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Abstract

The paper addresses the issue of TCP-friendly conges-
tion control mechanism for many-to-many communication
environment. Lack of congestion control inhibits deploy-
ment of WAN applications that involve collaboration of
groups of processes in the Internet environment.
Recent efforts targeted unicast WAN congestion control

(TFRC). We extend that approach to multicast many-to-
many applications that operate using a middleware frame-
work. Our congestion control mechanism was implemented
within a group communication middleware and tested in
a multi-continent environment. The measurements have
proved the proposed approach to be robust, efficient and
TCP-friendly, as well as to provide fairness among pro-
cesses that compete for shared resources.

1. Introduction

Congestion control is a fundamental building block that
enables WAN deployable applications to function in the In-
ternet environment. Many applications of this kind involve
a group of processes that are to collaborate by communi-
cating via multicast. There are several middleware imple-
mentations that offer group communication services with a
variety of different semantics ([4, 5, 11, 17, 21, 27]). In the
current paper we address the issue of TCP-friendly conges-
tion control mechanism for group communication middle-
ware. The importance of having a TCP-friendly mechanism
stems from the necessity for an application to co-exist in the
Internet with a variety of concurrent TCP sessions generated

by other applications.
The specific group communication middleware that we

focus on is Xpand [7] WAN group communication sys-
tem (GCS). However, our results are applicable, with some
adaptation, to other middleware systems as well. The main
objective of the Xpand design is to address the needs of a
wide spectrum of collaborative wide area network (WAN)
applications without compromising the semantics of tra-
ditional GCSs, namely, group abstraction, group member-
ship monitoring and reliable multicast. The services we ex-
ploited in order to add congestion control to Xpand were
group membership and the ability to detect message losses,
which are inherent to any reliable multicast scheme.
Xpand and similar group communication systems typ-

ically use UDP for all their communication needs, which
allows them to benefit from the native IP multicast infras-
tructure for message delivery. For this reason, Xpand lacks
the TCP built-in congestion and flow control mechanisms,
which may lead to unfair bandwidth share, unstable trans-
mission rate or even severe network congestion in WAN
environment. Moreover, usage of TCP congestion control
mechanism over UDP would neither scale nor provide the
optimal results in a GCS.
In order to overcome these drawbacks, a congestion con-

trol mechanism was added to Xpand, based on the “TCP-
friendly rate control protocol (TFRC)” [15], with modifi-
cations that extend it to a many-to-many framework and to
general message traffic, without focusing on multi-media
applications only. TFRC is an equation-based unicast con-
gestion control mechanism in which the equation derived
from a model of TCP long term throughput ([23]) is used
to limit the sender’s transmission rate. We have extended
the TFRC equation-based approach from unicast to many-



to-many message exchange, where every member can be
either a sender, or a receiver, or both.
A recent paper ([31]) that addresses a similar problem

focuses on directly expanding TFRC to deal with multicast.
The main difference between the two mechanisms is in the
method used to determine the slowest receiver in a scalable
manner. TFMCC uses the original randomized feedback
cancellation scheme, while in Xpand we take the advantage
of the built-in hierarchy, thus using a more natural approach
to achieve scalability in multi-cluster based system. This
approach enables building a simpler feedback mechanism
without feedback separation, as well as a simpler round-trip
time estimation.
In Xpand the feedback is aggregated based on the built-

in hierarchical structure, and a sender is explicitly provided
with an acceptable transmission rate from each remote re-
ceiving LAN.
Xpand was implemented and tested over the WAN envi-

ronment described in [29]. Xpand not only utilizes the con-
gestion control mechanism, but also contains a built-in flow
control mechanism that follows the standard techniques de-
scribed in the literature ([2, 13, 14]).
The performedmeasurements validated the implemented

congestion control mechanism. The results showed that our
extended TFRC model is applicable to WAN, as well as to
many-to-many communication patterns. The resulting be-
havior is TCP-friendly, and fairness is achieved amongmul-
tiple senders sharing resources.
The paper outline is as follows: Section 2 presents the

environment assumptions; Section 3 covers the basic de-
sign assumptions; Section 4 presents the algorithm details;
Section 5 covers some of the test results, and Section 6 con-
siders various related papers.

2. Environment

The Xpand group communication system is a middle-
ware for distributed many-to-many applications and is fully
described in [7, 8]. The current paper presents only the
essential features of the system and the relevant assump-
tions. The processes participating in Xpand are grouped
into clusters, so that all members of each cluster belong to
the same LAN. The clusters are spread over WAN. Xpand
distinguishes between two types of processes: regular and
delegate. An application instance linked to an Xpand li-
brary is a regular process. In each LAN, the delegate is
a designated daemon that serves as a representative of its
LAN to all the other Xpand clusters and may be spawned
by the first application instance in the cluster. Among other
benefits, this hierarchical design allows for better scalability
of the congestion control mechanism. The relationships be-
tween Xpand’s components and its environment are shown
in Fig. 1. The congestion control mechanism is integrated
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Figure 1. Xpand’s layer structure

within Xpand’s core module.

2.1. Application Layer Multicast

As was noted before, Xpand’s reliable multicast service
relies on the availability of a many-to-many communication
substrate. The network service that supports many-to-many
communication in IP networks is IP multicast. There is a
limitation on using IP multicast since it is only partially de-
ployed in various networks, which creates isolated regions
supporting IP multicast.
In order to overcome this difficulty and to “bridge” re-

gions supporting IP multicast, Xpand introduces a layer
called Application Layer Multicast (ALM), which is used
only as an interim solution. This layer constructs a message
distribution tree incorporating delegate nodes, each node
being chosen from a region that supports a native multicast.
The tree construction is performed automatically and is be-
yond the scope of the current paper (See [7, 8]).

2.2. RON Testbed Environment

In our WAN experiments we used the Netbed’s RON
([29]) wide-area nodes. The tests involved 6 sites, 5 lo-
cated in North America and one in Jerusalem, Israel. The
nodes are Celeron/733 or PentiumIII/1.1G machines run-
ning FreeBSD 4.7 / Linux 2.4 operating systems, connected
via commodity Internet and Internet2. The links have di-
verse bandwidths, delays and packet loss rates (see Sec-
tion 4.4). Since there is no IP multicast among RON
machines, Xpand builds an overlay network (Application
Layer Multicast (ALM)) over the nodes. With ALM, mes-
sages are delivered by unicast among the nodes. The ALM
tree created for our specific set of RON nodes is described
in Fig. 2.
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3. Xpand Flow/Congestion Control Mecha-
nism Design

The design of Xpand congestion/flow control mecha-
nisms takes advantage of Xpand’s hierarchical structure.
In Xpand, both senders and receivers from each LAN are
represented by the LAN’s delegate. We designed many-to-
many single rate mechanism that is TCP-friendly, in which
the delegates of the senders cooperate with the delegates of
the receivers in order to adjust the message flow to be TCP-
friendly.
To introduce the congestion control mechanism into

Xpand, some parameters characterizing the network are
measured by the delegates and used by the senders to ad-
just their transmission rate in accordance with the network
conditions. In [16], a message flow is defined to be TCP-
friendly if under the same conditions its sending rate is
within a factor of two of the sending rate of TCP flow. To
achieve that, Xpandmust be able to estimate the appropriate
TCP rate. To reach that goal, we use Eq. 1 from [23] charac-
terizing TCP steady state throughput as a function of packet
loss rate, estimated round trip time and TCP retransmission
timeout:

(1)

where is the desired transmission rate in bits/sec; is the
average packet size in bits; is the estimated round trip
time in seconds; is the loss event rate;

is the TCP retransmission timeout value in seconds
recommended in [16], and is the number of packets
acknowledged by a single TCP acknowledgement.
In order to use this equation, we designed mechanisms

for RTT estimation and for loss rate measurement. These
parameters are to be continuously calculated and translated
into an acceptable rate for each receiving delegate.
While TCP is unicast, our model calls for many sending

processes and several sending delegates. The congestion
control mechanism is used to allocate an aggregate trans-
mission rate for each LAN and, within it, to estimate each
local sender application transmission rate. Afterwards, each

sending delegate is to fairly distribute the aggregate rate
among its local senders.

3.1. Design Decisions

Xpand design distributes the load of calculating the
congestion parameters between senders’ delegate and re-
ceivers’ delegates. Each calculation is performed at the op-
timum location, as detailed below.
RTT Estimation: performed by the sender’s delegate for
each remote delegate, group pair. The RTT estimation
does not require synchronized clocks.
Loss Rate Estimation: Since in most cases there are many
more receivers than senders, it is logical to distribute the
loss rate calculations among the receivers. The hierarchical
structure requires that the calculation be done at the dele-
gates. It appears reasonable to calculate the loss rate at the
receivers’ delegates which have more accurate information
onmessage losses. The loss rate is estimated for a receiver
delegate, sender delegate, group tuple.
Loss rate calculations require RTT estimation, which is

done by senders’ delegate and passed to receivers’ dele-
gates. As a result, a receiver’s delegate gets RTT calcu-
lated half RTT earlier, which may slow down the respon-
siveness of the scheme. This inaccuracy is smoothed by
using weighed RTT average.
We assume that RTT and the calculated loss rate are uni-

form for all receivers belonging to the same group within
the same LAN. This is a safe assumption since message loss
and RTT in LAN are negligible, compared to those inWAN.
Local sender’s detection. The senders’ delegate needs to
identify potential senders in its LAN and their sending rate
demand.
Local sender’s rate allocation. The senders’ delegate
needs to distribute the aggregate transmission rate among
its local senders. We use the “Max-Min fairness” ([9]) cri-
teria to allocate the rates.
Local sender’s traffic shaping. We use a token-bucket-like
mechanism in order to enable the sender to conform to the
assigned rate.
“Slow start” mechanism. We incorporate a slow start
mechanism into the local sender’s rate limit mechanism, so
that it would be TCP-friendly even prior to a loss event.
Single LAN group. The congestion control mechanism is
able to deal with a special case when all group members
reside on the same LAN. Due to the lack of space, we do
not present this aspect in detail.
Issues with Multicast Delivery Tree: There are several
ways to build a multicast distribution tree in the Internet en-
vironment, using different multicast routing protocols. As
we assume that multicast trees might be different for differ-
ent groups, we measure RTT and loss rate for each group.



4. The Congestion Control Mechanism De-
scription

In this section, the general algorithm flow is presented,
followed by a detailed description of each step. While the
mechanism is designed for many-to-many framework, the
algorithm is presented from a single source LAN perspec-
tive and for a single group1 (G). The source LAN delegate
(SD) communicates with the delegates (RD) of LANs that
contain receivers for the given group. Every delegate im-
plements the same mechanism and thus imposes congestion
control over all the senders and the receivers. At the same
time, Xpand message flows are friendly to TCP flows that
use the same links.
The basic steps of the algorithm are as follows:

1. s are computed at the senders’ delegate per re-
ceiver’s delegate and per multicast group and after-
wards passed to the receiver’s delegate;

2. Loss rate is measured at every receiver’s delegate per
sending delegate and group SD, RD, G . In these
measurements, the receiver’s delegate uses the
estimation obtained from SD;

3. The acceptable receiving rate is calculated by RDs us-
ing the measured loss rate and the RD sends its
acceptable rate to the corresponding SD;

4. SD obtains the acceptable (restricting) rates reported
by all remote delegates and chooses the minimal value
to be the aggregate transmission rate for the senders
belonging to the group within its LAN;

5. SD adjusts the local senders’ transmission rate accord-
ing to the aggregate transmission rate.

4.1. RTT Estimation by Senders’ Delegate

For a given group , is measured by SD for ev-
ery LAN that contains members of Intra-LAN delays
are negligible in WAN environment. We assume that all the
messages flowing from the sending LAN to each receiving
LAN (targeted for the same group) traverse the same route.
We assume that the control traffic from RD to SD also takes
a steady route, whichmay be different from SD to RD route.
As a consequence, all G senders within SD LAN have actu-
ally the same RTT to RD. Thus, for each group we actually
measure RTTs from SD to RD. The algorithm is straightfor-
ward, as can be seen in Fig. 3.
Note: is not updated using retransmitted mes-

sages, as the original and the retransmitted messages have
1Congestion control among multiple groups is achieved implicitly.

the same sequence number. This scheme allows vari-
ations to change the transmission rate within approximately
one round trip time, which is important for the scheme re-
sponsiveness.

4.2. Receiver Loss Rate Estimation

Loss rate is measured by a receiver’s delegate (RD). Reg-
ular receivers do not participate in loss measurements. RD
may receive multiple flows from the same sending LAN for
a group. All such flows are aggregated and considered to be
a single meta-flow. This is done to improve the statistics of
message loss rate and to address scalability issues.
A packet loss in our implementation is detected when

the sequence number of a received message within a spe-
cific flow is out of the order. Since we assume packets to
traverse the same multicast (unicast) delivery path, packet
reordering is infrequent and has no significant influence on
the overall picture.
The model in [23] requires that two loss events be sep-

arated by at least seconds to be statistically indepen-
dent. A loss event starts on a packet loss and continues

seconds after it. To determine whether a lost packet
should start a new loss event or be considered as a part of
a current loss event, we compare the approximated time
stamp of a lost packet with the time associated to the begin-
ning of the last lost event2. To approximate the time stamp
of a lost packet, we use the suggested interpolation to infer
its nominal “arrival time” (see [15, 16] for details). In the
calculation that follows, we ignore packets that arrive or are
lost within seconds of the time associated to the lost
packet that started the loss event.
In order to compute the loss rate, we need to count

the number of packets contiguously received between loss
events. If a loss event is determined to have started at time

and the next loss event started at time the num-
ber of packets between the loss events is the total number
of packets in all flows that have arrived within period

.
The Xpand approach matches the model presented

in [23], whereas the original specification ([15, 16]) also
counts packets that arrive within the first seconds of a
loss event, thus underestimating the actual loss rate.
To calculate the loss rate p, we first calculate , i.e.

the average number of packets received between loss events.
This is done by calculating the moving average over the past
average and the most recent estimation (with a quo-
tient 0.5).

(2)

2In TFRC ([15, 16]) the term “inter-loss interval” is used, defined as
the interval from the beginning of a loss event until the beginning of the
next loss event.



The Calculation:

A sender multicasts packet P to the entire group ;

Upon receiving records P‘s arrival time ;
/* is an approximation of the sending time */

Upon receiving records P’s arrival time ;

sends ACK for P to at time containing ;

Upon receiving the for at time , calculates ;

Figure 3. estimation at the sender’s delegate

where is the number of packets that have arrived
since the end of the last loss event. At the beginning
of a new loss event becomes . Equation 2
presents the average number of packets once a new event
takes place. Immediately after a loss event, the value of

is smaller than , which results in an inaccurate
value of To deal with this undesirable effect, we do
not update until either a new loss event arrives, or

The quotient is chosen to provide responsiveness, on the
one hand, and to filter out samples that are too far from the
average value due to inaccuracy of measurements, on the
other hand. One of the original goals of [15, 16] was to
achieve congestion control that is TCP-friendly, while al-
lowing traffic rate that is smoother than that of TCP. This
property is important for various applications, e.g. multi-
media. Since for GCS the smoothness is not an important
property, we used a simpler equation (Eq. 2) that produces a
TCP-friendly rate change response, though not that smooth.
RD computes the loss rate ( ). Using this

value and the RD calculates the acceptable receiving
rate (Eq. 1) and sends it to SD.
SD computes the updated aggregate rate by taking the

minimum over all the acceptable receiving rates obtained
from the relevant RDs. It then divides this rate among its lo-
cal senders and notifies them about their new sending rate3
(See Section 4.3). Each local sender uses a token-bucket-
like mechanism in order to shape its traffic to comply with
its sending rate.

4.3. Multiple Senders in LAN

As was noted above, we determine the transmission rate
per group, as we assume the possibility of different mul-
ticast distribution trees for different groups. Given an ag-
gregate transmission rate for a particular group, there is a

3The two-way communication between SD and its local sender regard-
ing sending rate allocation is conducted via a reliable channel and is be-
yond the scope of the current paper.

problem of dividing the aggregate group transmission rate
among multiple senders residing on the same LAN. This is
the task of the senders’ delegate to distribute the transmis-
sion rate among local regular senders. The delegate uses a
“Max-Min fairness” ([9]) criteria to ensure a fair rate allo-
cation.

4.3.1 Determining local senders’ rate demands

We describe here a scheme that enables SD to learn its local
senders’ demands for transmission rates to be used as an
input to the fair rate allocation scheme.
The demand evaluation scheme is to be responsive

enough to avoid under-utilization of the resource (transmis-
sion rate), e.g. in case when one sender receives a rate
higher than it actually needs, whereas the other one receives
a rate lower than it needs.
Application transmission rate may change more fre-

quently than the aggregate rate, since the latter is computed
infrequently and is smoothed, as opposed to the bursty traf-
fic pattern of an individual sending application.
Thus, SD must sample4 its local senders’ demands much

more frequently than it receives aggregate rate updates.
Each time a new vector of senders’ demands is collected,
the delegate recomputes the sending rate allocation.
Each local sender determines its application demand by

measuring the rate at which Xpand’s sending window fills
up and gets drained. To avoid unnecessary fluctuations
when evaluating a transmission demand, the sender uses
weighed “history” of its window’s occupancy. To provide
fast responsiveness, the weight of the “history” must be
lower than that of more recent values.
When the window is full, the local sender cannot mea-

sure its application’s transmission demand, as the applica-
tion is blocked. In this case, a special approach is taken to
estimate transmission rate demand. There is no point re-
questing a larger rate from SD if the last requested rate has

4The sender can explicitly ask for transmission demand update from its
delegate if its local application demand changes by at least some amount.



not been complied with. Since SD uses the Max-Min fair-
ness criteria, increasing the requested rate will not increase
the allocated rate. If the delegate complies with the last
rate request and the window is still full, the sender doubles
its requested rate demand. This process continues until the
window opens up.
When a new sender starts transmitting, it is always per-

mitted to start sending at some predefined initial rate. The
delegate recognizes the presence of the new sender and
takes it into account by recalculating the sending rate al-
location.

4.4. Implementation Details

Xpand has a complementary built-in flow control mech-
anism, which is used as long as no congestion is detected
over the WAN. Once congestion is detected, the above de-
scribed TCP-friendly congestion control mechanism takes
over. If no remote receiver exists, i.e. all the members re-
side within a single LAN, the TCP-like window congestion
avoidance mechanism is used.
We also use a slow-start mechanism for some specific

cases, e.g. if no remote members exist and a new sender
starts its transmission. Another case is when no remote re-
ceiver has detected any loss event, thus the acceptable re-
ceiving rate that is sent to the SD is infinite. Obviously,
when a loss is detected, the sending rate is immediately up-
dated.

5. Performance Results

The congestion control was tested in multi-continent
(WAN) setting of RON testbed Network. The tests included
six sites: Zikit1 (Jerusalem), RON0 (Boston), RON2 (Salt
Lake City), RON33 (Ottawa), RON35 (Berkeley), RON45
(Chicago). All measurements were carried out within the
same time-window every day. The time-window was cho-
sen to be early morning time in the North America, which
is mid-day in Israel. As there is no IP multicast connectiv-
ity among these sites, a propriety application layer multicast
(ALM) mechanism was used ([7]). The obtained message
distribution tree is presented in Fig. 2. RON33 was selected
to be the tree root by the algorithm used in the dynamic
ALM tree construction.
In tables 1, 2 and 3, the columns represent senders and

the rows represent receivers. These numbers were collected
during the first test (see below).
Table 1 presents the median round trip time (RTT)

among the sites as it was measured by the senders. The
messages from the sender to the receiver were sent along
the ALM tree, and the ACKs were sent via unicast back to
the sender.

Table 1. Round trip time (RTT) (ms)

Site Zikit1 RON0 RON2 RON33 RON35 RON45
Zikit1 170.92 282.15 205.25 277.99 213.99
RON0 170.62 120.18 51.67 122.20 62.82
RON2 260.60 91.95 57.65 77.15 57.87
RON33 236.30 50.00 85.70 85.59 26.68
RON35 299.13 121.32 96.58 76.23 59.80
RON45 242.47 62.29 58.75 25.27 59.64

Table 2. Loss rate (%)

Site Zikit1 RON0 RON2 RON33 RON35 RON45
Zikit1 0.00 0.00 2.90 0.00 7.63 2.33
RON0 0.33 0.00 3.42 0.00 7.40 2.47
RON2 4.20 2.87 0.00 3.39 6.35 1.96
RON33 0.33 0.00 3.31 0.00 7.84 2.67
RON35 4.80 3.26 3.34 4.36 0.00 1.50
RON45 1.15 0.82 0.71 0.63 4.85 0.00

Table 2 presents the median loss ratio as calculated by
the receivers. One can notice that loss ratio increases along
the ALM paths, as the number of ALM overlay links in-
creases.
Table 3 presents the theoretical rate calculated by Eq. 1.

There are some blank cells in the table, since no message
was lost on the corresponding links due to the fact that the
rate was limited by another receiver.
In the following subsections we present performance

measurements of the congestion control mechanism within
Xpand system. The measurements validate the congestion
control mechanism, its TCP-friendliness and its applicabil-
ity to multicast in WAN.

5.1. Rate Restriction

In the first test, six members join the same group . Each
member in turn sends messages to for 60 seconds, at the
rate allowed by the congestion control mechanism. Zikit1
measures data arrival rate for each sender (including itself).
Figure 4 presents the received rate measured by Zikit1 for
each sender. In order to evaluate the congestion control
mechanism, we examined the performance of Zikit1. The
variation in its rate is caused by the changes in rate forced
by the slowest receiver.
Figure 5(a) shows the slowest receiver limiting Zikit1

Table 3. TCP-friendly rate (Mb/s)

Site Zikit1 RON0 RON2 RON33 RON35 RON45
Zikit1 0.16 0.07 0.24
RON0 0.96 0.33 0.16 0.80
RON2 0.13 0.49 0.69 0.30 1.02
RON33 0.69 0.48 0.22 1.79
RON35 0.10 0.34 0.42 0.43 1.17
RON45 0.34 1.60 1.84 4.58 0.50
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sending rate. It is clear that the sending rate is limited by
the rate reported by the slowest receiver. We present only
the two slowest receivers that affect the sending rate, since
other receivers have reported a much higher receiving rate.
Figure 5(b) presents the loss rate and the reported rate

calculated by RON35 for Zikit1 messages over the same
time period. One can see that the dominating factor in the
rate reported by the receiver is the loss rate, since the
remains relatively stable during this period.

5.2. Rate Adaptation to Membership Changes

In this test, all RON machines except RON35 and Zikit1
were members of group . The application running at
RON45 sent as much traffic as it was allowed by other dele-
gates. In Fig. 6 we see that when RON35 joins , the send-
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Figure 6. Responsiveness to membership
changes

ing rate of RON45 drops. Afterwards, when Zikit1 joins ,
the rate again drops significantly. 60 seconds later, when
Zikit1 leaves , the rate increases and then increases again
when RON35 leaves .

5.3. Fairness Among Senders in a LAN

In Fig. 7(a) we see aggregate rates generated by Zikit1,
Zikit2 and Zikit3 while all RON computers receive the
messages (Zikit[1-3] all residing in the same LAN at the
Hebrew University of Jerusalem). Zikit1 sends messages
through the entire duration of the test, while Zikit2 and
Zikit3 send messages for a shorter period (180 seconds and
60 seconds respectively). The graph also presents the rate
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Figure 7. Aggregation of multiple senders and fairness

by which Zikit’s LAN was limited by the other delegates.
One can see that the influence of the reported rate, which
in turn depends on the loss rate, is much higher than the
impact of the number of senders.
In Fig. 7(b) we present the achieved sending rate of three

senders sharing the same aggregate transmission rate during
the test. The results clearly show that Max-Min fairness
is achieved. The measured results were averaged over 3-
second intervals. For presentability we chose a relatively
large average interval to be shown in Fig. 7(b), while the
results were similar on smaller scales.

5.4. TCP-friendliness

Figure 8 presents the TCP-friendliness test results. In
this test, we ran six cycles by the same scenario: every cycle
started with a 60-second Xpand session, followed by a 60-
second TCP and Xpand joint session.
In this test, only Zikit1 and RON35 were the groupmem-

bers. Both Xpand and TCP messages were sent by Zikit1.
The achieved rate was averaged over a 3-second interval.
The average rate over the periods, when both flows shared
the network resources, are also presented in the figure.
In all the cycles, the performance of Zikit1 showed that

the bandwidth limited by our congestion controlmechanism
is comparable to that of TCP and, therefore, the message
flow is TCP-friendly.

6 Related Works

Congestion and flow control have attracted a lot of re-
search in computer networking. There are numerous ap-
proaches to introducing congestion control mechanisms for
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multicast applications. A comprehensive survey on current
unicast and multicast congestion control approaches can be
found in [30].
In the current work we focus on a single rate multicast

congestion control in which the slowest receiver limits the
transmission rate. The major alternative approach uses lay-
ered multicast scheme ([10, 19, 28]). Our choice of a single
rate is accounted for by the fact that group communication
framework requires that all receivers be synchronized. The
proposed approach could be extended to multi-layer mul-
ticast by using the proposed technique on the rate of each
layer.
Several papers propose congestion control schemes for

systems with a large number of receivers. In such environ-
ment, it is impossible to handle feedback from each sender
due to the ACK explosion problem. It is necessary to esti-



mate the receiving capability of the slowest receiver. There
are two main approaches used to avoid the ACK explosion
problem, the first identifying the slowest receiver and refer-
ring to it only, and the second enforcing a hierarchy on the
receivers.
PGMCC and TFMCC use the first approach, whosemain

disadvantage comes from the fact that the ’worst’ receiver
may change rapidly, while performing a switch-over among
different slow receivers might be slow and extremely diffi-
cult ([12, 18]).
The second approach is more suitable for GCS, as group

membership is maintained and available for group mem-
bers. Xpand uses an external group membership service to
receive group membership notification ([6]). MTCP ([25]),
being a one-to-many scheme, creates a multi-level tree hi-
erarchy on receivers. Obviously, a multi-level hierarchy is
natural to one-to-many approach. Xpand, which is designed
for many-to-many communication, uses a two-level hierar-
chy, which is a more natural approach for multi-cluster sys-
tems. Other protocols like RMTP ([24]) and TMTP ([32])
are one-to-many, taking advantage of the hierarchy and are
not specifically designed to be TCP-friendly. RMTP de-
ploys end-to-end congestion control, whereas TMTP imple-
ments flow control only.
Multicast communication typically consumes more re-

sources from the network than unicast, since multicast traf-
fic usually traverses through more links, thus a protocol de-
signed for bulk data transfer over multicast in WAN must
exhibit TCP-friendliness. TEAR ([26]) and MTCP ([25])
use a window-based technique to provide TCP-friendly
congestion control mechanism. The authors report promis-
ing results, however, the model is not easily extensible
to many-to-many multicast applications due to scalability
problems.
An alternative approach to the window-based mecha-

nism implemented in TEAR and in MTCP is the equation-
based one. This approach uses a stochastic TCP model
([22]) which represents a throughput of a TCP sender as
a function of packet loss rate and round trip time. TFRC
(RFC 3448 ([16]), see also the paper [15]) has been recently
recognized and standardized by IETF as a sound approach
to TCP-friendliness for unicast traffic. The congestion con-
trol mechanism deployed in Xpand was based on this ap-
proach.
Only few group communications systems have an end-

to-end congestion control mechanism. As to flow con-
trol mechanisms for group communication, they have been
widely employed (a comprehensive analysis of flow control
mechanisms for LAN GCSs can be found in [20])
A system that is comparable to our system is Spread

([4]). Spread uses an overlay network, in which each over-
lay link behaves in a TCP-friendly manner. In addition,
Spread implements an advanced end-to-end flow control

mechanism based on a cost-benefit approach([3]).

7 Conclusions and Future Work

Our study has proved that it is possible to create a many-
to-many congestion controlmechanism that is TCP-friendly
and provides a built-in fairness among senders that share
resources.
Future research needs to focus on improving the results,

in particular, the responsiveness of the mechanism to mes-
sage losses and group membership changes. In our current
implementation, retransmissions were not considered to be
a part of the sending rate, though a conservative approach
was taken. We intend to find an appropriate way to incor-
porate retransmissions in the congestion control mechanism
while allowing for heterogeneous (unicast andmulticast) re-
transmission schemes.
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