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Abstract— Network coding has recently emerged as an alter-
native to traditional routing algorithms in communication
systems. In network coding, the network nodes combine
the packets they receive before forwarding them to the
neighbouring nodes. Intensive research efforts have demon-
strated that such a processing in the network nodes can
provide advantages in terms of throughput or robustness.
These potentials, combined with the advent of ad hoc and
wireless delivery architectures have triggered the interest
of research community about the application of the net-
work coding principles to media streaming applications.
This paper describes the potentials of network coding in
emerging delivery architectures such as overlay or peer-
to-peer networks. It overviews the principles of practical
network coding algorithms and outlines the challenges posed
by multimedia streaming applications. Finally, it provides a
survey of the recent work on the application of network
coding to media streaming applications, both in wireless
or wired communication scenarios. Promising results have
been demonstrated but delay and complexity constraints
are still posed as the main challenging issues that prevent
the wide-scale deployment of network coding algorithms in
multimedia communication systems.

Index Terms—Network coding, error resiliency, overlay
networks, p2p streaming, wireless streaming.

The traditional multimedia coding and streaming ar-
chitectures have been challenged in the recent yeal

INTRODUCTION

with emerging applications such as wireless low-power
multimedia sensor networks, and portable devices with
multimedia coding and communication capabilities. The
widespread deployment of efficient communication sys-

tems combined with the proliferation of digital media
content from numerous sources has fostered the dev
opment of a novel media delivery framework built on ad

hoc or overlay networks. Such architectures present a hig
diversity in terms of sources, paths and clients, which

could be exploited for improved performance. However.
these architectures necessitate appropriate distribution a

coding strategies for proper exploitation of the network

diversity.

Traditional tools such as source coding, channel codin
or routing can be enabled for efficient multimedia stream
ing in networks with diversity. However, the optimization
of these algorithms is often very complex in overlay
architectures. End-to-end optimization often requires

a
global knowledge about the network and might lead toS
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suboptimal solutions due to conservative channel rate
allocation strategies. Clearly, the performance can be
improved by requesting the network nodes to perform
basic processing operations in order to increase the quality
of service. The network nodes in an overlay or peer-
to-peer network can implement simple channel coding,
packet filtering, or adaptive routing. Joint source and
channel coding algorithms could typically lead to efficient
solutions when they are combined with adaptive network
protocols or appropriate routing [1]. The network nodes
could decode and encode packets, and adapt the trans-
mission policy to the state of the network and the content
of the packets in order to maximize the overall system
performance. However, such solutions are generally quite
complex and do not scale well with the number of sources
or the size of the network.

Network coding has received increasing interest re-
cently from the research community, as it seems to pro-
vide an efficient alternative for delivering data in packet
networks with diversity. This has been initiated by the
seminal paper of Ahlswede et al. [2], where it is shown
that the network throughput can approach the max-flow
min-cut limit of the network graph when the network
nodes are allowed to combine received packets instead
of simply forwarding them. Network coding has great
f)sotentials in terms of capacity, delay and resiliency to
0ss in broadcast or multicast scenarios. It improves the
system performance while it avoids the use of complex
outing or scheduling algorithms. It also necessitates a
educed control overhead in networks with diversity.

Network coding has been successfully applied for ex-
mple to content distribution [3], [4], distributed storage
] or data dissemination [6]. More recently, it has also
ttracted the attention of the media streaming community
Ince network coding can be seen as a particular form
f channel coding that becomes very interesting in de-
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’r(]:gntralized streaming architectures. Network coding per-

mits to avoid the reconciliation or coordination between
the network nodes, which is particularly appealing for
the design of distributed solutions in ad hoc networks.

Si’-lowever, the application of network coding principles

in multimedia streaming systems is not a trivial task as
streaming applications generally impose strict timing and
complexity constraints that limit the coding opportunities.
This paper surveys the recent research efforts that have
tudied the application of network coding principles to
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for data delivery in networks with diversity. The coding
algorithms are then studied in more details in Ill. While
complete overviews of the network coding theory can
be found [7], [8], [9], [10], [11], we focus here on the
design of practical solutions with limited computational
complexity. In particular, we discuss in Il the main
challenges towards the application of network coding in
streaming systems, which are the control of the end-
to-end delay and the computational complexity in the
network nodes. Later, we provide in V an overview of the
recent research efforts that have exploited the benefits of
network coding for streaming in peer-to-peer architectures
or wireless networks.

This paper is similar in spirit to [12], [13] that pro-
vide a short overview of network coding in streaming
applications. It however provides a more comprehensive
description of the recent research in this area. Further-
more, it is complementary to the very good description
of practical network coding algorithms that is proposed in
[14], as it emphasizes the recent research efforts towards
exploiting the theoretical benefits of network coding in

media streaming in ad hoc delivery architectures. Client C1 Client C2
II. NETWORK CODING POTENTIALS Figure 1. Toy example of a simple multicasting scheme with two clients
’ and two servers. When links have a unit capacity, delay and throughput
A. Overview gains are achieved when the packets are combingd at

The basic idea of network coding is relatively simple.
When a network node detects a transmission opportunity,

it combines some of the packets it has received previouslcapac'ty.Of one packet per time .SIOt' !n this topology,
and sends the result to the next hop network node ere exist several paths connecting clients and servers,

Intuitively, processing in the network nodes increasese'th.er dlrect_ly or through .tW(.) relay nodé that provide
ssistance in the transmission process.

the overall system performance as it permits to avoid* In this situati gitional ) H Id fi
conservative end-to-end policies and to act close to the. n this sr:tuatlotr:, tra |t|0na;1 rom:.tlng SC smes wou dlrsr;[
bottleneck points in the network. Network coding pro-8/Scover the paths among the clients and servers and then

vides an interesting alternative to routing algorithms in(i"d the optimal transmission schedule for delivering the
networks with diversity. It also permits to reduce thepackets to all clients. However, in the simple butterfly

control overhead in decentralized systems since it avoid@emlc,)rk topology, .there IS no transm|SS|.on schedule that
the need for reconciliation or coordination between node?€'™M!ts to serve 3|multaneous!y both clients, as the link

The coding operations in the network nodes increasgetween thg royterRl and Ry is the bott]eneck of the
the network throughput and participate to limiting the end_network. This link can accommodate either packéy

to-end delay. In addition, they provide increased robust®” PacketX, but not both at the same time. Thus, if

ness to packet losses. Even if network coding techniqut—:lg.'kS 51C1 and 51 R, are allocated for the transmission

are similar in different architectures such as wired orOf packetX; and respectively>C5, Sy R, for packetXs,

wireless networks, the underlying challenges might p&PNe of the clients rgceives both packets. 'The other client
however quite different. We provide in this section a fewShould however wait for at _Ieast one additional time slot
toy examples that illustrate the benefits of network coding(Whean has a bufer) ynt|l it receives the secon.d packet.
in different situations. In particular, these examples shed !f the relay nodeR; implements network coding, the

light on the throughput gains induced by the applicatiorfiroughput of the system can however be increased.
of network coding techniques for both wireless and wiredEduivalently, the delay necessary for both clients to

communication. We also motivate the use of networkrecewe all the packets can also be reduced?lfis able
coding in error prone networks to perform coding operations on the received packets,

it could transmit the combinatioX; + X5 instead of
sending eithetX; or X,. With this strategy, both clients
B. The butterfly network receive one of the two original packets from the sources
The advantages of network coding [2] are usuallydirectly and the network coded pack&y + X, through
illustrated by the butterfly network shown in Fig. 1. This the bottleneck path. This results in a simple equation
toy example represents a simple multicasting scenarieystem whose solution leads to the recovery of both
where two serversS;, i = 1,2, transmit two packets packets at all clients.
X, and X, to the clientsC; and Cs. All links have a The simplistic butterfly network shows clearly that
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Figure 2. Wireless point-to-point communication. (a) Store and forward approach. (b) Network coding based scheme. The transmission is completed
in fewer time slots when network coding is followed.
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routing is not always optimal and that network coding Ralay R1 Client:C

may lead to a better exploitation of the network resources. [
Network coding permits to reduce the number of transmis- |-
sions that are required for completing the data delivery to
all clients. Similarly, it permits to reduce the delay needed
for the delivery of all packets. This is quite appealing for

streaming applications where the timing constraints are
generally strict.
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C. Wireless relay networks ) ) )
. . . Figure 3. Two-links tandem channel. Network coding at refaysave
Network coding seems to be appropriate also for wiresignificant amounts of bandwidth. Furthermore, the communication is

less networks that usually present a significant networknore robust.
diversity due to the multiple transmission paths between

servers and clients. In addition, the wireless medium,. . -
clients. Bob and Alice can recover all the original packets

'S typlcally a broadcast channel ‘h"’!t represent th? aptSy solving the simple equation system induced by network
propriate framework for network coding. The benefit Ofcoding

network coding is illustrated by the simple wireless relay From the above example it is obvious that there are

network of Fig. 2. In this simple example, Bob and Alice __. : N
want to exchange packef§; and X,. In the proposed gains regarding the delay as transmission is completed
! : in fewer time slots. There are also gains in terms of

example, direct communication is not possible beCausgandwidth as the network resources are reserved for a
the transmission range is limited and does not permit to

reach directly the other client. Bob and Alice thereforeshorter period. .BOth ty|_oes. of gain are mteres_tmg for
wireless streaming applications in ad hoc architectures.

use the relay antenna for communication. All links are_. S .
Finally, the energy consumption is also reduced since

assumed half-duplex and therefore cannot receive ant e antennas are used less frequently. These benefits are

send data simultaneously. Without employing networkver aopealing in wireless networks where relavs and
coding (Fig. 2(a)) at the relay antenna, the exchange y app 9 y

. antennas are usually low-cost devices with short-time
of packetsX; and X, takes four time slots. Each user battery life. For a detailed survey about the challenges and
should first transmit its data to the relay and wait for y e. Y 9

the relay to transmit it to the other user. However, Whenthe opportunities for network coding in wireless networks,

the relay node implements network coding, the requirec\fve refer the interested readers to [15]

time for exchanging both packets can be reduced to three

time slots, as illustrated in Fig. 2(b). Bob and Alice D- Error-prone tandem network

successively transmit their data to the relay node. Both Network coding can also be beneficial in error prone
packets are combined in the relay node and the resultingetworks where it permits to exploit efficiently the net-
network coded packek; + X, is broadcasted to both work diversity for robust data transmission, without the
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need of large overhead for node coordination. The ad- /i _I_[" s ne
vantages of network coding for error resiliency can be P
illustrated by the two-link tandem network of Fig. 3. - A L
The serverS; wants to transmit some packets to the
client C;. The communication is performed on lossy
channels through the relay nodg. Traditional schemes

usually employ channel coding at the sources with erasure
correcting codes like rateless [16] or Reed-Solomon [17]
codes in order to cope with the packet erasure. The
channel protection is determined so that the end-to-end =
performance is maximized. s, r, andeg,c, are the R
loss rates over the link$; R; and R,;C respectively,

the client can communicate with the server at rate of
(1 — €s,r,) (1 — €er,c,) packets per time slot when
the links have a capacity of one packet per time slot.
However, if the relay node can decode the packets and
then re-encode them, the communication rate increases
and becomes equivalent to the minimum of the capacities, Figure 4. Two dimensional linear network code.

i.e., min{(1 —e€s,r,), (1 —€r,c,)}

Decoding and re-encoding is a form of network pro- . .

. 9 . 9 ; P coding techniques such as Raptor codes [19] and LT
cessing that can increase the performance in the casg : .
) . _codes [20]. Rateless codes combine by XOR operations

of error-prone tandem networks. However, this solution
. R . a number of packets that are randomly selected by a
has important limitations in real systems as the end-to- : . .
end delay increases rapidly with the size of the net_pseudo-random generator while following a given degree

o L distribution. Since the structure of these codes is implicit
work. In addition, decoding in the network nodes may .
. . a small header is appended to each rateless encoded
prove to be too complex. Finally, there is actually no

.~ packet in order to provide the information necessary for
guarantee that the relay node can decode the receiv . S . :
- ecoding. This is similar to practical network coding
packets. If the relayR, performs packet combinations

i L g . . .~ schemes [18] that will be described in more details in
without priori decoding, it forwards useful information Section IV
to the client even ifR; cannot decode it. However, this ’
cannot increase the symbol diversity since all network
coded packets are actually combinations of only the [1l. L INEAR NETWORK CODING

received byR, packets. Fortunately, by exploiting the | the previous section, we have shown that network
network diversity and adapting network coding algo-coding has very appealing characteristics for data delivery
rithms it is possible to provide communication rates closgn networks with diversity. We present here a brief theo-
to the capacity [18] without significant delay penalty. retical description of the network coding principles. The
If a second serverS; is added to the network and hegretical limits of network coding are studied in more
streams the same multimedia content through then  getails in the network information theory and network
the communication rate is in general higher and equa'éoding literature [10].
to min{max{(1 —es,r,), (1 — €s,r,)}, (1 — €ric1) }- While many coding schemes could a priori be imple-
Obviously, there are potential gains by jointly exploiting mented in the network nodes, linear network coding [21]
network coding and network diversity. If the number of s hropably the most successful network coding algorithm
network coded packets is large enough, and if the packgfye to its relatively low complexity and ability to achieve
combinations have been selected properly, network codingetwork capacity in multicast problems. It owes its name
permits to recover from packet losses on the successigom the linear operations performed with the received
network links. In addition, network coding interestingly packets. Elements of graph theory are used for modeling
tends to distribute the information evenly among the dif-the pehavior of linear codes. The network is represented
ferent packets. As all the network coded packets have thgg 5 graplG = (V, E), whereV and E are respectively
same importance, there is no need for expensive routing he set of nodes and edges @ Only directed graphs
scheduling algorithms in this case. The benefit of network .o considered, where parallel links of unit capacity are
coding becomes even more apparent when the numbgksymed between any pair of nodes. A message of
of source peers or the number of paths between thgymnhols in a base field” is sent from a source node
server and the client increases. The network diversity i$" 15 5 collection of nodes. The base field is typically
obviously useful in error prone networks. Network coding; Galois FieldGF(q) of size ¢ in which the coding
becomes therefore quite appealing for media streaming igperations are performed. The network nodes receive
best effort packet overlay networks. parts of the message and map the received symbols into
We can note that network coding in packet erasurether symbols inF' by linear combinations. They finally
networks shares many concepts with rateless chann&rward the encoded symbols to the downstream nodes.

{{,f"_

. _rt!t‘f+:'_<4,r' r _[L-a’r“
[ _{h'f—({w' : dh_
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Linear network coding is illustrated in Fig. 4, where with edges of unit capacity is presented in [23]. A
the message generated at sousceonsists inw = 2 randomized version of the code, which is more flexible
symbols. Following the development in [10], we definebut increases the computational complexity, is proposed
the local encoding kernel of a-dimensional network in the same work. The results are further generalized
code at node as a matrixK; = [kdﬂe]dem(t)ﬁeow(t) to topologies with links of larger (integer) capacity, by
of size In(t) x Out(t), where In(t) and Out(t) are assuming the existence of multiple parallel unit capacity
respectively the set of incoming and outgoing links ofedges between the nodes. The proposed construction
nodet. The local encoding kernel is described by.  algorithms are valid for networks suffering from non-
for every pair of adjacent linkéd, ¢) of the nodet. The  ergodic link failures. A code construction method that
global description of a linear network code is determineds robust to link failures is presented in [24]. It utilizes
by a columnw—vector f, for every outgoing linke, as  a single encoding kernel with the observation that the

follows: local encoding kernel of dimensian — 1 at every non-
f.= Z kae - fa, source node is equivalent to the originaldimensional
deIn(t) linear network code. The proposed construction is simpler

than the method proposed in [23] and necessitates smaller

for €€ Out(1). It is Important to note that the |njor- memory. Finally, the work in [25] translates the network
mation content does not increase with network coding. Irl:ode design problem into vertex coloring problem of

addition, the rate at which information is transmitted fromreoluceol complexity.

the source node to any nodet or any set of node§’ - . .
. While linear codes are optimal for the multicast prob-
cannot exceed the value of the maximum flow freno ¢, . . L
. L lem, they are not optimal in general communication
determined by the minimum cut of the network graph. It . -
settings, especially when several flows are coded jointly.
T cope with the inefficiencies of linear network codes
the network topology. In particular, If; denotes the linear the relatlon betvyeen channel coding and netvyork coding
. has been investigated. For example, the relation between
span of the set of vector§fy : d € In(t)} and Vp . : L
. . network coding and convolutional codes in fixed topology
denotes the union of the spans corresponding to all the L
networks has been studied in [26]. The proposed network
nodest € T, we have [10] . .
coding scheme decomposes the network graph into sub-
graphs for constructing convolutional codes. LDPC codes
[27] have been used for network coding in wireless
The maximum flow of aw—dimensional linear net- relay networks [28], [29]. The network nodes broadcast
work code is limited by the minimum between the information and serve as relays for the other nodes. In the
code’s dimension and the maximum flow that could beproposed adaptive network coding algorithm, each relay
achieved when routing is applied in the same situation. Abrocesses the received information and generates LDPC
w—dimensional linear network code can further be clasarity information in an attempt to match the behavior of
sified into three main classes that are (i) linear multicast¢odes on graph (i.e., LDPC codes).
(i) linear broadcast and (iii) linear dispersion codes if

the performance of the code, the code’s dimensicand

dim(Vy) < min{w, maxflomT')}.

respectively ) IV. TOWARDS PRACTICAL MULTIMEDIA NETWORK
1) dim(V;) = w for every non source node with CODING
maxflowm(t) > w.
2) dim(V;) = min{w, maxflon(t)} for every non The theoretical works on network coding have made
source node t. apparent that linear network codes are valuable for multi-
3) dim(Vr) = min{w, maxflow(T)} for any set T of casting. Unfortunately, linear network coding described in
non source nodes. [22], [23] necessitates the use of computationally complex

We can observe that a linear dispersion code is a lineatlgorithms for defining the coding coefficients. In addi-
broadcast code, and a linear broadcast code is a lineHPn. the design methods generally assume that the servers
multicast code too. From these relations, it appears thdtave a full knowledge of the network topology. Linear
the construction of a linear code has to consider botfietwork coding is therefore not practical in large scale
the value ofw and the network topology, along with the dynamic (ad hoc) networks. In order to alleviate these
size of the base field". It can be noted that the linear Problems, several works [30], [31], [32] have proposed to
codes can also be studied from an algebraic perspecti@Plement network coding with a random selection of the
[22] since coding operations can be represented as matrgeefficients. If the coefficients are chosen in a sufficiently
operations. large Galois Field Gfg), random linear network coding

Several works have addressed the problem of th&n achieve Fhe multicast capacity with a probability
construction of good linear network codes. The desigihat asymptotically approaches one for long codelengths
of network codes involves in particular the selection of(high number of source packets). The probability that all
proper coefficients such that all local encoding kernels arEeceivers are able to decode the source message is larger
full rank. A polynomial time algorithm for constructing- than
dimensional linear network codes on an acyclic network (1—-d/q)",
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where d is the number of receivers ang represents generation size affects the coding efficiency. Specifically,
the size of the field [31]. The parametercorresponds when generations consist of small number of packets, the
to the maximum number of links receiving signals with nodes’ ability to generate independent packets is reduced
independent randomized coefficients in any set of linksand the overall system’s redundancy is increased. In order
constituting a flow solution from all sources to anyto maximize the robustness of the system, the packets that
receiver. This lower bound on the decoding probabilityare not innovative with respect to the information that has
holds for independent or linearly correlated sources antieen previously received, are simply discarded, and not
for networks with or without delays. Randomized linearforwarded nor encoded [18]. The clients finally implement
network coding provides therefore a low complexity al-a progressive decoding strategy based on Gaussian elim-
ternative towards the design of practical algorithms, sincénation. The decoding becomes successful if the number
it permits to relax the requirements about the full knowl-of received packets is equal to the size of the generation.
edge of the network topology. It permits to implementThe delay in the system is mostly driven by the time that
distributed solutions with independent coding decisionss needed for each client to collect enough packets.

in each node. Such a distributed algorithm is particularly

interesting in ad hoc networks

Motivated by the results of randomized network coding, One can feel from the above discussion that there is a
the authors in [18] propose a practical network codingrade-off between delay and coding efficiency in practical
system for streaming applications. They define a propesystems. If the delay is highly constrained, the number
format that can be used in random network graphs withoudf packets that can be combined together decreases, and
the need for a hypernode that is aware of all codinghe coding efficiency or the robustness of the system
coefficients and the overall topology. A header is assigned affected. On the other hand, if the generation size
to each packet and contains the coding coefficients. As thiacreases, network coding becomes more efficient due to
packets travel through the network they are subject to suche enhanced capability of generating independent net-
cessive coding operations that modify both the messageork coded packets. However, the system’s performance
and header parts of every packet. All packets therefores affected by buffering delays at each coding stage
contain encoded symbols along with the coefficients thain the network. The generation size also influences the
have been used for their computation. The header padomputational complexity of the system. If the number
defines a global encoding vector that can be used aif symbols that are encoded together becomes large, the
any decoder to recover the original message by Gaussiammputational complexity augments in the system. For
elimination, typically. It is shown that the equation systemexample, the decoding complexity increases when the
built by the successive network coding operations is fullgeneration size is large, as it directly influences the size of
rank with probability99.6% when the computations are the equation system that has to be solved at the receiver.
performed on GR1!¢). Smaller fields like GP2%) are  Practical network coding systems have therefore to meet
sufficient in practice [18]. an appropriate trade-off between coding efficiency that

Even if network coding permits to combine any packetgncreases with the size of a generation, and both the
in the network nodes, the coding choices clearly hav&omputational complexity and the end-to-end delay that
an influence on the end-to-end delay of the transmissiogudments with the generation size [33].
system. Delay could be caused by the asynchronous
receptions of packets through the incoming links because
of the different propagation and queueing delays that the The design trade-offs are generally not easy to opti-
packets experience in the network. This in turn can creatmize. Interestingly enough, packets in multimedia com-
encoding delays if the network coding nodes has to waimunication applications have typically different impor-
for the reception of a given subset of packets before itance in regards to the quality of the decoded streams. The
could combine them. Delay is however a very impor-unequal importance of data is another characteristic that
tant issue in streaming applications that often imposehould be used for the design of efficient network coding
stringent timing constraints. In order to cope with thesolutions. It influences the choice of an appropriate trade-
buffering delay problem, the authors in [18] introduceoffs between size of the generation, delay and system
the concept ofgeneration A generation is a group of robustness. For example, the packets can be organized
packets with similar decoding deadlines, which can bénto classes of importance, and the coding operations can
combined together by the network coding operations. Thée adapted to each class, similarly to the concept intro-
generation of every packet is identified by a small headeduced in Prioritized Encoding Transmission (PET) [34].
of one or two bytes that is added to each packet. AtJnequal protection permits to recover in priority the most
the network nodes, the packets are stored into the buffémportant packets, even if the number of received packets
upon their reception. Whenever there is a transmissiors insufficient to decode all the data. The adaptation of
opportunity, the network coding node linearly combinesthe coding strategy to the particular characteristics of the
the available packets and transmits an encoded packet. Asultimedia packet streams can lead to efficient design
coding becomes constrained to the packets of the santede-offs with graceful quality degradations due to losses
generation, the resulting delay is limited. Obviously, theand reasonable end-to-end delay and complexity.
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Live streamm\
server

Figure 5. Peer-to-peer streaming. The stream originated from the server is forwarded by the different network peers so that it can reach all the
clients. The network nodes can implement network coding in order to increase the throughput and the robustness of the system.

V. APPLICATION OF NETWORK CODING TO MEDIA the push or pull strategies. In the first case, the packets
STREAMING are simply pushed through the different peers in a way

The application of network coding algorithms to mediath_at is determined by _the senders. In the pull scenario, the
streaming has to properly consider the specificities ofllents request specific packets or group of packets from
multimedia communication applications, such as stricthe source peers. Network coding can be beneficial in both
delay constraints, high bandwidth requirements, as weffases, as it helps to cope with the network dynamics.
as the unequal importance of the data that further presents Multimedia streaming systems employing network cod-
some tolerance to packet losses. The design of the systefy techniques have been motivated by the success of
has to take all these parameters into consideration in ord@yalanche [3], [4] which has been proposed for large scale
to produce efficient practical solutions with reasonablecontent distribution in peer-to-peer networks. It envisions
complexity. the deployment of huge overlay networks that allow

When properly designed, network coding is able tofast downloading. This distributed architecture improves
take advantage of the network diversity that consists isignificantly the file download time of BitTorrent [35].
multiple source peers and multiple transmission pathsavalanche does not necessitate random and local rarest
Network coding can be used to improve the throughpupackets policies of BitTorrent and other current protocols
of a streaming system, to reduce the end-to-end delay, @ince all packets have equal importance due to random-
to increase the robustness to packet loss, for examplgzed network coding. It employs a simple system that
It also provides an efficient solution that reduces theenables users to locate neighboring users with innovative
control overhead and avoids the need for reconciliationnformation for them. For penalizing selfish users a tit-
in distributed systems. We overview below the recenfor-tat approach inspired by BitTorrent is utilized. The
research works that have mostly focused on peer-to-pegeheme is extremely robust to random nodes arrivals and
multicast scenarios or wireless streaming applicationsdepartures. It also improves significantly the downloading

While this overview is certainly not fully comprehensive, times compared to traditional schemes that do not perform
it describes the most relevant research works in the spirgoding operations with packets.

of the present paper. One of the first works that has studied the performance

] of network coding in peer-to-peer (p2p) streaming has
A. Peer-to-peer streaming been proposed in [36]. Randomized linear network coding
Network coding finds a perfect application in peer-is implemented in a system called “Lava” in order to
to-peer multicast systems. Such systems have beconewaluate the tradeoffs and benefits of network coding in
recently very popular, as they rely on the bandwidthlive p2p streaming. The system offers network coding as
contributions from peers in order to reduce the loadan option in a pull-based p2p streaming solution that al-
on the main streaming server. Multicast streaming idows for multiple TCP connections for multiple upstream
implemented by forwarding the media packets from thepeers. Prior to transmission, the streams are divided into
servers to all the clients via other peers that are grouped isegments of specific duration, similar to the idea of gener-
an overlay or ad hoc configuration (see Fig. 5). The packedtion proposed in [18]. These segments are further divided
distribution is mostly organized in two modes, which areinto blocks that undergo network coding operations in the
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different peers. The peers periodically exchange messagesding scheme of [18] is adopted in this work due to its
to announce the availability of segments in a pull-basedow complexity. The construction of the layered meshes
manner. At any time, peers make concurrent requests faakes into consideration the overlapping paths in order
segments that are missing in their playback buffer byto exploit the network coding benefits. Depending on
addressing randomly one of the peers that possess tlige network state and the clients’ requirements, every
segment of interest. The peers then decode the segmeméxeiver determines the proper number of meshes that it
from their playback buffer in a progressive manner usinghas to subscribe to. The network throughput is finally
Gauss-Jordan elimination. The evaluation shows that thimcreased by network coding combined with appropri-
network coding scheme is resilient to network dynamicsate mesh organization. In the same spirit, the work in
maintains stable buffering levels and reduces the numbd#d1] proposes to split the bitstream into several sub-
of playback freezes. Network coding is shown to be mosbitstreams for streaming over peer-to-peer networks. A
instrumental when the bandwidth supply barely meets thaeighbourhood management algorithm is then used to
streaming demand. schedule appropriately the transmission of the different

Based on the encouraging results of [36], the samé&ncoded sub-bitstreams. Finally, the problem posed by
authors redesign the peer-to-peer streaming algorithm arfj€ heterogeneity of the receivers could also be solved
propose theR? architecture in [37]. Ink?, randomized by combining network coding with multiple description
linear network coding is combined with a randomizedc0ding as proposed in [42].
push algorithm to take full advantage of coding operations
at peer nodes. The peers periodically exchange buffé8. Resiliency to packet losses
maps that indicate the segments that have not been fully Network coding principles can also be used to in-

downloaded yet. The?* system sends the buffer maps crease the robustness of the streaming system. Multimedia
together with the data packets whenever it is possiblestreaming imposes in general strict timing constraints,
otherwise they are transmitted separately. The frequenGyhich may render some of the packets useless if they are
of these information’s exchanges has to be chosen higiite at the receiver. Overall, the system has to be robust to
enough, in order to avoid the transmission of red“”da”backet erasures and maintain low delay for improved per-

segments. Whenever a coding opportunity is detected, grmance. The increase of network throughput described
peer randomly chooses a video segment that the dowRy the previous section is only beneficial if the clients can
stream peer has not completely received and generategjacode the media packets.

network coded block. The segment selection is inspired one of the first attempts to realize some type of

from [38]. The system also uses large segment sizes igyding in the nodes of an overlay network is presented
order to avoid the transmission of too much overheagy, [43], [44]. The nodes are organized in multicast trees.
information by buffer map exchanges. The streams argome of them implement channel coding operations to
progressively decoded by Gauss-Jordan elimination, simpcrease the robustness of the system. These are called
ilarly to the Lava system described above [36]. TR  neqwork-embedded FEC (NEF) nodes and perform Reed-
system provides several advantages in terms of buffe§giomon (RS) decoding on the packets they receive. The
level and delay, as well as resilience to network dynamicsyecoded packets are encoded again with RS codes before
The scalability of the system is also increased. Most ofransmission to the children peers. NEF nodes permit to
these advantages are due to the combination of push-basg@ease the resiliency of the system, while avoiding a
methods with randomized linear network coding. waste of resources with strong end-to-end protection. A
The organization of the peers in the overlay networkgreedy algorithm determines the number of NEF nodes
has a large influence on the performance of the streamingnd their location. Only a few well-positioned NEF nodes
system. In particular, the delivery has to be organizedre sufficient to provide significant network throughput
in such a way that the bandwidth constraints can be@ains that result into a high video quality.
respected, and such that the clients with the smallest Similarly, decoding and encoding based on fountain
bandwidth do not penalize the performance of the overaltodes is performed in the network nodes in [45]. The LT
system. A method for constructing peer-to-peer overlaycodes [20] are used in this work since they perform close
networks for data broadcasting is proposed in [39]. Theo perfect codes and eliminate the need for reconciliation
overlay construction imposes that all the peers have thamong network peers and for packet scheduling. The
same number of parents nodes, which are the nodes thiatermediate network nodes wait for receiving a sufficient
send them the data packets. Such a constraint tends mumber of packets to recover the source content. Then the
distribute the load over the network. Network coding issource packets are re-encoded into a new set of LT packets
then used in the peer nodes for increased throughpubat differ from the packets produced independently in
and improved system robustness. One could also organitee other nodes. This is made possible by the rateless
the overlay into several layered meshes. Heterogeneoysoperty of LT codes, which allow for the generation of
receivers can then subscribe to some of the meshem infinite number of different packets. Decoding and
depending on their capacities [40]. The data is similarlyencoding in the nodes however come at the price of
organized into layers, and network coding is performedncreased complexity and delay. The network topology
on packets of the same layers. The practical networks however constructed such that minimal delays can be
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achieved. The streaming system is shown to be resilient One could also achieve different levels of protection
to network dynamics with an increased throughput due tdy changing the network coding scheme itself, where
the rateless properties of the LT codes. the coding operations are adapted to the importance of
Decoding operations in the network nodes could behe packets. Priority random linear codes are proposed
avoided and replaced by linear packet combinations. Thi [52] for data dissemination in peer-to-peer and sensor
work in [46] proposes to take benefit of the propertiesnetworks. Improved data persistence is achieved due to
of Raptor codes [19] that offer linear encoding andthe fact that the most important video data represents
decoding complexity and rateless characteristics. Packets combination of fewer source packets. In [53], the
are encoded with Raptor codes at the servers. The netwogkioritized encoding problem is casted as inter-session
nodes then selectively combine packets when they haveetwork coding problem [54]. In inter-session network
to compensate for packet losses and bandwidth variationsoding, combinations of packets from different informa-
Such a system does not necessitate the use of large buffeign sources are allowed when the clients simultaneously
in the nodes and the coding operations are kept very sinsubscribe to all sources. The layered data can then be
ple. This solution is advantageous in terms of delay anarganized into multiple pipes that convey the network
complexity compared to methods that would implementcoding packets. The data from the most important layer
Raptor decoding in the nodes, in a similar manner to LTtypically flows into the first pipe. The second pipe trans-
decoding in [45]. A rate allocation algorithm [47] further mit packet combinations from the first two layers. The
determines the optimal source and channel rates so thather layers are arranged similarly, and network coding is
the quality is maximized for the smallest capability client.applied on embedded sets of data. The packets from the
The resulting scheme is shown to be extremely robust tanost important layers are therefore used more frequently
network variations. in the coding operations, which lead to a higher recovery
Finally, network coding could also be used for recov-probability in a progressive decoding scheme. Competi-
ering from errors in broadcast applications. When clientgion between the packets of the different layers is avoided
experience errors, packets retransmissions rapidly lead such a scheme, which however requires as many
to bandwidth explosion as every client might request acoding buffers as the number of quality levels. Unequal
different packet. Network coding is helpful in limiting error protection can also be achieved by redefining the
the number of retransmissions since it replaces the raglobal encoding kernel (GEK) as proposed in [55]. This
transmission of original packets by the transmission ofipproach decomposes the network graph into connected
packet combinations that can be decoded at the clientine graphs with different coding operations, similarly to
For example, the work in [48] studies the problem of[25]. It optimizes the level of protection by solving an
broadcasting using network coding over one hop WiMAXexhaustive search problem.
networks. Network coding is applied whenever several
packet losses are reported. Such a strategy is shown
to be more efficient than state-of-the-art error resilient

transmission schemes. S . . .
Prioritized coding can further be achieved by organiz-

o ) ing the packets in multiple classes, depending on their
C. Prioritized network coding importance. For example, the work in [56] addresses
Media streams are generally characterized by packethe problem of streaming wirelessly some H.264/AVC
with different importance with respect to their contribu- encoded video content. Packets are grouped in different
tion to the quality at the decoder. Network coding canclasses, and frame dependencies are further taken into
adapt to this property by handling the packets accordingccount for determining the optimal network coding op-
to their priority. Network coding based on Prioritized erations for each class. The coding choices are deter-
Encoding Transmission (PET) [34] principles has beemmined locally in each node by estimating the number
initially proposed in [18], where data of high importance of innovative packets received by each client. However,
receives a high level of error protection by means of ahe coding decisions are still complex to compute due
proper arrangement of the data blocks in the encodingp the high number of dependencies between packets.
matrix. Unequal error protection is also proposed in [49].Another network coding algorithm that considers the
The PET algorithm is replaced by a MD-FEC schemespecific importance of media packets in order to prioritize
[50], which seeks for the distortion-minimal source andthe delivery of the most important packets is proposed in
channel rate allocation for the given channel conditions[57]. Media packets are grouped into classes of different
Prioritized network coding is applied to scalable videoimportance and unequal protection is achieved at each
streams in [51]. Data is segmented and interleaved in theode by varying the number of packets from each class
coding matrix, in such a way that the base layer typicallythat are used in the network coding algorithm. A low
receives more redundancy bits than the enhancemenbmplexity greedy algorithm is used locally in each
layers. Classical network coding is then performed omode in order to determine the best coding choice. The
packets of the same generation. The proposed schempeoposed scheme outperforms baseline network coding
is shown to outperform other solutions based on eithealgorithms that do not take into account the importance
routing or routing with replication policies. of the packets for the delivery of layered media streams.
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D. Adaptivity and opportunistic coding used to reconstruct parts of the signal without permission.

Network coding can also be applied for media streamMalicious nodes could also introduce corrupted packets
ing on shared communication medium. When packe@‘”d therefore penalize the performance of the system [61].
transmission can be overheard by multiple nodes, re- Nevertheless, content-aware network coding and pri-
ceivers could build up a buffer of packets that can be use@ritization techniques have surely a strong potential and
to decode the successive packets. The senders can tH08y improve the quality of the multimedia services and
use some knowledge about the receiver status to Optimiigcrease the robustness of the transmission. The choice
network coding operations and reduce the overall trans@f the right trade-off between delay, coding efficiency
mission costs. The COPE architecture has been present@fd complexity is still an open issue in network coding.
in [58] for communication over wireless mesh networks. The use of hybrid methods that exploit both the benefits
It introduces the concepts of listening and opportunisticf channel coding and network coding might provide
coding. The antennas listen to the broadcast channel argteresting solutions to this compromise. We finally ex-
acquire packets that are stored temporarily in their bufferg?ect that network coding will become a key technology
When the sender is informed about the receiver statudor multimedia applications where the communication is
it could determine packets’ combinations that maximizePerformed in random networks with diversity.
the probability of decoding for a maximum number of
clients. For video transmission, the selection of network ACKNOWLEDGMENT
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