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ABSTRACT of layered coding to efficiently transmit to clients at dif-

Multiple description codes address the problem of unre- ferent bit rates [4, 5. Low-bandwidth clients would re-
liable channels by means of independent descriptions, whileC€ive only a base layer, for example, while high-bandwidth
layered codes address the problems of heterogeneous clierffi€nts would receive both a base layer and an enhance-
bandwidths and dynamic network congestion by means ofment layer. In this paper we exploteyered multiple de-
sequences of layers. With the goal of achieving both robust-Scription codeswhich have the advantages of both layered
ness to unreliable channels and adaptivity to client band-codes and multiple description codes, by permitting low-
width heterogeneity and network congestion, we explore bandwidth clients to receive a base MDC layer, for exam-
constructions fotayered multiple description codeshere ple, while high-bandwidth clients receive both a base and
base layer descriptions can be transmitted to low bandwidth@" enhancement MDC layer.
clients, while both base and enhancement layer descriptions 1N Section 2 we review a packetization technique called
can be transmitted to high bandwidth clients. The low band- Priority encoding transmission and its optimization, on which
width client quality is an increasing function of the number our layered MDC codes are based, and in Section 3 we
of base layer descriptions received, while the high band- Present several constructions of layered MDC codes. In
width client quality is a bivariate increasing function of both Section 4 we present our results, and in Section 5 we present
the number of base layer descriptions and the number ofour conclusions.
enhancement-layer descriptions received. By optimizing the
base layer descriptions for the low bandwidth client, in our 2. MDC BY PRIORITY ENCODING
construction, the high bandwidth client pays a penalty of TRANSMISSION
1.4 dB relative to a non-layered multiple description code
optimized to the high bandwidth client. Many methods of multiple description coding have been

developed over the years. One particularly efficient and
1. INTRODUCTION practical method is based on the Priority Encoding Trans-
mission (PET) technique of Albanese et al. [6]. PET is
Multiple description coding (MDC) has been proposed for a packetization scheme that combines layered source cod-
use in packet audio and video transmission systems as ang with unequal erasure protection. As illustrated in Fig-
means of combatting both packet loss and component fail-ure 1, PET partitions the source into groups of frames; each
ure, in a variety of application scenarios [1]. In this paper group of frames is independently source coded into layers
we are motivated by the multicast scenario, as explored inof differing importance; each layeris blocked into source
[2, 3]. In[2], multiple descriptions are striped across mul- blocks of lengthK,, bytes; and each source block is ex-
tiple packets, and are transmitted to a collection of clients panded into channel codewords of length> K, bytes
over IP multicast, thereby ameliorating the loss of packets using an(V, K,,) Reed-Solomon code (or other minimum
due to congestion. In [3], multiple descriptions are striped distance separable code) such that the channel code rate
across multiple distribution trees, and are transmitted to ak,, /N provides erasure protection commensurate with the
collection of clients over application-level multicast in a importance of the layer. Finally, for each group of frames,
peer-to-peer setting, to ameliorate the failure of unreliable the length channel codewords for all the source blocks
hosts. Both of these works assume that the client popula-in all the layers are packetized inf§ packets by putting
tion is homogeneous in bandwidth, so that a fixed bit rate the ith byte in each channel codeword into thile packet,
is transmitted to each client. In contrast, several previous: = 1,..., N.
works on multicast of audio and video, most notably Re- The PET packetization scheme has the property that if
ceiver driven Layered Multicast, exploited the properties any K out of the N packets are received, then all layers
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Fig. 1. Packetization for priority encoding transmission. Fig. 2. Packetization for priority encoding transmission.
n with K,, < K are recovered, while all layenrs with of the integral alignment constraints on the number of bits

K, > K are lost. Without loss of generality (because a in each layer) using a fast algorithm, which we use for the
layer may be empty) it can be assumed that there are exactlyxperiments in this paper. Mohr, Ladner, and Riskin [10]
N layersn = 1,2,..., N, indexed in order of decreasing later showed another efficient optimization procedure, using
importance such that layeris protected with afN, K,) a different relaxation. And recently StankdoyiHamzaoui,
code, K,, = n. We denote the boundaries of layerin and Xiong [11] presented an extremely efficient algorithm
the encoded bit string for a group of frames (GOF) by bits for greedy search from a near-optimal initial condition.
R,_;andR,, suchthad = Ry < R; < --- < Ry. This The precise optimization problem can be stated as fol-
arrangement is illustrated in Figure 2. Thus, regarding the lows. For each GOF, leNV be the desired number of de-
layers as the constituents of an embedded bit string for ascriptions, letp,, be the probability that of the N de-
GOF, if anyn < N packets are received, then the initial scriptions are received, and IB{ R) be the distortion if the
R, bits from the embedded bit string for the GOF can be first R bytes of the embedded code for the GOF are recov-
recovered, resulting in distortioP(R,,), where D(Ry) > ered. ThatisD(R) is the operational distortion-rate func-
D(Ry) > --- > D(Ry). In this sense allV packets are  tion for the GOF. LefR = (Ry, Ri,..., Ry) be the vec-
equally important; only theumberof packets received de-  tor of breakpoints (expressed in bytes) describing the PET
termines the reconstruction quality of the GOF. In this way, packetization for the GOF. Then the expected distortion for
the PET packetization scheme is a form of multiple descrip- the PET packetization is
tion code. Thenth packet constitutes theh description for
a GOF; the sequence oth packets for GOFs constitute the N
nth description for a media stream. D(R) = puD(R,),

Originally, Albanese et al. applied the PET packetiza- n=0
tion scheme to the I, P, and B layers of MPEG video, and

they did not optimize the code rat¢%,, /N} to minimize while the rate (in bytes per packet) is

the end-to-end distortion for a given overall transmission N
rate. Davis and Danskin [7] showed how to perform this RR) = Z(R” — Rn_1)/n,
optimization for any number of layers, using a simple slope- el

matching algorithm. Mohr, Riskin, and Ladner [8] showed,

in addition, how to adjust the breakpoinfs, } between  due to the fact that theR,, — R, 1) source bytes of layer
layers when each GOF is encoded with a finely embeddedn are coded with a total ofR,, — R,,—1)N/n source plus
source coder. However, they used a greedy search algorithnparity bytes. Note that the rate can be expresseéi &) =
for this purpose. Puri and Ramchandran [9] showed how to Zle an Ry, wherea,, = 1/(n(n+1))forn=1,...,N—
solve this latter problem optimally (to within a relaxation 1, anday = 1.



The objective is to find the breakpoin that mini-
mize the expected distortiaB(R) subject to the constraints
R(R) < R*and0 = Ry < R; < --- < Ry, whereR* is

a target rate in bytes per packet. This can be accomplished

by minimizing

N
D(R) + )‘R(R) = poD(Ro) + Z an(Rn) + )\Oéan

n=1

for some positive Lagrange multiplier, subject to the con-
straintsO = Ry < R; < --- < Ry. Finding the appropri-

ate Lagrange multiplier can be performed by a binary search

and is not discussed here.

Puri and Ramchandran[9] have shown that,jf.1 /p,+1
> a, /pn, then the optimal solution must haig, 1 = R,,.
Hence ifay,+1/pnty1 > an/pn, then the problem can be
reduced to finding the reduced-dimensional veddr =

(Roy- .., Rny Rpta, ..., Ry) minimizing
N/
D(R') + AR(R') = pyD(Rg) + D p, D(R) + Ao, R,
n=1
subject to the constraints = R, < R} < --- < Ry,
where
p/ = (p07"'7pnflapn +pn+17pn+27"'7pN)7
CM, = (a()?"'aanflaan+an+1van+27"'aa]\/)7

andN’ = N — 1. By repeatedly performing this reduction,
it can be ensured that the sequengg/p,, is decreasing,
which we henceforth assume.
Now, if we ignore the constraint® = Ry < Ry <
- < Ry, itis clear that

mrin D(R) + AR(R)

N
= poD(Ro)+ Y min {p, D(Ry) + Xan Ry}

n=1
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Fig. 3. Binomial(32,0.10) distribution and matched PET
packetization. The light-colored bands correspond to source
bytes and the dark ones to FEC.

codec. Apparently, since the probability of receiving fewer
than 18 and more than 26 descriptions is negligible, the op-
timal breakpoints in this example satigiy= Ry = --- =

Rig < Rig < -+ < Ros < Ryg =+ = Raa.

3. LAYERED MULTIPLE DESCRIPTION CODING

We now turn to the problem of constructing layered multi-
ple description codes. For simplicity we consider only two
layers. In all of our constructions, the first baseMDC
layer consists ofV; packets per GOF, while the second or
enhancemerIDC layer consists ofV, packets per GOF,
such that each packet has a fixed lengthRofbytes. We
assume that the base MDC layer is transmitted to each low-
bandwidth client over an iid packet erasure channel with
probability of packet losg;, while both the base and en-
hancement MDC layers are transmitted to each high-band-
width client over an iid packet erasure channel with proba-
bility of packet losscs. Thus, what distinguishes a layered
multiple description code from two independent multiple
description codes is that the MDC base layer descriptions

that is, the minimization can be performed pointwise. Note, are shared by the two codes.

however, that since the sequeneg/p,, is decreasing, the
sequence R,,} minimizing {p, D(R,) + Aa,R,} is in-

3.1. Layered MDC by Splitting a Single MDC

creasing, and hence happens to also satisfy the constraint
0= Ro < Ry <--- < Ry. Thus, after the above reduction One obvious way to construct a layered multiple description
ensures that,, /p,, is decreasing, the constrained problem code is to optimize a single multiple description code for the
can be solved by finding th&,, minimizing p,, D(R,,) + high-bandwidth client, and split it into base and enhance-
Ao, Ry, for eachn. ment layers by transmitting only a fraction of the descrip-
Figure 3 shows the PET packetization resulting from the tions to the low-bandwidth client. This results in the mini-
above optimization procedure fof = 32 descriptions, tar-  mum possible distortion for the high-bandwidth client, but
get rateR* = 1250 bytes per packet, packet loss proba- a potentially large distortion for the low-bandwidth client.
bility ¢ = 10% (yielding p, = (N)(1 — ¢)"¢/N-") and  Figure 4 shows the optimal PET packetization for the high-
an operational distortion-rate functiabB(R) obtained by bandwidth client, withV; + Ny = 64 andes = 10%. It
encoding the first one second of the standard MPEG testis clear from the figure that if the low-bandwidth client re-
sequencdoremanusing a fine-grain scalable (FGS) video ceives onlyN; = 32 of the 64 descriptions, it will not be
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wherep,, = [ py »dv(0) is the probability that exacthy out
of N descriptions are received after transmission to a client
chosen randomly according to In a manner of speaking,
the PET packetization that minimizes the expected distor-
O o tion averaged over the client population is the PET packeti-
probabilty byte position in packet zation that minimizes the expected distortion for the average
client. Thus, in a client population where fractigrof the
Fig. 5. Packetization matched to low-bandwidth clients.  gjients are high-bandwidth, the PET packetization that min-
imizes the average expected distortion is optimized for the

able to recover any source data layer in its entirety (where gdistributionp = (1 — 8)p1 + 3p2, where
“layer” here refers to the source bytes that lie between two N (N1—n)
consecutive breakpoints), resulting in a large distortion. Pin = ( n1> (I—e)"
At the other extreme it is possible to optimize a sin-
gle multiple description code for the low-bandwidth client, forn =0,1,...., Ny, p1, =0forn =N, +1,..., Ny +
and transmit all of it, plusV, additional parity packets, to N2, and
the high-bandwidth client, as shown in Figure 5 fér =
Ny = 32 ande; = 10%. This results in the minimum possi- P2.n =
ble distortion for the low-bandwidth client, but a potentially
large distortion for the high-bandwidth client, typically only forn = 0,1,..., Ny + N,. The extremesj = 1 and
slightly better than that of the low-bandwidth client. B = 0, result in the PET packetizations shown in Figures 4
Between these two extremes, it is possible to optimize and 5, respectively. Figure 6 shows the PET packetization
the multiple description code for a mixture of low- and high- optimized for a mixture of low- and high-bandwidth clients
bandwidth clients. Chou and Ramchandran [2] have shownWith 3 = 97.5%. Note that only a very small fraction of

number of descriptions received
S
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o
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o
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that if A is a population of clients such that clighe A re- low-bandwidth clients is required to radically alter the opti-
ceives exactly: out of N descriptions with probabilityy .., mal packetization.

then for a given set of breakpoin® = (R, R, - - ., Rx), Unfortunately, this method of constructing a layered
the expected distortion at the client is MDC by splitting a single MDC optimized for a mixture

of low- and high-bandwidth clients does not offer a good
N tradeoff between the distortions seen by the different clients.
Dy(R) = Zp"v"D(R")V In the next two subsections, therefore, we investigate two
n=0 additional methods. Both methods use as the MDC base
and hence the expected distortion averaged over the clientayer the set ofV; packets optimized for the low-bandwidth



client; hence they achieve the minimum possible distortion
for the low-bandwidth client. The two methods then op-

timize the N, packets in the MDC enhancement layer to

minimize the distortion for the high-bandwidth client, using

two different constructions.
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3.2. Layered MDC by Unequal Erasure Protection
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description number

N
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This first construction is inspired by the use of unequal era-

sure protection for layered codecs, in which the base layer

is typically more heavily protected than the enhancement

layer, since for these codecs the enhancement layer is use- o 50 o0 10 0 %0 1000 1500

less without the base layer. Thus, in this construction, herein e pestionmpacet e pestionmpactet

calledlayered MDC by unequal erasure protectjosome

numberg of the N, packets in the MDC enhancement layer

are allocated as additional parity packets to protect the MDC

base layer, while the remaininy, = N, — ¢ packets in

the MDC enhancement layer remain as PET packets forthe ¢ = 2 additional parity packets taken from thé, =

new source data not already present in the MDC base layer32 packets in the MDC enhancement layer, and shows on

(Wheng = N, this is the special case already seen in the right the remainingV;, = 30 PET packets containing

Figure 5 of the previous section.) In this way, the first source data beyond source byRg, (optimized fore; =

N{ = N +q packets contain source data up through source 10% packet loss).

byte Ry,, where0 = Ry < R; < --- < Ry, are the

breakpoints in the MDC base layer. Receiving anyf 3.3. Layered MDC by Overlapping Layers

these packets is sufficient to recover up through source byte

R,.. Furthermore, the las¥} packets contain source data The next construction, denotéayered MDC by overlap-

between source bytesy, anng\,,, whereRy, = R} < ping layers devotes allV, packets in the MDC enhance-

R| < ... < R\, arethe breakpomts in the MDC enhance- ment layer to PET packetization of the source data beyond
N source byteR,, where? determines the range of source

ment Iayer Recelvmg any of these packets is sufficient bvtes 12, throuahR ~.  that are contained in both base and

to recover up through source byfs, providedRy, = R, yies, fu A

source bytes have already been recovered from theNifst enhancement descriptions. The idea here is to repeat some

packetsotherwise the: packets received out of the last ofthe less protecte_d bytes from the base layer —ViZ,, bytes
are useless. Ry throughR N, — in the enhancement layer, since the in-

- . ability to recover these bytes would render the new (and
my < R, < ) . . :
To see how to optimize the breakpoi R < possibly more heavily protected) bytes contained in the en-

- < R\, -
Ry t,)we;]de;]rlvre] Zn egprsshsm:n for the Sxpected ?hztor hancement layer useless. By adjusting the breakpdifts
tion seen by the high-bandwidth client as a function of these R?v it is possible to minimize the expected dis-

breakpoints. Let the probability that the high-bandwidth tortlon seen by the high-bandwidth client. Let< ¢ be

cllelnt receives e>faCt|YL of the first ] packets be] , = the minimum number of the firs¥; packets necessary to
]Xl) (1—e2)”e(2N1_"), and similarly let the probability that  recover up through source byi&. Then the expected dis-

10

Fig. 7. Typical MDC base and enhancement layer packeti-
zations using unequal erasure protection.

the high-bandwidth client receives exacthof the lastN, tortion can be expressed
packets b, ,, = (]x?) (l—eg)"e;Nz_"). Letk be the min-
imum number of the firstV; packets necessary to recover DR = Z P1m sz ndm (
up through source byt&y,. Then the expected distortion m=0
seen by the high-bandwidth client can be expressed .
= Z p2,anod(Rn)a (1)
=0
5 D(R! .
Zpl " Zpl" nz:%pg’" (Bx) whered,,(R') = D(R,,) (a constant inR’) if m < k,
dm(R") = min{D(R,,), D(R')} otherwise, and,,,q(R’)

Clearly, the last factor, and hence the overall distortion, can= Zﬁ;o P1,mdm (R’) is @ modified distortion measure.

be minimized by the usual PET optimization procedures. Hence using the modified distortion measure, the enhance-
Figure 7 shows on the left th%; = 32 packets in the  ment layer breakpoinfR’ can be optimized by minimizing
MDC base layer (optimized far, = 10% packet loss) plus (1) subject toR, = Rj, < --- < Ry, in the usual way.
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zations using overlapping layers. Fig. 9. Expected distortion of low-bandwidth client vs. ex-
pected distortion of high-bandwidth client for different lay-

ered MDC schemes, with 10% packet l08§. = N, = 32.
Figure 8 shows on the left th¥; = 32 MDC base layer

packets optimized far; = 10% packet loss and on the right N,=8, N8, ¢,=10%, &,=10%
the N, = 32 MDC enhancement layer packets optimized 1200 ‘ T ‘ ‘
for e = 10% packet loss.

We note here that it is trivial to combine the last two
constructions by substituting’;, Ny, pj ,,, andps,, for
Ny, N3, p1.m, andpa 5, in the above equations.
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As in the figures in the previous sections, for the results in
this section we have chosen packet loss rates- ¢; = ‘ ‘ L ‘ -
10%, number of description&/; = N, = 32, target rate o o O e 000 2000 14000 16000
R* = 1250 bytes per packet, and an operational distortion-

rate functionD(R) obtained by encoding the first second Fig. 10. Expected distortion of low-bandwidth client vs. ex-
of the standard MPEG test sequerieeemanusing a fine-  pected distortion of high-bandwidth client for different lay-

grain scalable video codec. For these parameters, the bikred MDC schemes, with 10% packet l085. = N, = 8.
rate to the low-bandwidth client is 320 Kbps and the bit rate

to the high-bandwidth client is 640 Kbps for a GOF dura-
tion equal to 1 second. This might be typical for a scenario for the high-bandwidth client and the low-bandwidth client
where the low-bandwidth clients are DSL subscribers with suffers high distortion (lower right corner). The dots repre-
at most 384 Kbps downlink, and the high-bandwidth clients sent the performances lafyeredmultiple description codes
are DSL subscribers with at most 768 Kbps downlink. for all possible combinations of the number of packgets
Figure 9 shows the trade-off between the distortion seen0, 1,..., N, — 1 in the MDC enhancement layer used to
by the low-bandwidth client (on the horizontal axis) and the protect base source data (bytgs throughRy,), and the
distortion seen by the high-bandwidth client (on the vertical amount = 0, 1, ..., N; of overlap (bytesR, throughR n,)
axis), for the various constructions. The stgrifi the lower covered in both the MDC enhancement and base layers. For
left corner of the graph indicates the lowest possible dis- every combination, the distortion seen by the low-bandwidth
tortion achievable at the low- and high-bandwidth clients, client is at its optimum, by construction. The circled dot
using separate multiple description codes as shown in Fig-represents the best performance when the amount of extra
ures 3 and 4. Thex-marked solid curve indicates the per- protection is minimald = 0), and the boxed dot represents
formance of a single multiple description code optimized the best performance when the amount of overlap is mini-
for the mixture of the low- and high-bandwidth channels, mal (¢ = N;). The best overall performance is apparently
p = (1 — B)p1 + Bp2, asf runs from0 to 1. When achieved when the amount of overlap is minimal. The best
£ = 0, the MDC is optimized for the low-bandwidth client overall performance is still 1.4 dB away from the minimum
and the high-bandwidth client suffers high distortion (up- possible distortion for the high-bandwidth client. Figure 10
per left corner), while whew = 1, the MDC is optimized  shows similar results for the ca®g = N, = 8.




| Schemes | Redundancy|
High BW Optimal 1.26
Low BW Optimal 2.66
Mixed BW Optimal 1.58

Unequal Erasure Codg 1.30
Layer Overlapping 1.28

Table 1. Redundancy in various layered MDCs, given the
same transmission rate.

Another measure of performance is redundancy, which
is the ratio of the total number of source plus parity bytes
(N1 + N3) x R¥) to the number of source byte&)
sent to the high-bandwidth client, per GOF. Table 1 shows
the redundancies for each of the constructions for the case
Ny = N, = 32.

5. CONCLUSION

We have presented and evaluated constructions fortwo-layerm G. Davis and J. Danskin. Joint source and channel coding

multiple description codes. We have found that the best per-
forming such codes can offer the low-bandwidth clients a
distortion 0 dB worse than their minimum possible distor-
tion while offering the high-bandwidth clients a distortion
1.4 dB worse than their minimum possible distortion. In the
future it would be interesting to investigate whether there
might be a trade-off such that, for example, layered multiple
description codes pay no more than 1 dB penalty for each
of the low- and high-bandwidth clients relative to separate
multiple description codes.

The gap between the “optimal” distortion (represented
by the star £) in the lower left corner of Figures 9 and 10)

and that attained by our layered multiple description codes[10]

might at first glance suggest that we would be better off
with non-layered multiple description codes optimized sep-
arately for low-bandwidth and high-bandwidth clients. How-

ever, this is not necessarily so. A layered approach enables11]

clients to share the base layer (and possibly other layers),
thereby reducing bandwidth requirements on shared bottle-
neck links. Furthermore, adding or dropping layers is a less

disruptive and more seamless way of adapting to changes if12]

network congestion than switching between separate (non-
layered) low-bandwidth and high-bandwidth channels. This

is especially so when we are in a position to control the rel-

ative loss rates experienced by the different layers. In [12],

we consider one such scenario — peer-to-peer multicast —
and outline an approach for congestion control based on lay-
ered MDC. In summary, when the larger issues pertaining to
the network and to content distribution are considered, lay-

ering offers many benefits.
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