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Abstract

Targeting multimedia communications over the Internet, this paper describes a set of complementary techniques in the
direction of both improved packet loss resiliency of video-compressed streams and e$cient usage of available network
resources. Aiming "rst at a best trade-o! between compression e$ciency and packet loss resiliency, a procedure for
adapting the video coding modes to varying network characteristics is introduced. The coding mode selection is based on
a rate-distortion procedure with global distortion metrics incorporating channel characteristics under the form of
a two-state Markov model. This procedure has been incorporated in an MPEG-4 video encoder. It has been observed
that, in error-free environments, the channel adaptive mode selection technique does not bring any penalty in terms of
compression, with respect to the initial MPEG-4 encoder, while allowing a signi"cant gain with respect to simple
conditional replenishment. On the other hand, under the same loss conditions, it is shown that this procedure
signi"cantly improves the encoder's performance with respect to the original MPEG-4 encoder, to approach the
robustness of conditional replenishment mechanisms. This intrinsic robusti"cation of the encoder allows to minimize the
e!ects of packet losses on the visual quality of the received video; however, it does not avoid losses. A rate-based #ow
control mechanism is then developed and introduced into the encoder, in order to match the bandwidth requirements of
the source to the bandwidth available over the path of the connection, for both &social' and &individual' bene"ts. The
control mechanism developed combines an RTT-based control loop allowing early reaction to congestion and a TCP-
friendly rate prediction model getting into play under lossy conditions. This hybrid control mechanism allows full rate
control (even in loss-free conditions) and smooth rate variations together with high responsiveness. The introduction of
the rate control in the MPEG-4 compliant encoder allows to maintain a stable PSNR and visual quality while decreasing
signi"cantly the source throughput, hence reducing congestion and loss provoked by the same video source at a constant
bit-rate. ( 1999 Elsevier Science B.V. All rights reserved.

1. Introduction

Multimedia communication within the current
best-e!ort Internet faces well-known challenges
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with respect to quality of service, congestion man-
agement, and network friendliness. Due to the
real-time nature of envisioned data streams, multi-
media delivery usually makes use of the so-called
unresponsive transport protocols, i.e. the User
Datagram Protocol (UDP) and/or Real-time
Transport Protocol (RTP). Both UDP and RTP
o!er no quality of service control mechanisms and
can therefore not guarantee any level of QoS,
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despite the companion protocol Real-time Trans-
port Control Protocol (RTCP). RTP is indeed
somehow an empty shell for multimedia data bits,
with respect to traditional transport features, e.g.
#ow control or reliability. Hence, multimedia com-
munication relying on a best-e!ort network service,
as provided by today's Internet, has to face varying
network QoS characteristics, in terms of delay and
packet losses.

Traditional video compression algorithms, re-
lying widely on di!erential, run-length and variable
length coding, are very sensitive to packet losses.
Losses can spread within a single picture up to
a given resynchronization point, or even across
several pictures when using temporal prediction,
hence have di!erent impacts on the quality of ser-
vice, from decoder no-start, to a whole range of
quality impairments. Various approaches aiming
at improved resiliency against packet losses of
video streams have emerged recently. Targeting
intrinsically error resilient streams, robust variable
length codes such as reversible VLC [33], or
mechanisms for limiting loss propagations are
introduced. Error propagation in the decoded
stream is limited by incorporating in the stream
syntactic descriptors like synchronization or data
partitioning markers. Restrictions in terms of pre-
diction window size are introduced, in order to
con"ne all spatially predictively encoded informa-
tion within a single video packet, delimited by
resynchronization markers [10]. Similarly, in order
to avoid temporal loss propagation, videocon-
ferencing tools like nv and vic, currently used on
the MBone, do not support temporal prediction
but rely only on conditional replenishment [18].
Experiments reported here, and based on a sim-
pli"ed MPEG-4 encoder where temporal predic-
tion is replaced by conditional replenishment, show
the compression loss traded for the increased
packet loss robustness. These experiments also
show that error resilient mechanisms such as those
supported by the MPEG-4 video veri"cation
model may not be su$cient under high loss condi-
tion. This paper proposes several solutions while
remaining fully compliant to the MPEG-4 video
syntax.

The "rst issue addressed here is therefore a better
trade-o! between error robustness and compres-

sion e$ciency, while limiting both temporal and
spatial propagation. First attempts for maintaining
temporal prediction in an error-prone environment
are considered in [9]. The channel is modelled by
a Bernoulli process and the intra/inter coding
modes selection relies on a Viterbi algorithm. How-
ever, best-e!ort Internet is better modelled by "nite
state erasure channels exempli"ed by the Elliott}
Gilbert channel [1]. A new coding mode selection
strategy aiming at tailoring intra/inter modes
to channel characteristics is introduced. The
procedure relies on global distortion metrics incor-
porating an Elliott}Gilbert process for channel
modelling.

At the transport level, error control mechanisms,
such as forward error correction (FEC), automatic
repeat request (ARQ), or hybrid ARQ/FEC repeat
request (ARQ), can be also considered. Error con-
trol mechanisms increase stream resiliency to
packet loss, at the expense of increased bandwidth,
but do not avoid packet loss. They are considered
here for protecting high-priority information such
as, for example, visual sequence or video object
planes headers transporting decoder con"guration
parameters.

Complementary approaches, such as congestion
and rate control, aim at minimizing the amount of
packet loss by matching the video bandwidth re-
quirement to the available network capacity. The
basic principle behind unicast (or point-to-point)
congestion control is an adaptive process involv-
ing a source and a receiver for controlling the
source's throughput. By monitoring the network
state, the source}receiver pair can detect incipient
congestion and react by lowering the output rate.
Conversely, an unloaded state triggers a rate in-
crease so as to better use the available network
resources. Quantities that are usually monitored
include packet loss and round-trip time (RTT) de-
lay. Schemes making use of additive increase/multi-
plicative decrease rate control are commonplace in
the literature, the best known instance of this being
the TCP protocol. The resulting aggregate behav-
iour of such schemes is ideally one in which the
network utilization is kept high and the loss rate
low. In addition, a new session coming into play
may expect to get more or less fair a share of the
network bandwidth.
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However additive increase/multiplicative de-
crease schemes typically give rise to so-called saw-
tooth rate patterns. The QoS requirements of
a multimedia stream may be in sharp contrast, as
smooth rate variations are often a prerequisite for
maintaining acceptable video quality. Further-
more, end-to-end delay variations resulting from
network queues building up in time of congestion
have a greater impact on continuous data streams
than they have on traditional computer commun-
ications. It is therefore a core issue to adopt conges-
tion control strategies dedicated to continuous
streams, i.e. schemes targeting functional goals
which re#ect the QoS requirements of these com-
munications.

A hybrid RTT/Bandwidth control algorithm,
built upon the TCP-friendly approach, is intro-
duced in the source encoder regulation procedure.
Apart from the TCP-friendliness property, the de-
sign goals of the hybrid control approach, include
full rate control (even when no packet loss occurs),
smooth rate variations (no sawtooth pattern) to-
gether with high responsiveness, as well as the abil-
ity to make use of current RTP/RTCP features, and
easy extension to multicast scenarios. This rate
control mechanism allows to maintain a stable
SNR and visual quality while signi"cantly decreas-
ing the source throughput. Encoding at a bit rate
adapted to the link, leading to few losses, is more
e$cient than using a higher bit rate which yields
higher loss rates. By adjusting the source through-
put to the available bandwidth, this mechanism,
reducing the channel congestion, also leads to
a better share of the network resources.

The remainder of this article is organized as
follows. Section 2 reviews the issues associated with
video communications in the Internet and the
mechanisms that have been proposed to deal with
them. Sections 3}5 tackle the error control issue,
with Section 3 brie#y addressing error resilience
within the MPEG-4 framework, Section 4 inves-
tigating conditional replenishment schemes, and
Section 5 being devoted to the Coding Mode Selec-
tion scheme that we have designed, and introducing
some experimental results. Next we turn to the rate
and congestion control issue, and introduce in Sec-
tion 6 a hybrid RTT- and TCP-friendly-based rate
control prediction scheme, followed by experi-

mentation results. Section 7 is devoted to the multi-
cast scenario and reviews the various issues asso-
ciated with video multicasting along with their
possible answers within the framework of our pro-
posals. Finally, concluding remarks and directions
for future work are given in Section 8.

2. Video communication over the Internet

The success of the best-e!ort Internet is largely
bound to widespread use of TCP, which maintains
good network conditions through its congestion
control mechanism. However, the use of this proto-
col is incompatible with strict delay requirements of
real-time multimedia. Multimedia delivery relies on
unresponsive protocols such as UDP or/and RTP.
RTP o!ers no reliability mechanisms, has no no-
tion of connection and is usually implemented as
part of the application. Unresponsive use of these
protocols gives rise to severe threats for the media
QoS, as well as for the network QoS, as more and
more multimedia streams are being deployed. As
the number of unresponsible data #ows increases,
congestion inside the network with its devastative
e!ects on multimedia delivery and interaction
(large packet losses and end-to-end delays) be-
comes a major concern.

Therefore, it is of prime importance to design loss
resilient coding strategies as well as rate control
strategies dedicated to multimedia communication
inside best-e!ort networks, i.e. implement mecha-
nisms that are able to cope with the QoS-oriented
needs of multimedia applications, yet at the same
time ensure proper congestion avoidance or recov-
ery. Widely retained approaches go from simpli"ed
and robust temporal redundancy exploitation tech-
niques, often under the form of conditional replen-
ishment, to error control and congestion control
strategies.

2.1. Conditional replenishment

The compression e$ciency of motion-compen-
sated temporal prediction is often sacri"ced for the
simplicity, and error resilience of conditional re-
plenishment [18]. Temporal redundancy is only
exploited through a change or motion detection
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Fig. 1. Conditional replenishment scheme.

between blocks of adjacent frames. Fig. 1 depicts
a block diagram for the conditional replenishment
algorithm. For each block in a new frame, a dis-
tance between the reference block and the new
block is computed. If the distance is above a thre-
shold, the block is encoded and transmitted.

2.2. Error control mechanisms

The objectives of error control are to provide
loss recovery facilities. To recover from loss, two
well-known techniques exist, ARQ and FEC, under
the form of so-called redundant data or of parity
codes. ARQ consists in re-transmitting the original
packets that are lost. Therefore, the sender needs to
know the sequence number of the lost packet. This
information may, for instance, be provided by the
receiver by using the RTCP report packets. The
principle of redundant data consists in re-transmit-
ting into packets, information bits that have al-
ready been transmitted in the previous packet,
under the same form or encoded at a lower bit rate.
This mechanism is widely used for vital information
such as picture headers in [8], and also for audio
data [4]. FEC strategies for the Internet are often
based on parity codes and block codes, such as the
Reed}Solomon codes. One or more parity blocks
over a group of k packets are generated by linearly
independent combinations of data blocks, often by
bit-wise exclusive-ORing of the k packets. The par-
ticular combination is called a parity code. After
the parity operation, there is a total of n data plus
parity blocks (i.e., n!k parity blocks). This mecha-
nism can recover from k losses in a n packet mess-
age. It increases the rate by a factor of k/n and adds
latency. Reed}Solomon codes o!er better protec-
tion than parity codes but at the expense of in-
creased processing. A RS code takes a group of
k data blocks and generates n!k FEC blocks.
Comparative to ARQ, using parity data, the sender

needs only to know the packet loss probability (or
maximum number of packets lost) but does not
need to know their sequence number. This presents
some advantages for evolutions towards multicast,
the feedback being reduced from per-packet feed-
back to per-group of packets feedback.

Besides the error control strategy to retain, the
control of the amount of redundant information
added at the source is a major concern. It can be
based on feedback information about the loss pro-
cess measured at the destination, i.e. using QoS
reporting mechanisms of RTCP.

2.3. Rate and congestion control mechanisms

Unicast congestion control schemes are typically
designed as a feedback loop between a source and
a receiver. In such a scheme the receiver is respon-
sible for monitoring the network state, and sending
periodic feedback information to the source. The
latter uses this indication to compute a proper
sending rate or to trigger some parameter tuning
actions within its data encoding software (e.g. com-
pression of raw video frames). The network state
observation is to be smoothed, using either a slid-
ing window or exponentially weighted moving
averaging (EWMA), then coarsely quantized into
two or three `network statesa, e.g. increase/de-
crease, or unloaded/loaded/overloaded. Coarse
quantization requires one or two thresholds to be
de"ned. Three-state schemes actually implement
a `deadzonea feature which allows a more static
steady-state behaviour. The network state charac-
terization is then sent to the source via the feedback
loop.

Some schemes have been proposed which require
the receiver to monitor the round-trip time (RTT)
on the path between sender and receiver (e.g. [25]).
The goal of focusing on a delay quantity is to
trigger early reaction from the source, in order to
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Fig. 2. MPEG-4 video packet structure.

avoid any packet loss. Since network queues build-
ing up in time of rising congestion increase the
RTT, such schemes are supposed to react su$-
ciently early to withdraw the congestion before it
actually induces packet losses. There are however
three drawbacks associated to RTT monitoring.
First, asymmetry within the network may make the
RTT measure somewhat ine$cient. Next, delay
thresholds have to be chosen to coarsely quantize
the monitored RTT, and it is a di$cult task to
accurately select `mean delaya values, that would
result from standard network load. Finally, it has
been proven that RTT-based schemes cannot easily
interfere with loss-based ones (e.g. TCP sessions) on
a fair basis, because the former have a much more
conservative behaviour than the latter [1].

An alternative is to monitor packet losses, as
TCP does. Several design choices may be made: the
receiver may be asked to acknowledge incoming
packets, either positively or negatively, or to com-
pute a loss rate over some time interval. The latter
may be calculated at the packet level or at a higher
level (e.g. frames for video streams). Using the RTP
protocol and its companion, RTCP makes it easy
to feed the source with packet loss event reports.

A new trend has emerged, which emphasizes on
the `network citizena behaviour of the congestion
control scheme. A property named TCP-friendli-
ness captures the characteristics of a `gooda ses-
sion, with respect to TCP connections, that is
a behaviour which allows conforming sessions to
fairly share the network. However, the underlying
principle of additive increase/multiplicative de-
crease typically gives rise to sawtooth rate patterns,
which may be in contrast with QoS requirements of
a video stream. Hence, broadly speaking, rate con-
trol schemes should avoid sawtooth rate patterns
and rather aim at feeding the source with smooth
rate indications, yet at the same time be almost as
reactive as a typical TCP implementation is, in

order to maintain some fairness between tradi-
tional data exchanges and multimedia sessions.

3. MPEG-4 error resilient modes

The MPEG-4 video syntax provides support for
a set of speci"c error resilient modes. When the
error resilience mode is `ona (`error-resilience-dis-
ableda #ag set to `0a), then a resync-marker is
inserted by the encoder before the "rst macro-block
after the number of bits output since the last re-
sync-marker "eld exceeds a predetermined value.
The marker spacing value is dependent on the
anticipated error conditions of the transmission
channel and compressed data rate. The compressed
data included between two resync-markers is called
a video packet. In order to make each video packet
independently decodable, all predictively encoded
information must be con"ned within a video packet
so as to prevent the propagation of errors. How-
ever, depending on the initial setting of the resync-
markers and of the transmission channels vari-
ations, the video packet may be larger than the size
of one RTP packet, and may then be fragmented.
This may adversely impact the loss resilience e$-
ciency along with the overall network usage, since
losing any fragment of a video packet renders the
whole packet useless, yet unlost fragments are car-
ried and processed by the network. Depending on
the loss pattern, very high video packet loss rates
may result from a moderate fragment loss rate.

As shown in Fig. 2, header information is also
provided at the start of a video packet. This header
contains information needed to restart the decod-
ing process and includes the macroblock address
(number) of the "rst macroblock contained in this
packet and the quantization parameter (quant-
scale) necessary to decode that "rst macroblock.
The macroblock number provides the necessary
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spatial resynchronization while the quantization
parameter allows the di!erential decoding process
to be resynchronized. Following the quant-scale is
the Header Extension Code (HEC). HEC is a single
bit used to indicate whether additional information
will be available in this header. If the HEC bit is set
then the following additional information is avail-
able in this packet header: modulo time base,
VOP-time-increment, VOP-coding-type, intra-dc-
vlc-thr, VOP-fcode-forward, VOP-fcode-back-
ward. When the Header Extension Code is set to
`1a, each video packet (VP) can be decoded inde-
pendently. The information needed for decoding
the VP is then included in the header extension
code "eld. If the VOP header information is cor-
rupted by the transmission error, it can be correc-
ted by the HEC information. However, the above
mechanisms turn out not to be su$cient under high
loss conditions.

4. Conditional replenishment in an MPEG-4
compliant encoder

As a "rst step, the temporal prediction modes of
an MPEG-4 compliant encoder are abandoned
and replaced by a very simple conditional replen-
ishment (CR) mechanism (Fig. 1). Note that the
bitstream delivered is fully compliant with the VP
structure (Fig. 2) and the MPEG-4 video syntax.
The decoder is therefore strictly the same.

4.1. Motion detection

The motion detection aims at selecting 16]16
pixels macroblocks to be refreshed in intra-mode.
Similarly to [18], macroblocks are divided into
4]4 blocks. Let B

t~1
"(r

1
,2, r

n
) be a reference

block of pixels in the reference frame bu!er, and
¹ the motion detection threshold. The macroblock
containing the block of pixels (x
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n
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frame t will be refreshed in intra-mode if and only if

K
n
+
i/1

(r
i
!x

i
)K'¹. (1)

In order to reduce blocking artifacts, replenishment
is also applied to the neighbouring macroblocks

adjacent to the selected block. The threshold ¹ can
be adjusted according to the motion in the scene. In
our experiments, a threshold ¹"100 turned out to
be well adapted to high motion sequences.

4.2. Results

The MPEG-4 Veri"cation Model (without
B frames) and the CR-based MPEG-4 compliant
encoders have been used for encoding the CIF
`coastguarda sequence at a constant bit-rate of
384 kbit/s. The frame rate of the source sequence is
10 frames/s. The MPEG-4 encoder is used in the
rectangular mode, with INTRA refreshment peri-
ods of respectively 15 and 30 frames. The error
resilient modes (described in Section 3) are enabled.
To keep the bit-rate at a constant average value of
384 kbit/s, the VM5.1 SRC (scalable rate control)
rate control algorithm [11] is used.

4.2.1. Experiment on error-free channels
Both encoders are "rst tested in an error-free

environment, in order to compare the respective
compression e$ciency. Fig. 3 shows the PSNR
ratio of decoded sequences for both codecs, as a
function of the frame number. We observe that
the PSNR curve of the CR system lies below
the MPEG-4's one by an average of 2.65 dB, at the
same bit-rate. This emphasizes the poor compres-
sion e$ciency of CR, in comparison with a tem-
poral prediction algorithm.

Fig. 3. Performances (PSNR) on error-free channels.
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4.2.2. Experiments on xnite state erasure channels
The current Internet is often modelled by a two-

state Markov process, characterized by a `re-
ceiveda and a `losta state. The transition probabil-
ities from `receiveda to the `lossa state and from
`lossa to the `receiveda state are denoted respec-
tively as p and q. Measures collected between
INRIA in France and University College London
in the UK, reported in [2], led to Elliott}Gilbert
parameters p"0.08 and q"0.76. In our experi-
ments, the p and q parameters have been set to 0.08
and 0.60 in order to simulate a channel with high
packet loss rates. Fig. 4 depicts comparative PSNR
results of the Conditional Replenishment and the
MPEG-4 encoders. An Intra refreshment period of
15 frames is used in the MPEG-4 encoder. The
major result of this experiment is that CR performs
much better than di!erential coding in the presence
of packet losses. These results are also noticeable
on the decoded images. In conclusion, despite its
low compression e$ciency, CR appears to be more
adapted to Internet video coding than a temporal
predictive scheme. In the next section, a new coding
method is presented, which tries to gather the
advantages of both CR and MPEG-like coding
systems.

5. Coding mode selection

As shown above, CR-based encoders provide
a higher packet loss resilience, but at the expense of
poor compression e$ciency. The purpose of this
paragraph is to "nd a coding strategy that would
optimize the trade-o! between error robustness
and compression e$ciency. A solution, proposed in
[35], consists in creating a dependence graph
between macroblocks of consecutive frames. An
algorithm provides an importance measure to each
macroblock of each frame, and selects a set of
macroblocks to be encoded in intra mode, accord-
ing to a given bit budget. However, this method is
not adapted to real-time video coding, because it
needs multiple pass compression.

On the other hand, a coding mode selection is
proposed in [34], for real-time video encoding on
wireless channels. The method jointly optimizes
macroblock coding modes and associated para-

Fig. 4. Performances (PSNR) on "nite state erasure channels.
(p"0.08, q"0.60).

meters (quantization parameters for instance), un-
der a bit budget constraint. The purpose of this
method is to exploit the numerous modes provided
by the H.263 standard, in order to improve the
rate-distortion performance of the source coding
process. However, no channel characteristic is
taken into account.

This section describes a mode selection algo-
rithm, based on a distortion measure which ex-
ploits the knowledge of channel characteristics.
In addition, the coding modes optimization is
preceded by a motion detection process (as used
in CR), in order to reduce the amount of
macroblocks to be encoded, hence the encoder
complexity.

5.1. Principle

The strategy retained consists in combining Con-
ditional Replenishment with an intra/inter-coding
mode decision mechanism, as shown in Fig. 5. The
decision process is based on a rate-constrained
optimization procedure that takes into account the
channel characteristics.

The syntax of the MPEG-4 video encoder
used supports, for the P-frames, the following
modes:
f INTRA: intra-coded,
f INTER16: inter-coded with one motion vector

per macroblock,
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Fig. 5. Coding mode selection mechanism.

f INTER4V: inter-coded with four motion vectors
per macroblock,

f U-mode: uncoded.
The INTRA/INTER mode decision is based on a
comparison between the variance of the luminance
of the original MB, and that of the prediction error.
The coding mode in MIN¹ER16, IN¹ER4<N
yielding the smallest sum of absolute di!erence
(SAD) between the original and the motion-com-
pensated macroblocks is chosen.;-mode is chosen
when the motion vector found and the associated
quantized prediction error are equal to zero.

Building upon the conditional replenishment
scheme, the macroblocks to be encoded are clus-
tered into groups of N macroblocks (MB). For each
macroblock X

i
to be refreshed, the mode selection

algorithm chooses between: INTER mode, i.e.
INTER16 or INTER4V, following the strategy of the
MPEG-4 encoder as described above, and the
IN¹RA mode. Let I"MIN¹RA, IN¹ERN be
the set of possible coding modes for each MB of
a group of MB X"MX

1
,2,X

N
N. A combination

of coding modes for the GOB s is an element
M"MM

1
,2,M

N
N3IN. The mode selection pro-

cess aims at providing a best combination of coding
modes, in the rate-distortion sense.

5.2. Distortion metrics

The distortion metric often used in mode selec-
tion, as in [34], measures the distance between

a macroblock and its reconstructed version after
inverse quantization. This problem is re-formulated
here by de"ning a global distortion measure, taking
also into account the channel distortion.

5.2.1. Channel models
In [9], the channel is modelled by a Bernoulli

process. Considering the loss or receiving states of
consecutive packets as independent events, the
packet loss rate is expressed by an average prob-
ability P

e
. However, best-e!ort Internet is often

better modelled by "nite state erasure channels and
especially the Elliott}Gilbert channel [2]. The
Elliott}Gilbert model is a two-state Markov
process, as depicted in Fig. 6. The process is in state
R if packet n at step n has been received and in
state ¸ otherwise. p and q are the transition
probabilities between the two states. The average
loss probability is PM

e
"p/(p#q). The state propa-

gation across packets is modelled by the transition
matrix

P"A
1!p p

q 1!qB.
Note that the Elliott}Gilbert process is equivalent
to a Bernoulli process if and only if p#q"1. In
addition, it can be shown that

∀k*1, &p
k
, q

k
3]0, 1[ /Pk"A

1!p
k

p
k

q
k

1!q
k
B.
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Fig. 6. Elliott}Gilbert model (R: received, L: lost).

So, given a number k of successive transitions, the
packet loss process will converge towards a
Bernoulli process if p

k
#q

k
&1. Therefore, accord-

ing to the parameters k, p and q, the mode selection
algorithm developed here will alternately adopt
a Bernoulli process or an Elliott}Gilbert process
for modelling the channel. Indeed, the value
det(Pk)"(1!(p#q))k is compared to a threshold
e'0. If (1!(p#q))k'e, then the packet loss
model chosen is a Gilbert process. If
(1!(p#q))k(e it is a Bernoulli process.

5.2.2. Channel as a Bernoulli process
Let P

e
be the packet loss probability. Let Xt

i
be

the original macroblock at spatial location i and
frame number t. We call XK t

i
the result of inverse

quantization of Xt
i
and XI t

i
the concealed version of

XK t
i
at the decoder side, when a packet loss occurs.

The concealment method considered consists in
replacing the current MB by the MB at same spa-
tial location in the previous frame. By adopting
a Bernoulli process for modelling the channel, the
distortion for an intra-coded macroblock can be
expressed as

D(Xt
i
, Intra)"(1!P

e
)DXt

i
!XK t

i
D#P

e
DXt

i
!XK t~1

i
D,

(2)

where D . D denotes the mean-square error of a mac-
roblock. Let us now consider the inter-coding
mode. The distortion metric introduced covers the
general case where a frame can be fragmented
across several packets and reciprocally the case
where several frames can be grouped into one
packet. This depends on both the source rate and
the maximum transfert unit (MTU) of the network.
Let k

i
be the number of packets sent on the network

and containing at least one macroblock at spatial
location i, since the last intra-macroblock (see

Fig. 7). Let /
i
(l) be the number of occurrences of a

MB at spatial location i in the packet l3[0, k
i
!1].

For example, in Fig. 7, we have k
i
"2, /

i
(0)"1

and /
i
(1)"3. Let U

i
be the function de"ned by

∀l3[0,k
i
!1], U

i
(l)"

l
+
j/0

/
i
( j).

The function U
i

captures the number of macro-
blocks at the spatial location i contained in the last
l packets transmitted on the network, among the
k
i
packets considered here. To simplify the expres-

sion of the distortion metric, we only consider pre-
diction modes with motion vectors equal to zero.
Let mt

t~1
be the prediction error between the macro-

blocks XK t~1
i

and Xt
i
, at spatial location i in frames

of numbers t!1 and t.
We suppose that the last intra-coded macro-

block at spatial location i, denoted MBI in Fig. 7,
has been received. If we consider Fig. 7, the distor-
tion metric for an inter-coded macroblock is given
by

D(Xt
i
, Inter)
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e
)2DXt
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i
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+

j/t~U
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mj`1
j KD.

Implementing an accurate distortion measure
which would take into account all the possible loss
cases, for each macroblock i in the image, would
require to store all the macroblocks containing the
prediction error signals mj`1

j
transmitted since last

intra-coded macroblock at the same spatial loca-
tion i. In order to reduce the implementation com-
plexity, an approximate distortion measure, based
on the assumption that the di!erence between two
macroblocks at the same spatial location i increases
with their temporal distance. The distortion
measure is indeed approximated by the upper
bound DXt

i
!XK tI

i
D, where XK tI

i
is the inverse quantized

version of the last intra-MB at location i. This
assumption leads to

D(Xt
i
, Inter))(1!P

e
)kiDXt

i
!XK t

i
D

# (1!(1!P
e
)ki) DXt

i
!XK tI

i
D. (3)
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Fig. 7. Correspondence between video compressed stream and packet numbers.

The implementation of this distortion metric is
quite simple: each time a MB is intra-coded, we
store its value XK tI

i
in a reference frame bu!er. The

value k
i
of relation (3) for each macroblock is up-

dated each time a video packet is formed.

5.2.3. Channel as an Elliott}Gilbert process
If we take into account the memory of the

Elliott}Gilbert model, the distortion expression is
the same as in Eq. (2) for the intracoding mode.
P
e

is replaced by the average loss probability

P
e
"p/(p#q). In inter-mode, the distortion

measure can be developed by adopting a similar
approach as for the Bernoulli model.

The di!erence is that k
i
is rede"ned as the total

number of packets sent on the network since last
intra-macroblock at spatial location i, and we use
the transition probabilities of the Elliott}Gilbert
process. In the same way as with the Bernoulli
model and with the same approximation, we have

D(Xt
i
, Inter))(1!p)ki DXt

i
!XK t

i
D

# (1!(1!p)ki) DXt
i
!XK tI

i
D. (4)

The value k
i

for each macroblock is maintained
almost in the same way as before (Section 5.2.2),
except that it accounts for the total number of
packets since the last intra-coded macroblock.

5.3. Mode selection

Given the de"nitions in Section 5.1, if the rate
allocated to the current frame is R

&3!.%
, then the

rate allocated to each GOB is proportional to
R

&3!.%
and to the length of the GOB:

R
#
"a]R

&3!.%
]

Nb
GOB

Nb
&3!.%

, (5)

where Nb
GOB

and Nb
&3!.%

represent respectively the
number of macroblocks in the considered GOB
and the total number of macroblocks to refresh in
the current frame. The choice of parameter a is
discussed in Section 5.4. The problem of "nding the
best coding modes combination for the subset of
macroblocks X consists in "nding

minM D(X,M)

s.t. R(X,M))R
#
,

where D, R are the distortion and rate measures
and R

#
the rate constraint for the GOB X. The

distortion measure is given respectively by expres-
sions (3) or (4), according to the test made on the
channel model as described in Section 5.2.1. The
above rate constrained optimization problem is
rewritten as an unconstrained Lagrangian formula-
tion. The distortion measure being additive, the
Lagrangian cost function becomes

J(X,M)"
N
+
i/1

J(X
i
,M)

"

N
+
i/1

D(X
i
,M)#jR(X

i
,M).

The algorithm then searches for the set M of
coding modes minimizing the above objective cost
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function,

min
M

(J(X,M)). (6)

The minimization of this functional can be car-
ried out with the following steps [21,28]:

Initialization: Two values of j, jl and j
6

are
chosen such as jl)j

6
. The minimization of

Jjl
gives the rate Rl and distortion Dl parameters.

Similarly, the minimization of Jj6
gives the para-

meters R
6

and D
6
. R

6
and Rl must verify

R
6
)R

#
)Rl. (7)

This condition requires a careful choice of jl and j
6
.

In practice, we take jl"0 (minimizing the distor-
tion without rate constraint) and j

6
"R (minim-

izing the bit-rate). If the constraint (7) is met with
equality for one of the two values, we have an exact
solution. Otherwise the algorithm proceeds with
the following steps:
1. Minimize Jj where j"(Dl!D

6
)/(R

6
!Rl)#e,

e being a given real number. This provides a rate
R and a distortion D.

2. If R"R
6
, the algorithm is over. If R'R

6
, do

jl :"j and goto step (1). Otherwise do j
6
:"j

and goto step (1).

5.4. Rate control mechanisms

5.4.1. Rate control in the MPEG-4 verixcation model
The rate control algorithm used in our video

encoder is the VM5.1 SRC presented in [10]. This
rate control process uses an output bu!er and as-
sumes that the encoder rate distortion function can
be modelled by

R"X
1
SQ~1#X

2
SQ~2, (8)

where R is the encoding bit count and S the sum of
absolute di!erences between original current mac-
roblock and previous reconstructed macroblock
for a P-macroblock. The variable Q, X

1
and

X
2

represent respectively quantization and rate
control modelling parameters. The rate control
mechanism consists of four main steps:
1. Initialization of parameters X

1
and X

2
.

2. Computation of the target bit-rate before encod-
ing, based on the available and last encoded
frame bits and on the bu!er status.

3. Computation of the quantization parameter
Q before encoding, based on the rate distortion
function (8) of the source encoder.

4. Updating of the rate distortion function given by
Eq. (8).

5.4.2. Choice of parameter a
The rate control presented in the previous sec-

tion attempts to achieve optimal quality for a given
target bit-rate. Hence, it chooses quantization para-
meters as "ne as possible, according to the avail-
able bit-rate.

As a result, if a"1 in Eq. (5), then the amount of
intra-selected mode is very low because of the bit-
rate cost of intra-coding when the quantizer para-
meters are "ne.

A choice of a'1 in Eq. (5) allows to counterbal-
ance the VM5.1 SRC rate control process. The
parameter a turns out to have a high in#uence on
the amount of intra-coded macroblocks. Hence, it
allows to get a trade-o! between the number of
intra-MBs selected by the mode selection process
and the "neness of the quantization parameters,
adjusted by the VM5.1 SRC rate control. This
trade-o! can be found by tuning a according to the
channel characteristics, for instance the average
loss probability. We then de"ne a as a function of
P
e
, and following the next relation:

a"
1

1!P
e

. (9)

As a result, the whole rate control process is
made of a two separable steps that counterbalance
each other.

Some work is driven in order to jointly optimize
both quantization parameters and coding modes in
the rate-distortion sense as in [12,13,34].

5.5. Results

The MPEG-4 compliant encoder described
above has been used for encoding `coastguarda
and `newsa sequences, with the same coding con"g-
uration as in Section 4.2. The mode selection algo-
rithm uses the same Elliott}Gilbert transition
probabilities as in Section 4.2, in presence of packet
losses, i.e. p"0.08 and q"0.60. Note that no I
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frame is used in the mode selection encoder, except
for the "rst frame of the sequence. Only P frames
with intra-macroblocks are encoded.

5.5.1. Experiments on error-free channels
The three encoders, namely MPEG-4 Veri"ca-

tion Model, the CR-based encoder, and the
MPEG-4 compliant encoder incorporating the
Channel Adaptive Mode Selection mechanism, are
"rst tested in an Error-Free channel. From now on,
the three encoders will be respectively referred as
MPEG-4, CR and the CAMS encoders.

Fig. 8 depicts the PSNR ratio as a function of the
frame number for each encoder. We observe that,
on average, the CAMS encoder performs better
than CR when no packet loss occurs. Its rate distor-

Fig. 8. Performances (PSNR) on error-free channels.

tion performance remains a bit lower than the rate
distortion performance of the MPEG-4 VM. This is
due to the use of the threshold ¹ of relation (1)
which is at the moment not adapted to the channel
characteristics. The lower PSNR values are due to
macroblocks that are not selected by the motion
detection process.

5.5.2. Experiments on xnite state erasure channels
Considering the same channel characteristics

as in Section 4.2, Fig. 9 depicts the PSNR values
obtained. When losses occur, the MPEG curve
falls below the two others for both sequences. The
CR encoder's curve is the most stable one in
`Coastguarda sequence, in presence of packet
losses and high motion in the sequence ("rst part
of `Coastguarda sequence). However, when the

Fig. 9. Performances (PSNR) on "nite state erasure channels.
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amount of motion is reasonable, the CAMS en-
coder provides better PSNR values than CR when
no channel error occurs, and remains comparable
to it in the presence of packet losses.

As a matter of fact, the mode selection scheme
seems to provide a good trade-o! between com-
pression e$ciency and packet loss resilience. There-
fore, taking into account the channel statistical
model and the scene activity through the optimiza-
tion process allows to improve the e$ciency of
video transmission across a "nite state erasure
channel.

Fig. 10 depicts the PSNR values obtained as a
function of the frame number, when considering
distortion metrics based exclusively on the Be-
rnoulli or the Elliott}Gilbert models, for both an
Error-Free and a Finite State Erasure channel. The
usage of the Elliott}Gilbert model leads to a higher
amount of intra-coded macroblocks. This explains
the higher stability in presence of packet losses, of
the PSNR obtained with the Elliott}Gilbert model.
The Gilbert model's curve recovers faster a packet
loss than the other one. Hence, the use of the
Elliott}Gilbert in the distortion measure in the
coding mode selection process allows a higher resil-
ience to packet losses.

6. Rate and congestion control

The adaptive mode selection mechanism de-
scribed above increases the trade-o! between

Fig. 10. Performances (PSNR) obtained when using exclusively
the Bernoulli or Elliott}Gilbert model.

packet loss robustness and compression e$ciency
but does not avoid losses. A rate control mecha-
nism based on congestion control and rate-predic-
tive models is developed here in order to minimize
the amount of losses by matching the video source
bandwidth requirement to the available network
capacity.

Given our loss resilient coding scheme, we now
turn to the congestion control issue, and propose
a rate control scheme dedicated to video commun-
ication, the behaviour of which is compatible with
standard (i.e. TCP) communications.

6.1. TCP throughput models

Early work in this area has shown that the sta-
tionary throughput of a saturated TCP sender (i.e.
one with an in"nite amount of bytes to send) is on
the inverse order of the square root of the loss rate
observed by the connection [16]. In the following
we consider the so-called MF model, due to Mad-
havi and Floyd [15]. Another model of interest is
the PFTK one, which was proposed by Padhye
et al. [19]. Mahdavi and Floyd propose in [15] the
equation

BW"1.22]
MTU

RTT]JLoss
(10)

to compute the bandwidth that a TCP connection
receives, provided it has MTU bytes per packet,
and incurs a roundtrip time of RTT seconds and a
loss rate of Loss. This equation comes from a
steady-state analysis of the TCP congestion avoid-
ance mechanism. Such a model is known to be valid
for loss rates up to about 15%. In the following, we
consider using this model in a rate prediction pro-
cess designed to feed the source's rate control mech-
anism.

6.1.1. Parameter estimation
Implementing a throughput model requires

knowledge of the connection's MTU, RTT and loss
rate. The MTU can be either set to a "xed value, for
instance the standard minimum value of 576 bytes
de"ned for TCP, or determined using an MTU
discovery algorithm [32]. In our experiments, we
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used "xed length packets which allow for a con-
stant MTU, set to 576 bytes.

The RTT estimation is performed by keeping
a recent average value. Following TCP's RTT
smoothing strategy, we implemented an exponen-
tial "lter with a constant 0.9 smoothing factor [29].
This "lter is fed with RTT measures conducted by a
very simple and robust (stateless) request/reply pro-
tocol, which takes place as a background process.
This protocol sends RTT requests carrying the
host's local time periodically, and delivers a new
RTT measure upon reception of the RTT reply
which carries the same, unchanged time value. These
requests are sent once per RTT. The smoothed
RTT estimation is hereafter denoted by S

RTT
.

The loss rate estimation is performed by observ-
ing packet losses, detected using sequence numbers,
and again keeping a recent average value. The
averaging operation is somewhat problematic in
this case, because we may think of network condi-
tions where the loss rate reduces to zero at a given
time. Using an exponential "lter, whatever the
smoothing factor is set to, implies that losses are
taken into account for quite a time. This generates
a `residuala loss rate which may trigger extremely
high rate predictions from the throughput model as
it tends to zero. Instead we use a time-based sliding
window, the width of which is set to a 30RTT time
interval, as determined through some simulations
in [31].

6.2. Architecture

Our purpose is to make use of the TCP-through-
put model to regulate the output rate of our video
codec. The envisioned architecture is as follows. In
addition to the forward data stream, a backward
control stream is set up between the source and the
receiver. The control stream is made of periodic
feedback packets, which carry explicit rate informa-
tion used by the source application to regulate its
data output. In this architecture the throughput
prediction model is located at the receiver side, and
the results of its computations are periodically sent
back to the source. An alternate architecture could
be designed, where the parameters required by the
throughput model would be carried inside feedback
packets to the source, the latter implementing the

throughput model computations. An important
question relates to the feedback frequency, as too
frequent estimations may well overload the net-
work with control packets, whereas too few feed-
back indications may render the regulation scheme
ine$cient [22]. According to [15], a time interval
of at least one RTT is required between two con-
secutive actions, so as to take into account the
impact of the former one. In order not to overload
the network when the RTT is small, we choose in
the rest of this section to set the feedback period to
the maximum between one second and one RTT.

6.3. New rate prediction model

An issue when investigating an MF-based regu-
lation is its so-called non-self-limiting behaviour.
As opposed to TCP's congestion control mecha-
nisms which obey an upper rate bound as a conse-
quence of the maximum congestion window size,
the MF model may potentially compute in"nite
rate predictions, typically when the loss rate is null.
The non-self-limiting behaviour of most rate-based
congestion control schemes is classically answered
by implementing timers, which expire in the ab-
sence of feedback indication, thus forcing the
source to lower its rate [22]. In the present case
however, unlimited rate may occur as a result of
a valid feedback indication, hence another solution
is to be designed.

Hereafter we use a hybrid rate control principle
designed to retain the desirable properties of TCP-
friendly based regulation and to answer these non-
self-limiting problems. Its basic idea is to perform
lossless rate adaptation whenever possible, using an
RTT-based control loop, yet to embed a TCP-
friendly rate prediction model which gets into play
upon lossy conditions. The usual purpose of RTT-
based rate control is to allow early reaction to
congestion, thereby avoiding packet losses. A clas-
sical scheme is to compare RTT observations
against a given RTT threshold value, and to vary
the source rate by performing additive increase
when the last RTT measure is under the threshold,
and multiplicative decrease when the observed
RTT exceeds the threshold. Our approach retains
the threshold mechanism, but di!ers from the pre-
vious in the way the source rate is generated. The
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RTT-based control mechanism uses the smoothed
RTT measure already computed for the TCP-
throughput model as a basis to compute the RTT
threshold. More precisely, the RTT threshold
¹

RTT
is set to S

RTT
#k] standard deviation (S

RTT
).

The receiver maintains an averaged measure R of
its received rate. If the last RTT observation is
above the threshold, then it generates an RTT-
predicted rate P

RTT
equal to R!K, where K is

a constant rate increment. If the observed RTT is
below the threshold, then the RTT-predicted rate
P
RTT

is set to R#K. In the subsequent experiments
we take k"0.9 and K"1 kb/s. The received rate
R is smoothed by a time-based sliding window, the
width of which is tuned to 30RTT, according to
the window size computation method proposed in
[31]. We denote by P

TCP
the rate predicted by the

TCP throughput model. The actual mixed predic-
tion P

MIX
is computed as follows:

f if P
TCP

is valid (that is, not in"nite), let
P
MIX

"(P
TCP

#P
RTT

)/2;
f otherwise, let P

MIX
"P

RTT
.

The computation is performed once during a regu-
lation round, the frequency of which is set to the
last smoothed RTT measure.

In this scheme, the TCP throughput-based pre-
diction acts as a `master controllera with respect
to the RTT-based prediction. This behaviour com-
es from the use of the actually received rate as
a basis for RTT-based prediction. Since the rate
actually received relates to the previous feedback
indications, the RTT-based prediction is not
supposed to impact it by a large amount, but
rather to closely follow it. Hence, under lossy
conditions, the TCP throughput-based predic-
tion takes a major role in the overall rate pre-
diction.

If we indeed consider that P
RTT

at a given regula-
tion round is equal to P

MIX
as computed during the

previous round (not taking into account packet
losses and the constant K), then, assuming a con-
stant P

TCP
, we have a geometric series MP

MIX
N which

converges to P
TCP

.

6.4. Experimentation results

In [30], a TCP-friendly rate control, based on
a pure MF model, is used to regulate a video

source. Although the authors avoid the typical saw-
tooth rate variations encountered with a pure MF
regulation [31], they do so by estimating the model
parameters on a long term basis, and thus cannot
expect early reaction to network variations. Our
purpose is to improve the bandwidth usage and
video quality stability at the receiver, through a de-
creased amount of packet losses, and yet have
a highly reactive scheme in order to be actually
`TCP-friendlya, with respect to classical data trans-
missions.

6.4.1. Rate control within the video encoder
The rate control algorithm in the video encoder

has been modi"ed so as to adapt the source to the
feedback information received. This information
corresponds to the new network bandwidth avail-
able. Some parameters of the rate control [11]
process are recalculated:
f the bit budget available to encode the current

GOP,
f the size of the bu!er,
f the amount of bits to remove from the bu!er at

each frame.
Quantization parameters of the encoder are then
adjusted using these new values, in the same way as
in [11].

6.4.2. Network topology
Due to the non real-time nature of our ex-

perimental video codec, we performed rate con-
trol experiments over the Internet using a
simulated codec in order to get trace "les, and
then we used these "les o!-line as an input to the
codec so as to assess the impact of packet losses
and rate control over the quality of the video
sequence.

The topology we experimented over is of wide-
area network (WAN) kind, with the video source
located at INRIA Sophia and the receiver located
at INRIA Rennes (Fig. 11). The path between
source and receiver thus crosses two regional net-
works (Ouest-Recherche and R3T2) and the French
nation-wide R.N.I. interconnection network. It
consists of a dozen routers. In addition, a packet
source was used at ENST Bretagne in order to
generate cross-tra$c within the regional network,
thus adding to congestion.
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Fig. 11. WAN topology.

Fig. 12. Consecutive packet losses without TCP-friendly rate control.

6.4.3. Rate control results
Figs. 12 and 13 depict the packet loss patterns we

obtained from a typical experimentation round on
the aforementioned topology. The initial rate was
set to 384 kbits/s, we traced the packet losses with
the TCP-friendly rate control process disabled
(Fig. 12) or enabled (Fig. 13). In the latter case,
CBR rate control is performed. As can be easily
seen in the "gure, using the TCP-friendly rate
control feature allows to drastically reduce the
occurrence of packet losses. This is however at
the expense of the transmission rate, as the TCP-

friendly rate control mechanism triggers a large
decrease in the allowed rate through the feedback
indications, depicted by Fig. 14.

The feedback indications were then used to drive
our video source, while the packet loss traces were
used to simulate the real channel. Fig. 15 depicts
the PSNR of the resulting decoded sequence as a
function of the frame number. The major result we
can observe is that the mean PSNR values obtained
are comparable for the two versions (with and
without TCP-friendly rate control), despite the
large di!erence in allowed rate. TCP-friendly rate
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Fig. 13. Consecutive packet losses with TCP-friendly rate control.

Fig. 14. Rate constraint provided by the receiver to the source.

control also allows a more stable PSNR curve
(starting from frame number 75). This is explained
by the sensitivity of temporal prediction coding to
packet losses. Encoding at a bit rate adapted to the
link, thus leading to few losses, turns out to be more
e$cient than using a higher bit rate which yields
a higher loss rate.

Fig. 15. PSNR values with constant bit rate and source rate
adapted to TCP-friendly prediction.

7. Perspectives

7.1. Multicast communications

Since 1992, when the Mbone (Multicast Back-
bone) was "rst introduced, multicast communica-
tions across the Internet have become the focus of
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a great amount of studies. Video multicasting
across a best-e!ort Internet is a specially interesting
topic as it faces heterogeneity issues. In a multicast
topology (multicast delivery tree in the 1PN case,
acyclic graph in the MPN case), network condi-
tions such as loss rate and queuing delays are not
homogeneous in the general case. Rather, there
may be local congestions a!ecting downstream de-
livery of the video stream in some branches of the
topology. Furthermore, receiver's heterogeneity
may also be considered as real-time video decoding
and display is somewhat tied to the particular re-
ceiver's hardware and software performances.
Recent work in this area has shed the light on the
bene"ts of subband coding and multichannel multi-
casting in the framework of heterogeneous band-
width availability: by delivering subbands through
distinct network channels (e.g. RTP sessions) and
relying on standard group management protocols
to join/leave these channels, it is possible for a given
receiver to dynamically adapt the amount of video
data it receives to the available bandwidth (see for
instance the Receiver-driven Layered Multicast pro-
posal [17]).

The issue of packet loss is also the subject of
intense study. On the one hand, reliable multicast-
ing has been proposed with a variety of mecha-
nisms making use of selective and hierarchical
acknowledgement and retransmissions schemes
[14,20]. On the other hand, packet losses within
a real-time #ow (e.g. video) can be dealt with
using FEC strategies tailored to the multicast
framework. It is, for instance, possible for a video
source to send separate FEC channels that can
be joined by receivers experiencing a high loss
rate [23].

7.2. Feedback in multicast

The use of feedback schemes in a multicast scen-
ario faces two major issues. The "rst one deals with
the so-called feedback implosion which results from
straightforward re-use of a unicast feedback scheme
in a multicast framework. As the number of partici-
pants in the multicast session increases, so does the
number of receiver reports that must be carried by
the network and processed by the source. More-
over, the arrivals of receiver reports may well be

synchronized, raising the source's burden to an
unbearable level [3]. A number of schemes have
been devised to alleviate this problem. Probabilistic
approaches require each receiver to observe some
random delay before sending a receiver report
[36]. This makes it possible to assign unequal `im-
portancea to receivers by changing some weights
in the random process, but the delays before a con-
gestion indication is taken into account by the
source may be prohibitive. Another approach is for
the source to perform progressive, topological poll-
ing of the receivers using, for instance, time to live
(TTL) mechanisms to control the number of re-
sponses. The main drawback of this method lies
in its inaccuracy, as a modest TTL increase may
yield a drastic increase of the number of answers,
thus causing a feedback implosion if the source is
overwhelmed. A third alternative was proposed
[3]. Their scheme is also based on progressive
polling but relies on random keys computed by
each receiver. Progressive polling is done by vary-
ing the number of signi"cative bits, thus allowing
the source to quite accurately poll the number of
receivers it wants. This number is further reduced
by "ltering the answers: a new poll embeds the
maximum congestion state already known by the
source, so that only receivers incurring worse con-
ditions have to reply. The RTP/RTCP standard
also tackles the feedback implosion problem.
RFC 1889 suggests that the fraction of tra$c dedi-
cated to control packets (i.e. reports) does not
exceed 5% of the bandwidth assigned to the multi-
cast session [26]. Moreover the inter-departure
time of RTCP packets is recommended to be larger
than a minimum of 5 s (a lower minimum may be
allowed, particularly for unicast sessions [27]), and
is subject to a random variation factor taken over
the range [0.5; 1.5]. The inter-departure time inter-
val is calculated with the help of an estimate of
the session size (i.e. number of participants), so
that they collectively attain the 5% bandwidth (the
interval scales linearly with the session size). Fur-
ther studies have shed the light on scalability
troubles occurring when the number of participants
varies rapidly, as the session size estimate may not
re#ect the increase or decrease in a timely manner,
and appropriate mechanisms have been proposed
[24,27].
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The other issue associated with multicast feed-
back is that of aggregating heterogeneous reports
into a consistent view of the communication state.
In some cases this considerably restricts the useful-
ness of multicast feedback schemes. Consider for
instance an adaptation process where receivers
send back to the source the bandwidth availability
they infer. Then the source faces a problematic
trade-o! as it has to determine a single transmis-
sion rate that is bearable to all (or at least to
a majority of) receivers. In most cases this translates
into selecting the lowest common rate between all
indicated values, or a rate low enough that a vast
majority of receivers will not experience congestion.
The corollary is reduced quality for all receivers,
whether they actually experience congestion or not
[3,6,36]. When the feedback scheme is devoted to
error protection, as in our mode selection ap-
proach, then the source has to take into account the
worse error conditions encountered by the di!erent
receivers. The corollary in this case is suboptimal
rate/distorsion ratio, since most forward error cor-
recting data is useless to all but a few receivers.

Layered coding and transmission, as discussed
above, alleviate this problem by making it possible
to adapt the rate or amount of error control data
on a subband basis. A variety of multicast schemes
making use of layered coding for audio and video
communications have been proposed, some of
which rely on a multicast feedback scheme. The
Destination Set Grouping scheme is presented in [7],
where a source produces multiple versions of
a video sequence and lets the receivers individually
choose which version to join. In addition, a feed-
back mechanism makes it possible for the receivers
to alter the rate of the subband they chose. The
CafeMocha approach is proposed in [5], where
receivers are supposed to leave an enhancement
layer as soon as the loss rate passes a given thre-
shold. An indirect feedback mechanism is built by
having the source monitor the session size of each
layer, and adapt the rate of a layer that is too often
abandoned by congested receivers.

7.3. Video encoder adaptation

The mechanisms we have proposed in the pre-
vious sections, namely coding mode selection and

rate control using a TCP-friendly rate prediction
model, may be adapted to the multicast framework
and exploit the scalable coding features which have
been designed in MPEG-4. Object scalability con-
sists in coding each region of interest (ROI) in
di!erent video object layers (VOL). The motion
detection process can be easily adapted to objects
of arbitrary shape, taking into account their posi-
tion in a reference window (see [11]). Temporal
scalability consists in increasing the temporal res-
olution of the base VOL, or of a partial region of it.
TCP-friendly rate control and coding mode selec-
tion can be performed in a straightforward way on
the di!erent layers. Spatial scalability aims at in-
creasing spatial resolution of the base layer VOPs.
The mode selection process can be applied to
PVOPs of the enhancement VOL by taking into
account additive coding modes based on prediction
from the corresponding VOP in the base layer.
Similarly, for B VOPs, prediction and interpolation
from the base layer have to be taken into account.
Since coding mode selection relies on the Elliott}
Gilbert model of the channel, in a multicast
scenario we have to consider having a distinct
channel model for each receiver, as loss conditions
in di!erent locations of the multicast distribution
tree are unlikely to be identical. It is therefore the
responsibility of each receiver to calculate the
Elliott}Gilbert model for the path leading to it,
and to communicate the transition probabilities
p and q to the source. Next the source may apply
the `worst-casea loss model to the mode selection
process, thus providing disproportionate error pro-
tection to those receivers which experience few
losses, but with moderate impact on the resulting
quality.

Alternately, it is possible to further re"ne the loss
model on a layer basis, by requiring the receivers to
provide the set of layers they have joined to along
with the transition probabilities. This allows the
source to select a worst-case model for a given layer
between only the loss models provided by receivers
actually receiving this layer, and may potentially
improve the signal-to-noise ratio of higher layers as
it is unlikely that heavily congested receivers have
joined them.

As for the rate adaptation process, our rate
prediction model can be implemented inside each
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receiver. This provides for individual congestion
monitoring and allows each receiver to determine
its bottleneck rate. With the source advertising the
layers it generates along with their current rates on
a multicast control channel, each receiver is free to
join to the layers that collectively ful"ll its band-
width capacity, similar to the approach taken in
[32]. Rate adaptation may further be implemented
in several ways.

For those applications which involve a limited
number of participants (for instance up to ten re-
ceivers), we envision that the number of layers
equates the number of participants, so that each
one gets a dedicated enhancement layer. Consider-
ing that receivers R

1
, R

2
,2,R

n
are ordered by in-

creasing rate demand, the least demanding receiver
R

1
only joins to the base layer, R

2
joins to the base

layer and the "rst enhancement layer, R
3

joins to
the base, "rst and second enhancement layers and
so on. This makes it possible to implement "ne
grain rate control as each receiver triggers the rate
variation of an enhancement layer. Moreover, as
the session size is kept small, the feedback fre-
quency can be set quite high without the overall
control tra$c being too large. In addition, this
scenario makes it possible to tune the mode selec-
tion coding process of a given layer on the basis of
the Elliott}Gilbert models from those receivers
which actually joined the layer.

In the case of multicast applications involving
a high number of participants, it is no longer pos-
sible to apply the above scheme. We then envision
to classify the receivers according to the rate limita-
tion they calculate using the rate prediction model,
into a small number of classes which correspond to
di!erent enhancement layers. The rate control of
each layer would then be performed by aggregating
the various rate indications inside the correspond-
ing class, for instance using the mean rate, and so
would be the level of error protection provided by
the mode selection process.

8. Conclusion

Internet communications traditionally face con-
gestion artifacts. With respect to real-time video

transmission, congestion must be addressed in two
ways: packet loss resilience and packet loss avoid-
ance (which translates into congestion and rate
control). Moreover, the current Internet (with
best-e!ort network service) requires data sources
to behave fairly, that is, to harmoniously share
network resources, as TCP does. Future im-
provements of the Internet service model (i.e.
di!erentiated service and/or integrated service)
may well not remove this requirement, for instance
when individual communications are aggregated
into service classes which do not control resource
usage competition. The proposed coding mode
selection mechanism, based on a channel charac-
terization using an Elliott}Gilbert model, con-
tributes to increase intrinsic robustness of the
compressed video stream. Jointly exploiting the
knowledge of scene activity and channel charac-
teristics leads to better trade-o! between coding
e$ciency and resilience to packet loss. This paper
also describes a rate control scheme which embeds
a TCP-friendly rate prediction model. Experi-
mentation results show that the coding mode
selection algorithm improves conditional replen-
ishment in terms of compression e$ciency, yet is
more robust to packet losses than an MPEG-4
video encoder. As for the congestion control
scheme, our experimental results shed the light on
the bene"ts of being TCP-friendly, as a better band-
width usage is achieved when using a CBR, not
congestion-responsive video source. Coupling the
two strategies developed in this work allows to
globally re"ne a video transmission scenario in
terms of provided service and social behaviour of
the video source.

Some complementary work may allow an
extension of the developed techniques to a multi-
cast scheme, with time-varying channel char-
acteristics.
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