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Abstract

Supporting video streaming over multi-hop wireless networks is particularly challenging due
to the time-varying and error-prone characteristics of the wireless channel. In this paper, we
propose a joint optimization scheme for video streaming over multi-hop wireless networks.
Our coding scheme, called Joint Source/Network Coding (JSNC), combines source coding
and network coding to maximize the video quality under the limited wireless resources and
coding constraints. JSNC segments the streaming data into generations at the source node and
exploits the intra-session coding on both the source and the intermediate nodes. The size of the
generation and the level of redundancy influence the streaming performance significantly and
need to be determined carefully. We formulate the problem as an optimization problem with
the objective of minimizing the end-to-end distortion by jointly considering the generation
size and the coding redundancy. The simulation results demonstrate that, with the appropriate
generation size and coding redundancy, the JSNC scheme can achieve an optimal performance
for video streaming over multi-hop wireless networks.
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1. Introduction

Real—time video streaming applications such as video telephony, video conferencing, and

video gaming over wireless multi-hop networks have attracted broad attention recently. Due to
the time-varying and error-prone characteristics of the wireless channel, supporting video
streaming over multi-hop wireless networks faces greater technical challenges [1][2][3].
Although the bandwidth of the wireless networks has been increased significantly in recent
years, it is still difficult to meet the bandwidth requirement of high-quality multimedia
streaming applications. Furthermore, high packet loss rate encountered in the wireless
networks makes the video delivery even more challenging, especially in the case of multi-hop
wireless mesh networks.

On the other hand, the wireless multi-hop network is able to perform basic operations at
intermediate network nodes, which eases the implementation of network coding. Network
coding was initially proposed as a solution for efficient utilization of the network bandwidth
[4]. Besides the benefit obtained in increasing throughput, network coding also shows better
resilience to errors, which enables network coding to be used in improving the quality of video
transmissions [5][6].

Theoretically, network coding can be implemented across the entire flow. However, this is
not feasible in practice because the relay node with limited buffer space can only buffer the
received packets for a short period of time. For this reason, the whole streaming flow should be
split into segments and each segment can be encoded separately. Packets should be encoded
with similar decoding time-stamps so that the decoding is not excessively delayed. In order to
deal with the timing constraints, the concept of generations has been introduced in [7].
Generally, one video stream is divided into several generations, and only packets from the
same generation are combined together (intra-session network coding) [8]. Coding per
generation has multiple practical advantages for streaming applications [7]. First, it permits
the deployment of distributed solutions and limits the overhead of coding and decoding.
Secondly, as the stream is split into generations, the strict delay requirements in video
streaming scenarios can be satisfied.

In the case of network coding with generations, the size of generation has significant
impact on the performance of media communication over multi-hop wireless networks, and
therefore, is a critical network coding parameter. The packets coded with random network
coding will have equal significance. The more packets encoded within a generation, the better
chance for the intermediate node to generate novel packets for outgoing links. The packet
diversity will be enhanced by larger generation size. However, it is obvious that the decoding
delay at the destination will increase with larger generation size. For video streaming
applications, delay must be minimized to guarantee continuous playback at the receiver side.
For this reason the generation size cannot be too large. So, it is very important to select the
appropriate generation size by making tradeoff between decodability and playback delay.

Redundancy introduced by the intra-session network coding is another important factor
affecting the streaming performance. Adding redundant packets can help to recover the lost
packets in a timely fashion. But on the other hand, there are two drawbacks with this approach.
First, from the perspective of network load, adding redundant packets will increase the raw
packet loss rate in the network because of the additional loads introduced by the redundant
packets. Secondly, higher redundancy implies increased distortion induced by the source
encoder. In our study, for multi-hop wireless networks with one-hop network coding, both
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packet loss rate and burst length involved in the hop are taken into account to determine the
amount of necessary redundancy.

In this paper, we propose a network coding optimization scheme for video streaming over
multi-hop wireless networks. We consider the scenario where a compressed video sequence is
sent from the server to the end users via a mesh network with lossy wireless channels. As
illustrated in Fig. 1, the streaming server is connected to the mesh network with gateway
router. The client is connected to multiple relay nodes which are able to perform network
coding operations. We define the relay nodes with coding capability as the intermediate nodes.
The nodes can overhear the transmissions in their neighborhood due to the shared nature of the
wireless media, as indicated by the dash line in Fig. 1. We analyze how several metrics such as
decoding delay, diversity of packets in the network and video distortion are affected by the
size of generation and network coding redundancy.

© Gateway
& Intermediate Node

Streaming|
Server

Wireless Mesh Network

Fig. 1. Streaming over wireless mesh network

The objective of this paper is to reveal the effects of two different coding parameters,
generation size and redundancy level, to the video quality. The expected end-to-end video
distortion under the wireless network circumstance and the coding constraints is minimized by
a Joint Source/Network Coding (JSNC) scheme which jointly optimizes those two coding
parameters.

The rest of the paper is organized as the follows. Related work is discussed in Section 2. In
Section 3, we present the JSNC scheme. Section 4 gives the formulation of distortion
optimization and the corresponding algorithm, and analyzes the overhead of the JSNC scheme.
Packet-level simulation and the results are presented in Section 5. Section 6 concludes the

paper.

2. Related Work

The issues of applying network coding to video streaming over unreliable networks have been
addressed in several research works [9][10][11]. In [9], network coding is used for video
streaming over wireless mesh networks. When the transmitted flows are video streams,
network codes should be selected so as to not only maximize the network throughput, but also
improve the video quality. The authors propose a video-aware opportunistic network coding
scheme which combines packets from different streams so as to increase throughput. At the
same time, the decodability of the network code at the receiver, the packets importance in
terms of video distortion, and the playback deadlines of video packets must all be taken into
account in selection of coding scheme that contributes the most to the quality of video streams.
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A similar work is presented in [10], a network coding system is used for WLAN-like or
WiMAX-like networks. This scheme employs an optimized scheduling algorithm based on the
Markov decision process to increase the bandwidth efficiency and maximize the multimedia
transmission in both broadcast and unicast scenarios.

A streaming system over lossy overlay networks that benefits from joint Raptor codes and
network coding is presented in [11]. The server applies a non-systematic Raptor coding on the
streaming packets for error resiliency. In order to increase the packet diversity in the system,
the overlay nodes selectively combine the coded packets according to the current available
bandwidth. If the number of received packets exceeds the available outgoing bandwidth, some
of the packets will be discarded. Otherwise, the relay node will create and forward new linear
combinations of packets, thus the available resources can be fully exploited.

A practical network coding scheme which can be implemented in real networks is the
random network coding scheme [12]. In this scheme, the data flow is divided into generations,
and each generation contains a number of packets. Some factors influenced by the generation
size have been identified, such as the complexity and performance of encoding and decoding,
and the header overhead for storing the coefficient vectors [13].

In [14], the authors analyze the effect of “encoding number” in practical wireless network
coding, i.e., how many packets can be encoded by the relay node in each transmission. They
provide an upper bound of the encoding number in all possible coding approaches. They also
propose a methodology for obtaining the average encoding number and the corresponding
system throughput under a realistic wireless setting. The work in [14] tries to answer the
guestion of how many packets can be encoded. However it does not tell us how many packets
should be encoded to satisfy various applications requirements such as maximizing the
end-to-end quality of video transmission. The authors of [15] also investigate this issue. The
strategy they propose is to determine the generation size according to the application
requirements (e.g., media transmission) to UDP, or to set the generation size to equal to the
TCP congestion window. [16] proposes a theoreticl framework for analyzing the effect of the
generation size to TCP traffic with intra-session network coding.

The impact of generation size on different coding schemes and different network scenarios
is studied recently. The performance of segmented network coding (SNC) for bulk or
stream-like data dissemination in Delay Tolerant Networks (DTNSs) is analyzed. The behavior
of epidemic routing using SNC for bulk data dissemination in DTNs is investigated. In the
proposed feedbackless SNC-based protocol, the maximum sustained throughput is an
increasing function of the segment (generation) size [17]. Three application-layer coding
schemes for streaming over single-hop lossy links, i.e., random linear coding (RL), systematic
random linear coding (RLS), and structured coding (MDS), are compared in [18]. The delivery
packet count, net data throughput, and energy consumption are the evaluation metrics with a
range of generation sizes.

In the mesh architecture, the relay nodes can perform much more than only packets
forwarding. Coding can be implemented on the relay nodes and contribute to improving the
performance of the streaming system. In order to enhance the reliability and throughput of
video packet transmission, Reed-Solomon codes have been implemented in
network-embedded Forward Error Correction coding (NEF). [19] introduces a NEF
framework for overlay and P2P networks, which can outperform end-to-end FEC dramatically
in terms of decodable probability and video quality. However, the NEF code suffers from its
complexity and the increased latency. The reason is that both decoding and re-coding
operations are needed on the intermediate nodes.
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In this paper, we propose a joint source and network coding (JSNC) scheme for optimizing
video streaming over multi-hop wireless networks. JSNC jointly uses source coding and
network coding so that the source and the intermediate network nodes can jointly contribute to
the effective delivery of multimedia streams. From the perspective of source coding, the
number of packets in a generation, i.e., the size of the generation, is changing with the source
coding rate. On the other hand, metrics such as decoding delay, packets diversity and video
distortion are all influenced by the generation size. It is necessary to jointly consider the video
source coding, network coding, and network infrastructure features when using network
coding to support video streaming.

3. The Joint Source/Network Coding Scheme

3.1 Wireless Channel Model
PQQ

1-
ng { Pbb
1-Ppy
Fig. 2. Gilbert-Elliott model

The packet-loss patterns introduced by the wireless channel may be bursty. To capture the
burst characteristics of link connectivity, we use the Gilbert-Elliott (GE) model [20] to
characterize the wireless channel. GE model is a two-state Markov chain with two states
denoted as G (Good) and B (Bad), as illustrated in Fig. 2. If a packet is transmitted from the
source along a link in state G, it will be received correctly and timely, otherwise, over a
channel in state B, packets are assumed to be lost before reaching the destination. Py, denotes
the probability of self-transition in state G and Py, denotes the self-transition probability in the
state B. Let Pg denotes the stationary probability that a channel is in state G and Pg the
stationary probability of a channel in state B. Relationship among them is given as the follows:

1-P
=% p-1-R, 1)
2_Pbb _ng

The amount of time that a channel stays in the G state is L, =1/(1-P,) . After Lg, it
changes to the B state and the average length of the burst error is L, =1/(1-R,).

3.2 Network Coding Model

The advantages of intra-session network coding for error resiliency can be illustrated by the
simple two-link tandem network in Fig. 3 [21]. The source S transmits packets to the
destination D through the relay node R. The capacity of two links is one packet per time unit.
gand g, are the loss rate of the links S—R and R—D, respectively, the transmission rate from
source to destination is (1—¢,)-(1—¢&,) packets per time slot. However, if the relay node can
re-encode the packets, the communication rate increases and becomes equivalent to the
minimum of the capacities: min{(l—gl), (1—52)} . Similarly, traditional channel coding with
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full decoding and re-encoding at node R also has the capability of enlarging the capacity. But
network coding does not need the decoding operations at the intermediate nodes.

Fig. 3. Two-links tandem channel

Random linear network coding (RLNC) is proposed by T. Ho and M. Medard [12]. RLNC
permits implementation of a distributed solution with independent coding decisions on each
node. Each coding coefficient is randomly and independently assigned over the Galois Field
(GF) without the full knowledge of network topology, and its computational complexity is
significantly low. Such a distributed algorithm is particularly useful to multi-hop networks.

RLNC can achieve a reasonably high successful decoding probability with a relatively
small field size. It has been shown that the successive network coding operations is with a
99.6% decodable probability when the computations are performed on GF (2'°). Generally, the
field size of GF (2°) is sufficient in practice [7]. It has been shown that this field size can
guarantee high symbol diversity and low probability of building duplicate packets.

Consider a network coding flow transmitted at rate R, to the destination which does not
violate the flow conservation constraint. Denote the flow rate on link (u, v) from node u to
node v as R} . At each intermediate node, the sending rate of fresh information flows must

equal to the incoming rate of innovative packets. Consequently, the flow conservation
constraints can be expressed as follows:

R. ifu=Src.
Z R: _ Z RV“ =1-R, if u=Dst. (2)
vi(u,v)eE vi(v,u)eE 0 otherwise

where E is the set of directed links in the network.

3.3 The JSNC Scheme

Our Joint Source/Network Coding (JSNC) scheme works as the following. At the source node,
the flow s is divided into generations with size K, where K may vary from one generation to
another. Here for simplicity of computation, all the generations are with the same size. The K
uncoded packets are called native packets. The source node adds redundant packets by
creating a random linear combination of the K native packets within the generation. The
number of redundant packets added depends on the loss rates of the links involved in the
corresponding hop via intra-session network coding [8]. A coded packet can be expressed as a
function of the native packets:

ym = Z fm,i : Xi (3)

i=1
where f_. is the coefficient randomly selected from the given finite field GF(2%,
X=(X,%,, - Xc) are the native packets from one generation. (f,,,..., f, ;,..., f, ) is called

the code vector of packet x;, i=1,...,K.
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Each data packet is tagged with the packet’s global encoding vector, the generation number
and other related information. The source node sends out the M coded packets
y=(Y, Y, -+ Yu ) Within a generation until the end of the generation and then proceeds to the

next generation.

When an intermediate node hears a packet, it first checks whether the packet is an
innovative packet. A packet is innovative if it is linearly independent of other packets that the
node has previously received from the same generation. The node ignores non-innovative
packets, and stores the innovative ones in the current generation. Then the intermediate node
adds redundant packets depending on the loss rates of the links involved in the next hop. The
same process is repeated at every intermediate node until the generation arrives at the
destination. A re-encoding operation is similar to the encoding process. The re-encoded packet
can also be expressed as a function of the native packets:

Z, = i fn,m Y = i fn,m [i fm,i X j = i(i fn,m : fm,i in (4)

m=1 i=1 \m=1

where f are the coefficients randomly picked by the intermediate node,

(fogren fnyj .., ) is called the coding vector of packet y_, m=1,...,M.

On the receiver side, for each packet received, the destination node checks whether the
packet is linearly independent of the previously received packets. Once K innovative packets
are received, the generation can be decoded. Otherwise, the whole generation will be
discarded for the reason that we just consider an on-off decoding of generations. Eventually all
generations in the video sequence with sufficient number of packets received will be decoded.
The destination node receives coded generation packets z=(z,z,,---,zy) (N >K) and

decodes them with matrix inversion:

-1

X, f, oo T z
=l or e : )

Xy fer v frk Z,

where X; is the native packet after being decoded and z; is the coded packet whose coding
vector is (f,,..., fi e fii)

Fig. 4 shows the framework of end-to-end streaming transmission with coded generations.
The streaming data is encoded at the source node and transmitted to the destination node
(client) via the intermediate nodes. The intermediate node receives the coded flow, re-encodes
them and forwards them to the next hop. Finally, the coded data packets will be decoded at the
destination node as soon as sufficient innovative packets are received.

The performance of JSNC is influenced by the generation size and the redundancy value as
discussed in section 1. To maximizing video quality, both the length of generation and the
degree of redundancy should be optimized.
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2=(z,2,,..., 2)

Source node / i | Re-encode i: Re-encode \ Destination node
—"| Encode |—— : N | ——=| Decode
X= (%, X, oo XK)\‘ | Re-encode Z» Re-encode %:'(Xv Xpy v Xi)

______________________________________

Fig. 4. The scheme of joint source/network coding for end-to-end streaming

4. JSNC Optimization
4.1 End-to-End Distortion Model

The problem we consider here is to maximize video quality at the client, that is to say,
minimizing the total end-to-end distortion for the given network capacity and delay constraints.
The end-to-end distortion can be generally calculated as the sum of the source distortion and
the channel distortion [22]. The source distortion D, is due to lossy encoding of the video

sequence. Therefore D, is mostly driven by the source rate R; and the video content. The

channel distortion D_ is dependent on the packet loss (including losses due to delay)
experienced in the network. Because we use the on-off decoding, the failure in decoding a
generation will cause a relatively high distortion (D, > D,) . Thus, D_ can be considered as
a constant and independent of D, . The average decoding probability of each generation is

Py, (0< p, <1). Here, we consider the expected end-to-end distortion, the expectation is

taken with respect to the probability of decoding probability. The expected end-to-end
distortion is expressed as:

E[D']=p, - E[D;]+ (1~ p,)- D, (6)

where E[D'] is the expected end-to-end distortion for the /-th generation, E[D!] is the

expected distortion when the generation is decoded correctly, DCI; is the distortion when the

generation is decoded unsuccessfully.

The source distortion is mostly driven by the generation size K. The decodable probability
of each generation is related to the generation size K as well as the network coding redundancy
r. So, the problem of selecting the proper K and r becomes equivalent to minimizing the
end-to-end distortion under constraints. Therefore, the total end-to-end distortion
minimization problem can be formulated as the follows:

arg min ZL:E[D' (K,n)]

K.r 1=1
st. DTy, <Tj, (7

K'+r'
Kl

2) R, <R
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where L is the number of generations, T! is the time needed for receiving the packets in the

rcv
I-th generation, T;b is the playout deadline of the I-th generation. R_ is the max-flow from the
source to the receiving node. The constraint 1 in (7) requires that the packet transmission delay
must be lower than its playout time. And the constraint 2 ensures that for each link, the flow
rates cannot exceed the link’s capacity.

The rate-distortion (R-D) model in [23] for video coding describes the distortion caused by
the encoder.

o
RS_RO

D,(R,)=D, + ©)

where D, is the distortion offset, & is the R-D factor and R, is the rate offset, all depending
on the coding scheme and the content of the video sequence. They can also be estimated from
empirical rate-distortion curves by training and curve matching.

The relationship between the generation size K and the source distortion with average rate
per frame can be shown as the follows:

| |
D;( K j=os+—K.f
L-Sgop TRy

K! I’
— RO

LSeop

(9)

where Sl isthe number of frames in the I-th generation, S . is the constant packet size, and

pkt
6" is obtained by 6'/S,, and Ry is Ry/S .

According to [24], the impact of the generation size to decoding probability is negligible.
There is no significant difference between the case when the generation size K = 5 and the case
when K = 100. Actually, if the field size q is greater than 3, one extra packet is sufficient for
having linearly independent packets. [25] gives the upper bound of the average number of
coded packets that have to be received for decoding, which is:

pkt

_ K+
K+ w)=min{K -3, K4+14+129 (10)
g-1 1
where @ >0 and K(1+ w) is slightly larger than K.
So, the probability that the receiver can decode correctly over N coded packets is given by:

0 if N<K(l+w)

Sy ['}lj(l—g)"g“ if N> K(l+ )

j=K(+w)

(11)
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where ¢ is the actual packet loss probability using the random linear network coding scheme.
N =(K+r)[A—¢&) is the average number of packets which can be received in each generation.

For video streaming with strict delay constraints, the delay introduced by the generation
size should be taken into consideration. The larger the generation size, the longer the time
needed to receive sufficient number of packets for decoding. The time needed for receiving the
packets in each generation can be expressed as the follows:

_K@re)-Sy
rcv R

C

(12)

4.2 Solution Algorithm

Let 2'>0 and 7' >0 be the Lagrange multipliers for the delay and capacity constraints,

respectively. The constraint function (7) can be converted into an unconstrained Lagrangian
problem as the follows:

F(K,r,A,) = ZL:{E[D'] AT, =T +77'(KIK+I "R - RC)}

0"

E| Dy +————|py ~ (L= p,)D, (13)

0

L
1=1

L-Sgo

L (K'(l+w@)-S Lo (K 41!
+ZA' (R—M_Tplb]-"znl[ n R, —R,

1=1 c 1=1

Since the objective function is differentiable with respect to the variables K', ', ' and 7',
this optimization formulation can be solved by gradient descent algorithm [26].

TR s
Kl(t+1)={|<'(t)+a(t) oF (K élf(;i i )}

6F(K',r',/1',77')]r

r'(t+1):{r'(t)+ﬂ(t) p

(14)

aF(K',r',/l',n')T

At+1) = {/1' () + 7 (t) 7

[T Y R N e
77'(t+1)={77' )+ st FK L )}

where t denotes the iteration index, a(t), A(t), p(t) and 5(t) are positive step sizes

associate with K', r', A' and 7' respectively, and “+” denotes the projection on the
nonnegative real numbers.
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4.3 Overhead Analysis

1) Transmission overhead:

For a constant source rate, the smaller the packet size used for transmission, the more
packets will be within a generation. For example, at the source rate of 200Kbps, when the
packet size is changed from 1024 bytes to 512 bytes, the average number of packets per
generation will be increased from 15 to 25. The benefit of having more packets within a
generation is straightforward. The diversity in the network can be maximized and the coding
efficiency of the intermediate nodes will also be increased by having more chances to mix up
the packets. However, the gain obtained from the smaller packet is at the cost of higher
overhead in transmission. When the packet size is smaller, the proportion of header
information in the total transmission flow becomes larger.

In practical random linear network coding, both the generation ID and encoding vector are
included in the packet header. To account for network coding overhead, the actual
transmission rate after network coding R, can be shown as the follows:

S
Re=Rgrs (15)
hdr

pkt

where S, is the overhead for packet headers used in RLNC.

2) Computational complexity for coding:

The benefit of using network coding comes at the cost of computational overhead for
encoding and decoding. For RLNC, the computational complexity is closely related to the
generation size K. The encoding operation is to multiply the original blocks by the randomly
selected coefficients in the GF(2®). So the encoding complexity is O(K?). Decoding the
RLNC coded generation involves matrix inversion using Gaussian elimination, which has a
complexity of O(K?®) . We can see that with the increase of the generation size, the complexity

of encoding and decoding will increase. The more time is needed for encoding and decoding
operations.
3) Node selectivity:

In fact, it is not necessary to perform network coding on every node, especially in the case
of large scale heterogeneous network. The delay as well as the computational overhead in the
system will grow with the increase of nodes participating in network coding. Some relay nodes
may have limited computational capability and can not perform coding operation efficiently.
So, it is more efficient to select a subset of important relay nodes to be the intermediate nodes
for performing network coding in order to control the overhead and complexity of network
coding, and to exploit efficiently the diversity in the network.

5. Performance Evaluation

5.1 Simulation Setup

We analyze the performance of the proposed JSNC optimization scheme in various network
scenarios by simulation. We developed an event-driven network simulator with C/C++ to
evaluate the proposed scheme. This approach gives us the flexibility to vary the network
parameters and to implement the network coding scheme.
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The network topology used in our simulation is the same as shown in Fig. 1. The source
node streams a compressed media data through intermediate nodes Ry, Ry, Rz, R4, Rs and Rg, to
the client node. The test video sequence Foreman is in QCIF resolution (176 X 144) at 30 fps
(frames per second). We use JSVM Reference Software (version 9.19.7 [27]) to encode the
sequence into an H.264/AVC stream with a GOP (Group of Pictures) size of 9 frames. The
burst lossy patterns of the wireless links are generated by the GE model.

The packet loss rate on each link is in the range of 5% to 20%. The average burst length in
GE model is equal to 9 packets. Table 1 shows the average packet loss rate and the
corresponding GE model parameters.

Table 1. Average packet loss rate and the corresponding GE model parameters

GE model parameters
Average packet loss rate
ng Pbb
5% 0.9942 0.8889
10% 0.9877 0.8889
15% 0.9804 0.8889
20% 0.9722 0.8889

Assume the unit of generation size K is GOP and the packet size is 1024 bytes. Depending
on the source coding rate, each GOP may contain different number of packets. For example, at
the rate of 200Kbps, most GOPs involve 15 packets, at the rate of 400Kbps, 20 packets are
more common, and at the rate of 800Kbps, usually 30 packets. We test the source coding rate
of 200Kbps, 400Kbps, and 800Kbps, respectively. At each source rate, the generation size K is
setto 1 GOP, 2 GOPs and 3 GOPs. 10%, 20%, 30% and 40% network coding redundancy are
introduced to each of the three generation sizes, respectively. The performances of all three
generation sizes with various packet sizes (i.e., 256 bytes, 512 bytes and 1024 bytes) are also
evaluated. The video quality is measured as the Mean-Squared-Error (MSE) over all frames of
the video sequence. We use the peak signal-to-noise ratio PSNR

(PSNR =10log,,(255*/ MSE) ) to illustrate simulation results. All results are obtained by
averaging over ten simulation runs.

5.2 Simulation Results

We first compare the performance of JSNC with NEF strategy that performs RS codes at the
network nodes. The two schemes are tested using different source rates and generation sizes,
and different levels of redundancy. Here, for NEF, the generation size K is defined as the
number of video packets in the FEC block. The source node generates the FEC block with
RS(N, K) code. If the received packets within a coded generation are less than K, the
intermediate node just forward the received packets as usual because the node can not decode
the block and reconstruct the original data. If the intermediate node received K or more packets,
the node uses the RS code to reconstruct the original data, reproducing the redundant data.
Then the re-encoded packets are sent to the next hop. However, the RS codes suffer from a

large encoding and decoding computational complexity. The encoding complexity is O(K?)

and the complexity decoding process is O(K?).

The results shown in Fig. 5 indicate that the performance of the JSNC scheme is better than
that of the NEF scheme. The reason is that, the time cost of decoding and re-encoding
operations in NEF is much higher than that of JSNC scheme which just performs re-encoding
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at the intermediate nodes. So, more generations in the NEF scheme will not have enough
packets received because of packet expiration.
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Fig. 5. Comparison of JSNC and NEF schemes

From Fig. 6, we can learn the influence of the generation size K to the PSNR in different
simulation runs. We can see that when the network coding redundancy is low, the larger the
generation size, the lower the streaming performance. The main reason for this is bursty loss
characteristic of the channel and the on-off decoding of the generations. This means that
adding 10% network coding redundancy may not be sufficient to protect the whole generation.
When the generation size is 3 GOPs, bursty loss may lead to a situation that all three GOPs
cannot be decoded. But if the generation size is 1 GOP, the distortion caused by the bursty loss
may be limited to only one or two GOPs. With a higher network coding redundancy level, the
video streaming performance becomes better when increasing the generation size. We can also
see clearly in Fig. 7 that the PSNR increases with the increase of the size K when adding
sufficient (30%) redundancy. But one disadvantage of increasing the generation size is that it
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requires a larger buffer to store the coded generation and the playback delay will be increased.

Also, as the generation size becomes larger, it involves a higher coding overhead.

Avg. PSNR (dB)

Fig. 6. Average PSNR of JSNC with different generation sizes and NC redundancy levels
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Fig. 6 also shows the influence of different redundancy levels to the average PSNR. It
reveals that the average PSNR is affected not only by different generation sizes and different
channel rates, but also by network coding redundancy. When the network coding redundancy
is increased from 10% to 30%, the destination experiences an increasing PSNR. But when the
network coding redundancy exceeds 30%, the PSNR gain is not so obvious and can even
decrease, see the case when channel rate is 800Kbps and the generation size K is 3 GOPs. The
reasons for this phenomenon are analyzed as the follows. First, the network channel quality
will be aggravated when more redundant information transmitted over the network. The higher
channel distortion may overwhelm the benefit obtained by adding redundancy for protection.
Secondly, adding more redundancy means lower actual source rate. Therefore, unnecessary
high network coding redundancy will augment the distortion caused by source encoding. From
our simulation we learn that 30% redundancy might be close to the optimum. This fact can be
seen more clearly from Fig. 8.
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Fig. 8. Frame PSNR (channel rate=400Kbps, K=2 GOPs)

When decreasing the packet size, the number of packets in a generation with certain size
will increase. Fig. 9 shows the average PSNR of JSNC with different packet size settings when
the channel rate is fixed at 800Kbps. The performance of the scheme with smaller packet size,
such as 256 bytes, will be lower than that of other two settings when network coding
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redundancy level is low (10%). The reason is that the bursty loss will occur more frequently
within the generation containing more packets. This results in less decodable generations
because more generations cannot get sufficient number of packets for decoding. But on the
other hand, when the network coding redundancy increases, a higher PSNR will be obtained in
the case of using smaller packet size.
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6. Conclusion

In this paper, we propose a scheme for optimizing the important parameters of the joint
source/network coding (JSNC) for video streaming transmission over multi-hop wireless
networks. The parameters considered in the optimization process include the source rate, the
network coding generation size and the coding redundancy. In order to define the goal of
optimizing the joint coding scheme, the end-to-end video distortion model is proposed and the
computational and transmission overheads are analyzed. The relationship between different
parameters as well as their effects to the video performance is investigated by analysis and
simulation. Extensive simulations have been conducted to evaluate the performance of the
JSNC scheme in different parameter settings. The simulation results show that with
appropriate generation size and redundancy level, the JSNC scheme can achieve a higher
video streaming quality.

As our future work, we will investigate the joint optimization scheme for the network
coding generation with different priorities. The generation size and redundancy will be
adapted to the dynamic network conditions. In addition, the different network topologies used
for simulations will be taken into consideration.
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