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Abstract—We consider the problem of error control for receiver- on the order of tenths of a second, and even compared to
driven layered multicast of audio and video over the Internet. The  media-on-demand, which may have delay requirements on the

sender injects into the network multiple source layers and multiple 4oy of seconds because of interactivity features such as fast
channel coding (parity) layers, some of which are delayed relative f di indi d tarti

to the source. Each receiver subscribes to the number of source '0rWarding, rewinding, and restarting. .

layers and the number of parity layers that optimizes the receiver’s However, error control for the broadcast application is more

quality for its available bandwidth and packet loss probability. We  difficult than for other communications applications in another
augment this layered FEC system with layered pseudo-ARQ. Al- important way: heterogeneity. In a heterogeneous environment
though feedback is normally problematic in broadcast situations, - g\,ch as the Internet, the one-to-many nature of broadcast guar-
ARQ can be simulated by having the receivers subscribe and un- L

subscribe to the delayed parity layers to receive missing informa- _antees Fhat the communlcathn channel_s between the sender a_nd
tion. This pseudo_ARQ scheme avoids an imp|osion of repeat re- Its recelivers are eXtremely d|Verse. Th|S means that communi-
quests at the sender and is scalable to an unlimited number of cation with each receiver must proceed over an essentially un-
receivers. We show gains of 4-18 dB on channels with 20% lossknown channel. In the Internet, the heterogeneity is so large that

over systems without error control and additional gains of 1-13 ; ;

dB when FEC is augmented by pseudo-ARQ in a hybrid system. error C??trOI tatlr'g?te(:jj[o tbhe V\:jorStfase C??anLEas Is done inthe
Optimal error control in the hybrid system is achieved by an op- case of terrestrial radio broadcast) is no ea_5| _e.

timal policy for a Markov decision process. There are many sources of heterogeneity in the Internet.

s o480, e coneston,FEC, s dsn SN0V co vy by e or more orders of agniue
process, multicast, multimedia communication, packet audio, ; . '
packet video, rate-distortion optimization. across different links. Packet loss probabilities can also vary by
many orders of magnitude, from near zero to tens of percents,
across different routers. Likewise, both delay and jitter can
vary by several orders of magnitude across different network

HIS paper addresses the problem of error control for rpaths. Moreover, all of these quantities can vary over time,

ceiver-driven layered multicast. The application scenarigs competing communication processes begin and end. In the
is that of broadcasting live or prestored audio and video over thiure, heterogeneity will only increase, as both variable-band-
Internet to potentially millions of simultaneous receivers. Thigidth mobile units and ultra high speed links are added to the
problem is important to address as the Internet moves to amgtwork.
ment or supplant existing radio and television distribution sys- Existing systems for multimedia broadcast deal with band-
tems and as it begins to provide a broadcast infrastructure Yaidth heterogeneity in the Internet in one of two ways: either
new smaller markets, such as the distance learning market. by simulcasting the content at a variety of bandwidths (e.g., at

Error control for the broadcast application is an easi@8 Kbps and 56 Kbps) or by layered coding. Layered coding,
problem than for other communications applications in or@so known as scalable, embedded, or progressive coding, is
important way: delay. Broadcasting has rather loose deltie basis of the Receiver-driven Layered Multicast (RLM)
requirements, possibly in the tens of seconds, comparedsaheme, pioneered by McCanne [1] and others. McCanne’s
telephony and conferencing, which have delay requirememasilticast backbone (MBONE) toglic implements RLM by

coding video in multiple layers and broadcasting (actually,
multicasting) each layer to a different multicast group. Each
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difficult to achieve. (However, there are a number of recenbte that such redundancy is sémtieu of packets containing
papers suggesting that the performance gap between laydesd important source information and hence the use of error
and monolithic coders is closing [2]-[5].) Commercial systemsontrol does not increase congestion. Rather, when congestion
typically simulcast their content at a variety of rates. Becausentrol mechanisms are in place, error control simply changes
each receiver determines which multicast group it will joirthe source/redundancy mix, so that the information that is trans-
this is also a receiver-driven scheme. However, it does nwoitted is more robust to ambient packet loss. In this work, we
achieve the network bandwidth efficiencies of RLM, nor is iassume the existence of a congestion control mechanism and
as bandwidth adaptive as RLM. solve the problem of optimal error control given a transmission
Existing research and commercial systems for multimediate and packet loss probability.
broadcast also deal with packet loss heterogeneity in the InterneThe remainder of this paper proceeds as follows. Section I
in a variety of ways. These will be discussed in the next sectiatescribes related work. Section 11l describes our source coding
In our work, we simultaneously address both packet lossid packetization model. Section IV describes our channel
heterogeneity and bandwidth heterogeneity in a unified reeding (FEC) model, while Section V describes our algorithm
ceiver-driven framework, using layered channel coding as wédir locally optimal selection of source and parity information
as layered source coding. Layered source coding is accdm-this model. Section VI describes our pseudo-ARQ and
plished with any of the usual techniques, while layered chanrsibrid FEC/ARQ models, while Section VII describes our al-
coding is accomplished using a systematic rate-compatilgerithm for optimal error control in these models. Section VIl
Reed-Solomon style erasure code. The sender multicastsdakcribes how overall rate control could be performed in a
of the source coding layers and all of the channel codingceiver, Section IX presents analytical and simulation results,
(i.e., parity) layers to separate multicast groups. Each receiagrd Section X summarizes and concludes.
subscribes and unsubscribes to the multicast groups to adapt
to changing bandwidth and packet loss conditions. After
estimating the bandwidth and packet loss probability of its
channel, each receiver computes the optimal allocation of theOur multicast system can be regarded in various ways. Those
available transmission rate between the source and charfastiliar with RLM can regard the system as an error control
codes (which generally results in unequal error protection fextension to RLM. Those familiar with joint source-channel
the different source layers) and joins the multicast groups fooding (JSCC)—in particular layered source coding with
the optimal collection of source and channel layers. This FE@equal error protection—can regard the system as adaptive
system can be hybridized with a pseudo-ARQ system, in whidBCC with receiver feedback. Those familiar with hybrid
ARQ is simulated by the sender continuously transmittingEC/ARQ can regard the system as an extension of hybrid
delayed parity packets to additional multicast groups. THEC/ARQ to layered coding. Those familiar with reliable
receivers can join and leave these multicast groups to retrigualticast techniques can regard the system as an adaptation of
information lost in previous transmissions, up to a given delapme of these techniques to real-time multicast.
bound. The optimal algorithm for a receiver joining and leaving Given the many possible interpretations of our work, the
multicast groups is equivalent to the optimal policy in a finitamount of related previous work is far too great to cover here.
horizon Markov decision process, which contains the optimdéfe cite here only a personally motivating subset. Unequal
allocation for pure FEC as a special case. For channels witror protection (UEP) using rate-compatible codes is an old
20% ambient packet loss, compared to standard RLM (withddea, going back at least as far as the 1970s. It was popularized
error control), receiver-driven layered FEC gains 4-18 dBy Hagenauer [11] and subsequently was used extensively in
and receiver-driven layered hybrid FEC/pseudo-ARQ gains aading speech for wireless communication. It was rediscovered
additional 1-13 dB, for a total of 5-31 dB. and adapted to packet networks by Albanesal.[12] in their
In contrast to error control, congestion control is outside th@iority encoding transmission (PET) scheme. PET achieves
scope of this paper. The purpose of congestion control at a k=P by varying the source blocklengt across the different
ceiver is determining the transmission rate at the receiver so teatirce layers while keeping the channel blocklenyttixed.
the receiver’s traffic does not cause congestion, and subsequiris permits PET to have a packetization scheme that ensures
packet loss and delay, in the network. Examples of receivéhat the source layers in a channel block can only be lost in
driven congestion control mechanisms can be found in the origrder. Optimization of the rate allocation in such a scheme was
inal RLM work [1] and in more recent work on TCP-friendlyaddressed by [13]-[17]. UEP can also be achieved by fixing
audio and video transmission [6]-[10]. However, because cdhe source blocklength and varying the channel blocklength
gestion control at a receiver cannot reduce ambient packet Idésacross the different source layers. Optimization of the rate
caused by other applications’ traffic, error control is needed allocation in this second scheme, in which the source layers
addition to congestion control. can be independently lost, was solved approximately by [18],
Thus error control is the focus of this paper. The purpose 9] and exactly using dynamic programming by [20]. We
error control is to use the available transmission rate, as detgvive the problem without approximation, using an iterative
mined by the congestion control mechanism, to mitigate the efescent algorithm. An asymptotic analysis of the optimal
fects of packet loss. Error control is generally accomplished Bpurce-channel rate allocation was performed in [21].
transmitting some amount of redundant information to compen-Automatic repeat request schemes have a long history in
sate for the loss of potentially important packets. It is critical tdata communication. However, joint source-channel coding

Il. RELATION TO PrREVIOUS WORK
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with feedback has not been examined until recently. In [22]ye limit our experimental results to analysis and simulation.
the receiver can indicate to the sender whether or not Wée believe that our work and the work of Tan and Zakhor are
send additional packets of parity information generated bynautually supportive.
rate-compatible convolutional code. In that work, Chaetlal.
identify the optimal receiver strategy as the optimal policy in
a finite horizon Markov decision process. We generalize this
to the case where the receiver can ask for a variable number ol this section we outline our background assumptions related
parity packets, hence we owe a particular debt to their woro. source coding and packetization. Readers requiring back-
The problem of joint source-channel coding with feedback ground on multicast are referred to [28], [36].
also addressed in [23]-[27]. We assume that the source is encoded by a layered source
The multicast community has also done a fair amouwrbder, such as three-dimensional (3-D) SPIHT [2] for video or
of work on error control mechanisms for both reliable andne—dimensional (1-D) SPIHT [37] for audio, which produces a
real-time multicast. For reliable multicast, which is used faget of elementary bit streams, or source layers, with unbounded
broadcast of bulk data (e.g., distributed database updatdstation, bounded bit rate, and a common, finite decoding delay,
software updates, and the like) ARQ-based error control mecuch that nested subsets of these source layers are decodable to
anisms are usually proposed. To avoid the implosion of repeatevel of quality commensurate with the total bit rate of the
requests upon the sender, most of these schemes (SRM, RMsTBset. Such a set of source layers can be produced by blocking
RAMP, RMP, ...) use explicit hierarchical re-transmittershe audio or video sequence into groups of frames (GOFs), in-
scattered throughout the network or local recovery techniquggpendently encoding and packetizing each GOF, and assigning
[28]. Using hybrid FEC/ARQ, Nonenmachet al. [29] show one packet from each GOF per source layer. One way to do this
that hybrid FEC/ARQ can dramatically reduce the netwoiik to encode each GOF as an embedded bit string, partition each
traffic for retransmissions by answering multiple NAKs fromembedded bit string into a sequence of packets, and assign the
different receivers with a single parity packet. Byetsl.[30] /th packet to thdth source layer] = 1, ---, L, as shown in
take this idea to an extreme in an ingenious scheme that ubés 1. Typical parameters for such a construction might be the
pure FEC for reliable multicast with no retransmissions, bipllowing, for a 16 fps QCIF 144 x 176) video sequence: 16
continuously multicasting a revolving stream of FEC packetg&ames per group of frames, 50 packets per GOF, and 1000 bytes
Interested receivers join the multicast group to “drink” fronper packet payload. This implies that a GOF has a duration of
this “digital fountain” just long enough to receive enough FEQ s; that there are 50 source layers; that each source layer has a
packets to recover the original data. We borrow from thesd rate of 8000 bps (not including packet header information);
ideas for real-time multicast by multicasting FEC packetnd that a receiver that subscribes to all 50 source layers can
continuously from the server. This technique simultaneousligcode the video to about 1 bit per pixel (400 Kbps). With this
satisfies a large range of retransmission requests and obviatesice of parameters, the packet sizes are big enough that the
the need for explicit retransmissions. packet header information is a small fraction of the total data
For real-time multicast, simple error resilience is used in thate (about 5%). In addition, each GOF has a long enough dura-
earliest MBONE tools (e.g., the network video tawm), while tion so that the bit rate of each source layer is sufficiently small
a form of FEC is used in later MBONE tools (e.g., the rofor relatively fine-grained rate adjustments (8 to 400 Kbps in
bust audio tookat ). A more recent proposal, layered videsteps of 8 Kbps) and sufficiently long so thatindependent coding
multicast with retransmission (LVMR) [28], borrows its hier-of each GOF is not unduly inefficient. Finally, each GOF has a
archical retransmission strategy from various reliable multicagtiort enough duration so that delays equal to small multiples of
schemes. Commercial systems can be found in all three cdtds duration, required for error control methods, are not objec-
gories: Real Networks uses ARQ to the server for small multionable to the end user. The optimal choice of such parameters
cast applications and uses error resilience for scalable (largeyomplicated; we do not address it here.
multicast applications. Microsoft Windows Media uses FEC, There may also be other methods of producing such a set of
whose Reed-Solomon parameters are fixed for all receivers isaurce layers. For example, after blocking a video sequence into
session, but are adjustable by the content creator. We think thedups of frames, one could independently encode each GOF
our work goes significantly beyond the state of the art in erramto I, P, and B frames using a standard video coder, packetizing
control for real-time multicast. | frames in a set of base layers, P frames in a subsequent set of
In contemporaneous independent work, Tan and Zakhemhancement layers, and B frames in a further set of enhance-
developed a system very similar to ours. They first pranent layers.
sented their system in [31], [9], [32]; we first presented our Regardless of how the source layers are produced, we assume
system in [33]—-[35]. Tan and Zakhor do not explicitly proposthat they have a dependency relationship that can be character-
pseudo-ARQ. However, in a clever trick, they delay some pariiged by a directed acyclic graph. More specifically, we assume
information to allow receivers to trade delay for redundancthat there exists a single directed acyclic graph that for every
Most significantly, they also implement TCP-friendly congessOF characterizes the dependencies between the packets of the
tion control and deploy it in a real system (though in a limite@OF. For example, if the frames of the GOF are encoded by a
way) over the MBONE. In contrast, we focus on the receiverstandard video coder as IBBPBBPBBP frames and packetized
optimization algorithms, on the extension of the FEC systemwath one packet per encoded frame, then the dependencies be-
hybrid FEC/ARQ, and on distortion-rate performance analysisveen packets can be characterized by the graph illustrated in

Ill. PRELIMINARIES
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Fig. 2(a). Similarly, if every GOF is encoded into an embedded ©
bit string that is partitioned into a sequence of packets, then the Fig. 2. Dependency graphs between packets in a GOF.
dependencies between packets could be characterized by the se-

quential dependency graph illustrated in Fig. 2(b). Hybrids @&jved. Note thaf, <; depends on the channel model and pos-
these are also possible. For example, typical dependenciesdfy on packet transmission sequence. If the packet losses are
MPEG-4 fine grain scalability mode are illustrated in Fig. Z(C)ndependent with probability, thenPy < = (1 — 6)|{z’: U=y

We simply assume that the dependency graph is known atthe d&t js an interesting problem to find a pruned subgraplof
coder, along with the qgantmezs}%l 2 0 andAD; > 0 ateach a given graphGi,.. that minimizesD(G) subject to a con-
node! of the graph, which respectively represent the expecteg zint onR(G). By considering only those grapld on the
increase in rate (per group of frames) if packet transmitted |5\ver convex hull of the sef(R(G), D(G)): G = Guax}

and the expected decrease in distortion (per group of frameshis roplem can be simplified to finding @ that minimizes
packet! is decoded. _ D(G) + AR(G) for some Lagrange multipliek > 0 corre-

We now derive an expression for the expected rate and digsonding to the rate constraint. It can be shown that the sequence
tortion corresponding to any.pruned subgraph of a given d@rgraphsGmaX, G, Ga,, -+ - minimizing D(G) + AR(G) for
pendency graph. We say thtis apruned subgraplof Gmax,  an increasing sequence of Lagrange multipliers \; < A\ <
written G X Guax, if G is a subgraph o&.,.x and for every g nestedG .. = Gy, = Gy, = ---. Furthermore, i,

nodel in G, all of its ancestors i, are also its ancestorsig 5 tree dynamic programming can be used to6id38]. Un-
in G. We writel’ < 1if I is an ancestor of (or equivalently fortynately, if G,y is NOt a tree, dynamic programming cannot
if 7 is a descendant df). Let Giax be the dependency graphye ysed. However, it is possible to fié using a simple itera-

for all available source layers, i.e., all source layers multicagle method, which will be described in Section V. This iterative
by the sender, and I€t be the pruned subgraph ... cOrre-  method will also be able to solve the problem of optimally allo-

sponding to the source layers to which a receiver has subscribgging rate between source and channel codes on such graphs.
(We assume that if a receiver subscribes to a source layer then

it also subscribes to all source layers on which it depends.) The
transmission rate requested by the receiver is thus the sum of

source layer 1

IV. FEC CoDING MODEL

AR, over all the nodeg in G- In this section, we outline our model for channel coding and
packetization. We assume that channel coding for each source
R(G) = E AR;. . . "
e layer is performed as follows. Each source layer is partitioned
<

into coding blocks havind{ source packets per coding block.
Similarly, the expected distortion experienced by the receiveriie blocksizek is constant across all source layers and in fact
the block boundaries are synchronized across the layers so that
D(G) = Do — Z Prz1AD; K represents the overall coding delay. For example= 8

tea implies a coding delay of 8 s, if a group of frames has a duration
where Dy is the expected distortion when the rate is zero (i.ef 1 second.
when the receiver does not subscribe to any source layers) anBor each block ofK source packets in a source layer, we
Py < is the probability that packétand all its ancestors are re-assume thafV — K parity packets are produced using a sys-
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tematic(N, K) Reed-Solomon style erasure correction cod <— K —

The “code length”V is determined by the maximum amourn [ s | (50 | [Sre | S ) [So] [Smee source layer /
of redundancy that will be needed by any receiver to prote '

the source layer/{ may vary across source layers). TNe— P, .. parity layer £.1
K parity packets are generated bytewise from fiesource

packets, using for each byte the generator matrix from a s\ P ..o parity layer 1.2
tematic Reed—Solomon style code over the finite Galois fie , R
GF(2%). That is, if the source packets, ---, sk are inter- l Pis e pantylayerl
preted as fixed-length column vectors of bytes dnds the — time —»

K x (N — K) matrix for generating the parity portion of a

systematic Reed—Solomon type code, then the parity pack@?sa Generation of parit_y packets: block each source Iayerfnhmackets _
per block; apply a systematic Reed—Solomon type code (bytewise) to packets in

P1, -, PN-K &€ computed by block to produceV — K parity packets; send each parity packet to a different
multicast group.

[s1 -+ sk]P=[p1 -~ PN-K]

1
SinceP is constructed such that ad§ columns ofG = [P ] et :l
are linearly independent, any received subseko$ource or [
parity packets can be used to reconstruct the origihaburce  gmz || ]| |
packets, by multiplying the received packets by the inverse —
G,., whereG,. consists of thé< columns ofG corresponding to  #rer 3 | .
K of the received packets.

Each of the parity packets so generated is placed in its o\

L

]
|

|
i

multicast stream, so that each source layer (at rate 1 packet isyuri I 1 1 - |:|
GOF) is accompanied by — K parity layers, each at ratg K K ¥ ™
packets per GOF, as illustrated in Fig. 3. Thus areceiver now t L smess layers 1K parity layers per sounce laver

many layers to which it can subscribe. It can subscribe to any
collection of source layers and any collection of parity layefSg. 4. Source and parity packets multicast by the sender every code block,
associated with those source Iayers identified by the layers they are in. The packets in the shaded area are those to
. . . L which a hypothetical receiver subscribes.
The coding delay illustrated in Fig. 31§ = 3 GOFs. To see P
that, assume that the delays due to computation and transmisa’q

are zero, so that the end-to-end delay (which in general is equ |F)ert—EIIiot hidden Markov model, according to which the
' y 9 qcﬁannel changes infrequently between “good” and “bad” states,

to the sum of coding, computation, and transmission delays)\/\'/?]ile within each state packet losses are independent and iden-

qual to the coding delay only. Th'e sender buffers frames as trt]ﬁ:\élly distributed. Accordingly, in our system, we assume that
arrive. When a group of frames is accumulated, the sender jj1- ; o
. . e underlying packet loss probabilityis constant over each
stantly encodes, packetizes, and transmits the group of frames . o : .
. code block. It is the responsibility of the receiver to update its

After K such groups of frames, the sender instantly computés . . .
7 : . " eStimate of this quantity after each code block, as well as to up-
the N — K parity packets and transmits them. The receiver in-_ . . . . - .
. date its estimate of the available transmission rate. This respon-
stantly recovers as many source packets as possible from there-: ™ . . .
SiDjlity is described further in Section VIII.

ceived source and parity packets, and decodes them. Playba ig. 4 depicts the source and parity packets multicast by the

begins after exactl GOFs of coding delay. Of course in a realseﬁﬂlder for every code block, identified by the layers they are in.

system computation and transmission delays are nonzero qn e figure, L is the number of source layet&, is the number

S n
the end-to-end delay may be significantly more tEaiGOFs. of source packets per code block per source layer Xind i

is the number of parity packets per code block per source layer.
Thus there aréV — K parity layers associated with each source

In this section, we solve the problem of finding the collectiofayer. The packets/layers in the shaded area are those to which a
of source and parity layers to which the receiver should sulbypothetical receiver subscribes. L2étbe the number of source
scribe in order to minimize its expected reconstruction errgrlus parity packets in the code block for source layerwhich
given that the receiver’s channel from the sender has a fixtétk receiver subscribes. Théh takes the value 0 if the receiver
packet loss probability and maximum transmission rate. Fatees not subscribe to source layer any of its associated parity
mally, this is equivalent to the problem of optimal allocation ofayers; it takes the valu& if the receiver subscribes to source
transmission rate between source and channel codes. layerl but to none of its associated parity layers; and it takes the

We assume that all packets transmitted within the time pealuesK + 1, ---, N if the receiver subscribes to source layer
riod of a K-GOF code block are lost independently with soméand1, ---, N — K of its associated parity layers, respectively.
probability e. Although in the Internet packet losses appeatet the redundancy, = N;/K be the number of packets per
to have a very long term correlation structure [39], over reGGOF transmitted to the receiver in laylerhe redundancy; is
atively short periods of time (e.gi GOFs) the packet loss the inverse of the rat&’/N; of the (N;, K') erasure correction
probabilities appear to be approximately independent. Indeedde that the receiver will use to recover any missing source
a common model of packet loss in the Internet is the two-stgiackets in layer.

V. OPTIMAL SELECTION OF SOURCE AND PARITY LAYERS
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The vectorp = (p1, ---, pr) is called therate allocation wheree(p;) =1 —EI,gl) =(1-MKp, K)/K) = P{I,gl) =
vectorin this paper. The rate allocation vector specifies whidh} is the residual probability of packet loss after channel de-
source layers to subscribe to, and also which parity layersdoding.
subscribe to for each source layer. In this way, the rate allocaWith (1) and (2) for the transmission rate and expected dis-
tion vector specifies the allocation of the total transmission rag@rtion for any given rate allocation vector now in hand, we are
between source and parity layers. able to optimize the rate allocation vector to minimize the ex-

Any given rate allocation vectgrinduces a total transmissionpected distortion subject to a transmission rate constraint. By
rate and an expected distortion. The total transmission rateréstricting ourselves to solutions on the lower convex hull of

terms of transmitted packets per GOF, is given by the set of rate-distortion paifg R(p), D(p)}, we can solve the
problem by finding the rate allocation vectpithat minimizes
R(p) = Z o1 (1) the Lagrangian
4

This is just the total number of packets in a block to which ihd(P) = Dlp) + AL(p)

receiver subscribes (i.e., the number of packets in the shaded

area in Fig. 4) divided byx. =Do+ Y _ || -JI@—elor) | AD 4+ 2pi| . (3)
The expected distortion for a given rate allocation is some- ! r=i

what more complicated to express. For each source p&cket

1,--- K in layerl to which the receiver subscribes ép be The solution to this problem is completely characterized by

the indicator random variable that is 1 if the receiver can r he set of distortion incrementa.; (which are Qetgrm|ned
)_the source, source code, and source packetization) and the

cover the source packet after channel decoding, and is 0 ofh-. - ) o .
erwise. Then the probability that the receiver can recover t %S|dual loss probability function(p) (which is determined by

source packet after channel decoding is giverﬂkf)%l). Actu- e channel, channel code, and channel packetization). This sim-

. . plifies the problem of determining the quantities needed for
ally this quantity does not depend énbecause by symmetry, L NP . :
. o the optimization. However, the minimization itself is compli-
the random variableg,’, k = 1, ---, K, are exchangeable.

cated by the fact that the expression for the distortion cannot

Hence be split into a sum of terms each depending on only a single
1 o1, as is usually the case in bit allocation problems. By approx-

Z I;El)] =% M(N;, K)  imating the Lagrangian, the optimal rate allocation was solved
k (approximately) by [18], [19] in the case of sequential depen-

P{r =1} =E1Y = %E

. dence [shown in Fig. 2(b)]. Quite recently, Chande and Far-
whereM (N, K)is the expected number of source packets thagrdin showed how to solve the problem exactly, using dynamic

X . Vi
fﬁ;sbfurrizogﬁéeda?if:er (:::ig?E)lsdseecsog:zgrm((teNand{gr?fv(\jlﬁﬁlf ; rogramming [20], also for the case of sequential dependence.
bility ¢, then whlZnNyE K P P gre, we solve the problem using an iterative descent algorithm.
' t= The advantage to the iterative descent algorithm is that it han-
N dles the case of packet dependencies given by a general directed
M(N;, K) = Z <N1> N1 — )" M(N;, K|i) acyclic graph. It also easily generalizes to the case where error
i—o \ ¢ control is performed by a hybrid of FEC and ARQ, which we
) ~consider in Section VII.
where M (N, K|i) equalsK if < > K and equalsK/Ni if oy jterative approach is based on the method of alternating
¢ < K. WhenN; = 0 (i.e,, when the receiver does not subyariaples for multivariate minimization [40]. The objective
scribe to layer), then M(N;, K) = 0. Now, thekth source fynction J(py, --- . py,) in (3) is minimized one variable at a
packet in layerl can be decoded if and only if it and all oftime keeping the other variables constant, until convergence.
its ancestors can be recovered after channel decoding, i.egdfpe precise, lep® be any initial rate allocation vector and
and only if the producHl,<lI,El) equals 1. When this packetiet () = (,{" ... sV pe determined for = 1,2, ---,
is decoded, then the reconstruction error reduces by a randggioliows. Select one componeht € {1,---, L} to op-
quantity, sayAdff). Otherwise the reduction in reconstructionimize at stept. This can be done round-robin style, e.g.,
error is zero. Since this random reduction in reconstruction ermor—= (¢ mod 7). Then forl # I,, let pgt) — pgt—U, while for
is independent of the packet loss process,etgectededuc- | — 7. |et

tion in reconstruction error is given by[[ ], -, I,El,)] x ADy,

where AD; = EAdg). That is, the expectation factors. Fur- p?) = argmin J (pY), e pgf;)l, Pl pEQl, e p(Lt))
thermore, if the packet losses across layers are independent, r l o

then the expected reduction in distortion factors still further: = argmin 5 elpr) + Am (4)
1L« EI,EI ) % AD;. Hence the expected distortion (per GOF)

for the given rate allocation vectpris where (4) follows from (3) with

D(p) = Do — Z H (1—e(pr)) | AD, 2) Sl(t) = Z H (1 —€ (pg,t,))) ADy.

l/zl l”jl,
l vl Ul
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The factorS; can be regarded as the sensitivity to losing a 4
source packet in laydr, i.e., the amount by which the distor-
tion will increase when a source packet in layetannot be
recovered, given the current amount of erasure protection on
the other layers. Another interpretation $f is as the partial
derivative of (2) with respect te; = ¢(p;), evaluated ap®.

See [34], [35].

Now, the solution in (4) is simple: sef; equal to the re-
dundancy at which the line at slope\ supports the graph of
Sl(t)e(p), as shown in Fig. 5. This is equivalent to the redun-
dancy at which the line at slope)\/Sl(t) supports the graph of
¢(p). Inthis way, the rate allocation vectof) is determined and
the process is repeated unfi(p®*’) converges. Convergence
is guaranteed, becauskp(®)) is nonincreasing and bounded | s, J| Sut || Suz | Sus || 5
below. By adjusting\, the overall rate constraint can be met.

Sl(t)_ Sl(f)g (p)

Fig. 5. Solution toarg min,, SPe(po) + Ape.

— time —»

s || Sis source layer

; ; ; ; ; i 1st delayed
The algorithm is a descent algorithm, which in principle s || || S ] Sue || Sus | Sua ] = eouren ayer
may get stuck in a nonglobal minimum. However, we hav
. 2nd delayed
never (knowingly) observed convergence to such a nonglot | Siz || Sy.1 || S || Sit || Sz || Sua source layer
minimum. In our experiments, we have always started witn
the initial rate allocation vector qual_t(d, 1.7 -+, 1) and  Fig.6. Pseudo-ARQ forasingle source stream. Delayed versions are multicast
cycled through the components, beginning with the componeatiifferent multicast groups.
associated with the root of the dependency graph (i.e., the base
layer) and ending with the components associated with the —— K=3 —
leaves. e souree layer!
The resulting rate allocatiop;, -- -, p}, in general will not o . partylayer 1.1
be equal across layers, because the packet loss sensitivities -
S1,---, Sr in general are not equal across layers. Thus the Pug v Panylavere?
layers are provided with unequal amounts of protection. Py | - paritylayeri

& W=2 decision epochs —

VI. PSEUDO-ARQ CODING MODEL ) ) . .
Fig. 7. Hybrid FEC/pseudo-ARQ for a single source stream. Delayed versions
Even with unequal error protection, FEC does not achieve tpfdhe parity packets are multicast to different multicast groups.
capacity of the packet erasure channel, except in the limit of
large blocksizes. ARQ, on the other hand, makes optimal usave messages into the network. To the sender, pseudo-ARQ
of the forward channel by transmitting only as many redundalaioks like ordinary multicast, while to the receiver it looks like
packets as lost packets. In addition, it adapts automatically to threlinary ARQ. Thus “pseudo-ARQ,” as it is referred to in this
packet loss probability. For these reasons, ARQ is used extpaper, uses the existing multicast protocols to avoid the problem
sively for data transmission and even for real-time media trara-the repeat-requests imploding upon the sender or upon other
mission, such as video-on-demand. But in the broadcast cadesignated retransmitters, but in other ways it is completely
ARQ is usually regarded as impractical because of the feedbadjuivalent to ARQ. The mechanism is completely scalable, to
(negative acknowledgment, NAK, or repeat-request) implosi@m unlimited number of receivers, with no explicit retransmit-
problem. However, we observe that for broadcast of real-tiners or additional servers.
media, the delay is bounded, so that the number of repeat-rein pure pseudo-ARQ, the number of delayed versions that
quests has to be limited to a finite number. In addition we olbaust be multicast by the sender is proportional to the delay
serve that for very large numbers of receivers, each packet viiund. Because this number can be excessively high, we actu-
be lost by at least one receiver. With these observations, it maki#lg advocate a hybrid of FEC and Pseudo-ARQ techniques,
sense for the sender to repeatedly retransmit all of the packietsvhich the sender delays the parity packets rather than the
all of the time, up to the delay bound. source packets themselves, so that the “repeated” informa-
This leads to the idea of pseudo-ARQ, illustrated in Fig. 6, ition is actually parity information. Fig. 7 illustrates hybrid

which the sender transmits delayed versions of the source to iEC/Pseudo-ARQ for one source layer, blocked as before for
ferent multicast groups. If a receiver loses a packet, it can obtdinh = 3 source packets, each block produciNng— K = 3
a repeated packet by joining (and soon leaving) the multicaetrity packets, two of which are delayed by one code block
group to which the delayed version of the source is transmittédto a second “epoch” of parity packets for the block. The
If it loses the repeated packet, then it can obtain a re-repeatediing delay for this system (six) is the blocklength (three)
packet by joining and leaving the multicast group to which a futimes the number of epochs (two). Other hybridizations are
ther delayed version of the source is transmitted, and so on, uatdo possible, each with an arbitrary number of epochs, and
the packet is received or the delay bound is reached. In this wag, arbitrary number of parity packets per epoch. The coding
a receiver effects a repeat request by sending a pair of join atelay is always the product of the blocklength and the number
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The assignment of actions to trellis states is callpadlecy and
the optimal policy, in our context, is the one that minimizes the
expected cosb+ AR of traversing the trellis il steps starting
from a known initial state.

! Fig. 9illustrates the trellis for the FEC/Pseudo-ARQ example
/ of Fig. 7, in which the blocklength is three, and the number of
| epochs (or steps) is two. Starting from a known initial state for
! each block, the receiver can subscribe to 0, 3, or 4 packets in the
firstepoch and 0, 1, or 2 packets in the second epoch. These sub-
i scriptions are the receiver’s actions. If the receiver subscribes to
no packets in the first epoch, then it cannot receive any packets
and ends in a final state without receiving any source or parity
packets. However, if it subscribes to 3 (source) packets, then it
can receive 0, 1, 2, or 3 source packets (and 0 parity packets),
while if it subscribes to 4 (3 source plus 1 parity) packets, then it
‘ canreceive 0, 1, 2, or 3 source packets and O or 1 parity packets.
%00 1000 |n these cases, if it receives a total of three or more packets,
then it can reconstruct all three source packets and reach a final
Fig. 8. Expected number of redundant packets transmitted per block $tate. Otherwise, if it receives fewer than three packets, then it
a function of the number of independent receivers. Solid line is hybriggn subscribe to 0, 1, or 2 parity packets in the second epoch
FEC/pseudo-ARQ; dashed line is pure pseudo-ARQ. with the associated possible outcomes. Each path through this
state space has a cost in termgbf AR and each receiver must
of epochs. Source packets are sent only during the first epodatermine the optimal policy that minimizes this expected cost.
However, if a source packet is not transmitted during the first More generally, lets be the number of source packets re-
epoch, then a subsequent parity packet can be transmitted icé&ived, letc be the number of parity packets received, and let
stead, to recover the missing source packet. w be the decision epoch. These quantities define the state in the
Hybridizing FEC with pseudo-ARQ reduces network traffidgrellis of the Markov decision process for a given code block of a
and multicast router overhead compared to pure pseudo-ARJf¥en source layef. Initially, s = ¢ = w = 0. At the beginning
If the receivers have independent losses, they will lose differesfteach decision epoch = 0, ---, W — 1, the receiver may re-
packets in a block. Yet only one retransmitted parity packet wiuest the server to transmipackets. In the multicast scenario,
satisfy them all. Fig. 8 shows the expected number of retraribe receiver accomplishes this by subscribing to the appropriate
mitted packets as a function of the number of independent resmber of layers during the decision epoch. The valueraay
ceivers, under 2% packet loss. With a blocksize of eight, eveake on any value in an action alphab&f . .., possibly de-
when there are a thousand receivers with independent losges)ding on the trellis state. A policy assigns to each trellis
the expected number of redundant packets transmitted per blstdte an action in the appropriate alphabet [41]. We seek the op-
by hybrid FEC/pseudo-ARQ is only about two, whereas wittimal policy 7; for each layel that minimizes
pure pseudo-ARQ, essentially all eight packets are retransmitted
when there are only two or three hundred receivers with indd{m) = D(mr) + AR(m)
pendent losses. In addition hybrid FEC/pseudo-ARQ increases
the amount of time between retransmission requests (i.e., the :Do—l—z - H(l —e(m)) | ADy + AR(m)| .
minimum time between leaves and joins) from one GOKto l v=i

GOFs between requests. Thus network traffic is reduced and L . i
scalability is enhanced, in the hybrid system. Here,n = (m, ---, 7z is @ “policy allocation vector, ()
is the probability that a particular packet is not recovered in the

code block for layer (after up toW retransmissions) under
error control policyr;, and R(w;) is the expected number of
packets transmitted for the code block under the policy, normal-

In hybrid FEC/Pseudo-ARQ, the control process at each 15€d DY the blocklengtli. As in Section V, (5) can be solved

ceiver for joining and leaving the various multicast groups (asbg starting with an initial policy allocation vectar®’ and for

. . . . : = e i inimizi ®
function of which packets have been received) is stochastlc,fe—_ 1,2, -, iteratively minimizing.J(=""’) over component

pending on the packet loss process. Indeed, this stochastic con-
trol process can be regarded as a finite horizon Markov decision
process.
A Markov decision process with finite horizd# is alV -step

, : : . Where
stochastic process through a state space in which an action can
be taken at each state in a corresponding trellis of lefmgth
to influence the outgoing transition probabilities and thereby
maximize an expected reward or minimize an expected cost.
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VII. OPTIMAL ERROR CONTROL USING HYBRID
FEC/PSEUDO-ARQ

l; by choosing

7rl(t) = argmin Sl(t)e(m) + AR(m) (6)
™

Sl(t) = Z H (1 —¢ (Wl(,f,))) ADy

U=l l”jl,
l”;él
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Fig. 9. Trellis for a Markov decision process. Round nodes are states; bold nodes are final states. At each state an action can be taken, leadimg seta diff
of transition probabilities. States are indexed by epwciind by(s, ¢), the number of received source and parity packets, respectively.

is the sensitivity of losing a packet in layleander the policy al- ered. Similarly leAN(¢'|¢, a) be the increase in packets trans-
location vectorr*). That is,Sl(t) is the expected increase in dis-mitted during the transition fromto ¢’ given actiona. That is
tortion when a packet is not recovered, or equivalently, the ex-
pected decrease in distortion when a packet is recovered. In Sec-
tion V, the component minimization (6) could be solved simplzl(?‘r';\E

X . L ere the actiom is identified with the number of packets re-
by exhaustive search. Here, since the number of policies may sted for transmission in epogh

quite large, we requirga more cIevgr algorithm. Indeed, (6) canyo,y |et M..(q) be the expected number of source packets
be solved by a dynamic programming algorithm, as follows. ., ered beginning in stajeunder policyr and letN,. (¢) be

For da glvebn co?e block in akglven layer, IaMW dbe th?_ €% the expected number of source plus parity packets transmitted
pected number of source packets recovered under polanyd beginning in statg under policyr. Then it is simple to see that

let V. be the expected number of total (source plus parit)j\)/[ (9) = Nu(q) = 0if ¢ = (s, ¢, w) is a final state (i.e

packets transmitted under poligy Thene(r) = (K — M;)/K — ). while if ¢ is not a final state (i W
andR(r) — Ny/K. Thus, minimizing/(r) = Se(m)+ Ak(x) © " Wil gis notafinal state (iew <)

AN(d'|g; a) = a

in (6) is equivalent to minimizing M(q) = Z P(¢|q, 7(q)) [AM(¢'|q, 7(9)) + Mx(')]
J. = —SM, + AN.,. ™ and !
We now minimize the latter. Ne(g) = P(q'lg, 7(2)) [AN('lg, (2)) + Nx(q)].
For each trellis state = (s, ¢, w) and next state/ = 7
(s', ¢/, w'), let P(¢'|g, a) be the probability of transitioning 1o, 1t these together. lef,(q) = —SMx(q) + ANx(q)

from g to ¢’ given actiona. In addition, letAM (¢ |g, a) be the and |etAj(q’|q a) = —SAM(q'|g, @)+ \AN(¢|q, a). Then
increase in source packets recovered during the transition frgm(q) —0if g i’s final, while if ¢ is’not final ’

q to ¢’ given actiona. That is

! ! !
, K-s ifs+ec<Kands +¢ > K, Jx(q) = Z P(dlg, w(a)) [AJ(Q g, 7(q)) + J=(g )} :
AM(qlg, a) =1 _ 7
s’ —s otherwise.
. ] Finally, for each nonfinal statge= (s, ¢, w), define recursively
Inother wordsAM(q'|q, a) equals the increase—sinsource jn terms of next stateg = (s, ¢, w+1)

packets received during epoety unless the total number of
source plus parity packets received reackieduring the epoch, jw*(q) — min Z P(d|q, a) [Aj(q/|q, a) + J}*(q’)} NG
[I/

in which case all remaining — s source packets can be recov-
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control is explained in [44]-[46].
9) The optimal error control algorithm runs for each block of
K GOFs, using the current values oénd X, to determine the
It is simple to see by induction that the poliey so defined layers towhich the receiver should subscribe or unsubscribe. In-
satisfiesJ,- (q) < Jx(q) for all = andq. In particular,/,. = deed, the algorithm determines, for each blockoGOFs, the
J o (0, 0, 0) is less than or equal td, = jﬁ(()7 0, 0) for all optimal subscription/unsubscription policy to follow over the
7, and hencer* minimizes (7). The optimal policy* can be course of¥ waves of transmission epochs. ThéBewaves of
efficiently computed using (8) and (9). epochs overlap in time with waves transmitted for othieGGOF
For completeness, it remains to speciyq’|q, a). We as- blocks, as illustrated in Fig. 10. Although the waves of epochs
sume that in epoclw = 0, the receiver may request up tofrom different blocks overlap in time, from an error control point
K source packets and, additionally, upstg parity packets. of view the waves of epochs from one block &f GOFs can

7*(q) = argmin Z P(d|q, a) [Aj(q/m’ a) + Jﬂ_*(q/):| . every block ofK GOFs. Use of the Lagrange multiplier for rate
q/

In epochsw = 1, ---, W — 1, the receiver may request upbe treated independently of the waves of epochs from another
to n,, parity packets. Thus in epoch 8, = (0, 0, 0), ¢ = block of K’ GOFs. The rate control algorithm, however, may
(¢,¢,1),a=0,---, K+ng, s =0, -, min{K, a},and try to limit the total number of packets transmitted within any
d =0, -, max{0, a — K}, whence given window of time. As a result the rate control algorithm may
change significantly during the lifetime of thé” waves of a
( <a>(1 o s 0 < K bI0(_:k. The error contr_ol algorithm must then adapt by recom-
s ’ = puting the optimal policy to be followefilom the current state
K S in each layer of each block, for the new valuedofUltimately
P(q|q, a) = < /) (1 —¢)7ell—s this serves to coordinate the error control across blockk™ of
y GOFs.
<a - K) (1_6)(:'60,_;(_4 ifa> K The channel decoding algorithm is also run for each block
\ d ’ ' of K GOFs, after sufficient delay to accommodate all retrans-
mission epochs for the block. The channel decoder recovers any
Similarly, in epochsw = 1, -, W — 1, ¢ = (s, ¢, w), missing source packets, if possible, from all source and parity
¢ = (5, d,w+1),a = 0, n,, s = 0, -, K, packets received during ti& epochs for the block, and for-
c=0,---, 30 ni, s =s,andd =¢, -+, c+n,, Whence \ard the recovered source packets to the source decoder. The
decoding process runs independently of the control process. The
P(dq, a) = < /“ )(1 S e G overall receiver operation is illustrated in Fig. 11.
—c Note that the end-to-end delay includes not only the coding

delay of W epochs (containingg GOFs each) but also includes
the delays between epochs. The delays between epochs must
VIIl. RECEIVER OPERATION be large enough to accommodate running the optimization al-
In this section we comment briefly on the overall receiver ogiorithm and joining or leaving the necessary multicast groups.
eration. As we mentioned in the Introduction, the focus of thisxcept for possible effects due to rate control, increasing this
paper is error control, rather than congestion control. Howevéglay between waves does not impact the distortion-rate perfor-
in any real multicast receiver one must have some means of crance of the system. However, when comparing systems with
gestion control to determine the allowable rate of transmissitie same end-to-end delay, increasing the delay between waves
to the receiver at any given moment. This constrains the cumufgcreases the allowable coding delay and therefore does indeed
tive rate of all the source and parity layers to which the receiviéhpact distortion-rate performance. In the next section we will
can subscribe. The congestion control algorithm must updateSg$ that this impact can be relatively low.
estimate of the allowable transmission rate, as well as its esti-
mate of the packet loss probabilityfor every block of” GOFs. IX. RESULTS

Congestion control algorithms for receiver-driven layered mul- . .
We now present the results of our analyzes and simulations.

ticast are explored in [1], [42], [43], [6]. ) ! .
Rate control is the problem of maintaining the transmissi?lﬁ this section, unless otherwise noted, we model the channel as
I

rate specified by the congestion control algorithm. Genera \)0?)\:1?23'11?/?:”?;”;;2%.5;ikféslzsi?n;2d vg? 'rc?iad:riéhlgar:/it_
this is accomplished by adjusting the Lagrange multiplianti latencies. We %oncentrg’té on 'a sin qIe recei%er aJnd do no anal-
the specified transmission rate is achieved. Higheiill result : ' . sIng I

in a lower transmission rate; low&will result in a higher trans- ysis of aggregate receiver behavior beyond that shown in Fig. 8.

mission rate. The Lagrange multiplier for the current group of
frames can be determined open loop, by predicting the Lagrarﬁ;e
multiplier from the previous transmission history, or it can be For the analyzes in this subsection, we model the source as
determined closed loop, by repeatedly running the optimal erteaving an operational distortion-rate functi{R) = A272%
control algorithm until the target transmission rate over a givéar an arbitrary constamt and sequential packetization depen-
window is exactly achieved. In either case, the rate control alencies. Thus in this subsection we do no actual source coding,
gorithm must update its estimate of the Lagrange multiplier feahannel coding, or network transmission.

Analyzes
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time — packet loss, delay received
block: epoch 0 h W1 measurements packets
e epoch - congestion channel
block,, ,: epoch 0 epoch W-1 control decoder
packet loss [ target
block,, ,: epoch O epoch W-1 probability |€ R | transmission
estimate rate
rate recovered
control packets
1 1 T 0 actual
Fig. 10. Overlapping waves of epochs from different block&oGOFs. A R ransmission
rate
error control source
We compare the performance of a number of systems of in- decoder
creasing complexity, all based on Receiver-driven layered multi- subscription decoded
messages frames

cast with multiple source layers. The first is equivalent to RLM,
with no error protection. The second employs equal error pro-
tection across source layers, with the level of redundancy de-
termineda priori (for all receivers and all layers, regardless of
transmission rate), for blocksiz€ = 8 and different levels Recovery of an idealized source with 20% packet loss rate

of redundancyN = 8, 11, 14, 17, 20. WhenN = 8§, this is 50 ' ' ' ' ' ' ‘ ' '
equivalentto RLM with no error protection. The thirdis our FEC .| g
system: unequal error protection with redundancy yp102.5 g
determined optimally for each layer by each receiver, again f@“°f -
blocksizeK = 8. Lastis our hybrid FEC/Pseudo-ARQ system.gss_ 4z 24 -
in which the coding delay is 8 GOFs, as in the previous systen g /e LE-
but the number of epoch¥ ranges from one to eight (in powers 2 30 7 P A
of two) by reducing the blocksize accordingly, so tHak = 8. S
WhenW = 1 andK = 8§, this is equivalent to our FEC system.
Similarly, whenW = 8 andK = 1, this is equivalent to a pure
pseudo-ARQ system.

Fig. 12 shows the signal-to-noise ratio of the end-to-end r 5 a18)
construction error as a function of the packet transmission re 1T i
in packets per GOF. With original RLM, which has no redun 5. /2%°--~~- .
dancy((N, K) = (8, 8)), as the receiver subscribes to mor¢ ”
layers its performance saturates, because with high probabil % 2z 4 6 & 10 12 14 16 18 20
there is a loss within the first few layers (rendering the subs.- Packet Transmission Rate (packets per GOF)
guent layers useless) regardless of the number of layers to WI"EFh
the receiver subscribes. With a fixed amount of FEC determined
a priori [(N, K) = (11, 8), (14, 8), (17, 8), and (20, 8)],
performance still eventually saturates for a similar reason, al-The dot-dashed line in Fig. 12 shows the distortion-rate per-
though at a higher level. Putting a very large amount of reduidrmance of a system with” = 2 andK = 3. This is the ex-
dancy on each layer [e.gV, K) = (20, 8)] and subscribing pected performance of a system with two epochs of three GOFs
to only a few layers also penalizes performance somewhat regach, without rate control, so that the epochs can be separated
tive to the convex hull (dotted) of the performances of all eqully an arbitrary delay, e.g., a delay of two GOFs between epochs
error protection systems. This convex hull can be achievedfdfr an overall delay of eight GOFs. Compared to the system with
the amount of redundancy is matched optimally to the transmid- = 2 and K = 4 having the same overall delay, it is clear that
sion rate, though generally this is not possible in a heterogbere is a performance penalty to be paid for the two-GOF delay
neous multicast environment unless the amount of redundahetween epochs. However, this penalty is minor compared to the
as well as the transmission rate are receiver-driven. Of courgajns that can be had by using multiple epochs.
receiver-driven unequal error protectiofi(, ) = (1, 8)) Fig. 13 shows the same results as Fig. 12, but for a packet
can perform still better than receiver-driven equal error préess probability of 5%. The impact of error control coding in
tection, by up to 3 dB. However, when this is combined witthis case is slightly smaller, but still quite sizeable.
Pseudo-ARQ([W, K) = (2, 4), (4, 2),and(8, 1)],evenwhen  Fig. 14 shows the same results as Fig. 12, but with a large
the delay is held constant, performance quickly approaches thalticast group leave latency. Join latencies in most multicast
optimal performance (the operational distortion-rate functigmrotocols are quite short—on the order of a round trip time. But
evaluated at the channel capacity) as the number of epochsl@ave latencies are still long in most multicast protocols—on the
creases. Indeed, the performance of Pseudo-AR®fet 8 is  order of seconds—owing to polling that takes place when down-
indistinguishable fronD((1—¢)R), where(1—¢)Ris the infor-  stream receivers leave a group. For example, Internet Group
mation-theoretic capacity (in packets per GOF) of the chanridanagement Protocol (IGMP) introduces a two-second leave
with transmission raté&k and independent packet loss probadatency between the host and the last-hop router, while Dense
bility «. Mode Protocol Independent Multicast (PIM) introduces a 3-s

Fig. 11. Overall receiver operation: control and decoding processes.
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12. Analytical results for 20% packet loss, when the leave latency is zero.
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Fig. 13.  Analytical results for 5% packet loss, when the leave latency is zefg 14.  Analytical results for 20% packet loss, when the leave latency is equal
to K GOFs.

leave latency between every two routers connected by a LAN

(but no leave latency between directly connected routers) [4 bedded bit string for each GOF. We then partition each em-
cy bet >cty : 2dded bit string into sequentially dependent packets containing
Thus when a receiver wishes to join a multicast group to rec

000 bytes per packet. We assign ttiepacket from each em-
ytes per p g p

ceive a (pseudo) retransmission, it can subscribe to a multicggdded bit string to th&h source layer. Thus, the duration of

group containing the information and quickly obtain the releé GOF is 32/25- 1.28 s. while the transmission rate of each

vant packet. However, when the receiver subsequently wishes t%rce layer is 8000/1.28 6.25 Kbps. We produce up to 32

leave the multicast group, it may take several seconds before the
: L ; source layers for a total of up to 200 Kbps for the source.
stream flowing to the receiver is actually shut off. This may be

) Encoding and packetization are done off line, with the results

enough time for an unwanted packet, from the next blocKof . . ) ) .
. . .written into a file. The server reads the file, computes parity
GOFs, to flow through, using up bandwidth that could otherwise . ) ;
ackets on-line, and streams all source and parity layers into the

be better used. We need to solve the problem of minimizing tﬁe . .
. . : : nétwork simulator. The server inserts no delay between succes-
distortion subject to a constraint on thetualnumber of packets

: : jye wav f parity information. The network simulator con-
transmitted to the receiver, whether they are wanted or not.snle aves of parity informatio © et_ ork simulato cor
veys a subset of the layers to the client with zero transmission

each pa(_:l_<et mtentlon_ally transmitted after the _f|rst epoch mcu(ﬁ%lay and jitter and 20% independent packet loss. The network
one additional undesired packet to be transmitted, then the gp- ; . :
. . . . . Simulator allows the client to reliably subscribe to and unsub-
timal policy can be found using the algorithm of Section VIl by _ . . o

e . . ) cribe from the layers with zero join and leave latency. The
artificially setting the size of all packets past the first epoch to b . o ) o

. Lo . client recomputes all optimal policies prior to receiving each
twice as large as usual. This will penalize the use of retransmis- .

wave, to ensure that the total number of packets to which the

sions. Only when the receiver is missing a particularly importagf

7 o Fnt subscribes during each block &f GOFs never exceeds
packet will it venture to request a retransmission. The results R ) .
the rate constraint. Thus the client obeys an absolute rate con-

cy . . .
is equal tokl GOFs (e.g., eight seconds whén = 8 and the raint rather than just an average rate constraint. (However, un-
uosfed rate from the current block is allowed to carry over to the

duration of a GOF is one second). The performance gains . .
) next.) The client estimates the paramet&r®; for each layer
pseudo-ARQ and hybrid FEC/pseudo-ARQ are reduced, but are . . o . X ,
: . S : y starting with a crude initial estimate and averaging over time
still substantial. Moreover, performance still improves with

; . e actual values from decoded source packets when recover-
increasing number of epochs, for the same delay. :
able. The client recovers as many of the source packets for each

GOF as possible, given the received source and parity packets,
and writes the recovered packets to a file. Depacketization and

To test the validity of our analytical results, we run simuladecoding of the video sequence are done off line. The overall
tions of our system on real data transmitted from a server tsetup is illustrated in Fig. 15.
client over a simulated network. We compare five systems: RLM with no error protection, re-

As source data we use the standard 25 fps color QCi&%  ceiver-driven unequal error protection with no retransmission
144) sequencéoremanconcatenated with a time-reversed verrequestg(W, K) = (1, 8)), and receiver-driven unequal error
sion of itself, to obtain an 600-frame sequence from which wwotection with a varying number of retransmission requests
extract the first 576 frames for testing. We partition the test sgW, K) = (2, 4), (4, 2), and (8, 1)] such that the delay is fixed
quence into 18 GOFs containing 32 frames per GOF, and mi-eight GOFs. Ineverywave =0, 1, ---, W —1, the number
dependently code each GOF using 3-D-SPIHT [2] to obtain af parity packets transmitted by the server is setjo= K.

B. Simulations
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Fig. 15. Simulation setup.

We evaluate each of these systems at four transmission rat 22
50, 100, 150, and 200 Kbps. The end-to-end distortion is cor
puted by averaging the distortion over each of the 576 frames
the test sequence, and averaging again over three indepenc 20 50 100 150 200
transmission trials (with different random packet loss patterns,,. Transmission Rate (Kops)

Fig. 16 shows the peak signal to reconstruction noise ratio of
each system at each rate. The bottom line representing RLMrig 16. Simulation results for 20% packet loss.
4-9 dB worse than any of the other lines, all of which use pro-
tection of some kind. The middle line representing pure FEC
performs substantially better. The cluster of lines at the top rep-
resenting the hybrid approaches provide nearly identical perfor-
mance and exceed pure FEC by 0.5-1.5 dB, confirming that re-
transmissions can allow significant quality improvements. The [N summary, we have presented a FEC and hybrid
fact that the simulation results differ quantitatively from the af-EC/pseudo-ARQ error control framework for use in re-
alytical results is due to several factors. First, the operatiorfiver-driven layered multicast systems. Pseudo-ARQ uses
distortion-rate function of real encoded video is not preciseRnly €xisting multicast mechanisms to process the repeat re-
D(R) = A272R_Indeed the operational distortion-rate funcduests and hence is scalable to an unlimited number of receivers
tion varies from GOF to GOF. In our simulation, for GOF layer¥ithout causing repeat request implosions. We also presented
l=1,---, L, the quantityA D, is transmitted as side informa-algorithms for optimizing each receiver’s reconstruction quality
tion in the header of each packet (using up to 32 bits per packéf given transmission rate and packet loss probability. For the
and the receiver performs backward adaptive estimatiaxfef NYybrid FEC/pseudo-ARQ scheme, this optimization involves
for the current GOF using previously recovered packets. Hof{nding the optimal policy for a finite horizon Markov decision
ever, this estimate could be erroneous, particularly if a layer H9Cess. Analytical results show that on a channel with 20%
not been received in a long time, or had never been receivedP@cket 10ss, receiver-optimized FEC with moderate delay can
second reason for the discrepancy between simulation and @fin Up to 18 dB over systems without explicit error control and
alytical results is that the simulations use fewer parity packéceiver-optimized pseudo-ARQ can gain up to an additional
than the analyzes, restricting for complexity reasons the numgey dB. Simulation results show corresponding gains of up to
of parity packets in each epochitg, = K. A third reason is that 9 dB and 1.5 dB.
our simulations use absolute rate control, whereas our analyseAs astoundingly high as these gains are, they can be had for
assume no rate control. free, without the delay and processing load introduced by ap-

Finally, a note on computational complexity: the server, ngplication-level error control mechanisms, if the routers simply
work simulator, and client in the simulations run in separate Jasteopped packets in order of priority. Thus our work quanti-
threads on the same 366 MHz Pentium Il machine. Nominallgtively justifies the implementation of network protocols that
the simulations runs in real time. However, for simplicity of prosupport prioritized routing, such as relative differentiated ser-
gramming, the optimal error control equations (8) and (9) awéces using a proportional loss model [48].
implemented in the client using recursive calls instead of dy- Indeed, our application-level error control essentially creates
namic programming. This effectively expands the trellis in thaifferent qualities of service for transmission of different source
Markov decision process into a tree, and explodes the compayers. Each quality of service provides a packet lossd(gte
tational complexity exponentially in the number of epodtis at the cost op transmitted packets per source packet. Our error
Thus, in the simulations, whel is large (four or more), the control algorithms determine how best to use the available
real-time simulation must be slowed down by a factor of 16 doudget to transmit multimedia signals using different qualities
32 to accommodate the policy computation, which is schedulefiservice, in order to reconstruct the signal at the receiver with
to run in the second half of the last GOF preceeding each watke highest quality. In this sense, our error control algorithms
We believe that with careful implementation the policy compwguantify the gains possible with differentiated services, as well
tation can be made to run in real time under most scenariosasf prescribe the optimal use of these services. We leave this
interest. aspect of our algorithms to future publications.

X. CONCLUSION
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