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Abstract—In underwater acoustic networks, the objective that
researchers are pursuing is establishing a network with high re-
liability, high throughput and low energy consumption. Network
coding can enhance reliability and throughput of network. More-
over, the throughput of network will be significantly improved
by analog network coding. Accordingly, with higher reliability
and higher throughput, the energy consumption will be lower. In
this paper, the linear network coding and analog network coding
are combined creatively. Besides, a SNR estimation algorithm
is used to choose packets instead of choosing packets randomly
for decoding. Afterwards, for taking advantage of the redundant
packets better, packets are refreshed via bit-by-bit comparison.
At last, we present numerical experiments to evaluate the
performance of this scheme.

Index Terms—underwater acoustic networks, linear network
coding, analog network coding, transport protocol.

I. INTRODUCTION

The research of Underwater Acoustic Networks (UANS) has
received much attention recently, especially for some practical
applications of UANSs, such as oceanographic data collection,
offshore exploration, disaster prevention, and tactical surveil-
lance applications[1].

Because of the low propagation speed of acoustic signals
(around 1500m/s), the propagation delay of acoustic signals is
much longer than that of radio communication networks. Be-
sides, data rates are very low due to the absorption, multipath
and fading. Eventually, UANs usually suffer from high error
probabilities because of error prone underwater acoustic chan-
nels as well as frequent changes in UAN topologies, which are
caused by currents and tides[2]. Underwater communication
equipment is powered by battery, which is power-limited and
cannot be recharged. Consequently, it is essential to use battery
efficiently. Under such circumstances, more reliable and higher
throughput protocol for data transfer is highly required in
UANS.

Network coding (NC) is proposed by Ahlswede et al.[3].
They demonstrate that by employing coding at the nodes,
bandwidth can in general be saved. Katti et al. present analog
network coding which exploits the interference to increase
network capacity[4].
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Network coding is a promising technique in terms of error
recovery and throughput improvement in UANs. Moreover,
analog network coding (ANC) has been demonstrated as an
effective method of achieving remarkable throughput gains
in multi-hop wireless network. The basic idea of ANC is
to strategically make signals interfere at routers, afterwards
routers forward the interfering signals instead of forwarding
packets. The receiver leverages network-level information to
cancel the interference, and recover the signal destined to it.

In this paper, we propose a Joint Linear-Analog Network
Coding Based Protocol for Data Transfer in Underwater
Acoustic Networks, LNC&ANC-MF for short. With this
method, data transfer will be more reliable and the throughput
will be higher. In LNC&ANC-MF, we build three disjoint
paths first. Then six coded groups of packets (including three
redundant groups of packets) are transferred from source to
sink.

The organization of this paper is as follows. In Section II,
we give the related work. In Section III, we develop a new
network coding based protocol for data transfer. Numerical
experiments are conducted in Section IV and conclusions are
given in Section V.

II. RELATED WORKS
A. VBF-NC

Vector Based Forwarding-Network Coding (VBF-NC) is
a reliable data transfer scheme proposed by Guo et al.[5].
They show us how to achieve error recovery through NC in
UANSs. In VBF-NC, vector-based forwarding(VBF) is used
to build multiple paths. Afterwards, network coded packets
are delivered through the multiple paths. The disadvantage of
this scheme is that VBF-NC only utilizes the error recovery
function of network coding, but does not take advantage
of the most significant feature of network coding, namely
improvement of throughput.

B. MPNC

Multiple Paths and Network Coding (MPNC) , presented by
Cai et al., improve the throughput[6]. Meanwhile they have a
higher data delivery ratio and lower energy consumption in
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comparison with VBF-NC. Though MPNC perform well in
UANS, there are some improvable aspects. One is to choose
packets used for decoding selectively at relay nodes and sink
node instead of random selection, which may cause decoding
errors. The other one is to promote the usage of redundant
packets when a node receives adequate packets for decoding.
In MPNC, it assumes that nodes can decode successfully
when they receive adequate packets. However, in this way,
transferring redundant packets will waste network resources
rather than improving reliability. The throughput has a great
opportunity to be improved in UANs with multiple paths.

Fig. 1. network topology in LNC&ANC-MF

III. LNC&ANC-MF

In this work, one novel network coding based protocol
for data transfer in UANSs, called Linear Network Coding
and Analog Network Coding based Multi-path Forwarding
(LNC&ANC-MF) , is proposed to enhance the reliability and
throughput in UANS.

In LNC&ANC-MF, as shown in Fig.1, a group of data
packets needs to be transferred from the source node S to the
sink node D over three disjoint paths, i.e., three relay nodes are
in a relay set. For simplicity, we assume that it takes one time
slot to transfer one packet from a node to the three nodes in its
adjacent relay set. On account of the characteristic of ANC,
we assume that each node in the UANSs encodes packets with
same linearly independent encoding vectors, which are chosen
from a finite field F5¢ and stored in advance. We divide the
packets to three sub groups with equal length, denoted as A, B
and C' . Taking A as an example, we divide it into generations,
denoted as Ay, Ay, ..., Ay, with each containing K packets.
Let A11, Ao, ..., A1k be packets in the first generation. The
source linearly combines each generation using encoding vec-
tors. After network coding, A turns into Agj = Zi{:l hjkAik,
where i = 1,2,..M,5 = 1,2,.P P > K}k = 1,2 .. K.
Then, B and C' are operated like A respectively. Afterwards,
the source XORs each two of them to get three sub groups
of redundant packets D, F, and ' ( D = A’ ® B',FE =
B'®C',F = A/®C’). Now, we have six coded sub groups of
packets A’, B’,C’, D, E and F at source, which have uniform
subscripts. Next, network enters the stage of transmission, and
S sends out Af,,..., Fi1,..., A p, ..., Farp in sequence.

After detecting arrival of signal, nodes in relay one will
do as the flow chart in Fig.2. Take an example of node Ul.

Firstly, U1 affirms whether signal received is interfered or
not. If the signal is interfered, it will utilize ANC to separate
and get the required packets. If not, it prepares for another
reception.After finishing reception, Ul examines the number
of receiving packets of the same generation. If the number is
greater than K, it takes an underwater acoustic SNR estimation
algorithm proposed by Wang et al. to select K packets with
higher SNR[7]. If not, redundant packets are utilized to acquire
the lost packets. However, it is uncertain that each bit is correct
in a packet with higher SNR. In order to increase the role of
redundant packets, we use a bit-by-bit comparison to get a
new packet for decoding. Now Ul has enough and reliable
packets for decoding. It decodes, recodes and broadcasts the
new encoded packets.

Here we give detailed descriptions of some steps of opera-
tions mentioned above.

A. SNR estimation algorithm

Sampled signals are expressed as
y(k) = s(k) + k(k) (1

where k(k) is a zero mean independent, complex gaussian
random process, and satisfies

E[k(k)kK ()] = 2 Wy Q)

where superscript H, e2, and Wy, represent conjugate trans-
pose, the noise power, and Kronecker function respectively.
The received signal autocorrelation matrix is

= E{[s(k) + k(k)][s(k) + k(k)]"}
= B{s(k)s(k)"} + B{k(k)k(k)"}
= R, + Ry 3

It can be seen that the autocorrelation matrix of y(k) is
equal to the sum of the autocorrelation matrix of s(k) and
the autocorrelation matrix of k(k). Because of the nature of
the autocorrelation matrix, R,,, R,,, and R are conjugate
symmetric positive semidefinite matrixes. Eigenvalue decom-
position is given as

Rss = QASQH “4)

where Ay, = diag(V1,V2,V,,0,...,0)mxm is a diagonal
matrix, and the diagonal elements are the eigenvalues of R,
which satisfy Vi > Vo > .. > Vy and p < m. Q is an
orthogonal matrix.

Ry =W2I %)

where I is the identity matrix.
According to the equations (3), (4) and (5), we could have

Ry, =R, + R = Q(A; + WiI)QH = Q(Ay)QH (6)
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Fig. 2. Operations at relay nodes
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It can be proved that the power of signal s(n) is the sum of
singular values and the power of noise k(k) is me?2. Therefore,
the SNR of the received signal can be calculated through the

following equation

p
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where p is the signal subspace dimension.

B. Bit-by-bit comparison

Ul XORs Bj; and D;; , C;; and Fj; to get another two
packets about A]; , denoted as AJ;' and A];%, where i =
1,2,...M,j5=1,2,..., P. We compare every three bits at the
same position of those three packets concerning A to refresh
Aj;. 1f the three bits are identical, Ul takes no action, else,
Ul replaces the value of this position with the same value of
the other two bits. After bit-by-bit comparison, a new A,’L-j is
obtained with high reliability.

C. ANC

Here we take an example to explain how ANC works
in LNC&ANC-MF. After finishing decoding A} , U2 uses
the same encoding vectors to network code it. When U2
forwards A}, to relay three, S forwards A}, to relay one
simultaneously. As a result, an intentional collision is occurred
at the three nodes in relay one. Ul receives an interfered
signal of Sy, (t) + Say, (t) , and it can subtract Su; (%)
corresponding to A7y to get Sy (t), from which Ul can
get AL,. Obviously, the more hops are in the network, the
more packets can be transmitted simultaneously. Hence, the
throughput will be improved.

IV. PERFORMANCE EVALUATION

In this section, we employ successful delivery ratio (S-
DR), normalized throughput (NT) and normalized energy
consumption (NEC) to evaluate the performances of MPNC
and LNC&ANC-MFE.

Let the number of packets sent by the source node be F,
the number of correct packets received by the sink node be
U. SDR can be written as

R=U/F 9)

NT is defined as

S = (FR)/Ttime (10)

where Ti;me is the total propagation delay time. In UANS,
propagation delay time is the major component of the delay
time and we only focus on the propagation delay time. For
simplicity, we assume that it takes one time slot to transmit a
packet in two adjacent nodes.

The power consumption parameters are in accordance with
LinkQuest Underwater Acoustic Modems UWMI1000, the
power consumptions in the transmission, receiving and sleep-
ing modes are 2 W, 0.75 W and 0.008 W, respectively[8].
In this paper, power consumption in the sleeping mode is
negligible because it is concerned in the design of the MAC
layer. Consequently, the energy consumption of a node can be
expressed as

E=FErx + Erx

= FEth‘lec + FErzElec (11)

where Ei,piec and E,.pie. are the power consumption of
receiving a packet and power consumption of transmitting a
packet respectively. NEC is

T= —Z b

" RF (12)

Under the condition of low signal-to-noise ratio, the SDR
of LNC&ANC-MF is much lower than that of MPNC. This



1.2 ‘ ‘ : :
- - LNC&ANC-MF
- MPNC

L R R D e -
k!
8 osp 1
> *
3
2
8 o6 * 1
2
2
8
S 04 1
(2]

0.2 ]

%
0 2 4 8 10
SNR/dB
Fig. 3. Successful delivery ratio

is because of the introduction of ANC, which has high
requirements for SNR. After the signal-to-noise ratio is greater
than zero, the SDR of LNC&ANC-MF improves fast. When
SNR reaches 4dB, LNC&ANC-MF performs as well as MPNC
in SDR.
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Fig. 4. Normalized energy consumption

In respect of NEC, LNC&ANC-MF consumes much more
energy than MPNC when SNR is less than 4dB. However,
with the increasement of SNR, the NEC of LNC&ANC-MF
reduces rapidly. When SNR is greater than 4dB, the NEC of
NC&ANC-MF is barely higher than that of MPNC.

In terms of NT, the two methods have basically equal NT
when SNR is 2dB. When SNR is lower, LNC&ANC-MF
needs more packets transmissions to ensure reliability, which
consumes more power. When SNR is greater than 4dB, the
NT of LNC&ANC-MF become stable is twice as high as that
of MPNC.

In conclusion, on account of ANC, LNC&ANC-MF per-
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Fig. 5. Normalized throughput

forms worse than MPNC when SNR is low. However, with
SNR growing, the performance of LNC&ANC-MF improves
rapidly. In steady state, SDR and NEC of LNC&ANC-MF are
basically the same as those of MPNC, NT of LNC&ANC-MF
is twice as that of MPNC.

V. CONCLUSION

In this paper, we propose a linear network coding and analog
network coding based protocol for data transfer in underwater
acoustic networks. For this protocol, higher reliability and
higher throughput will be achieved in UANs. We believe that,
for the sake of operability and practicability, this protocol is
worthy of further investigation.

ACKNOWLEDGEMENT

This work was supported by the Fundamental Research
Funds for the Central Universities (3102015BJ015).

REFERENCES

[1] M. Chitre, S. Shahabudeen, and M. Stojanovic, “Underwater acoustic
communications and networking: Recent advances and future challenges,”
Marine technology society journal, vol. 42, no. 1, pp. 103-116, 2008.

[2] H. Mo, Z. Peng, Z. Zhou, and J.-H. Cui, “A two-phase broadcast
scheme for underwater acoustic networks,” in Global Communications
Conference (GLOBECOM), 2014 IEEE. 1EEE, 2014, pp. 289-294.

[3] R. Ahlswede, N. Cai, S.-Y. R. Li, and R. W. Yeung, “Network information
flow,” Information Theory, IEEE Transactions on, vol. 46, no. 4, pp.
1204-1216, 2000.

[4] S. Katti, S. Gollakota, and D. Katabi, “Embracing wireless interference:
Analog network coding,” in ACM SIGCOMM Computer Communication
Review, vol. 37, no. 4. ACM, 2007, pp. 397-408.

[5] Z. Guo, B. Wang, P. Xie, W. Zeng, and J.-H. Cui, “Efficient error recovery
with network coding in underwater sensor networks,” Ad Hoc Networks,
vol. 7, no. 4, pp. 791-802, 2009.

[6] S. Cai, Z. Gao, D. Yang, and N. Yao, “A network coding based protocol
for reliable data transfer in underwater acoustic sensor,” Ad Hoc Networks,
vol. 11, no. 5, pp. 1603-1609, 2013.

[71 W. Haiyan, J. Zhe, S. Xiaohong, and B. Jun, “Modifying SNR-
Independent Velocity Estimation Method to Make it Suitable for SNR
Estimation in Shallow Water Acoustic Communication (in Chinese),”
Journal of Northwestern Polytechnical University, vol. 3, pp. 368-372,
2009.

[8] http://www.link-quest.com/html/uwm1000.htm.



	Return to Main Menu
	Return to Previous View



