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Abstract

This paper introduces Source-channel Adaptive Rate Control (SARC) a new congestion
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the well known feedback 1mp1051on problem in large multlcast groups, we first present a
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proposed filtering mechanism provides a classification of receivers according to a predefined

similarity measure. An end-to-end source and FEC rate control based on this distributed

feedback aggregation mechanism coupled with a video layered coding system is then de-
scribed. The number of layers, their rate and levels of protection are adapted dynamically to
aggregated feedbacks. The algorithms have been validated with the NS2 network simulator.
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1 Introduction

Transmission of multimedia flows over multicast channels is confronted with the receivers het-
erogeneity problem. In a multicast topology (multicast delivery tree in the 1 — N case, acyclic
graph in the M — N case), network conditions such as loss rate and queueing delays are not
homogeneous in the general case. Rather, there may be local congestions affecting downstream
delivery of the video stream in some branches of the topology. Hence, the different receivers are
connected to the source via paths with varying delays, loss and bandwidth characteristics. Due
to this potential heterogeneity, dynamic adaptation of multimedia flows over multicast channels,
for optimized QoS of multimedia sessions, faces challenging problems. The adaptation of source
and transmission parameters to the network state often rely on the usage of feedback mecha-

nisms. However, the use of feedback schemes in large multicast trees faces the potential problem
of feedback implosion. This naper introduces Source-channel AAHnnhvn Rate Control (QAPp\ a
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new congestlon control algorlthm for layered video transmission in large multicast groups. The

Lot Socain ad e ncan P I AU P APNEPN PN E NN Sey A ST ager ANnL o oy ANIID e ]
llj.bb lbbut: aaaressea nere lb l;llt:ltIJ.UJ.U l;llt: PLOUDICLIL U1 agELCEALl 115 l;UJ.UBU 1C0Ud CPUJ. ud lllbU a

consistent view of the communication state. The second issue concerns the design of a source
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commensurate with the bandwidth and loss capacity of the path leading to it.

Layered transmission has been proposed to cope with receivers heterogeneity [1, 2, 3].
this approach, the source is represented using a base layer, and several successive enhancement
layers refining the quality of the source reconstruction. Each layer is transmitted over a separate
multicast group and receivers decide the number of groups to join (or leave) according to the
quality of their reception. At the other side, the sender can decide the optimal number of layers
and the encoding rate of each layer according to the feedback sent by all receivers. A variety of
multicast schemes making use of layered coding for audio and video communication have been

prnpnqﬂﬂ some of which rﬂ]v on a multicast feedback scheme f‘l] (41 npqhﬂ'p rate aﬂanfﬂhn‘n

ticast [4]. Despite rate adaptation
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these schemes, redundant information are sent along with the original information so that the
lost data (or at least part of it) can be recovered from the redundant information. Clearly,
sending redundancy increases the probability of recovering packets lost, but it also increases
the bandwidth requirements and thus, the loss rate of the multimedia stream. Therefore, it
is essential to couple the FEC scheme to the rate control scheme in order to jointly determine
the transmission parameters (redundancy level, source coding rate, type of FEC scheme, etc.)
as a function of the state of the multicast channel, to achieve the best subjective quality at
receivers. For such adaptive mechanisms, it is important to have simple channel models that can
be estimated in an on-line manner.

The sender, in order to adapt the transmission parameters to the network state, does not
need reports of each receiver in the multicast group. It rather needs a partition of the receivers
into homogeneous classes. Each layer of the source can then be adapted to the characteristics
of one class or of a group of classes. Each class represents a group of homogeneous receivers
according to discriminative variables related to the received signal quality. The clustering mech-
anism used here follows the above principles. A classification of receiver reports is performed
by aggregation agents organized into a hierarchy of local regions. The approach assumes the
presence of aggregation agents at strategic positions within the network. The aggregation agents
classify receivers according to similar reception behaviors, and filter correspondingly the RTCP
receiver reports. By classifying receivers, this mechanism solves the feedback implosion problem
and at the same time provides the sender with a compressed representation of the receivers.
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In the experiments reported in this paper we consider two pairs of discriminative variables in
the clustering process: the first one constituted of the loss rate and the goodput and the second
constituted of the loss rate and the throughput of a conformant TCP connection under similar
loss and round trip time conditions. We show that approaches in which receivers rate-requests
are only based on the goodput measure risk to lead to a severe sub-utilization of the network
resources. To use a TCP throughput model, receivers have first to estimate their Round Trip
Time (RTT) to the source. In order to do so we use the algorithm described in [4] jointly with
a new application-defined RTCP packet, called Probe-RTT.
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system, to adapt dynamically the number of layers, the rate of each layer and its level of pro-
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remains generic and can be used for any type of media. The optimization is performed by the
sender and takes into account both the network aggregated state as well as the rate-distortion
characteristics of the source. The latter allows to optimize the quality perceived by each receiver



The remainder of this paper is organized as follows. Section 2, provides an overview of related
research on multicast rate and congestion control. Section 3 sets the main lines of SARC, our
new hybrid sender/receiver driven rate control based on a clustering algorithm. The protocol
functions to be supported by the receivers, and the receiver clustering mechanism governing the
feedback aggregation are described respectively in section 4 and section 5. Section 6 describes the
multi-layer source and channel rate control and the multi-layered MPEG-4 Fine Grain Scalable
source encoder [8, 9] that has been used in the experiments. Finally, experimental results obtained
with the NS2 network simulator with various discriminative clustering variables (goodput, TCP-
compatible throughput), including with the additional usage of forward error correction are
discussed in section 7.

2 Related Work

Related work in this area focuses on error, rate and congestion control in multicast for multimedia
apphcatlons Layer ed coding is often proposed as a solution for rate control in video multicast
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schemes [13, 3, 14] - approaches have been proposed to address the problem of rate control in
a multicast transmission. Receiver-driven approaches consist in muiticasting different layers of
video using different multicast addresses and let the receivers decide which multicast group(s)
to subscribe to. RLM [11] and RLC [12] are two well-known receiver-driven layered multicast
congestion control protocols. However, they both suffer from pathological behaviors such as
transient periods of congestion, instability, and periodic losses. These problems mainly come from
the bandwidth inference mechanism used [15]. For example, RLM uses join-experiments that can
create additional traffic congestion, during transition periods corresponding to the latency for
pruning a branch of the multicast tree. RLC [12] is a TCP-compatible version of RLM based
on the generation of periodic bursts that are used for bandwidth inference on synchronization

points indicating when a receiver can join a layer. Both the qyhr“hmnlzat‘en points and the

periodic bursts can lead to periodic congestion and periodic losses [15]. PLM [16] is a more
recent layered multicast congestion control protocol based on the generation of packet pairs to

infer the available bandwidth. PLM does not suffer from the same pathological behaviors than
RLM and RLC but requires a Fair Queuing network.

Battacharya & al. [17] present a general framework for the analysis of AIMD (Additive
Increase Multiplicative Decrease) Multicast congestion control protocols. This paper shows that
because of the so called ”Path Loss Multiplicity Problem”, unclever use of congestion information
sent by receivers to sender, may lead to severe degradation and lack of fairness. This paper
formalizes the multicast congestion control mechanism in two components : the Loss Indication
Filter (LIF) and the rate Adjustement Algorithm. Our paper presents an implementation that
minimises the Loss Multiplicity Problem by using a LIF which is implemented by a clustering
mechanism (section 5.2) and a rate Adjustement Algorithm following the algorithm described in

sections 4 and R
sectl ana

TFMCC [18] is an equation-based multicast congestion control mechanism that extends the
mAD fc 11 Mmoo Mol o 1 g ey g Yy g 1 e mMIONAN
lLur-iriendly 1rnvu [19] protocCol 1roi une unicast o L€ multiCast doInalll. l[‘lVlUU uses a
scalable round-trip time measurements and a feedback suppression mechanism. However, since
it is a single rate congestion control scheme, it cannot handle heterogeneous receivers and adapts

its sending rate to the current limiting receiver.
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by each receiver is prohibitive. WEBRC [21] is a new equation-based rate control algorithm
that has been recently proposed. It soives the main drawbacks of FLID-DL using an innovative
way to transmit data in waves. However, WEBRC such as FLID-DL are intended for reliable
download applications and possibly streaming applications but cannot be used to transmit real-
time hierarchical flows such as H.263+ or MPEG-4.

A source adaptive multi-layered multicast - SAMM - algorithm based on feedback packets

Pgufarnrng information on the estimated bandwidth available on the pﬂfh from the source is

described in [3]. Feedback mergers are assumed to be deployed in the network nodes to avoid
feedback i 11111.)1U8101’i A mechanism based on par rtial suppresszon of feedbacks is p“"pﬁSﬁd in [4]
This approach avoids the deployment of aggregation mechanisms in the network nodes, but on
the other hand, the partial feedback suppression will likely induce a flat distribution of the
requested rates.

MLDA [13] is a TCP-compatible congestion control scheme in which as in the scheme we
propose, senders can adjust their transmission rate according to feedback information generated
by receivers. However, MLDA does not provide a way to adapt the FEC rate in the different layers

a(’(’nrdmﬂ to packet ]nss observed at receivers. Since the feedback (m]v includes TCP- compatible

rates, MLDA does not need feedback aggregatlon mechanisms and uses exponentially distributed
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receivers are very h terogeneous the number of requested rates (1n the worst case on a continuous
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does not allow quantifying the number of receivers requesting a given rate in order to estimate
how representative this rate is.

In [14], a rate based congestion and loss control mechanism for multicast layered video trans-
mission is described. The strategy relies on a mechanism that aggregates feedback information
in the networks nodes. However, in contrast with SAMM, the optimization is not performed
in the nodes. Source and channel (FEC) rates in the different layers are chosen among a set

nF rﬂqanfﬂH rates in order to maximize the gverall DQNP seen }“r all the receivers. pﬂceivﬂrq
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are classified according to their available bandwidth, and for each class of rate, two types of
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an average loss rate computed over all those receivers. It is supposed here that receivers with
similar bandwidths have similar loss rates, which may not be always the case. In this paper, we

solve this problem using a distributed clustering mechanism.

Clustering approaches have been already considered separately in [22] and [23]. In [22] a
centralized classification approach based on k-means clustering is applied on a quality of reception
parameter This quality of reception parameter is derived based on the feedback of receivers

reports m(‘]ndrmr available bandwidth and packet loss. The main difference with
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class. Therefore, with more accurate clusters, a better adaptation of the error-control process at
the source level is possible. The global optimization performed is different and leads to improved
performances. Moreover, [22] uses the RTCP filtering mechanism proposed in the RTP standard,
i.e. they adapt the RTCP sending rate according to the number of receivers. However, when the
number of receivers is large, it is not possible to get a precise snapshot of quality observed by

4



3 Protocol overview

This section gives an overview of the Source-channel Adaptive Rate Control (SARC) protocol
proposed in this paper. Its design relies on a feedback tree structure, where the receivers are
organized into a tree hierarchy, and internal nodes aggregate feedbacks.

At the beginning of the session, the sender announces the range of rates (i.e. a rate interval
[Rinin, Rimaz]) estimated from the average rate-distortion characteristics of the source. The value
R,,in corresponds to the bit rate under which the received quality would not be acceptable, and

to the rate above which there is no cionificant imnrovement n'F fhn visua ] n119]1f Thig
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information is transmitted to the receivers at the start of the session. The interval [Rmm, Rynaz)
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quantization avoids having non quality discriminative layers.
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After this initialization, the multicast layered rate control process can start. The latter
assumes that the time is divided into feedback rounds. A feedback round comprises four major
steps :

e At the beginning of each round the source announces the number of layers and their re-
spective rates, via RTCP sender reports (SR). Each source layer is transmitted to an IP
multicast group.

e Bach receiver measures network parameters and estimates the bandwidth available on the
path leading to it. The estimated bandwidth and the layer rates will trigger subscriptions
or unsubscriptions to/from layers. Estimated bandwidth and loss rates are then conveyed
to the sender via RTCP receiver reports (RR).

e Aggregation agents placed at strategic positions within the network classify receivers ac-
cording to similar reception behaviors, i.e. according to a measure of distance between
the feedback parameter values. On the basis of this clustering, these agents proceed with
the aggregation of the feedback parameters, providing a representation of homogeneous
clusters.

e The source then proceeds with a dynamic adaptation of the number of layers and of their
rates in order to maximize the quality perceived by the different clusters.

The next sections describe in details each of the four steps.

Two bandwidth cstimation strateeics have been considered @ the first approach measures the
61\/0 1lavye ULl vuvlloliuvliuvu UillL 111 0u (/‘JPP].U(/‘J\JLl Liivaouruvo vl
goodput of the path, and the second approach considered estlmates the TCP-compatible band-
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supported by the receiver in order to measure the corresponding parameters, and the multicast
groups join and leave policy that has been retained. The bandwidth values estimated by the
receivers are then conveyed to the sender via RTCP RR reports augmented with dedicated fields.
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A notion of goodput has been exploited in the SAMM algorithm described in [3]. Assuming
priority-based differentiated services for the different layers, the goodput is defined as the cumu-
lated rate of the layers received without any loss. If a layer has suffered from losses, it will not
be considered in the goodput estimation. The drawback of such a measure is that the estimated

bandwidth will be hlghly depe‘nﬂp‘nf. on the sending rates, hence it does not allow an accurate
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estimation of the link capacity. When no loss occurs, in order to best approach the link capacity,
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realistic on the Internet. Experiments have shown that this notion of goodput in a best-effort
network in presence of cross traffic leads to estimated bandwidths decreasing towards zero during
the sessions. Here, the goodput is defined instead as the rate received by the end system. A simple
mechanism has been designed to try to approach the bottleneck rate of the link . If the loss rate

is under a given threshold 7j,ss, the bandwidth value B; estimated at time ¢ is incremented as
By =B;_1+A (1)

where A represents a rate increment and B;_1 represents the last estimated value. Let g; be the
observed goodput value at time ¢. Thus, when the loss rate becomes higher than the threshold
Ti0ss, Bt 1s set to gy.

In the experiments we have taken #;,,, = 3% and the A parameter increases similarly to the
TCP increase, i.e. of one packet per round-trip time.

4.2 TCP-com

The second strategy considered for estimating the bandwidth available on the path relies on
the analytical model of TCP throughput [24], known also as the TCP-compatible rate control
equation. Notice however that the application of the model in a multicast environment is not
straightforward.

4.2.1 TCP throughput model

The average throughput of a TCP connection under given delay and loss conditions is given by
[24]:
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path. This is done using a new application-defined RTCP packet that we called (Probe-RTT). To
prevent feedback implosion, only leaf aggregators are allowed to send Probe-RTT packets to the
source. In case receivers are not located in the same LAN than their leaf aggregator, they should
add the RTT to their aggregator; this can be easily estimated locally and without generating

undesirable extra traffic. The source periodically multicast RTCP reports including the RTT
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to 1000 bytes.

4.2.3 Singular receivers

In highly heterogeneous environments, under constraints of bounded numbers of clusters, the
rate received by some end systems may strongly differ from their requests, hence from the TCP-
compatible throughput value. The resulting excessively low values of congestion event rates
lead in turn to overestimated bandwidth values, hence to unstability. In order to overcome this
difficulty, the TCP-compatible throughput B; at time ¢ is estimated as

By = mz’n(T, maiU(Srate + Trate, Bt—l)) (3)

where S;qe is the rate subscribed to and T4 is a threshold chosen so that the increase between
two requests is limited (i.e. Tpqe = K * MSS/RTT with K a constant). B;_; is the last
estimated value of the TCP-compatible throughput. When the estimated throughput value T
is not reliable, the history used in the estimation of loss rates is re-initialized using the method
described in [19]. We will see in the experimentation results that the above algorithm is still
reactive and responsive to changes in network conditions.

4.2.4 Slowstart

The slowstart mechanism adopted here differs from the approaches described in [19] and [18].
At the begining of the session or when a new receiver joins the multicast transmission tree, the
requested rate is set to Ryn. Then, after having a first estimation of RTT and p, T can be
computed and the resulting requested rate B§'°? is given by

B = max(T,g; + K x MSS/RTT) (4)

where g; is the observed goodput value at time ¢ and K is the same constant as the one used in
section 4.2.3. The estimation given by (4) is used until we observed the first loss. After the first
loss, the loss history is re-initialized taking ¢; as the available bandwidth and proceeding with

Eq. (3).

4.3 Join/Leave policy

Each receiver estimates its available bandwidth B; and joins or leaves layers accordingly. How-
ever, the leaving mechanism has to take into account the delay between the instant a feedback
is sent and the instant the sender adapts the layer rates accordingly. Undesirable oscillations of

qnhqrrlnfmn may occur r if receivers decide to unsubscribe a ]nvpr as soon as the TCP- (‘nmnnhhlp

throughput estimated is lower than the current rate subscribed to It is essential to let enough

source to adapt its sendine r
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ceptable bound Tj,ss (K is the same constant as the one used in section 4.2.3). These coupled
mechanisms permit to avoid a waste of bandwidth due to IGMP (Internet Group Management
Protocol) traffic.
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The aggregated feedback informations (i.e. estimated bandwidth, loss rate) are periodically
conveyed towards the sender in RTCP Receiver Reports(RR), using the RTCP report extension
mechanism. The RR are augmented with the following fields:

e /B : a 16 bits field which gives the value of the estimated bandwidth expressed in kbit/s.
e LR : a 16 bits field which gives the value of the real loss rate.
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tion algorithm can take advantage of this spatial correlation to cluster similar reception behaviors
to homogeneous classes. In this way, the amount of feedback required to figure out the state of
receivers can be significantly reduced. This will also helps in bypassing Loss Path Multiplicity
problem explained in [17] by filtering out receivers report of losses. In our scheme, receivers are
grouped into a hierarchy of local regions (see Fig. 1). Each region contains an aggregator that
receives feedback, performs some aggregation statistics and send them in point-to-point to the
higher-level aggregator (merger). The root of the aggregator tree hierarchy (called the manager)

is based at the sender and receives the overall aggregated reports.
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Figure 1: Multi-level hierarchy of aggregators
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¥ nt in point-to-point to a higher level aggregator. As these RTCP feedback are local
aggregator region and will not cross the overall multicast tree, they may be set to be more
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minimize the bandwidth overhead of RTCP receiver reports (RRs). Several approaches have been
proposed to organize receivers in a multicast session to make scalable reliable multicast protocols
[27]. We have chosen a multi-level hierarchical approach such as described in the RMTP [28]
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¥ I in which receivers are also grouped into a hierarchy of local regions. However, in our
approach, there are no designated receivers: all receivers send their feedback to their associated

aggregator.

The root of the aggregator tree hierarchy (called the Manager) is based at the sender and
receives the overall summary reports. The maximal allowed height of the hierarchical tree is set
to 3 as recommended in [29]. In our approach, the overall summary report is a classification
containing the number of receivers in each class and the mean behaviour of the class. The
mechanism of aggregation is described in section 5.2.

In our experiments, aggregators are manually set up within the network. However, if extra
router functionalities are available, several approaches can be used to automatically launch ag-
gregators within the network. For example, we can implement the aggregator function using a
custom concast mﬂl Concast addresses are the opposite of multicast addresses, i.e. t.hey repre-
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sent groups of senders instead of groups of receivers. So, a concast datagram contains a multicast

orann antiren addrace and 11mmiract doctinatinn addroca f}\ a11ieh a arhoama all racaivare cond
6 Uul} ouUuLuvy u)uul\.,oo (J)J.L\.L (J) ULLIUOW U ULPDuU111iAivlivll UL voo. VV 1vlil SUuuvliL @ D\./J.l\.zlll\./, il 1Lvuvvuv1lvuUlo ouvliiu
their RRs feedback packets using the RTCP source g address and to the sender’s unicast
address, and only one aggregated packet is delivered to the s ‘11der. The custom concast signaling

interface allows the application to provide the network he description of the merging algorithm
function.

5.2 Clustering mechanism

The clustering mechanism is aimed toward taking advantage of the spatial and temporal corre-
lation between receiver state of reception. Spatial correlation means that there is redundancy
between reception behavior of neighbor receivers. This redundancy can be removed by compres-
sion methods. This largely reduce the amount of data required for representing feedback data
sent by receivers. The compression is achieved by clustering similar (by a predefined similar-
ity measure) reception behaviors into homogeneous classes. In this case, the clustering can be
v1ewed as a vector quantlzatlon [31] that construct a compact representation of the receivers as
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regulation, only a classification of receivers i fﬁc1ent to apply adaptatlon decisions.

The clustering mechanism can also Ldke advantage from time redundancy. For this purpose,
classification of receivers should integrate the recent history of receivers as well as the actual
receiver reports. Different reception states experienced by receivers during past periods, are
treated as reports of different and heterogeneous receivers. By this way temporal variation of
the quality of a receiver reception are integrated in the classification. A receiver that observes
temporal variation may change its class during time.

In a stationary context, the classification would converge to a stable distribution. This
stationary distribution will be a function of the spatial as well as the temporal dependencies.
However, since over large time scales, the stationary hypothesis cannot be always validated, a
procedure should be added to track variation of the multicast channel and adapt the classificatio

to it. This procedure can follow a classical exponential weighting that drive the clustermg

woichtine mochanigm

iam to 'Fnrn“af ‘)}'\n“f ‘F‘)‘V’ naat +1 tha woio 0O
vO 101ge pasv v velgniing mecnanism, tne weignt o

mechan
clusters is multiplied by a factor (v < 1) at the end of each reporting round, and clusters with
weight below a threshold are remov

Before describing the classification algorithm, several concepts should be introduced. First,
we should choose the discriminative characteristic and the similarity (or dissimilarity) measure

needed to detect similar reception behavior.

|
ed.
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In the system presented in this paper, we have considered two pairs of discriminative variables:
the first one constituted of the loss rate and the goodput (cf section 4.1) and the second constituted
of the loss rate and a TCP-compatible bandwidth share measure (cf section 4.2). Both loss rate
and bandwidth characterlstlcs (goodput or TCP compatible) are clearly relevant not only as

z and y (d(z,y)) and between an observed report z and a cluster C (d
ity measure can stand for the simple LP distance (d(z,y) = ¢/ ;(#; — yz) )
more sophisticated distance suitable to a particular ap};)lication. The retained similarity measure
used in this work is given by d(z,y) = max; % where di; is a chosen threshold for the
dimension ¢. The latter similarity measure is more difficult to apprehend. The simplest way is
to choose in each cluster a representative Z¢ and to assign the distance d(z,Z¢) to the distance
between the point and the cluster (d(z, C) = d(z, Z¢)). We can also define the distance to cluster
as the distance to the nearest or the furthest point of the cluster (d(x,C) = minyec d(z,y) or
d(z,C) = maxyec d(z,y)). The distance can also be a likelihood derived over a model mixture
approach. The type of measure used will impact over the shape of the cluster and over the
classification.

2

= 2
Dekiod

Each cluster is represented by a representative point and a weight. The representative point can
be seen as a vector the components of which are given by the discriminative variables considered

in the ch qurrmr process.

The lustermg algorithm is 1n1t1a11zed with a maximal number of classes (Nmax) and a clus-
i s regularly receive RTCP reports i
and/or other aggregation agents in thelr coverage area as described in section 5.1. To classify the
receiver reports in the different clusters we use a very simple Nearest Neighbor (NN) k-means
clustering algorithm (see pseudo-code shown in Fig. 2). Even if this algorithm might be sub-
ject to largely reported deficiencies as false clustering, dependences to the order of presentation
of samples and non-optimality which has lead researchers to develop more complex clustering
mechanism as mixture modelling, we believe that this rather simple algorithm attain the goals
of our approach which is to filter out receiver reports to a compact classification in a distributed,
an asynchronous way. A new report joins the cluster that has the lowest Euclidean (L?) distance
to it, and updates the cluster representative by a weighted average of the points in the cluster.
When a new point joins a cluster, it changes slightly the representative point which is defined
as the cluster center and 11nda‘req the weicrh‘r of the cluster; afterwards the point is dropped to

achieve compression. If this minimal distance is more than a predeﬁned threshold, a new cluster

i eroatod Thig o cizo of the ecluactor UVn alan 1100 al niimhbor of cliictorg
1o \JL\J(‘JU\JU A 1o v ULiuo viliv Ol4av Ul uvlilv viuouvul . alouyvu uouv (b 111(&1\.1111(}41 1l1uUulillgvlr Ul viuouvulro \UJ.
classes) which is fixed to 5, as it is not realistic to have more layers in such a layered multicast

SCIIBIIIB.

At the end of each reporting round, the resulting classification is sent back to the higher
level aggregation agent (i.e. the manager) in form of a vector of clusters representatives and of
their associated weights and clusters are reset to a null weight. Clusters received by different

10
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if (d(r,C) > dyn)
if (Number of existing cluster < Npax)
Add a new cluster Chew and set C' = Chew
Recalculate representative of cluster C,
o weight(C)dat
J;C’ - wet, t(C)+
ylbb\\/ -,

1
1

)
Increment the weight of cluster C

Figure 2: NN clustering algorithm.

At the higher level of the aggregators hierarchy, the clustering generated by aggregating lower
level aggregator reports is renewed at the beginning of each reporting round.

v =memory weight
At the beginning each reporting round
for all clusters C
% Weight the current normalized cluster by
weight(C) = weight(C) x vy
if weight(C) < Wmin
Remove cluster C
Aggregate new normalized reports
Send aggregate reports to the sender

Figure 3: Aggregation algorithm at highest level with memory weighting.

As explained before, the classification of receivers should also integrate the recent history of
receivers. This memory is introduced into the clustering process by using the cluster obtained
during past reporting round as an a priori in the highest level of the aggregator hierarchy.

Nevertheless, since, over large time scales, the stationary hypothesis cannot be always vali-

must }'\a Qr]r]nr] to ensure l']nal- we 'Fnrrrnl- Q}'\(\Tﬂ' 'FQY- nacat time reports. to not
mus’y Ppasty vime reporys, 16 noy

iy
bias the cluster representative by out-of-date reports ThlS is handled by an exponential weight-
ing heuristic: at each reporting round the weight of a cluster is reduced by a constant factor \bcc
Fig. 3). If the weight of a cluster falls below a cluster suppression threshold level, the cluster is

removed.

5.2.4 Cluster management

The clustering algorithm implements three mechanisms to manage the number of clusters: a
cluster addition, a cluster removal and a cluster merge mechanisms. The cluster addition and

11
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of possible reception behaviors. The cluster merging mechanism merges two clusters that have
a distance lower than a quarter of the cluster creation threshold (dy,). The distance between
the two clusters is defined as the weighted distance of the cluster representatives. The merging
threshold is chosen based on the heuristic that: 1) dy, defines the fair diameter of a cluster and
2) two clusters that are distant by < dip may create by merging a cluster of diameter smaller than
dgp. The cluster merging mechamsm replaces the two clusters with a new cluster represented by
a weighted average of the two cluster representatives and a weight corresponding to the sum of
the two clusters.

The combination of these three mechanisms of cluster mana,

O , creates ery
and reactive representatlon of the reception behaviour observed during the ltlcast session.

=
:‘

e feedback channel created by the clustering mechanism offers periodically to the :

1nf0rmatlo about the network state. More ec1se1y, this mechanism delivers a loss rate, a

handwith limit and the nimhber of recei
bandwith limit and the T O IeCe

exploited to optimize the number of sourc

o ~ada sl L1

UUD l;llt: uu:ula auu [‘EJ\_/ J.d)l;ti CO1ntroL a,lgu'fltu (1

yers the codmg mode the rate and th lev
pluwu,luu of each 1a,ycl This section fi CT'1 1
that takes into account both the network state and the source rate-distortion characteristics. The
Fine Grain Scalable (FGS) video source encoding system used and the structure of the streaming
server considered are then described.

w0

6.1 Media and FEC rate-distortion optimization

We consider in addition the usage of forward error correction. In the context of transmission on
the Internet, error detection is generally provided by the lower layer protocols. Therefore, the
upper layers have to deal mainly with erasures, or missing packets. The exact position of missing
data being known, a good correction capacity can be obtained by systematic MDS codes [32].
An (nk) MDS - Maximal Distance Separable - code takes k data packets and nrndm‘@q n—=k

redundant data packets. The MDS property allows to recover up to n — k losses in a group of n

nackota activa lnce nrohahility P .. (L) Aof an MNQ ~ada aftar channal dacadine ic oiven
t}w\zl\\z\!ﬂt UJ.].\/ \/J.L\J\J\JI.V\J AUIOO PLUU(NUJ.J.J.\JJ £z ejf \’ll, UL Quil lviaiswJd \JU\A\/, AuLuuUl uvliduiiiivli \L\J\JU\ALJJB, 1o BIV\JJ.].
by
/1 4 \
n—1 n—1—

Py =p (S (") i py ) )

V=R /
where P, is the average loss probability on the channel. One guestion to be solved is then, given
the effective loss probability, how to split in an optimal way the available b ndwidth for each
lavor ]'\et veen raw and vedundaﬂu data m ;S amounts to ﬁnd;nn‘ the level of nrotection (or the
17T 1G T naan O £ moun anaing e 1€vel 01 proveciion (or e

The rate for both raw data and FEC (or equivalently the parameter k/n) are optimized
jointly as follows. For a maximum number of layers L supported by the source, the number of
layers, their rate and level of protection are chosen in order to maximize the overall PSNR (Peak
Signal to Noise Ratio) seen by all the receivers. Note that the rates are chosen in the set of N

12
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(..., Q) =arg_max G, (6)
(21,50-,8)
Where €2; = (1, %%),i = 1,...,1 with r; representing the cumulated source and channel rate and

i the level of protection for each layer i. The quality measure G to be maximized is defined as

N !
G=35" /V‘PSNRfQ‘P \ C (7)
—L\L (844) eﬂ'j,i}'] ()
7j=1 \i=1

where [ = arg max iz ri < R; } (8)

The terms R; and C; represent respectively the requested rate and the number of receivers in
the cluster j. The term PSNR(€2;) denotes the PSNR increase associated with the reception of
the layer i. Note that the PSNR corresponding to a given layer ¢ depends on the lower layers.
The term Pegy,, denotes the probability, for receivers of cluster j, that the ¢ layers are correctly
decoded and can be expressed as
7

P, =11 (1 — Defy; (@)
Jsi e LN

; (9)

N——

ol

where pegy; , is the effective loss probability observed by all the receivers of the cluster j receiving

+tha L idoarad laxr Mha valiing PAN (O). +a ohtainad by ogti mnunm +tha vrata_digtarts
LviLT v bUllDlLlCJ.CLl 1(1))’CLD J_llC vcuuco 1 ULVL\,\\JD/L} (l)LC UUUO)lllCu U)’ ToulL a111115 L1l J.(l)UC'\JJDUUL UlUll

D(R) performances of the source encoder on a training set of sequences. The model can then be
refined on a given sequence during the encoding process, if the coding is performed in real-time,
or stored on the server in the case of streaming applications.

The upper complexity bound, in the case of an exhaustive search, is given by ﬁ where
L is the maximum number of layers and N the number of clusters. However, this complexity can
be significantly reduced by first sorting the rates R; requested by the different clusters. Once
the rates R; have been sorted, the constraint given by Eq.(8) allows to limit the search space
of the possible combinations of rate r; per layer. Hence, the complexity of an exhaustive search
within the resulting set of possible values remains tractable. For large values of L and N, the
complexity can be further reduced by using dynamic programming algorithm [33].

Notice that here we have not considered the use of hierarchical FEC. The FEC used here (i.e.
MNNQA ~ndn ad ~h ravad conaratalty NDnlsr +hain natng b, /oa are anrntimiigad i0intl<r
viirJo quUD} are a;ppucu 011 €acii lda.yUlULl sCpalauicly. \Ullly bllUll Lauvcd h/z/ It Al UPULLLIZTU JULLILLY.

The algorithm could be extended by using layered FEC as described in [34].

6.2 Fine Grain Scalable source

The layers are generated by an MPEG-4 Fine Granular Scalability (FGS) encoder [8, 9]. FGS
has been introduced in order to cope with the adaptation of source rates to varying network
bandwidth in the case of streaming applications with pre-encoded streams. Indeed, even if
classical scalable (i.e. SNR, spatial, temporal) coding schemes provide elements of response to
the problem of rate adaptation to network bandwidth, those approaches suffer from limitations in

13



Fine Granular Scalable Enhancement Layer

%/ // 7 %/ // / %/ // /

B
L |

Prediction—based video Base Layer

Figure 4: FGS video coding scalable structure.

terms of adaptation granularity. The structure of the FGS method is depicted in Fig. 4. The base
layer is encoded at a rate denoted Rpr, using a hybrid approach based on a motion compensated
temporal prediction followed by a DCT-based compression scheme. The enhancement layer
is encoded in a progressive manner up to a maximum bit-rate denoted Rpy. The resulting
bitstream is progressive and can be truncated at any points, at the time of transmission, in order

to meet varvine bandwidth reagunirementgs The truncation 10 rrnvﬂrnnr] }\v f]na rafa_rhe ortion
meey varying panawl

Uuil 10Y UL TLLTIIuS. 4 11T vl ulniLaviUiln sY LauvC-ULS u\u. viUii

optimization described above, considering the rate-distortion characterlstlcs of the source. The
encoder COommnpresses the comtent uSI‘ﬂg any desired range of bandwidth | Lﬂmm — RBLaRmaa:]~

Therefore, the same compressed streams can be used for both unicast and multicast applications.

6.3 Multicast FGS streaming server

R aggregated feedback
Multi—-Layer
Rate Controller

{k;/m,...k /n}
(optimization) — B

{rpeony, ) l FEC

Storage | /\/'\
< >
D I

BL et )
descriptor rGs Rdl
Packetization

— (.onln)ller ! r Network \

EL Transmission
1
descriptor,
—
T

NS

Figure 5: Multicast FGS streaming server.

The experiments reported in this paper are done assuming an FGS streaming server. Fig. 5
shows the internal structure of the multicast streaming system considered including the layered
rate controller and the FEC module. For each video sequence pre-stored on the server, we have
two separate bitstreams (i.e. one for BL and one for EL) coupled with its respective descriptors.
These descriptors contain various informations about the structure of the streams. Hence, it

contains the nﬂ‘cof (n’\ ]'\vfoa\ n'F f]m:- }\on'nnnnnn' n\c D‘)f‘]’\ frame wi f]nin the hitetre
convains (tne nnng ch frame within the bitstre

) g .
The descriptor of the base layer contams also the offset of the begining of a slice (or video packet)
as t i t

of an im 1age. The LUIUPOSItIOT ti imnestamp \\Jlo ) of each frame used as the presentation time a
the decoder side is also contained in the descriptor.
Upon receiving a new list (g, 71, ..., ) of rate constraints, the FGS rate controller computes

a new bit budget per frame (for each expected layer) taking into account the frame rate of the

14
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i rce. Then, at the time of transmission, the FGS rate controller partitions the FGS
enhancement layer into a corresponding number of “sub_layers”. Each layer is then sent to a
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Ullltﬂltﬂllb JJ." IIIUILI dbb glULlp l‘{Ul;lbU l;[chl; ltlgd)l 1E€SS Ol uIle u €I 0L I'UO CILIaIICCIIICIIL 1aYCLS
that the client subscribes to, the decoder has to decode only one enhancement layer (i.e. the

“sub_layers” of the enhancement layer merge at the decoder si de)

6.4 Rate control signalling

In addition to the value of the RTT computed for the Probe-RTT packets, the RTCP sender
reports periodically sent include information about the sent layers i.e., their number, their rate)
and their level of protection, according to the following syntax:

Py ATT . ~:n Q1L £ 131 __ 1. 1. . 11l . .1 . € b o T

® [VIs . all O DILS LIC1d WILICIL Z1VES LIIC IIUILIIDED O1 CIAIICCIIICIIL 1ayeLs

e BL : a 16 bits field which gives the rate of the base layer.

o KL;: aset of 16 bits fields which give the rate of the enhancement layer i,7 € 1,...,NL
a a ant AFQ Lo £A1 A0 ~nacratriny wadtn ~AF L A MDA A QT o a T n sicnd Facn b A b a3
® vy a S€{ O1 O DitS 1ie1as bUl.lVUy 1115 bl rate O1 T1€ Ieel-0010111011 COUe usSea 101 i€ PlUbUbblUll

of layer i, €0,...,NL !
7 Experimental results

The performance of the SARC algorithm has been evaluated considering various sets of discrim-
inative clustering variables using the N.S 2 version 2.166 network simulator.

7.1 Analysis of fairness

Q ®
~ "\ A

. °
g /()\l;er rost/e\ o
. °

Senders Receivers

Figure 6: Simulation Topology (bottleneck).

The first set of experiments aimed at analyzing the fairness of the flows produced against
conformant TCP flows. Fairness has been analyzed using the single bottleneck topology shown

in Fig. 6, where a number of sending nodes are connected to as many receiving nodes via a
common hn]z nrith a hottleneck r rate o n'F Q ]\/n\ /e nnﬂ rln]nv n'F r\ﬂme 'T‘hn vldeo ﬂoxvxre controlled

11 & JUuiTiiCun VS controlied

r
=
Z
1
.
)
ir)
)

by the above algorlthm are competmg w1th 15 TCP conformant flows. Fig. 7-(a) depicts the
3 24l 4 4+
’ J ULIL U U

PR | (A Vr an et measure a P I
LIO1ICU Wl 11€ Jou (,LPU/I/ 111€dadulc 4l O

'Here we consider Reed-Solomon codes of rates k/n. The value of n is fixed at the beginning of the session and
only the parameter k is adapted dynamically during the session. However, we could also easily consider to adapt
the parameter n, therefore the syntax of the SR packet would have to be extended accordingly.

15



15 'T‘CD OWS Fio 7-(h) da r-h:v tho throniochniite nhtainad whon 11cine the TOP_camnatihla rato
15 TCP flows. Fig. 7-(b) depicts the throughputs cbtained when using the TCP-compatible rate
equation. As expected, the ﬂow regulated with the goodput measure does not i i

1L MM A_____ (€ T 7 [\ PO i Lo .- b a1 11 o1
Le 1Luvur IHOWS \(,,J.. rig. (- \ )) J.Il plUbUIlLtﬂ U TOSS-trairic lllgll rate, vne esvimatea pana
decreases regularly to reach the lower bound Rmm that has been set to 256 Kb/s. The average
thoughput of the flow regulated with the TCP-compatible measure matches closely the average

TCP throughput with a smoother rate (cf. Fig. 7-(b)).

goodput-based ——— i i ’ i ’ i "TCPF-multi —
| TCP1 TCP1
1200 F | { ) TCP2 o 1200 TCP2, !

Throughput (Kb/s)
Throughput (Kb/s)

o . . . . . . . . ° . . . . . . . .
20 40 60 80 100 120 140 160 180 200 20 40 60 80 100 120 140 160 180 200
Time (s) Time (s)

(a) (b)

Figure 7: Respective throughputs of two TCP flows and of one rate controlled flow with (a) a
measure of goodput; (b) the TCP-compatible measure.

7.2 Loss rate and PSNR performances

oY

LAN 4 LAN 1
384 Kbps 512 Kbps
AA4
L Al

AA3

W 256 Kbps 768 Kbps q)
LAN 3 LAN2
— 1/ PRV

Aggregator (O Client /\TCP Cross traffic [ ] Cross traffic (192 Kbps)

90uru,
10 Mbps

Figure 8: Simulated topology.

The second set of experiments aimed at measuring the PSNR and loss rate performances of
the rate control mechanism, with the two measures (goodput, TCP-compatible measure), without
and with the presence of FEC. We have considered the multicast topology shown in Fig. 8. The
periodicity of the feedback rounds is set to be equal to the maximum RTT value of the set of
receivers. The sequence used in the experiments, called ”Brest” 2, has a duration of 300s (25 Hz,
6700 frames). The rate-distortion characteristics of the FGS source is depicted in Fig. 9. The
experiments depicted here are realized with the MoMuSys MPEG-4 version 2 video codec [9].

2courtesy of Thomson Multimedia R&D France
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MPEG-4 FGS (with a Base Layer coded at 256kbps)
MPEG-4 verswm -------

33

32 L / |

31 F ,,/ / 4
30 - / 4

29

FSNR (dB)

28 1 1 1 1 1 1 1 1 1
100 200 300 400 500 600 700 800 900 1000 1100

Rate (kbits/s)

Figure 9: Rate-distortion model of the FGS video source.

. .
actino ecoenario
esiing scenarig

Given the topology of the multicast tree, we have considered a source representation on three
layers, each layer being transmitted to an IP-multicast address. The base layer is encoded at a
constant bit rate of 256kb/s. The overall rate (base layer plus two enhancement layers) ranges

from 256 Kbit/s up to 1Mb/s. At t = 0 each client subscribes to the three layers with respective
initial rates of Rpr, = ‘)Rﬁkk/e Rpri= 10“14‘})/@ and Rpro = 0kb/s. nnrlno‘ the qpqqlnn the video

vvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvvv

stream has to compete w1th pomt—to—pomt UDP cross-traffic with a constant bit rate of 192kb/s
and with TCP flow. These competing flows contribute to a decrease of the links bottleneck. The
activation of the cross-traffic between clients represented by “squares” on Fig. 8, in the time
interval [100s, 200s], limits the bottleneck of the corresponding link (i.e. LAN 1’s client) down to
320kb/s. Similarly, competing TCP traffic is generated between clients denoted by “triangles”
in the interval [140s, 240s] leading to a bottleneck rate of the link (i.e. LAN 4’s clients) down to
192kb/s during the corresponding time interval.

The first test aimed at showing the benefits for the quality perceived by the receivers of an
overall measure that would also take into account the source characteristics (and in particular
the rate-distortion characteristics) versus a simple optimization of the overall goodput. Thus, we
compare our results with the SAMM algorithm proposed in [3]. The corresponding mechanism
is called SAMM-like in the sequel.

Our algorithm relying on the rate-distortion optimization ha;

tively the goodput and the TCP compatible measures, in order

MOP_rnmnatihla rata contral +hig lavarad Hicaat +v iqqinn quatom  Tn
4 vl 'bUJJllJCIJlJlUlC LClJlJC vuliviul 111 lJJJlD 10)JCLCU JJlqu;lL,Cl«Dl; ULO}llDJJJJD 1U11 D)’ ouLllll. 1L

approaches are respectively called GB-SARC (Goodput-Based Source Adaptive Rate Control)
and TCPF-SARC (TCP-Friendly Source Adaptive Rate Control). The constant K is set to 4 in
the experiments. In addition, in order to evaluate the impact of the FEC we have considered
the TCP-compatible bandwidth estimation both without and with FEC (TCPF-SARC+FEC)
for protecting the base layer. When FEC is not applied, the k; parameter of each layer is set to
n (i.e. 10 in the experiments).

) PU
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Fig. 10 and 11 show the results obtained with the SAMM-like algorithm. It can be seen that
the SAMM-like approach does not permit an efficient usage of the bandwidth. For example, the
LAN 2’s client (with a link with a bottleneck rate of 768 kb/s) has not received more than 300

kb/s on its link. Similar obervations can be done with the receivers of the other LANs. Notice
also that if the rate had not been lower bounded hv an R,,;, value, the nnndnan‘ of the different

O Uil [SAVAVE LU Lwi0 Qi Ly

receivers would have converged to a very small value In addltlon to the hlghly suboptlmal usage

A handa A4l tha anveaan 1. 1 ana Fon a wvoryv 1inat
O1 U(];J.llelLllJl.l, lJJ.lU appluacii SUILETS IIroill a VeLy ulisy

unsubscriptions to multicast groups.
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Figure 10: Rate variations for each layer of the FGS video source with the SAMM-like approach.
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Figure 11: SAMM-like throughput vs real goodput measure, Loss rate and Subscription level
obtained for (a) a LAN 2’s client (link 768kb/s), (b) a LAN 4’s client (link 384kb/s).
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methods. Fig. 13, 15 and 17 depict tt
the real measures of goodput, the loss rate, the number of layers receive
observed for two representative clients (i.e. LAN 2 with a bottleneck rate o
4 with a bottleneck rate of 384K0b/s).

Fig. 12 and 13, with the GB-SARC agorithm, show that the rate control taking into ac-
count the PSNR (or rate-distortion ) characteristics of the source leads to a better bandwidth
utilization that the SAMM-like approach. In addition, the throughput estimated follows closely
the bottleneck rates of the different links. Moreover, the number of irrelevant subscriptions and
unsubscriptions to multicast groups is strongly reduced. However, the loss rates observed remain
high. For example, the LAN 4’s client observe an average loss rate of 30% between 240s and

300s. This is due to the fact that during this time interval the receiver of LAN 1 (bottleneck rate
n\c "'\121(‘;‘./ \ ]naa ansﬁrﬂ'\or] to fl’\o 'F;raf onhahnomonf T Qvor (F‘T 1\ hohno fl’\o rate of thig ]avcnr- 18
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hlgher than the bottleneck rate of LAN 4’s clients. In thls case the GB-SARC algorithm does not
puuub a reliable bandwidth estimation for the LAN 4’s clients. As U)&pcbwu, the Quauby of the
received video suffers from the high loss rates and the obtained PSNR values are relatively low.
Finally, another important drawback is that during the corresponding period the rate constraints
given to the FGS video streaming server are very unstable (see Fig. 12).

With the TCPF-SARC algorithm (cf Fig. 14 and 15), the sending rates of the different
layers follows closely the variations of the bottleneck rates of the different links. This leads to
stable sessions with low loss rates and with a restricted number of irrelevant subscriptions and
unsubscriptions to multicast groups. The comparison of the PSNR curves in Fig. 15 reveals a gain
of at least 2db for LAN 2 with respect to LAN 4. This evidences the interest of such multilayered
rate control algorithm in a multicast heterogeneous environment. Notice that the peaks of
instantaneous loss rates observed result from a TCP-compatible prediction which occasionally

exceeds the bottleneck rate. A]Qn in F}g 15_(b) the lose rate observed over the time interval
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[140s, 2403] remains constant and relatively high. This comes from the fact that, in presence of
AAAAAAAA P s R AN (VYR ~l M P A A S AN MU PN Taszrar + 1o +hin ratan ~F +1 4
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base layer which in the particular case of an FGS source is maintained constant in average (e.g.
256K/ s).

The FEC permits to improve slightly the PSNR performances, especially for the receivers of
LAN4 (cf. Fig. 17-(b)). It can be seen on Fig. 16 that the usage of FEC however leads to a bit

more unstable behavior, i.e. to higher rate fluctuations of the different layers of the FGS source.

Rate (bits/s)

Figure 12: Rate variations for each layer of the FGS video source with the GB-SARC approach.
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Figure 13: GB-SARC throughput vs real goodput measure, Loss rate, Subscription level and
PSNR obtained for (a) a LAN 2’s client (link 768kb/s), (b) a LAN 4’s client (link 384kb/s).
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Figure 14: Rate variations for each layer of the FGS video source with the TCPF-SARC approach.
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PSNR obtained for (a) a LAN 2’s client (link 768kb/s), (b) a LAN 4’s client (link 384kb/s).
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Figure 16: Rate variations for each layer of the FGS video source with the TCPF-SARC approach
and additionnal FEC.
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8 Conclusion

In this paper, we have presented a new multicast multilayered congestion control protocol called
SARC (Source-channel Adaptive Rate Control). This algorithm relies on an FGS layered video
transmision system in which the number of layers, their rate, as well as their level of protection,
are adapted dynamically in order to optimize the end-to-end QoS of a multimedia multicast
session. A distributed clustering mechanism is used to classify receivers according to the packet

loss rate and the bandwidth estimated on the path leading to them. Experimentation results
show the ability of the mechanism to track fluctuation of the available bandwidth in the multicast
tree, and at the same time the capacity to handle fluctuating loss rates. We have shown also
that using loss I“te and TCP compatible measures as discris 11‘1ative Var‘aol’s in the clustering
mechanism leads to higher overall PSNR (hence QoS) performances than using the loss rate and

goodput measures.
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