilization,
and potential relays. A different system model is considered
in [13], where there is a cognitive wireless relay network
consisting of a source node that intends to communicate with
a destination node aided by a number of secondary relay
nodes. To exploit the maximum spectrum opportunities,
a cognitive space-time-frequency coding technique is pro-
posed that can opportunistically adjust its coding structure
by adapting itself to the dynamic spectrum environment.

There are existing works on cooperative communication
in cognitive radio networks. While cooperative communica-
tion can be applied within secondary users networks, some

works propose schemes for the cooperation between primary
users and secondary users. In [14], the authors propose
a cooperation protocol in which multiple secondary users
can use the spectrum from a primary user in exchange
for cooperative transmission with the primary link. The
cooperation has three phases: in the first phase, the primary
transmitter transmits first, while secondary users receive;
in the second phase, the secondary users use the space-
time coded cooperative transmission to reply the received
data to the primary receiver. At last, the secondary users
conduct their own transmission. Following such a frame-
work, the payment is also considered in [15] so that the
cooperation opportunity is further enlarged. In [16], a
two-phase cooperative relaying protocol is proposed for a
primary transmission pair and a secondary transmission
pair. In the first phase, the primary transmitter transmits
its signal to the primary receiver, which is also received by
the secondary transmitter and the secondary receiver and
decoded. At the secondary receiver, the primary signal is
regenerated and linearly combined with the secondary signal
with appropriate power allocation. This combined signal
is then broadcasted by the secondary transmitter in the
second transmission phase. Different from these works, our
cooperation scheme is within the secondary user ad hoc
network and leverages the spectrum diversity.

3. System Model and Problem Statement

We consider a CRAHN. Primary users are located within the
same region and have low spectrum utilization of their
own spectrum. Based on spectrum usage policy such as
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spectrum leasing, the unused primary spectrum channels
can be temporarily used by the secondary network. In this
paper, we assume each secondary node has one radio for data
transmission and one radio for control messages, both of
which are half-duplex. We assume there is a common control
channel available for all secondary nodes. Some existing
works of cognitive radio networks have the similar system
model as ours [17–19].

There are M adjacent channels from primary users M =
{1, . . . ,M} with equal bandwidth W . There are N secondary
transmission pairs N = {1, . . . ,N}, which correspond to the
set of senders S and targeted receiver set T. We define the
node set V = S∪ T, with |V| = 2N .

For a particular location in the area, some channels may
be occupied by primary users and thus cannot be used by sec-
ondary users. We use A = {amv | amv ∈ {0, 1}}2N×M to denote
the channel availability: amv = 1 indicates that channel m at
node v ∈ V is available, and 0 otherwise. It is assumed that
the data radio of each node in V is capable of dynamically
accessing any combination of available channels. However,
the data radio cannot transmit and receive simultaneously.

Two nodes can form a communication link if and only
if both nodes have common available channels and they are
within each other communication range. The communica-
tion ranges of all nodes in all channels are the same, denoted
by RC . Similarly, the interference range is denoted by RI , with
RI ≥ RC . Let E = {evu | evu ∈ {0, 1}}2N×2N denote the set of
potential communication links, that is, ev,u = 1 if and only
if δ(v,u) < RC , where δ(v,u) is the distance between the two
nodes. Similarly, let I = { fvu | fvu ∈ {0, 1}}2N×2N denote the
set of interference/conflict relations between any two nodes
in the network: fvu = 1 if and only if δ(v,u) < RI . The
interference set of node v is denoted by Nv = {u | fvu =
1,u ∈ V}.

If a link uses a channel for transmission, it can achieve a
certain data rate determined by the transmission power and
channel condition. Since interference-free channel allocation
is considered, there is no interference from the other active
links. We use cmvu to denote the achievable data rate from node
v to u using channel k, which is a constant.

3.1. Relay Selection. We use Rs = {rsi j | rsi j ∈ {0, 1}}N×N to
express the relay selection for the source nodes, where rsi j = 1
means that source node s j of pair j performs as a relay node
for pair i. Similarly, we use Rt = {rti j | rti j ∈ {0, 1}}N×N
to express the relay selection for the destination nodes. In
this paper, during one cooperative operation we impose the
following constraints.

(i) Each transmission pair can use at most one relay node
for help:

∑

j∈N, j /= i

(
rsi j + rti j

)
≤ 1, ∀i ∈ N. (1)

(ii) One relay pair can help at most one transmission
pair:

∑

i∈N,i /= j

(
rsi j + rti j

)
≤ 1, ∀ j ∈ N. (2)

(iii) When one pair is served by another pair, this node
cannot be the relay node of another node:

rsi j +
∑

k /= i

(
rski + rtki

)
≤ 1, ∀i ∈ N, j ∈ N,

rti j +
∑

k /= i

(
rski + rtki

)
≤ 1, ∀i ∈ N, j ∈ N.

(3)

(iv) When one node is serving another pair, the pair of
this node cannot be helped by other nodes:

rsi j +
∑

k /= j

(
rsjk + rtjk

)
≤ 1, ∀i ∈ N, j ∈ N,

rti j +
∑

k /= j

(
rsjk + rtjk

)
≤ 1, ∀i ∈ N, j ∈ N.

(4)

According to the above relay constraints (1)–(4), we
define a transmission group to be a basic component with a
single direction transmission pair or two cooperating pairs.
We have the following categories of transmission groups as
shown in Figure 2:

(i) Category 1 has a single transmission pair,

(ii) Category 2 has two transmission pairs with one pair
relaying for another pair.

3.2. Channel Allocation. Besides the relay selection, we need
to decide the channel allocation for each transmission link.
We use variable X = {xmvu | xmvu ∈ {0, 1}}2N×2N×M to denote
the channel allocation: xmvu = 1 if and only if channel m is
allocated to the link between node v and node u. Note that
we have xmvu = xmuv. According to the above link definition, we
have

xmvu ≤ euv, ∀v ∈ V, ∀u ∈ V. (5)

The channel allocation should satisfy the channel availability
constraint, that is,

xmvu ≤ amv · amu , ∀v ∈ V, ∀u ∈ V, ∀m ∈ M. (6)

We use conflict-free channel allocation, which requires
that all the interference constraints are satisfied, that is,

xmvu +
∑

w /= v,w /=u,w∈Nv

xmvw +
∑

w /= v,w /=u,w∈Nu

xmuw

≤ 1, ∀v ∈ V, ∀u ∈ V, ∀m ∈ M.
(7)

3.3. Data Rate for Each Transmission Pair. We calculate the
throughput of pair i under a certain strategy of relay selection
R and channel allocation X. According to whether i helps
other pairs or is helped by others, the calculation is divided
into the following cases.

Case 1. If pair i communicates without the other nodes help
and is not acting as relay itself, which satisfies

rsi j = 0, rti j = 0, rsji = 0, rtji = 0, ∀ j ∈ N, (8)
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(c) Category 2 with a desti-
nation node as relay

Figure 2: Categories of transmission groups.

its data rate can be expressed as

θ1
i =

∑

m∈M

cmsiti x
m
siti . (9)

Case 2. If pair i is helped by the source node of pair j, that is,

rsi j = 1, (10)

then the data rate of pair i is

θ2
i =

∑

m∈M

cmsiti x
m
siti

+ min

⎛

⎝1
2

∑

m∈M

cmsis j x
m
sis j ,

1
2

∑

m∈M

cmsj ti x
m
sj ti

⎞

⎠.
(11)

Case 3. If pair i is helped with the help of the destination
node of pair j, that is,

rti j = 1, (12)

and then the data rate of pair i is

θ3
i =

∑

m∈M

cmsiti x
m
siti

+ min

⎛

⎝1
2

∑

m∈M

cmsit j x
m
sit j ,

1
2

∑

m∈M

cmtj ti x
m
tj ti

⎞

⎠.
(13)

Case 4. If the source node si of pair i acts as a relay for pair j,
but the destination node ci does not help, that is

rsji = 1, rtji = 0, (14)

the data rate of pair i is then

θ4
i =

1
2

∑

m∈M

cmsiti x
m
siti . (15)

Case 5. Similar to Case 4, here the destination node ti acts as
relay, but the source node si does not, that is,

rsji = 0, rtji = 1, (16)

the data rate of pair i is then

θ5
i =

1
2

∑

m∈M

cmsiti x
m
siti . (17)

We can use a single equation to denote each pair’s data
rate based on (9)–(17):

Θi =
⎛

⎝1−
∑

j∈N

rsi j

⎞

⎠

⎛

⎝1−
∑

j∈N

rsi j

⎞

⎠

⎛

⎝1−
∑

j∈N

rsi j

⎞

⎠

⎛

⎝1−
∑

j∈N

rsi j

⎞

⎠θ1
i

+
∑

j∈N

rsi jθ
2
i +

∑

j∈N

rti jθ
3
i

+
∑

j∈N

rsji
(

1− rtji
)
θ4
i +

∑

j∈N

(
1− rsji

)
rtjiθ

5
i .

(18)

3.4. Optimization Problem. We consider that the channel
availability is fixed for a relatively long term. The network
utility is defined as U(Θ), where Θ = {Θi}N . Under such a
quasistatic model, we want to maximize the network utility
by optimizing over relay selection, channel allocation, and
time partition, subject to the above constraints:

max
R, X

U(Θ). (19)

In this paper, we consider two typical formats of utility func-
tions:

(i) Max-Sum: it maximizes the total utility of the
network with

Usum(Θ) =
∑

i∈N

Θi. (20)

(ii) Max-Fair: it maximizes the proportional fairness of
the network with

Ufair(Θ) =
∑

i∈N

log(Θi). (21)

Theorem 1. The optimization problem in (19) is NP-hard.

Proof. To prove this, we can check special cases where there is
one single channel and there exist, only interference among
pairs, but no communication links among pairs. Then, the
problem is a weighted independent set problem, which is an
NP-hard problem.

4. Resource Allocation Algorithms

In this section, we propose a heuristic algorithm to solve the
problem suboptimally. The algorithm iterates with multiple
times. During each iteration, a transmission group is chosen
for resource allocation. We first describe the overall algo-
rithm. Then, we present the proposed metric for transmis-
sion group selection.
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4.1. The Overall Algorithm. For the overall algorithm, we
maintain a list of all possible transmission groups belonging
to different categories, denoted as G. During a single itera-
tion, we select the transmission group g with certain metric
and allocate the channels accordingly. Such a selection metric
will be presented in detail in the following part. After that, the
group list G is updated: transmission groups whose nodes
overlap with the selected group g will be deleted from the
list. The channel availability matrix and group matrix are also
updated.

4.2. Selection Metric of Transmission Group. To effectively
utilize the spectrum resource, when we choose which trans-
mission group to allocate in one iteration, we should con-
sider both the achievable utility of a transmission group and
the consumed spectrum resource.

We denote the selection metric of transmission group
as μg , which is the utility-spectrum ratio of a transmission
group for a particular channel allocation for this transmis-
sion group Xg . Xg is a maximal channel allocation without
violating the constraints, which will be described later.
Specifically, given Xg , we denote the utility of a transmission
group by Ug(Xg), which can be calculated with (20) or (21).
We denote the spectrum consumption of a transmission
group by hg(Xg), which is the number of occupied/interfered
channels of the transmission group. Then, we have

μg =
Ug

(
Xg

)

hg
(

Xg

) . (22)

This is similar to the labelling rules suggested in [20, 21]. The
difference is that we assess and allocate multiple channels for
a node at once.

Depending on the category of a transmission group g,
we determine the value of Xg and calculate μg as follows
(Algorithm 1).

4.2.1. Category 1. Suppose the single pair is i for the trans-
mission group g. For each channel, we check whether it is
available at both source node si and destination node ti in
group g and allocate it if it is the case, that is,

xmsiti = amsi · amti , ∀m ∈ M. (23)

The contributed utility of this group can be easily cal-
culated with (20) or (21):

Ug = θ1
i , (24)

or

Ug = log θ1
i . (25)

The spectrum consumption is

hg =
∑

m∈M

⎛

⎝xmsiti
∑

v∈Nsi∪Nti

1

⎞

⎠. (26)

Input: Transmission group g
Output: Utility-spectrum ratio of g, μg
If gis Category 1 then

i← the single pair
Allocate channels Xg : xmsiti = amsi · amti ,∀m ∈ M
Calculate Ug(Xg) = Usum(Xg)
Calculate hg =

∑
m∈M(xmsiti

∑
v∈Nsi∪Nti

1)
else

i← the helped pair
j ← the relay pair
P ← {(m,n) | m ∈ M,n ∈ M,m /=n,∃ams = 1,∃amv =
1,∃anv = 1,∃ant = 1}
while P /=∅ do

(m∗,n∗) ← arg max(m,n)∈PΔr
(m,n)

if Δr
(m∗ ,n∗) > Δd

(m∗ ,n∗) then
Allocate channels: xm

∗
sv = 1, xn

∗
vt = 1

Update P
else

Break
end

end
Mr ← remaining channels
for each m ∈Mr do

if cmst > 1/2cmvu then
Allocate channel: xmst = 1

else
Allocate channel: xmvu = 1

end
end
Calculate Ug(Xg) = Ufair(Xg)
Calculate hg =

∑
m∈M(xmvmum

∑
v∈Nsi∪Nti

1).
end
μg ← Ug/hg

Algorithm 1: Transmission group selection metric calculation
algorithm.

4.2.2. Category 2. It depends on whether the source node or
destination node of pair j is used for cooperation. In each
case, one channel can be used for at most one active link
among nodes si, ti, s j , and t j due to the constraint. Although
there are only four links for the transmission group, the
number of all possible channel allocations is with the order
of 4M .

To reduce the computational complexity, we propose a
heuristic approach to calculate the utility of the transmission
group. The idea is that there is positive contribution via relay
links for the transmission group if and only if both of the
relay links (e.g., si-vj and vj-ti) are allocated with channels.
Therefore, we assign pairs of channels to relay links first when
calculating the utility. Totally, there are at most M × (M − 1)
pairs of channels.

Specifically, we define the contributed data rate of a
channel pair (m,n) with m /=n as Δr

(m,n), which is the data
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rate increase with channel m and n allocated for the two relay
links, that is,

Δr
(m,n) = min

(

r1 +
1
2
cmsivj r2 +

1
2
cnvj ti

)

−min(r1, r2), (27)

where r1 and r2 are the data rate of link si-vj and vj-ti,
respectively. For each time, we find the channel pair with the
maximum Δr

(m,n) for the transmission group.
We also examine the contributed data rate when channel

m and n are allocated to the two direct links. We have 4
combinations: channel m and n both assigned to one direct
link; channel m and n assigned to different links. We denote
the maximum contributed data rate of these four possible
allocations as Δd

(m,n).

If Δr
(m,n) is larger than Δd

(m,n), we allocate two channels to
the two relay links. Otherwise, channel-pair-based allocation
terminates. If there are any remaining channels unallocated,
we continue to allocate them just as Category 1.

For each channel allocation, if the source node is the relay
node, we have

Ug = θ2
i + θ4

j , (28)

or

Ug = log θ2
i + log θ4

j . (29)

If the destination node is the relay node, we have

Ug = θ3
i + θ5

j , (30)

or

Ug = log θ3
i + log θ5

j . (31)

Denote the nodes for the active link for channel m as vm
and um. The spectrum consumption is

hg =
∑

m∈M

⎛

⎝xmvmum
∑

v∈Nsi∪Nti

1

⎞

⎠. (32)

For the complexity of the metric calculation algorithm
(Algorithm 1), obviously the calculation of Category 1 is
dominated by the calculation of Category 2. For Category 2,
the complexity is with the order of O(M2(M2 +N)), which is
the complexity for the whole metric calculation algorithm.

5. Simulation

In this section, we use simulations to evaluate the perfor-
mance of the proposed algorithm. We conduct the simula-
tion in a static CRAHN. The simulation area is 1 × 1 with
uniformly separated primary users in fixed locations. Each
primary user occupies a single channel randomly picked
from the channel set. Secondary users pairs are randomly
placed in the same area. We compare our proposed cooper-
ative transmission and resource allocation scheme with two
other schemes. One scheme uses the same cooperative trans-
mission with relaying, while the metric for transmission

group selection during resource allocation depends solely
on the achieved utilities of transmission groups. The other
scheme uses the direct transmission without relaying and
applies similar resource allocation as our scheme. We inves-
tigate the performance of the CRAHN in terms of the
number of primary users, the number of secondary users,
the number of channels, and the communication range of
secondary users.

5.1. The Number of Primary Users. We first show the per-
formance with different numbers of primary users. When
we increase the number of primary users, the protected area
expands, which reduces the number of available channels
experienced by secondary users. In Figure 3, the utilities
for both Max-Sum and Max-Fair decrease with increasing
the number of primary users. The cooperative scheme with
the metric of utility-spectrum ratio outperforms the other
two schemes since our scheme allows secondary pairs to
utilize more transmission links via potential relay nodes from
neighbouring nodes on more channels while our resource
allocation algorithm selects transmission groups and their
channel allocation more efficiently. Besides, the gaps between
the two cooperative schemes and the direct scheme increase
as the number of primary users increases. This is because
with more active primary users the degree of spectrum
heterogeneity seen from secondary users increases.

5.2. The Number of Secondary Users. We check the per-
formance with different numbers of secondary users next.
Increasing the number of secondary users leads to the
increased total system utility, as shown in Figure 4. Besides,
the performance gaps between the two cooperative schemes
and the direct scheme increase as the number of secondary
users increases, which demonstrates the advantage of our
scheme. Note that the curves are sublinear since more sec-
ondary users means more interference created among them.

5.3. The Number of Channels. Here we examine the effect
of the number of channels used in the system. Figure 5
shows that both types of utilities increase while increasing the
number of channels. The cooperative scheme with the metric
of utility-spectrum ratio outperforms the other two schemes,
while the direct scheme performs the worst.

5.4. The Communication Range of Secondary Users. We also
study the impact of the communication range of secondary
users. On one hand, given a fixed topology, enlarging the
communication range of secondary users increases the num-
ber of potential communication links among them, which
creates more cooperation opportunities. On the other hand,
the increased range also creates more interference among the
secondary users, which will decrease the spatial reuse of the
spectrum resource. According to the result in Figure 6, the
system utilities degrade with the increased communication
range. Therefore, the latter effect dominates the first one.
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Figure 3: Performance with respect to the number of primary users.
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Figure 4: Performance with respect to the number of secondary users.

6. Conclusions

In CRAHNs, spectrum heterogeneity is quite a special issue
that makes the resource allocation more challenging com-
pared with the traditional wireless ad hoc networks. It is pos-
sible to use cooperative relay node utilizing spectrum holes
to assist individual secondary transmission and improve link
throughput. Based on this idea, we study a new resource allo-
cation problem with relay selection and channel allocation in

CRAHNs when applying the cooperative relay scheme. We
propose algorithms to effectively solve the problem based
on a metric of utility-spectrum ratio. We conduct simula-
tions to evaluate the performance and conduct comparison
with direct transmission scheme. The simulation results
demonstrate the reasonable performance improvements of
our scheme. In the future, we will further investigate the
distributed algorithms for the relay selection and channel
allocation in CRAHNs with cooperative relaying.
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Figure 5: Performance with respect to the number of channels.
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Cooperative communication has been recently proposed as a way to mitigate fading in wireless networks. A cross-layer adaptive
cooperative MAC (CAC-MAC) protocol for IEEE 802.11 DCF-based wireless ad hoc networks is proposed. The novel aspect and
core idea of our proposal is a cross-layer adaptive data transmission algorithm considering both the length of data frame at the
MAC layer and instantaneous wireless channel conditions. Under this algorithm, direct transmission mode or proper cooperative
transmission mode will be adaptively selected for data packets according to both MAC layer and physical layer information.
Analytical results demonstrate the effectiveness of the adaptive data transmission algorithm. Simulation studies based on NS2 show
that the CAC-MAC protocol can significantly improve network throughput and reduce packet delay compared with legacy IEEE
802.11 protocol, which illustrate a new paradigm for realistic cross-layer cooperative MAC protocol design for next-generation
wireless ad hoc networks.

1. Introduction

Cooperative communication, which can achieve spatial
diversity by exploiting distributed virtual antennas of coop-
erative nodes, has attracted much attention recently due to
its ability to mitigate fading in wireless networks. The main
feature of cooperative communication is the involvement
of neighboring nodes in data transmissions. As depicted in
Figure 1, the source has an inferior channel with destination
and meanwhile no less than one neighboring node has a good
channel with both the source and the destination. And hence,
the source can transmit data packets via neighbor node(s)
to the destination at a higher data rate instead of a direct
transmission to the destination at a lower data rate.

The studies in [1–3] show that significant benefit is
obtained through cooperative communication in terms of
reliability, throughput, coverage range, and energy efficiency.
Although cooperative communication originates from the
physical layer, from the system point of view, in order to
realize a fully cooperative network, researches at the physical
layer should be coupled with those at the higher network
layers, for example, MAC layer. However, so far no standard

on cooperative MAC design has been achieved, and hence
leave it an open research topic.

The neighboring nodes participating in the cooperative
communication are called relay nodes or helpers. The relay
nodes can operate on decode-and-forward (DF), amplify-
and-forward (AF) or coded cooperation (CC) strategies.
For further details readers are referred to [4, 5]. Generally,
employing more relay nodes for a given source-destination
pair may obtain more cooperative diversity gain, but the
resultant lower spectrum efficiency and higher computa-
tional complexity may not lead to a beneficial performance-
complexity tradeoff [6]. Therefore, this paper focuses on
selecting no more than one relay node for each source-
destination pair whenever cooperative communication is
desirable.

There have been exiting literatures on cooperative MAC
design utilizing just one relay node for IEEE 802.11 DCF-
based wireless networks. rDCF [7] and CoopMAC [8] are
two similar cooperative MAC protocols that take advantage
of the multirate capability of the IEEE 802.11 in which
high-data-rate nodes assist low-data-rate nodes to transmit
data. In these two protocols, each node promiscuously



2 International Journal of Distributed Sensor Networks

Relay 1 

Relay n

Destination
Source

Figure 1: Illustration of cooperative communication.

listens to ongoing transmissions to establish and maintain
a relay table. Therefore, the relay selection cannot adapt
to dynamic channel conditions and network topology in
wireless networks just as it is based on the observation of
historical transmissions. Furthermore, in these researches,
the cooperative diversity is not exploited and only one copy
of a packet coming from the source or the relay node is
processed at the destination. Hence, more specifically, rate
adaptation is the main focus in data transmissions in these
two protocols. Considering that CoopMAC is a cooperative
protocol for infrastructure-based wireless LANs, Korakis et
al. [9] extend it to the ad hoc network environment. Based
on CoopMAC, Liu et al. [10] further propose a cross-layer
cooperative protocol for wireless ad hoc networks to leverage
cooperation in both MAC and PHY layers where the relay
node adopts coded cooperation strategy [5]. Actually, for
a cooperative MAC protocol, the data transmission mode
should be dynamically selected according to both the length
of data frame at the MAC layer and the time-varying channel
status between source, relay, and destination, which is not
considered in the above-mentioned studies [7–10].

In order to reap more benefit of cooperation, in this
paper, a cross-layer adaptive cooperative MAC (CAC-MAC)
protocol for IEEE 802.11 DCF-based wireless ad hoc net-
works is proposed, which forms a cross-layer approach
to cooperation involving interaction between MAC layer
and physical layer. The novel aspect and core idea of
our proposal is a cross-layer adaptive data transmission
algorithm considering both the length of data frame at the
MAC layer and instantaneous wireless channel conditions.
Under this algorithm, direct transmission mode or proper
cooperative transmission mode will be adaptively selected for
data packets according to both MAC layer and physical layer
information. The key features of our proposal are as follows.

First, only when a data frame at the MAC layer is longer
than a specified length, CAC-MAC initiates a RTS/CTS
handshake, which brings down the overhead of network.

Second, for long data frames, RTS/CTS direct trans-
mission or proper cooperative transmission will be selected
according to the wireless channel conditions. Moreover,
the cooperative transmission is divided into either “source-
relay-destination” transmission scheme or receiver maximal
ratio combining scheme according to the channel conditions
between source, relay, and destination.

Third, the selection of the best relay node for a given
source-destination pair is based on instantaneous wireless
channel measurements instead of a relay table, which has
the added cost to be created and maintained based on the
observation of historical transmissions.

The remainder of this paper is organized as follows.
Section 2 introduces the system model. Section 3 proposes a
cross-layer adaptive cooperative MAC (CAC-MAC) protocol
for IEEE 802.11 DCF-based wireless ad hoc networks.
Section 4 analyzes the cross-layer adaptive data transmission
algorithm. Section 5 evaluates the performance of CAC-
MAC protocol based on NS2, and Section 4 concludes this
paper.

2. System Model

We consider a wireless ad hoc network based on IEEE
802.11a that supports transmission rates of 6, 12, 24, and
54 Mbps. A single physical channel is available for wireless
transmissions. We assume a slow fading channel that the
channel conditions do not change within the duration of
a MAC frame transmission. We assume that each node has
constant transmission power and that the wireless channels
are symmetric. It is also assumed that a relay node works on
the decode-and-forward (DF) strategy [4]. The terms relay
node and helper are of the same meaning in this paper.

Due to the broadcast nature of the channel, the des-
tination will receive the signals transmitted by both the
source and the relay node. Receiver combining technique
[11], not supported by any existing wireless hardware, can be
implemented in the next-generation wireless baseband chip.
Hence, it is reasonable to assume that the destination can
adopt maximal ratio combining diversity technique at the
physical layer to combine the signals coming from the source
and the relay node if the independent copies are in the same
modulation scheme, enabling higher transmission rates and
robustness against channel variations due to fading.

3. The Proposed CAC-MAC Protocol

In our proposal, each data transmission is based on two
planes: control plane and data plane. The control plane is to
determine the data transmission mode, in which the main
issues include relay selection and the cross-layer adaptive
data transmission algorithm. The data plane is in charge of
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Input: L, Rsr, Rrd and Rsd

Output: transmission mode (mode) and the source transmission rate (rate)
(1) if L < RTSThreshold
(2) mode = basic access scheme; rate = 6 Mbps
(3) end if
(4) if L ≥ RTSThreshold (to initiate a RTS/CTS handshake)
(5) If Rsd ≥ 24Mbps || (Rsd ≤ 12 Mbps &&(Rsr ≤ 12 Mbps || Rrd ≤ 12 Mbps))
(6) mode = RTS/CTS direct transmission scheme; rate = Rsd

(7) else ifRsd ≤12 Mbps && (Rsr ≥ 24 Mbps && Rrd ≥ 24 Mbps)
(8) (to initiate cooperative transmission)
(9) ifRsr < Rrd

(10) mode = relay transmission scheme; rate = Rsr

(11) else ifRsr ≥ Rrd

(12) mode = maximal ratio combining scheme; rate = Rsr

(13) end if
(14) end if
(15) end if

Algorithm 1: Cross-layer adaptive data transmission algorithm.

transmitting, receiving, or forwarding data packets according
to the transmission mode.

3.1. Relay Selection. In CAC-MAC protocol, for long data
frames, the RTS/CTS handshake is initiated, so the neighbor
nodes can measure the instantaneous channel conditions
toward source and destination via overhearing RTS and CTS
frames. In addition, the neighbor nodes can extract the
channel conditions between source and destination from the
extended CTS frame. The extended CTS frame format will
be described later in Section 3.3. With the channel quality
information, by checking the threshold value, which is pre-
calculated and guarantees a certain bit error rate for each
modulation scheme, we can obtain the achievable transmis-
sion rate between source and relay, relay and destination,
and source and destination, denoted by Rsr, Rrd, and Rsd,
respectively.

We assume the length of a data frame is L bytes; if a direct
transmission is adopted, the transmission time would be

Tdirect = 8L
Rsd

. (1)

If a cooperative transmission via node i is adopted,
the transmission time would include two parts: the time
consumed between the source and the relay and that
consumed between the relay and the destination, namely,

Ti
coop =

8L
Rsr

+
8L
Rrd

. (2)

For a neighbor node j, if it satisfies

T
j
coop < Tdirect, (3)

it becomes a candidate relay node. And the candidate relay
node r∗ that has the minimum transmission time will be the
best relay node for the given source-destination pair, that is,

r∗ = arg min
r∈R

Tr
coop, (4)

where R is the set of all candidate relay nodes.

In practice, to select the best relay node for a given
source-destination pair, each candidate relay node r will start
a timer Tr [6] in line with the parameter Tr

coop, and the longer
Tr

coop means a lager Tr . And hence, the timer Tr of the relay
node with the minimum Tr

coop will expire first. Once the
timer expires, the relay node will transmit an HTS (helper
ready to send) frame [8] to declare its capacity to participate
in the cooperative transmission. All other candidate relay
nodes waiting for their timer to expire that overhear the HTS
frame from another relay node will back off. After the best
relay node has been selected, it is ready to participate in
cooperative transmission.

3.2. Cross-Layer Adaptive Data Transmission Algorithm. In
CAC-MAC protocol, the data transmission modes are
divided into four schemes, that is, basic access scheme,
RTS/CTS direct transmission scheme, “source-relay-
destination” transmission scheme, and receiver maximal
ratio combining scheme, according to both the length of
data frame at the MAC layer and the time-varying channel
status between source, relay, and destination. The cross-layer
adaptive data transmission algorithm is briefly summarized
in Algorithm 1.

It is well known that there are two access schemes
defined in IEEE 802.11 DCF, namely, the basic access scheme
and the RTS/CTS scheme. Similarly, under our proposed
algorithm, when a data frame is shorter than RTS threshold,
the source transmits it directly to the destination by the
basic access scheme. Otherwise, the source will initiate a
RTS/CTS handshake. If the source has a good channel with
the destination where the sustainable rate is equal to or larger
than 24 Mbps, or in the case that the channels between source
and destination, source and relay, relay and destination are
inferior where all the sustainable rates are equal to or less
than 12 Mbps, the source transmits the data frame by the
RTS/CTS direct transmission scheme.

On the other hand, if the source has an inferior channel
with the destination and meanwhile no less than one relay
node has a good channel with both the source and the
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destination, therefore the source can transmit the data packet
via the relay node to the destination. Once the source initiates
one cooperative transmission via a relay node, it will transmit
a data packet at a rate of Rsr. When the relay node decodes
and forwards the data packet toward the destination at a rate
of Rrd, the destination will receive two copies of the packet:
one from the source with the rate of Rsr and the other from
the relay node with the rate of Rrd.

Since the destination has an inferior channel with the
source, it will not be able to solely decode the data packet
with the rate of Rsr, just as its sustainable rate is Rsd(Rsr >
Rsd, Rrd > Rsd). When Rsr ≥ Rrd, if the destination adopts
the maximal ratio combining scheme, the relay node should
forward the data packet at a higher rate of R′rd (R′rd = Rsr >
Rrd) due to the assumption that the independent copies are
in the same modulation scheme for the receiver maximal
ratio combining technique, which will improve the network
performance compared with the “source-relay-destination”
transmission scheme. Otherwise, when Rsr < Rrd, if the
destination adopts the maximal ratio combing scheme, the
relay node should forward the data packet at a lower rate of
R′′rd (R′′rd = Rsr < Rrd), which will sacrifice the original higher
transmission rate Rrd. So, under the circumstances, the
“source-relay-destination” transmission scheme will achieve
superior network performance.

3.3. Details of the CAC-MAC Protocol. To support CAC-
MAC protocol, some minor modifications to the IEEE 802.11
frames format are required, and meanwhile the RTS/CTS
handshake defined in IEEE 802.11 is further extended to
an RTS/CTS/HTS handshake. The modified CTS, HTS, and
DATA frames format and the exchange of messages are
shown in Figures 2 and 3, respectively.

We now give a detailed description of CAC-MAC pro-
tocol from the views of source node, destination node, and
relay node, respectively, as follows.

Source Node

(1) When the length of a data frame is less than the
RTS threshold, the source will transmit it directly to
the destination by the basic access scheme of IEEE
802.11 DCF, which brings down the overhead in
the network; otherwise, the source will send an RTS
frame and wait for a CTS frame from the destination.

(2) If the source receives a CTS frame but does not receive
any HTS frame from neighbor nodes in a certain
interval, it will transmit the data packet by RTS/CTS
direct transmission scheme. If both CTS and HTS
frames are received in sequence, the source transmits
the data packet according to the “transfer mode”
piggybacked in the HTS frame.

(3) If an ACK is not received after an ACK timeout, the
source should perform random backoff; otherwise,
the source will handle the next data packet in its
queue.

Destination Node

(1) If the destination receives an RTS frame from the
source, it sends a CTS frame including the measured
channel conditions information between source and
destination and waits for HTS frames from neighbor
nodes.
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(2) If any HTS frame is not received before receiving
data packet, indicating that the source transmits data
packet by RTS/CTS direct transmission scheme, the
destination processes the unique data packet.

(3) If the destination receives an HTS frame before
receiving data packet, it will process the received data
packet according to the “transfer mode” piggybacked
in HTS and then sends an ACK to the source.

Neighbor Node

(1) The neighbor node judges whether itself is a candi-
date relay node for a given source-destination pair
according to (1)–(3) in Section 3.1. If it is, it will wait
for the timer Tr to expire and then broadcasts an HTS
frame to declare itself; if it receives an HTS frame
before the timer reaches zero meaning it is not the
best relay node for the given source-destination pair,
the neighbor node should backoff.

(2) When overhearing a data packet, a candidate relay
node extracts the “relay address” information to
judge whether it is the relay node for the given source-
destination pair. If it is, the node will decode and
forward the data packet to the destination.

4. Analysis of Adaptive Data
Transmission Algorithm

In this section, we analyze the saturation throughput and
average packet delay of the cross-layer adaptive data trans-
mission algorithm based on a Markov chain model, taking
finite retry limits into account. For simplicity, it is assumed
that there are no hidden nodes or capture effect in the
network.

4.1. Markov Chain Model. IEEE 802.11 DCF adopts a binary
exponential backoff scheme. At each packet transmission,
the backoff time is uniformly chosen in the range (0,CW −
1). The value of CW depends on the number of failed
transmissions of a packet. At the first transmission attempt
W = CWmin, which is the minimum contention window.
After each retransmission due to a collision, CW is doubled
up to a maximum value, Wm′ = CWmax = 2m

′ · CWmin,
where m′ represents the maximum backoff stage and Wm′

is the largest contention window size. Once the CW reaches
CWmax, it will remain at the value until it is reset. Therefore,
we have:

Wi =
⎧
⎨

⎩

2iW , i ≤ m′

2m
′
W , i > m′

(5)

where i is the backoff stage, i ∈ (0,m) and m represents the
maximum retransmission limits.

Let b(t) be the stochastic process representing the backoff
time counter for a given node and s(t) be the stochastic
process representing the backoff stage (0, . . . ,m) of the node
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Figure 4: Markov chain model.

at time t. So we model the bidimensional process {s(t), b(t)}
with the discrete-time Markov chain depicted in Figure 4.

Let bi,k = limt→∞P{s(t) = i, b(t) = k}, i ∈ (0,m), k ∈
(0,Wi−1) be the stationary distribution of the Markov chain.
It is assumed that each packet collides with constant and
independent probability p. As any transmission occurs when
the backoff time counter reaches zero, the probability τ that
a node transmits a packet in a randomly chosen slot time can
be expressed as [12, 13]

τ =
m∑

i=0

bi,0 =
m∑

i=0

pi · b0,0 = b0,0 · 1− pm+1

1− p
, (6)

where b0,0 can be obtained from

b−1
0,0 =

⎧
⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎨

⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎩

W ·
(

1− (2p)m+1
)

2
(
1− 2p

) +
1− pm+1

2
(
1− p

) , m ≤ m′,

W ·
(

1− (2p)m
′+1
)

2
(
1− 2p

) +
1− pm+1

2
(
1− p

)

+
W · 2m

′ · pm′+1 · (1− pm−m′)

2
(
1− p

) , m > m′.

(7)

From (6), we can see that the transmission probability
τ depends on the collision probability p. The probability p
that a transmitted packet encounters a collision is the
probability that at least one of the n − 1 remaining nodes
transmit in the same time slot. If all nodes transmits with
probability τ, the collision probability p is

p = 1− (1− τ)n−1. (8)

Therefore, (6) and (8) form a nonlinear system with two
unknowns τ and p, which can be solved by the numerical
method. Note that p ∈ (0, 1) and τ ∈ (0, 1).

4.2. Saturation Throughput. Let Ptr be the probability that
there is at least one transmission in the considered slot
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time. When n nodes contend on the same channel and each
transmits with probability τ:

Ptr = 1− (1− τ)n. (9)

The probability Ps that an occurring packet transmission
is successful is given by the probability that exactly one node
transmits and the remaining n− 1 nodes defer transmission,
conditioned on the fact that at least one node transmits:

Ps = nτ(1− τ)n−1

Ptr
= nτ(1− τ)n−1

1− (1− τ)n
. (10)

Considering that a random slot is empty with
probability (1 − Ptr) and contains a successful
transmission with probability PtrPs and a collision with
probability Ptr(1 − Ps), the saturation throughput S is given
by

S = PsPtrL
(1− Ptr)σ + PtrPsTs + Ptr(1− Ps)Tc

, (11)

where L represents the length of data packet, Ts is the average
time that the channel is sensed busy due to a successful
transmission, Tc is the average time that the channel is sensed
busy by each node during a collision, and σ is the duration of
an empty slot time.

4.3. Average Packet Delay. A packet is dropped when it
reaches the last backoff stage and experiences another
collision. Let E[Tdrop] be the average number of slot times
required for a packet to experience m + 1 collisions in the
(0, . . . ,m) stages [14]:

E
[
Tdrop

]

=

⎧
⎪⎪⎪⎪⎪⎪⎨

⎪⎪⎪⎪⎪⎪⎩

W · (2m+1 − 1
)

+ (m + 1)
2

, m ≤ m′

W · (2m′+1 − 1
)

+ W · 2m
′ · (m−m′) + (m + 1)

2
,

m > m′.
(12)

The average packet delay for a successfully transmitted
packet is defined as the duration from the time the packet
is at the head of its MAC queue ready to be transmitted
until an acknowledgement is received. So the average packet
delay E[D], provided that this packet is not discarded, is
given by

E[D] = E[X] · E[slot], (13)

where the average length of a slot time is

E[slot] = (1− Ptr)σ + PtrPsTs + Ptr(1− Ps)Tc (14)

Table 1: Parameters used in simulations.

Parameters Values

MAC header 28 bytes

PHY header 24 bytes

RTS 44 bytes

CTS 39 bytes

HTS 51 bytes

ACK 38 bytes

Slot time 9 μ s

SIFS 16 μ s

DIFS 50 μ s

aCWMin 15 slots

aCWMax 1023 slots

m 7

m′ 5

and E[X] is the average number of slot times required for
successfully transmitting a packet given by:

E[X]

=

⎧
⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎨

⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎩

W ·
(

1− (2p)m+1
)

2
(
1− 2p

) +
1− pm+1

2
(
1− p

)

−pm+1 · E
[
Tdrop

]
, m ≤ m′

W ·
(

1− (2p)m′+1
)

2
(
1− 2p

) +
1− pm+1

2
(
1− p

)

+
W · 2m

′ · pm′+1 · (1− pm−m′)

2
(
1− p

)

−pm+1 · E
[
Tdrop

]
, m > m′.

(15)

4.4. Numerical Results. According to (11) and (13), we
compare the saturation throughput and average packet delay
achieved by our proposed adaptive data transmission scheme
(adaptive) with the basic access scheme (basic access),
RTS/CTS direct transmission scheme (rts/cts), “source-
relay-destination” transmission scheme (s-r-d), and receiver
maximal ratio combing scheme (mrc), through 1000 times
Monte Carlo simulations. The main parameters are listed in
Table 1 based on IEEE 802.11a standard.

Figure 5 reveals the relation between the saturation
throughput and the number of nodes. It is shown that
the throughput of all schemes deteriorate the number of
nodes increases; however, the throughput of the adaptive
data transmission scheme performs significantly better than
that of the other schemes.

Figure 6 depicts the saturation throughput of five trans-
mission schemes as the length of data frame at the MAC
layer increases. When the data frame length is less than the
RTS threshold, the saturation throughput of the adaptive
data transmission scheme is equal to that of the basic access
scheme. As the data frame length increases, the adaptive
transmission scheme apparently outperforms the other four
transmission schemes.
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Figure 7 gives the packet delay varying with the number
of nodes. It can be seen that the packet delay of the adaptive
data transmission scheme is lower than that of the other
schemes as the number of nodes increases.

Figure 8 describes the packet delay adopting different
transmission schemes. Similarly, when the data frame length
is less than the RTS threshold, the packet delay of the adaptive
transmission scheme is equal to that of the basic access
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scheme. As the data frame length increases, the adaptive data
transmission scheme outperforms the other schemes.

Analytical results shown in Figures 5–8 demonstrate the
effectiveness of the adaptive data transmission algorithm.
This is due to the fact that the adaptive data transmission
scheme considers both the length of data frame at the
MAC layer and instantaneous wireless channel conditions
compared with the other transmission schemes when data
packets are transmitted.
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5. Evaluation of CAC-MAC Protocol

In this section, we evaluate the performance of the CAC-
MAC protocol compared with the legacy IEEE 802.11
protocol based on NS2 [15, 16].

We consider a wireless ad hoc network based on IEEE
802.11a where 15 nodes are randomly deployed in the
area of 300 m × 300 m. In this network, there exits three
source-destination pairs that are selected randomly and the
remaining nodes can be exploited as relay nodes. Each of the
three source nodes generates traffic at the constant bit rate
(CBR) of x bps with a packet length of 1500 bytes and the
relay nodes work on the decode-and-forward (DF) mode. We
change the value of “x” to reflect the scenarios of different
node traffic loads. We adopt Rayleigh fading model in the
simulations.

We compare CAC-MAC protocol (CAC-MAC) with
legacy IEEE 802.11 protocol (802.11) in terms of network
throughput and packet delay.

Figure 9 reveals the network throughput varying with
source nodes traffic load, that is, the value of x. As each node
traffic load increases, the network throughputs adopting
CAC-MAC protocol and IEEE 802.11 protocol both increase
up to saturation; however, the CAC-MAC protocol always
significantly outperforms IEEE 802.11 protocol.

Figure 10 depicts the relation between packet delay and
source nodes traffic load. It is evident that data packets in
CAC-MAC protocol experience significantly less delay than
in legacy IEEE 802.11 protocol as the source nodes traffic
load increases.

As demonstrated in Figures 9 and 10, CAC-MAC
protocol can achieve a much higher network performance
than the legacy IEEE 802.11 protocol in terms of network
throughput and packet delay. These improvements primarily
stem from the novel cross-layer adaptive approach to design
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Figure 10: Packet delay versus node traffic load.

the cooperative MAC, which involves interaction of both
MAC layer and physical layer.

6. Conclusions

In this paper, we propose a cross-layer adaptive cooperative
MAC (CAC-MAC) protocol for IEEE 802.11 DCF-based
wireless ad hoc networks, which consists of a realistic coop-
erative framework to exploit both MAC layer and PHY layer
information. In CAC-MAC protocol, each data transmission
is based on two planes: control plane and data plane.
The control plane is to determine the data transmission
mode, in which the main issues include relay selection
and the cross-layer adaptive data transmission algorithm.
The data plane is in charge of transmitting, receiving, or
forwarding data packets according to the transmission mode.
Simulation results based on NS2 show that our proposal can
significantly improve network throughput and reduce packet
delay compared with legacy IEEE 802.11 protocol.
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A mobile agent routing algorithm (MARA) is presented in this paper, and then based on the dual-channel communication model,
the two-layer network combination optimization strategy is also proposed. Since this strategy deals with the collision between
packets and the multicast suppression in channel competitive process well, the blocking probability of network and the error rate of
packet transmission can be cut down by utilizing this strategy. Furthermore, a restore rule for the failure optimal route is presented
too. By using this rule, the optimal route can restore quickly in the local of fail nodes and most of the information of original
optimal route can be reserved. Compared with other existing algorithms like ant colony optimization-based dynamic energy-
efficient mobile agent routing algorithm (ADEEMA) and mobile agent-based wireless sensor network (MAWSN), simulation
results show that MARA performs better in improving the success rate of packet transmission and cutting down the delay of
communication. The success rate of packet transmission is improved 15%. Simultaneously, this algorithm can keep the ant agents
away from the nodes with less residual energy in searching for the optimal route. This way can make the energy of each nodes on
the optimal route overall decline and hence improve the lifetime of network.

1. Introduction

Sensor devices have already become more smaller in size,
lower power, and lower cost. With the developments of
microelectromechanical systems, wireless communications,
and digital electronics, such extremely small devices integrate
sensing data processing and communication capabilities.
Large numbers of sensor nodes can be deployed in the areas
of interest such as disaster places and use self-organization
and collaborative methods to form a sensor network. The key
factors that influence the performance of wireless sensor net-
work are as follows. (1) The packet collision between control
packet and data packet. In the process of channel competitive,
how to significantly reduce the amount of packets conflict in
shared channel is a research hot spot, when two sensor nodes
attempt to use the shared channel transiting packets at the
same time. The packet conflict between control packet and
data packet is the prime reason which causes communication
conflict in channel competitive, so the rate of them is
the key factors that influence the performance of wireless

sensor network. (2) The redundancy information. Since the
sensor nodes in a wireless sensor network are deployed in
an arbitrary manner, an important task of wireless sensor
network is to monitor and collect the relevant data in a
set of targets. So a full sensing coverage like in literatures
[1, 2] is one of the main requirements, which demands that
every location in the target should be covered by at least
one sensor. Moreover, to cope with the problem of faulty
sensor nodes and guarantee network functionality, duplicate
coverage of the same region is an appealing solution through
using appropriate sensors redundancy strategies. Sensors
redundancy can guarantee that there exists at least one
communication path between any pair of sensor nodes and
meet the requirement of fault tolerant. But these redundancy
sensor nodes will produce a large amount of redundancy data
that needs to be processed. These redundancy dates stream
need more transportation bandwidth to communication,
this can lead to network communication blocking. Cormio
and Li et al. proposed an approach to avoid collisions
between data packets and control packets by using separate
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channels for different kinds of packets in literatures [3–
6]. This strategy can significantly reduce the amount of
communication collisions and hence the energy consumed.
But the local transmissions mode presented by these paper
cannot balance the energy consumption of each nodes in the
proposed route. This local transmission mode can lead to
excessive use of some sensor nodes and lead to the premature
death of these nodes. Fok, Li, and Chen et al. presented
a mobile agent model in literatures [7–13]. Base on this
model, they can successfully complete information fusion in
sensor node and avoid transmitting large number of data,
hence, reduce energy consumption of network. In wireless
sensors network, processor node is the leader of data query
processing and is the recipient of trade data stream, which
can complete the effective collection of the correct data by
means of moving the mobile agents from processor node to
all the target nodes, and other nodes do not need to direct
transmits data to process node. This strategy of collecting
data has two advantages: (1) It can reduce the requirement
of bandwidth and lowered the network load effectively.
(2) According to network load, determine dynamically the
way of data processing methods and the way of mobile
agent migration strategies. So this strategy can be used to
balance network load and improve network performance.
Based on the ant colony optimization in literature [14],
a dynamic energy-efficient mobile agent routing algorithm
is presented in literature [12], the route chosen by this
strategy can consider both the energy consumption and
the node’s residual energy. However, since this algorithm
adopted the single channel wireless sensors network, the
collisions between control packet and data packets cannot
be avoided, and the error rate of packet transmission may
be high. To solve the problems in these algorithms, a new
mobile agent routing algorithm (MARA) based on the dual
channel wireless sensors network is presented in this paper.
This algorithm proposes a combination optimization route
strategy, when there is enough idle resource in the data
plane, the service blocked in the control plane can use these
idle resources to transmit control packet in synchronous
manner, so the blocking probability of network can be cut
down by this means and the effective utilization of these idle
resource in dual channel will be realized. Simultaneously, a
restore rule for the failure optimal route is presented to adapt
to the topology changes in dynamic sensor network as in
literatures [15, 16]. When the network topology is changed,
a new optimal route can be found fast by using this strategy
and most information of the original optimal route can be
reserved. So both the delay of communication and the energy
consumption for restoring the optimal route can be cut down
by this means.

The remainder of this paper is organized as follows: in
Section 2, the related work is summarized; in Section 3, we
describe the models in our work; in Section 4, we present
the mobile agent combination optimization routing algo-
rithm in detail; in Section 5, we present the strategy of
rapid restoring optimal route on the basis of keeping most
information of the original optimal route; in Section 6, we
provide experimental results; finally, we conclude this paper
in Section 7.

2. Related Work

The factors that influence the performance of wireless
sensor network has been widely discussed in many papers.
According to the cause of these factors, the factors that
influence the performance of network are classified into
three categories: the packet collision between control packet
and data packet, the redundancy information, and topology
control of network.

In a single channel ad hoc network as in literatures [1, 2],
one channel is shared by a number of communication nodes,
located in close proximity. The throughput of such a network
depends largely upon the performance of the multiple
access control (MAC) protocol in use, which controls and
coordinates the access of the nodes to the shared channel.
In order to increase the throughput, many MAC schemes
require nodes to sense the common channel before packet
transmission. However, collisions which arise when more
than one packet is received at a node at the same time are
still possible. The authors of [5] propose a collision avoidance
scheme, they propose the dual busy tone multiple access
protocol, they use the RTS packets to initiate channel request,
two out-of-band busy tones are then used to protect the RTS
packets and the data packets, respectively. In this strategy,
the whole channel is split into two subchannels for message
transmission and control packet transmission. A ready node
sends its request to the target node on the request channel,
successful requests will be acknowledged by the node passed
through before the data packet is transmitted. This way can
successfully put down the collision of network.

In literatures [4, 6], it was proved that the packet
conflict between control packet and data packet is the prime
reason which causes communication conflict in the process
of channel competing. These communication conflict and
interference seriously decrease the packet delivery ration
of multihop flows. So the rate of them is the key factors
that lead to the poor throughput performance of wireless
sensor network. The authors of literature [6] present a
novel effective random medium access control protocol.
This new protocol uses an out-of-band busy tone and two
communication channels, one for control frames and the
other for data frames, and can give a comprehensive solution
to the aforementioned problems in single channel ad hoc
network. This protocol can improve the throughput by up
to 20% for one-hop flows and by up to 5 times for multihop
flows under heavy traffic.

Sensors redundancy can guarantee connection of net-
work and meet the requirement of fault tolerant. But these
redundancy sensor nodes will produce a large amount of
redundancy information that needs to be processed. So,
how to complete data aggregation in order to put down the
amount of redundancy information has been well studied in
recent years. In network aggregation means, computing and
transmitting partially aggregated data rather than transmit-
ting all the raw data to reduce energy consumption. There
are a vast amount of extant works on data aggregation in the
literatures [7–13].

Mobile agent model was proposed for completing data
aggregation and putting down the amount of redundancy
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information in literature [12], the mobile agent is a special
kind of software that propagates over the network either peri-
odically or on demand (when required by the applications).
It performs data processing autonomously while migrating
from node to node. As described in [12], many inherent
advantages of the mobile agent architecture make it more
suitable for wireless sensor network, and it is found to be par-
ticularly useful for data fusion tasks in distributed wireless
sensor network. To solve the problem of the overwhelming
data traffic, Fok et al. [7] proposed mobile agent-based
distributed sensor network for scalable and energy efficient
data aggregation too. By transmitting mobile agent to sensor
nodes, a large amount of sensory data can be reduced or
transformed into a small amount of data by eliminating the
redundancy.

How to adapt to the topology changes is a research
hot point in the learning of the dynamic wireless sensor
network. Precious sensor node battery power can be saved
by topology control measures that can dynamically adjust
the radio transmission range of individual sensor nodes
to balance energy efficiency while maintaining adequate
network connectivity [15, 16]. In order to adapt to the
topology changes in dynamic sensor network, a restore rule
for the failure optimal route is presented in literature [15]. A
new optimal route can be found fast by this strategy and most
information of the original optimal route can be reserved.
Base on this restore rule, we propose a new restore strategy,
this strategy is that, when there are some nodes failed in the
optimal route, we first draw a circle such that its diameter
is denoted by the line between the failure node’s father node
and child node, then we can find some new nodes around the
failure node to repair this failed optimal route in this circle,
thus we can get a new optimal route near the old one. So both
the delay of communication and the energy consumption
for restoring the optimal route can be cut down by this
means.

3. The Model of MARA Algorithm

3.1. Mobile Agent’s Attributes and the Communication Energy
Consumption Model. In this paper, mobile agent has the
properties as follows. (1) Mobile agent has to store the
position information of the processing node, the target node
and the nodes visited by this mobile agent. (2) Mobile
agent has the function to complete data fusion on each
target node. (3) Mobile agent has the function to complete
data acquisition and processing on each target node. The
capacity of data taken by mobile agent is constantly and
the data precision will be increased when the mobile
agent travels along the optimal route which can reach all
the target nodes in network. At the same time, we use
the radio model as discussed in [15] to analyze energy
consumption of sensor nodes. For transferring k-bits data
message between the father node and the child node, the
transmitting and receiving energy costs are given by (1) and
(2), respectively, d in (1) is the distance between the two
nodes:

Transmitting energy costs model:

ET(k,d) =
{
E1 × k + a× k × d2 d ≤ d0,

E1 × k + b × k × d4 d > d0.
(1)

Receiving energy costs model:

ER(k) = E1k, (2)

where ET(k,d) in (1) denotes the total dissipated energy
in the transmitter and ER(k) in (2) represents the energy
cost incurred in the receiver. The parameters E1 in (1)
and (2) is the per bit energy dissipation for transmission
and reception. In order to maintain an acceptable signal-
to-noise ratio and transfer data messages reliably, we use
both the free-space propagation model and the two-ray
ground propagation model to approximate the path loss
sustained due to wireless channel transmission. When d is
less than or equal to the threshold transmission distance d0,
the free-space model is employed, and let transmit amplifier
parameters corresponding to this model is equal to a. When
d is greater than the threshold transmission distance d0,
the two-ray model is applied for this case and let transmit
amplifier parameters corresponding to this model is equal to
b.

3.2. The Two-Layered Graph Network Model. In this section,
to solve the channel converter problem in wireless sensor
network, the two-layered graph model is constructed based
on graph theory. In this model, the number of available
channels is always one. Each channel can be represented by
a layer which has the same set of sensor nodes and links that
are duplicated in each layer (Figure 1).

In this model, two layers, each of which corresponds to a
single channel, are generated. The channel converter can be
represented by the inter layer links between the same node in
different layer. By utilizing this model, because each node and
link deals with only one channel, so the channel converter
problem is simplified into a routing problem over the two-
layered graph model. The two layers are one for transmitting
control packet and the other for transmitting data packet.
By using the separate channel layers, we can avoid collisions
between control packets and data packets. The channel layer
used to transmit control packet is referred to as the control
plane, and the other one is referred to as the data plane, when
there is enough idle resource in data plane, a combination
optimal strategy in control plane and data plane is proposed.
The service blocked in control plane can use this idle resource
to transmit control packet in synchronous manner. So the
blocking probability of network can be cut down and the
success ratio of packet transmissions can be improved by
using this strategy.

3.3. Neighbor Information Table and the Optimal Route
Evaluation Standard. In this paper, a wireless sensor network
model similar to those used in literatures [9–12] is applied,
with the following properties.

(1) All sensor nodes are immobile and have a unique ID.
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(a) Physical topology

Layer 1: control plane

Layer 2: data plane

(b) Layered-graph with two channels

Figure 1: Two-layered graph model.

(2) All sensor nodes are energy constrained with a uni-
form initial energy accusation.

(3) All sensor nodes have two communication channels,
one for transmitting control packets and the other for
transmitting data packets.

(4) All sensor nodes have two omni-directional antennas,
one for transmitting packets and the other for receiv-
ing packets.

Each sensor nodes should build its own neighbor infor-
mation table. Every neighbor information table has its own
memorizer to store the information as follows.

(1) The ID of the local sensor node and its neighbor sen-
sor nodes.

(2) The residual energy of the local sensor node and its
neighbor sensor nodes.

(3) The position information of the local sensor node
and its neighbor sensor nodes.

(4) The density of ant pheromones between the local sen-
sor node and its neighbor sensor nodes.

This paper also proposes a new optimal route evaluation
standard which can be used to evaluate the performance of
the optimal route. This evaluation standard is considerate to
both the overhead on the route and the residual energy of the
nodes. This evaluation standard can keep the optimal route
away from the nodes with less residual energy and make the
energy of each nodes on the optimal route overall decline and
hence improve the lifetime of wireless sensor network. This
evaluation standard is defined as

D =
√
√
√
√λ1σ2 +

(
λ2 × En1

λ3 × En2 + λ4 × En3

)2

. (3)

The less value of D, the better route is. In expression (3),
λ1, λ2, λ3, and λ4 are partialness bias parameters, and they
satisfy λ1 > 0, λ2 > 0, λ3 > 0, λ4 > 0, and λ1 + λ2 + λ3 + λ4 = 1.
En1 denotes the total energy consumption in the route, En2 is
the average residual energy of all the nodes in the route, En3

is the minimum residual energy of all the nodes in the route.
σ is the standard deviation of the residual energy which is
that of all the nodes in the route.

4. The Algorithm of MARA

In dual-channel wireless sensor network, to put down the
probability of collision between data packet and control
packet, an isolation transmission strategy is proposed in this
paper. This strategy can avoid collision between the different
packets by transmitting control packet in control plane and
transmitting data packet in data plane. The optimal route
between the source node and the target node can be found
through using the Mode 1 of the mobile agent routing
algorithm to search in control plane. In data plane, the
data packets can be sent across the optimal route which
was found by using Mode 1 of the mobile agent routing
algorithm. When there is enough idle resource in data plane,
the blocking transport traffic in control plane can be sent
down to search for the optimal route in data plane. This way
can put down the blocking probability of network and the
Mode 2 of combination optimization strategy can be put into
effect.

Mode 1. The process of searching for the optimal route in
control plane by using the mobile agent routing algorithm is
given as below.

Phase 1. There are m species ants in the control plane and
every species has n ants. If the initialization source node v
gets the request from the set of target nodes u = {ui|i =
1, 2, . . . ,m}, the ants are dispatched at regular intervals from
v-node to search the target nodes. First v-node uses the
position information of each target nodes to find the nearest
target node. Assume that node ui is the nearest target node to
v-node. The ant is dispatched from v-node to search for the
node ui has to storage information as follows: (1) the position
information of node ui; (2) the position information of node
v; (3) the ID number and the residual energy of the nodes
have been visited by the ants.

Phase 2. When the ant k arrived at the i-node, the infor-
mation of the i-node’s neighbor nodes in the neighbor
information table will be modified as the following rules:
(1) if the target node ui in the neighbor information table,
only the target node ui can be reserved in this neighbor
information table; (2) if the node belongs to the neighbor
information table of the i-node has been visited by the



International Journal of Distributed Sensor Networks 5

ant k, this node should be eliminated from the neighbor
information table; (3) after rule one, suppose the target
node ui is not in this neighbor information table, let di
be the distance between the i-node and the target node ui.
If the distance between the target node ui and the node
belongs to this neighbor information table is larger than
di, then this node should be eliminated from the neighbor
information table. Base on the fake random proportion
rule, the ant k in i-node will choose j-node belongs to
the modified neighbor information table of i-node as the
next hop node. When the ant k arrived at the j-node,
the information of the ant k storage should be modified
and the local pheromone should be modified as follows
formula:

�i j ←− (1− ξ)�i j + ξ�0. (4)

In this expression, ξ and �0 are two parameters, and ξ
satisfies 0 < ξ < 1, �0 is the initialization pheromone.

Phase 3. When the ant k arrived at the target node ui,
first, the ant k should judge the position information of the
target node ui whether is the same as initialization source v-
node’s. If the position information of the target node ui is
the same as initialization source v-node’s, then turn to step
5; otherwise, the ant k will delete the target node ui from
the set of target nodes. If the set of target nodes have been
modified, and it is not an empty set, then, the ant k will
find the nearest target node to the target node ui by using
the position information of every target node. Suppose the
target node uj is the nearest target node to the target node
ui, we assign the position information of the node ui to the
v-node and assign the position information of the node uj

to the node ui, and turned to Phase 2; otherwise turned to
Phase 4.

Phase 4. Put the initialization source v-node into the set of
the target nodes, and let the initialization source v-node as
the target node ui; let the last visited target node ui as the
source v-node and turned to Phase 2.

Phase 5. The route optimal degree can be calculated accord-
ing to formula (3). When the whole of a species ants arrive
in the target nodes v, the route which has the smallest route
optimal degree should be put into the set of the optimization
routes, then the global pheromone will be modified as
follows formula:

�i j ←−
(
1− ρ

)
�i j + ρΔ�i j , ∀(i, j) ∈ Tvu, (5)

where Δ�i j = 1/Cvu is the increment of the pheromone;
the parameter Cvu is the overhead of the optimization route;
the parameter ρ is the evaporation rate of pheromone;
the parameter Tvu denotes the optimization route. Then a
new ant belongs to the another species will be dispatched
to find the optimization route again. When the ants have
been dispatched, the route with the smallest route optimal
degree in the set of the optimal routes can choused, as the
route which the mobile agent travel along to complete data
collection and fusion.

Mode 2. The process of searching for the optimal route
in two-layers plane by using the combination optimization
strategy is described as follows.

Phase 1. Ant agents search the optimal route for each traffic
synchronously in control plane. When there is enough
network resources in the control plane, the ant agents will
search the optimal route for this traffic in control plane like
Mode 1, otherwise, proceed to next step.

Phase 2. First, the ant agents in the i-node conduct a survey
to make sure whether there is enough bandwidth resources
in data plane between the i-node and the nodes lay in the
i-node’s neighbor information table which the ant agent did
not visit before. If there are not enough bandwidth resources,
the ant agents ceased implementing this searching route
business, otherwise, proceed to next step.

Phase 3. The ant agents find the next hop node j to transmit
inquiry information between i-node and j-node in data
plane like Mode 1. When the inquiry information arrived at
j-node, the ant agents should conduct a survey to make sure
whether there is enough bandwidth resources in the control
plane between the j-node and the nodes lay in the j-node’s
neighbor information table which the ant agents did not visit
before. If there are not enough bandwidth resources, the ant
agents continue to search the next hop node in data plane.
Otherwise, the ant agents return to the control plane and
search the optimal route in control plane like Mode 1.

5. The Strategy of Rapid Restoring
Failed Optimal Route

Let v-node be the source node and let u-node be the target
node. In the free space model, the energy consuming for
transmitting a unit of information between v-node and u-
node is denoted by En. Let v → w → u be a route from v-
node to u-node which passes through w-node, if the energy
consumed in this route for transmitting a unit of information
is less than En, then d2

vw + d2
wu < (dvu)2, by cosine theorem,

the angle ∠vwu is an obtuse angel, hence, the w-node in
the circle which diameter is vu, denoted by the infection
circle between v-node and u-node. If the energy consumed
for transmitting a unit of information is equal to En, then
d2
vw + d2

wu = (dvu)2, by Pythagorean theorem, the angle
∠vwu is a right angel, hence, the node w is on the infection
circle. The node w is said to be the infection shortcut node if
the energy consumed for transmitting a unit of information
is less than or equal to En in route v → w → u. The
diameter vu divide the infection circle into two semicircle,
so the routes from v-node to u-node which pass through the
infection shortcut nodes in any semicircle have the following
properties.

Theorem 1. Let vw1w2 . . . whu be a route travel along the
infection shortcut nodes in the semi-circle from the source v-
node to the target u-node, then, for transmitting a unit of
information, the energy consumed by this route is less than or
equal to En.
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Figure 2: The local route restoration.

Proof. Since the nodes w1,w2, . . . ,wh lie in the semi-circle,
then �vw1w2, �vw2w3, . . . , �vw(h−1)wh are obtuse trian-
gles, �vwhu is a right triangle. Since �vw1w2 is an obtuse
triangle, by cosine theorem, then d2

vw1
+ d2

w1w2
< d2

vw2
.

Since �vw2w3 is an obtuse triangle too, similarly, by cosine
theorem, we can get formula: d2

v,w2
+ d2

w2,w3
< d2

v,w3
, that is,

d2
v,w1

+ d2
w1,w2

+ d2
w2,w3

< d2
v,w3

. Furthermore, d2
v,w1

+ d2
w1,w2

+
· · · + d2

w(h−1),wh
< d2

v,wh
. Since �vwhu is a right triangle, by

Pythagorean theorem, we can get formula: d2
v,wh

+d2
wh ,u = d2

vu.
Furthermore, d2

v,w1
+ d2

w1,w2
+ · · · + d2

w(h−1),wh
+ d2

wh ,u < d2
v,u,

and hence, the energy consumption for transmitting a unit
of information is less than or equal to En.

Now turn to the case of two-ray model. We compare
this with the case of the free-space model and claim that
Theorem 1 still holds good under these circumstances. In the
free-space model, the distance between nodes is large than
d0, suppose w-node is a node in the circle whose diameter is
vu, so the angle ∠vwu is an obtuse angel, by cosine theorem,
we get the formula as follows: d2

v,w +d2
w,u < d2

v,u, so we can get

formula: d4
v,w + d4

w,u < (d2
v,w + d2

w,u)2
< (d2

v,u)2. Furthermore,
d4
v,w + d4

w,u < d4
v,u.

Hence, under the two-ray model, w-node is also a infec-
tion shortcut node in the infection circle whose diameter
is vu. Suppose vw1w2 . . . whu be a route travel along the
infection shortcut nodes in the semicircle from the source
v-node to the target u-node, by cosine theorem and the
Pythagorean theorem, then d2

v,w1
+ d2

w1,w2
+ · · · + d2

w(h−1),wh
+

d2
wh,u < d2

v,u. Further more,

(
d2
v,w1

+ d2
w1,w2

+ · · · + d2
w(h−1),wh

+ d2
wh,u

)2
<
(
d2
v,u

)2
,

d4
v,w1

+ d4
w1,w2

+ · · · + d4
wh ,u

<
(
d2
v,w1

+ d2
w1,w2

+ · · · + d2
wh ,u

)2
< d4

v,u.

(6)

So Theorem 1 still holds good under the two-ray model.

Theorem 1 provides a rapid restoration strategy for the
failed optimal route, The detail is that, when there are some
nodes failed in the optimal route. we first draw a circle such
that its diameter is denoted by the line between the failure
node’s father node and child node, then we apply the MARA
algorithm to restore this section failed optimal route in this
circle. Finally, we can find some new infection shortcut nodes
around the failure node to repair this failed optimal route on
the basis of keeping most information of the original optimal
route. Figure 2 shows a section of the optimal route from the

source node to the target node, the c-node in this optimal
route cannot work due to some reasons. We draw a circle
which diameter is denoted by the line between the failure
node’s father b-node and child e-node. Then, we can find
some infection shortcut nodes in this circle to restore this
section of the optimal route. Since d-node in this circle, b-
node, and e-node in the neighbor list of the d-node’s, we can
replace the failure route b → c → e by b → d → e. This
strategy can help us to complete the local route restoration
and keep most information of the original optimal route.

6. Experimental Results

In this section, we perform the experiments with the network
simulator platform OMNeT + + version 4.1. The network
used in experiments is randomly generated. The program-
ming language is C#. We implement these experiments to
evaluate the performance of MARA and then compare the
performance of MARA with other algorithms like ADEEMA
in literature [12] and MAWSN in literature [9]. In our
experiments, we use a network with 250-node random
deployed in a square area of 200 m× 200 m. The source node
located at (x = 0, y = 0) and the target node located at
(x = 185, y = 185). The initial energy of sensor node is
1 J, the emitting power of sensor node is 15 mW, the received
power and the idle power of sensor node are 8 mW. The
bandwidth of the total channel is assumed to be 2 Mbps,
the bandwidth of the control channel is assumed to be
0.4 Mbps, The bandwidth of the data channel is assumed
to be 1.6 Mbps. Let the parameters in formula (3) equal to
λ1 = λ2 = 0.3, λ3 = λ4 = 0.2. λ1, λ2, λ3, and λ4 denote the
adjustable weight of different variable. We assume that the
data packet is 400 bytes, the request frame, the remove frame,
and the acknowledgement frame are 40 bytes.

Figure 3 shows the relationships of different algorithms’
success rate of packet transmission. According to Figure 3,
we can conclude that, when the load of network is heavy,
the production rate of data packet have significant influence
upon the success rate of packet transmission. The reason is
that the collision between the data packet and the control
packet will aggravate constantly with the network load going
up. However, since the MARA algorithm adopts the strategy
of isolation transmission, which can avoid the collision
between the data packet and the control packet during the
course of network load going up and hence improve the
success rate of the packet transmission.

Figure 4 shows the relationships of different algorithms’
average communication delay. The delay of consumption is
estimated by using the average value of the absolute differ-
ences between two frames. One is the time consumption
for transmitting packets from source node to target node
in a light load network, the other is the time consumption
for transmitting packets use different algorithms separately
under different load conditions. According to Figure 4, we
can conclude that, when the load of network is heavy, the
average communication delay of MARA is the smallest one.
The reason is that the strategy of combination optimal is
adopted by MARA, this way can make full use of the idle
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Figure 3: The success rate of packet transmission.
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Figure 4: The average delay of communication.

channel resource in different layers. When there is enough
idle resource in the data plane, the service blocked in the
control plane can use these idle resource to transmit control
packet in synchronous manner. So this way can put down the
delay of communication efficiently.

To further verify the performance of three algorithms,
the following experiment is done. Fixed the position of the
source node at (x = 0, y = 0), then continual readjust
the position of the target node. The MARA, MAWSN, and
ADEEMA are separately used to search for the optimal
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Figure 5: The minimal residual energy of the nodes.

routes from the source node to the target node in network.
When the target node located at different position, we
transmit a unit of information equal to 400 bytes along the
optimal routes which were found by different algorithms.
Figure 5 shows the relationships of the minimal residual
energy of the nodes in different optimal routes. According
to Figure 5, it can be seen that the minimal residual energy
of the nodes in optimal route which was found by MARA
is higher than the minimal residual energy of the node in
optimal routes which were found by MAWSN and ADEEMA.
This is because we proposes a new optimal route evaluation
standard and use this rule to evaluate the performance of
the optimal route. This evaluation standard can keep the ant
away from the nodes with less residual energy in the process
of searching route, so the minimal residual energy of the
nodes in optimal route is the largest. The MAWSN algorithm
based on the greed strategy is proposed, this greed strategy
does not consider the residual energy of nodes in choosing
the next hot node. So the minimal residual energy of the
nodes in optimal route which was found by MAWSN is the
smallest one.

Figure 6 shows the relationships of total energy cost of
the different optimal routes. According to Figure 6, we can
conclude that the total energy consumption of the optimal
route which was found by MARA is smaller than the total
energy consumption of the optimal routes which were found
by ADEEMA and MAWSN, this stems from two respect
reasons commonly. Firstly, this is because MARA algorithm
adopts the strategy of combination optimal, this way can
improve the success rate of packet transmission, hence put
down the total energy consumption of the optimal route.
Secondly, MARA algorithm uses the inquire information to
search for the optimal route and lets the mobile agent travel
along the optimal route to complete data acquisition and
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Figure 6: The total energy cost of the optimal routes.

processing. This strategy can put down the workload of data
transmission, hence reduce the total energy cost. However,
MAWSN and ADEEMA algorithm use the mobile agent to
search for the optimal route, mobile agent contain more
data quantity than inquire information, so these algorithms
improve the amount of data transmission and hence improve
the total energy cost.

How to adapt to the topology changes is a research hot
point in learning of the dynamic wireless sensor network,
the simplest way is to restart the algorithm to search for
the other optimal route in network. But this strategy does
not make full use of the information of original optimal
route, while the new optimal route will be in some sense
related to the original one. A new rapid restoring strategy
is presented in Section 4, this strategy can reserve enough
original information to speed up the process of searching for
the new optimal route. This rule can search some shortcut
nodes around the failure node to repair this failed route,
hence the new optimal route can be obtained quickly, and
most information of original optimal route can be reserved.
We can see from the following experiment that our strategy
can find a new optimal route quickly when the topology
changes. Fixed the position of the source node at (x = 8, y =
0), the number of target node is eight, fixed the position of
the target nodes at (x = 180, y = 137), (x = 183, y = 139),
(x = 178, y = 149), (x = 181, y = 158), (x = 187, y = 151),
(x = 185, y = 153), (x = 182, y = 163), (x = 185, y = 160).
In Figure 7, we prove the rapid restoring strategy is available,
the Figure 7(a) is the optimal route between the source node
and the target nodes which was found by MARA, when two
red nodes fail, a new optimal route as shown in Figure 7(b)
can be obtain by this rule. According to Figure 7, we can
find that the two optimal routes are almost identical except
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Figure 7: (a) The original optimization route. (b) The restoring
optimization route.

the area where the nodes fail. Because this rule only restores
in the area where topology changes, we can reserve enough
information of original route. Thus, we can get a new optimal
route near the old one. Both the delay of communication and
the energy consumption for restoring the optimal route can
be cut down by this means.

MARA is a novel evolutionary algorithm based on ant
colony strategy which derived from the foraging behavior
of real ant. This strategy let sensor nodes periodically
release inquiry information which has the property of ants.
The node received inquiry information will updat its local
information opportunely. So, MARA is a scalability algo-
rithm which is of strong suitability. MARA has polynomial
computational complexity, its computational complexity is
O(m ∗ n3). The computational complexity of MAWSN is
O(m ∗ n3 + m ∗ n) and ADEEMA is O(m ∗ n3 + m ∗
lgn), where m is the numbers of cycle, n is the number of
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node. It can been seen MARA has the lowest computational
complexity. The result of the above-mentioned experiment is
in accordance with this analysis.

7. Conclusions

A mobile agent routing algorithm is presented in this paper
to solve the problems of collision between packets and
multicast suppression in channel competitive process. First,
with a two-layer graph model, the channel converter problem
in dual-channel wireless sensor network can be simplified
into a routing problem over the two-layer graph, so we
can search for routes in the control plane and transport
traffic in the data plane synchronously. Then, the control
plane and the data plane are integrated into a two-layer
network, and searching route for each traffic in the two-layer
network opportunely. This algorithm can make full use of
these idle resource in different layers, when there is enough
idle resource in the data plane, the service blocked in the
control plane can use these idle resource to transmit control
packet in synchronous manner, so the blocking probability
of network can be cut down by this way. This strategy deals
with the collision between packets and multicast suppression
in channel competitive process well, so the error rate of
packet transmission can be cut down by this strategy. Second,
a data fusion strategy based on the mobile agent model
is also presented. This strategy can reduce the amount of
transmitted data, hence reduce the energy consumption of
wireless sensor network. Last, a restore rule for the failure
optimal route is developed to adopt to the topology changes
in dynamic sensor network. The optimal route can restore
quickly in the local area of failure sensor nodes, and most
of the information of original optimal route can be reserved
by this rule. So both the delay of communication and the
energy consumption to restore the optimal route can be
cut down by this way. Although the assumption of node
has two communication channel improving the cost of
sensor about 6%, this way can improve the success rate
of packet transmission by 15% and cut down the delay of
communication evident. Hence, these benefits are worth to
improve the cost of sensor.
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