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Abstract

In this paper, we present simulation results of our research
work in the area of multicast congestion control for video
applications. This work is based on our proposal [1, 2]
of the use of a new form of network support to multicast
congestion control.  Our approach is to bring together
simple, loosely-coupled, router mechanisms and adopt
them for the multicast case. We use a variant of the
Explicit Congestion Notification (ECN) mechanism to
notify the sender of a multicast session of potential network
congestion. We develop an end-to-end multicast system
using this congestion control scheme. This included the
development and tuning of an elaborate rate adaptation
algorithm that operates at the sender. We build this system
on top of a network that applies packet priority-dropping to
insure providing minimum video quality during persisteni
congestion. In particular, the work is targeted at the
IETF Assured Forwarding (AF) services networks, We
show that the synergy of these mechanisms deals with the
heterogeneity of receivers in a scalable manner and avoids
the major problems of earlier approaches. We believe that
this work is of great value to multicasting applications in
Juture QoS-aware networks.
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1 Network model

We start by briefly describing the network model we consid-
er for our work. The algorithm is targeted at real-time multi-
cast applications. These applications are assumed to operate
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in IP networks that support priority-dropping as a means of
providing different classes of services to its users. Priority-
dropping is the process of packet dropping during conges-
tion by the routers based on a priority level assigned to the
packet by its sender. Routers achieve that by employing ac-
tive queue management techniques that recognizes packet
priorities and enqueue, dequeue, and drop packets based on
this priority. Random Early Detection (RED) is a widely
used active queue management technique [3]. Our network
models assumes that routers support RED with In/Qut bits
(RIO) [4] for providing service differentiation. In our work,
we compare different options for selecting the queue man-
agement technigue. We will discuss that later. Our selection
of RIO makes the algorithm suitable for the proposed D-
iffserv Assured Forwarding (AF) service [5]. RIO queues
maintain a different set of parameters for each priority level
and treat each of these levels as a different virtual queue. We
also assume that routers can send messages upstream to the
sender with information about the router’s congestion status.

2 End-te-end architecture

We build an end-to-end architecture on top of the network
model we describe in Section 1. The results we present in
this letter are based on testing the algorithm in the context
of multicasting MPEG4 encoded real-time video. We send
MPEG4 packets as one multicast group. These packets are
marked with different priority levels by the rate adaptation
algorithm at the sender. The algorithm decides how much
is the total sending rate and the percentage of the packets
marked with each priority level. These decisions are based
on the congestion status reported to the sender by the dif-
ferent routers in the network. The algorithm tries to always
match the rate for the high priority (most important) packets
with the capacity of the slowest receiver. At lower priority
levels, rates can be higher than receivers capacities as the
packets will be dropped by the routers when they are not
needed.



3 The rate adaptation algorithm

3.1 'The rate adaptation equation

Assume that MPEG4 traffic is generated at the source and
divided into I, layers marked with I different priorities.!
Also we assume that this is the number of different priori-
ties {and hence virtual queues) that RIO can recognize at the
routers. Let 7;(¢), 1 < i < L, be the rate (in packet/sec) of
layer ¢ at the source at time ¢. We also consider

Pi(t) = PMoz(3) 4 pSend(y) pMinioz 4y

where P;(t) is the probability that virtual queue ¢ will gen-
erate a feedback message at time ¢, and at time

P’_Mﬂr(t) = Prob{QueueSize(i) > maz}
pMinMaz (1) = Prob{min < QueueSize(i) < maz}
PSerd() Prob{Send feedback message

| min < QueueSize(i) < maz}

We derived P;(t) from the specification of Backward ECN
(BECN) [6]. Considering the changes from old to new val-
ues of R;{t), and P;(f) in a small interval Af, we use the
following equation to update the rate R;(t):
R™Y = Ri™ (1 —AR), 0<a;<1l (1)
where
APi — P'_new _ RDM

The rationale behind using this equation is to be always
changing R;(¢) in the opposite direction of change of P;(¢)
with a step «;.

We change a; to control how much R;(t) changes in re-
action to changing network conditions. |AF;| can assume
values between 0 and 1. At these extreme values, changes
in XP*** can be either very high (100%) or no change at al-
1 (0%). We select o; = Cj+/|AF;| where C; is constant
at layer ¢. This sets the maximum rate change to C;. The
choice of square root function was motivated by our design
goal of being able to react to very small changes of network
conditions (|AFP;| < 0.1) as the square root of these small
values is greater than the actual value (/T > z; |z| < 1).
This helps to react to congestion while it is developing.
Through simulations, we found that operating with values
of C; ranging from 0.05 to 0.25 keeps the system stable. A
value of 0.1 at the high priority layer gave the best perfor-
mance based on the criteria of 1) minimum packet loss ratio
in the high priority layer and 2} matching of the source’s rate
to receivers’bandwidth capacities.

1'We use the term layers to describe the different priority levels of pack-
ets but we still send all of them in one multicast stream
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Equation (1) is subject to the constraints:

R;nin < Rl' < R;’nuz
Rmin < Zle R < R™o=

The values of R}"”"‘, RIox, R™in and Rmes depend on the
limitations imposed by the video encoder and on the outgo-
ing link speed.

3.2 Round-Trip Time (RTT)

Routers send feedback messages to the sender with values
of P*** that indicate the congestion status of the routers.
The sender will evaluate the feedback from all routers every
At and decide on a new rate B¢, The value of At will
depend of the sender’s estimation of the Round-Trip Time
{RTT) from the routers that send the feedback information.
We select the RTT value that corresponds to the router that
has the worst situation at the high priority layer. Tha is the
router with M ax(P***) in its feedback message.

3.3 Feedback suppression

The value of P;(#) will be estimated by routers and sent back
to the sender, To reduce feedback, routers will send feed-
back messages with a probability instead of sending a feed-
back message for every packet that causes a problem. From
simulations, sending 2% to 5% of the feedback messages
kept feedback volume reasonable and in the same time kept
the sender responsive to changes in network conditions.

3.4 Calculation of probabilities

The quantities P2 (¢) and PM*»M02 (t) are calculated us-
ing real-time measurements from the network rather than
being based on an analytical model. The reason for this is
that in the general case where ail kinds of traffic flows are
coming into the routers queues, it is very hard to assume a
certain model for the input traffic.

‘We bias the probability estimation by giving more weight
to newer values to make the estimate a better representative
of the current state of the network, We observe the probabil-
ity at each virtual queue ¢ in k subsequent intervals and give
them different weights w;, 1 < ¢ < k. To calculate P;(t)
(whether P22 (¢} or PMinM32 (1)) at the end of an interval
m we use: N
2 =1 Py

;=1 wj

Pi(m) = )]

The cheice of a value for £ is important. Large value of
% will result in a smooth estimation of P;{m). In the same
time, values of w; should give more weight to more recent



measurements so that P; () reflects sudden changes in net-
work conditions. P7¢™4(t) is calculated using the method
in [3]. It depends on the average queue size and on the RIO
parameters.

3.5 The algorithm

REPEAT every RTT
REPEAT for every layer i
If Nofeedback
increase R; by 1%
else If (AP; > 0)
reduce R; using Eqn. (1)
else If (AP; < G}
If (i NOT highest priority layer)
increase R; using Eqn. (1)
else If (AP; = 0)
IfP; > 0.9
reduce R; by 3%
END REPEAT for every layer i
END REPEAT every RT'T

3.6 Changing the equation parameters

The value of P*** will be changed every At¢. There are
different criteria that we consider for changing these values:

1. At the highest priority layer, take the maximum. In this
case, we set the value of P**" to the maximum value
received during A#, This will results in accommoda-
tion of the router will the worst congestion situation.
This is done subject to the constraint 2; (£) > R/™" to
avoid the problem where a slow portion of the receivers
drag the sending rate down dramatically?,

. At lower priority layers, take the minimum In this case,
we set the value of P**" to the minimum value re-
ceived during At. This results in maximizing R;(¢t) at
layer ¢ subject to B;{¢) < RT**. The reason behind
this is to let receivers with extra available bandwidth u-
tilize their links. Slow receivers will have these packets
dropped by their routers.

4 Simulation

We carried out simulations using ns-2 [7]. We simulated the
topologies in Fig. 1 with two priority levels. The results we
show are for simulations that are 300 seconds long. We use
the decoupled version of RIO where the average length of

This is known as the “drop to zero” problem,
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Figure 1: Topology of the bandwidth adaptation test

each virtual queue is based on the number of packets be-
longing to this queue (and hence its priority level). We use
C; = 0.1 for both priority levels (i = 1, 2).

In this experiment, we test how the rate adaptation algo-
rithm adapts to changing network condition which in this
case is the changing receiver membership of a multicast ses-
sion. The topology of Fig. 1 is used to run the following
scenario. R1 and R2 join the MPEG4 multicast session that
is conducted by the Muiticast Source. After a 100 second-
s, R3 joins the session, and after 200 seconds, R4 joins the
session as well. The bandwidth of each link is as shown in
the figure.

Fig. 2 shows the throughput of each receiver at each pri-
ority level as well as the total throughput. In the interval
[0,100), R1 and R2 receive between 250Kbps and 300Kbps
of high prierity to accommodate R1 and R2 gets the resi of
its 400Kbps (a little more than 100Kbps) in lower priority.
Both R3 and R4 get nothing until R3 joins the session after
100 seconds which lowers the rate at the high priority to an
average of 170Kbps to accommodate R3. Both R1 and R2
still utilize their bandwidth with more of the lower priority
traffic. After 200 seconds, R4 joins the session, and again
the sender adjusts the high priority rate to 80Kbps and al-
lows the other receivers more lower priority to fully utilize
their Jinks.

5 Conclusion

We have presented a rate adaptation algorithm for multicast
sources in priority-based networks. It is useful for Diffserv-
like 1P networks. It enables users with different bandwidth
capabilities to receive the same video multicast in different
qualities. This differentiation is based on encoding the video
into two levels of priorities. One important basic stream and
one (or more) enhancement stream(s). The algorithm tries to
match the rate for the important level with that of the slowest
receiver. The enhancement level is increased Lo enable other
receivers get better quality.



The limitation of this approach is that receivers should
at least have their bandwidth grater than 7" (minimum
rate at the high priority layer). We have presented a subset
of our results, for a comprehensive simulation study of this
approach the reader should refer to [8].
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Figure 2: Bandwidth adaptation to changing session mem-
bership
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