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Management of Large-scale Multimedia Conferencing

Israel Cidon,Youval Nachum

Department of Electrical Engineering
Technion - Israel Institute of Technology
Haifa 32000, Israel

Abstract

The goal of this work is to explore management strategies and algorithms for large-scale
multimedia conferencing over a communication network. Since the use of multimedia confer-
encing is still limited, the management of such systems has not yet been studied in depth. A
well organized and human friendly multimedia conference management should utilize efficiently
and fairly its limited resources as well as take into account the requirements of the conference
participants. The ability of the management to enforce fair policies and to quickly take into
account the participants preferences may even lead to a conference environment that is more
pleasant and more effective than a similar face to face meeting. We suggest several principles for
defining and solving resource sharing problems in this context. The conference resources which
are addressed in this paper are the bandwidth (conference network capacity), time (participants’
scheduling) and limitations of audio and visual equipment. The participants’ requirements for
these resources are defined and translated in terms of Quality of Service (QoS) requirements
and the fairness criteria.

A suggested solution for the problem of Capacity Resource Management (CRM) allocation
is the Extended Max Min Fairness (EMMF) criterion, an extension of the well-known Max
Min Fairness criterion. Both a centralized and distributed algorithms that satisfy this criterion
are presented. Further tradeoffs between fairness and total throughput are also suggested. The
conference time allocation problem is defined and mapped to known problems of time scheduling
which are widely discussed in the literature. We examine the well-known Generalized Processor
Sharing system (GPS) in that context, and select (after some adaptation) its Worst-case Fair
Weighted Fair Queuing (WF2Q) version, a scheduling policy based on the GPS system which
satisfies the participants’ requirements. Finally, we describe methods for combining the Time
Resource Management (TRM) and the Capacity Resource Management (CRM) into a complete
management of multimedia conferencing.

1 Introduction

The progress in computer networks technology accelerates the use of multimedia conferences that
allow multi-level communication and collaboration between remote participants. The multimedia
conference offers many advantages to the participants. It saves time and travel, avoids duplicate
meetings and enables high level of collaboration.

Video conferencing over a communication network consists of multiple participants equipped with
various presentation tools that communicate with each other utilizing the network services. Each
participant operates his networked multimedia workstation independently of other participants. A
participant may transmit to other participants a variety of information types such as real-time
video streams, video and audio clips, slides and real-time shared white-board. The video conference
participants are acting similar to their action in a real conference room. They may wish to listen
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and watch a remote speaker, a multimedia presentation or they may wish to speak or even interrupt
a speaker.

When the number of participants is small, and the participants are not greedy, the video confer-
ence management is not essential. The network capacity can be allocated in advance and kept fixed
during the conference. The time management can be done by one of the participants functioning
as a moderator or can be self managed using the participants well behavior and ethic. However,
when the conference becomes bigger, and its participants are greedy, it must be managed by the
conferencing system to guarantee a level of fairness. Otherwise, the conference will collapse in terms
of its usability ‘and perceived value. For example, a lecture with a large number of participants
where all of them want to ask question at the same time. The lecturer's screen can not present all
of the participants figures simultaneously and the lecturer can not listen to all of them at the same
time. Moreover, the ability to screen and control participants as well as providing fairness and take
into account the participant preferences directly can make the video conference into a collaborazion
environment which is much better than a large face to face meeting. Management of large scale
video conference can provide essential qualities that can not be provided in a conference room. The
conference central management can prevent collisions, where multiple participants start speaking
simultaneously or are deprived because of other participants interruptions. The presence of a con-
ference management can guarantee the participants minimal sharing requirements. Each participant
can define a set of preferences such as his minimum speaking duration during the conference and
the favorite presenters (or presentations) he would like to follow. Each participant preferences are
handled privately to the conference management. The participants can be preallocated guaranteed
conference resources and can also interactively present new preferences during the conference. The
system can take these preferences into account for its online management. For example, a favorite
participant may receive a longer speaking duration than others. The conference management can
secure privacy that can not be provided in a conference room. For example, each participant can
specifies the participants that are allowed (or not allowed) to watch him and he can hold private
discussions during a presentation without disturbing others.

The conference management should support the participants’ demands by allocating its common
resources to participants and other information sources. This allocation should be feasible, fair and
humanly reasonable. The multi-party video conference management system faces conflicts over two
main system resources, conference time and network capacity. These resources are limited by the
network’s restrictions and by the participants’ demands. Previous related research in networked
multimedia such as (1] focuses on floor control, i.e., how to allow participants of networked mul-
timedia applications to share remote devices. The aim of floor control is to guarantee a mutually
exclusive resource usage. For example, how to share a video stream. This paper examine a specific
floor control problem of conference management, how to allow remote participants to collaborate
and share fairly, efficiently and with no collisions the network common resources (time and capacity).

The conference time duration is a limited resource. The conference might have a planned ter-
mination time and each participant may have his own time limits. The conference Time Resource
Management (TRM) function is to allocate the time resource between participants according to
their demands, i.e., to determine the participants’ transmission duration and order. The TRM can
schedule more than one participant, so that a number of participants can transmit simultaneously
to the conference. The TRM may control the participants’ speaking volume. The current speaker
is heard loudly and all the others at a lower volume.

The conference capacity is also a limited resource. The network capacity which is available
to this conference on each network link is bounded. The Capacity Resource Management (CRM)
function is to allocate capacity among all the multiple point-to-point and multicast transmissions.
Capacity allocation effects the amount of concurrent sources that can be allocated in parallel as well
as the video and voice quality. These limitations on the resource use lead to necessary management
trade-offs, in the allocation of time and capacity among all the participants.

The conference management can be partitioned into two main management parts the TRM and



the CRM. The TRM allocates time according to the source participants demands (can be related to
speaker broadcast requests). The CRM allocates capacity according to the destination participants
demands (can be related to destination viewing requests).

Each of resource management part is made up of two components: the admission control man-
agement and the interactive management. The admission control management checks the feasibility
of the participants’ requirements at the beginning of the conference and checks the online require-
ments of participants that wish to join during the conference. The interactive management allocates
resources according to the participants’ interactive demands and a priori demands.

In order to allocate resources relative to the participants’ needs, each participant defines his basic
service demands. These demands are based on human concepts and should be expressed in terms
of Quality of Service (QoS) constraints. The use of QoS terms to define the multimedia users needs
was already mentioned in [2]. In this paper we focus specifically on a multimedia conferencing,
i.e.,, human participants take part in a large scale video conference and want to guarantee their
participating rights (speak and watch during the conference).

The conference management is also affected by the conference model. There are many natural
conference models, such as the “lecture model” or the “peer meeting model”, that reflects meeting
at daily life. We attempt to characterize several of these models and present simple examples for
their implementations. A characterization of multimedia conferences was already mentioned in [3].
This paper defines the methodologies of video conference management. It describes the concepts of
management related to the resources limitations and the participants needs. It also suggests specific
algorithms as examples to such concepts implementations. There is still much more research needed
in order to reach a full video conference management that will satisfy the participants needs and
the various conference models.

In the next sections we discuss the following issues, Section 2 illustrates the main conference
models, Section 3 defines the capacity allocation problem and extends the MMF allocation criterion
to the Extended MMF (EMMF) criterion. Section 3.1 describes the central allocation algorithm
which satisfies the EMMF criterion, and Section 3.2 describes the distributed implementation of
EMMF. In order to increase the overall conference throughput, the EMMF fairness criterion is
relaxed to the SEMMF criterion as described by Appendix A. The time allocation problem and
the participants’ time requirements are defined by Sections 4.1 and 4.2 as a scheduling problem and
are mapped to the known Generalized Processor Sharing system (GPS). This solution is extended
to the Worst-case Fair Weighted Fair Queuing (WF2Q) policy which satisfies the formalized TRM
problem. Section 5 describes simple integration examples of the TRM and the CRM into an entire
management system.

2 The Conference Models

Conducting large-scale video conferences over a communication network is largely a future appli-
cation. It is still unknown what will be the collection of dominant applications. For our research
needs we informally suggest several conference models based on common day to day models. Later,
we will discuss the influence of these models on the conference management architecture.

The Peer Meeting Model. The conference participants play a similar role in the conference.
They might have a different degree of information to present or different presentation capabilities.
An example could be a business negotiation between several equal companies members or a standard
committee meeting.

The Lecture Model. One of the conference participants is the lecturer, the rest are his audience.
The lecturer is the conference speaker for most of the time and therefore employs most of its resources.
The audience asks questions or makes brief remarks. They spend most of their time listening to the
lecturer, or browsing through his supporting material.

The Parliament Model. Each participant may ask for two kinds of requests: Request for a speech



and request for a remark. A speech is characterized by a long duration and low priority Therefore,
the system response time for such a request is relatively longer. A remark is a short speaking
period with high priority, therefore, the system response time for such a request is relatively shorter.
There is only one participant speaking at a time (another model can assume short interruptions to
speakers). The number of speaking requests for each type is limited.

The Debate Model. There is a specially-designated group of participants that addresses the
conference, all the others form the audience. The audience does not speak during the conference
but they interactively present their preferences, who they wish to see more. The participation order
of those in the designated group and their speaking periods duration is determined interactively
according to their rating. The designated participants are greedy, and spend all of the time allocated
to them as, for example, in the election debate between several candidates competing for an office.
Each candidate gets a period of time to explain and defend his opinions.

The Muliti Group Model. This conference is characterized by working groups. A participant can
be a member in more than one group at a time. He may speak and listen only to his membership
groups, i.e. when one of the participants is speaking he can be seen only by the groups that he
chooses from his membership groups. An example would be a large meeting of different groups from
different companies that want to consult one another during the conference, without interfering
other participants; they also require the privacy of not being observed by their competitors.

The Dynamic Model. With this model participants can join or leave during the conference. The
number of participants is not fixed. A participant that wishes to leave can do so without informing
the conference management, but participants that wish to join the conference must get approved by
the conference management through an admission control policy. An example would be an Internet
chat group.

3 Capacity Resource Management - (CRM)

The objective of Capacity Resource Management (CRM) is to allocate networking capacity among
the participants conforming to the needs and constraints of the participants’ requirements and the
system capacity restrictions. Therefore, CRM should have information regarding the edge’s free
capacity, the information flow routing paths, and the participants’ requirements. The CRM divides
each edge free capacity between the specific information flows that pass through it. This division
has multiple objectives that may conflict with each other. Such objectives may be maximizing
the network total throughput, fair allocation, and satisfying the participants’ requirements. It is
assumed that participant information flows can be delivered in variable grades. For example, a real-
time video can be allocated any amount of bandwidth that results in a certain grade of quality. The
following sections present the main requirements of the participants, formally define participants
fairness, and suggest several algorithms for given network models and given CRM objectives.

Capacity Requirements

Participant capacity requirements are derived from several factors such as the participant’s ap-
plications, the participant’s equipment limitations and the conference model. Video conference
participants may specify their choice of sources, such as the list of sources they wish to watch and at
which quality level. There are several ways in which such preferences can be presented. Destination
may present to the CRM the ratio of its required allocation between the different sources. Desti-
nation may also determine for each source the maximum and the minimum rate that it is willing
or able to receive. For example the minimum rate is related to the minimum video quality which
the participant is willing to watch. The maximum rate maybe derived from the display equipment
limitations. Destination may also restrict the total received throughput from all of the sources.
The following sections focus on the destination fairness problem where each destination may only
specifies a firm ratio between the sources. The network management target is to maximize the total



capacity allocation of the destinations under the strict ratio constraint while utilizing the Max-Min
fairness principle among the destinations.

The Network Model

Our network is modeled as a general undirected graph G(V,E). Every network component such
as a switch and a router is represented by a vertex. We assume that vertices cannot fail or come up
during the algorithm. D C V is the destinations group. The edge (i,j)€ E represents a link between
two vertices of the network and Cj; represents the edge free capacity (available for this particular
conference). We assume a reliable communication between the vertices, i.e., each message reaches its
destination within a finite time. R,q is an ordered set of edges that represents a single routing path
from source s to destination d. Each destination may receive flow from many other sources over such
routing paths. f,q is the flow from source s to destination d. Every destination d determines for
each source s the proportion a,4. a,q is the proportion of source s flow in destination d total flow fg,
i.e., fsa=asd *faand Vd € D 3,y foa = fa. Cleatly Vd € DY\ ama = 1. The flow allocations

are represented by a sorted flow vector F = {fd.» faz>---}, where fg, is the smallest allocated flow.

The Extended Max Min Fairness Criterion- (EMMTF)

Allocating fairly a limited capacity resource among participants requires a definition of fairness.
The question is how to allocate fairly the conference capacity according to the destinations proportion
requirements. The most common definition of fairness is the Max Min Fairness (MMF) [4]. The
MMF solution is used in [5] for flow control fairness to provide for each flow f,4 a fair share. We
use the formal known definition at [6] and present an extension to our conference model.

Let F = {fa,,fazs---,fa} and F* = {f;,fi....,f; }. We say that F» < F if vector F*
is lexicography equal or smaller than vector F. Alternatively F > Fif fo, > fo, orif Vi<l
fi; = f4; then f3 > fq, for some l < m.

Vector E is feasible, if and only if V(i,j) € E Z{l,dl(f,j)eﬁ.d) fa*a,q < Cjj

The vector F~ = {f3,» f3,+---} is @ Maz — Min fairness vector, if and only if it is feasible,
and for each feasible F F< F-.

As already noted in the literature (6], the MMF approach is leaning heavily toward equal allo-

cations of the resources, sometimes at the expense of system efficiency. In Appendix A we suggest
a new criterion that relax the fairness constraint toward a maximum destination total throughput.

3.1 The Extended Max-Min Fairness Algorithm (EMMF)

Variables used by the algorithm are as follows. d - The group of destinations without capacity
allocation. c¢;; - Free residual capacity of edge (i,j). ri - The current allocated Max flow per
destination in d, computed at edge (i,j).

Outline : The central algorithm computes the destination allocation vector that is EMMF optimal.
It is assumed that the algorithm is provided with all the necessary network information such as
routing paths and edges capacity. The algorithm first stage initializes the variables. Each edge
(1,7) residual capacity c¢;; is set to be C;; the capacity of the edge. Group d, the destinations
without capacity allocation, is initialized to D the group of all the destinations. The algorithm
starts with calculating the maximum destinations flow allocations allowed by each edge r;;, under
the constraint of equal destination flow to all the non-allocated destinations (-all the vertices in
group d). Each edge (i,j) has its own limitation ry = > i ——- This means that
{m.nl(i)ERmn kngd) T
for each flow which passes through edge (i,j) and its destination is a member of d, it allocates
the maximum available flow, taking into account the local proportion of these flow allocations and




the edge’s residual capacity. The chosen flow is the smallest r;; flow for all edges (i,j). This flow
can be allocated to all the non-allocated destinations without overflowing any edge in the network.
The chosen edge (m,n) is the current bottleneck edge of the network. The destinations that route
their flow through the bottleneck edge (all k such that (m,n) € R,x)) are clearly limited by the
flow allocated at this edge (rmn). Therefore, r,, is allocated to every such limited destination k
(fx = rmn), and its allocated flow is subtracted from the residual free capacity of all the edges that
it traverses. These participants end their role as destinations in the algorithm, and they are removed
from the group of the non-allocated destinations d. The algorithm described above is repeated as
long as d is not empty and uses the new values of d and ¢;;.

Theorem 1 The flow allocation vector F, the result of the EMMF algorithm, is an EMMF vector.

A formal statement of this algorithm along with a formal proof Theorem 1 are presented in (7).

Example:

Figure 1: Optimal algorithm example

Figure 1 depicts the example graph where V = {1,2,3,4,5}, E = {(2,1),(3,2),(4,2),(5,2) } with 5 ver-
tices all of which are participants. The capacities of the edges are Cy; = 10, Caz = 1, Cys = 3, Csp =
5. The routing path from sources to destinations are Rq; = {(4,2),(2,1)} Rs1 = {(5,2),(2,1)} Rss =
{(3,2)} R42 = {(4,2)}. Destination 1 determines the proportions to be as; = 1/2, a5, = 1/2 and
Destination 2 determines the proportions to be azz = 2/3, agp = 1/3.

The algorithm is conducted as follows. The free capacity of each edge is set to its capacity co; =
10, c32 = 1, c42 = 3, cs2 = 5. D = {1,2} has only two destinations, Participant 1 and Participant 2.
The first calculation of r;; results in ro; = U%f’ r3o = WLE' Tap = ﬁ, Ts2 = ﬁi . In order
to identify the bottleneck, the edge with the smallest r;; is chosen. In this case, edge (3,2) is chosen
as the first bottleneck and the minimum flow is r3 = 3/2. The only path that goes through edge
(3,2) is the routing path between Source 3 and Destination 2. Destination 2 flow is determined to
be fo = 3/2 . The flow from Source 3 to Destination 2 is (3/2)*(2/3)=1, and the flow from Source
4 to Destination 2 is (3/2)*1/3=1/2. This allocated capacity is subtracted from the edges leading
flow to Destination 2. ¢30 =1-1=0, ¢4 =3 — 1/2 =5/2, cs3 = 5. Since Destination 2 received
its capacity allocation it is removed from the non-allocated group d = {1}.

Group d is still not empty so the algorithm is repeated from the first stage and calculates
Tij QST = 175%5, T32 = 00, T42 = (5/2)/(1/2), 52 = 5/{1/2). In this case we choose edge (4,2) as
the bottleneck and the minimum flow is 74, = 5. The only flow that goes through the edge (4,2) is via
the path between Source 4 and Destination 2. The second path that goes through the edge (4.2) has
been already allocated. The current allocated destination is 1. Destination 1 flow is determined to be



fi = 5. Capacity is allocated to all the paths leading to him. The flow from Source 4 to Destination
2 is 5%(1/2)=5/2, and the flow from Source 5 to Destination 1 is 5%(1/2)=5/2. All the allocated
capacity is removed from the edges, c21 = 10 —5 =5, ¢42 = 5/2—-5/2=0,c52 = 5—5/2 = 5/2.
Since capacity was allocated to destination 1 it is removed from the non-allocated group d. Group d
is finally empty and all the destinations have received their allocations; and that leads to the end of
the algorithm. The result of the algorithm is the EMMF allocation vector F = {f2=3/2, i =5}.

3.2 The Distributed Algorithm

Outline : The distributed algorithm computes the EMMF flow vector. The algorithm is composed
of three algorithms: the source algorithm, the destination algorithm and the edge algorithm. In
practice the (i,j) edges algorithm is executed at vertex i. The algorithm uses a single message
format. The message includes a source identifier, a destination identifier, a minimal flow and a
final mark. It is assumed that the algorithm starts simultaneously at all the destinations. Later we
discuss how this requirement is relaxed.

The algorithm progresses by phases. At each phase, the destinations send the current chosen
minimal flow to all their sources. All the edges over the flow paths pass this information unchanged
and with no delay. At the first phase, the chosen minimal flow is set to zero and marked as “not
final”. The sources respond to each such destination message with a similar structured message that
is sent back over the path toward the destination. At the first hop, this message carries an infinite
value for the minimum flow. Before handling a source oriented message, each edge in the routing
path waits until it receives all the current phase messages of the chosen minimal flow allocation
(over the opposite direction) from all the destinations whose routing path goes through it. When
each edge receives all such messages, it calculates its local minimal flow for that phase. The edge
flow calculation is EMMF as was described for the centralized algorithm. Each edge transmits the
minimum between the minimal flow that it receives from the nearest edge (down stream from the
source), and its local calculated minimal flow. Each edge has its own unallocated group, a group
of all source and destination pairs that do not receive their allocation. At the beginning of the
algorithm this group at each edge is initiated to all the pairs that have a routing path through this
specific edge. An edge marks its flow as “final” if all of its unallocated destinations choose the edge
local minimum flow as their chosen minimal flow for that phase. Otherwise, the edge marks its
MMTF allocation as non-final. At the end of each phase, the destination receives the minimal flow
over all the routing paths and chooses the minimum flow between all the paths. At this point it
starts a new phase by sending this value to all its sources including the chosen flow marked as final
or non-final.

Each edge in the routing path subtracts the destination chosen minimal flow from the edge
capacity only when the chosen flow is marked final, i.e., it is not going to be changed. In these
phases the algorithm determines the flow allocations of the next bottlenecks similar to the centralized
algorithm described in Section 3.1. A bottleneck is found when an edge marks its flow as final. The
algorithm terminates at a destination when its flow is going through a bottleneck edge. It receives a
final status message and forwards it to all of its sources. It terminates at an edge when its unallocated
group is empty, i.e., it receives a final marked flow message from all the destinations passing through
it. It terminates at a source when it receives a final message from all its destinations. A formal
statement of this algorithm along with a formal proof of its correctness and main properties are
presented in [7].

Distributed algorithm example: Figure 2 depicts the example graph where vertices {1,2,3} are
the destination group, and vertices {4,5,6,7} are the source group. Each destination has two sources
with equal proportions. Destination 1 has Source 4 and Source 5. Their proportions are ag; = as; =
1/2. Destination 2 has Source 5 and Source 6. Their proportion are as; = agz = 1/2. Destination
3 has source 6 and source 7. Their proportions are ags = a7z = 1/2. The capacities of the edges



Figure 2: distributed algorithm example

are Cgy = Cgg = Cgg = Co3 = C73 =10 and Cqy = 1, Csg = 4, Cesg = 8. The routing paths from
sources to destinations are the shortest paths. For example Rq; = {(4,1)}, Rs: = {(5,8),(8,1)}
The algorithm is conducted as follows: the first phase starts when all the destinations transmit their
minimal chosen flow allocations set to zero. All the edges in the reverse routing paths pass this
message toward the destinations without any change or delay. For each message received by the
sources, each source reacts by sending a message which allows an infinite flow toward the received
message specific destination. The edges in the routing path from source to destination wait until
they receive all the messages from their destinations. In this phase they are all zeroes, and then
calculate their MMF allocations. For example, observe the routing path {(5,8),(8,1)}. Edge (5,8)
receives from its two destinations {1,2} their minimal chosen flow 0. When it receives a message
that allows an infinite flow, from Source 5 to Destination 1, it passes the minimum between its
calculated minimal flow 4 and the infinite flow. Edge (8,1) does the same when it receives the
minimal flow from edge (5,8). It passes the minimum between its minimal calculated flow 5 and the
received minimal flow 4. Destination 1 receives a minimal flow message equal to 4 on its right edge.
In the second phase each destination chooses the minimum between the received flow allocations
and passes it toward its sources. Destination 1 chooses 2 as the minimal flow and sends it towards
sources {4,5}. In this phase, the first bottleneck is found. Edge (4,1) receives a minimal chosen
flow from destination 1 equal to its allocated flow. Therefore the edge marks this flow as final. In
the third phase destination 1 forwards its final flow over all its routing paths. Edge (8,5) marks
Destination 1 flow as final and increases Destination 2 allocation to 6. This is repeated until all the
destination flow allocations are marked final. The result of the algorithm is the EMMF allocation
vector F = {f; =2, f» =6, f3 = 10}.

The Algorithm Main Characteristics

The algorithm avoids redundant calculations at the edges. Each edge waits for all the chosen
minimal flow messages from all the routing paths that pass through it. When it has the full knowledge
of all the chosen minimal flow allocations, it calculates its minimal flow for the current phase. The
algorithm computation complexity is equal to the centralized algorithm. The method of spreading
the information in phases reduces the number of messages that are sent in the algorithm which
reduces the message complexity. The algorithm has a “fast start” feature, i.e., it allows the source
to start transmitting data at the first stage. In other words, when a source receives the first chosen
minimal flow message it can start transmitting. This is safe in terms of available bandwidth as is
known that this flow is smaller or equal to its final (yet unknown) flow. Therefore, the sources do



not overflow the edges even if they start their transmissions as soon as possible.

In the distributed algorithm we assumed that all the destinations start the algorithm at the same
time. In order to relax this restriction the trigger for starting the algorithm can be performed using
a Propagation of Information (PI) {8] algorithm, i.e., starting the algorithm at one vertex that floods
a START message to all the destinations. Each destination starts the EMMF algorithm when it
gets the START message. This change in the initializing conditions does not change the algorithm.
A formal proof of this characteristic is presented in (7].

4 Time Resource Management - (TRM)

Implementing video conference over a communication network enables the control and sharing of the
time resource. The Time Resource Management (TRM) point of view is a central one. It collects the
timing information and requirements from all the conference participants and forces timing policies
upon them. The TRM central position along with its extended communication, computation and
control abilities enable it to manage the time resource better than a human moderator. It should
result in time management which is more efficient (waste less time on management and better
prevent collisions), precise and easy to use. In order to satisfy the above objectives,the TRM should
be aware of the participants’ demands. These demands can be divided into a priori demands and
interactive demands. A priori demands are presented by participants before they are admitted to the
conference. The interactive demands are introduced during the conference and present the current
interactive participant demands. In order to satisfy these demands using a scheduling algorithm,
they are presented to the TRM in terms of QoS constraints. The TRM algorithm also depends
on the conference model. Several conference models were described in section 2, each of them has
its own time management constraints. The objectives of the next sections are to define the main
participant QoS time constraints and to map them to known QoS-based scheduling problems and
solutions that were developed for other systems.

4.1 Participants Time Requirements

As described above, participants needs must be defined and specified in terms of QoS constraints.
There are many types of participant applications such as real-time video, video clips, broadcast audio
and human speakers. Each application may have specific QoS constraints. This section focuses on
the timing requirements of human speaker participants. We present these needs in a formal and
quantitative way. As mentioned before, these requirements can be divided to a priori requirements
and interactive requirements. Let us start with the a priori requirements. A participant may require
to speak for a time that is at least a portion of the total conference time. A participant may require
to limit his waiting time from the time that he asks to speak to the time that he gets his next
speaking right. Each time a participant speaks he may require not to be preempted for at least a
minimum period of time before he loses his term. Before the speaker is preempted, he may wish to
be alerted a specified period of time before the preemption. In conferences where participants can
speak simultaneously, it may be necessary to limit the maximum number of participants speaking
simultaneously at each speech level to the conference.

Although these QoS time constraints are a priori requirements, they may still be time dependent.
There are cases for instance, where the opportunity to speak becomes more important as one reaches
the end of the conference. At such times, more participants may want to be granted speaking rights.

We focus on what we consider to be the participant main a priori QoS time requirements. We
specify them for a given speaker i.

1) ¢; - The minimum fraction of speaker i‘s total speaking periods from the sum of its waiting
periods (times where 7 wishes to speak but has to wait) and its speaking periods. Note that if i is



greedy, i.e., wishes to speak as much as possible, his waiting periods and his speaking periods are
equal to the conference duration.

2) L; - The maximum delay from the time that a participant requests to speak till the time that he
gets his speaking right.

3) P; - Minimum speaking period without preemption.

4) M - Maximum number of participants speaking simultaneously.

We now turn to interactive requirements. A participant may also present timing requirements
during the conference. He may submit a request for speaking right. When he does it, he may want
to specify its characteristics. It could be a remark (a short request of high priority), or a speech (a
request for a longer time). He may always stop speaking before the end of his requested speaking
period. A participant may give up his time share for the sake of other participants. He may want
to affect TRM decisions by presenting his preferences regarding his favorite speaker. The TRM may
allocate time according to the participant’s interactive rating, i.e., a participant with high rating
can get a longer speaking time than a participant with a low participant rating.

We focus on two main interactive signals. 1) Requesting a speaking permission. 2) Signaling the
end of speech. We will later extend these requirements.

4.2 The TRM Problem

The TRM input is the participants’ QoS time requirements, the conference model, and the conference
timing. The TRM is composed of the TRM admission control management and the interactive
management. The interactive management is responsible for managing the conference time resource
in real-time, respectively to the a priori parameters and the interactive parameters. The admission
control management is responsible for checking whether the a priori input parameters are feasible
or not, i.e., it checks if the scheduling algorithm can fulfill all the time constraints in the worst
scenarios. Let us summarize the input parameters of the TRM considered in this section.

* The conference total time is Tyotqs-

* The total number of participants is /V.

* Participants may not speak simultaneously.

* The participants have a priori QoS constraints summarized in the vectors:
¢={d1,02,---,¢n}, P={P1,Py,...,Pn}, L={L1,Ls,...,Ln}.

* The participants have the following interactive requests: They can ask for a speaking permission.
They can stop speaking before the termination of their allocated period.

In order to solve this TRM problem we map it to another known scheduling problem with a few
changes. Our reference scheduling problem is the one that addresses link scheduling for contending
packets, (see [9, 10, 11]). Here we focus on particular solution termed the Weighted Fair Queuing
(WFQ) [11]. The WFQ policy is a modification of the Generalized Processor Sharing (GPS), and is
also termed PGPS (Packet Generalized Processor Sharing) [10].

In the following, we briefly review the results of [10]. The GPS server serves packets from N
different sessions. Each packet has an arbitrary length with a maximum of P,,,,. The server operates
at a fixed rate r = 1. GPS is a work-conserving server, i.e., it must serve if there are packets waiting
for service. Each session ¢ is characterized by a positive number ¢; such that Ej ¢; < 1. A session
is backlogged if there are packets waiting to be processed. Let S;(r,t) be the amount of session
i traffic served in an interval (7,t), and let B(t) be the group of sessions being served under GPS
at time t. The GPS provides for any backlogged session i in time interval of (r,t) a fraction ¢;

; Si(r.t 5 < - . ..
such that %}‘_— < 3,—21—3- j=12,...,N. At any given time ¢, session i is guaranteed a rate of



