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Abstract
In this paper, we describe a hybrid sender and receiver-based adaptation scheme for multicast transmission of multimedia data, which we call SRAMT (Sender–Receiver based Adaptation scheme for Multicast Transmission). The most
prominent features of SRAMT are its distributed (to sender and receivers) transmission rate estimation algorithm and
its innovative RTT (Round Trip Time) estimation algorithm based on one-way delay measurements. With the use of
SRAMT, we ensure that sender will transmit TCP friendly traﬃc and receivers with diﬀerent capabilities (in terms of
available bandwidth) are able to receive the multimedia information. We evaluate SRAMT through a number of simulations and compare it with other schemes available to the literature. Main target of the simulations was the examination of SRAMT behavior to a heterogeneous group of receivers and its behavior against TCP connections.
 2004 Elsevier B.V. All rights reserved.
Keywords: Multicast congestion control; Quality of Service issues; TCP friendliness; Communication protocols; Multimedia
applications
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The multicast transmission of real time multimedia data is an important component of many
current and future emerging Internet applications,
like videoconference, distance learning and video
distribution. The heterogeneous nature of the
Internet makes the multicast transmission of real
time multimedia data a challenge. Diﬀerent
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receivers of the same multicast stream may have
diﬀerent processing capabilities, diﬀerent loss tolerance and diﬀerent bandwidth available in the
paths leading to them.
The heterogeneous network environment that
Internet provides to real time applications as well
as the lack of suﬃcient QoS (Quality of Service)
guarantees, many times forces applications to
embody adaptation schemes in order to work eﬃciently. In addition, any application that transmits
data over the Internet should have a friendly
behavior towards the other ﬂows that co-exist in
todayÕs Internet and especially towards the TCP
ﬂows that comprise the majority of ﬂows. We deﬁne as TCP friendly ﬂow, a ﬂow that consumes
no more bandwidth than a TCP connection, which
is traversing the same path with that ﬂow [18].
The implementation of adaptation mechanisms
in the applications is often criticized. The main
arguments that rise against it, are that the technologies that are used today for the implementation
of the core networks provide capabilities to support QoS; as a result the network should oﬀer to
the applications QoS guarantees. This is generally
true but there is a big problem about it: todayÕs
Internet is divided into thousands of diﬀerent
administration domains. The QoS strategies that
are implemented on each one are certainly diﬀerent
(for example QoS based on DiﬀServ Concept [16],
QoS based on IntServ Concept [5], QoS based on
IPv6 infrastructure [7]), and in many cases no
QoS strategy is implemented at all. So the multimedia data ﬂows that have to traverse many of
these diﬀerent domains in order to reach the end
user do not have a suﬃcient QoS support. The
proposed mechanism provides an adaptation service which does not require any QoS support from
the network, and runs in any IP multicast network.
Another idea widely supported among network
administrators, is that the cost of exhaustive monitoring of the network as well as the upgrade of the
links that constrain the entire network domain
(bottlenecks and critical links) cost less than the
deployment of QoS schemes (research, testing
and personnel training) [8].
Many researchers urge that due to the use of
new technologies for the implementation of the
networks, which oﬀer QoS guarantees, adaptive

real time applications will not be used in the future. We believe that this is not true and adaptive
real time applications will be used in the future for
the following reasons: (1) Users may not always
want to pay the extra cost for a service with speciﬁc QoS guarantees, when they have the capability to access a service with good adaptive behavior,
(2) some networks may never be able to provide
speciﬁc QoS guarantees to the users, (3) even if
the Internet eventually supports reservation mechanisms or diﬀerentiated services, it is more likely
to be on per-class than per-ﬂow basis. Thus, ﬂows
are still expected to perform congestion control
within their own class. (4) With the use of the
diﬀerential services network model in the future,
networks will support services with QoS guarantees together with best eﬀort services and adaptive
services.
During the multicast transmission over the
Internet, several aspects need to be considered:
(1) Transmission rate adaptation: the sender must
adapt the transmission rate based on the current
network conditions. (2) TCP friendliness: during
the multicast transmission over the Internet, the
multicast ﬂows must be TCP friendly. (3) Scalability: the performance of the adaptation scheme
must not be deteriorated with increasing numbers
of receivers. (4) Heterogeneity: the adaptation
scheme needs to take into account the heterogeneity of the Internet and must aim at satisfying the
requirements of a large part if not all possible
receivers.
In this paper, we propose an adaptation scheme
for multicast transmission of multimedia data over
best eﬀort networks, like the Internet, which provides the most satisfaction to the group of receivers, with the current network conditions. We call
this adaptation scheme SRAMT (Sender–Receiver
based Adaptation scheme for Multicast Transmission) and it is a hybrid sender and receiver-based
adaptation scheme. SRAMT is trying to transmit
TCP friendly multicast ﬂows. We propose two
variations of SRAMT: (1) SRAMT-Simulcast
(SRAMT-S) which is using simulcast approach
for the transmission of multicast data and (2)
SRAMT-Layered Encoding (SRAMT-LE) which
is using layered encoding approach for the transmission of multicast data. SRAMT-S creates n
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diﬀerent multicast streams (in most network conditions a small number of diﬀerent multicast streams
is enough—typically 3 or 4 multicast streams),
each one within certain bandwidth limits. All the
multicast streams carry the same multimedia information, each one of them having a diﬀerent quality
and as result diﬀerent transmission rate. SRAMTLE creates n layers (the basic layer and n  1 addition layers) and transmits each layer in diﬀerent
multicast streams, each one within certain bandwidth limits. The basic layer provides the basic
video quality and each addition layer improves
the video quality. A receiver in order to be able
to decode the video layers and present the video
information must receive the layer k and also the
layers 1  (k  1) and then we say that the receiver
is in layer subscription level k.
The number of the streams/layers depends on
the number of receivers with diﬀerent reception
capabilities that expected to receive the multimedia
information from the sender and the processing
capabilities of the computer where the sender runs.
The upper and lower limit of each stream/layer depends on the encoding which is used and the encoder capabilities.
The most prominent features of SRAMT, comparing with other adaptation schemes, which have
already been presented in the literature, are: (1) the
dynamic adjustment of sender transmission rate
(both of in SRAMT-S and SRAMT-LE variations), (2) the innovative RTT (Round Trip Time)
estimation algorithm based on one-way delay measurements, (3) the combination of various methods
(TCP model, AIMD, etc) for the estimation receiversÕ preferred transmission rates.
The rest of this paper is organised as follows:
Section 2 presents some related work available to
the literature. Section 3 presents the architecture
of the of the SRAMT mechanism. Section 4 provides details on how the SRAMT estimates its
parameters. Section 5 describes the necessary additions to RTP/RTCP in order to support the operation of SRAMT mechanism. Section 6 provides
information about the synchronization issues of
stream changes and Section 7 provides information about scalability issues. In Section 8, we present the performance evaluation of the SRAMT
mechanism. In Section 9, we compare the perfor-
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mance of SRAMT with other schemes available
to the literature. Finally, Section 10 discusses some
of our future work and Section 11 concludes the
paper.

2. Related work
When someone multicast multimedia data over
the Internet has to accommodate receivers with heterogeneous data reception capabilities. To accommodate heterogeneity, the sender application may
transmit one multicast stream and determine the
transmission rate that satisfy most the receivers,
may transmit at multiple multicast streams with different transmission rates and allocate receivers at
each stream or may use layered encoding and transmit each layer to a diﬀerent multicast stream. It is
important for adaptive real time applications to
have ‘‘friendly’’ behavior to the dominant transport
protocols of todayÕs Internet [10].
Single multicast stream approaches has the disadvantage that clients with a low bandwidth link
will always get a high-bandwidth stream if most
of the other members are connected via a height
bandwidth link and the same is true for the other
way around. Someone can overcome the above described problem with the use of a multi-stream
multicast approach. Single multicast stream approaches have the advantages of easy encoder
and decoder implementation and simple protocol
operation, due to the fact that during the single
multicast stream approach there is not any need
for synchronisation of receiversÕ actions (as the
multiple multicast streams and layered encoding
approaches require).
The methods proposed for the multicast transmission of multimedia data over the Internet can
be generally divided in three main categories,
depending on the number of multicast streams
used:
• The sender uses a single multicast stream for all
receivers [1,3,23,24]. This results to the most
eﬀective use of the network resources, but on
the other hand the fairness problem among
the receivers arises especially when the receivers
have very diﬀerent capabilities.
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• Simulcast: The sender transmits versions of
the same video, encoded in varying degrees of
quality. This results to the creation of a small
number of multicast streams with diﬀerent
transmission rates [11,6,4]. The diﬀerent multicast streams carry the same video information
but in each one the video is encoded with diﬀerent bit rates, and even diﬀerent video formats
(MPEG, H263, JPEG). Each receiver joins in
the stream that carries the video quality, in
terms of transmission rate, that it is capable of
receiving. The main disadvantage in this case
is that the same multimedia information is replicated over the network but recent research has
shown that under some conditions simulcast
has better behavior that multicast transmission
of layered encoded video [12].
• The sender uses layered encoded video, which is
video that can be reconstructed from a number
of discrete data layers, the basic layer and more
additional layers, and transmits each layer into
diﬀerent multicast stream [13,14,21,23]. The
basic layer provides the basic quality and the
quality improves with each additional layer.
The receivers subscribe to one or more multicast streams depending on the available bandwidth into the network path to the source.
The subject of transmission of TCP friendly
ﬂows over networks has engaged researchers all
over the world [18,21,23]. Various adaptation
schemes deploy an analytical model of TCP [18]
in order to estimate a TCP friendly bandwidth
share. With the use of this model, the average
bandwidth share (rtcp) of a TCP connection is
determined (in bytes/s) with the following
equation:
rtcp ¼
tRTT

P
 qﬃﬃﬃﬃﬃ
;
2
2Dl
3Dl
þ
t
min
1;
3
Þ
lð1
þ
32l
out
3
8

qﬃﬃﬃﬃﬃ

ð1Þ
where P is packet size in bytes, l is the packet loss
rate, tout is the TCP retransmission timeout, tRTT is
the Round Trip Time (RTT) of the TCP connection and D the number of acknowledged TCP
packets by each acknowledgment packet. SRAMT
is using the above described analytical model of

TCP, in order to estimate TCP friendly bandwidth
shares. For the following of this paper we assume
that D = 1 (each acknowledgment packet acknowledges one TCP packet) and tout = 4tRTT (the TCP
retransmission timeout is set to be four time the
RTT).

3. SRAMT architecture
3.1. General
With the use of SRAMT, the sender transmits
multimedia data to a group of m receivers with
the use of multicast. Sender is using the simulcast
approach (SRAMT-S) or layered encoding approach (SRAMT-LE), and transmits the video
information in n diﬀerent streams (SRAMT-S) or
n diﬀerent layers (the basic layer and n  1 additional layers) (SRAMT-LE). The sender transmits
each stream/layer into a diﬀerent RTP/RTCP [20]
multicast session. The transmission rate within
each stream/layer is adapting within its limits (each
stream/layer has an upper and lower limit in its
transmission rate) according to the capabilities of
the receivers. The receivers join the appropriate
streams/layers which suit better their requirements
(available bandwidth between the sender and the
receiver, etc) and if during the transmission of
multimedia data the network conditions to the
path between them and the sender change, the
receivers have the capability change stream, or to
receive more or less video layers in order to accomplish better their requirements.
Based on our experience and SRAMT evaluation we come to the conclusion that when someone
what to implement SRAMT to a real network he
must use as many streams/layers as the number
of the diﬀerent network connections which are
used by the end users. In practice the number of
diﬀerent network connections which are used
today are relative small (PSTN, ISDN, ADSL,
Cable modem, LAN, . . .) and this lead to a relative
small number of streams/layers needed by
SRAMT. If the SRAMT administrator have more
information about the end users can assign more
that one network connection technologies (for
example PSTN and GPRS that have similar trans-
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mission rates) to a streams/layers in order to decrease more the number of streams/layers needed.
One other issue that the SRAMT administrator
has to take into account is to select appropriate
encoding for each stream/layer. For example the
SRAMT administrator must select a low bit
encoding for a stream, which will be received by
receivers with low network connection (for example H.263 for ISDN connections) and the opposite (MPEG-2 for LAN connections). Regarding
the limits of each steam/layer on safe solution is
to set as max transmission rate for a stream the
max transmission rate of the network connection
that the intended receivers are use and to set as
min transmission rate the max transmission rate
of the next lower stream/layer. Moreover the
SRAMT administrator must ensure that the
SRAMT transmission entity has enough processing power in order to perform all the necessary
encodings and its network connection can support
the transmission of all the stream/layers at the
same time.
The communication between the sender and the
receivers is based on RTP/RTCP sessions and
the sender is using the RTP protocol to transmit
the video streams/layers and the participants (the
sender and the receivers) use the RTCP protocol in order to exchange control messages. In the
following paragraphs, we give details about the
diﬀerent aspects of SRAMT mechanism.

3.2. Sender operation
Fig. 1 shows the organisation and the architecture of the SRAMT sender entity. The sender generates n diﬀerent stream managers (SRAMT-S) or
n diﬀerent layer managers (SRAMT-LE). Each
stream/layer manager is responsible for the transmission of a video stream/layer. The sender creates
a new receiver manager every time receives a
RTCP report from a new receiver. Each receiver
manager corresponds to a unique receiver. It processes the RTCP reports generated by the receiver
and can be considered as a representative of the receiver at the side of the sender. In addition, the
synchronisation server is responsible for the management, synchronization and intercommunication between stream/layer managers and receiver
managers. If a receiver manager does not receive
RTCP reports from the receiver, which represents
for long time, stops its operation and releases its
resources.
With the use of RTCP adaptive feedback mechanism the receivers send their feedback to the sender in the form of RTCP receiver reports. We have
added an application speciﬁc part (APP) to the
RTCP receiver reports, which are sent by the
receivers, in order to include the receiversÕ estimation about the TCP friendly bandwidth share rir tcp
in the path between the receiver and the sender, the
packet loss rate estimation li, the stream number k

Sender Entity

Receiver
Manager 1

Receiver
Manager 2

Receiver
Manager k

Synchronisation Server

Stream / Layer
Manager 1
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Stream / Layer
Manager 2

Stream / Layer
Manager n

Fig. 1. The architecture and the data ﬂow of the sender.
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which the receiver receives (SRAMT-S) or receiver
layer subscription level (the maximum layer up to
which the receives listening) k (SRAMT-LE). Receiver manager stores the last value of rir tcp , li
and k from the receiver, which represents, and this
information is used for the adjustment the sender
transmission rate.
When a receiver manager receives a RTCP receiver report from the receiver i (which represents)
is using the packet loss rate li to estimate the transmission rate riAIMD of the receiver i with the use of
an AIMD (Additive Increase, Multiplicative Decrease) algorithm (which has been presented in [2]).
In addition, the receiver manager is using the
analytical model of TCP in order to estimate a
TCP friendly bandwidth share ril tcp in the path between the receiver and the sender: if the receiver
experiences packet losses, a TCP friendly bandwidth share ril tcp (in bytes/s) is estimated with
the use of the Eq. (1) (where tri
RTT is the sender estimation for RTT between that receiver and the sender), and li is the packet loss rate that the receiver i
reports,
ril

tcp

¼
tri
RTT

qﬃﬃﬃﬃ
2li
3

P


þ 4tri
RTT min 1; 3

qﬃﬃﬃﬃ
3li
8

:
li ð1 þ 32l2i Þ
ð2Þ

If the receiver does not experience packet losses, in
order to estimate a TCP friendly bandwidth share
ril tcp , the ril tcp must not be increased more than a
packet/RTT. For this reason receiver manager calculates the new value of ril tcp by adding ðT rr =tri
RTT Þ
packets (where Trr is the time space between the
current and the last receiver report of receiver i)
to the previous value of ril tcp (the ril tcp is expressed
in bytes/s),
ril

tcp

¼ ril

tcp

þ

T rr
2
ðtri
RTT Þ

P:

ð3Þ

r ¼

minðrir tcp ; riAIMD ; ril tcp Þ:

rstreamj ¼ minðri Þ;
for all receivers i listening to stream j
ðrepeat this for all stream 1 . . . nÞ:

ð5Þ

In the SRAMT-LE variation, each time one receiver manager receives a receiver report in the basic
layer session form the receiver, which represents,
informs synchronisation manager in order to adjust the layersÕ transmission rates. The adjustment
of layers transmission rates has as target to produce TCP friendly cumulative transmission rate
for any layer subscription level k. For this reason
the synchronisation manager polls the ri values
of the receivers that are listening only to basic
layer (layer 1) and sets as transmission rate of layer
1 rlayer1 the minimum value of ri of the receivers
that are listening only to basic layer. Then polls
the ri values of the receivers that are listening up
layer 2 and sets as transmission rate of layer 2
rlayer2 the minimum values of ri minus the rlayer1.
This procedure repeats for all the layers,
rlayer1 ¼ minðri Þ
for all receiver i listening up to layer 1
ðbasic layerÞ;
rlayer2 ¼ minðri Þ  rrmlayer1
for all receiver i listening up to layer 2;
...
rlayern ¼ minðri Þ  rlayern1
for all receiver i listening up to layer n:

Then the receiver manager selects as receiverÕs i
preferred transmission rate ri the minimum of the
rir tcp , riAIMD , ril tcp ,
i

rate of the sender streams. In order to update the
transmission rate each stream, synchronisation
manager polls the preferred transmission rates of
all the receiver managers that correspond to
receivers receiving this stream and sets the transmission rate rstreamj of that stream to be the minimum preferred transmission rate of all the
receivers receiving this stream,

ð4Þ

In the SRAMT-S variation, each time one receiver
manager receives a receiver report informs the synchronisation manager to update the transmission

ð6Þ

With the use of the above procedures, we ensure
that sender will transmit TCP friendly traﬃc and
in addition, due to the fact that the transmission
rate of the ﬁrst stream (SRAMT-S) and basic layer
(SRAMT-LE) is set to the minimum value of receiver preferred transmission rates, SRAMT ensures
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that all the receiver will be able to receive multimedia information whereas their available bandwidth
is low comparative with the available bandwidth
of other receivers. 2
In addition, the sender includes to all the RTP
packets, which transmits, the transmission rate of
all the streams/layers. This information can be
used from the receivers in order to change
streams/layers and accommodate better their
requirements.
3.3. Receiver operation
Each receiver measures the characteristics of the
path, which connects it with the sender and informs the sender with the use of receiver reports.
Each receiver measures the following parameters
of the path, which connects it with the sender:
• Packet loss rate (li): The receiver calculates the
packet loss rate during the reception of sender
data based on RTP packets sequence numbers.
• RTT estimations (tei
RTT ): The receiver makes an
estimation for the RTT between it and the sender based on one way delay measurements with
the use of RTP packets timestamps.
The receiver emulates the behavior of a TCP
agent with the use of the analytical model of
TCP and estimates a TCP friendly bandwidth
share rir tcp every RTT time using Eq. (1). If the receiver experiences packet losses is using the following equation in order to estimate a TCP friendly
bandwidth share (in bytes/s),
rir

tcp

¼
tei
RTT

qﬃﬃﬃﬃ
2li
3

P
:
 qﬃﬃﬃﬃ
3li
þ 4tei
li ð1 þ 32l2i Þ
RTT min 1; 3
8
ð7Þ

If the receiver does not experience packet losses, in
order to estimate a TCP friendly bandwidth share
rir tcp , the rir tcp must not be increased more than a
2

We have to mention that during the transmission of
multimedia data, there is a lower limit in the required available
bandwidth, under which the receiver is not able to receive
enough multimedia information and has to stop receiving the
multimedia data.
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packet/RTT. For this reason receiver calculates
the value of rir tcp with the following equation (in
bytes/s):
rir

tcp

¼ rir

tcp

þ

1
tei
RTT

P:

ð8Þ

Each time the receiver sends a receiver report to
the sender includes the average value of rir tcp since
last receiver report.
In addition, the receiver has the capability to
change streams (SRAMT-S) or add and remove
layers (SRAMT-LE) based on the information
that gathers itself and the information that sender
includes in to RTP packets. The receiversÕ layer
subscription or stream changes are synchronized
at the end of a speciﬁc time period Tepoch, which
we call epoch.
In the SRAMT-S variation, there are two cases
that will lead to a receiverÕs transition towards
another stream (we assume that the receivers
have been informed about the upper and lower
limits of each stream during the setup of the
connection):
• If the multicast stream from which the receiver
is currently receiving video has already reached
its lowest (or highest) transmission rate and the
receivers TCP friendly bandwidth share estimation is less (or more) than the stream transmission rate, then the receiver stops listening to this
stream and joins the stream of a lower quality
stream (or higher quality stream), if such a
stream exists.
• When a receiver that co-exists in a stream with
low (or high) capacity receivers but is preferring
better (or worse) quality video, so it has been
unable to increase (or decrease) the video quality of the current stream. The mechanism used
aims in making the SRAMT-S more conservative and operates by counting the number of
consecutive epochs the receiverÕs TCP friendly
bandwidth share estimation was greater (or lesser) than the transmission rate of the multicast
stream. When this number exceeds a certain
limit (for our simulations this number was set
to 4 which results a minimum of 20 s between
stream change which is a time space enough in
order to take a justiﬁed decision.), we assume
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that the receiver has indeed higher (or lower)
capabilities and move it to a better (or worse)
quality stream.
In the SRAMT-LE variation, the receivers
change their layer subscription (add or remove layers) using the following procedure: At the end of
each epoch, each receiver compares the value of
the rir tcp , with the cumulative transmission rates
of the sender layers and change its layer subscription level up to layer k in order to satisfy the following constraint:
rir

tcp

6

k
X

rlayerj :

ð9Þ

j¼1

We declare as unsuccessful stream/layer change the
situation when a receiver joins (or leaves) a stream/
layer and after a sort time period (Tchange) drops
(or adds) again this stream/layer. During our performance evaluation, we observe that the unsuccessful stream/layer changes by the receivers
cause instability to the operation of SRAMT and
must be avoided. In order to avoid unsuccessful
stream/layer changes by the receivers, when a receiver makes an unsuccessful stream/layer change
we avert the receiver to make the stream/layer
change, which was unsuccessful, for the next
2k * Tchange time (where k the number of continuant unsuccessful stream/layer changes since the
last successful stream/layer change). Due to fact
that Tchange aﬀects linearly the value 2k * Tchange
time and the k aﬀects the value of 2k * Tchange
exponentially, we set Tchange to 5 s but also other
values of Tchange can be used.
During the evaluation of SRAMT stream/layer
change mechanism we come to the conclusion that
there is a trade oﬀ issue between protocol stability
and protocol eﬃciency. If we allow more often
stream/layer changes we improve protocol eﬃciency but the protocol is not so stable and the
opposite. In order to overcome the above trade
oﬀ we introduce the mechanism which can be used
in order to avoid the unsuccessful stream/layer
changes. With the use of that mechanism we
change dynamically the time space between
stream/layer changes in order to increase protocol
stability but this has negative eﬀects to protocol

eﬃciency for some receivers. Actually we select
the above approach because we believe that
SRAMT stability is more important.

4. SRAMT parameters estimation
4.1. Packet loss rate estimation
Each receiver measures the packet loss rate
based on RTP packets sequence numbers in each
stream/layer (each stream/layer transmitted by
the sender in diﬀerent RTP/RTCP session). In
order to prevent a single spurious packet loss having an excessive eﬀect on the packet loss estimation, receivers smooth the values of packet loss
rate using the following ﬁlter, which computes
the weighted average of the m most recent loss rate
values lmi;l (the following ﬁlter has been presented in
[23] and has been evaluate and gives a good estimation of packet loss rate),
Pm1 mj
j¼0 wj li;l
li;l ¼ Pmi
i¼0 wi
for receiver i and stream=layer l;

ð10Þ

where li,l is the smooth value of packet loss rate for
stream/layer l. The weights wi are chosen so that
very recent packet loss rates receive the same high
weights, while the weights gradually decrease to 0
for older packet loss rate values. In our simulations we use m = 8 and the following values for
the weights wi: {1, 1, 1, 1, 0.8, 0.6, 0.4, 0.2}. In the
SRAMT-S variation, the receiver reports as packet
loss rate li the packet loss rate li,l of the stream l,
which receives. In the SRAMT-LE variation, the
receiver estimates the packet loss rate li, for all
the layers (1 . . . k) that the receiver receives, with
the following equation:
Pk
j¼1 li;j  rlayerj
li ¼ P k
:
ð11Þ
j¼1 rlayerj
4.2. RTT estimations
When a receiver i receives a RTP packet from a
sender stream/layer, uses the following algorithm

Ch. Bouras, A. Gkamas / Computer Networks 47 (2005) 551–575

in order to estimate the RTT between the sender
and the receiver. If we assume that the sender
and the receiver have synchronized clocks, receiver
can use the timestamp of the RTP packet
(Ttimestamp) and the local time that receives that
packet (Treceiver) in order to estimate the one way
delay form sender to receiver (Toneway),
T oneway ¼ T receiver  T timestamp :

ð12Þ

If the path between the sender and the receiver was
symmetric and the path had the same delay into
both directions, the RTT between the sender and
the receiver would be twice the Toneway
tRTT ¼ 2T oneway :

ð13Þ

Until now, we have made two assumptions: (1) the
sender and the receiver have synchronized clocks
(2) the path between the sender and the receiver
is symmetric. The above assumptions are not true
for the Internet and as result in order to get accurate RTT estimations (tel
RTT ), receivers have to take
the above assumptions into account. For this reason, we use a parameter a and we can write the Eq.
(13) as
tel
RTT ¼ ð1 þ aÞT oneway :

ð14Þ

The parameter a is used in order to smooth the
estimation of the RTT due to the potential unsynchronised clocks between the receiver and the sender and due to the potential asymmetry of the path
between the sender and the receiver. In order to
avoid solely phenomenon to aﬀect the RTT esti-
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mations, receivers pass the tel
RTT values through a
ﬁlter similar to the ﬁlter, which they use for ﬁltering the values of packet loss rate.
In order to estimate the value of parameter a,
receivers need an eﬀective estimation of RTT,
which can be acquired, with the use of RTCP reports: The RTCP receiver report contains the tLSR
(the timestamp of most recent RTCP sender report
from the sender) and tDLSR (The delay between
receiving the last sender report from sender and
sending this receiver report) values. As result the
sender can made an eﬀective RTT measurement
for the path between it and a receiver by using
the following equation (where A is the time which
the sender receives the receiver report from that
receiver):
ri
tRTT
¼ A  tLSR  tDLSR :

ð15Þ

The sender estimates an eﬀective RTT measurement for a receiver i every time receives a
receiver report from that receiver and includes
this eﬀective RTT measurement (with the id of
the receiver) in the next RTP packet of all
the streams (SRAMT-S) or the basic layer
(SRAMT-LE).
A receiver after receives an eﬀective RTT measurement from the sender, estimates an appropriate value for the parameter a using the following
equation:
a¼

tri
RTT
T oneway

 1:

ð16Þ
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Fig. 2 shows the real values of RTT and the values,
which obtained with the above RTT estimations
algorithm during the transmission of multimedia
data with the use of SRAMT over a 1 Mbit link
with background traﬃc produced by an on/oﬀ
traﬃc generator using an exponential distribution
with transmission rate of 0.5 Mbps during on
times. This ﬁgure shows that in most of the cases
the above algorithm gives a good approximation
of the real RTT values.
The values of tel
RTT give an estimation of RTT
based on measurement on each stream/layer l. In
the SRAMT-S variation, the receiver is using as
el
RTT estimation tei
RTT the t RTT of the stream l which
receives. In the SRAMT-LE variation, the receiver
is using for TCP friendly transmission rate estimation the average value of tel
RTT for all the layers
(1 . . . k) that receives:
Pk el
t
ei
ð17Þ
tRTT ¼ l¼1 RTT :
k

5. Extensions to RTP/RTCP
As we have already mentioned, the operation of
SRAMT is based on the transmission with the use
of RTP/RTCP. RTP provides an extension mechanism to allow individual implementations that require additional information to be carried in the
RTP data packet header. SRAMT uses the extension mechanism of RTP in order to add the following ﬁelds in to RTP header:
• Tepoch: The speciﬁc time period called epoch, in
which the receivers have the capability to
change streams (SRAMT-S) or changes their
layer subscription level (SRAMT-LE).
• tri
RTT and receiver id: With this ﬁeld the sender
informs the receiver i about the eﬀective RTT
measurement between this receiver and the
sender.
• Current transmission rates of sender streams
rstreamj, j = 1, . . . , n or sender layers rlayerj,
j = 1, . . . , n.

• End of epoch ﬂag: This ﬂag is used in order the
receiver to be informed about the end of an
epoch and synchronize their stream/layer
changes.
In addition, RTCP gives the capability to
the participants to include in the RTCP reports
an application speciﬁc part (APP) intended for
experimental use. The receivers add to their receiver reports an application speciﬁc part, which
contains the average value of their estimations
for TCP friendly bandwidth share rir tcp and the
packet loss rate estimation li, since last receiver report. Moreover the receivers add to their receiver
report, the stream number that receive (SRAMTS) or the current layer subscription (the maximum layer up to which the receives listening) k
(SRAMT-LE).
In the SRAMT-S variation the above described
extensions to RTP/RTCP are used to all streams.
In the SRAMT-LE variation due to the fact that
all the participants listening at least to the RTP/
RTCP session of basic layer, the above described
extensions to RTP/RTCP are used only to the
basic layer RTP/RTCP session. The RTP/RTCP
protocols with the incorporation of the above described extensions can support in whole the operation of SRAMT.

6. Synchronization of stream changes
During the multicast transmission of data, a
multicast stream transverses a network node as
long as at least one receiver behind that node is listening to that stream. As result, if a receiver stop
listening to a multicast stream, the transmission
of the multicast stream will stop only if that receiver was the only one receiver listening to that multicast stream behind that node. In addition, if two
receivers join diﬀerent streams/layers at the same
time, the receiver which joins the streams/layer
with the lower transmission rate might observe
losses that were not caused by his action but by
the action of receiver join the stream/layer with
the higher transmission rate.
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Similar research has shown [13] that, if the
receivers synchronize their stream/layer changes,
the above problems can be minimized. For this
reason the receiversÕ stream/layer changes are synchronized in the end of each epoch. The sender
marks the next RTP packet in all streams (in
SRAMT-S variation) or only to the basic layer
(in SRAMT-LE where all the receivers are listening at least to the basic layer) after the end of an
epoch with a special ﬂag, which indicates the end
of the epoch. However due to the network heterogeneity and packet losses, some receivers may
not receive the special marked packet, or receive
it in diﬀerent time points. For this reason the sender includes the epoch duration Tepoch in all the
RTP packets that transmits. Receivers can change
streams/layers either when receive a special
marked packet or after (Tepoch + Toneway) time
after the end of the previous epoch (where Toneway
is the one way (sender to receiver) delay estimation of that receiver). During our simulation we
set the Tepoch to be 5 s in order to allow receivers
to quickly ﬁnd the stream or subscription level
which fulﬁls better their requirements. The small
value of Tepoch does not cause problems due to
the tracing and suspending of unsuccessful
stream/layer changes mechanism that SRAMT
supports.

7. Scalability issues
The RTCP adaptive transmission mechanism
deﬁnes as 5 s the minimum value for RTCP report
retransmission timeout. The RTCP adaptive transmission mechanism has as result the interval between the RTCP reports (each participant sends)
to increase when the group of the participant
increases.
In order to ensure that, when the group of the
participants increases, the sender will collect feedback information representing all the receivers, we
do the following modiﬁcation to the RTCP adaptive transmission mechanism: When the RTCP
adaptive transmission mechanism suggests a
big retransmission interval more that Tsuspent
(which means that the number of participants
has increase too), the receivers is using the partial
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suppression method proposed in [17] to control
the transmission of the RTCP reports. According
to that partial suppression method, the receivers
are using a truncated exponentially distributed
retransmission timer in the interval [0, Trand] with
density of
8 1
k
ðk=T rand Þz
>
< expk 1  T rand exp
ð18Þ
T wait ¼
if 0 6 z 6 T rand ;
>
:
0 otherwise:
Each receiver schedules the RTCP retransmission
timeout to be Twait. If the receiver receives a receiver report from an other receiver with TCP
friendly bandwidth share rir tcp similar to its estimation of TCP friendly bandwidth share (we consider that two TCP friendly bandwidth shares are
similar when they diﬀer up to 2%), this receiver
suspend the transmission of its receiver report.
As [17] shows analytically, with the appropriate
selection of the Eq. (18) parameters (k, Trand),
for 10.000 receivers less than 10 feedback messages
are generated for each event the receivers are
reporting on. During our simulations we set
Tsuspent to 10 s in order to ensure that the sender
will always have feedback information, which represents all the receivers. With the above described
mechanism, when the number of the receiver is
small the sender collects information from all the
receivers. When the number of the receivers is
big the sender collects information from a part of
receivers, which represents all the receivers.
The fact the partial suppressed method does not
aﬀect the stream/layer change mechanism and the
opposite has as result good scalability performance of the SRAMT protocol.
In addition the partial suppressed method does
not change the architecture of the SRAMT sender
entity (actually the partial suppressed method is
implemented only to SRAMT receiver entity)
due to the fact that when the partial suppressed
method is in use the SRAMT sender entity store
information only for a part of the receivers. The
only drawback that we have mentioned is an overhead in SRAMT sender entity processing due to
the fact that the group of receiver for which the
SRAMT sender entity stores information chance
more often.
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tion topology and varies from 0.2 Mbps to
10.0 Mbps. All the links in the simulation topology
are full duplex, they have delay 10 ms and they use
the RED (Random Early Drop—[9]) policy to
their queues. With the use of RED, we assure that
all the ﬂows receive the same loss ration and we
avoid the synchronization among the ﬂows. In this
topology we have one sender (S), which transmits
multimedia data with the use of SRAMT to a
group of 6 receivers (R1–R6) with diﬀerent capabilities. In addition we have 3 TCP sources
TCP1, TCP2, TCP3, which transmit data to Sink1,
Sink2, Sink3 respectively. We model the TCP
sources as ‘‘4.3BSD Tahoe TCP’’ [22] sources,
which always have data to send during the simulation. In the simulation topology, we have three
bottleneck links (C1–C2, C1–C3 and C1–C4) and
each router (C2, C3, C4) is shared between
SRAMT and a TCP connection with the same
RTT time as the sender/receiver pair. We run this
simulation two times, one with the use of
SRAMT-S variation and one with the use of
SRAMT-LE variation.
In the SRAMT-S variation the sender transmits three multicast streams with the following
limits: stream one: 50–200 Kbps, stream two: 200–

8. Mechanism evaluation
In this section, we present a number of simulations that we run in order to analyse the behavior
of SRAMT, during the multicast transmission of
multimedia data. We implemented SRAMT and
run simulations in the LBNL network simulator
ns-2 [15]. We evaluate both SRAMT-S and
SRAMT-LE variations.
8.1. Heterogeneous multicast environments—TCP
friendliness
In this simulation, we investigate the performance of SRAMT in a heterogeneous multicast
environment and its TCP friendliness. We choose
to investigate the TCP friendliness of SRAMT in
a multicast distribution tree without any shared
links among the receivers. With this approach,
we investigate the TCP friendliness of SRAMT
without having to consider the eﬀects of interaction between diﬀerent receivers, traversing multiple routers and diﬀerent round trip delays among
the receivers.
Fig. 3 shows the topology of this simulation.
The bandwidth of each link is given to the simula-
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600 Kbps and stream three: 600–1000 Kbps. We
execute this simulation for 1000 s and the sender
starts transmitting the stream one with transmission rate 50 Kbps, the stream two with transmission
rate 200 Kbps and the stream three with transmission rate: 600 Kbps. Receivers R1 and R2 join the
stream one, receivers R3 and R4 join the stream
two and Receivers R5 and R6 join the stream three.
Figs. 4–6 shows the bandwidth distribution to bottleneck links C1–C2, C1–C3 and C1–C4,
respectively.
In the SRAMT-LE variation the sender transmits three layers with the following limits: layer
one (basic layer): 50–200 Kbps, layer two: 50–
400 Kbps and layer three: 50–400 Kbps. With this
conﬁguration the maximum cumulative transmission rate up to layer one is 200, up to layer two
is 600 Kbps and up to layer three is 1000 Kbps.
We execute this simulation for 1000 s and the sen-
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der starts transmitting all the layers with transmission rate 150 Kbps. With the above describe
topology we expect that receivers R1 and R2 will
join only the basic layer (layer subscription level
1), receivers R3 and R4 will join up to layer two
(layer subscription level 2), and receivers R5 and
R6 will join up to layer three (layer subscription
level 3). Figs. 7–9 shows the bandwidth distribution to bottleneck links C1–C2, C1–C3 and C1–
C4, respectively.
As the above ﬁgures suggest, receivers behave
as we except in both variation of SRAMT. These
ﬁgures indicate that SRAMT is in general fair towards to TCP connections and treats the heterogeneous group of the receivers with fairness. In all
bottleneck links SRAMT behaves as is expected,
and shares the available bandwidth with the TCP
connection with the same RTT delay. The behavior of SRAMT (‘‘seeking’’ for available bandwidth
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and reaction to congestion) leads some times to get
more bandwidth share than TCP and some times
to get less bandwidth share than TCP, but in long

term both the SRAMT and the TCP ﬂows get
approximately the same bandwidth share of the
bottleneck links. In addition both SRAMT-S and

Ch. Bouras, A. Gkamas / Computer Networks 47 (2005) 551–575

565

Bandwidth (bps)

800000
700000
600000
500000
400000
300000
200000
100000
0
0

100

200

300

400

500

600

700

800

900

1000

Time (sec)
SMART-LE

TCP Three

Fig. 9. Bandwidth distribution on C1–C4 bottleneck link with the use of SRAMT-LE.

8.2. Multicast environments with share links

SRAMT-LE have similar behavior and performance mainly due to the fact that the simulation
topology does not have any link shared among
multicast stream. The only diﬀerence, which we
mention between the SRAMT-S variation and
SRAMT-LE variation is that the SRAMT-S variation keeps the transmission rates of the streams
more invariable than SRAMT-LE variation keeps
the transmission rates of the layers.

In this simulation, we investigate the performance of SRAMT in a heterogeneous multicast
environment with a multicast distribution tree that
is shared among the receivers. With this approach,
we investigate the behavior of SRAMT, when the
actions of one receiver aﬀect other receivers.
Fig. 10 shows the topology of this simulation.
The bandwidth of each link is given to the simulation topology and varies from 0.2–10.0 Mbps. All
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the links in the simulation topology are full duplex, have delay, which varies from 10–70 ms,
and they use again the RED policy to their queues.
In this topology we have one sender (S), which
transmits multimedia data with the use of SRAMT
to a group of 5 receivers (R1–R5) with diﬀerent
capabilities. In addition each of the links C1–C2,
C2–C3 and C3–C4 is shared between the sender
layers and an uncorrelated background traﬃc,
which consumes maximally the 50% of the link
capacity. In order to produce the uncorrelated
background traﬃc, we use a traﬃc generator with
active and idle periods. During the active periods
the transmission rate of the traﬃc generator follows a Pareto distribution with a scale factor of
1.1 and a mean of 20 packets. Active transfer
phases are then followed by idle periods drawn
by a Pareto distribution with a scale factor of 1.8

and a mean 0.5 s. As [19] suggests the above traﬃc
generator models background web traﬃc. We run
this simulation two times, one with the use of
SRAMT-S variation and one with the use of
SRAMT-LE variation and we execute both simulations for 1000 s. In both simulations the conﬁguration of the SRAMT-S and SRAMT-LE was the
same with the previous simulations, which is presented in Section 8.1. In order to avoid synchronization, the receivers join randomly the stream one
(SRAMT-S) or the layer one (SRAMT-LE) during
the ﬁrst 3 seconds of the simulation. Fig. 12 shows
the bandwidth share of the receivers R1–R5 during
SRAMT-S simulation and Fig. 11 shows the bandwidth share of the receivers R1–R5 during
SRAMT-LE simulation.
In the case of SRAMT-LE, with the above describe topology, we expect that receivers R5 and

Fig. 11. Bandwidth shares of Receiver R1 to Receiver R5 with the use of SRAMT-LE.

Fig. 12. Bandwidth shares of Receiver R1 to Receiver R5 with the use of SRAMT-S.
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R3 will join only the basic layer (layer subscription
level 1), receivers R2 and R4 will join up to layer
two (layer subscription level 2), and receiver R1
will join up to layer three (layer subscription level
3). As Fig. 11 suggests after some seconds each
receiver has the layer subscription level, which
we expect and receives also a bandwidth share
close to the bandwidth share, which we expect.
The only exception is the transmission rate of layer
subscription level one which is close to 120 Kbps
and not close to 200 Kbps, which is the expected
transmission rate, based on the topology of Fig.
10. The explanation for that is the following: because the multicast stream of the basic layer is
the layer with the biggest delay (due to the hops
S, C1, C2, C3, C4, C5) and biggest loss rate (due
to the fact that the layer one pass three congested
links C1–C2, C2–C3 and C4–C5) the estimations
of TCP friendly bandwidth share of receiver R5
is low and the sender keeps the transmission rate
of basic layer low in order to service also the receiver R5. The receivers after some unsuccessful
stream changes (during the ﬁrst 100 s) have join
the layers which fulﬁls better their capabilities
and stay at that stream until the end of the simulation (due to the tracing of unsuccessful layer
changes that SRAMT-LE oﬀers). In addition,
due to the synchronization of layer changes the
undesirable problems are minimal and in general
the receivers actions does aﬀect the bandwidth
shares of the other receivers.
In the case of SRAMT-S, the topology of Fig.
10 restricts the performance of the SRAMT-S,
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due to the fact that the available bandwidth of link
C1–C2 is not enough for the transmission of all the
sender streams and the available bandwidth of link
C2–C3 is not enough for the transmission of sender streams one and two. As Fig. 12 suggests the
SRAMT-S has lower performance than the
SRAMT-LE. In addition as Fig. 12 shows, receivers R1, R2 and R4 join the stream two of sender
and receiver R3 and R5 join the stream one of
the sender. Moreover the receiver R1 tries to join
the sender stream three but returns immediately
to stream two, due to congestion, until the end
of the simulation. It is obvious that the topology
of Fig. 10 restricts the performance of the
SRAMT-S because of the bandwidth of links
C1–C2 and C2–C3.
In order to evaluate the SRAMT-S in a more
‘‘friendly’’ topology, we increase the bandwidth
of link C1–C2 to 3.0 Mbps and the bandwidth of
link C2–C3 to 1.4 Mbps and we run again the simulation for SRAMT-S (again the background trafﬁc consumes maximally the 50% of the C1–C2 and
C2–C3 links capacity). With this change in the
topology of Fig. 10, we expect that receiver R1 will
join the sender stream three, receivers R2 and R4
will join the sender stream two and R3 and R5 will
join the sender stream one. Fig. 13 shows the results of this simulation. As this ﬁgure suggests
after some seconds each receiver joins the stream,
which we expect and receives also a bandwidth
share close to the bandwidth share, which we expect. The receivers have join the sender stream
which fulﬁls better their capabilities after some

Fig. 13. Bandwidth shares of Receiver R1 to Receiver R5 with the use of SRAMT-S.
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unsuccessful stream changes (during the ﬁrst
200 seconds) and stay at that stream until the end
of the simulation (due to the tracing of unsuccessful stream changes that SRAMT-S oﬀers). Again
the transmission rate of stream one is close to
100 Kbps and not close to 200 Kbps due to the fact
that stream one is the stream with the biggest delay
(due to the hops S, C1, C2, C3, C4, C5) and biggest loss rate (due to the fact that the layer one
pass three congested links C1–C2, C2–C3 and
C4–C5). As result the estimations of TCP friendly
bandwidth share of receiver R5 is low and the sender keeps the transmission rate of stream one low
in order to service also the receiver R5. In addition, due to the synchronization of stream changes
the undesirable problems are minimal and in general the receivers actions does aﬀect the bandwidth
shares of the other receivers.
The most common queuing management technique in the Internet today is the droptail queue
management (mostly because its easy implementation). In order to evaluate the performance of the
SRAMT mechanism when the droptail queue
management technique is used, we change the
queuing management technique of the routers of
the topology of Fig. 10 to droptail and we run
again the simulation using the SRAMT-S variation of the SRAMT mechanism. Also in this
simulation, we increase the bandwidth of link
C1–C2 to 3.0 Mbps and the bandwidth of link
C2–C3 to 1.4 Mbps and again the background
traﬃc consumes maximally the 50% of the C1–
C2 and C2–C3 links capacity. Fig. 14 shows the results of this simulation. As Fig. 14 shows, SRAMT

has similar behavior when droptail queue management technique is used and the receivers after some
time have join the sender stream, which fulﬁls better their capabilities. The receivers stay at the
appropriate stream until the end of the simulation
(due to the tracing of unsuccessful stream changes
that SRAMT oﬀers). The only drawback, which
we mentioned when we used the droptail queue
management technique is the fact that the bandwidth share of the SRAMT is reduced (comparing
the bandwidth share which receives which we use
RED queue management technique). This phenomenon aﬀects mainly the receivers of the low
bit rate streams. The above behavior is expected
and can be justiﬁed as follows: the droptail queue
management technique does not ‘‘protect’’ from
synchronization among the streams and in addition droptail queue management technique results
in more packet losses in the routers (due to queue
overﬂow) comparing with RED queue management technique. This has as result higher packet
losses and lower transmission rates for the
SRAMT mechanism. The streams that are aﬀected
the most are the streams with the smaller transmission rates due to the fact that these streams pass
through more droptail queues based on the Fig.
14 topology.
8.3. Comparison of SRAMT-S and SRAMT-LE
during the evaluation
General the behavior of SRAMT-S variation
and SRAMT-LE variation is the same. In this section we describe some diﬀerences, which we men-

Fig. 14. Bandwidth shares of Receiver R1 to Receiver R5 with the use of SRAMT-S and droptail queue management.
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tioned between the SRAMT-S variation and
SRAMT-LE variation during the performance
evaluation. Mainly these diﬀerences derived from
the diﬀerent characteristics of the simulcast and
layered encoding approaches.
One main diﬀerence between SRAMT-S and
SRAMT-LE is the better performance of
SRAMT-LE in topologies with a multicast distribution tree that is shared among the receivers. In
these topologies the SRAMT-LE behaves better
mainly due to the fact the simulcast approach,
which SRAMT-S is using, wastes bandwidth by
essentially duplicating the transmission of the content in multiple streams. On the other hand the
layered encoding approach, which SRAMT-LE is
using, wastes bandwidth as overhead for the operation of layered encoding and decoding of video
information. Depending of the encoding which is
used, the overhead of layered encoding may be
more that 20%, which means that the layered
encoding approach needs 20% more bandwidth
comparing the simulcast approach in order to provide the same experience to the end user (In [12],
authors tries to measure the above aﬀect and compare simulcast and layered encoding). Moreover
the implementation of layered encoders/decoders
is more complex that the traditional encoders,
which are used during the simulcast, approach.
One other diﬀerence between SRAMT-S and
SRAMT-LE is the fact that the SRAMT-S variation
keeps the transmission rates of the streams more
invariable than SRAMT-LE variation keeps the
transmission rates of the layers. This behavior derives from the fact that with the use of SRAMTLE variation, the bottleneck links are shared among
more multicast streams than the use SRAMT-S variation. For example in Fig. 3 the C1–C4 bottleneck
link is shared between two streams (TCP three and
sender stream three) when we use the SRAMT-S
variation and is shared between four streams (TCP
three and sender layer one, two and three) when
we use SRAMT-LE variation.

9. Comparison of SRAMT with other schemes
In this section we compare the performance of
SRAMT-S and SRAMT-LE mechanisms with
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other mechanisms founded to the literature
regarding the following parameters: TCP friendliness, stability, scalability and convergence time
to stable state. The above parameters set outline
well the behavior of a congestion control scheme.
We compare the SRAMT-LE with the following layered encoding schemes:
• PLM [13]: PLM stands for ‘‘Packet pair receiver-driven Layered Multicast’’ and is based on
a cumulative layered scheme and on the use of
packet pair to infer the bandwidth available at
the bottleneck to decide which are the appropriate layers to join. PLM assumes that the routers
are multicast capable but does not make any
assumption on the multicast routing protocol
used. PLM is receiver driven, so all the burden
of the congestion control mechanism is at the
receivers side. The only assumption we make
on the sender is the ability to send data via cumulative layers and to emit for each layer packets
in pairs (two packets are sent back-to-back).
PLM is highly scalable due to the receiver-driven cumulative layered scheme. PLM does not
require either any signaling or feedback.
• MLDA [21]: MLDA stands for ‘‘Multicast
enhanced Loss-Delay based Adaptation algorithm’’. MLDA is a hybrid sender and receiver-based adaptation scheme that combines on
the one hand various well known concepts for
multicast congestion control such as receiverbased rate calculation, layered transmission
and dynamic into a uniﬁed congestion control
architecture. Scalability in MLDA is based on
partial suppression method.
• RLC [23]: RLC stands for ‘‘Receiver-driven,
Layered Congestion control algorithm’’. RLC
is designed to support one-to-many communication to potentially large sets of receivers with different bandwidth requirements. RLC uses a
hierarchical, layered scheme for data transmission, where receivers can join to one or more
multicast groups to receive data at a rate approximately matching their bandwidth to the
source—this translates into diﬀerent quality levels in the case of multimedia streams, or in faster
transfer times for reliable data communication.
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Scalability in RLC comes from full decentralization of functionality: each receiver takes congestion control decisions autonomously.
We compare the SRAMT-S with the following
simulcast schemes:
• DSG [6]: DSG (Destination Set Grouping) is an
end to end mechanism for the simulcast transmission of multimedia data which bases its estimations on the current network conditions.
DSG uses the packet loss rate in order to estimate the network conditions. The receivers send
their estimations regarding the network condition to the sender using a special mechanism
in order to avoid the feedback implosion problem. Receivers decide for the multimedia
stream, which they will receive based on the
information, which they collect, and the information, which they receive from the sender.
Also the receiversÕ changes among the streams
are synchronized.
• IRFM [11]: IRFM (Inter-Receiver Fair Multicast) is an end to end mechanism for the simulcast transmission of multimedia data. IRFM
uses the packet loss rate in order to estimate
the network conditions and also uses a fairness
function in order to serve the receivers with fairness. Main characteristic of IRFM is that it uses
only two multimedia streams, one for the low
capabilities receivers and one for the high capabilities receivers.

Fig. 15. PLM performance against TCP traﬃc.

Fig. 15 shows how the PLM shares a bottleneck
link initially with one TCP connections and later
on with two TCP connections. The simulation scenario was the following: Initially the ﬁrst TCP connections transmits data and at the 20th second
starts the transmission of the PLM session and ﬁnally at the 60th second starts the transmission of
the second TCP connection over the bottleneck
link. As Fig. 2 shows, the PLM session adapts all
most perfectly to the available bandwidth in presence of TCP ﬂows. Comparing the PLM behavior
with the SRAMT-LE behavior we can draw the
following conclusions: PLM has more stable transmission rate and change its transmission rate in
steps comparing with SRAMT-LE which can not
keep its transmission rate stable and changed it
continues during the entire experiment (Fig. 1).
In long term, we can say that in the case of
PLM, TCP traﬃc gets more bandwidth that the
PLM traﬃc but in the case of SRAMT-LE, TCP
and SRAMT-LE traﬃcs are share almost them
equally the available bandwidth. In order to
summarize, both PLM and SRAMT-LE have
good behavior against the TCP traﬃc with PLM
oﬀering a more stable transmission rate and
SRAMT-LE oﬀering more fair bandwidth sharing.
In addition, the PLM has a fast convergence time
to the stable state after the transmission of the
TCP traﬃc to the bottleneck link. The main disadvantage of PLM is the fact that assumes that the
routers of network testbed support some kind of
a fair queuing mechanism that allocates each ﬂow
a fair bandwidth share. Only under this assumption, it is possible to use PLM for congestion control. The fact that the Internet router does not
support fair queuing mechanisms at the moment
(and it is not expected to support fair queuing
mechanisms in large scale to the near future) has
as result the diﬃcult large scale deployment of
PLM to the Internet.
Fig. 16 shows how the RLC shares a bottleneck
link with TCP traﬃc. The simulation scenario includes the transmission of 8 RLC sessions together
with 8 TCP connections over a bottleneck link. As
Fig. 3 shows, RLC is slightly more aggressive than
TCP, but this was expected as RLC considers closely spaced losses as a single event, whereas TCP
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Fig. 16. RLC performance against TCP traﬃc.

does not. On the other hand, TCP and RLC do
not starve each other when competing. Comparing
the RLC behavior with the SRAMT-LE behavior
we can draw the following conclusions: both RLC
and SRAMT-LE have some ﬂuctuation on their
transmission rates but they keep relative stable
their transmission rates. In addition, it is obvious
that SRAMT-LE has more friendly behavior
against TCP traﬃc than RLC has. In addition,
both RLC and SRAMT-LE have similar convergence times to the stable state. In order to summarize, SRAMT-LE has better behavior against the
TCP traﬃc comparing with RLC and this is be-

Fig. 17. MLDA performance against TCP traﬃc.

cause the TCP analytical model used by
SRAMT-LE is more accurate than the TCP analytical model used by the RLC. On the other hand,
the RLC has a much more simple implementation
comparing with SRAMT-LE.
Fig. 17 shows how the MLDA shares a bottleneck link with TCP traﬃc. Fig. 17 shows the bandwidth share between MLDA and TCP traﬃc in the
bottleneck link. As Fig. 17 shows, the MLDA has
friendly behavior against TCP traﬃc most of the
simulation time but in some cases either the TCP
traﬃc starves MLDA traﬃc or MLDA traﬃc
starves TCP traﬃc (most of the starve cases).
Comparing the MLDA behavior with the
SRAMT-LE behavior we can draw the following
conclusions: the SRAMT-LE behavior is friendlier
that MLDA behavior against TCP traﬃc mainly
due to the fact the SRAMT-LE traﬃc does
not starve TCP traﬃc as MLDA traﬃc does in
some cases. In addition, MLDA has long convergence times to the stable state comparing
with SRAMT-LE. Moreover, both MLDA and
SRAMT-LE do not keep their transmission rates
stable but they have ﬂuctuation on their transmission rates. In order to summarize, both MLDA
and SRAMT-LE have similar behavior but the
MLDA has the drawback of big convergence time
to the stable state and starving of TCP traﬃc in
some cases.
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Table 1
Comparison of SRAMT-LE with the other layered encoding schemes
Parameter/mechanism

SRAMT-LE

PLM

RLC

MLDA

TCP friendliness
Stable transmission rate
Convergence time
Stable operation
Scalability

Very good
No
Relative fast
Yes
Well—partial
suppression method
No

Good
Yes
Very fast
Yes
Well—not require
feedback for the client
Fair queuing mechanism
in routers

Modest
Yes
Relative fast
Yes
Well—not require
feedback for the client
No

Good
No
Modest
No
Well partial
suppression method
No

Limitations

Table 1 summarizes the comparison of
SRAMT-LE against the others layered encoding
schemes. As this table shows, SRAMT-LE has
good performance against TCP traﬃc and in general terms has good performance comparing with
the other layered encoding schemes. The main
drawback of the SRAMT-LE mechanism is
the fact that SRAMT-LE has ﬂuctuation on its
transmission rate and does not keep its transmission rate stable. This has as result the TCP connections also to have ﬂuctuation on their transmission
rates as reaction to the continues changing network conditions due to the above mentions
SRAMT-LE behavior.
Fig. 18 shows the transmission of multimedia
data with the use of DSG. The scenario of this

experiment includes the transmission of three multicast streams over the Internet. As Fig. 18 shows,
DSG has a relative stable operation and its transmission rate does not have heavy ﬂuctuations. In
addition, the time until the DSG obtains stable
operation is satisfactory. Regarding TCP friendliness, paper [6] does not provide any information.
Comparing DSG with SRAMT-S we can draw
the following conclusions: DSG has better performance than SRAMT-S regarding stability and
both SRAMT-S and DSG have satisfactory performance regarding the time to obtain stable operation. Moreover SRAMT-S oﬀers a TCP friendly
operation.
Fig. 19 shows the transmission of multimedia
data with the use of IRFM together with TCP traf-

Fig. 18. DSG performance.
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Table 2 summarizes the comparison of
SRAMT-S against the others simulcast schemes.
As this table shows, SRAMT-S has good performance against TCP traﬃc and in general terms
has good performance comparing with the other
simulcast schemes. The main drawback of the
SRAMT-S mechanism is the fact that SRAMT-S
has ﬂuctuation on its transmission rate and does
not keep its transmission rate stable.

10. Future work
Fig. 19. IRFM performance against TCP traﬃc.

ﬁc. The scenario of this experiment includes the
transmission of one TCP connection and IRFM
traﬃc (two multicast streams) over a network link.
As Fig. 19 shows, IRFM has friendly behavior
against TCP traﬃc (by the meaning that TCP trafﬁc does not starve) and some times IRFM gets
more bandwidth than TCP and some times TCP
gets more bandwidth than IRFM. In addition
IRFM has relative stable operation but has some
heavy ﬂuctuations during the transmission of the
multimedia data. Regarding scalability issues,
IRFM is using a feedback suppression mechanism
during the transmission of feedback information
from the receivers to the sender. Comparing
IRFM with SRAMT-S we can draw the following
conclusions: SRAMT-S has better performance
than IRFM regarding TCP friendliness and it also
needs less time to obtain stable operations.
Regarding stability both IRFM and SRAMT-S
have similar performance.

Our future work includes the investigation of
the ﬂuctuations in SRAMT transmission rate in
order the SRAMT to transmit more smooth transmission rates and provide a better experience to
the end users. In addition our future work includes
the investigation of dynamically adding more
streams/layers instead of the static number of
streams/layers that SRAMT supports now. This
will provide more ﬂexibility to the operation of
the SRAMT mechanism. Moreover we plan to
implement a prototype of SRAMT (for both variations) and evaluate its operation over the real
Internet and compare the results of the Internet
evaluation with the simulation results, which are
presented in this paper. In addition we will perform a detail validation of SRAMT through test
over the Internet with use of large participants
groups and we will investigate the scalability of
proposed mechanism and how the proposed mechanism will deal with the feedback implosion problem. Furthermore we will compare the SRAMT-S
with SRAMT-LE based on the end user experience
and we will measure the bandwidth overhead in
both SRAMT variations (in the SRAMT-S varia-

Table 2
Comparison of SRAMT-S with the other simulcast schemes
Parameter/mechanism

SRAMT-S

DSG

IRFM

TCP friendliness
Stable transmission rate
Convergence time
Stable operation
Scalability
Limitations

Very good
Modest
Satisfactory
Yes
Very good
No

–
Yes
Satisfactory
Yes
Modest
No

Modest
Modest
Modest
Modest
Modest
No
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tion we have bandwidth overhead due to the
redundant transmission of the same multimedia
information and in the SRAMT-S variation we
have bandwidth overhead due to the use of layered
encoding). In addition we plan to investigate the
fairness of SRAMT mechanism by performing details simulation and measuring SRAMT fairness
versus various parameters (for example number
of receivers, versus link capacity, link delay, number of streams) in order to receive more reliable results about SRAMT fairness. Finally we intend to
enhance the proposed mechanism by adding a
mechanism in order to dynamically choose and
modify the parameters that regulate the aggressiveness of the adaptation.

11. Conclusion
In this paper, we present the behavior investigation of the SRAMT, a mechanism for multicast
transmission of adaptive multimedia data in a heterogeneous group of receivers. SRAMT is using a
hybrid sender and receiver-based adaptation
scheme and uses both a TCP model and an AIMD
algorithm to estimate a TCP friendly bandwidth
share. The proposed mechanism uses RTP/RTCP
protocols for the transmission of multimedia data.
We are concentrating on the design of a mechanism for monitoring the network condition and
estimating the appropriate rate for multicast transmission of multimedia data in order to treat with
fairness the clients. We propose two variations of
SRAMT: (1) SRAMT-Simulcast (SRAMT-S)
which is using simulcast approach for the transmission of multicast data and (2) SRAMT-Layered Encoding (SRAMT-LE) which is using
layered encoding approach for the transmission
of multicast data. We investigate the behavior of
SRAMT through a number of simulations. Main
conclusion of the simulation was that SRAMT
has friendly behavior against the dominant traﬃc
types (TCP traﬃc) of todayÕs Internet and good
behavior during congestion condition in both of
its versions. In addition SRAMT treats with fairness a heterogeneous group of receivers.
We compare also the behavior of SRAMT with
other schemes available to the literature and we

come to the conclusion that SRAMT- provides
good performance comparing with other schemes
available to the literature.
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