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This paper presents a combination of optimization concept and congestion control for multicast communications to
bring best benefit for the network. For different types of Internet services, there will be different utility functions and
so there will be different ways to choose on how to control the congestion, especially for real time multicast traffic.
Our proposed algorithm OMCC brings the first implementation experiment of utility-based Multicast Congestion
Control. Simulation results show that OMCC brings better network performances in multicast session throughput
while it still keeps a certain fairness of unicast and multicast sessions, and thus, provides better benefit for all

network participants.
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1. INTRODUCTION

The internet has witnessed an incredible growth that
bhas in turn encouraged the enrichment of new
techniques and services from dual sides of the network
and the unsers. Together with the advent of broadband,
wireless, and Web technologies, it is becoming simply
viable to implement large-scale heterogeneous

networks that can easily support content distribution,

video broadcasting, distributed data bases, distant
education, and teleconferencing. As part of the trend,
multicasting has become an enabling technology
because it saves time and bandwidth of the resources
in the network [1].

Despite the fact that multicast brings the benefit to the
network, especially to the service providers, it seems
not enable the network operators to implement
multicast for the reason of traffic congestion {[2].
Besides, there is still existence of unicast that shares
network resource with multicast [3].

The basic conflict in that case of congestion is this: It
is desirable to increase the use of multicast where
appropriate to reduce the overall bandwidth demand of
applications that transmit high bandwidth data to many
receivers, but the infroduction of multicast sessions
into the network must not deteriorate the performance
of existing unicast traffic [3, 4].

The remainder of this paper is organized as follows. In
part 2, two types of utility function are described.
Multicast congestion control is presented in part 3
together with a review of TCP-friendly Multicast
congestion control (TFMCC) which based on rate
control mechanism. Part 4 describes the new algorithm
combining utility concept and TFMCC named OMCC.
Simulation configurations and results of OMCC in the
internet communication are analyzed and summarized
in part 5. Part 6 ends this paper with conclusions.
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2. UTILITY FUNCTIONS

Utility function describes of what utility or usefulness
a particular transmission rate is to the user. Utility
function is a continuously differentiable, strictly
concave, increasing function in the interval (0, «) and
it is assumed that utility function U,(x,) is unbounded
asx, —> 0 [5].

2.1. Characteristics

Consider a network modeled as a set of directed links

with fixed but not, generally, equal capacities. The

work load for the network is generated by a set of

sessions. A session is described by the subset of

network links over which it transmits data and by a

variable transmission rate, denoted x. The aggregate

data rate on any link, then, is the sum of rates for all

sessions using that link [2].

¢ Utility function U(x) is to characterize a session;
U(x) presents the value of bandwidth to the session

e Two important properties of utility functions that
capture natural intuitions about session behavior

- Utility is an increasing function of transmission
rate because of the assumption that each session
would prefer as high a rate as possible.

- The utility function has decreasing marginal
returns, which models the idea that the value of a
small increase in transmission rate is high for a
session currently transmitting at a low rate, but
decreases as the session’s rate increases.

e Two widely used utility functions in congestion

control models [3}:

- Logarithmic utility U(x ) =logx (1
- TCP(Transmission Control Protocol) utility [5):
1
U (x) =~
x (2)



Figure 1 shows two utility functions for quite different
applications: Voice over [P and File Transfer Protocol.
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Fig. 1: Utility functions [5].

o The utility function for a voice over IP application is

: I

described by curve ~ ¥o/P ( ) For uncompressed
voice, acceptable voice quality requires a
transmission rate of about 64 kbit/s to transmit an 8

kHz 8 bit signal. It is possible to cope with a little

less quality than this, but as Figure 1 shows:

- The utility of transmitting voice at less than 64
kbit/s reduces sharply as the transmission rate is
decreased.

- The quality of voice does not increase much if the
transmission rate is increased beyond 64 kbit/s, so
the utility function remains almost flat above 64
kbit/s, indicating that only little utility is gained by
transmitting faster than 64 kbit/s.

2.2. Sender- and Receiver-Oriented Utility
Functions

The concepts of sender- and receiver-oriented utility
functions have been suggested in [3]. In the paper, a
single-rate multicast session s with rate x and receiver
set R with size R has been considered.

In the sender-oriented approach, session utility
function is a concave increasing function us of the
session rate:

Usnd = us(x) (3)
In the receiver-oriented approach, each receiver

TER pa5 2 utility function Ui (x) , which 1s concave
and increasing. The session utility function is the sum
of recerver utilities.
Urcv = Z ui (x)
ien 4)

Then, conversion of the definitions can be
implemented by introducing two requirements.

e The first requirement is that all receivers in a session

have identical utility functions.

ui(x)=ur(s) ViefR (5)
The utility functions are typically thought as

representing  application  characteristics  and
sometimes as being imposed by network
mechanisms.
1
u(x)= -1
Take X to model TCP-style congestion

as in [6]. To the extent that receivers within a
session share the same application requirements, it

is also reasonable to assume they share a ulity
function. So, this is natural assumption in the case
of single-rate multicast. -

e For sender-oriented equation, the number of
receivers is ignored by treating all sessions
equivalently. The receiver-oriented one reflects the
idea that multicast session utility is itself a social
welfare function [3], representing the aggregate
utility of the receiver set.

3. MULTICAST CONGESTION CONTROL

3.1. Congestion Control in the Internet

The increasing number of group communicaion
applications such as teleconference and distributed
content services has led to a great deal of interest in
the development of multicast transport protocols
layered on top of IP multicast. However, these new
transport protocols could cause congestion collaps: if
they are widely used but do not provide adequate

congestion control [7].

The success of the Internet relies on the fact that TCP

sessions respond to congestion by reducing their lnad

presented to the network. The congestion conol
component of a transport protocol has two main

objectives [8]:

e Avoid congestion collapse: A network congestion
collapse occurs when the network is increasing bisy,
but there is little effective work getting done. Three
scenarios that cause congestion collapse have been
identified:

- Unnecessarily-retransmitted packets

- Fragmentation

- Packets that are discarded before they reach their
receivers

e Achieve fairness with competing traffics: There are
two popular concepts of fairness. One is the max-
min fairness and another is global fairness. Under the
second concept of fairness, each entity has an equal
claim to the network’s scarce resources. For
example, an entity going through many congested
links is using more scarce resources than an entity
going though only one congested link.

3.2, Multicast Congestion Control

There are several multicast congestion control

protocols proposed recently. The approaches can se

classified into three categories: single rate, replicatzd

stream and layered [7, 9].

e Single rate (unirate) approach: Only one rate sent to
the whole group. So this is fixed rate for all receivers
(or destinations) in one multicast session.

o Replicated stream approach: Receiver will e
portioned into groups and each receiver joins oae
group, so receivers can receive the same amount of
service data at different rates.

e Layered approach: The data stream is organized in
an incremental way, and a receiver incrementally
joins higher groups according to its available
bandwidth. In this case, may be both data and rate o
each receiver are different with others.

Multirate approach is considered as the composition
of replicated stream and layer approaches. It has
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flexible rates for any receivers in a section according
to their bandwidths of processing capabilities [9]. It
is suitable for many services with dynamic users and
resources such as video and voice multicast in
teleconference, distance learning.
There are three key problems for multicast congestion
control as depicted in {7]: feedback implosion,
congestion indicator filtering and fairness. So, when
building an algorithm for multicast congestion control,
one should put all the three problems into
consideration.

3.3. Review of TFMCC

Single rate muliticast congestion control is considered
to the basic problem that all three above approaches
have to solve. So, the congestion control in [4] is
considered as the basic protocel to solve the problem
of multicast congestion control.

Figure 2 shows the busic multicast congestion control
mechanism of TFMCC.

Each receiver
feeds its
estimated rate

Sends on lowest
rate {chooses from
the feedback

Estimate or measure RTT,
p. and use Equation 6 to
estimate the rate

Fig. 2: General multicast congestion

control mechanism [4].

In [4], TCP-Friendly Multicast Congestion Control
(TFMCQC) is a single rate multicast congestion control
protocol desi,..ed to provide smooth rate change over
time. The proiocol extends the basic control
mechanisms of unicast congestion control in [8] into
the multicast domain, using the equation-based
methods.

Its fundamental idea is to have each receiver a control
equation (6) derived from the model of TCP’s long
term throughput [10] and use this to directly control
the sender’s transmission rate:

S
Tiep = 3 (6)
tarr| 22 +| 12,22 |1 +32p?)
3 8
where
Toop - expected throughput of a TCP flow,

calculated as a function of p
p : steady-state loss event rate (measured by
each TFMCC receiver)
trrr : the TCP round-trip time (estimated or
measured by each TFMCC receiver)
s the packet size (in bytes)
There are some main overview points of TFMCC
functionality as follows [11]:
e Each receiver measures the packet loss rate.
e The receiver measures or estimates the round-trip
time (RTT) to the sender.
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e The receiver uses the control Equation (6) to
calculate an acceptable transmission rate from the
measured loss rate and round-trip time.

 The receiver sends the calculated transmission rate to
the sender.

e A feedback suppression scheme is used to prevent
feedback implosion while ensuring that feedback
from the slowest receiver always reaches the sender.

o The sender adjusts the sending rate from the
feedback information.

In TFMCC, the receiver that the sender believes

currently has the lowest expected throughput of the

group is selected as the current limiting receiver

(CLR). The CLR is permitted to send continuous,

immediate feedback to the sender without any form of

suppression, so the sender can use the CLR’s feedback
to adjust the transmission rate (reduce or increase the
transmission rate to the feedback’s indicated rate).

This avoids the problem of lacking feedback

information when the slowest receiver’s feedback path

may be congested or lossy. In addition, any receiver
whose expected throughput is lower than the sender’s
current rate sends a feedback message, and to avoid
feedback implosion, biased feedback timers in favor of
receivers with lower rates are used [4].

a) Measuring the Loss Event Rate (p)

One critical detail of TFMCC which is very important
for the thesis is the method it uses to measure packet
loss. In TFMCC, a receiver aggregates the packet
losses into loss events, defined as one or more packets
lost during a round-trip time. The numbers of packets
between consecutive loss events is called a loss
interval. The average loss interval size (Equation 6)
can be computed as the weighted average of the m
most recent loss intervals I,..., I+

m-1
z wili;
i=0
g (k) = =2 ™
W
i=0
The weights w; are chosen so that very recent loss
intervals receive the same high weights, while the
weights gradually decrease to zero for older loss
intervals. Large values for m improve the smoothness of
the estimate, but a very long loss history also reduces
the responsiveness and thus the fairness of the protocol.
Values around 8 to 32 seem to be a good compromise.
The loss event rate p used as an input for the TCP
model is then taken to be the inverse of l,,,. The
interval since the most recent loss event is incomplete,
since it does not end with a loss event, but it is
conservatively included in the calculation of the loss
event rate if doing so reduces p:

1
p - max(lavg (k)’ lavg (k - 1 )
See [8] for further detail of Equation (8).

b) Round-Trip Time Measurements

(8)

Each receiver starts with initial RTT and this initial
RTT is used until a real measurement is made. A



receiver measures the RTT by sending timestamped
feedback to the sender, which then echoes the
timestamp and receiver’s identification (ID) in the
header of a data packet. An exponentially weighted
moving average (EWMA) is used to prevent a single
large RTT measurement from greatly impacting on the
sending rate. Equation (9) is used to calculate the RTT
of each receiver after getting the instantaneous RTT:

tRTT::B'tZI;;'—{_(l——B)'tRTT (9)

inst _
! prr is the instantaneous RTT, Bew =0.05 is
set for the CLR while Buon cLe =03 is used for non-
CLR receivers due to infrequent RTT measurements.
One-way delay RTT adjustments are used by non-CLR

receivers between the real measurements.
¢) Slowstart

TFMCC uses a slowstart mechanism that quickly
approaches its fair bandwidth share at the start of a
session. The sending rate in the slowstart period will
increase exponentially while normal congestion
control allows only a linear increase. An exponential
increase can usually lead to heavy congestion, so
TFMCC has been designed a safe increase mechanism.
For this safe mechanism, a multiple d is decided. The
target sending rate of the sender will be calculated as d
times the minimum rate that the sender has received
from any of the receivers (in simulation d has value 2).
Since a receiver can never receive at a rate higher than
its link bandwidth, this effectively limits the overshoot
to d times that bandwidth.

The slowstart ends as soon as any one of the receivers
experiences its first packet loss.

4. PROPOSED ALGORITHM OMCC

This paper gives a brief overview of OMCC. The
Optimization-based Multicast Congestion Control (O-
MCC) simulation is the combining work that deals
with the congestion control for Internet multicasting
based on the optimization conditions of the network.

4.1. Optimization of Total Utility

The optimization conditions are placed for on all
participants in the whole system. Take Figure 3 as a
study case to solve the optimization problem. There
are six links (1y, 1, 13, 14, 15 and 15) with capacities ¢, =
3,¢c=¢3=c4 =C5 = Ce = 1 accordingly. Suppose that
all links have same length.

Congestion link

/ 14, Cg//

- ’/
Is, cs

ri

Fig. 3: Simple model for optimal calculation.

In the figure, S is the source (sender) that sends traffic
data in three sessions to users. The first session is the
unicast session to receiver r;. The second one is the
unicast to receiver r, and the last session is the
multicast to two receivers r; and ry.

To find the solution for the system’s optimization, the
total utility has to be considered together with
constraints of the link capacities and all session’s retes

as follows:
maximize U. (x ) * Uy (y ) (10)
subject to x+ysl (1
x,y 20
over (12)

where x and y are the unicast and muiticast

session rates on the congestion link
All three conditions (10), (11) and (12) have been
simplified from the model in [14] because once “he
above three conditions are satisfied, then the whole
system’s optimization is alsc fulfilled. Table 1 shows
all results when optimization conditions 10), (11) and
(12) are applied with x and y are the session raes
going in link c, (Figure 3).

Table 1: Different utility functions and system
optimization rates

Sender Receiver Receiver
oriented oriented oriented
logarithmic | logarithmic TCP
utility utility utility
Uunicast Ing log x . l
3 X
Unulticast log y 2logy _ 3
4 y
| |
Ul LCEL 4 logx +2logy Sl2
3 4 Xy
Utotal 1 + 1 =0 __l._+_2.=() 21 + 72 =0
3, 4, Ko Vo Yoy Vom
Xopt 0.57 0.33 0.41
| Yopt 0.43 0.67 0.59
Fairness 0.75 2.03 1.44

In Table 1, the sender oriented and receiver oriented
utility functions are calculated with two typical utilizy
functions (logarithmic and TCP utility). The two
sessions should fill up the bottleneck bandwidth ‘o
bring maximum benefit for the telecommunicaticn
carrier.

Table 1 shows that using receiver oriented utility s
suitable for multicast transferring because the optimum
value favors multicast session rate. Also different
utility functions are used and show the difference in
the optimum value. It seems that using TCP utility, the
fairness between unicast and multicast session rates 's
nearly one or better fairness.

4.2. OMCC

Based on the TFMCC rate control for multicast but the
feedback rate to the source is modified according to
optimization condition of the network, OMCC is bui't
as the followings:
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The TFMCC’s rate estimation Equation (6) is applied
to build up the OMCC rate estimation equation. In
Equation (7), function f{N) is the scaling function
. which depends on the number of receiver in a traffic
session. N is the mtmber of multicast receivers. For
TFMCC, f{N) is not considered, or just considered as a
constant value.

Tep = f(N)x : =

tkn[\/i—lz+(12g)p(l+32pz)]

All mechanisms in TFMCC are applied to avoid
congestion in the network bottleneck links: The
slowstart, CLR, Loss Event Rate measurement and
RTT measurement.

5. SIMULATION CONFIGURATION AND
RESULTS

5.1. Assumptions

The simulation deals only with one congestion link in
a heterogeneous network with different conditions in
bandwidth, TCP window size, queue length, link delay
and number of receivers in a session. There will be
some scenarios that deal with different traffic flows
but there is no change in sates of multicast session
members during one simulation.

The O-MCC has been implemented by extending the
Network Simulator version 2 (NS-2). The design and
the implementation of O-MCC are supported by the
TFMCC design and the Optimization approach.

5.2. Simulation Descriptions

In simulation, three kinds of traffic are used: CBR
(Constant Bit Rate for traditional voice), FTP (File
Transfer Protocol for bulk transfer) and TFMCC
(multimedia traffic). The data packets are sent from
their corresponding agents: UDP (User Datagram
Protocol), TCP and TFMCC.

The general simulation topology is shown in Figure 4.
This is the single-bottleneck topology where a number
of sending nodes are connected to many receiving nodes
through a common bottleneck. The bottleneck has
bandwidth values of 1 Mbit/s, 2 Mbit/s or 4 Mbit/s; its
queue length is of 10, 20 or 40 packets, and its link
delay is 20 ms (modified from [4]). Other links have
capacity of 5 Mbit/s, 5 ms link delay. For study the
affect of link delay, all time delay of links are changed
in some simulations into 10 ms, 1 ms and 0.1 ms.

Senders Receivers

Fig. 4: General topology for simulation
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There are FTP’s application traffics attached to TCP
agents which send unicast traffic (point to point) and
which can change traffic rate adaptively to the network
condition using window congestion control. The UDP
agent sends CBR traffic packets and receives packets
without controlling the rate, this traffic is used as the
basic flow in the internet, which has no effect on the
optimization total utility (the rate is nearly constant).
The multicast source is attached to the TFMCC agent
and sends its packets to multiple receivers (point to
multipoint). The multicast rate is also changed
according to the optimization network conditions.

5.3. Performance Parameter Evaluation

In this paper, the performances of the congested
network with multicast communication are considered
as the total throughput of congestion link and the
fairness. The total maximum throughput over a
bottleneck link achieved is also the best value for the
network provider (all resources are sold). By changing
numbers and types of flows, controlling TCP window
size and queue length in the network, different values
for throughput are achieved over the congestion link.

a) Throughput

This parameter is observed at the congestion link (after
going out of the queue). It can be defined separately
for each traffic flow or the total traffic over the
congestion link as follows:

N, x S x 8bit
T x10°¢

observed

TP = [Mbit/s]  (14)

where

N, Total received packets (UDP, TCP or
TFMCC packets)

S :Packet size in bytes

TP  :Throughput of a (all) flow(s) measured in
Mbit/s

:Observation time in second, can be a short
duration to be used in drawing or total
simulated duration to take the average
throughput

observed

b) Fairness

It is another performance parameter to be considered
because of its importance in the heterogeneous
network. In this thesis, only the fairness of throughput
is considered, other quality of service (QoS)
parameters will not take into account.

nx TPmulrimst (15)

i TPunicasr (l)
i=1

Fairness =

where
! n : Total number of unicast flows
(number of TCP flows, can be
1, 2 or 3 in simulation
TP : Throughput of multicast session

multicast R
over the congested link
Throughput of unicast session

TPunicnst (l) :
number i over the congested link



5.4 Simulation Results
a) TFMCC Performances

TFMCC Performances and Fairness in Different
Bandwidths

Traffic throughput on the I Mbit/s congestion
(Mbitis) 1ink

14 ————TOa
’ = = — TFMCC(2)
—a—TCP1
12 ——TCP2
o -w -« UDP
14
0.8 4 r
0.6 -
NN ’\
0.4 I \I v \
) W&M
x %
o x X
0 150 300

Sxmulanon time (second)

Fig. 5: TFMCC (2 receivers) flow over 2 TCP flows,
total BW = I Mbit/s.

The simulation is taken for three cases of bandwidth.
The number of flows and the queue capacity are
constant. There are four fixed flows: one TFMCC flow
with two receivers, two TCP flows and one CBR flow
aggregated in the network; all flows (single rate) go on a
congestion link with bandwidth of 1, 2 and 4 Mbit/s.

Figure 5 shows a general view for case of the bottleneck
link has 1 Mbit/s capacity. The figure brings a graphical
view of all flow throughputs: TFMCC flow takes quite
rouch more bandwidth comparing to the TCP flows; the
UDP traffic line is almost constant. The total throughput
over the congestion link has the highest value so it is the
thick line with approximate value of 1 Mbit/s in upper
position.

Table 2: Simulation results for BW = 1 Mbit/s

Average throughput in the 1 Mbit/s
link
Traffic In 300 seconds In last 250
seconds

Total BW 0.971£ 0.002 0.974 + 0.002
TFMCC (2) 0.389 + 0.011 0.410%0.014
TCP! 0.195 +£0.019 0.190 £ 0.017
TCP2 0.196 + 0.020 0.184 £ 0.017
] UDP 0.191 + 4E-04 0.192 £+ 5E-04
Fairness 1.995 £ 0.113 2.200 £ 0.157

In Table 2, (%) sign shows the standard deviation of the
five running values in Figure 4 simulation. From the
calculated values, one can see the fairness of multicast
rate over unicast rate is approximately equal to two.

In other cases of congestion link bandwidth of 2 and 4
Mbit/s, the faimess values are approximately 1.5 and
1.1 accordingly.

TFMCC with Different Number of Receivers in
Large Range and with Different Queue Capacities

In this part, TFMCC is simulated with different
pumber of TFMCC receivers (N). Figure 6a views the
general throughputs of all flows in the network in zase
of congestion link queue capacity (Q) is 10 packets,
the total link delay is 30 ms (three links from sender to
receiver).

Figure 6b is the summary of fairness value with qLeue
capacities 10, 20, and 40 packets which is the ratio of
multicast throughput over unicast average throughput.
With the increase in queue capacity, the total
throughput over the congested link increases while the
fairness decreases.

a) TFMCC with different receivers
Q=10, total fink delay =30 ms

1.8 4 et T 0t 21
1.6 ¥ = TEM CC

—~ —a—TCP}

= 14 (et TCP2

= e - UDP
g 1.2 4 .- ,
s 14 |
a !
Ey 08 SY e e S e e Y e e K i
é 061 o [
e . et
04 - i
[ IR = S S P %
a . . y : . : i

1 3 5 10 30 50 100

Number of TFMCC receivers

b) Fairness over the congestion link with different
receivers and Q, total link delay = 30 ms

2

1.8 4
161
§ 1.4 )k ¥ % _)T(_‘_.-A
g 1.2 ‘\)K..—""‘ X ~——X
“Ei 1
5 08
E 064
o .
S ——Q=10
K= Q=20
02
OW —a— Q=40
1 3 5 10 30 50 100
Number of TFMCC receivers

Fig. 6: TFMCC with different receivers, different queue
capacities (Q), and total link delay = 30 ms.

TFMCC with Different Link Delays

Previously, all the simulations run with fixed total link
delay of 30 ms in total three links for TCP and TFMCC.
In this part, each link delay (D) is tuned to be 1 ms and
0.1 ms, and all flows are tested with different queue
capacities and different number of TFMCC receivers.

Figure 7 shows a general view when observing the
fairness of TFMCC and TCP in a variable environment
of different round trip time. In the figure, with queue
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equals 10 packets, the faimess varies so much
regardless of the numbers of receivers.

Comparing to Figure 6, it seems that with long distance
(30 ms delay equals 9,000 km (can be considered as the
end-to-end propagation time)) the fairness does not
change much with different queue capacities. But when
the distance is shorter, the fairness keeps quite stable
with only large queue capacities.

a) Fairmess with D = 1 ms, different Q

0 and TFMCC recievers
vy g 1
@ 8 1 e Q10
E 79 . — b Q20
& 61 ~-X -~ Q40
[+
5 3
4
3 B
24
1 <‘ ) S i ““““““““““ 2.9
0 T —
1 10 100
Number of TFMCC receivers
b) Fairness with D = 0.1ms, different Q
10 and TFMCC recievers
o 1
w O —— Q10
2 84 ——te— Q20
E 7y e Q40;
‘5 6 |
5 & - —
4
3 4
2 4
1 & £ —A
0 , . %
1 10 100

Number of TFMCC receivers

Fig. 7: Fairness with different TFMCC receivers, different
queue capacities (Q) and different link delays (D).

b) OMCC Performances

From the view of optimization, if there are unicast and
multicast sessions share the same bottleneck link, it is
better for the multicast session takes more bandwidth
as the utility takes the number of receivers into
consideration. Using different definition of utility
function, there would be different bandwidth sharing
ratio to reach the optimal utility value.

Therefore, the target of this part is to modify TFMCC
in to proposed Optimization-based Multicast
congestion control. That means the multicast will get
more favor in bandwidth sharing when the number of
its receivers increases comparing to other competition
flows, but it still keeps a certain lever of fairness and
keeps congestion avoidance depending on the network
conditions.

OMCC with Different Utility Functions

In the proposed OMCC and the simulation, the scaling
function definition is based on the number of multicast
receiver, means f{N) = N for Logarithmic utility
function and f{N) =/N for TCP-utility function [13].
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In Figure 8a, the general view for all throughputs on
the congestion link (2 Mbit/s) is shown with one
proposed Logarithmic- type OMCC flows having N
receivers, two TCP flows and one UDP flow with
fixed rate of 0.2 Mbit/s, path delays for the proposed
OMCC and TCP flows are 30 ms, queue capacity is 20
packets. Figure shows that the throughput of OMCC is
quite stable in the large receiver range. Figure 8b
presents the comparison between the TFMCC and the
two proposed OMCC fairness when they run in
separate simulation with two TCP and one UDP flows.
In the figure, the Log-OMCC seems to get most stable
in fairness compared to others.

a) Log-OMCC with different N,

\ Q=20, D=10ms
i
i
1.8 1 ~—o— Total
16 4 —a— Log-OMCC
g ~a—TCPt
g 1.2 TCP2
5 ' %~ UDP
5081 |
Toel ™ o - - - . - . |
E 69 i & 2 - e e
04 . ;
02 SR SUSE U ¥ S—— * * % !
0 . . _— — . i
1 2 3 5 10 30 50 100
Number of multicast receivers
b) Simulated faimess comparision of TFMCC,
TCP- and Log-OMCC, Q =20, D= 10ms
2
o TFMCC
18] ~—a— Log OMCC
’ — X TCPOMCC
.8
® 1.6
s
%]
]
E 149
<
234 XW&?‘X——%&
12 1
1

1 .3 5 10 100
Number of multicast receivers

Fig. 8: Total view of the proposed Log-OMCC and OMCC
fairness compared to TFMCC with changes in
number of receivers in 2Mbit/s congestion link.

Effect of Different Link Delays and Queue Capacities
to OMCC Fairness

In this part, simulation is run using different link
delays and Q is 10 packets. Only the fairness is
considered and summarized in Figure 8 and in [13].

In Figure 9a, with each 10 ms link delay, the fairness
for TCP-OMCC seems to get litter higher value
compared to TFMCC fairness and even better than the
fairness of Log-OMCC. In Figure 9b the link delay is
tuned to 1ms. With small number of multicast
receivers N, the Log-OMCC gets higher value more
than TFMCC but reduces when N increases. The TCP-



OMCC fairness increases when N is large but seems to
fluctuate much. The situation results for Log OMCC in
Figure 9¢ even worse with large number of multicast
receivers: Its fairness is smaller compared to TFMCC
faimess when the number of its receivers increases.
For TCP-OMCC, its fairness still increases following
the increase of V.
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Fig. 9: The fairness of Log-OMCC and TCP-OMCC
compared to TFMCC in the 2Mbit/s congestion
link, Q = 10 packets.

6. CONCLUSIONS

This paper studies and presents a review on multicast
congestion control combined receiver-oriented utility
function in a simulated network. For real time
multicast transmission, it is not easy to control the
congestion without deteriorating the performance of
other existing sessions in the network. Besides, the
feedback from many muiticast receivers should also be
controlled strictly.

From the simulation results, it can be concluded that
TFMCC provides the best fairness to TCP in the
network with plentiful network resources, ie. large
available bandwidth and long queue. It suppors a
good smooth throughput in a non-random loss network
for a large number of receiver ranges. TFMCC has
larger bandwidth portion than the other aggregasing
flows in the network, with fixed number of TCP flcws,
TFMCC bandwidth does not increase much when the
number of its receivers increases.

To improve the TFMCC with multicast ntility trend, a
modification called Optimization-based Multicast
Congestion Control (OMCC) is proposed to tike
receiver- oriented utility function into the traffic
control mechanism.  °

The results of the proposed OMCC simulation in MS2
simulator show a better level of stable throughput and
improvemnent in  the receiver-oriented  ufi ity
optimization concept. These make a future guild for
multicast congestion control based on the utiity
functions of different types of users and various types
of services in the real network to get best benefit to all
internet participants.
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