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Abstract

A peer-to-peer architecture for multipoint videoconferencing is presented. Each conference participant may have

asymmetric and dissimilar bandwidth connections to the Internet. The solution does not require additional hardware,

as in multipoint control units, or network infrastructure support such as multicast. Without creating any additional

demand on the networking and computing resources needed for a point-to-point videoconference, this architecture can

extend it into a multipoint one. A protocol for a completely distributed implementation has been developed and tested

on a prototype system extending a point-to-point video phone to a multipoint one. The architecture of the prototype

system along with the details of the protocol optimization is discussed. Several performance results are presented.

r 2005 Elsevier B.V. All rights reserved.
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1. Introduction

Large bandwidth demands of video transport
and associated high networking costs are among
the leading reasons for the current unpopularity of
videoconferencing in general and multipoint (MP)
videoconferencing in particular. Problems with
implementing MP videoconferencing can be ob-
served, for example, in the video enhanced instant
messaging (IM) applications. Recently, several IM
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implementations started to allow participants of
chat rooms establish pair-wise video communica-
tions along with text-based chat. Using this
technology in a multi-party video-chat, where
everyone wants to see everyone else, however,
increases both the send and the receive bandwidth
demands for all participants for each added party
to the MP conference. For low bandwidth
connections, e.g., connections over ordinary mod-
ems, the bandwidth is barely enough for transport-
ing video between two participants and clearly
will not be sufficient as the number of parti-
ciants increases. Consequently, users with modem
connections cannot participate in MP video-
conferences. Considering that low bandwidth
d.
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connections still constitute a significant percentage
of the Internet access lines, a solution to this
problem is needed for the wide-scale usability of
MP videoconferencing.

One approach to reduce the bandwidth demand
of an MP videoconferencing system is to use
network-based devices called multipoint control
units (MCU) [1]. An MCU is a central device
which has a larger bandwidth Internet connection
than a regular participant and it receives all
participants’ video signals and disseminates them.
An MCU prepares a video representation, e.g.,
collages of low-resolution video and sends it to all
participants. However, their costs and manage-
ment complexities make MCUs suitable only for
larger business applications.

Another way to reduce the bandwidth require-
ment is to use multicasting when it is supported by
the underlying network. An additional advantage
of a multicasting-based solution is the reduced
operation complexity due to its distributed nature
[6]. Unfortunately, due to the fact that wide-scale
deployment of native mode multicasting on the
global Internet has still not been realized, this
option is not a viable choice either.

In this paper, we present a new fully distributed
peer-to-peer (P2P) approach for multipoint video-
conferencing. Our initial assumption, namely 1-1
I/O constraint, dictates that a participant can only
receive, send and produce a single video signal at
any given time. Then, we further consider the case
where all participants can receive and produce a
single video signal, but send/relay one or more
video signal(s) at any given time. This approach
takes the heterogeneity of the Internet environ-
ment into consideration. We built a prototype of
our system by extending an H.263-based, point-to-
point video telephony implementation to MP
video. The resulting system can be used for MP
videoconferencing among participants with mod-
em connections to the Internet without requiring
multicast support or MCUs and it can be used for
extending most other point-to-point systems also.
Our system has no need for additional hardware,
as in MCUs, or underlying network support like
multicast. Besides, our solution is fully distributed
and does not suffer from single point of failures.
With almost no additional demand on the
networking and computing resources needed for
a point-to-point videoconference, our system can
make it possible to extend a point-to-point
conference to an MP videoconference, where each
participant can see one other selected participant
under most practical cases.

P2P techniques are becoming extremely popular
and finding diverse applications. Use of P2P
techniques for videoconferencing through an
end-system-based multicast implementation has
been reported before [4]. However, such systems
assume availability of larger upstream bandwidths
for each participant. In [11] another P2P solution
for MP videoconferencing based on a centralized
architecture is presented. Our implementation, by
focusing on the needs of those users with
symmetric, low bandwidth connections, presents
a totally distributed solution with no single point
of failure and central server maintenance.

The article is organized as follows. In the next
section, an overview of P2P media distribution
approaches is presented. Section 3 presents the
main algorithm for a distributed P2P MP video-
conferencing arrangement for participants with a
single video input/output. Section 4 discusses the
implementation details of our prototype system.
Section 5 addresses optimizing the resulting system
for delay. A solution for the case where some
participants have multiple video outputs is dis-
cussed in Section 6. Finally, Section 7 presents
results and conclusions.
2. Related work

Most of the recent techniques for P2P media
streaming on the Internet utilize multicast model
at the application layer. The main benefit of
implementing application layer multicast is over-
coming the lack of large-scale IP multicast
deployment at the network layer. In addition to
P2P models, there exist other application layer
multicast solutions adapting an overlay-based
(infrastructure level) approach. Overlay-based
approaches require the existence of dedicated
servers as opposed to P2P ones. They are scalable
since the receivers can get the content from the
dedicated servers acting as software routers, which
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would decrease the bandwidth consumption at the
source as well.

Most of the publications on P2P media dis-
tribution so far focus on streaming applications.
Capacity analysis of a P2P media streaming
system, and the two key problems of these systems,
namely the media data assignment for a multi-
supplier P2P streaming session and the fast
amplification of the P2P streaming capacity, are
discussed in [21]. Various methods have been
proposed to address the asynchrony of user
requests and the synchronous nature of the multi-
cast paradigm [9]. A recent study [8] proposes a
layered P2P streaming mechanism for on-demand
media distribution. Asynchrony of user requests
and heterogeneity of peer network bandwidth are
the two main issues that this work points out. As
the solution, cache-and-relay and layer-encoded
streaming techniques are proposed. The solution
has been shown to be efficient at utilizing peers’
bandwidth, scalable at saving server bandwidth
consumption, and optimal at maximizing stream-
ing quality of peers.

ZIGZAG is a P2P system developed for single-
source media streaming to a large group of
participants on the Internet [20]. It proposes an
efficient failure recovery and control protocol for
maintaining the application layer multicast tree
against network dynamics and unpredictable client
behaviors. Failure recovery is performed locally,
and control overhead is constant. In addition, the
system addresses the issue of minimizing end-to-
end delay from source to receivers. The study
includes a theoretical analysis together with a
simulation study and comparison with NICE
protocol [2], an application layer multicast techni-
que for P2P streaming. NICE and ZIGZAG are
different in their multicast tree construction and
maintenance mechanisms. They both focus on
large P2P networks. The system in [20] is based on
one of the first P2P streaming techniques called
‘‘chaining’’ [18]. It allows a source to server chain
of clients using a single data stream. In chaining,
the delivery tree is built rooted at the source, and it
uses the source’s bandwidth efficiently by utilizing
other peers’ bandwidth to stream media to others.

CoopNet [13] proposes a hybrid approach
integrating the client-server and P2P models for
both live and on-demand streaming media. For
on-demand media, clients make use of caching
content that they viewed recently. For live media
streaming, clients form a distribution tree rooted
at the source. In particular, CoopNet considers the
problem of server overload by a large number of
requests from clients. In such a case, it utilizes P2P
model and clients cooperate to distribute content
to decrease the load on the server. In addition,
CoopNet uses a multiple description coding
method for the media content, which improves
robustness and balances load among peers.

Another study [4] explores the impact of
application requirements on end system multicast
architecture in which end systems in a multicast
group self-organize into an overlay structure. In
the context of audio and videoconferencing
applications, techniques proposed are incorpo-
rated into Narada [5], which is a self-organizing
and self-improving protocol that adapts to net-
work dynamics. Narada constructs overlay struc-
ture in two phases. First, it maintains a connected
graph called mesh among the peers, and then
constructs a shortest path spanning tree on the
mesh whenever a source wants to transmit content
to a set of receivers. Each member has a limited
number of neighbors on the mesh determined by
that member’s connection bandwidth to the
Internet. This limitation regulates the fan-out of
members when constructing trees, and reduces the
overhead when running routing algorithms on the
mesh. Benefits of the two-phase approach are that
group management is maintained on the mesh
rather than on trees per source, and a mesh is more
resilient to the failure of members. Mesh-based
approach is also motivated to better support
multi-source applications. Constructed tree for a
video source aims to optimize metrics such as
stress (number of identical copies of a packet
carried over a physical link), relative delay penalty
(ratio of the delay between two members along the
overlay to the unicast delay between them), and
resource usage. Results indicate that end system
multicast is a promising approach for enabling
conferencing applications in dynamic and hetero-
geneous Internet settings. The study demonstrates
the necessity for self-organizing protocols to adapt
to both latency and bandwidth metrics. In
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practice, end system multicast is widely and
successfully used for single source video streaming
on the Internet. Although its applicability to
multi-source videoconferencing is mentioned, to
the best of our knowledge, its practical usage in
this context is not that common and related
performance results are not reported. Different
than this study, we target multi-source videocon-
ferencing sessions in particular.

Finally, [11] proposes an approach for multi-
sender 3D videoconferencing using end-system
multicast, which has a problem domain similar
to our study. It maintains a conference session
protocol for small number of participants where
each participant can act as video source for the
rest, and frequent changes are handled quickly. It
also offers a method of soft-join which involves
locating a new participant into the multicast tree
as fast as possible. Unlike video sharing, multicast
tree construction in [11] is done via rendezvous
points (RP) acting as central machines. This makes
decision-making fast and reliable. However, due to
the nature of centralized solutions, it suffers from
single point of failures. In addition, multicast tree
construction involves controlling all multicast
trees which increases operational complexity and
cost. While constructing multicast trees, the RP
can choose one idle/available participant for
acting as a reflector node (node that relays other
participant’s video without watching) without its
consent.

Our approach differs from the prior work
discussed above in a number of ways. First of
all, it is not based on an application layer multicast
model or overlay-based approaches requiring the
availability of dedicated servers. Our solution
employs a fully distributed model utilizing P2P
principles for the dissemination of media content.
Hence, problems of single point of failure and
server overload are avoided. As discussed in the
following section, our main assumption dictates
that each conference participant can produce and
receive only one video signal at any given time and
send/relay one or more video signal(s) based on its
computing power and Internet connection speed.
This, together with the P2P media dissemination
model, leads to balanced overhead at the partici-
pants. A solution should be efficient in utilizing
participants’ bandwidth and scalable at saving
media sources’ bandwidth consumption. Our
system achieves this via the spanning tree config-
uration and management of conference partici-
pants. Besides, our approach does not allow
resource sharing without a participant’s consent.
3. Peer-to-peer approach for video transmission for

participants with single video I/O

In our P2P approach to MP videoconferencing,
we assumed that each participant can produce,
send, and receive only one video signal at any
given time. This way the networking and the
computing resources needed for an MP conference
stay the same as that of a point-to-point con-
ference. In order to enable MP video, however, a
participant receiving a video signal may have to
pass it to another participant who also wants to
receive the same video signal. Relaying the
received video signal to another participant does
not bring any additional computational burden
beyond sending the participant’s own video signal,
but it uses up the entire available upstream
bandwidth. Thus, a participant who is sending its
own video signal cannot act as an intermediate
peer passing a video signal to another peer, and an
intermediate peer cannot send its own video signal
to anyone else.

As shown in Fig. 1, in an MP videoconference
among three participants, a P2P configuration can
always be found such that any participant can see
any other participant at any given time. As
demonstrated in Fig. 2 for a conference with four
participants, however, there are cases where this
will not be possible when the number of partici-
pants is four or larger.

3.1. A distributed solution

Our distributed architecture can be used to
implement a P2P MP videoconferencing system
that can configure itself to allow each participant
to see any other participant whenever possible, i.e.,
when the resulting configuration is achievable. In
this architecture, we assumed that the usual tasks
of setting and controlling a multipoint conference
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Fig. 1. In a P2P MP videoconference with three participants each participant can see any other participant. (The numbers on the

arrows indicate which participant’s video signal is being transmitted over the corresponding link.)
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are handled by the appropriate protocols as
described in the Internet multimedia architecture.
Therefore, tasks such as inviting participants to
conferences, distributing, and managing the list of
active participants, etc. are outside the scope of
this description. Also, transmission of any other
media associated with the video such as text
messages is not addressed but can be carried out
in a similar manner.

The state of our P2P MP videoconferencing
system is defined on the basis of an object called a
‘‘chain.’’ In this context, a chain defines the video
flow configuration between the participants of a
conference receiving the same video signal at a
given time. All the chains involved in a P2P MP
videoconference define the conference’s current
state. The video flow configurations, i.e. chains,
change during a session as a response to ‘‘config-

uration messages’’ sent between the participants.

3.1.1. Chains

A chain is an ordered list of identification
numbers of the conference participants who
receive the same video signal, in the order they
receive it. The first entry in this list, called the
‘‘head,’’ is the video source for the rest of the
participants in the list. Every participant gets
assigned a unique identification (ID) number when
they join the conference. Each chain has an
additional binary valued attribute called ‘‘extensi-

bility.’’ A chain is extensible (e) if its last member is
not a head for another chain, non-extensible (ē)
otherwise.

Each chain member knows the head of the chain
and the receiver ID if it relays video. The head
knows about the entire chain. A participant who
does not send or receive video is a member of an
extendible chain containing only its own ID
number. Fig. 3 shows the chains corresponding
to the conferencing arrangements shown in Figs. 1
and 2.

3.1.2. Configuration messages

The heads play a central management role for
their chains. For example, if a new participant
wants to receive video, the head needs to configure
its chain by sending the necessary messages to
other affected participants. If a chain member
looses video, it waits for a ‘‘modify chain’’ message
from the head and if such a message does not
arrive within a timeout period, the head is assumed
to be non-functional and the chain is dissolved.

There are eight configuration messages as out-
lined below:
(i)
 Video request message: Sent by any partici-
pant to request video from another partici-
pant. The recipient may already be the head
of a chain, in which case the chain needs to
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be reconfigured if possible. Otherwise, a new
chain can be created. A video request
message carries the ID of the requestor and
an attribute indicating whether the requestor
is sourcing video to any other participant or
not. A participant already receiving video
cannot send a video request message unless it
releases its current video successfully. Var-
ious actions resulting from a video request
message are outlined in the pseudo-code
below.

Participant k receives a video request
message from participant m

if k is a head
if k’s chain is extensible

append m to chain
else

if m can pass through video
insert m in chain

else
deny the request

else
if k is a chain member

if the chain is extensible
move k to the end
start new chain

else deny the request
Since the extensibility of a chain may
change, the head checks this with the last
member before adding a new member or
reconfiguring the chain.
(ii)
 Video request ack/nack message: This message
is sent as a response to a video request message.
If the requestor has to pass the video that it
receives to another participant, the ID of this
participant is included in the acknowledgement.
If the video cannot be sent at the current
configuration, a nack message is sent back.
(iii)
 Release request message: When a participant
decides to stop receiving, it must send a
‘‘release request’’ message to the head. If the
‘‘release request’’ message is not from the
last chain member, the head reconfigures its
chain by sending a ‘‘modify chain’’ message
to the member sending video to the source of
the ‘‘release request’’ message. This message
includes the ID of the successor if any. If the
last participant wants to stop the video, the
peer before the last is sent a ‘‘modify chain’’
message with a zero argument.
(iv)
 Extensibility check message: A head sends
this message to the last member of the chain
to determine if the chain is extensible.
(v)
 Extensibility ack/nack message: Sent as a
response to an ‘‘extensibility check’’ mes-
sage.
(vi)
 Modify chain message: Sent by the head to
only one participant at a time to change its
video receiver. This message includes the
new recipient’s ID.
(vii)
 Keep alive: Used to determine if a participant
is still in the session. This is among the duties
of the conference management protocol;
however, getting this information from
conference management may take too long,
resulting in a prolonged loss of video for
several members. A participant starts send-
ing ‘‘keep alive’’ messages to its recipient as
soon as it joins a chain. The last member
sends its ‘‘keep alive’’ message to the head. If
a participant does not receive a ‘‘keep alive’’
message for a pre-determined time period, it
notifies the head so that it can make the
required changes on the chain. If a partici-
pant discovers that the head is non-func-
tional, then it notifies all other participants
in the chain to dissolve the chain.
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(viii)
 Dissolve: Sent by any chain member to other
chain members to dissolve a chain when the
head is determined to be non-functional.
4. Implementation

Our P2P MP videoconferencing prototype has
five main modules as demonstrated in Fig. 4. The
first module is for conference management.
Although a standard conference management
application can be used for this purpose, in this
prototype, a simple conference management ap-
plication of our own with basic functionalities
such as conference creation and joining in and
leaving a conference is developed. Another re-
sponsibility for this module specific to our
application is to establish the unique session IDs
for each conference participant.

The second module, P2P manager, communi-
cates with the conference manager to send current
chain status (to be displayed on the screen), and
specific events like user login/logout and peer
crashes. A user interacts with the system using the
graphical user interface (GUI) module which is
implemented as an integral part of the conference
manager in the prototype system. Video requests
from other participants are given to the system
through the GUI.
Con
MaGUI 

P2P V
M

G

Video Codec 

RTP/RTCP
Stack 

 RTP/RTCP 

IA 

Fig. 4. General structure of the P2P
The P2P video manager is responsible for
deciding how to multicast its local video. For this
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runs the delay measurement unit which has a vital
importance for the chain optimization process.
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have used a proprietary implementation of an
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packets to and from pre-determined UDP sockets.
It sends the local packet from the video unit to
their destinations, and it may re-send (relay) the
packets it receives to another destination or pass
them to the video module depending on its current
role in a chain.
5. Chain optimization

The chain construction algorithm described
above and in [7] does not consider the network
delays between the participants. This may result in
longer than necessary overall delays. For instance,
assume that three users located at different
national networks participate in a conference
session. At a given time, user@US may have a
chain as shown in Fig. 5(a) which has a long
detour. Using the chain given in Fig. 5(b) instead
can decrease the overall delay significantly. This
reordering may also help to reduce the total packet
loss rate because the longer routes will be more
susceptible to congestion. To address this issue, we
added a step to the chain construction method to
search for the optimal chain orderings minimizing
the total delay on a chain.

We ignore the computing power parameter of a
participant and concentrate on the network delay
in re-constructing the chains. Since we need the
network delays between peers to determine the
optimal chain, we implemented a delay measure-
ment protocol which is based on a clock synchro-
nization algorithm described in [19]. The delays are
measured for a participant as soon as it registers to
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Fig. 5. Chain reconstruction example: (a) erroneous ordering;

(b) reconstructed ordering.
a conference. All participants except the new
registered one wait for a random time (to eliminate
collisions) and run the delay calculation for the
newly registered participant. All participants’
delay matrices are updated after the delay mea-
surements are complete.

We implemented the chain-order optimization
as part of a more general solution described in the
next section where some of the peers have the
capability to transmit more than one video signal.
The solution is based on a two-stage heuristic and
may not be necessary for short chains where a full
enumeration is viable.

A separate thread is reserved for chain re-
construction and it runs the optimization algo-
rithm mentioned above periodically. Whenever a
participant joins into a chain, it is tried to be
located immediately without regarding the opti-
mized network delays. The re-construction for
optimized delays is performed later when the chain
head becomes available. This concept is called
soft-join.

Delays are assumed to be static and they are
calculated only once at the conference login.
However, they may change during a conference
session. The delays reported by the RTCP
messages may be used to assist in handling varying
delays. So as a further improvement, the delay
optimization process may be run when the delays
reported by RTCP change dramatically.
6. P2P MP videoconferencing for participants with

multiple video outputs

Single I/O model and its optimization offer a
good solution for MP videoconferencing for many
practical cases where all participants are connected
over low bandwidth links or do not want to handle
more than one video. However, it is natural to
expect that some of the participants may have
larger access bandwidths and computing powers to
source more than one video signal at a given time.
Clearly, having such participants can help in cases
where the single I/O system cannot fulfill all video
requests.

In the literature, finding a multicast tree for a
multi-sourced conference where the number of
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node outputs is limited is known as the minimum
cost degree-constrained spanning tree problem and
identifying such a tree is computationally NP-hard
[17]. Thus, several heuristics have been offered to
find a qualified solution under time or computing
power constraints. One such solution is an
iterative search for eliminating degree-constraints
while considering the total delay [10]. Another one
is a randomized approach that mainly focuses on
the delay problem without disturbing the I/O
constraints [15,16]. The iterative solution, which
has been implemented and ported to the current
application [3], is described in the next section.

6.1. Two-stage heuristic

We consider the two-stage heuristic algorithm
reported in [10] for the solution of the generalized
MP videoconferencing problem. The first stage
involves constructing a minimum spanning tree
(MST) from a complete graph (this graph is
constructed using global delay matrix described
in the optimization part above) without consider-
ing the degree constraints. The second stage
modifies the spanning tree to satisfy the given I/O
constraints (degrees) for all participants. The
details of the algorithm and its procedures are
outlined in Fig. 6. In the first step, an MST can be
calculated in polynomial time using greedy algo-
rithms like Kruskal’s [12] or Prim’s [14]. After
implementing the first step, the constructed tree is
processed to adjust the I/O constraints of the
nodes. This step involves selecting a node that
violates the I/O constraint disconnecting the high-
est-cost edge from this node. Next, the sub-tree
Fig. 6. Algorithm for two-stage heuristic.
created by this operation is re-attached to the
current tree. This operation goes on until all nodes
have valid number of I/O connections. This
heuristic is not guaranteed to find a solution under
all cases. That is, when it fails to find a solution, it
does not mean that no solutions are available.
However, we will declare no solution in these
situations. As stated in the previous section,
optimization of the single I/O case can also be
handled by this algorithm.

The advantages of this approach are that it is
simple and easy to use. Results of this algorithm
show that it is feasible to use when the participant
count is less than or equal to 20 [10].
7. Results and conclusions

We implemented and tested the feasibility of a
system for P2P multipoint videoconferencing. It
can be used to extend almost any point-to-point
videoconferencing system to a multipoint one with
minimal increase in the complexity and no
additional hardware support.

The system architecture allows us to use off-the-
shelf software components for most of the system
elements. We tried to stay compliant with the
standards whenever possible.

We verified the feasibility of our architecture
and the validity of our P2P protocol using our
prototype system with up to seven real partici-
pants. We also run automated conference sessions
to check the consistency of the system’s behavior
for larger number of participants and video
switching activity. Fig. 7 shows theoretical and
simulation results obtained for the percentage of
unachievable configurations, i.e., configurations
for which one or more participants cannot
receive video from another participant of their
choice (as a percentage of all configurations)
as a function of the number of conference
participants for the single I/O case. The theoretical
values are determined by generating all
possible requests for the given number of users,
determining if a solution is available, and enumer-
ating the solutions. When compared to the
theoretical values, the simulation results
show that, as the number of participants gets
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Fig. 7. Theoretical and simulation results for the single video I/O case: unachievable configurations’ percentage (y-axis) for a given

number of conference participants (x-axis). N is the number of participants.

Fig. 8. Run-time cost of the P2P application: measured

parameters are CPU idle time (upper line) and UDP bytes per

second (lower line).
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larger, the percentage of unachievable configura-
tions does not increase as much. This is because
the number of feasible configurations is larger than
the infeasible ones when a random request is
generated starting from a feasible configuration (as
compared to starting from a completely discon-
nected configuration).

The computational burden caused by the P2P
application on the system is observed to be
insignificant (less than 1% CPU time on a
2.4GHz Pentium).

Another runtime test for the application is
calculating the network traffic and memory load
in the system stemmed from the application. Fig. 8
shows the run-time cost of the P2P application for
15 s while both incoming and outgoing channels
are busy. CPU idle time (upper line) has been
measured and it shows that our P2P application
leads to a 5–7% computational load. Another
logged criterion is network utilization. Just for the
sake of dial-up users, the P2P prototype encodes
three frames per second which are MPEG4
encoded using ffmpeg codec (freely distributed
@ www.sourceforge.net). For this case, the video
(UDP) transmission load is almost 60–70Kbps.

We ran a formal verification study confirming
our protocol. We verified the feasibility of the
optimization algorithm that we used for reducing

http://www.sourceforge.net
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the delay on long chains (two-stage heuristic)
performing some tests on randomly generated
chains and the results are displayed in Figs. 9(a)
and (b). For each test (that means for each entry of
the horizontal axis), 5000 sample chains have been
generated and all of the algorithms have been
forced to find a solution. Horizontal axis shows
the participant count and the vertical axis shows
the feasibility percentage. Fig. 9(a) depicts the
comparison of the three algorithms offered for tree
construction. First algorithm Kruskal MST (upper
line) has the best results since it does not take into
account the degree constraints. On the other hand,
for a chain, the best solution can be found by
enumerating (intermediate line) all states and
selecting the minimum cost state. Finally, two-
stage heuristic (lower line) has a feasibility level
nearly approaching 50% for the original cost.

Fig. 9(b) shows the CPU times for the enumera-
tion and the heuristic solutions. As the number of
participant increases, enumeration suffers from the
time needed to find the best solution. Unlike
enumeration, heuristic-based search for chain
reconstruction finds a feasible solution in a
reasonable time.

We believe that a potential solution for wide-
scale deployment of MP videoconferencing is
through using P2P systems. Our protocol and
prototype demonstrates the feasibility of such
approaches. The next step will be organization of
large scale trials on the Internet. An extension of
our system could be the utilization of scalable
video to handle heterogeneous Internet access
technologies of the conference participants. For
instance, some participants might prefer to view
two high-quality videos instead of one. Scalable
video techniques may also be used to adapt the
video bit rate at each node based on the upstream
bandwidth. As another optimization, locating a
relay node, with a high bandwidth, close to the
video source would be useful to avoid the
degradation of the video quality for the successive
nodes in the chain.
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