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ABSTRACT nel for communication with reduced fluctuations in loss rate and

. . ._delay, as the probability that losses or congestion occur simultane-
Packet loss is a serious problem that severely affects the quality Y b y 9

f multimedia. st : works. To red ously in all paths is smaller.
of muiimedia streaming over error-proné networks. 10 reduce Three major issues have to solve in path diversity implemen-
the variability of packet loss and delay, packets can be transmitted

- . . X tation: (i) How to select the disjoint paths? (ii) How to enforce
over different network paths (p_ath diversity), _after bel_ng coded _by the packets to travel through the selected paths? (iii) How to dis-
error-concealment source coding methods like Multiple Descrip-

. . ) -~~~ " tribute the packets among the paths? The path selection problem
g(r)gacl:::ént% éhggri%%rnfglg?ﬁ];ﬁgg iEsLl?gitEretf\Z?erge\?vrllgrtlhtﬁe have been extensively studied due to its relevance in telephony and
network conditions (packet loss rate, bandwidth) are grave [1, 2]. wireless network [4]. Specifying the path for the packets to travel

H in thi how that the decisi £ which ket can be done either at the application-level using overlay network
OWEVET, In this paper, we show that the decision oTWRICh Packels . o yhe network-level using IPv6 loose source routing.
to send over which paths can greatly affect the performance of LC

. . - Methods for distributing packets have been proposed in the
and MD.C ; therefore the quality of the streams recglved. P_artlcu- literature, mostly based on multiple descriptive coding (MDC) [3,
larly, using our analytical framework and polynomial algorithms

L . . 5, 6]. In [3], Apostolopoulos proposed sending two independently
Ig:rgg?\blngcogg(rjnea;lvg?i%t? glilt?é:;tferﬁ&o\ﬁf;z%%éz? LC outper- decodable streams, consisting of even and odd frames respectively,
) over two different paths. Liang proposed similar system for voice
communication [6] by using encoding schemes proposed in [5].
1. INTRODUCTION These earlier schemes do not consider network conditions. Liang
et. al. later proposed a scheme that chooses the path to send the
Packet loss during transmission affects the quality of multimedia next packet based on last packet ACK feedback, which was further
streaming over error-prone networks. To handle this problem, we developed by Chakareski and Girod [7]. However, a reliable back
can employ joint source-channel coding techniques, e.g. Multiple channel with sufficient short round-trip-delay (RTT) is not always
Description Coding (MDC) or adding error resilience to Layered available, and hence may not be suitable for real-time communica-

Coding (LC), then send packets over multiple paths. tions. Moreover, back channel is also not applicable in broadcast-
MDC is a form of scalable coding which allows recovery of ing or multicast video applications.
thefirst k packets as long amyk packets are received. The more Several researches on performance comparisons between MDC

packets received, the better the quality of the stream. Meanwhile,and LC over multiple paths have been published [1, 2, 8], and
layered or multi-resolution coding (scalable, embedded, progress-there is a common belief that LC is worse than MDC when the
ing coding) like JPEG-2000, MPEG-4 partition the video source application requires short delay but networks has long RTT or no
data into a base layer and a few enhancement layers with differ-feedback channel is available. Another conclusion is that MDC is
ent priorities. The base layer contains the most important video better than LC at higher packet loss rate. These conclusions are
data and decoding only this layer can provide an acceptable per-drawn based on current LC-packet distribution methods, in which
ception quality. The enhancement layers deliver complementary (i) ACK feedback is always required or (ii) protecting base layer
information to combine with the base layer for offering higher- will lead to significant delay.

quality video output. MDC can be obtained by adding redundan- Our work is based on the following observations:

cies to an existing LC. Therefore intuitively, working directly on
LC may be more effective than using MDC.

Traditionally, a single routing path between a sender and a re-
ceiver is used for point-to-point, real-time video and audio com- . .
munication over the Internet. The quality of service of the com- :Aaggmdth constraint, we can send more LC packets than
munication, therefore are subjected to the properties of the path. :

Events such as bursty loss and occasional congestion, can have e Distributing packets encoded with MDC over multiple paths

e MDC incurs high bandwidth and CPU overhead, and may
not be suitable for all situations, such as streaming to low-
power devices (e.g. PDA, mobile phone). Under the same

negative effects on the quality of the communication. A new model is trivial — since all packets are equally important, we can
for communication, calledacket path diversitiias been proposed sendany packets along any of the chosen patteanwhile
recently [3]. This model proposes using multiple paths between for LC, the priority difference between layers allows us to
the sender and the receiver for data transmission. By routing data choose which and how packets are séfttis suggests that
through multiple disjoint paths, we can achieve an “average” chan- performance improvement can be achieved if better alloca-
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tion algorithm is used. Furthermore, for certain MDC that By ]
is obtained by adding redundancies in an existing LC, dis-
tributing the MDC packets equally over that paths is just a
special case of distributing the LC packets. Thus, for these
MDC working directly on the underlying LC could yield

higher performance. By P

Sende Receive

e Packet ACK is not a prerequisite in packet distribution. If .
the sender can cleverly decide in advance how to send pack- Fig. 1. Network Models
ets based on a limited knowledge of the network conditions
and does not have to wait for acknowledge from receiver,
the problem of delay disadvantage no longer exists. More- the media data are divided inthunks A chunk consists of a set of
over, if the sender can assign the important level of packets packets, with some interdependencies between them. The interde-
and send them based on their priority without causing any pendencies could be due to layered coding (e.g., between base and
delay or network modification, the problem of posing un- €nhancement layer) or due to motion estimation (e.g., between |
practical solutions is not an issue. frames and P frames in MPEG). There are no dependencies among
chunks. A chunk is also assumed to be of reasonable length in time
(for example, less than acceptable buffering delay). For simplicity,
each packet is assumed to be of the same size. Our results can be
easily generalized into a model with different packet size.
A chunk is modeled as a gragh= (V, E) whereV is the set
of packets, and® represents the dependencies between packets —
there is an edgéu, v) from packetu to packetv if and only if u
needs to be received forto be decoded. We also defifiéo be the
tolerable overhead The total number of packets sent (including
FEC packets and duplication packets) must not be greatet than
¢ times the number of packets 1n.

The goal of this paper is to illustrate that, with good alloca-
tion algorithm to distribute packets among the paths, LC can give
better performance than MDC. Our claim, which is contrast to the
common belief that MDC is better, is supported by experiments on
NS2 with audio data coded by well-known MDC and LC methods.

The rest of this paper is organized as follows. In Section 2,
we present the model for packet allocation and optimization prob-
lem [9], as well as a dependency model for layered media and its
allocation algorithm. The result of experimental comparisons be-
tween MDC and LC are shown in Section 3. Finally, we conclude

In Section 4. Define amallocationto be a functionV : VU F x P — Z*.
The numberN (u, 7) indicates how many times a packets sent
2. FRAMEWORK AND FORMULATION onto pathP;. A gain functionof a graphG is a functionge :

. 2V — R. go(W) measures the gain when exactly a subset of
2.1. Network Setting packetsi¥ C V are received or recovered by the receiver.
We consider a network model without feedback channels. We have ~ The expected gain of a particular allocation can be calculated
a single receiver, single sender with a setoflisjoint pathsP = as:
{P1, P>, .., Py} between them. Each pafh is associated with
a bandwidth capacity, and an packet loss rate, which are denoted E(g)= > ga(W)x~(W,F,N)
as B; andp; respectively. In this paper, the unit &; is taken to wcv
be the number of packets that can be sent over the time period of
a chunk. Note thaB; is the bandwidth capacity allocated for the wherev(W, F, N) is the probability that the receiver receives
data and could be constrained by a combination of link capacity, or recovers exactly the packetsiiyi given a particular allocation
effective TCP-friendly bandwidth and tolerable overhead. N and FEC protection schenié

For simplicity, the network model can be simplified by consid- The goal now is to maximiz&'(g) over all possibleV andF,

ering only two disjoint paths (see Fig. 1), which has been shown to subjected to the bandwidth constraint, i.e.,
be sufficient for significant improvement in the quality [3]. It can

be shown that in the case of two paths, the optimal packet allo- Z N(u,i) < B; forall i
cation always allocate as many packets as possible onto the more -

reliable path. Without loss of generality, we assume< ps. wevor
Thus, the bandwidt; will always be exhausted. and the overhead constraint, i.e.,
A common loss-model for Internet is the extended Gilbert Model,
where the network switches between "good” and "bad” states. In Z Z N(u,i) < [V|(1+6)

a short period of time, we can assume that the network conditions
remain constant. Therefore, a single probability value is sufficient
to model the loss rate of the links.

1:P;€P ueVUF

Without FEC protection, the probability of successfully re-
ceiving a packet: given an allocationV is given by:
2.2. General mode for LC allocation

In this section, we describe how we model and compute the allo- B N(u,1) N(u,2)
cation for LC. To send a sequences of packets obtained by a MDC W, N) = 1=p " py
over two paths is quite straightforward, because each packetis sup-
posed to be equally important.

We present the generalized mathematical model for maximiz- For brevity, we will use the notation, to denotey(u, ¢, N)
ing the gain (thus minimizing expected distortion). In this model, when the context ol is clear.



Fig. 2. Packet Pairs Model

2.3. Layered coding: Pairs model

Our dependency graph for audio is shown in Fig. 2. In this model,
a chunk consists o pair of packets. Data are divided into two
layers. We label the packets in the base layek aand packets in
enhancement layer d$;, where: = 1,2, ... K.

We define the gain function for each pair of packets as follows:

If neither packets are received, or only the enhancement packet is
received, the gain is 0. If only the base packet is received, then
the gain isA. If both the base packet and enhancement packet are(

received, we let the gain value to be
The expected gaif’(g) at the receiver can be expressed as:

E(g) =Y (Ave, (1 —vm,) + yL,vm,)

i=1

()

We now briefly describe a dynamic programming algorithm
for finding optimal allocationV that maximizes~(g) subjected to
the bandwidth constrainf8; andB,. The algorithm works by fill-
ing up a 3-dimensional tablé, where each entrd!""™ stores the
optimal expected gain farpairs of packets given bandwidth con-
straintmn (for P;) andn (for P,). Hence the table entryl 2172
gives us the maximum expected gain we seek.

We keep another 2-dimensional tat¥g,. of size(B1 + 1) x
(B2 + 1), where each entryv; ;" keeps the maximum expected
gain for asingle pair of packets given bandwidth constraintraf
(for P1) andn (for P2). To initialize each entry in the table, we
exhaustively search for all possible allocations. This t&késin)
time for each entry, giving the total running time for initializing
the tableN,,: O(BiB3).

Exploiting the recursive nature of Equation 1, the tali[g""
can be filled as follows:

N
Alm,n _ {

opt .
max; (A7 4
To find the best allocation for pairwe use dynamic program-
ming technique to trace back all entries foand k. Interested
readers are referred to [9].

ifi=1

N7k)  otherwise

opt

the sampling rate of 8 kHz (8 bits/sample) and consisted of 21600
samples (2.7 seconds).

To make comparison with the allocation method proposed by
Liang in [6], we use the same MDC scheme, which is described in
[5]. From each N (N = 800) original audio samples (800 bytes),
two MDC packets are constructed. For the first packet, the even
original samples are quantized in a finer resolution (PCM, 8 bits
per sample) and the difference between adjacent odd and even
samples are encoded in coarser resolution (ADPCM, 2 bits per
sample). Inversely for the second packet, we encode odd samples
in fine resolution and the difference between even and odd samples
in coarse resolution. We obtain two MDC stream, each contains 27
packets, each packet has the size of 500 bytes, which means 25%
redundancy excluding packet headers.

As mentioned in Section 2.3, the two LC streams are gener-
ated as follow. From each N (N = 800) original audio samples
800 bytes), the 4 most significant bits (MSB) are extracted and
packetized in a base layer packet. The enhancement layer packet
consists of 4 least significant bits of N samples. By this way, each
packet has a the size of 400 bytes, but the base packet contributes
most important information while the enhancement packet is only
useful if its corresponding base packet is received.

For each pair, we compare the quality of encoded packet with
original one in terms of Signal-to-Noise ratio (SNR). From that,
we find the importance-level ratio between two packets and from
the assumption that gain of a pair is 1, we can calculate the gain
of each packet. For MDC, the gain of each packet is aréuhe-

0.01, which is agreeable with the coding nature.

3.2. Packet allocation schemes over multi paths

For our experiment, the network model shown in Section 2.1 is
used, which is the same model like in [2, 6]. In these works, Liang
and Wang use the same method to send MDC streams, which is
simply transmitting one description over one path, and the other
description on the other path. Liang assumes both paths having the
same bandwidth, therefore for the cases where path’s bandwidths
are different, we developed an extended version of their scheme.
This version, called even allocation scheme, just duplicate packets
(from left to right) with the same number of duplication to fulfill
the allocated bandwidth on each path.

For LC streams, instead of interleaving the base packets and
enhancement packets over two paths as in [2], we employ our pro-
posed scheme in [9], which is briefly described in Section 2.3.

The recursive step searches through all possible allocations for3.3. Optimal schemevs. Liang's scheme

pair ¢ such that the sum of expected gain for paiR,...;c — 1
and pairi is maximum. Therefore, filling in each table entry for
A(i, m, n) takesO(mn) time, giving the total running time of this
dynamic programming algorithi® (K B? B3). In general, this al-

gorithm is pseudo-polynomial as it depends on the input param-

etersB; and B2. In our case, sincé3; + B, are bounded by
2% K(1 + 6) andé is bounded by a constant in practice, the time
complexity of our algorithm is polynomial.

3. EXPERIMENT

3.1. Multipledescription and layered coding

We compare the performance of LC streams sending by our pro-
posed method in [9] with MDC streams sending by Liang’s method
in [6]. The bandwidth capacity of each path is equal to the 13500
bytes, which is precisely enough for send 27 MDC packets (500
bytes each) on each path. We simulate the transmission using NS2,
and for each configuration we conduct the experiment 10 times.
The result (average of 10 running times) is show in Fig. 3.

We can easily observe that LC is always better than MDC. It's
obvious since LC packet (400 bytes) is smaller than MDC packet
(500 bytes), therefore while MDC can send each MDC packet only
one times, LC has more room to choose important packets to du-
plicate. The improvement increases until reaching the peak (4dB)

To carry out the experiment, we use a female speech sentencevhen packet loss rate of path 2 is 40%, then decreases. It is be-
“These days the chicken leg is a rare disk”, encoded by PCM at cause when loss rate is high, the lost of a LC base-layer packet



LC, optimal allocation vs. MDC, Liang’s allocation (B1 = B2 = 13.5Kbytes) LC, optimal allocation vs. MDC, even allocation (B1 = 18Kbytes)
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Fig. 3. Improvement of LC with optimal allocation vs. MDC with  Fig. 4. Improvement of LC with optimal allocation vs. MDC with
Liang’s allocation. The bandwidth capacity for both paths are the even allocation.

same, B1=B2=13.5 Kbytes (i.e. 5 Kbytes/s if divided to chunk

time of 2.7 seconds). The bottom graph shows the SNR of the
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