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Abstract

This thesis presents the design of an end system multicast protocol appropriate for multi-
party videoconferencing applications. More specifically, the said protocol attempts to
address the upload bandwidth limitations of current Internet connections to the home as
well as the lack of ubiquitous infrastructure support for multicasting needed for many-to-
many applications. After a study of the requirements of a particular class of many-to-
many applications (multi-party videoconferencing), the thesis includes the proposal,
design, justification, implementation and evaluation of a novel end system multicast
protocol targeting such applications that in comparison to existing systems and protocols
will better deal with limitations of today’s Internet connections to the home and improve
their feasibility of deployment. The core of the thesis is formed by novel routing
heuristics appropriate for multi-source outflow constrained overlay tree construction that
significantly perform better than existing heuristics in finding solutions while taking into
account priority and heterogeneous bit-rates for every source-receiver pair. Furthermore,
the design and implementation of a 3D videoconferencing application with a novel
visibility-based awareness mechanism provides a proof of concept application making

use of our proposed end system multicast protocol.
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Chapter 1 Introduction

1.1 Multi-party Videoconferencing

Videoconferencing refers to two or more persons communicating over a distance through
audio and video media. The idea is to capture, in the form of video and audio media, the
sights and sounds of a set of participants wishing to communicate, transmit these media
over the distance separating the participants and display the captured media in order to
allow the participants to communicate with one another.

Videoconferencing has a long history, the first manifestations of which involved analog
televisions receiving audio and video signals from remote sites via satellite links. Within
the last decade, videoconferencing has expanded to include computers exchanging digital

audio and video data over the global inter-network (Figure 1).

Figure 1. Video and audio conferencing over the Internet



With the goal of allowing remote persons to more easily and naturally communicate with
one another, videoconferencing holds the potential of being an invaluable communication
tool and in fact has already proved its utility for many businesses, educational institutions
and individuals. The ubiquitous existence of computers and the growing availability of
high-speed connections to the global Internet give rise to the potential of making
videoconferencing tools as commonplace as the telephone.

Development of videoconferencing systems and related technologies can delve into
almost every area of computing from Human-Computer Interaction (e.g. user interface
design), hardware and software implementation of sensors and actuators (e.g. cameras,
microphones, speakers and displays) to data representation, coding (e.g. audio/video
format, coding, compression) and transmission (e.g. video streaming, congestion control,
network utility and protocols). Of course most developers take advantage of available
solutions in each area by, for example acquiring off the shelf equipment (cameras,
microphones) and established standards (MPEG standards for audio and video coding)
and would concentrate their development effort towards addressing a particular set of

problems.

1.2 Motivation
Though a subject of research for many years, bi-party or point-to-point

videoconferencing carried over the Internet is still faced with many issues that need to be
more adequately addressed. Dealing with network congestion, providing objective and
subjective Quality of Service to different users both at the application and the network
layer as well as non-technical issues such as privacy and the business model and

profitability of such applications are still topics of investigation and study. Despite these



issues however, bi-party videoconferencing has more recently achieved a high degree of
ubiquity due to the increasing availability of high-speed Internet connections to the home
and the proliferating Instant Messaging services provided by Yahoo [110] and MSN [77]
that allow for audio and video conferencing in addition to their traditional text messaging
service. Supporting multiple participants in a videoconference has been more difficult to
achieve and the current solutions for multi-party videoconferencing applications either
require special support from the network infrastructure that is not available to the typical
Internet user or do not scale well (see section 2.1). As will be highlighted in the coming
chapters, one of the fundamental and crucial obstacles in the way of the deployment of
multi-party videoconferencing applications over the Internet is the limited upload
bandwidth available, especially to the typical home user. In this regard, we propose and
evaluate novel solutions at the application layer that help to alleviate the bandwidth

limitations of multi-party videoconferencing applications.

1.3 Objectives

The efforts outlined in this thesis are distinguished from previous work (see section 2.1
for a survey of existing videoconferencing solutions and section 2.3 for existing
application layer multicast efforts) as a result of the difference in the objectives they set
out to fulfill. These are:

e The bandwidth available to most Internet users being incongruent to the
bandwidth required to support multi-party videoconferencing applications, many
existing approaches employ specialized or proprietary networks (e.g. satellite,
ATM intranets) or special subsections of the Internet (e.g. the MBone) that are not

made available to a typical home user through their Interet Service Providers. In



this context, we aim to utilize the current best-effort unicast-only Internet without
requiring special services from the Internet infrastructure in order to facilitate the
deployment of multi-party videoconferencing applications. We therefore assume
that each conferencing participant has at most a Digital Subscriber Line
connection to the Internet.

Multi-party conferencing applications can be further categorized as those that
involve small groups of participants or those with a larger scale of users. Small-
group conferences with 4-10 participants typically require a high degree of
awareness between all the participants (e.g. a business meeting or a small group
discussion). Large-scale conferences require the support of tens or hundreds of
users but do not require the same degree of mutual awareness between every
participant. Within our work, we aim to support conferencing between a small
group of users (4-10) but with a higher degree of mutual awareness (e.g. every
participant can potentially see the video of any other participant).

Some existing approaches to multi-party conferencing allow only one user
(typically the speaker) to be the media source at any one point. In order to better
foster the experience of engaging in a true multi-party session, we strive to
support multiple simultaneous media sources and in consequence allow different
participants the flexibility to choose whom they see.

A common remedy to the inadequate availability of bandwidth for multi-party
videoconferencing is to reduce the quality of the media corresponding to each
participant (e.g. reducing resolution and/or frame rate of the video) at the cost of

hampering the quality of the communication session. Our objective is to leave



unchanged the quality of the media as much as possible and instead find ways of

dealing with the bandwidth limitation that are less noticeable by users of the

application as compared to simply reducing the quality of the transmitted media.
Though there are efforts that encompass some of these objectives (see section 2.1), our

work is, to the best of our knowledge, the first to try to address them all.

1.4 Contributions

The contributions of this thesis come about from our attempts at satisfying the objective
stated in the previous section:

e Design, proof of concept implementation and evaluation of an End System
Multicast protocol geared towards the unique requirements of multi-party
videoconferencing applications

e New routing heuristics for constructing overlay trees in a multi-source outflow
constrained environment that find a significantly greater percentage of solutions
compared to similar heuristics

¢ In addition to finding a significantly greater percentage of solutions, one of our
proposed routing heuristic creates trees with source-receiver delays comparable to
the best heuristic in the literature

e Consideration of heterogeneous bit-rates and different priority of streams in the
routing heuristic unlike other heuristics

e A novel visibility-based awareness management mechanism appropriate for
multi-party videoconferencing and other media intensive Collaborative Virtual
Environments and one that can be used in conjunction with an end system

multicast protocol as well as the proof of concept implementation and evaluation



of the visibility-based awareness management in the context of a 3D virtual
videoconferencing application

Proof of concept implementation and evaluation of a multi-party
videoconferencing employing the said awareness management scheme and

deployable over our End System Multicast protocol

This work has thus far been published in one journal, one magazine and 5 conference

publications while one more journal publication is in review:

Hosseini, M., Georganas, N.D., “Application Layer Multicast Protocol for
Collaborative Virtual Environments”, Presence: Teleoperators and Virtual
Environments, Volume 13, Issue 3, June 2004, pp. 263-278.

Hosseini, M., Georganas, N.D., “End System Multicast Routing for Small-Group
Multi-Party Videoconferencing Applications”, under submission.

Hosseini, M., Georganas, N.D., “Design of a Multi-sender 3D Videoconferencing
Application over an End System Multicast Protocol”, Proceedings of 2003 ACM
conference on Multimedia (MM’03), pp. 480-489.

de Oliveira, J.C., Hosseini, M., Shirmohammadi, S., Malric, F., Nourian, S., El
Saddik, A., Georganas, N.D., “Java Multimedia Telecollaboration”, IEEE
Multimedia, volume 10, number 3, July-September 2003, pp. 18-29

Hosseini, M., Georganas, N.D., “User Behavior in 3D Videoconferencing
Applications”, Proceedings of 2003 Summer Computer Simulation Conference
(SCSC’03), pp. 755-760.

Hosseini, M., Pettifer, S., N.D. Georganas, “Development of Awareness Driven

3D Videoconferencing Applications”, 7% WSEAS International conference on



Circuits, Systems Communications and Computers (CSCC 2003).

Hosseini, M., Pettifer, S., Georganas, N.D., "Visibility-based Interest
Management in Collaborative Virtual Environments", Proceedings of 2002 ACM
Conference on Collaborative Virtual Environments (CVE'02), Bonn, Germany,
October 2002, pp. 143-144

Hosseini, M., Malric, F., Georganas, N.D. "A Haptic Virtual Environment for
Industrial Training", Proceedings of IEEE International Workshop on Haptic
Audio Visual Environments and their Applications, Ottawa, Canada, November

2002, pp. 25-30.



Chapter 2 Background and Related Work

The background of our work consists of previous and existing approaches to multi-party
videoconferencing as well as the relatively new concept of Application Layer
Multicasting. We begin this chapter by a brief survey of well-established
videoconferencing practices and existing systems and highlight the advantages and
shortcomings of each. The chapter then continues with a study of the main characteristics
of multi-party videoconferencing applications and how these translate into network and
system requirements with a focus on multicasting capability. A detailed survey of current
Application Layer Multicast protocols then serves to highlight a trend of approaches for
providing multicast services to one-to-many and many-to-many applications. The chapter
concludes by demonstrating that many of the current Application Layer Multicast
protocols are not designed for and therefore do not satisfy the requirements of multi-party
videoconferencing applications and thus serves as a justification of the proposals

prescribed in the chapters that follow in the rest of the thesis.

2.1 Brief Survey of Multi-party Videoconferencing Systems

Being bandwidth intensive applications, advances in multi-party videoconferencing
largely depend on 1) video coding and compression technologies, 2) throughput
bandwidth available from the network and 3) network support for multi-point
communication and possibly Quality of Service guarantees.

While advanced video compression techniques reduce the bandwidth requirement of each
video stream, advanced network protocols and topologies make more efficient use of the

available network resources. Advances in each of these three broad areas increase the



feasibility of multi-party videoconferencing applications.

Chen [18] gives an overview of current video compression algorithms appropriate for
videoconferencing and the minimum required frame rate needed to at least detect some
gestures relevant to floor control in such applications. For his virtual auditorium
application, 320x240 at 15fps video is found to be sufficient to detect the facial
expressions (a smile) of the captured user [18] while the lower bound on frame rate was
found by Tang and Isaacs [98] to be 5fps in order for the video to be tolerable. Though
even a lower frame rate can be used for the non-speaking participants in order to reduce
bandwidth requirements, Chen observed that full-motion video (i.e. at least 15 fps) is
necessary to convey gaze, facial expressions and body movements. In addition, a
common complaint about lower frame rates was due to video of people being captured at
moments that made them look ‘silly’ (e.g. in the middle of a movement) [19]. Throughout
this thesis, we aim at supporting a minimum of 320x240 video at 15fps in order to
effectively convey body and facial expressions and possibly gaze. It should be mentioned
that an MPEG-4 encoder can be expected to produce an average 100kbps bit rate for a
320%240 video at 15fps [18].

Despite significant advances and years of research in the areas of video coding, as well as
the relevant transport and network support required by such applications, multi-party
videoconferencing on the Internet has not yet achieved the degree of ubiquity one would
expect. We broadly categorize existing approaches and systems into those that do not
scale well and those that require special services from the underlying network even
though such services are not yet available to home Internet users through their ISPs and

go on to highlight a promising trend in carrying out multi-party conferences within



computer graphics generated virtual environments.

2.1.1 Systems that do not scale well

Most commercial videoconferencing solutions such as MSN [77] and Yahoo Messengers
[110] as well as Microsoft’s NetMeeting [75] and other commercial products [105] fall
into this category. These systems support multi-party sessions by simply transmitting
from every node to every other node. Considering that a typical DSL connection to the
Internet affords a maximum of a few 100kbps of upload bandwidth and that a 320x240
MPEG-4 coded video at 15 fps requires an average of 100kbps [18], one can quickly
observe that such systems do not scale well to support even a small group of 4 to 10
participants. A common remedy to this problem is to reduce the resolution and/or the
frame rate of the video in order to support a greater number of users, thus degrading the
quality of the communication as the number of participants increases. However as noted
earlier, reducing frame rate or resolution of the video comes at the cost of less effective
communication as a result of the loss of conveyance of body and facial gestures. In return
for their simplicity however, the great advantage of such systems lies in their ability to be
immediately deployable over today’s Internet.

2.1.2 Systems requiring special network services

Most multi-party videoconferencing research prototypes originating from universities and
research institutions work on top of specialized networks or assume network services that
are not yet widely supported on the Internet (though they may be in the future). VidZ [70]
for example operates on a pure ATM test bed, Forum [52] and TELEP [53] use company
intra-nets with ample bandwidth and multicasting capability available while nodes in

Chen’s Virtual Auditorium [18] are connected to one another through a high-speed
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Ethernet network. Such research endeavors are important with regards to the study of
applications of next generation Internet, the interfaces that may be appropriate and
needed as well as some of the services such applications require from the underlying
network infrastructure. Their deployment on the wide area network however depends on
the future availability of the advanced networks they employ.

A significant step towards bringing multicasting capability to the global Internet has been
the advent of IP Multicast first proposed by Deering et al [27]. The basic idea behind IP
Multicast is for network components (i.e. routers) involved in a multicast session to
duplicate data when necessary, thus allowing a multicasting source to transmit only one
copy of its data and leaving the network to perform the data duplication necessary to
transmit to multiple receivers (see Figure 2 where routers 0, 3 and 6 replicate data for the
source).

Since its inception, there have been a myriad of proposals, protocols and standards
improving the feasibility and ease of deployment of IP Multicast over the Internet [32].
Although implemented on most Local Area Networks, IP Multicast’s deployment and
availability on the global Internet has been slow due to various technical and business-
related issues [30]. As a result, a Multicast Backbone (MBone) has been constructed that
connects the various IP Multicast capable ‘islands’ via unicast connections called
‘tunnels’ [34] (see Figure 2). Scalable audio and video conferencing on top of the MBone

is thus made possible [71] through the various MBone conferencing tools [102] [63].
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Figure 2. IP Multicast concept (top) and unicast tunnels connecting IP Multicast
capable networks in the Mbone (bottom)
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MBone teleconferencing, though scalable and efficient, requires all participants to be
connected to this backbone. Considering that the creation of multicast ‘tunnels’ typically
requires a network administrator to statically set up a unicast ‘link’ between two network
components [34] and that many ISPs do not allow their users to have a connection to the
MBone due to various issues [30], we can regard the MBone as a special IP Multicast
capable network that is not yet available to typical home Internet users.

Although there are ISPs that provide multicast services to their customers (see [78] for a
list), their number and coverage is limited, leaving commercial multi-party conferencing
software vendors to seck alternatives. CUSeeMe [25] for instance employs the popular
concept of ‘reflector’ or Multi-point Control Unit (MCU) [10] in order to support
multiple participants. A reflector or MCU is a dedicated server that receives media
streams from all participants in a session and multi-unicasts the streams to others as
shown in Figure 3.

It is common for a reflector to also employ a bandwidth reduction scheme such as
picture-in-picture or voice-activated switching [10]. A voice-activated switching scheme
allows only the current (and perhaps the previous) speaker of a session to transmit their
video to others. A picture-in-picture scheme (used by CUSeeMe) merges multiple video
streams into one by reducing the resolution of the individual streams. The disadvantage
of voice-activated switching is that users do not choose whose video they see (which is
found to be undesirable [10]) while the disadvantage of picture-in-picture is inherent in

its reduction of the quality of the video medium.
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Figure 3. A reflector multi-unicasting a video stream to multiple participants

Besides the interface-related inconveniences of these approaches, they require the
deployment of a dedicated reflector or MCU for each session that must have enough
bandwidth available to it to receive from and transmit to multiple nodes.

2.1.3 Conferencing within virtual environments

Research into the human-computer interface of teleconferencing applications has led to
proposals of carrying out multi-party conferencing sessions within computer generated
virtual environments. These in turn have important implications with respect to the
network requirements of such applications.

Embedding live video into a computer generated 3D space has long held the promise of
carrying the notion of meeting in a physical conference room to the meeting of remote
users in a virtual space [43]. It has also been argued that compared to traditional
videoconferencing where multiple video streams divide and share a tiled 2D interface,
video embedded inside a 3D Collaborative Virtual Environment (CVE) can better support

mutual awareness and spatial consistency for users [89]. In such applications, each user is
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represented by their video in a 3D computer generated virtual space, typically with the
video textured on a 2D plane. Users can move and look around in the virtual space and
their movements as well as their corresponding video and audio streams are distributed to
other users so that the virtual space presents a consistent environment for all users.
Within this 3D space users can tell where the attention of another participant is directed
by way of his/her position and orientation. Recent attempts to provide gaze awareness in
computer supported cooperative work have also moved towards integrating the captured
video or picture of users into a computer generated 3D space and tracking their head

and/or eye movements in order to convey their gaze [99] [104].

Figure 4. User 4 receives video only from users 1 and 3 since user 2 is out of view

The advantages with regards to the interface notwithstanding, teleconferencing within
computer generated virtual environments has significant implications with respect to the
network requirements of such applications. This is primarily due to the fact that
embedding video-based objects in a computer generated 3D world associates a spatial
parameter or location with each object, based on which mutual awareness between any
two objects can be discerned. Distributed Virtual Environments (DVE) and CVEs have

long utilized this characteristic in order to increase their scalability through various Area
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of Interest Management mechanisms (see chapter 7 of [96] for an overview). More
specifically adapted to teleconferencing applications, an Area of Interest Management
mechanism can serve to more naturally limit the number of media streams exchanged
between conferencing peers. In the MASSIVE system for instance, spatial distance
between users is used to measure the degree of awareness between them in order to
determine the data sources most relevant to every user [39]. Figure 4 illustrates. This
concept can be further extended to provide a Quality of Service model for the
teleconferencing application where different levels of awareness signify different levels
of media quality each user requests to receive [40].

By making use of the spatial parameter in virtual environments, awareness driven
videoconferencing (a term introduced in [89]) can avoid the transmission of media
streams that are outside the focus or awareness of a participant and thereby promise better
scalability and support for multi-party conferencing sessions [47]. We therefore focus our
work on multi-party videoconferencing applications carried out within the context of a
3D virtual environment, whose examples can be found in [40] [39] [89] [4] [47] [104]
[80] [88]. This work can however be extended to other multi-party conferencing
applications since the protocol and the routing heuristic proposed in this thesis are not
specific to 3D conferencing and can operate as long as some form of application filtering
limits the total number of streams to the total available bandwidth. Note that while [40]
[39] [89] and [80] require an IP Multicast capable network, [4] and [104] require
100Mbps Local Area Networks for their prototypes. Our work distinguishes itself from
the mentioned previous efforts by employing an End System Multicast protocol (see

Chapter 3), therefore not requiring special network services and being immediately
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deployable over today’s Internet.

2.2 Requirements of Awareness-Driven Multi-party
Videoconferencing Systems

The previous section argued for the use of awareness-driven videoconferencing systems
due to their potential for providing better scalability, in addition to exhibiting a better
human-computer interface. This section outlines the main characteristics of this group of
applications and how these affect the transport and network layer protocols that support
them.

2.2.1 Bandwidth constrained

Transmission of audio and video media is traditionally considered to be a bandwidth-
intensive undertaking. For example, a typical home user with a DSL connection to the
Internet can expect an available upload bandwidth of a few 100kbps. Considering a 100
kbps 320x240 MPEG-4 coded video at 15fps [18], a DSL connection potentially allows a
user to transmit its video to only 2 to 3 other users, insufficient even for small-group
conferences of 4 to 10 participants. Note also that the asymmetric nature of most DSL
lines implies a more stringent bottleneck in uploading than downloading. It is therefore
important for any supporting protocols to take into account the upload bandwidth
constraints of each participating node.

2.2.2 Multiple simultaneous sources

The limited bandwidth is further exasperated by the possibility of multiple simultaneous
sources transmitting to their receivers. For instance many multi-party videoconferencing
prototypes (such as [40] [39] [89] [4] [47] [80] [104]) represent every conferencing
participant as a video source that can be seen by others and may therefore be transmitting

simultaneously with other sources. As will be discussed in section 2.3, this particular
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characteristic invalidates the use of many existing protocols that are designed for a single
source scenario.

2.2.3 Application layer filtering

As was mentioned in section 2.1.3, one significant advantage of virtual environment-
based multi-party videoconferences is the possibility of employing application-specific
filtering mechanisms to limit the number of media streams a participant receives to only
those he/she is aware of or is most interested in. This implies that at different times
during the session, the set of receivers a source must transmit to changes depending on
changes in awareness/focus/interest. In fact, not every user is expected to transmit its
corresponding video to every other user due to the awareness-driven filtering mechanism
[47]. As will become evident in the following chapters, we exploit this characteristic in
order to use an application layer multicast protocol for awareness-driven multi-party
conferencing applications. The application layer filtering mechanism also aids in limiting
the number of received streams by each user in a non-intrusive and flexible manner. Note
that awareness management is one form of application layer filtering and our protocol is
still relevant for any other form of filtering employed.

2.2.4 Different levels of stream priority

Since a user can receive multiple streams, different priority levels can be assigned to each
stream. In [104] for example, an eye-tracker discerns for each user the participant that
he/she is‘visually focusing on. Higher priority can be given to the corresponding video
stream, implying that the reception of that particular stream is of more value to the
receiver than receiving from others that are not in focus. It would thus be beneficial for
the supporting protocol to prefer the delivery of higher priority streams to lower priority

onces.
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2.2.5 Heterogeneous bit-rates

For systems employing some form of awareness management mechanism, different bit-
rates can be assigned to users attracting different levels of awareness. It is beneficial for
example for users that are further away or in the periphery [40], as well as those partially
occluded [47] in the virtual meeting room to decrease their bit-rates, compared to other
users attracting a higher degree of focus/awareness. Although adaptive video delivery is
in itself an arduous task, ideally a supporting protocol of such applications should strive
to allow for heterogeneous bit-rate delivery of video from a source to its receivers.
2.2.6 Small group communication

Multi-party conferencing usually implies a small group of 3 to 10 participants. Although
there are applications that involve medium sized groups with several tens of participants
(such as a virtual classroom [18]), our work focuses on the small-scale scenario in order
to serve as a stepping-stone towards the larger scale applications. Furthermore, we
conjecture that as the number of participants increases the need to support interaction
between every pair of participants decreases. In other words, in a small group meeting it
is more likely that all participants would desire to be aware of one another whereas it is
more difficult to conceive of a scenario where hundreds of users are all aware of one
another. Consequently, for large scale applications spatial partitioning techniques can
divide the group into smaller groups (see chapter 7 of [96] for examples) and for medium
scale applications it is possible to allocate more awareness and therefore resources to a
subset of participants such as the speaker and reduce the media quality of other
participants (see [19]). Throughout our work we envision the applicability of the concepts
proposed therein to small group conferences of size 3 to 10 participants, yet do not make

decisions that would explicitly limit the scalability of our approach to medium-sized
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groups.

From the first two characteristics outlined in this section one can deduce that a
multicasting service is a crucial requirement of multi-party videoconferencing
applications in order to alleviate a source’s bandwidth constraints when transmitting to
multiple receivers. Furthermore, the existence of multiple simultaneous sources
necessitates the use of multiple multicast groups within the same session. The remaining
four characteristics have an impact on how such a multicast service is provided.

Given the importance of multicasting, it is not surprising that many multi-party
conferencing applications require an IP Multicast capable network (e.g. [40] [39] [89]
[80] [71]). The slow deployment of IP Multicast on the Internet however has given way
to an alternative model of providing multicast service called Application Layer Multicast
which promises an immediately deployable multicast service.

Our contribution in this regard is an Application Layer Multicast protocol designed to
support the class of applications we have thus far discussed. It is therefore necessary for
the next section to give an introduction to Application Layer Multicasting as well as a
survey of existing approaches and routing heuristics employed therein. It will conclude
by demonstrating that current Application Layer Multicast protocols are inadequate for
supporting multi-party videoconferencing applications with the characteristics outlined in

this section and thus serves as a preamble to our own proposed protocol.

2.3 Survey of Application Layer Multicast Protocols

Though it forms a crucial requirement of many applications such as video-on-demand,
live broadcast, teleconferencing, collaborative multimedia as well as some distributed

CVE and DVEs, the widespread deployment of IP Multicast has been slow due to yet
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unresolved issues regarding administration, management, addressing, reliability, quality
of service and congestion control [30]. Though there exist overlay networks connecting
IP Multicast ‘islands’ (the most widespread of which is the Mbone [34]), they involve the
static setting up of unicast connections or ‘tunnels’ and are still plagued by the same
issues related to IP Multicast. As a result, many ISPs do not provide multicast capability
to home Internet users, leaving most applications to still rely on unicast only.

In light of the slow deployment of IP Multicast on the Internet and encouraged by the
success of peer-to-peer file transfer applications, recent research endeavors have studied
application layer multicast and investigated its cost and benefits relative to IP Multicast
[22]. Application Layer Multicast (ALM) refers to implementing multicast capability at

the application layer instead of the network layer, or in other words, constructing a

multicast-capable overlay network over a unicast infrastructure.

Figure 5. IP Multicast model (left) and Application Layer Multicasting (right)

The concept of ALM is simply the implementation of multicasting functionality as an
application service instead of a network service. Figure 5 represents the IP Multicast
model (i.e. multicast as a network service) in comparison to the ALM model.

While the former is implemented by network nodes (i.e. routers) and avoids multiple
copies of the same packet on the same link as well as possibly constructing optimal trees,
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the latter is implemented by application nodes (either end systems or proxies) and results
in multiple copies of the same packet on the same link as well as typically constructing
non-optimal trees. In exchange for its inefficiency, as compared to IP Multicast (by
resulting in higher stress links and larger diameter trees), ALM remedies the key
shortcoming of the IP Multicast model: easier and possibly immediate deployment over
the WAN. In what can be regarded as one of the key efforts advocating ALM, Chu et. al
[21] illustrated using both simulation and Internet experiments that self-organizing end
systems can form overlay multicast trees that incur low performance penalties (in terms
of link stress and tree stretch) compared to IP Multicast. Since then a multitude of
application-layer multicast protocols have appeared with a wide range of characteristics.

A common approach to Application Layer Multicasting is for the multicast participants to
establish an overlay topology of unicast links to serve as a virtual network on top of
which multicast trees can be constructed. Figure 6a shows an example of 7 peers forming

a topology.

(A) D)
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Figure 6. a) Sample overlay topology b) an overlay multicast tree

New members find out about the topology from a common bootstrap point called a
Rendezvous Point (RP) and join the topology by exchanging control messages with a

subset of members already part of the topology. A ‘good’ topology consists of a richly
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connected graph (e.g. a peer is connected to other peers through multiple paths) in an
efficient and cost-aware manner (e.g. distance or delay between peers is minimized while
the number of connections is bounded). Other metrics such as robustness (ability to deal
with members leaving the topology), scalability (ability to efficiently create topologies
for very large number of peers) and low control overhead (minimizing the exchange of
control messages) also determine the quality of an overlay topology. Creating and
maintaining ‘good’ topologies thus becomes one of the core responsibilities of an ALM
protocol. Once a topology is constructed and maintained, a multicast tree can be
constructed on top of the graph (i.e. topology) according to a routing strategy that would
commonly strive to minimize the cost of the multicast tree in terms of the delay
experienced by each peer as well as the amount of data duplication each peer is required
to perform. Figure 6b shows an example overlay tree over the sample topology of Figure
6a. The routing algorithm producing the tree also forms an important part of an ALM
protocol. There exist a wide variety of ALM protocols each choosing a different strategy
for creating and maintaining an overlay topology and creating multicast trees based on
various metrics and algorithms.

Table 1 categorizes these according to the following criteria:

2.3.1 Application domain

Perhaps the most crucial feature of an ALM protocol and one that affects most of its
resulting characteristics is its targeting application. The application domain determines
the number of users that a protocol must support, the data type(s) a protocol’s delivery
tree must accommodate and the metrics that such a tree attempts to optimize. We follow

the same categorization of application domains driving multicast deployment as those
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according to Diot et. Al [30]:

1. Audio/video streaming: usually involves a single source distributing media to a
large number of receivers. Examples include both live media streaming (e.g. a live
video stream of a sporting event) and media on demand (e.g. pre-recorded news
media streaming). The primary metric is bandwidth and latency to a lesser extent.

2. Audio/video conferencing: these involve small to medium size groups interacting
in a multi-party conferencing session. The difference with the previous category is
the smaller group size, higher degree of interactivity and the existence of multiple
sources. Both bandwidth and latency are important metrics.

3. Large-scale distributed interactive simulations: potentially large number of users,
each a source of its own lower (compared to audio/video) bit-rate data (e.g.
massively multi-player games). The primary metric is interactivity (related to
latency) and bandwidth to a lesser extent.

4. Push applications: very large number of users subscribe to a variety of
information channels (such as various news topics from different sources) and
receive the aggregated information at regular intervals whether the reader is
actively interested or not (e.g. global event notification: news and stock prices).
Bandwidth is the only metric, as the number of users can potentially be in the
millions.

5. File transfer: reliable transfer and distribution of (usually large) files (e.g.
distributed databases and file sharing). Bandwidth is the only metric.

As can be seen, the different classes of applications have different sets of requirements

regarding reliability, latency, bandwidth and scaling (with respect to supporting large

24



number of users). Such requirements in turn determine the design choices of any ALM
protocol regarding the group management mechanism it employs.

2.3.2 Deployment level

A key factor determining the set of assumptions an ALM protocol operates based on, is at
what level the protocol is expected to be deployed: at the infrastructure level or end
system level. Infrastructure-level or proxy-based ALM protocols require the deployment
of dedicated servers/proxies on the Internet where they self-organize into an overlay
network and provide a transparent multicast service to the end-user. End system level
ALM protocols on the other hand, assume only a unicast service from the infrastructure
and expect end-system hosts to participate in providing the multicasting functionality by
taking on some of the forwarding responsibility.

The choice between developing an infrastructure level or an end system level ALM
protocol is perhaps driven as much by business and marketing issues as purely
technological ones. End systems sharing the forwarding load of a multicast session use
the existing Internet infrastructure available to them and may not be expected to pay more
for participating in the multicast session (as illustrated by the free nature of peer-to-peer
file-transfer applications). An infrastructure of dedicated proxies deployed over the
Internet that offer multicasting services however are more likely to expect a service
charge. There are however technological consequences of a choice between a proxy-
based or an end system level approach to ALM.

Proxy-based ALM protocols can take advantage of existing IP Multicast ‘islands’ by
including a representative of an island as an overlay node (and therefore increase their

efficiency), can assume greater bandwidth availability to the proxy nodes (compared to
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the bandwidth available to end-systems), can assume longer life cycle of overlay nodes
(compared to transient nature of end systems), relieve end-systems from any forwarding
responsibility and therefore reduce application complexity since multicast is transparently
made available to end-systems. The major disadvantage of this approach is the need for
the deployment of dedicated proxies over the inter-network and so incurring the cost
associated with acquiring and deploying them. Proxy-based ALM may also be less
adaptable to and less optimized for specific applications since it would typically provide a
generic multicast service rather than a service specific to a particular class of
applications.

End system ALM protocols enjoy more flexibility, adaptability to specific application
domains and immediate deployment over the Internet but may not scale well (to large
number of users or large number of simultaneous sessions), must deal with limited
bandwidth of end systems and require end systems to take on some of the forwarding
responsibility (and therefore increase application software development complexity).
2.3.3 Peer-to-peer substrate requirement

The success of peer-to-peer file sharing applications has resulted in the development of
many peer-to-peer systems that organize the peers into an application-layer overlay and
perform distributed content lookup over such a network or graph with the goal of scaling
to support very large number of users (e.g. millions) [97] [91] [113] [86] [38] [17] [103].
Though more appropriate for distributed database and file-sharing applications, the peer-
to-peer overlay can also provide a substrate on top of which various ALM protocols can
be constructed. The peer-to-peer system takes care of the management of joining and

leaving nodes (and possibly performing network measurements or inferring network
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topology in order to build efficient overlays) as well as the routing between any two
nodes in the network. An ALM protocol then only needs to construct a tree using the
lookup service of the peer-to-peer network. The performance of such an ALM protocol is
thus largely dependent on the characteristics of the peer-to-peer substrate on top of which
it is constructed. The reader is referred to [12] [41] [69] [107] for some comparative
studies of existing peer-to-peer systems.

Being geared towards scalable content location, generic peer-to-peer systems usually treat
every peer equally, use latency as the primary metric and do not constrain the fan-out
bandwidth of each peer. While these assumptions may be true for a dedicated proxy
infrastructure, they may not be very appropriate for the often widely heterogeneous,
bandwidth constraint end systems, making peer-to-peer substrate-based ALM suitable for
providing generic multicast services at the infrastructure or peer-to-peer file sharing
applications.

2.3.4 Group management

The basic group management service an ALM protocol provides consists of a mechanism
for new nodes to discover a multicast session (typically a Rendezvous Point), a
distributed or centralized, mesh-first or tree-first mechanism for constructing a single tree
or a set of trees that are either source-specific or shared trees based on some metric. Such
characteristics of the group management mechanism are primarily driven by the target
application domain. For instance, single-source video streaming with large number of
receivers usually involves a distributed group management and construction of a source-
specific tree based on bandwidth and delay metrics, whereas medium-sized conferencing

applications may involve the mesh-first construction of a shared tree based on bandwidth
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and delay and can afford a centralized approach to group management.

Group management can involve the direct construction of the overlay tree (tree-first) or
the construction of a richer overlay graph or mesh on top of which trees can be
constructed (mesh-first). A mesh-first approach is more robust and responsive to tree
partitions and is more suitable for multi-source applications but typically at the cost of
higher control overhead.

Large-scale applications will typically require a distributed approach to group
management (although there are still incentives for a centralized approach [81]) while
small-scale applications can assume a centralized management of multicast groups. The
choice between a shared tree and a source-specific tree depends on whether multiple
sources will utilize the same overlay tree for data distribution (shared tree) or
alternatively, if for each source a tree is constructed that is rooted at that source (source-
specific tree).

Table 1 summarizes the characteristics of some of the main existing ALM protocols:
NICE [6] ZIGZAG [101] SpreadIt [28] ALMI [82] CoopNet [81] TAG [62] Amcast [94]
HMTP [112] Yoid [37] Bayeux [115] Gossamer [15] RMX [16] OMNI [7] RITA [108]
Delaunay [66] Borg [111] Scribe [11] CAN-multicast [87] OverCast [54] HBM [90]

TBCP [73].
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Table 1. Characteristics of existing ALM protocols

Group Management Characteristics

ALM g | & 5 B | 5 3 5 =
Protocol .8 o) 8 =1 8 B g o B 5
8e| & 288 28|53 5 |mse £ g
L5 89— fEE 82| B & 8 3&| B S & g
sEl gt 5§23 55| & §558| 5 $32 g
2ol o4 o35 3 9 . .4 £ 5 A 2e o
<Al A vl S A = O osB w3 =2 = [
NICE 1 End- - No Distributed | Source- | Delay Mesh- Yes
1 *
system specific Bandwidth first [*]
Narada 2 End- - No Distributed | Source- | Delay Mesh-first | Yes
system specific Bandwidth
ZIGZAG 1 End- - No Distributed | Source- | Delay Mesh-first | Yes
1 *
system specific Bandwidth *]
Spreadlt 1 End- - No Distributed | Source- | Bandwidth Tree-first | No
ifi
system spectfic Delay
ALMI 2 End- - No Centralized | Shared | Delay Tree-first | Yes
system
CoopNet 1 End- - No Centralized | Source- | Delay Tree-first | No
system specific Bandwidth
TAG 1 End- - No Distributed | Source- | Topology Tree-first | No
system specific Bandwidth
Yoid 3 End- - Yes Distributed | Shared | Bandwidth Tree-first | Yes
+
system Delay [+]
TBCP 3 End- - No Distributed | Source- | Delay Tree-first | No
system specific Bandwidth
HMTP 1 Proxy- - Yes Distributed | Shared | Delay Tree-first | Yes
based
AMcast 1 Proxy- - No Centralized | Shared | Delay Tree-first | No
based Bandwidth
Delaunay | 3 Proxy- - No Distributed | Source- | Geographical Mesh [-] No
based specific | position
OverCast | 4 Proxy- - No Distributed | Source- | Bandwidth Tree-first | No
based specific
OMNI 1 Proxy- - Yes Distributed | Source- | Delay Tree-first | Yes
based specific Bandwidth
RITA 1 Proxy- - No Distributed | Source- | Delay Bandwidth Mesh-first | Yes
based specific
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Gossamer Proxy- Scatter | Yes | Distributed | Source- | Delay Bandwidth Mesh-first | Yes
based Cast specific

RMX Proxy- Scatter | Yes Distributed | Shared | Delay Bandwidth Mesh-first | Yes
based Cast

Scribe Proxy- Pastry | No Distributed | Source- | Delay Mesh-first | Yes
based specific Bandwidth[&]

CAN Proxy- CAN | No Distributed | Source- | Delay Mesh* No

Multicast based specific

Bayeux Proxy- Tapest | Yes Distributed | Source- | Delay Mesh-first | Yes
based ry specific

Borg Proxy- Pastry | No Distributed | Source- | Delay Bandwidth Mesh-first | No
based specific

HBM Combined | - No Centralized | Shared | Delay Tree-first | Yes

1: media on demand streaming with large number of receivers

HOWN

: generic multicast service

: reliable data broadcast and file-transfer

: Conferencing with small to medium number of participants

[*] A hierarchical cluster of nodes is constructed and a tree is built on top of this hierarchy

[+] A mesh also exists but is constructed after the tree

[-] Using Delaunay triangulation, an explicit tree constructing algorithm is not actually needed

[~] There is really no tree but just a mesh since nodes can receive from multiple parents

[=] Delay, based on topology

[&] since the outdegree of a node is potentially unbounded, they see if a node is overwhelmed and try to offload

* CAN-Multicast doesn’t make a tree (duplicate copies)

The list of ALM protocols in Table 1 is not an exhaustive one, since it focuses on earlier

efforts at the exclusion of the plethora of protocols that have since emerged, yet serves to

illustrate the diversity of approaches to ALM. More recent endeavors examine the issue

of trust in overlay networks [64] [74], handling heterogeneity of users [109], providing

resilience [2] [69], taking into account node priority [106] or node availability [42] as

well as high-bandwidth file transfer and downloading [60] [93] [13].

In addition to providing an introduction to ALM as background to the work presented in
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this thesis, surveying the existing approaches to ALM helps in making two observations.
Implementing multicasting at the application layer allows for the design of a myriad of
protocols, each specific to a particular class of applications. These protocols are not
necessarily in competition with one another since they address different application
domains. Furthermore, protocols targeting the same type of application can co-exist as
long as they provide different services. For example, a proxy-based ALM protocol can
provide multicasting service to those developers of single-source streaming applications
that are willing to incur the financial cost of using a network of proxies while an end-
system ALM protocol for the same application can be available to those that wish to
receive no support from dedicated proxies in return for not paying for it. This is in
contrast to the network layer provision of multicasting service, where it is necessary for
router manufacturers to agree on a set of multicast protocols in order to provide the
service across different networks.

The second observation pertinent to our work is that most existing ALM protocols target
single-source streaming applications with large number of receivers with the exception of
Narada [22], ALMI [82] and HBM [90]. Although targeting small group conferences,
Narada assumes that a single source will transmit at any given point (and hence
constructs a single tree). HBM does not constrain the out-degree of each node while
ALMI constructs a single shared tree for the conference. If multiple sources
simultaneously use the same shared tree, then each node’s out-degree will not be
respected.

Recalling the characteristics and requirements of multi-party videoconferencing

applications (section 2.2) to include the need to support multiple simultaneous sources
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while respecting the outflow limitations of each node, we observe the inadequacy of
existing protocols with respect to multi-party videoconferencing applications such as
those presented in section 2.1.3.

This point becomes more evident when examining common routing algorithms employed

by existing approaches, as presented in the next section.

2.4 Overlay Routing Heuristics

An important part of any ALM protocol is the routing mechanism that determines the
multicast tree through which data is distributed. The routing mechanism must construct a
structure of nodes and determine the path that should be taken by the data from the source
to its intended receivers. As shown in Table 1, an ALM protocol’s group management
and hence its routing can be distributed or centralized and can use different metrics to
construct the data dissemination structures. The choice of the routing mechanism is
dependent on the application domain and the deployment level of the protocol. Since the
ALM protocol presented in this thesis includes a novel routing heuristic for overlay
networks, we devote this section to an overview of routing algorithms used by existing
ALM protocols. We begin the overview by providing a basic introduction to the relevant
terminology.

2.4.1 Terminology

The terminology and definitions given here are all taken from pages 86 to 94 of
“Introduction to Algorithms” by T.H Cormen, C.E. Leiserson and R.L. Rivest [24].

An undirected graph G is a pair (V,E), where V is a finite set and E is an unordered
binary relation on V. A directed graph is one with ordered binary relations on V: that is

(a,b) is not equivalent to (b,a). The set V is called the vertex set of G, and its elements are
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called vertices. The set E is called the edge set of G, and its elements are called edges.

If (u,v) is an edge in an undirected graph G=(V,E), we say that vertex u is adjacent to u
and vice versa. A complete graph is an undirected graph in which every pair of vertices
is adjacent. The degree of a vertex in an undirected graph is the number of edges incident
on it. In a directed graph, the out-degree of a vertex is the number of edges leaving it and
the in-degree of a vertex is the number of edges entering it.

A path from a vertex u, to a vertex u; in a graph G=(V,E) is a sequence <vo,vi,V2,....Vi>
of vertices such that u;=vy, u;=vy, and (vi.;,v;)€E for i=1,2,.. k. An undirected graph is
connected if every pair of vertices is connected by a path. In an undirected graph, a path
<V(,V1,V2,....,Vi> forms a cycle if vp=vy and vi,v,...,vi are distinct. A graph with no

cycles is acyclic. A connected acyclic undirected graph is a tree.

O QO O-C
oXo2cNoRo

a) b) C)

Figure 7. Undirected and complete graphs and a directed tree

A rooted tree is a tree in which one of the vertices is distinguished from the others. The
distinguished vertex is called the root of the tree. A vertex of a rooted tree is a node of
the tree. Consider a node x in a rooted tree T with root r. Any node y on the unique path
from r to x is called an ancestor of x. If y is an ancestor of x, then x is a descendant of y.

If the last edge on the path from the root r of a tree T to a node x is (y,x), then y is the
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parent of x and x is a child of y. A node with no children is a leaf node.

Figure 7 illustrates some of the terminology with examples: Figure 7a is an undirected
graph with vertices (0,1,2,3) and edges {(0,1),(1,3),(2,3),(0,2)}. Vertices 0 and 1 are
adjacent. Figure 7b shows a complete graph and Figure 7c shows a directed tree rooted at
node 0. Node 1 is parent of node 3 and node 2 is child of node 0. Out-degree of node0 is
two while in-degree of node 3 is one.

Coming back to the media-streaming scenario, it can be seen that the routing mechanism
of an ALM protocol involves the construction of a tree rooted at a source that has a path
to every one of its intended receivers. If a cost metric such as delay is associated with
each edge of the graph, then the protocol may desire to construct a minimum-cost rooted
tree. Additionally, if every node in the tree has a constraint on the number of children it
can support, then an out-degree constraint tree is appropriate. In other words, the delay
parameter can be represented as a cost of each edge and the bandwidth parameter can be
represented as constraints on the in-degree and out-degree of each node.

Having presented a basic introduction to graph theoretic terms and concepts, we can now
proceed with giving an overview of some of the most common routing algorithms used
by existing ALM protocols.

2.4.2 Overlay routing heuristic overview

Before giving an overview of common overlay multicast (i.e. ALM) routing heuristics, it
is important to examine the fundamental differences between overlay multicast routing
and IP Multicast routing. The differences stem from the fact that routing in an IP
Multicast session involves network entities (i.e. routers) communicating with one another

to set up a multicast tree, while multicast routing in overlay network involves application
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entities organizing themselves into a multicast tree on top of a network of routers (Figure
8).

Source Receiver

Receiver

Figure 8. Network-level multicasting (left) compared to application-level
multicasting (right)

Whereas a router in the network is connected to only a subset of other routers in the
network, an application entity can potentially have a virtual connection to all other
application entities on top of the underlying network. In graph theoretic terms, overlay
multicast routing can assume to be operating on top of a complete graph (i.e. a graph
where there is an edge between any two nodes) whereas such an assumption is invalid for
IP Multicast routing. Another important distinction is that by virtue of dealing with a very

large number of routers, an IP Multicast protocol must be scalable and distributed,
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whereas an overlay network can consist of a small number of nodes whose organization
can be determined in a central manner.

Since network components such as routers in the Internet backbone perform the data
duplication necessary for multicasting, in IP Multicast it is reasonably assumed that such
backbone routers have ample bandwidth available to them. As a result, an IP Multicast
routing protocol would rarely consider out-degree constraints on the data duplicating
nodes and instead would focus on creating efficient and low delay trees using bandwidth-
intensive operations such as link state flooding. In contrast, overlay multicasting involves
application entities duplicating data and since the bandwidth available to these (be they
end systems or proxies) is more limited, it is important for the corresponding routing
mechanism to consider degree limitations of each node, which in turn has an effect on the
routing algorithms that are employed.

The aforementioned differences restrict the applicability of established IP Multicast
routing protocols such as DVMRP, MOSPF, PIM-DM, CBT [59] among others and
necessitate the use and design of other routing protocols for the overlay multicast setting.
As mentioned already, existing ALM protocols widely vary in their approach, the
application domain they try to address and the constraints and parameters they consider.
Such is the case also with the routing mechanism of each ALM protocol varying from
one implementation to another. Here we will present some of the more common routing
mechanisms used in ALM protocols.

2.4.3 Minimum Spanning Tree

Given a graph with a cost associated with each edge (usually delay), a Minimum

Spanning Tree (MST) is a tree with minimum total cost (see Chapter 24 of [24]] for
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Kruskal and Prim’s algorithms for building MSTs). Given the graph with edge costs
shown in Figure 9a, an MST is constructed to have the minimum total cost as shown in
Figure 9b (total cost is 11 in this example).

An MST is commonly used by a centralized ALM protocol such as ALMI and HBM in
order to construct a low cost shared tree that is not rooted at any particular source (a

shared tree implies that all nodes use the same tree to distribute their data).

a) b} €}

Figure 9. a) a graph with link costs b) Minimum Spanning Tree c) Shortest Path
Tree

2.4.4 Shortest Path Tree

A Shortest Path Tree (SPT) on the other hand constructs a minimum cost path from a
source node to all its receivers (see chapter 25 of [24] for Dijkstra’s algorithm for
building SPTs). An SPT or one of its variants is commonly used by ALM protocols (such
as Yoid, Spreadlt, TAG, RITA) in order to construct a source-specific multicast tree or in
graph theoretic terms a rooted tree. Figure 9c shows the SPT rooted at the filled-in node.
It is important to note that both MST and SPT can be modified to respect degree

constraints of each node [9] [94].

2.4.5 Hierarchical Clusters
In order to better organize the overlay tree and reduce control message overhead, some
ALM protocols such as ZIGZAG and NICE construct a hierarchical cluster of nodes with

each cluster having a ‘head’ representing it in the higher layer.

37



Figure 10. A hierarchical cluster of nodes with cluster size 4

The advantage of a hierarchical cluster approach to multicast tree routing is the reduction
in control overhead (nodes keep state only about a subset of other nodes) and faster
joining and management of the tree at the cost of a sub-optimal tree and a lack of hard
guarantees on the degree limitation of each node.

2.4.6 Peer-to-peer substrate based routing

Recalling Table 1 of section 2.3.4, we observe that many ALM protocols (such as RMX,
Gossamer, Bayeux, Borg, Scribe) operate based on an existing peer-to-peer substrate that
serves as a mesh on top of which an overlay multicast tree can be constructed using either
a reverse-path forwarding scheme (Gossamer, RMX, Scribe), a forward-path forwarding
scheme (Bayeux) or both (Borg). The advantage of these approaches includes low control
overhead and distributed management of the multicast tree but they do not restrict the
degree of each node and are sub-optimal.

2.4.7 Degree-constrained routing

As noted earlier, MST and SPT routing algorithms can be modified to respect degree
constraints of each node [9]. Additionally, Shi et al [94] examine several degree
constrained routing heuristics and introduce their own.

The problem of finding minimum-cost degree-constrained multicast trees or degree-

constrained Steiner trees is NP-complete due to containing the NP-complete problem of
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finding a degree-constrained spanning tree [31]. There exist several heuristic
approximation algorithms addressing this problem [9] [72] [57] [58] [85]. Some of these
algorithms (such as [57] [58]) do not provide exact guarantees on the degree of each node
in the tree and instead provide a bound on the worst-case degree. Others focus on
constructing a single tree and do not consider multiple trees over the same graph ([9]
[85] [95]). Recalling that a multi-party videoconferencing application involves multiple
simultaneous sources and therefore multiple overlay trees, we will demonstrate through
examples (see section 4.4) and simulations (see Chapter 5) that existing heuristics suffer
as a result of constructing each tree independently of the others.

Though there has been some research with regards to constructing multiple trees on a
shared graph [20], they still only provide a bound on the worst case (maximum) degree of
any node as opposed to guarantees on the individual maximum degree for every node as
is required for a protocol supporting multi-party videoconferencing applications.

It is towards the aim of producing heuristics that are appropriate for multi-source
applications that we introduce our own multi-source outflow-constrained overlay tree
heuristic and compare its performance with relevant heuristics as well as with the only
other heuristic that considers the construction of multiple overlay trees [68] (see Chapter
5 for details of the comparison) and find that our heuristic performs better in finding a
significantly larger percentage of solutions, while providing for heterogeneous bit-rates,

priority as well as incurring a low delay penalty.

2.5 Summary

This section presented the basic concept behind Application Layer Multicasting and gave

a survey of existing protocols through which we observed that most existing approaches
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target single-source streaming applications with large number of receivers and very few
target small-scale multi-party videoconferencing applications. As a result, the services
they provide as well as the constraints and parameters they consider are not adequate for
the class of applications that we are interested in and presented in section 2.1.3. This is
especially evident from the routing heuristics employed by existing approaches that
commonly construct a single tree and do not necessarily consider out-degree constraints
of each node. We have therefore devised our own protocol called MVEMP (Multi-party
Videoconferencing End-system Multicast Protocol) as well as heuristic routing

algorithms that will be presented in Chapter 3 and Chapter 4 respectively.
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Chapter 3 MVEMP: Multi-party Videoconferencing

End-system Multicast Protocol

The previous chapters helped highlight the characteristics and requirements of multi-
party videoconferencing applications especially with regards to multicasting and went on
to illustrate that existing ALM protocols do not adequately address such applications.
This chapter presents MVEMP: a Multi-party Videoconferencing End-system Multicast
Protocol. The goal of MVEMP is to assist the deployment of multi-party
videoconferencing applications on top of today’s Internet through constructing overlay

trees rooted at each video source in the session.

Video |
Transmission/ MVEMP | MVEMP
Reception | Control
i Messages
RTP
UDP TCP
P

Figure 11. MVEMP in the protocol stack

It therefore directs the transmission and forwarding of video streams from one

participant’s computer to another. As shown in Figure 11, MVEMP works on top of an
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RTP/UDP/TP protocol stack and provides a multicasting service to the application by
directing the transmission and reception of video streams. Since it has been shown that
measuring throughput bandwidth and delay can be significantly beneficial for ALM
routing [22], future versions of MVEMP would have to incorporate the control messages
received via RTCP in order to get an idea of the quality of the media received by each
user and adapting the overlay tree accordingly. The control messages exchanged between
nodes executing the MVEMP protocol require reliable delivery and therefore traverse a
TCP/IP protocol stack.

The core design of any ESM pfotocol consists of 1) the choice between a distributed or
centralized scheme for constructing data distribution trees or hierarchies 2) the choice
between a mesh-first approach or a tree-first approach to constructing such trees 3)
definition of messages the various entities must exchange in order to provide the
necessary services and 4) the algorithm and mechanism for constructing, improving and
maintaining trees when users join/leave trees rooted at various sources. What follows is
our design of an ESM protocol and the choices therein as they relate to the characteristics

and requirements of multi-party videoconferences.

3.1 Centralized vs. Distributed

An ESM protocol must choose between a centralized approach and a distributed approach
to constructing, improving and maintaining trees or hierarchies representing the multicast
group. While a distributed approach provides better scalability and fault tolerance by
distributing the decision making process between many nodes, it is slower than a
centralized approach in reacting to changes (e.g. nodes joining or leaving the hierarchy)

since a joining node must iteratively search for a node to connect to. It is this iterative
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search that causes continuous packet loss for seconds and sometimes tens of seconds
when, for instance, an intermediate node leaves [6]. At the cost of creating a single point
of failure and its limited scalability, a centralized approach can find more solutions to the
routing problem (as a result of having more information) and arrive at those solutions
faster than a distributed approach. As mentioned in section 2.2.3, virtual environment
based multi-party videoconferencing applications can employ some form of
interest/awareness management to limit the number of users wishing to receive from a
source. Furthermore, given their lesser scalability requirement and the frequently
changing characteristic of multi-sender teleconferences (as compared to video-on-
demand and live broadcast), we therefore opt for a centralized approach similar to ALMI
[82] for constructing and maintaining overlay structures. We assume the existence of a
Rendezvous Point (RP) whose identity is known to all participants prior to the start of the

session.

Figure 12. RP as a point of connection (a-b) and holding the centralized routing
mechanism (c-d)

Similar to other protocols the RP serves as a bootstrap mechanism whereby participants

contact in order to join the session but, additionally, in our protocol the RP also contains
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the centralized decision making component that keeps track of the overlay tree for all
sources. Figure 12 illustrates the role of the RP.

In Figure 12a, a new node joining the session finds the IP of nodes already in the session
from the RP and connects to them (Figure 12b). In Figure 12c, node3 declares its wish to
be attached to the tree rooted at source0. RP determines that node3 should be attached as
a child of nodel and informs both about the new tree branch to be constructed (Figure
12d). Note that the RP would physically reside on one of the client machines.

Clients inform the RP of their wish to join/leave a particular source and based on the
algorithms that will be discussed in the next chapter, the RP decides how to modify the
overlay trees in order to accommodate every source sending to every one of its receivers
(Note that it is the decision making process that is centralized and not the stream
distribution for each source which is done in a peer-to-peer manner). The RP then

informs the affected nodes as to how the overlay tree is to be constructed.

3.2 Mesh-first vs. Tree-first

Existing ESM protocols either construct trees rooted at a source directly from the current
list of nodes or construct a richer connected graph called a mesh and then construct
overlay trees based on the graph. In a tree-first approach, new nodes wishing to join the
overlay tree are directly attached to the tree. In contrast, a mesh-first approach requires
node to first establish connections with several other nodes and then to get connected to
the overlay tree through a subset of these. The extra connections in a mesh help a
disconnected node to reconnect quicker. A tree-first approach is more appropriate for
single source applications and requires less control overhead since each node only

exchanges information with its parent and children. A mesh-first approach typically
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incurs a higher control overhead (the exception being [66] where a mesh implicitly
contains the trees and therefore a tree building algorithm is not necessary) by requiring
each node to have a virtual connection to nodes other than its parent and children but
consequently can more quickly attach a node to another overlay tree. As a result, a mesh-
first approach fits well within the context of multi-party videoconferencing applications.
In our protocol the mesh serves as the graph on top of which multiple overlay trees are

constructed.

3.3 Protocol Description

Having decided on a mesh-first centralized approach to constructing, improving and
maintaining overlay trees for the multi-party videoconferences, we can now present how
such a protocol provides the basic services required. They are:
e Managing a session by allowing new participants to join and leave the conference
session
e Managing the construction of overlay trees to support the multicast data
distribution, as users change the set of media sources they wish to receive from
Although there are other events that the protocol must handle (and these will be discussed
towards the end of this section), the core operation of the protocol consists of dealing
with four events:

1. New Node Join event: a new participant joins the conferencing session

2. Node Leave event: a conference session participant either leaves the session or
experiences failure
3. Soft Join event: a participant already part of the conferencing session expresses its

interest in receiving video from a particular source
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4. Soft Leave event: a participant already part of the conferencing session and
receiving video from a source wishes to discontinue receiving from that source
and yet still remain part of the session

It is important to make the distinction between ‘New Join Node’ and ‘Node Leave’
events and what we have termed ‘Soft Join’ and ‘Soft Leave’ events [47]. Commonly
referred to as simply join and leave events in existing ALM protocols, ‘New Join Node’
and ‘Node Leave’ imply construction and tearing down of connections between nodes.
This is in contrast to Soft Join and Soft Leave events that refer to an existing node in the
session changing the set of media sources it wishes to receive from and does not
necessarily imply tearing down or construction of links but the resumption or
discontinuation of stream transmission between already connected peers. It is obvious
that Soft Join and Soft Leave events only apply to multi-source applications.

3.3.1 New Node Join event

Participants join a teleconferencing session by contacting the Rendezvous Point (RP)
whose address is known through a mechanism outside of this protocol (e.g. URL is
obtained from a website). A TCP connection is established between each joining node
and the RP to allow for reliable bi-directional control message passing. Each joining node
provides the RP with its maximum outflow bandwidth (obtained either through
measurement or explicitly defined by each participant) as well as the maximum video bit-
rate of the video it will be transmitting.

The RP holds the IP address of every participant currently part of the session as well as
their maximum outflow bandwidth. The RP informs the joining participant of the address

of those already in the session, as well as the ports they will be using for transmission of
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their video and assigns the joining node the ports it should use for transmission of its own

video.
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Figure 13. New node 2 joining nodes 0 and 1 already in the session

The joining participant then makes a RTP/UDP connection to all existing participants and

vice versa, thus making a bi-directional Complete Virtual Graph (CVG) between the
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nodes. It is a virtual graph since each node is physically connected through a series of
other nodes (i.e. routers).

Figure 13 illustrates the New Node Join event process with an example: nodes 0 and 1 are
already part of the session with the RP aware of their IP addresses and the ports they use
for data distribution. Node 2 joining the session contacts the RP and provides its own IP
address and possibly some additional information such as Internet connection (e.g. DSL,
dial-up). The RP informs the new node of the existing nodes and provides the IP address
and ports necessary for the new node to establish connections with the existing nodes.
The RP also informs the existing nodes of the new node so two-way connections can be
established.

3.3.2 Node Leave

A node gracefully leaving a session informs the RP of doing so. The RP in turn informs
every other node about the leaving node. Furthermore, the RP repairs any disconnected
trees resulting from the leaving node by generating a Soft Join event for each node whose

parent is the leaving node (Figure 14).

aave Session

Figure 14. Node Leave

Similar to other ESM protocols, periodic ‘keep alive’ messages exchanged between a
node and the RP are necessary to detect abrupt failure of a node. Unlike other protocols
however, MVEMP can make use of the fact that each node will frequently send ‘Soft
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Join’ and ‘Soft Leave’ messages to the RP and will receive forwarding instructions as a
result of other node’s ‘Soft Join’ and ‘Soft Leave’ events. Therefore ‘keep alive’
messages are exchanged only when a node has not transmitted a message to the RP after
a given threshold. In fact, given the frequency at which participants exchange information
with the RP and other messages that are exchanged between peers such as their
movements (see section 6.4), it may be reasonable to forego the exchange of periodic
‘keep alive’ messages altogether and instead rely on other types of messages to serve as a
form of ‘keep alive’ message.

Alternatively, quality-monitoring information, obtained from the RTCP back channel,
can be periodically sent along side the ‘keep-alive’ messages to the RP in order for it to
keep an updated status of each node’s received media quality.

Once a node failure is detected, the procedure followed by the RP is the same as a node
gracefully leaving the session: RP informs other nodes of the leaving node and repair
disconnected trees, if any, by generating Soft Join events for each node whose parent is
the leaving node.

It is important to note that if the failing or leaving node happens to be the client hosting
the RP, then the entire session fails. The remaining participants must then restart the
session by either contacting the same RP (if it becomes available) or executing another
instance of the RP between themselves and joining the new conference session. In this
regard, the RP presents a single point of failure in our protocol.

3.3.3 Soft Join

Once a node has successfully joined the conference session and is part of the mesh, it can

request to receive data from a set of sources in the session (this would normally be a
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subset of all sources if interest/awareness management is used). In other words, a node in
the session can at any time specify the set of video sources it wishes to receive from
based on its interest/awareness of each source.

The job of the RP is to attach the requesting node to the overlay tree of the sources it
requests to join. The idea then is to find a set of trees rooted at each source and spanning
the subset of users it needs to send to, given a maximum outflow bound for each node. It
is also desirable to reduce the delay between the source and its receivers. Furthermore,
each node may assign a priority to the sources it wishes to receive from to signify their
relative importance as well as specify a particular bit-rate of the video it would wish to
receive. This is the key functionality and contribution of the MVEMP protocol and is
represented by novel heuristic routing algorithms to be presented in the next chapter. The
goal of the heuristic is to find low delay outflow-constrained ovérlay trees for each source
rooted at that source in order to satisfy the Soft Join request of each node. The routing
heuristic generates the set of changes in the overlay tree structure necessary to
accommodate each Soft Join requests and possibly a set of requests that cannot be
accommodated and are therefore rejected (section 3.3.5 deals with rejected requests). The
RP then communicates these changes to the affected nodes, which must then transmit or
forward video to other nodes as requested by the RP.

3.3.4 Soft Leave

Just as a conference participant can request to receive a video from a particular source
(i.e. Soft Join), he/she can request to discontinue the transmission of a video he/she is
receiving. The Soft Leave event is thus generated when a node loses interest or awareness

in another node and wishes to discontinue its reception of video from that node, in which
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case the RP is informed of the change.

The job of the RP is then to repair any overlay tree that may become disconnected as a
result of the requesting node leaving the tree. We take a simplistic approach to a Soft
Leave event. If the requesting node has more than one child in the tree of the source, we
ignore the Soft Leave request and use the requesting node as a reflector (a node that does
not itself wish to receive a stream and yet is used to forward to more than one node, see
section 4.5).

If, however, the node making the Soft Leave request has one or no children in the tree of
the source, it is simply removed from the tree and the disconnected child reconnected to
the parent of the leaving node.

3.3.5 Reject Request

There are instances when the protocol is unable to satisfy a ‘Soft Join’ request without
violating the constraints specified by each peer. For example, there may not be enough
bandwidth to accommodate a new user on an overlay tree. Under such circumstances, the
heuristic rejects a set of requests according to priority of each request if priorities have
been assigned. It is then the job of the RP to inform any affected node of its request
having been rejected.

3.3.6 Port Management

Due to the existence of multiple streams in the session, it is important to properly manage
the ports each node uses to transmit and receive streams. As mentioned in section 3.3.1,
the RP assigns each joining node the ports it should use for transmission of its video.
There are instances when a node may be required to transmit more than one stream to
another node. For example, a node may transmit its own video to another node, as well as

forward another source’s video to that node. Such occurrences can be accommodated by
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either multiplexing the streams or opening an additional socket. In order to reduce the
complexity of implementation involved in multiplexing, we have opted for the latter
approach and therefore require the RP to inform both the transmitting and receiving
nodes of the additional ports they should use. Note that the alternative to use multiplexing
can still implemented as an extension of the protocol.

In order to avoid a large number of ports from being open on every participant’s machine,
the RP sends a message to close a port that has remained idle for a specified period of

time (in order of minutes).

3.4 Summary

This chapter presented a protocol designed for multi-party videoconferencing, which
involves the mechanisms through which nodes join and leave a conferencing session,
specify their requirements and capabilities as well as, during that session, request to
receive video streams from a set of sources. We did not however present how our
protocol constructs overlay trees for each source, given the outflow constraints of each
node. The overlay multicast routing algorithm employed in our protocol presents one of

the key contributions of this thesis and will be presented in the next chapter.
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Chapter 4 Multi-source Outflow-constrained

Overlay Routing

One of the key functionalities of any ESM protocol is the overlay multicast routing
algorithm based on which nodes are organized into a distribution tree rooted at the
source. The routing algorithm determines the quality of the distribution tree and therefore
the quality of experience in the media sharing session as well as the scalability, ease of
deployment and overall feasibility of the ESM protocol. Section 2.4.7 presented some of
the most common routing approaches employed by existing ALM protocols, some of
which did not respect individual out-degree constraints of each node and all of which
constructed a single tree and did not consider multiple trees on the same graph. In this
regard, we first demonstrate the shortcoming of existing approaches to overlay routing
and go on to present our own routing heuristic called MOTOR: Multi-source Outflow-
constrained Tree Overlay Routing.

Given the multi-party videoconferencing requirements outlined in section 2.2 and the
centralized group management presented in the previous chapter, we can define the
routing problem as: given a set of users connected to one another via a unicast
infrastructure, each with a limited upload bandwidth, we must construct for every source
a tree rooted at that source and spanning its intended receivers without violating the
bandwidth limitation of any user. Furthermore, each stream may have, according to the
receiver’s preference or capability, a different bit-rate as well as a priority assigned to it.

The overlay multicast tree should be constructed such that every node forwarding a

53



stream of a specific bit-rate should be receiving that stream with an equal or greater bit-
rate. If it is not possible to construct such a tree, lower priority streams should be dropped
first. Finally, it is desirable for the constructed trees to be low cost where the cost of an
edge connecting two nodes represents the delay between them.
4.1 Problem Definition
More formally, we define the following:

e G=(V,E): An undirected complete graph with nodes V and edges E

e c(i,): cost associated with edge {i,j} €E, representing delay on that edge

e outflow max(v): the maximum allowable out-flow of node veV

e outflow(v): current out-flow of node veV

e Rs={tj,...tm}: a possibly empty set of nodes tieV for every node seV (Rs

represent the receiver set for source s)

e p(i,j): priority level of a request from source i to receiver j

e fw(i,j): requested flow weight from node i to j (represents bit-rate requested)

e Ts: atree rooted at node s and spanning Rs

e > operator in Ts: node c is the child of node d in tree Ts if c>d
The Minimum Diameter Multi-Source Outflow-Constrained (MD-MSOC) routing

problem is then defined as:
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Given graph G, outflow_max(v) for every node vV, Rs for every node s €V, p(i,s) and
Jw(i,s) for every pair i,s €V, find a tree Ts rooted at every node s €V, spanning its receiver
set Rs such that:

outflow(v) <outflow_max(v) for all veV

if i~f then fw(i,s)sfw(j,s) for ij € Ts for all sV

max(c(e))<e for all e;eTs
In graph theoretic terms, this is an extension of the minimum-cost degree constraint
problem: The MD-MSOC problem requires the building of multiple minimum-cost
degree-constraint trees over the same graph.
4.1.1 Outflow versus out-degree
The distinction we have made here between outflow and out-degree is worthy of note. As
defined in section 2.4.1, the degree of a vertex in an undirected graph is the number of
edges incident on it. In a directed graph, the out-degree of a vertex is the number of
edges leaving it and the in-degree of a vertex is the number of edges entering it. The
definition of degree is sufficient to represent the bandwidth constraint of nodes when

dealing with a tree with all nodes receiving the same flow.

Figure 15. Out-degree versus outflow

When constructing trees for sources where the bit-rate associated with each receiver can
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be different, this definition does not adequately represent the problem domain. Figure 15
illustrates with an example. The out-degree of node0 is 2 in Figure 15a since there are a
total of 2 edges leaving it with both receivers 1 and 3 receiving the same normalized flow
of 1. In Figure 15b different receivers can receive different flow weights (i.e. bit-rates)
and although there are 2 edges leaving node 1, the outflow of that node is 1.5 since
receiver 1 receives a flow weight of 0.5 (i.e. the bit-rate received by node 1 is half the bit-
rate received by node 3). In order to be able to deal with cases where the bit-rate of each
receiver can be different, we consider the outgoing bandwidth constraints of each node as
an outflow constraint rather than an out-degree constraint. In the special case where all
receivers have the same bit-rate, the outflow-constraint problem reduces to an out-degree-
constraint problem. Note that other heuristics cannot deal with the most generic
formulation of the problem (with heterogeneous flow weights for receivers) by virtue of
providing out-degree constrained trees rather than outflow constrained trees.

It is worthy of note that unlike the end-to-end delay between two nodes in a network,
measuring throughput bandwidth between two nodes is non-trivial. Section 7.3 further
discusses the issue of measuring available bandwidth on the Internet.

4.1.2 Restricting inflow

It is important to note that the MD-MSOC problem does not constrain the inflow of each
node. Similar to the outflow constraints representing the upload bandwidth limitations of
each node, the inflow constraints represent the download bandwidth limitations of each
node. The rationale for not considering the inflow constraint of each node is derived from
the ESM protocol that the routing heuristic is a part of (i.e. MVEMP as presented in the

previous chapter) and the application domain targeted by this protocol (i.e. multi-party
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videoconferencing). Recall from section 2.1.3 that a multi-party videoconferencing
application must employ an application-layer filtering or awareness management
mechanism in order to limit the number of media streams it deals with. In fact, such a
mechanism is assumed to exist and is a pre-condition for the use of an ESM protocol as
discussed in section 2.2.3 and demonstrated in section 6.4. The application-layer restricts
the total number of media streams by restricting the number of streams each user can
request to receive. In other words, the fact that an ESM protocol (and hence an overlay
routing algorithm) is being used precipitates from the existence of an application-layer
filter that restricts the inflow of each node. As shown in [47] and demonstrated in section
6.4, restricting the inflow of each node at the application layer does not necessarily imply
restricting the outflow. Therefore, the routing heuristics presented in this thesis focus on
the outflow constraints of each node and assume that the inflow is constraint by the
application itself.

As a final note, it is important to highlight the fact that today’s Asymmetric Digital
Subscriber Lines (ADSL) that provide Internet access to home users have asymmetric
download and upload bandwidth constraints. A typical ADSL line for instance has a
maximum download bandwidth of 1Mbps while the upload bandwidth is only a few
100kbps. Considering a 320x240 MPEG4 coded video at 15fps which produces an
average of 100kbps as an example, we can observe that a typical home Internet user is
able to receive several video streams but may not be able to transmit more than 1 or two
streams. The more restricted constraint of the upload bandwidth as compared to
download bandwidth is another reason why outflow forms the major constraint in the

MD-MSOC problem presented. Others have used the asymmetric nature of ADSL lines
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as a basis of their assumption that download bandwidth or inflow of nodes is essentially

unbounded compared to the outflow [68].

4.2 NP-Completeness of MD-MSOC and Complexity of
Exact Solutions

We have already alluded to previous work that prove the NP-Completeness of minimum
cost degree-constraint spanning trees [9] [31] [94]. The MD-MSOC problem is also NP-
complete by containing the NP-complete problem of finding minimum cost degree-
constraint spanning trees. That is, we do not expect to find exact solutions to the MD-
MSOC problem that are solvable in polynomial time. Consequently, heuristic
approximation algorithms must be devised.

The first question that now arises out of the problem defined in the previous section is:
given that we intend to apply the routing mechanism to small-group conferencing
application, is it possible to use a ‘brute force’ or exhaustive algorithm to find the exact
solution to the minimum-cost degree-constrained trees for each source? In other words,
instead of a heuristic approximation, can we employ a ‘brute force’ approach to get to the
exact solution? As noted in [9], finding an exact solution for the minimum-cost degree-
constrained tree is prohibitively expensive computationally. The question remains
however as to the possibility of using an exact solution for small number of nodes. For
this purpose, we examine the algorithmic complexity of a ‘brute force’ approach which
examines all possible combinations of trees in order to find the exact solution to the
minimum-cost degree-constrained routing problem.

An exhaustive approach to MD-MSOC problem has algorithmic complexity of O(N!)™).
Consider a graph with N=|V| vertices. An exhaustive approach to building a single rooted

tree on this graph starts with the root of the tree as the only node in the tree and at each
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iteration considers every combination of adding a new node to the tree. At the first
iteration, there is only one node that can serve as a parent (i.e. the tree root) and N-1
nodes that can be chosen as the child to be added to the tree (Figure 16a). At the second
iteration, there are 2 nodes in the tree (i.e. two possible parents) and (N-2) node that can
be chosen as the next child to be added to the tree (Figure 16b). At the Nth iteration, there
are (N-1) nodes in the tree and only 1 node to be added as the child (Figure 16¢). There

are therefore (N-1)!x(N-1)! possible trees to be considered.

cl=1

Figure 16. An exhaustive approach to MD-MSOC problem: a) first iteration with
1x(N-1) possibilities b) second iteration with 2x(N-2) possibilities and c) N* iteration
with (N-1)x1 possibilities

The exhaustive approach considers each of these trees to see whether it satisfies the
degree constraints of each node and finds the minimum cost tree between all the trees that
satisfy the constraint. The algorithmic complexity of such an exhaustive approach is thus
O((N!)?). In the MD-MSOC problem however, a tree must be constructed for each source
and with N nodes in the graph, in the worst-case scenario there are N trees to be
constructed. Therefore an exhaustive approach would have to consider every possible

combination of these trees, thus having an algorithmic complexity of O((N!)*™). This is
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indeed a prohibitively expensive undertaking even for small number of nodes. Consider
for instance that when N=6 then the worst-case complexity rises to 10** which for a
machine executing 10° instructions per second (i.e. a GHz computer) could take a very
long time to solve.

The exhaustive approach presented is simplistic (it produces duplicate copies of the same
tree) but serves to illustrate the general complexity of the problem. A more efficient
approach to finding exact solutions to the MD-MSOC comes about by noting Cayley’s
formula: given N nodes, there are N2 unique spanning trees or labeled spanning trees
[14]. Each of these trees can be uniquely represented by a Priifer sequence [35]. There are
therefore NN Priifer sequences that can be generated for a tree connecting N nodes.
Given that there exist algorithms for generating all possible trees that do so in constant
time for each tree [65], we can therefore have algorithms that list all possible trees with N
nodes in O(KxN®™?) where K is a constant. Once again, since there are a maximum of N
trees to be constructed and therefore a similar approach to the MD-MSOC problem would
yield a running time of ON™ ™) which is still prohibitively expensive even for small
N.

A further improvement to the running time of an algorithm that finds a minimum-cost
degree-constraint tree in a graph can be achieved by employing the Branch and Bound
approach such as the one presented in [61]. This approach however works only in the
case of a single tree on a graph. If a single minimum-cost degree-constraint tree is found
by a Branch and Bound tree, there is no guarantee that a feasible solution can be found
for the other trees on the same graph.

There is another shortcoming with the existing exact solutions: they all assume the
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receiver set of the tree is given at the outset but as will be demonstrated in section 4.5,
there are cases when it is impossible to construct a tree for a source spanning its receivers
unless a node (called a ‘reflector’) not originally part of the receiver set is added to the
receiver set of the tree during the execution of the algorithm. Consequently, the exact
solutions to the minimum-cost degree-constraint tree problem presented in the literature
do not provide an exact solution to the MD-MSOC problem presented here.

Given the prohibitively expensive nature of exact solutions to the MD-MSOC problem as
well as the fact that they do not cover all the possible cases, we therefore investigate
approximation algorithms that may not find the best solution but will find an
approximation in polynomial-time.

4.3 Dynamic vs. Static Approach to Multicast Routing

Before going further, it is necessary to outline the two approaches to multicast routing.
The dynamic approach considers the creation of multicast trees as nodes dynamically join
and leave various sessions [1]. The goal of the dynamic approach is to attach a joining
node to the already existing multicast tree, preferably causing few topology changes to
that tree. The static approach on the other hand considers the global formulation of the
problem by constructing a multicast tree from scratch every time. The static approach is
applicable to scenarios where there are no late join or eaﬂy leave multicast nodes and is
able to find more and better solutions by constructing a tree from scratch. The dynamic
approach is applicable to scenarios where nodes join and leave the session but suffers in
terms of its ability to find solutions as well as the quality of the trees it produces due to
the restriction on the number of changes in the multicast tree that are allowed.

In large-scale multicast scenarios, rearrangement of all trees for every request causes
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instability and is therefore not feasible. For small groups however, tree rearrangement
constitutes a smaller number of changes and may therefore incur a tolerable penalty.

In this thesis, we present both a dynamic and a static heuristic algorithm for the MD-
MSOC problem given above. We intend to use the dynamic approach in order to quickly
construct trees without causing too many topological changes and intend to use the static

approach in order to improve the performance of the solution over a period.

4.4 Approximation Algorithms for the MD-MSOC problem

Section 2.4.7 presented other degree-constrained routing problems in graph theory and
the heuristics that provide an approximation. Section 2.4 also presented common
Application Layer Multicast routing heuristics. Of these heuristics, the ones that do not
put exact limitations on individual out-degree of each node are not applicable to the MD-
MSOC problem since each node has an exact maximum of outgoing flow (i.e. streams) it
can support that must be respected. Among the heuristics that respect the exact
constraints of each node, the most relevant and recently developed are those by Shi and
Turner [94] [95] and Liu et al [68].

In [94] and [95] the authors provide several centralized heuristic routing algorithms for
finding a minimum diameter degree constrained spanning tree in a complete graph. The
Compact Tree (CT) algorithm [94] is a greedy algorithm based on Prim’s Minimum
Spanning Tree [24] that attaches nodes to the tree in the order that produces the smallest
increase in diameter. As a result, CT produces low diameter trees with high out-degree
nodes close to the root. Balanced Degree Allocation (BDA) [95] on the other hand
distributes the out-degree of nodes throughout the tree but increases the diameter as a

result. In the performance evaluation presented in [95], BDA has the best (lowest)
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rejection rate while CT has the best (lowest) diameter. CT is similar to shortest path tree
algorithms presented in section 2.4.3 and employed by ALM protocols such as Yoid [37],
TBCP [73] and OMNI [6] while BDA distributing the out-degree throughout the tree
resembles routing approaches of CAN-multicast [87] and ZIGZAG [101] but unlike
CAN-multicast and ZIGZAG, BDA respects the heterogeneous out-degree of all nodes
(instead of only providing a bound). BDA and CT can serve as centralized versions of the
myriad of routing algorithms employed by ALM protocols.

We demonstrate the general approach of CT and BDA with a simple example. Figure 17a
shows a complete graph with 4 nodes and the out-degree constraints displayed beside
each node and the cost of each edge also displayed beside the edge. Assume that a tree

rooted at node A must be constructed that spans nodes B, D and C.
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Figure 17. a) Given graph b) tree constructed by CT c) tree constructed by BDA

CT iteratively adds the node with the smallest distance to the root if spare degree is
available. So for the tree rooted at node A, the first node to be added is D with A as its
parent (since link A-D has the smallest distance to A). Next, node B has the smallest
distance to A and so it is added to the tree with A as its parent. Finally, node C is added to

the tree with D as its parent since path C-D-A has smaller distance than C-B-A. CT
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constructs a tree with minimum diameter tree (here we take diameter to be the largest
distance from the source to its receiver) and exhausts the out-degree of the top nodes
(Figure 17b).

BDA does not consider cost of links and instead tries to maximize the available degree of
nodes on the tree. For the tree rooted at node A, node B is added first since it has the
largest available degree. Subsequently, nodes C and D are added as children of node B in
order to maximize the available degree of each node (Figure 17c). Note how the tree
constructed by CT has the shortest distance between the root (A) and its receivers but has
exhausted the available degree of 2 nodes (A and D), while the tree constructed by BDA
has a larger distance between the root and its receivers but has allowed each node to keep
a spare degree.

We can observe from this simple example the reason behind CT’s higher rejection rate as
compared to BDA. Consider for instance if on the same graph, node D is to transmit to
node C. Given the trees constructed by CT and BDA, we can observe that BDA would be
able to accommodate a tree rooted at node D while CT would have to reject such a
request since D has exhausted its maximum degree.

Parallel to the work present in this thesis that we first published in [47], Lie et al also
introduced several centralized heuristics for building out-degree constrained overlay trees
[68]. CLUSTER strives to minimize the number of sessions a node forwards data for in
order to accommodate more multicast sessions while DISPERSE distributes the
forwarding responsibility among participants similar to BDA. Both favor attaching nodes
with highest available out-degree first to the tree. Figure 18 illustrates how CLUSTER

builds trees with an example (remaining out-degree is written beside each node). The tree
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rooted at node A is constructed by adding nodes with highest out-degree first (Figure
18a): node B is first attached to the tree (with A as its parent) since node B has the largest
available degree. Next A is chosen as the parent since it is already forwarding and
between C, D and E there is no preference as the next child since they all have the same
available degree (for the example we chose E). Nodes C and D are added to B since B has
the largest available degree. Subsequently, when building another tree rooted at node E, a

node already forwarding (i.e. node B) is used as parent before others (Figure 18b).

Figure 18. CLUSTER
One shortcoming of CLUSTER is that a node that may not have any spare out-degree for

its own tree may be a parent in a tree rooted at another node. A variation called
CLUSTER-swap shifts an edge from one tree to another in order to accommodate such a
scenario. In the performance evaluation presented in [68], CLUSTER-swap and
DISPERSE-swap result in similar rejection rates lower than other variations. It should be
noted that the heuristics present in [68] do not consider edge cost (i.e. delay) in their
algorithm and instead concentrate on building low-depth trees where depth is measured
as the number of hops or links between a source and a target. A a low-depth tree is not

necessarily a low-cost tree since it is possible for multiple hops to have a smaller
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cumulative cost compared to a single but very costly hop.

All of the above algorithms (BDA, CT, CLUSTER-swap) are centralized and consider
the static approach to multicast routing. As mentioned in the previous section, a dynamic
approach may be more desirable when there are late join and early leave events during
the multicast session. Liu et al introduce dynamic versions of their heuristics (henceforth
called CLUSTER-Dynamic and DISPERSE-Dynamic). CLUSTER-Dynamic attaches a
late joiner to a node with minimum available bandwidth that can support the new node.
Conversely DISPERSE-Dynamic attaches a late joiner to a node with maximum available
bandwidth. These two algorithms are considered when evaluating the performance of our
heuristic under dynamic conditions and are compared to the dynamic heuristic introduced
in this thesis. In the next section, we will demonstrate the shortcomings of the heuristics
discussed in this section through examples and go on to devise our own heuristics. In
Chapter 5 we compare the performance of our heuristic (MOTOR dynamic and static)
with BDA, CT, CLUSTER-swap, CLUSTER-Dynamic and DISPERSE-Dynamic and
demonstrate that MOTOR-dynamic is able to find a greater percentage of solutions than
other dynamic approaches while MOTOR-static finds a greater percentage of solutions
than all the mentioned heuristics. Furthermore, unlike the aforementioned heuristics,
MOTOR considers priority of each stream as well as heterogeneous flow weights while
incurring a relative delay penalty comparable to the heuristic with lowest relative delay

penalty (i.e. CT).

4.5 Shortcomings and Opportunity for Improvements

The heuristics presented in this thesis take advantage of certain shortcomings in existing

algorithms in order to achieve better performance. We will first demonstrate these
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shortcomings through examples and then go on to describe how our heuristic (MOTOR)
tries to address them.

Except CLUSTER-swap, whose introduction was parallel to our own work, all other
heuristics construct overlay trees independent of one another. This is derived from the
assumption that different multicast sessions belong to different applications and are
independent of one another, which is the case when several independent single-source
applications exist on the same network. In a multi-party videoconferencing application
however, there are multiple multicast sessions that make up the same conferencing
session. The routing mechanism can exploit this feature by building trees in the order that

will accommodate more solutions. We illustrate with an example.
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Figure 19. Considering order of overlay tree construction

Given 4 nodes A, B, C, D with out-degrees 2, 3, 1, 1 available to them respectively as
shown in Figure 19a, recall that CT constructs a tree rooted at node A and spanning B, C,
D as shown in Figure 19b. Now CT will reject the construction of an overlay tree rooted
at node D since node D does not have a:ny out-degree available to it. Now consider if the
tree rooted at node D is constructed before the tree rooted at node A. Doing so will

prevent the tree rooted at node A from using node D’s only available out-degree and
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therefore will accommodate both trees as shown in Figure 19c.

As mentioned before, CLUSTER can avoid having a node unable to transmit its own
stream due to its forwarding of another stream by shifting forwarding responsibility away
from the tree root to another node on the same tree (called the CLUSTER-swap variation
in [68]). CLUSTER-swap however does not consider the more general approach to
shifting branches in another tree in order to accommodate more requests. Consider the
same node out-degree constraints of Figure 19a and the trees rooted at nodes A, C and D
as shown in Figure 20a. At this point a late joiner requesting to be attached to tree rooted
at node D must be rejected since no node on the tree has any available out-degree to
become the parent of the new node. Relocating an edge in the tree rooted at node A
however can result in a spare out-degree in tree rooted at node D and thus the attachment

of the new node as shown in Figure 20b.

0 2

Figure 20. Relocating out-degree in order to accommodate more nodes

Another way overlay routing heuristics can be improved is by considering a node not on
the tree but with available out-degree as a ‘reflector’ in a tree that cannot otherwise
accommodate all its receivers. Consider the same node out-degree constraints as those in

Figure 19a and the trees rooted at nodes A and D as shown in Figure 21a.
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Figure 21. Using a ‘reflector’ in overlay trees

A tree rooted at node C and containing nodes A and B cannot be built by the heuristics
presented so far since the node with available out-degree (node B) is not in the receiver
set of node C. If node B is used as a ‘reflector’ (i.e. a node that despite not requesting to
be in a tree is included in the tree in order to make use of its available outflow), then the
tree rooted at node C can be constructed as shown in Figure 21b.

An ifnportant shortcoming of all the heuristics presented in [68] is that instead of
minimizing the diameter or cost of the tree, CLUSTER, DISPERSE and their variations
all consider tree depth. Tree depth however is not an accurate measure of tree depth or in
networking terms, the number of hops (i.e. tree depth) does not necessarily reflect the
delay between two nodes in the network. That is why these algorithms perform poorly in
terms of the delay penalty they incur (see sections 5.3.1 and 5.3.2) compared to heuristics
that consider edge costs as a metric instead of tree depth.

Finally, we should reiterate the point made earlier that none of the heuristics discussed so
far consider different priority of nodes in the tree when rejecting a request that cannot be
accommodated. Furthermore, all the said heuristics consider out-degree as a measure of

outgoing bandwidth but as mentioned in section 4.1.1, when there are heterogeneous bit-
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rates out-degree is not adequate for representing outgoing bandwidth of each node. It is
for this reason that none of the mentioned heuristics can be used to solve the MD-MSOC
problem in its most generic form (when each receiver may request a different bit-rate).
MOTOR however considers the outflow of each node and constructs trees in such a way
as to accommodate heterogeneous flow weights (i.e. bit-rate) for each receiver.

Having outlined some of the major limitations of existing minimum-cost degree-
constraint overlay tree-building heuristics, we now present our novel heuristics that

attempt to address these limitations and shortcomings.

4.6 MOTOR: Multi-source Outflow-constrained Tree
Overlay Routing

In the previous section, we highlighted how existing heuristics do not find certain groups
of solutions when building multiple degree-constrained trees on the same graph and
cannot solve the MD-MSOC problem in its most generic formulation. This section
presents two heuristics. MOTOR (Multi-source Outflow-constrained Tree Overlay
Routing) improves on the existing approaches by finding more solutions in addition to
taking into account priority and heterogeneous flow weights on the tree while
constructing low cost trees. A dynamic version of this heuristic, called MOTOR-
Dynamic, builds on the ideas of MOTOR in order to better accommodate dynamic
joining and leaving of nodes in a multicast session by restricting the number of changes
that each request can cause in the overlay topology.

Here we will only give the main principles of the two heuristics through examples and
general outlines, while the appendix provides the detailed account of each heuristic. We
first present the overall static approach to the problem addressed by MOTOR and then go
on to illustrate how MOTOR-Dynamic incorporates the main ideas of MOTOR under

70



dynamic conditions.

4.6.1 The Static Approach: MOTOR

MOTOR takes a two-step approach to the minimum-cost outflow-constrained problem.
The first step involves assigning ‘per tree outflows’ to each node such that the total
outflow assigned to each node does not exceed its outflow constraint. The ‘per tree
outflow’ assigned to each node represents how much forwarding responsibility is allotted
to that node for a particular tree. Other than respecting the maximum outflow constraint
of each node, the per tree outflow assignment should be done in such a way so as to
accommodate the total outflow required by each tree. For example, if a tree is to span a
set of M receivers that all wish to receive a flow weight of 1, then the total outflow
assignment for that tree should be at least M. Once a feasible solution to the first problem
has been found, the second step involves finding a minimum cost tree for each source
while respecting the per tree outflow assigned to each node in the first step. As we shall ’
see in Chapter 5, this approach helps to construct low cost trees but avoids the large
rejection rate of heuristics that greedily create low cost trees from the beginning.

If a feasible solution is not found for the first step, then a request or a set of requests with
lower priorities are rejected in order to accommodate higher priority requests. The

general flow and logic of the algorithm is demonstrated in Figure 22.
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Figure 22. General flow of MOTOR

The Assign_QOutflow routine whose general flow is depicted in Figure 22b and is outlined

with spare outflow, flow
weight of node '

c)

in more detail in Figure 23 represents the first stage of the process. Assign_OQutflow first

distinguishes between sources that have enough spare outflows to support all their

receivers and those that require other nodes to forward for them. For those nodes with

maximum outflows greater than the total required by their receiver set, the overlay tree

will start with a star topology (every receiver is directly connected to the source node).

For other nodes, overlay trees are constructed in descending order of the difference

between maximum outflow and total outflow required (i.e. trees are constructed first for

sources requiring less forwarding from other nodes).
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In this way the algorithm tries to prevent a node from forwarding for other nodes when

that node itself may not have enough spare outflow for its own tree.

Assign outflow() O(N7)

Input: Given a complete graph G=(V,E), a maximum outflow outflow max(v) for all nodes veV, a
target set Rs for each source and a request flow weight fw(s,t) and priority p(s,t) for each source-
target pair (s,t). fw(s,t) for s=t is infinite.

Output: a set of trees Tk rooted at each source keV and spanning its targets Rk such that

outflow_max(v) is respected for all nodes veV and if i-j then fw(i,s)<fw(j,s) for i,je Ts for all se V.
Returns TRUE if successful.

A={s|seV, outflow_max(s)> Y fw(s,i) V icRs}
D={s|seV,s¢gA}

V seA,veRs:
add edge={s,v} to Ts with flow weight fw(s,v)
outflow(s)=0 V seD
for all seD in descending order of (outflow_max(s)- Y fw(s,i) ieRs):
outflow(s)=outflow_max(s)
avail_outflow=outflow_max(s)+> outflow(k), keRs
if(avail_outflow<} fw(s,m) V meRs):
if AreV | reRs, r#s, outflow(r)>(fw(s,n)+fw(s,m)) m,neRs:
avail_outflow+=outflow(r)
Rs+={r}
fw(s,r)=Max(fw(s,n),fw(s,m))
Total_outflow=outflow max(s)
Ts={s}
min_flow = Min(fw(s,i) i€Rs)
while(Total outflow>= min_flow & [Rs[>|Ts|) do:
find u | ueTs with Max(outflow(j)) VjeTs)
P={p | peRs, fw(s,p)< outflow(u), fw(s,p)< fw(s,u)}
Choose qeP with Max(fw(s,q)) and use greater outflow(q) for tie-break
add edge={u,q} to Ts with flow weight fw(s,q)
Rs - = {q}
Total outflow+=[outflow(q)- fw(s,q)]
Min_flow = Min(fw(s,i) V ieRs)

V seD, [Rsp>[Ts|:
Insertnode(s,t) ¥V teRs, t¢Ts
Vv seD, [Rsp{Ts|:
Swap_rejected_requests(s,Rs)
else Return TRUE

Figure 23. First step of MOTOR: assigning per tree outflows

As demonstrated in section 4.5, it is possible that the total outflow required to construct a

tree exceeds the sum of the available outflow of all nodes intended to be included in that
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tree and therefore it may be necessary for a node that is not a receiver to act as a
‘reflector’.

The concept of a ‘reflector’ is commonly used by multi-party videoconferencing
applications and involves a dedicated entity forwarding the stream of one source to
multiple destinations even though that entity itself is not a conferencing participant but
typically a server or Multi-point Control Unit [10]. In our approach, we generalize the
concept of a reflector to any node that, though not part of the receiver set of a source, can
temporarily assist in forwarding its flows. Therefore Assign Outflow first investigates
whether a ‘reflector’ is required to construct the multicast tree and if so, searches to find
such a node and includes it in the receiver set of the source if it is found. A node is
eligible to be considered as a ‘reflector’ for a source if it has enough spare outflow to be
the parent of at least two nodes on the tree of that source.

Attention should be drawn to the fact that using a node as a ‘reflector’ implies the use of
that node’s bandwidth and processing power for the benefit of other nodes, leading to the
issue of trust and cooperation between peers in a peer-to-peer system which is the subject
of a brief discussion in section 7.4.

After determining whether a ‘reflector’ is needed for a source or not, nodes in the
receiver set of a source are attached to the tree in descending order of their flow weight
and, if they have the same flow weight, in descending order of their available outflows,
with the node already in the tree with the largest available outflow parenting the new
node. By choosing the node with largest available outflow in the tree as the parent, the
algorithm tries to increase the chance of accommodating future branches in the tree.

Likewise (when requested flow weights are the same), the next node to be added to the
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tree is the one with the largest available outflow in order to increase the total available
outflow on the tree.

As an example of how the Assign_Outflow routine works, Figure 24 illustrates the steps
taken to construct a tree rooted at source A and spanning nodes (B,C,D,E) with requested
flow weights of (1.0, 0.5, 0.25, 0.25) respectively. First, if possible, nodes with highest
requested flow weight are attached and if more than one request have the same flow

weight, the receiver with the highest outflow available is attached first.

Figure 24. Assigning outflows

At the final step, the Assign_Outflow routine searches for any node that has not yet been
attached and attempts to attach it through the InsertNode routine. We will return to the
issue of complexity of Assign_Qutflow at the end of this section.

Figure 22c shows the general outline of InsertNode and Figure 26 the details. InsertNode
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attempts to attach a node to a tree that does not have spare outflow to accommodate it. In
order to do so, it searches for possibilities of first relocating the spare outflow of some
node on another tree to the targeted tree in order to allow the attachment of the new
joining node. The Relocate_spare_outflow routine (Figure 25) investigates whether such
a possibility exists or not and then the Attach routine (Figure 29) attaches a new node to

the requested tree once enough outflow has been relocated to that tree.:

Relocate spare outflow(c,s,t) O(N*)

Input: given a source sV, a node ceV with outflow_max(c)- outflow(c)>=fw(s,t)

Output: relocate spare outflow of ¢ to a node deRs, such that outflow_max(v) is respected for all
nodes ve V. Returns a node d with outflow(d)>fw(s,t) if successful, NULL otherwise.
d=NULL
V d | deRs OR d=s, d#£c:
if can_relocate(c,d,s,t)=TRUE: Return d
if 3 a,d | a¢Rs, a#c, outflow_max(a)-outflow(a)<fw(s,t), can_relocate(c,a,s,t)=TRUE,
deRs OR d=s, d#c,d+#a, can_relocate(a,d,s,t)=TRUE:
Return d

can_relocate(c,d,s,t) O(N°)

Input: given a node ceV with outflow(c)>fw(s,t) and a node deV, c£d

Output: see if it is possible to transfer the spare outflow of node ¢ to node d such that
outflow(d)>fw(s,t). Returns TRUE if successful.

ifJe|eeV,deTe, ceTe, |Te[>2:
G={g|g-d, gdeTe}
if 3 HCG | H#J, outflow(d)-+removed _flow)> fw(s,t), outflow(c)>removed_flow,
fw(e,c) >fw(e,h) V heHORc - d
(where removed flow = ) fw(e,h), heH):
remove edge={d,h} from Te, heH
if ¢ + hin Te & outflow(c)+removed flow>=fw(e,d):
remove edge={f,d} from Te d>f
add edge={f,h} to Te with flow weight fw(e,d)
add edge={c,d} to Te with flow weight fw(e,d)
Return TRUE
elseifc# h:

add edge={c,h} to Te, heH with flow weight fw(e,h)
Return TRUE

Figure 25. Trying to relocate spare outflows from one tree to another
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The Relocate_spare_outflow routine is called for every node that is NOT part of the
receiver set of the source and that has spare outflow (Figure 26). As a result
Relocate_spare_outflow first investigates whether the node with spare outflow can take
on forwarding responsibility for another node on the intended tree (through the
can_relocate routine). If that is not successful, Relocate spare outflow attempts to
relocate the spare outflow to an intermediary node, which can then relocate to a node on
the intended tree (that is, relocating spare outflow from node C to node A and then from
node A to a node on the intended tree). Of course the Relocate_spare_outflow routine can
be made recursive in order to search more possibilities for relocation (i.e. N levels of
relocation). Instead we opted for maximum of only 2 levels of relocation in order to keep

the complexity lower.

InsertNode(s,t) O(N°)

Input: given source sV and target teV (t¢Ts) and flow weight fw(s,t)

Output: insert new target t to the tree Ts of source s with flow weight B, such that outflow_max(v) is
respected for all nodes veV,

V¢ [ cgRs, outflow max(c)- outflow(c)> fw(s,t):
d=Relocate_spare_outflow(c,s,t)
if &#NULL:
attach(s,t,d)

Figure 26. InsertNode routine

Figure 27 illustrates a simple example: given the two trees one rooted at node A and the
other at node C (Figure 27a), relocating the spare outflow of node B to node A is
necessary in order to support the attachment of node D to the tree rooted at node A

(Figure 27b).
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Figure 27. Relocating spare outflow from one node to another

The relocation of spare outflow involves rerouting flows in such a way that a node with
spare outflow takes on the forwarding responsibility of another node. Figure 27¢,d show
another example of how spare outflow is transferred from one node to another: spare
outflow of node C is relocated to node B through node C forwarding to nodes D and E.

Despite limiting it to a 2-level search, the complexity of Relocate spare_outflow is still
relatively high. Given a node ‘c’, the can_relocate routine at the worst case examines all
other nodes (N-1 nodes) that ‘c’ can exchange spare outflows with. When examining a
node, the routine at the worst case needs to look at every children of that node (possibly
N-2 nodes), thereby bringing the complexity of can_relocate to O(N?). Note that if there
are homogeneous flow weights (i.e. every request has the same flow or bit-rate), then
there is no longer a need to examine every children of a node but it suffices to choose
one. This is because as long as two nodes are on the same tree and one node has spare
outflow, there is a way for them to exchange outflows (with heterogeneous bit-rates this
is not necessarily the case). Therefore, removing heterogeneous bit-rates from the
requirements would reduce the complexity of can relocate to O(N). The
Relocate_spare_outflow routine at the worst case considers every pair of nodes for the

exchange of outflows. Since each consideration is ON?) from can_relocate, the
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complexity of Relocate_spare outflow becomes O(N*). InsertNode calls
Relocate_spare outflow for every node with spare outflow and has therefore a

complexity of O(N°).

attach(s,t,c) O(N)

Input: given source seV, a target te V and a node ceRs such that outflow (c) >fw(s,t)
Output: attach target t to the tree Ts of source s, taking advantage of spare outflow of ¢

if ceTs:
if fw(s,c) >fw(s,t)
add edge={c,t} to Ts with flow weight fw(s,t)
Return TRUE
else if fw(s,p) >fw(s,t) & outflow(p) >(fw(s,t)-fw(s,c)), c-p in Ts:
add edge={c,t} to Ts with flow weight fw(s,t)
fw(s,c)=fw(s,t)
outflow(p) -=fw(s,t)-fw(s,c)
Return TRUE
else if c=t:
V heTs | fw(s,h) >fw(s,t):
G={g|g-h}
if 3 KcG | K#J, [outflow(h)+Y fw (s,k)] >fw(s,t) &> fw (s,k)<outflow(c)VkeK:
remove edge={h,k} in Ts YkeK
add edge ={h,c}to Ts with flow weight fw(s,c)
add edge={c.k} to Ts with flow weight fw(s,k) VkeK
Return TRUE
Return FALSE

Figure 28. Attaching a node to a tree

If Relocate_spare_outflow succeeds, the Attach routine joins a new node to the requested
tree with the parent who received the spare outflow as a result of the outflow relocation.
The Attach routine does so by either attaching the new node as a child of the node with
Spare outflow or (if the node with spare outflow happens to be the node requesting to be
attached to the tree) by rerouting the flows through the joining node. That is, the joining
node, instead of becoming a leaf node (i.e. one with no children in the tree), becomes a
parent of other nodes in order to free up spare outflow for nodes that will become its
parent (Figure 28).
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) d)

Figure 29. Attach routine example

Figure 29 illustrates this with two examples. Consider four nodes (A,B,C,D) having
outflow maximums of (2.0, 1.0, 0.25, 0.0) respectively, with an overlay tree rooted at
node A and connected to nodes B and C with flow weight of 1.0 (Figure 29a). Node D
wishing to join this tree is simply attached to node B which has spare out flow (Figure
29b). In contrast, in Figure 29¢, none of the nodes on the tree rooted at node A have spare
out flow to support a new node D. The flow is therefore rerouted through D (that has
spare outflow) as shown in Figure 29d.

For the Attach routine, the first case (if a node on the tree has spare outflow), the
complexity is constant K. However, when the attached node happens to be the node with
spare outflow, the routine searches the children of every node on the tree in order to find

a set of children that it can attach to the joining node. Since a node cannot appear
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multiple times in the same tree, the routine will execute a maximum of N-1 times or has
complexity O(N).

If a solution is still not found after the InsertNode routine (i.e. a number of requests are to
be rejected) the swap_rejected_requests attempts to substitute higher priority requests
into the tree by dropping lower priority requests. This routine first finds the rejected
request with highest priority and removes all requests with lower priority from the
receiving set of the source (while retaining requests with equal or higher priority). It then
calls the Assign_outflow routine again in order to find a tree for the new receiving set. At
this point, a last attempt is made to attach the omitted requests into the tree through the
InsertNode routine. Note that the InsertNode routine only attempts to add a new node to
an existing tree and does not drop any node from the existing tree (therefore there is no
chance of lower priority requests that were omitted from causing the detachment of

higher priority requests from the tree).

Swap_rejected requests

Input: a source seV, priority for each request p(s,t) from source s to receiver t and Rs the receiver
set of source s

Output: a tree rooted at source s and spanning a subset of Rs with lower priority requests rejected

V se€V such that [Rs[>|Ts|:
find u such that p(s,u)>=p(s,t) for all t,tueRs AND t,ugTs,
Q={qeRs such that p(s,q)<p(s,u)}
Y qeQ:
Rs=Rs-{q}
Assign_outflow(Rs)
YV teQ:
Insertnode(s,t)

Figure 30. Rejecting lower priority requests
Recall that complexity of InsertNode is O(N’) with heterogeneous bit-rates and ONY

without. Assign_outflow calls InsertNode for every request that is not satisfied by the end
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of its first stage. At worst case therefore, Assign_outflow will call InsertNode in the order
of N? times (there are a maximum of N(N-1) possible requests), thereby having a
complexity of O(N’). If lower priority requests are rejected through the
Swap_rejected_requests routine, the complexity rises to O(N®) since Assign_outflow is
called for every source whose tree does not span all its targets.

4.6.2 Constructing low cost trees

The algorithm presented so far does not consider the cost of each edge when constructing
trees and instead tries to satisfy the outflow constraint of each node. The result of the
Assign_outflow routine is therefore a set of trees that respect the outflow constraint of
each node but may not be low cost. The trees constructed by Assign_outflow however can
be regarded as per-tree outflow assignments for each node that can then be used to
construct low cost trees using a minimum-cost tree-building algorithm. We use the
Compact Tree (CT) algorithm of [94] with the variation the authors of the paper mention,
which defers the addition of a node that reduces the available outflow of the tree to zero
when there are more nodes to be added to the tree. Figure 31 illustrates with an example.
Given the edge costs and node outflow constraints shown in Figure 31a, consider the
trees rooted at nodes A and D constructed by Assign_outflow as those shown in Figure
31b. For the tree rooted at node A, node B has two children and therefore has an outflow
assignment of 2 while node A has one child and one spare outflow not used by any other
tree and therefore has an outflow assignment of 2. Node D has outflow assignment of 0
since its only outflow is used for its own tree. The resulting outflow assignment is shown
in Figure 31c. Using the variation mentioned of the CT algorithm of [94], the resulting

low cost tree rooted at A is shown in Figure 31d. This leaves for the tree rooted at node D

82



the outflow assignments shown in Figure 31e, used by the variation of CT to get a low

cost tree rooted at D as shown in Figure 31f,

Tree A

Tree A Tree D
™ ()
- |

ONONOROFORO

d) e) f)

Figure 31. Trees of Assign_outflow regarded as per-tree outflow assignments in
order to build low cost trees

As will be demonstrated in the next chapter, this two-step approach to making low cost
outflow-constraint trees remedies the high rejection rate of greedy low cost out-degree
constraint algorithm such as CT and yet constructs similarly low cost trees.

4.6.3 The Dynamic Approach: MOTOR-Dynamic

MOTOR-Dynamic borrows its main concepts from MOTOR and applies them in a
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dynamic setting by restricting the number of changes that a request is allowed to cause by
joining the multicast session. The application must specify the maximum number of
changes that the application tolerates when a new node ‘soft joins’ a multicast session

(recall definition of ‘soft join’ from section 3.3).

MOTOR-Dynamic

Aflowed changes >=
AND
ge has spare outflow’

Yes » changes =1

No

Yes
can shift outflow?
No
Shift outflow
changes =3

Allowed changes >=4
AND
can find reflector?

No Yes

owed changes 4
AND
can

Include ‘reflector
changes =4

No Yes

|

Attach()

Reject new _‘b
node m

Figure 32. MOTOR-Dynamic overall flow

MOTOR-Dynamic uses this value as a parameter when trying to join a node to an

existing overlay multicast tree. It iteratively considers the various ways of connecting a
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node to the request tree from the ones causing the least number of changes to the ones
causing the maximum allowable number of changes. Figure 32 shows the general flow of
MOTOR-Dynamic. Note that MOTOR-Dynamic only works with homogeneous flows
(all requests have the same flow).

The first and trivial solution is simply adding the new node at the closest distance to the
source that has spare outflow to accommodate the new node, thus causing only 1 change.
If the new node itself has enough spare outflow to parent a node on the tree, then 3
changes can result in the new node being included in the tree. There are also 3 changes
involved when shifting spare outflow from a node on another tree to the one requiring
outflow to accommodate the new node.

The routine RelocateSpareQutflow presented in the appendix can be used for shifting
operations that cause more than 3 changes. If there is a node that can be used as a
‘reflector’, there are 4 changes that would accommodate the attachment of the ‘reflector’
as well as the new node to the tree.

If the maximum allowable changes is set to only 1, then MOTOR-Dynamic degenerates
into algorithms used by protocols such as Yoid [37] and Spreadlt [28] that simply add a
new node to the closest parent in tree that has enough outflow to accommodate it. In this
case the complexity of MOTOR-Dynamic is O(N) since the algorithm simply examines
all the nodes on the tree of a given source.

When the maximum number of changes is set to infinity, then MOTOR-Dynamic
essentially degenerates into the Relocate_spare_outflow routine discussed in the previous
section that has complexity of O(N°) when considering homogeneous flows. MOTOR-

Dynamic therefore has worst case complexity of O(N®). The details of MOTOR-Dynamic
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(such as how edge costs are factored in the tree building in order to construct low cost
trees) are given in the appendix.

In addition to accommodating a new joining node, a dynamic approach should also deal
with nodes leaving a session. Our approach to a node leaving a tree is simple. If the
leaving node is a leaf node (i.e. has no children) it is simply removed from the tree. If the
leaving node has one child, the child is reattached to the parent of the leaving node. If the
leaving node has more than one child, the leaving node is kept as a ‘reflector’ in order to
minimize the disruption of flow to its children. Note that it is within the context of a
multi-party videoconferencing application that a leaving node can be kept as a reflector.
This is because a node leaving the tree of one node is still part of the conferencing session
as a whole and can therefore continue to assist in the forwarding of a particular session.
4.6.4 A Note on Rejecting Requests

It is important to note here that any heuristic would fail to satisfy every request if the total
weight of all requests exceeds the total outflow available. In a single-source scenario this
may not be a great limitation since every receiver can be assumed to add forwarding
capability to the distribution tree it joins. In a multi-source scenario however, each
participant is the source of its own data and may not be able to contribute to the
forwarding capability of the distribution tree it joins. As a result it is important in such
cases for the application to impose limits on the total weight or number of requests made
during the session in proportion to the total outflow available from all participants. As
will be shown in section 6.2.5, this is possible through careful design of the application

interface in conjunction with the employment of an awareness management mechanism.
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4.7 Summary

This chapter began with the statement of the routing problem applicable to the class of
application presented in section 2.1.3 whose requirements were outlined in section 2.2.
We then presented existing approaches that are applicable to this routing problem and
highlighted their shortcomings and how they can be improved. The rest of the chapter
gave an overview of how our heuristics called MOTOR and MOTOR-Dynamic attempt
to address these shortcomings as well as add new features such as priority and
heterogeneous bit-rate. The next chapter is an evaluation of the performance of MOTOR

and MOTOR-Dynamic as compared to existing solutions.
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Chapter 5 Performance Evaluation

In this section, we aim to investigate how the heuristics discussed in the previous section
compare to other overlay multicast tree building heuristics under various conditions. We
evaluate existing relevant heuristics (presented in section 4.4) CT, BDA, CLUSTER-
swap, CLUSTER-Dynamic and DISPERSE-Dynamic and compare their performance to
our own heuristics MOTOR and MOTOR-Dynamic. Note that all of these heuristics are
centralized. Note also that for MOTOR-Dynamic the maximum number of changes to

topology allowed is set to 4 for all the tests in this chapter.

5.1 Metrics

There are three primary metrics for gauging the performance of an overlay routing
heuristic: rejection rate, relative delay penalty and link stress. When there exists a
constraint on the degree of each node (be it in-degree or out-degree or both), it may
become impossible to find a tree spanning all its nodes without violating the degree
constraint of each node if there is not enough available degree. In such a case a node or a
set of nodes on the tree are dropped from the tree. The frequency of dropping a node is
termed the rejection rate in [94] and blocking probability in [68] and is a measure of how
often the routing algorithm is able to find a solution to the routing problem. A low
rejection rate is a desirable characteristic of a routing algorithm.

In addition to finding how often a solution is found, it is also of importance to have a
measure of how good the found solution is. In the context of ALM protocols, stretch and
stress of an overlay tree are the primary metrics for measuring the quality of the overlay

tree [22]. Tree stretch is a statistical measure of the length of the branches of the overlay
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tree, or in the terminology of networks, the delay from the source to its receivers. Tree
stress on the other hand is the statistical measure of the number of duplicate packets on
the same physical link. Low stretch trees are desired in order to reduce the delay a
receiver experiences in receiving a stream from a source, while low stress tress are
desired in order to reduce the load on the underlying network. A heuristic can aim to
minimize the worst-case stretch of a tree or alternatively minimize the total/average
stretch of a tree.

In the context of the work presented in this thesis, the routing heuristic constrains the
outflow of each node to a given maximum. Assuming that limitation of bandwidth
primarily exists on the ‘last-mile link’ (between the end user and the router connecting
that user to the Internet) and not in the Internet backbone, we observe that the routing
heuristic presented in our work limits the worst-case link stress to that specified by the
outflow constraint of each node. In other words, the worst-case link stress is a function of
the maximum outflow assigned to the end-system nodes which is respected by the routing
heuristic when building overlay trees. Maximum stress is therefore regarded as an input
parameter to degree-constraint routing algorithms. We therefore focus on measuring the
rejection rate and the stretch of overlay trees constructed by each of the heuristics.

Tree stretch is commonly measured in terms of the Relative Delay Penalty (RDP) [21].
RDP is defined as the ratio of the delay between a source and its receiver in an overlay
tree to the delay if the source directly transmitted to that receiver. Figure 33 shows a
source transmitting to 3 receivers in an IP Multicast capable network (left) and
alternatively if ALM is used in a unicast-only network (right) with link delays shown

beside each link. In the IP Multicast case, the delay between source0 and receiver? is
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25=5+10+3+7 while the ALM scenario results in a delay of 35=5+10+5+5+3+7 between
source and receiver2, due to receiverl forwarding its received stream to receiver2. The
RDP for this source-receiver pair is thus 35/25=1.4. ALM protocols commonly measure

the cumulative distribution of RDPs for all source-receiver pairs as a measure of the

overlay tree stretch.

Figure 33. RDP and link stress for IP Multicast (left) and ALM (right)

The stress of all links is always 1 in an IP Multicast-capable network since routers only
duplicate packets when needed, whereas stress can be more than 1 in an overlay network
(in the example above the link between the source and router0 experiences a stress of 2)
In this chapter we will compare the rejection rate and RDP of MOTOR and MOTOR-
Dynamic with that of CT, BDA, CLUSTER-swap, CLUSTER-Dynamic and DISPERSE-
Dynamic. Since MOTOR allows for heterogeneous flow weights within the tree, there are
three overall conditions under which we examine the efficacy of the said heuristics:

1. Globally Homogeneous bit-rate: represents the case where all receivers of all
multicast sessions receive the same bit-rate (Figure 34a). This is the most
commonly simulated condition (e.g. in [94] and [68]) but does not include the
situation when different sessions have different bit-rates.

2. Locally Homogeneous bit-rate: represents the case where all receivers of a
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particular multicast session receive the same bit-rate but different multicast
sessions can have different bit-rates (Figure 34b).
3. Heterogeneous bit-rate: represents the most generic case where every receiver in
a multicast session can request to receive a different bit-rate (Figure 34c).
The results of the comparison between the different heuristics are thus categorized

according to the three conditions above.

Figure 34. Three simulation scenarios: a) Globally homogeneous b) locally
homogeneous c) heterogeneous

Also recall from section 4.3 that a multicast session can be assumed to be either static (no
subsequent changes once it is established) or dynamic (nodes join and leave randomly).
We try to present the performance of the mentioned heuristics including our own under
the various conditions and simulation scenarios. Before doing so however, an important

point is worthy of mention.

5.2 Comparing Metrics in Isolation
In [21] the authors point out the relationship between the out-degree assigned to each

node and the effect on the RDP of the resulting overlay tree. When available out-degree

is increased, RDP decreases. In general, it is important to keep in mind the effect of each
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metric on the other metric especially when examining each metric in isolation as is
commonly done. Consider for example, the trivial solution to the overlay routing problem
that simply adds a node directly to the source if there is available degree at the source and
rejects the node otherwise. In other words, the source unicasts to all its receivers until
there is no more out-degree available. For this trivial algorithm to overlay multicasting,
that we call ‘multi-unicast’ and called ‘unicast’ in [21], we expect a high rejection rate
because every source can only support nodes that it can transmit itself. On the other hand,
the RDP of the trivial solution will always be 1 or equivalent to the IP Multicast. It is
important to note this tradeoff between rejection rate and RDP when comparing the RDP
of routing algorithms whose rejection rates are significantly different. An algorithm with
lower rejection rate may have a higher RDP but this does not necessarily imply that the
algorithm builds higher stretch trees. By including more solutions, it may include higher
stretch trees that were simply rejected by another algorithm with higher rejection rates.
This is important to keep in mind in the sections that follow since the heuristics compared
thgrein have widely different rejection rates.

Consider also the fact that when a heuristic does not find a solution to the routing
problem, it can reject multiple requests (i.e. source-receiver pairs). In the dynamic
simulation of multicast, this has a direct effect on the rejection rate of the heuristic. In the
worst-case, if a heuristic rejects all the source-receiver pairs, then it can more easily
accommodate future requests (since after rejecting all requests, it has plenty of spare out-
degree to accommodate requests), thus lowering the percentage of time requests are
rejection or in other words the rejection rate. On the other hand, when a heuristic cannot

accommodate every source-receiver pair, it may try to accommodate as many as possible,
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reducing the probability of accommodating future requests. As we shall see in section
5.3.2, some of the heuristic we study reject more than one request on average, when they
fail to find a solution for all requests. The number of rejected requests per rejection is yet
another hidden parameter when comparing rejection rates across multiple routing

heuristics.

5.3 Globally Homogeneous Scenario
In this simulated scenario, used by Shi and Turner [94] [95] as well as Liu et al [68] to

measure the rejection rate of their heuristics, every multicast session has the same bit-rate
B and every multicast participant receives the same bit-rate. Normalizing the bit-rate,
every edge of every multicast tree has a weight of 1 and nodes are assigned non-negative
integers for maximum out-flow (i.e. the number of streams they can forward). Taking the
same approach, we test the 4 static heuristics (MOTOR, CLUSTER-swap, CT, BDA)
under both static and dynamic conditions and the 3 dynamic heuristics (MOTOR-
Dynamic, CLUSTER-Dynamic, DISPERSE-Dynamic) under dynamic conditions only.
The dynamic case involves nodes randomly joining and leaving multicast sessions (this is
equivalent to teleconference participants randomly changing the sources they wish to
receive from) whereas the static case involves creating a session out of a group of
participants (i.e. all participants join at the same time and there are no subsequent
changes to the session).

For both the dynamic and static scenarios, simulatiions were carried out with 4 to 9 nodes
each with an out-degree maximum of 1 to 5. The reason for the small number of nodes is
derived from the application domain of multi-party videoconferencing (see section 2.2.6)

while the out-flow constraints are derived from upload bandwidth limitations of today’s
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DSL connection and the bit-rate of a 320x240 MPEG4 coded video at 15fps (see section
2.2.1).

Instead of randomly assigning maximum fan-outs to nodes as is commonly done, the
smaller number of nodes used in our simulation affords the investigation of all possible

combination of out-degrees. Given N nodes and maximum out-degree range of 1 to M,
there are a total of C,;"}'" unique combinations of fan-out maximums that can be

assigned to each node. Testing all possible configurations of fan-out maximums, as
opposed to randomly assigning them as is commonly done, gives more confidence as to
the generality of the results (but it is only feasible to do so for small number of nodes).
5.3.1 Dynamic Simulation of Multicast Sessions

For each configuration of maximum fan-outs assigned to each node, random join and
leave events are generated to simulate the lifetime of multiple multicast sessions on the
overlay structure. The generation of random join/leave events is restricted such that a
node does not request to join a tree it is already attached to (unless it is a ‘reflector’ on
that tree) and does not request to leave a tree it is not attached to. Also, the total number
of withstanding join events is limited to be no more than the total of maximum out-
degrees of all nodes (Note that in the globally homogeneous scenario out-degree and
outflow are interchangeable). For example, for the maximum out-degree configuration of
(1,1,2,3), the total number of withstanding join requests can be no larger than 7, thus
avoiding the cases where accommodating all requests is obviously impossible, since the
number of join requests is greater than the total number of available out-degrees. For each
possible configuration, 10000 random join/leave events are generated and the number of

requests that are rejected by all 4 algorithms recorded. Each request is also randomly
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assigned a priority of either O (low priority) or 1 (high priority).

We repeated the simulation test 10 times and averaged the rejection rate across the 10

tests and the various out-degree maximum combinations.

40%

©
o
®

w
k=1
&

N
2]
R

- MOTOR

17| ~#— CLUSTER-swap

s MOTOR-Dynamic

T —o—BDA

—a-CT

4~] & DISPERSE-Dynaric

-4 CLUSTER-Dynami¢

Average Rejection Rate
=3
R

Number of nodes

a8
=

~
=
R®

3
=

3
£

Maximum Rejection Rate
g &
® R®
R

=}
R

=]
R

o
*

—4— CLUSTER-swap
~a— MOTOR-Dynamic
——B0A I
—e—CT
& DISPERSE-Dynamic [ |
—t— CLUSTER-Dynamic

7 8

Number of nodes

g

Figure 35. Results for Globally Homogeneous dynamic simulation scenario

Figure 35 illustrates the average and maximum rejection rate of the 7 heuristics for

different number of nodes, while Table 2 gives the 95% confidence intervals.

Table 2. Average Rejection Rate and 95% Confidence Interval

Nodes | MOTOR | CLUSTER | BDA MOTOR | CT DISPERSE | CLUSTER
swap Dynamic Dynamic Dynamic
4 0.5%%0.13 | 1.0%+0.17 | 1.4%+0.23 | 1.2%+0.20 | 4.5%+0.54 | 4.5%+0.54 | 6.1%10.56
5 1.3%+0.20 | 2.5%+0.24 | 3.5%+0.30 | 3.5%+0.31 | 8.0%z+0.53 | 8.3%+0.57 | 10%+0.56
6 2.5%+0.23 | 4.8%+0.26 | 6.6%%0.32 | 7.5%+0.37 | 12%+0.48 | 14%+0.55 | 16%=+0.53
7 3.9%+0.24 | 7.7%10.25 | 11%+0.30 | 13%+0.37 | 17%+0.41 | 20%+0.49 | 22%+0.46
8 5.6%+0.24 | 11%40.23 | 16%+0.27 | 20%+0.33 | 22%+0.34 | 28%+0.40 | 29%+0.38
9 7.6%+0.23 | 15%%0.20 | 21%+0.22 | 27%+0.28 | 27%+0.28 | 34%+0.32 | 35%0.30

Our heuristic (MOTOR) performs significantly better by finding a greater percentage of

solutions as compared to the other heuristics: MOTOR has half the rejection rate of

CLUSTER-swap, which has the lowest amongst the other heuristics. MOTOR-Dynamic

performs significantly better than all other dynamic heuristics and for smaller number of

nodes, performs better than CT.
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The maximum (worst-case) rejection rates of all 4 heuristics are similar and occur for
severely restricted configurations of fan-out maximum. Rejection rate is highly dependent
on the total available out-degree assigned to the nodes. Figure 36 is a plot of the rejection
rate for our heuristic for various configurations of fan-out maximum assigned to 6 and 9
nodes. As expected rejection rate decreases as more outflow is assigned to each node.
The worst-case (maximum) rejection rate occurs when all nodes have fan-out maximum
of 1 (i.e. each node is only able to transmit a maximum of one stream), making it less
feasible to find overlay multicast trees.

Note that in Figure 36, the left part of graph with rejection rate of 0 corresponds to
unfeasible outflow assignments. For example, if there are no nodes with outflow of 1 (i.e.
number of nodes with outflow of 1 is zero), then the minimum outflow per node is 2 and
a lower value of average outflow per node is not feasible.

In the context of teleconferences, these results emphasize that the existence of
participants whose out-going bandwidth can only accommodate sending one stream (e.g.
a user with a dial-up modem connection in an audio/video teleconference) reduces the
feasibility of constructing overlay trees. This is more so as the number of such
nodes/users increases.

When a heuristic fails to find spanning trees for every source, it rejects requests that
cannot be accommodated. Since priority of either 0 or 1 were assigned, heuristics other
than MOTOR (including MOTOR-Dynamic) that do not consider priority of requests, on
average rejected a request with priority 0.5 (i.e. it is just as likely that a high priority
request will be rejected than a low priority one) whereas MOTOR had an average priority

of 0.1 for rejected requests (i.e. a high priority request has only a 10% chance of being
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rejected). This is beneficial since, as mentioned in section 2.2.4, many multi-party
videoconferencing applications assign different priorities to each stream and it is
preferable to deny lower priority requests when it is not possible to accommodate every
request.

Figure 37 shows the role assigned outflow plays in determining average rejection rate. As
expected, rejection rate of all heuristics falls as more outflow is assigned to each node
while MOTOR’s decrease is at a faster rate. Although Figure 37 shows only the results
for 6 and 9 nodes, results for 4, 5, 7 and 8 nodes follow the same pattern.

Average Rejection Rate: 6 nodes Average Rejection Rate: 9 nodes
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Figure 37. Average rejection rate versus outflow per node for 6 nodes (left) and 9
nodes (right)

A few more observations are due. Exclusively dynamic approaches to overlay multicast
routing such as CLUSTER-Dynamic and DISPERSE-Dynamic have the worst (highest)
rejection rates due to the fact that they try to add a late joining node by finding available
out-degree on the existing tree as opposed to constructing the entire tree from scratch (as
is done in exclusively static approaches). If there is no available out-degree available, the
late joining node is rejected without considering the rearrangement of branches in the
existing trees in order to accommodate the new node. The advantage of a dynamic
approach is that it does not greatly disturb existing flows in order to accommodate a new
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flow. When outflow is severely restricted, dynamic approaches will reject a high
percentage of late join requests but as more outflow is made available, rejection rate
decreases. The tradeoff between stability and rejection rate is yet another factor to
consider for overlay routing algorithms.

In order to compare the stretch of the trees constructed by each heuristic, we conducted
simulations with 4 to 9 nodes and assigned each node a random out-degree between 1 and
5 inclusive. Similar to the disk configuration used in [94], each node is randomly placed
in a 2D space with randomly assigned coordinates so as to simulate random distance
between nodes. For each node, the x and y coordinates are between 50 and 1400
milliseconds. The delay between any pair of nodes is simply calculated as the distance

between their coordinates, resulting in a minimum delay of 50ms and a maximum of 2s

z1980ms=\/(1400)2 +(1400)° . Given the randomly generated edge costs (i.e. node to

node delays) and each node’s randomly assigned out-degree, we generated 1000 random
join and leave events for each of the 20 randomly generated out-degree assignments. For
each event, if a heuristic is able to find a solution, the RDP of all source-receiver pairs on
trees constructed by each algorithm is recorded (if a heuristic does not find a solution and
rejects the request, there is no change in the RDP of all requests). In order to get
confidence intervals for the 95 percentile RDP values, we carried out each test 10 times.
Table 3 shows the results and Figure 38 plots them on a graph.

As mentioned in section 4.5, all heuristics except CT, MOTOR and MOTOR-Dynamic
do not consider edge costs when building overlay trees. As a result, we expect CT,
MOTOR and MOTOR-Dynamic to have better RDP than other heuristics as shown in

Figure 38. BDA has the worst RDP since it does not consider tree cost at all while
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CLUSTER-swap, CLUSTER-Dynamic and DISPERSE-Dynamic consider tree depth or

hop length as a measure, which does not accurately represent source-receiver delay.

Table 3. 95 Percentile RDP and 95% Confidence Intervals (N=10)

Number | BDA | CLUSTER | DISPERSE | CLUSTER | MOTOR | MOTOR CT
of swap Dynamic | Dynamic | Dynamic
nodes
4 3.840.18 | 2.8+0.09 2.710.12 2.2+40.29 | 1.9+0.26 | 1.520.15 | 1.2+0.06
5 5.1£0.34 | 3.6+0.17 3.610.17 3.3+0.22 | 2.8+0.18 | 1.9+£0.12 | 1.3+0.05
6 5.2+0.23 | 3.9+0.15 3.710.16 4.0£0.17 | 3.740.18 | 2.4+0.11 | 1.440.04
7 5.5£0.25 | 4.2%0.16 4.1+0.19 4.1+0.15 | 4.1+£0.21 | 2.6+0.16 | 1.5+0.03
8 5.910.17 | 4.3620.11 | 4.3%0.13 4.310.09 | 4.3+0.14 | 2.9+0.12 | 1.5%0.02
9 6.0+0.16 | 4.53+0.13 | 4.5+0.12 4.3x0.11 | 4.4+0.12 | 3.0£0.1 | 1.5+0.03
95 Percentile RDP
7
6 __/ <
e
o 5 g BDA
g / —4— CLUSTER-Dynamic
2 4 rd #— CLUSTER-swap
t ——CT
@ 'y
o3 = = —a— DISPERSED-Dynamic
a A //bﬂ’ —— MOTOR-Dynamic
&
02 S —=—MOTOR
e . + + s
—
1
D 1 T L] T T
4 b 7 8 9
Number of nodes

Figure 38. 95 percentile RDP

At this point we recall the point made in section 5.2 regarding the tradeoff between

rejection rate and RDP values. Figure 38 does not fairly compare RDP across multiple

heuristics since the heuristics widely differ in their rejection rate. We included the RDP
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values shown in Figure 38 for completeness as well as to represent the RDP values that
can be expected from each heuristic but a more fair comparison of RDP will be presented
in the next section when we examine the static simulation of multicast sessions and are
able to provide all heuristics the same input.

5.3.2 Static Simulation of Multicast Sessions

For a static simulation, multicast sessions are created on a group basis (all nodes join at
the same time and no subsequent changes occur). Though not applicable to scenarios
where nodes join and leave during the multicast session, the static simulation can better
reflect the efficacy of a heuristic in finding solutions as well as allowing a case-by-case
comparison of solutions across multiple heuristics.

For each configuration of out-degree maximums assigned to each node (generated the
same as section 5.3), we can generate a (possibly empty) receiver set for each source and
observe whether the various heuristics can find overlay trees for each source spanning its
receiver set. Furthermore, for a small number of nodes (4 to 6) we are able to generate all

possible combinations of source-receiver pairs under particular conditions. Given N
nodes, there are a total of Coy*™ unique combinations of receiver sets such that there are

a total number of M receivers (with N nodes there are Nx(N-1) possible source-receiver
pairs and we must choose a set of size M). Considering 5 nodes for example, there are
5x4=20 source-receiver pairs as shown in Table 4. The fully loaded scenario occurs when

the number of requests is equal to the total out-degree available. If the out-degree
maximum configuration of the 5 nodes is (2,2,2,3,3) for instance, then the worst-case

scenario is when there are 12 requests. In such a case every out-degree of every node will
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20
be exhausted. Thus there are a total of (12) =125970 combinations of 12 source-receiver

pairs.

Table 4. Generating source-receiver pairs

Receivers
1 2 3 4 5

1 X
% 2 X
3
% 3 X X X
A

4 X

5 X X X

Table 4 shows an example of 12 source-receivers chosen (marked by ‘X’) among the 20.
The receiver set for source 1 is {5} while it is {1,2,5}’ for source 3. Compared to
randomly generating multicast groups as is commonly done, generating all possible
combinations of source-receiver pairs for a given out-degree configuration and simulating
all possible configurations of out-degree can give more confidence about to the obtained
result. It is only possible to do so however for small number of nodes since the number of
test cases grow factorial-wise as the number of nodes increases. As a result we were only
able to test all possible cases for 4, 5 and 6 nodes.

For each configuration of out-degree maximum for 4, 5 and 6 nodes, we can thus
generate all possible combinations of fully loaded scenarios and observe the rejection rate
for MOTOR, CT, BDA and CLUSTER-swap. Note that CLUSTER-Dynamic,

DISPERSE-Dynamic and MOTOR-Dynamic are not applicable to the static case. Each
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request (i.e. each receiver-source pair) is also fandomly assigned a priority of 0 (low
priority) or 1 (high priority).

Figure 39 illustrates the average rejection rate (the ratio of the number of source-receiver
set combinations that a heuristic failed to find a solution for, over the total number of

combinations possible) for 4, 5 and 6 nodes. Figure 39 also illustrates the rejection rate of
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Figure 39. Static simulation results in Globally Homogeneous scenario

MOTOR as the number of nodes is increased for the same total outflow available.

Given the same input, our heuristic performs significantly better by finding a greater
percentage of solutions. As expected, as the number of nodes increases, it takes more
outflow per node in order to accommodate all the requests and the rejection rate is very
high when the outflow constraints are very tight (1 outflow per node for instance). In

addition to recording the number of combinations that each heuristic rejected, we also

103



recorded how many requests were rejected every time a source-receiver combination set
was rejected. Figure 40 shows the average number of requests (i.e. source-receiver pairs)
each heuristic rejected once it could not find a solution satisfying all the pairs.

When it is not possible to accommodate all requests, MOTOR and CLUSTER-swap try
to accommodate as many requests as possible but BDA and CT reject more requests. As
presented in section 4.4, heuristics that consider each tree independent of others can ask a
node to be a parent in a tree while that node does not have enough out-degree to become
the root of its own tree. In such a case, the entire tree rooted at that node is rejected,
resulting in a higher number of rejected requests per rejection.

It should also be mentioned that similar to the previous simulation the average priority of
rejected requests for MOTOR was 0.1 and for others 0.5, signifying that MOTOR denies
requests with lower priorities whereas the other heuristics do not consider priority of a

request when rejecting a request.

Average Number of Requests Rejected
Rejection Rate versus Spare Outflow (5 nodes)

18
-#—MOTOR /
1.7 T}~ CLUSTER-swap 70% MOTOR
el
.8 15 | {——8DA 60% SNt 4 CLUSTER-swap ||
§ s ——CT \ ~+—BDA
5 / o 50% —=cT —
5 14 5
2 / & 40%
5 ]
: o / 3 30%
g = — K
2 el 20%
" ".‘.w-w""“'"'
: 10%
08 0%

number of nodes Spare Qutflow

Figure 40. Average number of rejected requests (left) and rejection rate under
partially loaded conditions for 5 nodes (right)

As mentioned earlier, the results shown in Figure 39 correspond to the worst-case

scenario where the number of requests equals the total outflow available from all users
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(i.e. the system is fully loaded). Figure 40 shows the rejection rate of the four heuristics
under partially loaded conditions. ‘Spare outflow’ corresponds to the difference between
the total outflow available from all nodes and the number of requests. In other words, the
amount of remaining outflow that is not used up if a solution is found. As the load on the
system is reduced, all heuristics find it easier to find solutions. As will be seen in section
6.4, in a typical awareness-driven multi-party videoconference we may expect the system
to be fully loaded only for a small fraction of the entire conferencing session (3% of the
time in the sample conferences conducted). An application can further limit the total
number of requests in order to increase the chance of the routing heuristic being able to
find a solution.

Static simulation allows for a case-by-case comparison across different heuristics. In
other words, given a particular combination of receiver sets, we can discern which of the
4 heuristics can find a solution for it. The overall comparison thus yields relationships
such as overlap, mutual exclusivity and inclusion between the solution spaces of the
different heuristics. The rejection rate of the CT heuristic being too high, we only
consider BDA, CLUSTER-swap and MOTOR. Between the three heuristics and given a
particular combination of receiver sets, we examine the 2°= 8 possible cases: when all
three find a solution, when none find a solution, when only one finds a solution (3 cases)
and when two find a solution at the exclusion of the third (3 cases). Table 5 summarizes
the percentage of occurrence for each of the 8 possible cases. ‘0’ signifies a heuristic not
finding a solution and ‘1’ signifies a heuristic succeeding to find a solution. The order of
the three heuristics is MOTOR, CLUSTER-swap and BDA. Therefore a value of ‘101’ in

the table signifies the percentage of instances when MOTOR and BDA find a solution
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and CLUSTER-swap fails to find a solution.

Table S. Percentage of occurrence for each of the 8 possible cases for the 3 heuristics

Number Total 000 001 010 011 100 101 110 111
of nodes test
cases
4 9671 12.8% | 0% 0% 0% 5.2% 53% | 8.8% | 67.9%
5 6545811 | 14.8% | 0% 0% 0% 16.7% 10% | 16.2% | 42.3%
6 1.3x10° | 11.8% | 0.02% | 0.02% | 0.003% | 30.861% | 11.7% | 21% | 24.6%

From these results we can see that when MOTOR does not find a solution, the other two
heuristics do not either in the great majority of cases, signifying that the solution space of
our heuristic approximately includes the solution space of the other two heuristics (BDA
and CLUSTER-swap) for small number of nodes. This is less true as the number of nodes
increases. There is overlap of solution space between BDA and CLUSTER-swap (as
evidenced by both heuristics finding solutions for some configurations) but they do not
include one another (as evidenced by both heuristics finding solutions for configurations
that the other does not find solutions for).

Given that the number of test cases grows factorial-wise when all possible combinations
are tested, we were only able to test with only 4, 5 and 6 nodes. In order to test higher
number of nodes, the static simulation is relaxed so that source-receiver pairs are
generated randomly instead of examining all possible cases. Figure 41 shows the average
rejection rate and the number of nodes that were rejected once a solution was not found,

for each heuristic algorithm.
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Figure 41. Average rejection rate and average number of rejected nodes in static
simulation with randomly generated test cases

The results are obtained from randomly generating 10000 test cases for all possible
combination of outflow maximum between 1 and 5 assigned to each user. Recall that the
worst-case scenario (i.e. fully loaded) occurs when the total number of requests equals the
total number of outflows available. For each test case, we randomly choose the total
number of requests from a uniform distribution between the fully loaded scenario and
half of that value. In other words, given a total outflow of M assigned to N users, we
randomly choose the total number of requests, R, from a uniform distribution between M
and 0.5xM. Having randomly chosen R, we can then randomly choose R unique source-
receiver pair from the N by N-1 matrix, as shown in Table 4. The results of simulating
10000 of such test cases for all combinations of outflow maximum between 1 and 5
assigned to each node (nodes between 4 and 9) are shown in Figure 41. MOTOR has the
best (lowest) rejection rate and along with CLUSTER-swap rejects fewer nodes than CT
and BDA when it cannot find a solution for all the requests.

As before, we are also interested in knowing the quality of the trees produced by each of
the 4 heuristics, but we recall from section 5.2 that comparing RDP values across
heuristics with widely varying rejection rates can be misleading. A heuristic with a larger
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rejection rate can produce trees only for the trivial test cases and consequently produce
low stretch trees (e.g. star shape trees with every node connected directly to the source).
Figure 42 illustrates with two sets of simulation results. For one simulation, each heuristic
is tested with 10000 test cases, where each test case represents a randomly chosen out-
degree maximum for each node (between 1 and 5), a randomly chosen coordinate in 2D
space (as discussed in 5.3.1) to represent delay and with a randomly chosen number of
source-receiver pairs as in the previous simulation. When a heuristic finds a solution for a

test case, the RDP of each source-receiver pair is recorded.
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Figure 42. RDP with unequal input (left) and equal input (right)
Figure 42 (left) shows the 95 percentile RDP value of each heuristic for different number

of nodes. CT has the best (lowest) RDP followed by MOTOR and CLUSTER-swap.
BDA performs the worst since it does not consider delay as a parameter in constructing
overlay trees. The second simulation is carried out the same way with the exception that
RDP values are recorded only when all 4 heuristics find a solution, which we term ‘equal
input’. This is so that we can compare the quality of the trees constructed when all 4
heuristics actually construct trees. Figure 42 (right) shows the results of the second
simulation. As can be seen, MOTOR, CLUSTER-swap and BDA have lower values of

RDP (and hence closer to CT) compared to the previous simulations. This illustrates the
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effect of the rejection rate on the RDP measurement. When a heuristic has a higher
rejection rate compared to another, it is misleading to compare RPD percentile values
between them since the heuristic with better (lower) rejection rate will accommodate
more requests and will have a higher RDP as opposed to the heuristic that simply rejects
some of the requests instead of accommodating them.

It is worth noting the close values of RDP between MOTOR and CT. Although MOTOR
has a significantly better rejection rate than CT, it still has a low RDP and under the same
circumstances (when both CT and MOTOR find a solution), MOTOR finds trees with
very similar RDP characteristics than CT. This is a result of the two step process of
assigning per-tree outflows to each tree and then constructing low cost trees from the
result, as discussed in section 4.6.2.

The simulations so far assumed a globally homogeneous scenario, where all requests
have the same flow weight (bit-rate). In reality, it is possible for different multicast

sessions to have different bit-rates, leading us to the locally homogeneous scenario.

5.4 Locally Homogeneous Scenario

Before describing the simulation setup for this scenario it should be mentioned that
CLUSTER-swap was not originally designed to handle different bit-rate multicast
sessions. CLUSTER-swap swaps children between trees in order to free up outflow of a
node and this is only possible if both trees have the same bit-rate. We therefore modify
CLUSTER-swap so that swapping is done only between trees with the same bit-rate.

Assuming a reference bit-rate carrying a weight of 1.0, we simulated different multicast
sessions with randomly assigned bit-rates of 1.0, 0.5 and 0.25. Maximum outflows are

also randomly assigned to be one of 0.25, 0.5, 1.0, 2.0 or 3.0 with the restriction that the
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multicast session bit-rate assigned cannot be larger than the maximum outflow of its
source (once again a priority of either 0 or 1 was also assigned to each source-receiver
pair). For different number of nodes from 4 to 9, we simulated 1000 scenarios (randomly
assigned multicast session bit-rate and maximum outflow for each node) and for each
scenario, we simulated 10000 random join and leave events similar to section 5.3.1: a
node can request to join any node it is not already receiving from as long as the sum of
flow weights of all withstanding requests does not exceed the total outflow of all nodes.
A node can request to leave the tree of a node it is receiving from. Figure 43 illustrates

the 90 percentile, average and maximum rejection rates between the 4 heuristics.
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Figure 43. Locally Homogeneous simulation results

Once again our heuristic finds a greater percentage of solutions as compared to other

heuristics. The increase in the value of the average rejection rate from the globally
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homogeneous case to the locally homogeneous case is also worthy of note, signifying that
it is more difficult to find solutions for the locally homogeneous scenario due to its more
restrictive nature (it is more difficult to swap or relocating spare outflows since different
trees have different bit-rates). It should be mentioned that, unlike other heuristics, when
our heuristic does not find a solution, it rejects lower priority requests first.

In the simulations so far all receivers within the same multicast session received the same
bit-rate. It is possible, however, for different receivers to request a different bit-rate from
the same source based on their (preference, capability or due to different levels of
awareness/focus (see section 2.2.5). As a result, the most generic formulation of the
problem given in section 4.1 allows for every node to potentially request to receive a

different flow weight from a source.

5.5 Heterogeneous Scenario

Although the implementation of a multi-party conferencing application that incorporates
video adaptation and heterogeneous bit-rates for every receiver encompasses many issues
and challenges, in this paper we concentrate on the routing problem. It was with this aim
that our heuristic was designed to allow for heterogeneous bit-rates within the same
session (see section 4.6 and appendix for details) and this section will present our
evaluation of it in the most generic scenario. Note that the three heuristics used for
comparison in the two previous sections (BDA, CT, CLUSTER-swap) cannot be used in
this section since they do not allow for different bit-rates within the same multicast
session. Therefore, in this section, we compare our heuristic to a ‘naive’ algorithm whose

general approach is outlined in Figure 44.
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For each tree, ‘naive’ simply attaches the candidate receiver with the highest bit-rate
request first and attaches it to the node in the tree with the largest available outflow. If
two receivers have the same bit-rate request, then the one with the largest available
outflow is chosen as the candidate receiver. If no node on the tree can support the

candidate receiver, the candidate receiver is rejected.

Begin

Ts={s}

While Rs not empty:
find reRs with maximum w(r,s) in Rs
if w(q,s)=w(t,s), q,teRs:

r = node with larger outflow_max-outflow
find peTs with maximum outflow_max(p)-outflow(p)
if outflow_max(p)-outflow(p)>=w(r,s):

add edge {p,r} to Ts

Rs-={r}

End

Figure 44. A ‘naive’ algorithm for heterogeneous simulation scenario

When simulating this scenario, like the previous scenario, each source is randomly
assigned a bit-rate weight of 1.0, 0.5 or 0.25 and each node is randomly assigned outflow
maximums of 3.0, 2.0, 1.0, 0.5 or 0.25 with the restriction that the source’s bit-rate cannot
be larger than its outflow maximum. Unlike the previous scenario however, each receiver
can request a bit-rate less than or equal to the source’s bit-rate. For example, a receiver
can request to receive a flow of weight 0.25, 0.5 or 1.0 from a source with bit-rate 1.0. In
this way, a multicast session can comprise of nodes receiving different bit-rates of the
same flow. Figure 28 shows the 90 percentile, average and maximum rejection rate for

our heuristic and the ‘naive’ algorithm for 4-9 nodes.

112



Average Maximum
14% 50%
1% | i 45% —
. 40% —
»
10% . 359 et
ﬁ e P » /,»
% Pl g s P
% o / P § 25% - — Sl
2 /’ 2, 20% —
3 & e
4% — 15%
r’ Sl
2% 10%
- ' 5%
0% Y . . 7 . T . 0% 4
6 7 8 9
Number of nodes Number of nodes
90 Percentile
30%
-t MOTOR
25% = Nave oo — —————————————————
P
® 20% e
! e
% 15%
2 1% el
« -
e
5% T
-
0% -
4 6 7
Number of nodes

Figure 45. Results for globally heterogeneous simulation

Once again, our heuristic is able to find a greater percentage of solutions than a ‘naive’
approach. It should be noted that the improvement provided by our heuristic is less
compared to the previous two scenarios. We conjecture that this is due to the greater
restrictions put on the construction of trees when considering different flow weights
within the same tree. Not only the resultant tree must respect the outflow maximum of
each node, but also there is an additional requirement of a node higher in the tree
receiving a flow weight higher or equal to its children (i.e. nodes with lower flow weight
should be at the bottom of the tree). However, carrying out the globally heterogeneous
simulation scenario serves to illustrate the flexibility of our heuristic in being adaptable to
the most generic formulation of the problem.
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5.6 Algorithm Complexity
For an N node session, the complexity of both CT and BDA algorithms are O(N°) for

constructing a single tree. Since there may be a tree for every node, the complexity of
both CT and BDA is then O(N*) for the MD-MSOC problem. CLUSTER-swap has a
complexity of O(N’logN) for building one tree and therefore has a complexity of
O(N’logN) when every source has a tree. MOTOR on the other hand has a complexity of
ON®) due to its more rigorous search for solutions as well as incorporating request
priority and heterogeneous bit-rates in the routing algorithm. As discussed in section
4.6.1, removing the consideration for priority of requests and removing heterogeneous
bit-rates within the same session, the complexity of MOTOR is reduced to O(N°®). Given
that MOTOR is designed for small-group conferencing sessions with 4-10 participants
and the significant improvement it provides compared to similar heuristics, the
significantly higher complexity of MOTOR may be seen as justified. Once again an
exhaustive solution has a complexity of O(N"" (N'z)) and still does not find all the
solutions (such as ones requiring reflectors) as shown in section 4.2.

CLUSTER-Dynamic and DISPERSE-Dynamic both have time complexity of O(N) while
MOTOR-Dynamic has the worst case complexity of O(N®) (if there is no limit on the
number of changes) in return for having a significantly better rejection rate and
constructing lower cost trees. Note that if the maximum allowable changes to topology is
4 or less, then the complexity of MOTOR-Dynamic equals O(N).

The large complexity of MOTOR is one of the characteristics that may limit its
scalability to large number of nodes (in the long run the centralized approach of all the
heuristics used in this chapter is another characteristic that limits their scalability). For

small number of nodes however, MOTOR is able to find a solution in a reasonable time.
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When carrying out the simulation discussed in section 5.3.1 (dynamic simulation in
homogeneous bit-rate scenario), we also recorded the average time it took each heuristic

to arrive at a solution for each request.
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Figure 46. Average per request computation time of the heuristics
Figure 46 shows the average computation time of each heuristic for finding attaching a
new node to an existing tree. The simulations were carried out on a 1GHz CPU computer.
As expected from its complexity, the computation time of MOTOR dramatically
increases as the number of nodes increases. Even for 9 nodes however, MOTOR is able

to find a solution in about 1ms.

5.7 Summary
In this chapter we illustrated that our routing heuristics MOTOR and MOTOR-Dynamic

find a greater percentage of solutions than similar overlay routing heuristics. In MOTOR
we have additionally included consideration of stream priority and heterogeneous flow
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weights, neither of which are considered in existing relevant routing heuristics.
Furthermore in terms of delay, MOTOR achieves similar RDP values to CT which
constructs low stretch trees. MOTOR-Dynamic exhibits very good rejection rate
compared to other dynamic solutions and constructs low cost trees.

The advantages of MOTOR come at the cost of greater complexity of implementation as
well as their applicability to only small and medium number of nodes but overall they
present adequate routing heuristics for multi-source outflow-constrained scenarios such

as multi-party videoconferencing applications.
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Chapter 6 Implementation and Proof of Concept

Application

This chapter represents the culmination of the work presented so far in bringing about a
multi-party videoconferencing application that can be deployed on today’s Internet. The
assumption is that the participants are connected through a typical DSL link (i.e. without
access to IP Multicast and with limited upload bandwidth). In this regard the chapter’s
contributions are a novel awareness management mechanism for 3D videoconferencing
applications, the design and implementation of a multi-party videoconferencing
application deployed over the ESM protocol described in previous sections (i.e.
MVEMP) and the evaluation of MVEMP in the context of a real-world application as

opposed to simulated scenarios.

6.1 Design Criteria and Requirements

As a class of multimedia tools, multi-party videoconferencing applications can take many
forms. Earlier in section 2.1, we provided a brief overview of existing approaches to
multi-party videoconferencing and argued for embedding live video into a computer
generated 3D space in order to carry the notion of meeting in a physical conference room
to the meeting of remote users in a virtual space. Furthermore, it has been argued that
compared to traditional videoconferencing where multiple video streams divide and share
a tiled 2D interface (Figure 47a), video embedded inside a 3D world can better support
mutual awareness and spatial consistency for users [89] (Figure 47b). Mutual awareness
refers to the idea of participants being able to infer where the focus and awareness of

other participants lie and spatial consistency refers to the remote participants ‘sharing’ a
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common 3D virtual space.

Within a 3D space users can tell where the attention of another participant is directed by
way of his/her position and orientation. This has been further illustrated through attempts
to provide gaze awareness in computer supported cooperative work that have also moved
towards integrating the captured video or picture of users into a computer generated 3D
space and tracking their head and/or eye movements in order to convey their gaze [99]
[104]. More sophisticated interfaces involving videoconferencing in an augmented or
mixed reality setting with the 3D video of the remote person superimposed on the real

world have already emerged [83].

Figure 47. A 2D tiled interface (courtesy of [25]) and a 3D interface (courtesy of
[104])

Videoconferences, be they in 2D or 3D interfaces, share the common limitation of
scalability in their inability to support even a small group of participants (e.g. 4-10)
without requiring specialized networks, compromising the fidelity of the video stream or
reducing the effectiveness of communication (see section 2.1). In this context our goal is
to develop a 3D videoconferencing system that can support 4-10 participants but should
not rely on the availability of specialized networks and should instead try to stay within
the bandwidth limitations of commercially available inter-network connections such as

high-speed DSL connections provided by today’s ISPs (e.g. 1Mbps maximum
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downstream, 200-300Kbps maximum upstream). In addition, the systems should try to
support real time video with acceptable quality (e.g. 320x240 at 5-15fps) in order to
support the accurate and timely communication of body and facial gestures between
participants. A further requirement of our application is to allow for multiple
simultaneous sources of video as opposed to forcing only one stream to be seen by all
participants. This requirement is derived from participants wishing to choose whom they
see in a conference and finding the system dictating the received video as undesirable
[92].

The incongruent ratio of available bandwidth and the number of video streams each user
must transmit in a multi-sender conferencing application can be addressed at several
levels. While advanced video compression techniques and minimizing frame rates reduce
the bandwidth requirement of each video stream, advanced network protocols and
topologies make more efficient use of the available network resources. Chen [19] gives
an overview of current video compression algorithms appropriate for videoconferencing
and the minimum required frame rate needed to at least detect some gestures relevant to
floor control in such applications. For his virtual auditorium application, 320x240 at
15fps video is found to be sufficient to detect the facial expressions (e.g. a smile) of the
captured user [18] while the lower bound on frame rate was found by Tang and Isaacs
[98] to be 5fps in order for the video to be tolerable. Though even lower frame rates can
be used for the non-speaking participants in order to reduce bandwidth requirements,
Chen observed that full-motion video is necessary to convey gaze, facial expressions and
body movements. In addition, a common complaint about lower frame rates was due to

video of people being captured at moments that made them look “silly” (e.g. in the
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middle of a movement) [19]. We therefore aim at supporting 320x240 video at 15fps in
order to effectively convey body and facial expressions and possibly gaze. It should be
mentioned that an MPEG-4 encoder can be expected to produce an average 100kbps bit
rate for a 320x240 video at 15fps [18].

Though special high performance networks (e.g. ATM) are more apt at providing the
bandwidth as well as Quality of Service requirements of multi-sender videoconferences
compared to the best-effort Internet, they are expensive and generally not available to
regular end-users. Instead ISPs currently provide best effort services with maximum
downstream bandwidth of a few Mbps (typically IMbps) and maximum upstream
bandwidth of less than 1Mbps (typically 200-300 Kbps) through high-speed DSL
connections to the home. Our aims are to develop a videoconferencing system that can
accommodate the bandwidth limitations of such connections and not rely on special
networks.

Carrying out conferences on top of the Multicast Backbone (MBone) has the advantage
that each user needs only to send his/her video to only one multicast address and let the
network protocol replicate the stream to all subscribers (see section 2.1.2). Multicasting is
a very crucial requirement for scalability of videoconferencing applications but it is not
yet made available to home users by many local ISPs. We strive to provide multi-sender
videoconferencing in the absence of IP Multicast since this is the case for most home
Internet users.

An approach taken by commercial videoconferencing systems to support multi-sender
videoconferences on the Internet has been to use “reflectors” or Multi-point Control Units

(MCU) (see section 2.1.2). In its simplest form, a reflector or MCU multiplexes video
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streams received from multiple clients to all other clients, giving the conference a star
topology and reducing the number of independent connections from n® to 2n, where n is
the number of users. In order to reduce the bandwidth requirements, either picture-in-
picture is used (merging all videos into one) or voice-activated switching (transmitting
video of only the current and previous speaker) [10]. While picture-in-picture reduces
resolution of each video, voice activated switching can reduce the effectiveness of
communication or be unpleasant as a result of not allowing users to choose whom they
see [92]. As we already discussed in section 4.6.1, in our work we have included the
concept of a reflector or MCU in our ESM protocol by allowing nodes with ample out-
going bandwidth to reflect streams for sources in the session that are unable to transmit
their own stream (due to their out-going bandwidth restrictions).

Finally, it should be mentioned that building a 3D videoconferencing application making
use of a peer-to-peer topology and running on an ESM protocol (as opposed to using IP
Multicast) sets our work apart from previous research on scalability of large-scale
networked virtual environments (see Chapter 7 of [96] for an overview of these) and
more specifically other 3D videoconferencing tools [4] [39] [40] [104].

We now proceed to outline the design of a multi-party videoconferencing application that
makes use of the MVEMP protocol proposed in previous chapters and evaluate its
efficacy in the context of an application. A critical component of the design is our novel
visibility-based awareness management scheme, which will be presented in the next

section.
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6.2 Visibility-based Awareness Management

One of the underlying assumptions of current Application Layer Multicast protocols is
that the upload bandwidth of receivers is available for forwarding a received stream (from
the original source) to another peer. Considering the maximum upload bandwidth of
today’s DSL connections (200-300kbps), one can observe that each participant of a multi-
party -conference will not have enough upload bandwidth to transmit its own video, let
alone forward the stream of another participant (assuming a 320x240 video at 15{ps). It is
therefore necessary to limit the number of simultaneous video streams that the system
must deal with and yet provide users with the flexibility to choose whom they see.
Traditional approaches such as picture-in-picture (merging N videos into one at a central
point) or voice-activated switching (transmitting the video of current and previous
speaker only) either reduce the quality of the video or do not allow each user to choose
whom he/she sees. In addition to providing better mutual awareness and spatial
consistency as argued in [89], embedding video in 3D virtual spaces can provide a
flexible interface for users to choose whom they see. Furthermore, the number of users
each can have in view is limited as a result of the limited field of view of a typical
desktop screen. Therefore, the first step towards the design of a multi-sender
videoconference is to devise a mechanism whereby the system can determine the mutual
awareness of users in order to stream only those video streams that they are aware of
(called awareness driven video [89]).

The concept of mutual awareness defined based on spatial distance between users in the
virtual world (e.g. MASSIVE’s aura/nimbus/focus [39]) serves as a flexible model of
awareness and has in fact been used to build an awareness driven video quality of service

architecture [40]. We extend such work by proposing and implementing a visibility-based
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awareness model as computed by each user’s rendering mechanism.

The novelty of our approach lies in exploiting recent development in graphics card
technology and API that allows an application to query the occlusion of objects in the
rendered scene to determine the mutual visibility of users. In order to accelerate graphics
rendering, manufacturers such as NVIDIA [79] and ATI [3] have added the capability to
query the occlusion of an object by rendering the object and reporting the number of
pixels drawn as a result of the query. By querying the occlusion of simpler primitives that
encompass more complex polygonal models, rendering of large polygonal sets can be
accelerated [8]. We propose to use the same capability to determine the
visibility/occlusion of video sources in a 3D videoconference. As a result the visibility or
occlusion of a participant (represented by a video textured object in the 3D scene) leads
to receiving or filtering of the corresponding video stream. If only a limited number of
participants are visible at a given time, such a mechanism would limit the number of
sent/received video streams and yet allow users the flexibility to choose whom they see.
Our visibility-based awareness management scheme has the advantages of efficiency,
flexibility and accuracy as compared to existing approaches such as one used by
MASSIVE [39] that are spatial distance based.

6.2.1 Client-side Awareness Detection

Assuming each participant is informed of the position in 3D virtual space of other
participants in the session, each participant can query his/her own rendering mechanism
as to the visibility of other participants and does not need a common awareness-managing
server to detect collision of focus and nimbus (as done in MASSIVE and other similar

systems) thus eliminating the extra delay of going through a managing server.
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Note that in our approach, the application developer is also saved the effort to implement
the awareness collision-detecting module of the awareness manager and the computation
time since this is done by the hardware graphics rendering utility. Instead, the application
makes a query of the visibility of each participant locally and subscribes to only those
video streams whose geometrical representation are visible.

6.2.2 Terrain and Occlusion Aware

The spatial trading approaches similar to that employed by MASSIVE ignore the possible
impact of the terrain or environment in which a virtual conference takes place with
regards to user’s awareness of one another and instead only takes into consideration the
spatial distance between users. Figure 48 represents a 3D virtual space where multiple
users ‘meet’. Each user has a representative embodiment in the virtual world (called
his/her avatar) that can be seen by other. The movement of each user is transmitted to all
other users so that all users have a consistent view of the 3D world. The job of the
awareness management (be it spatial distance based or visibility based) is to infer the
level of awareness between every pair of participants. The system can then use awareness
information to filter out data that does not lie in the sphere of interest or awareness of
each user. Figure 48 illustrates possible inaccuracies of spatial trading as compared to

visibility-based visibility calculations
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Figure 48. Spatial distance based awareness (right) compared to visibility based
awareness (left)

In the setting of a 3D videoconference, participants may be occluded by other
participants, terrain elements (e.g. walls) or artifacts in the world (e.g. a 3D model of a
car that is the subject of discussion). Querying the graphics renderer for visibility would
accurately take these into account while a spatial approach would determine a non-
existing mutual awareness as a result of spatial proximity. Conversely, two participants
may be relatively far apart but in clear view of one another. In both of these instances, a
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visibility-based approach determines the correct awareness and a spatial distance
approach does not.

In addition to excluding video whose source is out of view, this approach allows for
pruning of streams when the source has its back to the viewer or when it is only partially
visible. For example, by putting a ‘wall’ behind a video textured object, a source with its

back to the viewer will result in its occlusion and therefore the omission of the

corresponding stream (Figure 32)

Figure 49. Detecting a user turned away in visibility-based awareness

In summary, since in our approach the visual awareness of other users is directly
determined by the graphics engine rendering the 3D scene, querying the same graphics

engine for visibility information gives a more accurate measure of mutual awareness.

6.2.3 Flexibility
It should be noted that the need to define the spatial area of interest explicitly for each
user in the spatial-based approach to awareness could lead to inflexibilities in cases where

participants have multiple views of the virtual world (called ‘peripheral lenses’ to assist
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in object-focused interaction in CVEs [44]), subjective views of the world (each
participant is presented with a different version of the 3D world appropriate to their role
[23]) or when participants change their own viewing parameters (such as field of view,
clip distances, etc). In such cases, there is no direct link between the spatial interpretation
of awareness and what the user sees. An explicit mapping between these would be
necessary by the developer in a spatial trading approach to awareness. Conversely, tying
the awareness of sources of visual data to the rendering module ensures flexibility and
consistency between what the user sees and what the underlying system determines as the
user’s awareness.

6.2.4 Correlation with Quality of Service

In addition to filtering video streams that fall outside the awareness of a participant, an
awareness management mechanism can be used to discern the Quality of Service (QoS)
level appropriate for those video sources that lie within the awareness of that participant
[40]. In other words, various levels of awareness between participants can be correlated
with the various levels of quality of the video the participants would want to exchange.
For example, Greenhalgh et al [40] divide the region of awareness into three levels based
on the spatial position of participants, with the highest level of awareness attributed to
face-to-face and lowest level of awareness to a user being in the periphery. Once again,
our visibility-based approach to interest management provides a more accurate reflection
of awareness by providing the application with the exact number of pixels a video object
viewed in virtual 3D space occupies on the screen. From this information an application
can determine the video quality most appropriate to that video object.

Consider the example when he visibility query from the computer graphics renderer
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informs the application that a participant in full view occupies about 70000 pixels when
rendered on the graphics device. The most appropriate resolution and quality for this
participant would then be 320x240=76800 pixels per frame. Conversely, a participant
further away in the view would only occupy about 20000 pixels on the screen, therefore
requiring a maximum quality of 160x120=19200 pixels per frame. If a higher resolution
video were to be transmitted for the latter video object, it would be a waste of bandwidth
resources since no more than 20000 pixels will be drawn on the receiving participant’s
screen.

The visibility-based awareness management can therefore be used to more accurately
determine the preferred quality of video transmitted in a 3D videoconferencing session.
6.2.5 Visibility-based Awareness and an ESM protocol

An important parameter of an awareness driven 3D videoconferencing system making
use of the visibility-based awareness model is the field of view chosen for the computer
graphics renderer. Not only the field of view affects the user experience by determining
the span of space he/she can have in view but it also impacts the bandwidth requirements
of the system. A large field of view allows many users to be simultaneously in view and
results in a larger number of streams that must be transmitted/received. As discussed in
section 4.6.4 the maximum total number of streams transmitted by all users is an
important parameter for an ESM protocol. For instance, if each participant in a 6-person
videoconference has a maximum fan-out bandwidth capable of transmitting two video
streams, then the system must ensure that the maximum total number of streams
requested by users does not exceed twelve (or the rejection rate of the routing algorithm

will be high). Requests that bring the total to more than twelve would be rejected due to
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the lack of bandwidth available to support them.

In order to predict the maximum number of video streams that will be requested, in our
application we assign static seats for each user and only allow them to rotate their view
(i.e. allow only changes in orientation and not position). For example, a 4-person 3D
videoconference with users positioned equal distances apart around a circle with field of
view of 70-90 degrees will have a maximum of two users simultaneously in view.
Therefore, every user can only receive a maximum of two streams (out of the possible
three) and request to transmit a maximum of three streams (out of the possible three).
Overall, the maximum total number of sent/received streams is limited to eight (occurs

when simultaneously all four users have two users in view).

6.3 Proof of Concept Implementation

Given the requirements and criteria for multi-party videoconferencing, the merits of a
visibility-based awareness management in flexibly, efficiently and intuitively limiting the
total number of video streams concurrently transmitted in a session and an ESM protocol
designed for multi-party videoconferencing (MVEMP), we can now present a proof of
concept implementation of such an application along with its awareness management
scheme deployed over MVEMP. The overall software architecture is shown in Figure 50.

The user interacts with the application through the traditional Graphical User Interface
(GUI) components such as buttons and menus, through computer generated 3D graphics
environment with video objects embedded therein as well as hardware and software
devices used for capturing audio and video streams. The awareness management
component queries the visibility of objects from the graphics hardware and informs the

application of changes in awareness based on a set of rules defined by the awareness

129



policy. As mentioned before, our implementation of the awareness management
mechanism makes use of recent feature of graphic cards that allows for the visibility

query of objects in the 3D scene through API extension to OpenGL.
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Figure 50. Overall software architecture and components

Each occlusion query returns the number of pixels the queried object occupies on the
screen which is used by the application to subscribe or unsubscribe from a media source.

MVEMP provides services for connecting conference participants to one another
(through its RP), for participants to subscribe and unsubscribe from video streams, for
determining the overlay multicast tree that must be constructed (through its routing

heuristic) and coordinating the software video distribution components to perform the
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transmission, reception and forwarding of video streams so as to build the overlay
multicast tree determined by the routing heuristic. Note that only one participant acts as
the RP and performs the routing heuristic. The others only execute the coordination
function in assisting to build the overlay tree.

Entity state updates (e.g. 3D position changes of participants in the virtual conference
room) and other application updates as well as the control messages of MVEMP are
exchanged between participants in a peer-to-peer manner using the reliable TCP/IP
protocol stack while audio and video are transmitted using RTP/UDP/IP protocol stack.
Position updates, though frequent, are very small in size and produce an average bit-rate
of less than 1kbps. Video is captured at 320x240 resolution and 15 frames per second and
encoded using a (Java Media Framework) H.263 codec, resulting in an average bit-rate of
100kbps.

For audio we use Teamspeak [100], which sets up a server on one of the client’s machine
to act as a distribution point or ‘reflector’. With silence suppression enabled, audio
requires an average bit-rate of Skbps. Although there is no technical limitation for using
MVEMP and overlay multicast trees for the audio as well as video, we have not at this
point implemented this feature.

With the exception of the visibility query portion of the awareness management
component, which requires direct call to the graphic card’s API (using the C-language),
the rest of the implementation is in the Java language with Java3D [55] for 3D rendering
and the Java Media Framework (JMF) [56] for capture, transmission and reception of

video streams.
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6.3.1 Visibility-based Awareness Implementation
The key part of the implementation for visibility-awareness uses the OpenGL extension
GL_NV_Occlusion_Query [79] to retrieve the number of pixels drawn as a result of
rendering an object. In our implementation, 3D objects are divided between those that
represent a visual data source (planes textured with the video of remote participants)
called VisSourceObjects and others (e.g. 3D room where the conference takes place and
any additional artifacts such as table, chair etc.) called NonVisSourceObjects. A frame
rendering cycle consists of the following steps:
1. Beginning of frame operations
2. Frustum culling of objects in the scene
3. For objects in the view frustum:
o Draw NonVisSourceObjects
o Begin query occlusion of VisSourceObjects
o Draw object
o End query occlusion of VisSourceObjects
4. Retrieve and store pixels drawn for each VisSourceObject
5. End of frame operations
The first step involves event checking and other operations before the rendering of the
frame. The second step eliminates objects that are not in the view frustum (the space that
will be visible to the user). For those in the view frustum, we draw NonVisSourceObjects
first since these include the terrain, environment and artifacts in the scene that may
occlude VisSourceObjects. We now use glBeginOcclusionQueryNV() method to make a

query on any VisSourceObject in the view frustum, then draw this object by calling the
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appropriate OpenGL draw methods and end the query by using
glEndOcclusionQueryNV(). We can then retrieve and store the number of pixels that
were drawn which in turn are used by an Awareness Management to determine visibility
of VisSourceObjects according to a given policy. For example, in our implementation the
policy is simple: if the number of pixels drawn is greater than a threshold (500 pixels),
the object is considered visible. Otherwise, it is considered occluded or out of view.
Note that querying of occlusion need not be done for every frame. In fact, we perform
occlusion query once every second since occlusion of whole objects does not change very
rapidly. Once the visibility of VisSourceObjects is determined, the application subscribes
to or leaves sources corresponding to visible or occluded VisSourceObjects. In other
words, each user subscribes to the video of sources that are visible to him/her.
6.3.2 Coordination of Video Transmission and Reception by
MVEMP
The use of MVEMP or any other ESM protocol for that matter necessitates the
development of highly flexible and modular video distribution components. This is due to
the fact that an application running on top of an ESM protocol must not only capture,
transmit and receive video streams but must also implement a forwarding capability for
each peer so as to allow a receiving peer to transmit it to other peers. In a multi-party
setting where there are multiple sources present, the implementation must include
functionality to manage the forwarding of any of its receiving streams. Figure 51 shows

the approach taken in our approach.
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Figure 51 Video coordinator for flexible transmission, reception and forwarding of
video streams

A “Video Coordinator’ running locally on each participant’s machine acts as a
switchboard between the local video capturing and receiving components and the local
video rendering and transmission components. This implies that the ‘Video Coordinator’
can switch any of its inputs (from either the video capture or receiving components) to
any of its outputs (to either the video rendering or transmission components).
Furthermore, the switching is not necessarily a one-to-one mapping between input and
outputs. The ‘Video Coordinator’ must also allow for one input to be connected to
multiple outputs. Figure 51 illustrates one scenario. The captured video is transmitted to

two outgoing transmission components (i.e. two other participants directly receive video
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from this participant). The video received from input 2 is rendered by the corresponding
video renderer (i.e. the video received from channel 2 corresponds to the participant
number 2). Additionally, this input is also connected to outgoing transmission component
3, implying that this participant forwards the received video to participant 3. Finally,
input 1 is connected to renderer component 3, implying that although the received stream
comes through channel 1, the video corresponds to participant 3 (in other words,
participant 1 is forwarding the video stream for participant 3). As can be seen, running a
multi-party conferencing application over an application layer multicast protocol
inevitably leads to higher complexity of application development since the application
itself must be involved in the multicasting functionality.

As mentioned before, the video distribution part of the application is implemented in the
Java Media Framework (JMF) [56]. Figure 52 illustrates the general class hierarchy of
the video distribution part. Note that an instance of this hierarchy exists for each client,
except the Rendezvous Point, which only exists on one machine. The ‘Video
Coordinator’ logic illustrated above is implemented in a “SwitchDataSource” class.
SwitchDataSource acts as a switchboard between the multiple sources of video and the
multiple receivers or Data Sinks of video. Video can be streamed to every remote
participant via the corresponding DataSink (an RTP transmitter in our case) and video is
received from every remote participant via the corresponding CloneableDataSource
(sources can be cloned for forwarding and multi-unicasting). An additional
CloneableDataSource represents the locally captured video. Each DataSink is associated
with a SwitchDataSource with the latter determining the source of the video transmitted

by the DataSink.
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Figure 52. General class hierarchy of video distribution in proof of concept
implementation

The VideoTransmitter controlling the transmission of all data sources implements the
InterestReceiverInterface in order to receive directions as to the DataSink each source
should be going to. The routing decisions are made by the Rendezvous Point based on the

heuristic presented in previous chapters (currently we use MOTOR) and are
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communicated to the concerned clients through an InterestCommunicator, which also
acts a receiver of media subscription requests for the Rendezvous Point. Each client
determines their interest in each video source through their AreaofinterestManager
(based on a the visibility-base awareness management scheme described earlier) and
requests subscriptions to specific sources through an InterestSubscriberInterface. Each
data source is manifested as a textured plane in the 3D world through the
Java3DRenderer class, whose position and orientation is controlled by the
Scene3DManager.

The rest of the application functionality is built on COSMOS, an MPEG4 based
distributed multimedia collaboration framework implemented in Java [26] [51]. It
consists of loading VRML files for the 3D environment (room, table and chairs) and
exchanging entity update messages (user orientation and movement in the virtual world)
and rendering of the virtual world in addition to the video ‘avatars’ representing each
user.

The received video is textured on the flat plane representing the corresponding user.
Users can look around the room and at other participants by dragging the mouse over the
interface. Orientation update messages are exchanged between users so every user sees
the orientation of users in their view (the bit rate for orientation data is less than 1kbps).
The rendering field of view of 70 degrees allows for a maximum of two users to be in
view at the same time (to see the third participant, the user must drag the mouse over the
interface in the direction of the third participant). Users are seated around a circle of
radius 3 (virtual) meters with equal distance between each user. Depending on the

number of users, the circle radius and the distance between each user is adjusted. Figure

137



53 shows the final user interface of the proof of concept application.

Figure 53. Application screenshot

6.4 Characteristics and Evaluation

In order get an idea of the characteristics of the system presented in the previous section,
we conducted six short duration (4-6 min) teleconferences between 4 persons using our
awareness-driven 3D videoconference system running on a Local Area Network (LAN)
and recorded the number of video streams each user received and transmitted. Each user
was represented by a flat square plane of side length 2, seated equally spaced around a
virtual table of radius 3. The received video is textured on the flat plane representing the
corresponding user. Figure 37 shows the average percentage of time a user received

0,1,2,3 video streams and transmitted 0,1,2,3 video streams.
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Figure 54. Average percentage of time receiving and transmitting 0,1,2,3 video
streams

As expected, out of the possible three video streams, a user on average receives one or
two since the field of view does not allow for three users to be simultaneously in view.
However each user is still required to transmit three video streams when all three users
have him/her in their view. Table 6 shows the average percentage of time N streams were
transmitted (N= 0 to 12 for a 4-person teleconference) during the six teleconferences
conducted. As expected, the maximum number of streams transmitted is 8 (compared to
12 if every user transmitted to every other user).
Table 6. Percentage of time system must deal with N streams for a 4-person 3D

videoconference (field of view of 70 degrees)
N<3 N=3 N=4 N=5 | N=6 N=7 N=8 N>8

1% 2% 11% 33% | 30% 20% 3% 0%

These results merely confirm the characteristics that the particular application was
designed to exhibit. What is of significance here is that we have succeeded in reducing
the maximum total number of video streams transmitted while still allowing the user to
choose the subset of other users whom he/she has in view. Furthermore, it is of

significance that each user does not transmit the maximum possible number of streams at
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all times. This is an important characteristic for allowing the application to run over an
ESM protocol since users that are not transmitting at full capacity can be used to forward
a video stream from a source that is strained to transmit to many users. Note also that the
maximum load on the system (i.e. when all users have 2 other users in their view and the
system must accommodate transmitting a total of 8 streams) occurs for only a small
fraction of the entire duration of the conference (3% in Table 6). This is important since
the routing heuristics have more difficulty finding solutions when the system is fully
loaded (recall section 5.3.2). Note also that for about 10% of the time a user would be
transmitting no video since no one had that user in view. This is important because the
user being outside the awareness or focus of other users for that duration can assist in
forwarding the video stream of another user that may be in focus of all other users and
may hence require help in transmitting its stream in an ESM setting.

In order to illustrate the effect of utilizing an ESM protocol for a multi-party
videoconferencing application, we replayed the six conferencing sessions already
mentioned over MVEMP and assigned each of the four participants a maximum
normalized outflow bandwidth of 2. This corresponds to participants having DSL
connections with upload bandwidths of 200kbps and transmitting 100kbps video streams
(320x240 at 15 fps). Figure 55 shows the average percentage of time a user transmits

0,1,2,3 streams in the absence of MVEMP and when using it.
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Figure 55. Number of video streams transmitted with and without MVEMP

Note that with MVEMP in place, no user exceeds its maximum fan-out but must take on
the forwarding of streams for other sources at times as evident by the increase in the
percentage of time transmitting 2 streams. These results illustrate the potential of
MVEMP for carrying out multi-party videoconferences over the Internet without a need
for IP Multicast capability since the protocol allows for different participants to define
their maximum outflow bandwidth (based on their Internet connection and the video
stream they will transmit) and will construct overlay trees for each source to distribute
video to interested participants.

At this point it would also be of interest to know the percentage of times MVEMP’s
routing heuristic (MOTOR) presented in Chapter 4 was unable to find a solution. For this
purpose we replayed the six (4-6 minute) teleconferencing sessions mentioned with

different configuration of maximum out-degrees assigned to the 4 participants and
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observed the success rate as well as the number of changes that occurred when

accommodating a request.
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Figure 56. Percentage of requests satisfied by routing heuristics

Figure 56 shows the percentage of time a request was accommodated by a single change
to the topology, by multiple changes and when no solution was found (the request was
rejected) for the different configurations of out-degree maximums assigned. There were a
total of 419 join requests (and 385 leave requests) during the six teleconference sessions.
Note that we have grouped the different configurations of out-degrees between <1-5>
according to how many users exist with out-degree of 1. For example the configurations
(3,3,1,1) as well as (4,2,1,1) etc. are grouped together in Figure 56 as those having two
nodes with out-degree of 2.

As the number of users with maximum out-degree of 1 increases, the probability that no

solution is found increases from 0% to 4% (for all the permutations of 5,1,1,1
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configurations). Furthermore, the probability that a single change in topology can
accommodate a request decreases from 96% to 69% as the configuration includes more
users with out-degree of 1.

Overall the high success rate of our routing algorithm, especially in the case of peers with
out-degree maximums of more than one, suggest the potential of MVEMP in the context
of multi-sender videoconferences and the potential of an awareness-driven 3D
videoconferencing application to be able to take advantage of such a protocol in order to
accommodate 4-10 users and be deployable over the Internet without a need for IP

Multicast support from the infrastructure.

6.5 Summary
The purpose of this chapter was to present the implementation of MVEMP and its routing

heuristic within the context of a proof of concept multi-party videoconferencing system.
The system is based on a novel visibility-based awareness management mechanism that
quickly, efficiently and accurately discerns awareness between any pair of users in a
distributed way. The system makes use of the awareness information to filter out video
streams that are outside the sphere of awareness of a user and therefore indirectly limits
the total number of video streams the system must deal with. More importantly, the
awareness management mechanism precipitates the situation where a user outside of the
focus of the group has upload bandwidth available in order to aid another user to
distribute his/her video. This in turns is used by the underlying ESM protocol designed
specifically for multi-party systems to build overlay multicast trees for each source.
Although there are many features and functionalities that are not implemented in the

proof of concept application (e.g. priority, heterogeneous bit-rate, traffic and congestion
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monitoring, etc), the chapter serves to illustrate the utility of ESM in bringing about new

classes of application on today’s Internet.
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Chapter 7 Related Issues and Future Work

As an introduction to a brief survey of existing approaches to multi-party
Videoéonferencing technology, we mentioned in section 2.1 that this class of multimedia
application largely depends on video coding and compression technology, network data
throughput available from the network and network support for multi-point
communication and possibly Quality of Service. Through our experience of studying the
requirements of this class of applications, designing, implementing and evaluating an
ESM protocol targeting those requirements, and a proof of concept 3D multi-party
- videoconferencing application, we gained some insights into the broader issues relevant

to their development.

7.1 Importance of Human Computer Interface

One of the most recurring themes during the design and implementation of both the
MVEMP protocol and the proof of concept application was the crucial role that the
human computer interface plays in determining not only the user experience but the
requirements of the application from the underlying network and supporting protocols.
As discussed in section 2.1, the video frame rate and resolution used in a remote
conferencing session affects the ability of the participants’ experience and ability to
communicate and express non-verbal clues. Of course frame rate and resolution have a
direct bearing on the network requirements by determining the bit-rate of the transmitted
media. The acceptable inter and intra media delay and jitter are another set of parameters
that affect the user’s experience and have a direct relationship with how the media is
transmitted through a network. More specific to multi-party videoconferencing

applications, the number of remote participants that each user can see is another crucial
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parameter tied to user requirements and affecting network protocol design. As mentioned
in section 6.4, if every user is able to see every other user at all times, then it becomes
infeasible to use an ESM protocol for that application. Instead, if users are constrained to
see only the current speaker, then it becomes far easier to manage the multicasting of a
single video stream but reduces the conferencing experience. In our multi-party
videoconferencing system we tried to strike a balance between the two by allowing users
to choose whom they see through the intuitive concept of orienting their view in a virtual
space, but limited the number of remote participants they could have simultaneously in
their view by assigning static seats in the virtual space, allowing only orientation
movements and adjusting the field of view parameter. Limiting the number of received
streams in this way allowed for the use of an ESM protocol in conjunction with the
application and yet gave the users the flexibility to choose whom they see.

Finally, although a minor detail in the user interface, the way each user chooses the
subset of remote participants to ‘see’ has a significant impact on the underlying ESM
protocol. In our application, each user can change their view inside the virtual space by
dragging the mouse in the direction they wish to view (similar to some 3D games). The
speed of the movement however greatly affects the stability of the underlying overlay
multicast trees. If users are given an interface whereby they can very quickly change
between the remote participants they wish to see, then the underlying network protocol
has difficulty in quickly responding to frequent join/leave events for each multicast
session. The case is even more acute when faster methods of moving such as head or eye
tracking is used instead of the mouse (such as in [104]).

In general, we can summarize that the choice of human computer interfaces for an
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application often has direct implications on the network requirements and vice versa, the
choice of network protocols and services greatly affects the user experience. This can be
made more acute as networking functionality (such as multicasting) is pushed up towards

the application layer and are tuned for specific applications.

7.2 Application Layer Multicast and IP Multicast

Application Layer Multicasting is a relatively new and exciting area of research,
promising immediately deployable multi-point applications. By bringing multicasting
functionality from the network layer to the application layer, ALM takes advantage of
application-specific knowledge, is more easily maintainable and updateable and can rely
on the larger storage space of application entities for caching and their processing ability
for better traffic shaping and data transcoding [114]. ALM however suffers in its
efficiency by producing duplicate packets on the same network link and increasing delay.
Also by not having access to network layer information (such as routing tables), ALM
can produce extra traffic in its effort to infer network topology and measurement of link
costs through probing (ping) messages.

The increase in application development complexity as a result of using an ESM protocol
is another factor to consider. IP Multicast abstracts the multi-point data distribution away
from the application, whereas ESM requires applications to be active participants in the
multicast data distribution. As was illustrated in section 6.3.2, the forwarding capability
that must be supported by ESM nodes requires careful and modular design of the video
reception/transmission software entities in the application. If the application is to support
heterogeneous bit-rates and hence transcoding, the application is made all the more

complex. This is an area where perhaps reusable software components can have a
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significant impact.

Another issue related to the successful implementation of ALM is fault resilience [2] [69]
and fault tolerance [115]. Although proxy-based ALM can assume longer lifetime for its
nodes, both ESM and proxy-based ALM must pay special attention to the possibility of
node failure within their overlay network and the ensuing disruption of data distribution.
Fault tolerance and resilience are especially important to ALM since the number of nodes
in the network is far smaller than in IP Multicast scenario. This is because ALM involves
application nodes running a specific ALM protocol whereas in IP Multicast, every router
in the network is potentially accessible so if a router fails, there are many alternative
paths through other routers.

Finally it is important to dwell on the future of ALM and especially its existence within
next generation networks that may ubiquitously support IP Multicast. Can ALM survive
if IP Multicast receives widespread deployment? The answer is perhaps more tied to the
business model of next generation networks than technical considerations. In the case
where IP Multicast service translates into additional service charges for customers, ALM
may still be prevalent for those that require a less efficient but free service. From a
technical standpoint however, conceptually ALM is only a substitute for [P Multicast

when IP Multicast is not available.

7.3 MVEMP and Network Issues

A complete protocol supporting multi-party videoconferencing goes far beyond session
management and routing. It is important for the traffic generated by the protocol to
behave well in relation to other protocols and processes. For example, greedily using the

upload bandwidth of a user to forward RTP/UDP packets carrying video for another user
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will starve TCP traffic of that user. It is therefore necessary to develop or adopta TCP
faimess mechanism for the video medium. Furthermore, as discussed in section 3.3.6, the
possibility of transmission of multiple streams from one node to another (e.g. a node
transmitting its own video as well as forwarding another node’s video to a particular
user), brings about issues of congestion control and management as a result of multiple
RTP/UDP streams within the same session. The incorporation of an integrated congestion
management scheme such as [5] would additionally provide for efficient multiplexing of
multiple flows, while ensuring proper and stable congestion behavior and fairness to TCP
flows running in parallel.

As demonstrated in [22], it is also important and beneficial for an ESM protocol to
monitor the received quality of media through either feedback or periodic measurements
in order to adapt to the dynamic nature of Internet and fluctuations in delay and
throughput bandwidth. In our setup for example, the back channel of RTP (called RTCP,
Real Time Control Protocol) can provide periodic feedback on the received quality for
each source (c.g. delay or received bit-rate, etc). Implementing a monitoring mechanism
can greatly increase the flexibility and adaptability of a protocol.

Two of the most common metrics used by overlay routing mechanisms including the one
presented in this thesis are end-to-end delay and available bandwidth. The routing
algorithms operate based on the assumption that end-to-end delay and available
bandwidth are provided for a given set of nodes in the overlay network. An estimation of
end-to-end delay can be obtained by simply making use of ‘ping’ packets. Measuring
available baﬁdwidth between two nodes however is less trivial and the subject of much

research: see [83] for a survey of current approach and [35] for a study of how basic
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bandwidth measurement techniques may work in practice in peer-to-peer systems. Given
the cost of more accurate bandwidth measurement techniques (both in terms of
development and generated network traffic), many websites on the Internet opt for a
coarse way of determining available bandwidth by asking the user to specify their
network connection (dial-up, DSL, T1, etc) from which a very rough estimate of the
available bandwidth can be inferred based on typical values for each network connection
type. Subsequently simple throughput bandwidth monitoring schemes (such as providing
feedback via RTCP) can aide the media source in determining the actual received
bandwidth.

In the context of multi-party conferencing applications that give each user the flexibility
and freedom to choose the set of sources they wish to receive from, the issue of frequent
changes to the topology of overlay trees has already been alluded to. This can be
addressed both at the interface level and the network protocol level. At the interface level
for instance, a simple low-pass filter can eliminate transient changes in awareness or
interest on the client side so as to minimize the number of changes that must be incurred
by the overlay tree (at the cost of extra delay). As mentioned in section 4.3, dynamic
approaches to multicasting are also invaluable in such circumstances in providing a way
of connecting a new node to the tree without causing a great number of changes. The
combination of the two methods is more likely to produce satisfactory results.

The six teleconference sessions mentioned in section 6.4 were all conducted on a Local
Area Network with negligible delay between each user. The limited upload bandwidth of
DSL connections was simulated by restricting the number of streams each user was

allowed to transmit, but delay characteristics on the Wide Area Network (WAN) are sure
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to have an impact on the user experience by prolonging the time it takes for a join request
to materialize into packets transmitted from one node to another. In this context caching
and pre-fetching techniques as well as node hand-off techniques such as those employed
in [108] can help smooth the transition between the times a node requests to receive a

stream to the time it starts to receive it.

7.4 MVEMP Applicability
Throughout this thesis we described MVEMP as a protocol appropriate for and targeting

multi-party videoconferencing applications. The main requirements that MVEMP strives
to address are those outlined in section 2.2, mainly: small group, bandwidth-constrained
applications with multiple simultaneous sources such as multi-party videoconferencing.
Other similar applications such as multi-player games and in general other Collaborative
Virtual Environments (CVE) and even some Distributed Virtual Environments (DVE)
can benefit from some of the main ideas behind MVEMP. DVEs for example have, and
especially those that incorporate audio and video media, have long been challenged by
their lack of scalability spurred by the slow deployment of IP Multicast. The peer-to-peer
approach of data distribution that Application Layer Multicasting (and MVEMP) is based
on, as well as combining the application filtering capability of DVEs with an End System
Multicast protocol as we have done can help similar applications achieve the desired
scalability. Direct applicability of MVEMP to such applications however remains a
question, especially because different application would require different services from
the ALM protocol. Consistency for instance is a crucial requirement for distributed
games, as demonstrated in [33] and distributed simulations require delay bounds and

much larger scalability requirements [76].

151



The scalability of MVEMP to support medium sized groups with tens of users primarily
depends on the application interface. As mentioned already, the total number of streams
that the system must deal with should be a function of the total bandwidth available to all
users and controlled by the application interface by controlling the number of remote
participants each user can have in his/her view. In the performance evaluation chapter of
this thesis we demonstrated that as the number of nodes increases without an increase in
the average outflow available per node, it become increasingly difficult to find solutions
to the overlay routing problem and as a result, the rejection rate of the routing algorithm
increases. To remedy this problem, an application with medium sized groups making use
of MVEMP or any other ESM protocol would have to employ effective application-layer
filtering in order to limit the total number of streams that the system must deal with (or
alternatively reduce the quality of each stream). As the number of participants increases,
it becomes less necessary for every participant to have the option of seeing every other
participant. Therefore more limiting application-layer filters can reduce the number of
potential sources so as to not overwhelm the available bandwidth of the overlay multicast
nodes.

In section 4.6.1 the issue of trust and cooperation between peers in a peer-to-peer system
was alluded to. The fundamental idea of ALM involves peers taking on the responsibility
of forwarding for other peers in the overlay network. This however requires that peers
cooperate with one another and be willing to share bandwidth and processing resources.
For example, a node acting as a reflector in our system takes on the responsibility of
receiving and distributing a stream to other nodes, yet itself is not interested in receiving

that stream. The question that arises is: why should a node provide such a service to other
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nodes, albeit temporarily? In the context of a small-group videoconferencing application,
it may be argued that the participants coming together for the conference would
inherently wish for the conference to successfully take place and would therefore be
willing to share resources towards that end. In the larger context of peer-to-peer systems
where peers may not be familiar with other peers or may not care to share resources for
others’ benefit, it may be important to provide incentives for doing so. In [64] the authors
propose a mechanism by which degree of cooperation is inferred between peers, which
could possibly be used to reward more cooperative peers (e.g. giving them priority of
delivery, etc). The idea of cooperation and trust between peers in an application-layer
multicast session however lends itself also to exploitation by users [74]. Once again, in
small-group videoconferencing it may be more reasonable to assume a minimum degree

of cooperation between peers, that may not exist in larger systems.

Chapter 8 Conclusions

New technologies and the applications they support typically form a ‘circle of usage’. A
positive usage implies that the new technology fosters new applications that are possible
due to the availability of the new technology and consequently, the new technology gets
utilized and further improved as applications that use it emerge and become widespread,
which in turn leads to its subsequent success. A negative usage implies the improper or
inadequate deployment of a new technology, leading to the improbability or infeasibility
of use of its applications, which in turn eliminates the applications that produce the need
for that new technology. IP Multicast seems to have partially suffered from the latter. Its
lack of widespread deployment meant that multi-point applications could not be deployed

easily, and with a lack of multi-point applications used by the common Internet user, both
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Internet providers and network administrators saw still less reasons to deploy IP
Multicast, further prolonging the emergence of multi-point applications on the Internet.
The recent popularity of peer-to-peer file transfer applications has precipitated new
paradigms, challenges and solutions in many areas of technology as well as industry and
business. Arguably, one of the fallouts of the emergence of peer-to-peer applications has
been the idea of pushing multicasting capability from the network layer to the application
layer to form Application Layer Multicast, where application peers can assist in delivery
of content from one peer to multiple other peers. This in turn has spurred the
development of a myriad of multicasting protocols at the application layer with some
direct and indirect spin-off commercial products. It will be interesting to see the evolution
of this new technology and its contribution to bringing about the next generation of
Internet applications. The fact that some popular file transfer applications such as
BitTorrent have already incorporated Application Layer Multicasting ideas in their
implementation is promising.

In this regard, we examined the need for multicasting for multi-party videoconferencing
applications and strived to bring together the various technologies that could make an
Internet-deployable multi-party videoconferencing application possible. After examining
some of the user requirements from such applications and their typical characteristics, we
designed, implemented and evaluated an ALM protocol to address those requirements
and characteristics and showed that the development of new routing heuristics is required
in order to address the multi-source case. Towards that end, we examined existing
approaches to overlay routing and identified areas of improvement in the multi-source

scenario. The culmination of that investigation led to two new routing heuristics that
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perform significantly better than similar routing heuristics with regards to the metrics
commonly used to evaluate them. A proof of concept multi-party videoconferencing
application was also designed, implemented and evaluated on the Local Area Network
that could be deployed over our ALM protocol. As mentioned in the previous chapter, a
much more complete implementation would be necessary in order for the application and
the protocol to be easily used on the Wide Area Network but the proof of concept
implementation served to highlight the potential of ALM and the relevant issues involved
in designing and developing them.

It is unlikely that a single Application Layer Multicast protocol will satisfy all classes of
multi-point applications. Instead, we conjecture that different ALM protocols will
coexist, each targeting a different set of applications. Just as our ESM protocol is
designed for multi-sender teleconferencing applications involving high-bandwidth flows,
another protocol may target applications with low-bandwidth flows but requiring
reliability and/or quality of service adaptation.

The design and implementation of an ALM protocol targeting a class of applications that
hither had been neglected helped highlight some of the unique requirements of multi-
party videoconferencing applications and in the larger context collaborative multimedia
applications and Collaborative Virtual Environments. We hope that doing so will foster
similar efforts from other researchers, whose collective endeavors will bring about new

and exciting multi-point applications that have so far eluded the common Internet user.
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APPENDIX

€: belongs to

V. for every

J: empty set

|: such that

a>b: b is parent of a

at+ b:bis ancestor of a

{a,b}: directed edge connectingato b
dist(a,b): total cost of all edges on path between a and b
c(a,b): cost of edge between a and b
outflow(b): available outflow of b
outflow_max(b): maximum outflow of b

MOTOR-Dynamic(s,t) O(N°)

Input: given source seV, target te V, max_change: the maximum allowable number of
changes and a link cost c(a,b) for every link connecting acV and beV

Output: join target t to the tree Ts of source s, such that outflow_max(v) is respected for
all nodes veV with number of changes in topology <=max_change. Returns TRUE if
successful

A ={q | qeTs, outflow(q)>0}
if A=J:
Ts +={p,t} | p has min[dist(s,p)+c(q,t)] V peA
Return SUCCESS
Y aeV, a#s:
B={(p,k;j) | peTs, peTa, keTa, jeTa, j~p in Ta, k  p, outflow(k)>0}
if B and max_change>2:
choose (p,k,j) with min[c(k,j)] V(p,k,j)eB
Ta = {p,j}
Ta +={k,j}
Ts +={p,t}
Return SUCCESS
C={b | bgTs, outflow(b)>1}
if C#J and max_change>3:
choose r with min[c(s,r)] VreC
Ts -={s,w} | w has min[c(s,w)] Vw>s, weTs
Ts +={s,b}
Ts +={b,w}
Ts +={b,t}
Return SUCCESS
if max_change>4:
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d=Relocate_spare outflow(c,s,t)
if d4#NULL:
attach(s,t,d)
return SUCCESS
return REJECT _REQUEST

MOTOR (s,t,B,p) ON®)

Input: Given a complete graph G=(V,E), a maximum out-flow outflow_max(v) for all
nodes veV, a target set Rs for each source, a requested bitrate for each (source,target)
tuple fw(s,t) and a set of trees Tk each rooted at a source k and spanning its targets.

Output: find tree Ts for every source s€V, such that outflow_max(v) is respected for all
nodes veV and Y c(e) is minimized for eeTs for every seV.

if Assign outflow()=FALSE:

V seD, [Rs|>|Ts|:
Swap_rejected_requests(s,Rs)

Low_cost_tree(Ts) V seV

Assign_outflow() O(N°)

Input: Given a complete graph G=(V,E), a maximum outflow outflow_max(v) for all
nodes veV, a target set Rs for each source and a request flow weight fw(s,t) for each
source-target pair (s,t). fw(s,t) for s=t is infinite.

Qutput: a set of trees Tk rooted at each source ke V and spanning its targets Rk such that
outflow_max(v) is respected for all nodes veV and if i-j then fw(i,s)<fw(j,s) fori,je Ts
for all seV. Returns TRUE if successful.

A={s|seV, outflow_max(s)> > fw(s,i) V ieRs}
D={s|seV,sgA}

V seA,veRs:
add edge={s,v} to Ts with flow weight fw(s,v)
outflow(s)=0 V seD
for all seD in descending order of (outflow_max(s)- ) fw(s,i) ieRs):
outflow(s)=outflow_max(s)
avail outflow=outflow_max(s)+) outflow(k), keRs
if(avail _outflow<} fw(s,m) V meRs):
if 3reV | rgRs, r#s, outflow(r)2 (fw(s,n)+fw(s,m)) mneRs:
avail outflow+=outflow(r)
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Rs+={r}
fw(s,r)=Max(fw(s,n),fw(s,m))
Total_outflow=outflow_max(s)
Ts={s}
min_flow = Min(fw(s,i) ieRs)
while(Total _outflow>= min_flow & [Rs[>|Ts|) do:
find u | ueTs with Max(outflow(j)) VjeTs)
P={p | peRs, fw(s,p)< outflow(u), fw(s,p)=< fw(s,u)}

Choose qeP with Max(fw(s,q)) and use greater outflow(q) for tie-break

add edge={u,q} to Ts with flow weight fw(s,q)
Rs - = {q}

Total_outflow+=[outflow(q)- fw(s,q)]
Min_flow = Min(fw(s,i) V ieRs)

Vv seD, [RsP>|Ts|:

Insertnode(s,t) V teRs, tgTs
if 3seD, |Rs[>|Ts|:

Return FALSE
else Return TRUE

InsertNode(s,t) O(N°)

Input: given source seV and target te V (t¢Ts) and flow weight fw(s,t)

Output: insert new target t to the tree Ts of source s with flow weight B, such that
outflow_max(v) is respected for all nodes veV.

Vc | c¢Rs, outflow_max(c)- outflow(c)> fw(s,t):
d=Relocate_spare_outflow(c,s,t)
if d#NULL:
attach(s,t,d)

Relocate_spare_outflow(c,s,t) O(N")

Input; given a source seV, a node ceV with outflow_max(c)- outflow(c)>=fw(s,t)

Output: relocate spare outflow of ¢ to a node deRs, such that outflow_max(v) is
respected for all nodes ve V. Returns a node d with outflow(d)>fw(s,t) if successful,
NULL otherwise. :
d=NULL
Vv d | deRs OR d=s, d#c:
if can_relocate(c,d,s,t)=TRUE: Return d
if 3 a,d | agRs, a#c, outflow_max(a)-outflow(a)<fw(s,t), can_relocate(c,a,s,t)}=TRUE,
deRs OR d=s, d#c,d#a, can_relocate(a,d,s,t)=TRUE:
Return d
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can_relocate(c,d,s,t) O(N)

Input: given a node ceV with outflow(c)>fw(s,t) and a node deV, c#d

Output: see if it is possible to transfer the spare outflow of node ¢ to node d such that
outflow(d)>fw(s,t). Returns TRUE if successful.

ifde|eeV, deTe, ceTe, [Te[>2:
G={g| g-d, gdeTe}
if 3 HcG | H#J, outflow(d)+removed_flow)> fw(s,t), outflow(c)>removed_flow,
fw(e,c) >fw(e,h) VheHORcH+ d
(where removed flow = ) fw(e,h), heH):
remove edge={d,h} from Te, heH
if c + hin Te & outflow(c)+removed_flow>=fw(e,d):
remove edge={f,d} from Te d>f
add edge={f,h} to Te with flow weight fw(e,d)
add edge={c,d} to Te with flow weight fw(e,d)
Return TRUE
elseif c + h:

add edge={c,h} to Te, heH with flow weight fw(e,h)
Return TRUE
Return FALSE

attach(s,t,c) O(N)

Input: given source seV, a target teV and a node ceRs such that outflow (c) >fw(s,t)
Output: attach target t to the tree Ts of source s, taking advantage of spare outflow of ¢

if ceTs:
if fw(s,c) >fw(s,t)
add edge={c,t} to Ts with flow weight fw(s,t)
Return TRUE
else if fw(s,p) >fw(s,t) & outflow(p) >(fw(s,t)-fw(s,c)), c>p in Ts:
add edge={c,t} to Ts with flow weight fw(s,t)
fw(s,c)=tw(s,t)
outflow(p) -=fw(s,t)-fw(s,c)
Return TRUE
else if c=t:
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V heTs | fw(s,h) >fw(s,t):

G={g | g-h}

if 3 KcG | K#J, [outflow(h)+Y fw (s,k)] >fw(s,t) &Y fw (s,k)<outflow(c)VkeK:
remove edge={h,k} in Ts VkeK
add edge ={h,c}to Ts with flow weight fw(s,c)
add edge={c,k} to T's with flow weight fw(s,k) VkeK
Return TRUE

Return FALSE

Swap rejected_requests

Input: a source sV, priority for each request p(s,t) from source s to receiver t and Rs the
receiver set of source s

Output: a tree rooted at source s and spanning a subset of Rs with lower priority requests
rejected

V seV such that |[Rs[>|Ts|:
find u such that p(s,u)>=p(s,t) for all t,tueRs AND t,ugTs,
Q={qeRs such that p(s,q)<p(s,u)}
Y qeQ:
Rs=Rs-{q}
Assign_outflow(Rs)
VteQ:
Insertnode(s,t)
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Low cost_tree () O(N°) (modified version of Compact Tree in [94])

Input: Given a complete graph G=(V,E), a tree Ts rooted at source s€V, spanning its
targets Rk and edge cost c(a,b) for every a,beE .

Output: a tree Tmin rooted at each source seV and spanning its targets Rk such that
outflow _max(v) is respected for all nodes veV and ) c(b) is minimized for all be Tmin.

for each reTs
for each veTs
di(v)=c(r,v)
p(v)=t
Tmin = (W={r}, L={})
while(W#V)
let je V-W be vertex with smallest di(j)
if outflow_max(j)>outflow(j) OR j is the last remaining receiver in Rk
u=j
else
ueV-W that has outflow(u)>0 with smallest di(u)
W=W+{u}
L=L+{u,p(w)}
for each ve W-{u}
di(v)=Max {di(v),dist(u,v)}
for each veV-W

di(v) = o0

for each qe W
if outflow(q)>0 AND c(v,q)+di(q)<di(v)
p(v)=q
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