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Abstract

A flexible bandwidth call service is proposed in this thesis. Its call control protocol is designed and
specified. The new protocol is based on a new admission control and bandwidth allocation scheme,
namely the flezible access control technique proposed in this thesis. Impact of the new service,
protocol and admission control and bandwidth allocation scheme on network performance is studied
through theoretical analysis and simulation. Practical implementation issues are also discussed.

This thesis proposes a flexible bandwidth call service concept and its call control protocol.
Bandwidth demands are flexible and bandwidth allocations can be changed dynamically for calls in-
progress. A new access control scheme is designed in the thesis. The new scheme allows bandwidth
to be relinquished from and re-allocated to in-progress calls. Bandwidth allocated to each call can
be reduced through relinquishment when the traffic load is high, and increased through re-allocation
when the traffic load is low. This thesis presents an extension of the conventional knapsack problem
to the flexible knapsack one and its solution algorithms. The flexible knapsack problem is used
to model the flexible access control in order to maximize instantaneous rewards. In addition to
performance analysis of the new protocol and access control scheme, the existence of a threshold
structure for optimal dynamic access control policies is proved in the thesis. Protocol validation and
simulation studies are also reported. Discussions on practical applications of the results is presented
in this thesis.

This study is of immediate benefit to both network designers and service providers.
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Chapter 1

Introduction

1.1 Overview

The users of communication networks expect the network to meet certain minimal performance re-
quirements. Performance studies have concentrated on how to provide adequate capacity to achieve
or exceed users’ performance requirements. Network operators ! are always willing to provide ser-
vice required by users for a fee. Realistically, users’ affordability is limited. Thus, communication
demand is actually constrained between the minimal performance requirement and maximal afford-
ability. Excessive capacity provisioning could be as harmful to network operators as inadequate
capacity provisioning. Because both over-provisioning and under-provisioning have ultimately the

same consequence, that is financial insolvency of the network operators in a competitive market,

Bandwidth demand for many communication applications s in fact a natural range limited by
the minimal performance requirements at one end, and the affordability or user premise equipment
capacity at the other. Based on this observation, this thesis proposes a new service class for broad-
band integrated services digital network (B-ISDN) based on its traffic negotiation and re-negotiation
capability. This new service allows users (calls) to specify a range for their acceptable bandwidth
demand. Any bandwidth within this range can be assigned at the call setup stage, and changed
dynamically for the duration of the cali. This service is referred to as flexible bandwidth service,
For this new service a new admission control and bandwidth allocation scheme is also proposed to
achieve low blocking under high network load, and high utilization under light network load. This
scheme is based on the (re-)negotiation capability of B-ISDN. It has been recognized within the
International Telegraph and Telephone Consultative Committee (CCITT) that “the traffic negotia-
tion capability at connection establishment and re-negotiation capability of an aiready established

connection are typical requirements in B-ISDN signaling” [37]. However, the associated signaling

! The notion “network operator” is used here to refer to the communication network management and service
provider,
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protocol has not been designed yet, nor has the performance impact of {re-)negotiation been studied.
The objective here is to address these two open problems by formalizing a bandwidth negotiation
and re-negotiation and analyzing the associated performance impact. Performance of the new ser-
vice scheme is analyzed and compared to the conventional service schemes. Simulation is used to

complement the analytical study. This thesis also conducts protocol implementation design of the

new scheme and discusses the performance study results in a practical scenario.

1.2 Thesis Scope and Objectives

Admission control and bandwidth allocation are dealt with at the call level for broadband commu-
nication networks. “Broadband communication networks” are considered to be based on fast-packet
switches and outband signaling techniques and to provide integrated connection-oriented digital ser-
vices, such as B-ISDN with the asynchronous transfer mode (ATM) technique. Admission control
is defined by CCITT as “the procedure within the control part of network nodes used to decide
whether or not a request for a {virtual) connection can be accepted based on the requested usage
parameters and already established connections” [8]. Bandwidth allocation decides how much band-
width should be allocated to each accepted connection. Admission control and bandwidth allocation
are also collectively referred to as access control, because they together determine if and how con-
nections access the network bandwidth service. For terminology clarification, the two terms, “access

control” and “admission control and bandwidth allocation” are used interchangeably.
The main objectives of the thesis are the following:
1. To design a flexible call service which takes advantage of the fact that communication demand
is a range rather than a fixed value,
2. To define a call control protocol that provides the flexible bandwidth service,

3. To propose a new access control policy which is to balance both the network operators’ and

subscribers’ interests,

4. To study the performance impact of the flexible bandwidth service using both theoretical

analysis and simulation, and

5. To investigate corresponding implementation and practical application issues.

1.3 Organization

This thesis is divided into ten chapters. Chapter 2 presents related work in the area of admission

control and bandwidth allocation for broadband networks. The new flexible bandwidth service and
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the call control protocol are motivated and defined in Chapter 3. That chapter also contains the
service definition and protocol definition documents. This is followed by a chapter describing the
new admission control and bandwidth allocation tczhnique designed for the new flexible bandwidth

service.

When future call arrivals and departures are unknown or not considered, the access control is
a static one dealing with instantaneous traffic. This problem is studied in Chapter 5, where both

exact and heuristic algorithms for the flexible knapsack probiem are obtained.

The dynamic bandwidth allocation problem with stochastic call arrivals and departures is
studied in Chapter 6, and the optimal dynamic admission control problem is solved in Chapter 7.

Following the theoretical analyses in Chapters 5, 6 and 7, a generic network simulator for
investigating network performance under more general or more realistic conditions is presented in
Chapter 8. Then, in Chapter 9, the results are interpreted through some practical network design
and operation situations. Finally, Chapter 10 concludes with a summary of results and their novelty,

and a discussion of open problems for Tuture studies.



Chapter 2

Related Work and Motivations

In this chapter, the architecture and protocol of the broadband network under consideration are
first summarized. Next, general congestion control issues are discussed. This is then followed by an
overview of related work on admission control and bandwidth allocation. This chapter is concluded
by a discussion of interesting open problems to provide motivations for the study presented in the
thesis.

2.1 Future Broadband Communication Networks

Broadband is defined as “a service or system requiring transmission channels capable of supporting
rates greater than the primary rate” at 1.5 Mb/s [8]. The future broadband communication network
considered in this thesis is the broadband integrated services digital network (B-ISDN) . This section
addresses the following two questions: Why is B-ISDN relevant to computer communication and
what are the characteristics of B-ISDN?

2.1.1 Relevance of B-ISDN to Computer Communications

The future communication and telecommaunication networks will evolve eventually into a single
network providing a unified broadband access and switching methods for voice, data, video and
other digital streams; that network is B-ISDN.

It has been commonly agreed upon that computers will be communicating within metropolitan
areas or farther using B-ISDN as a “digital highway.” Computer communications will be a major
service provided by B-ISDN. For instance, it is expected that inter-LAN traffic will account for up to
half of all switched high speed data traffic by 1995 {67]. Bellcore recognized “LAN interconnection
is a primary driver for B-ISDN development” [70]. Northern Telecom also concluded that the



CH. 2. RELATED WORK AND MOTIVATIONS 5

intetconnection of LAN’s and MAN's using the synchronous optical network is “the most promising
early opportunity for broadband services” [67). All these indicate the magnitude of reliance of
computer communications on B-ISDN.

With the advent of information and communication services, the scope of computer commauni-
cations will also widen to cover areas which were traditionally considered as “non-computer” areas.
Many non-computer applications serviced by B-ISDN will be indistinguishable from “pure” com-
puter communications. For example, as far as communication is concerned, there is little difference
between a remote file server and the future individualized newspapers and manipulatable movies
(45], or between multi-database access and video browsing [6]. All these applications can be con-
sidered as computer communications, and then are subject to the same traffic control and network

management policies.

2.1.2 B-ISDN Architecture and Protocol

B-ISDN is based on fiber optic transmission. The international standard for interfaces based on
fiber transmission is the synchronous digital hierarchy [1],[3]. It is alsc known as the Synchronous
Optical Network (SONET) in North America [70],[4]. This thesis uses the terminology SONET.
The transport and switching technique for B-ISDN is defined by CCITT to be the Asynchronous
Transfer Mode (ATM) [9].

This subsection provides a brief overview of the B-ISDN architecture and protocol. It shows
that B-ISDN has a layered structure at the virtual channel, the virtual path and the transmission
levels. This leads to the layered access control model presented in the next section. The similarity
between different network levels is also discussed, which leads to the application of the same access
control technique at each level. Furthermore, it shows that B-ISDN supports flexible bandwidth
provisioning at the lower layer level, and there is a large amount of signaling capacity to support

new network control activities.

ATM Concepl

The most important features of ATM are the fixed length cell and the cell header label. Information
is transferred as a 53-octet unit called “cell.” The cell header label of five octets contains a virtual
channel identifier (VCI) and a virtual path identifier (VPI). Virtual path (VP) is a collection of
virtual channels (VCs) with the same VPI as a switching and transport entity. Figure 2.1 shows the
VP and VC bundling in a physical channel.

The VCI in an ATM cell is used to distinguish VC links inside 2 VP. VC links and VP links
are, respectively, established or terminated by the assignment or removal of VCI and VPI values.



CH. 2. RELATED WORK AND MOTIVATIONS 6

Figure 2.1: Virtual Path and Virtual Channel Structure

VC links and VP links are catenated to form a VC connection (VCC) and a VP connection (VPC),
respectively. Figure 2.2 shows the connection mode} for B-ISDN.

- Virtual Channel Connection

) ——-—-—-—-——_.__._-,

uNp JEYERe— L NNI NNI UNI
o —0 —a 4

o Virtyal Path Connection ..

- Transmission Path . —
.'.- A .-.
o T —/ 4

@ runEndroin O Path Connection Point

UNI: User-Network Interface  NNI: Network Node Inierface
YC: Virtuai Channel VP: Virtual Path

Figure 2.2: B-ISDN Transport Connection Model

B-ISDN Architeciure

The B-ISDN architecture itself can also be viewed according to these three levels: transmission
level network, VP level network, and VC level network [37]. Figure 2.3 illustrates the architecture
of B-ISDN in this layered view. Each level manages transport entities of {ocal interest only. For
instance, the VP level network is concerned with VP management only. The traffic of individual
VCs inside a VP is not regulated by the network, only the aggregate traffic of all VCs within a VP
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is managed by the network [71].

User User

C Handler VC Handler i

VC-Level Network

VP Handler VP Handler

g —

VP-Level Network

ine Termgnation Line Tegmination
Trasmisgsion Medium—Leval Network

Figure 2.3: B-ISDN Architecture

B-ISDN Protocal

Figure 2.4 shows the low layers of the protocol stack for ATM-based B-ISDN. Admission control
and bandwidth allocation usually are considered as the functionality of network and/or transport

layers of the ISO reference model for open system interconnectivity (OSI) [37].

SONET Querview

While the format for a sonnet is 14 lines of variable length, the basic format for SONET is, however,
9 lines (rows) of fixed length at 90 octets per line. It is called the Synchronous Transport Signal -
Level 1 (STS-1), and is the first level of the interface family and the basic building block for SONET
frames. High rate SONET signals are obtained by byte-interleaving N frame-aligned STS-1’s to
form an STS-N. N STS-1’s can also be concatanated to form an STS-Nec. Each level-N frame is
transmitted every 125 us, supporting the 1 byte/125 us = 64 kb/s channel at each byte position.
An STS-1 thus has an aggregate capacity of 51.84 Mb/s.

The term “overhead” is used for the provision of network management information, while
“payload” indicates SONET users’ digital information.

The optical carrier level 1 (OC-1) is obtained from STS-1 after scrambling (to avoid long strings



CH. 2. RELATED WORK AND MOTIVATIONS 8

/ Management Plane
Control
Plan User Plane "
&
v
o CBR VBR
Signaling &g £g 0
i X.25, VBR Video @v}
Upper Layer 2
ATM Adaptation Layer SMDS

Figure 2.4: Broadband Protocol Model

of ones and zeros and allowing clock recovery at the receiver) and electrical-to-optical conversion.
The OC-1 is the lowest level optical signal to be used at SONET equipment and network interfaces

(4.

SONET Flezible Bandwidth Provisioning

Flexible bandwidth provisioning is supported by SONET at different levels,

A pointer action byte exists in the line overhead of STS-1 for adjusting payload for extra
bandwidth or unneeded bandwidth. But it is supposed to be used at most once in every four frames.
More substantial bandwidth fluctuations can be handled by payload mapping at the STS level or
sub-STS level.

At the STS level, different payload configuration options are possible. For instance, a 622.08
Mb/s OC-12 can either carry one STS-3¢ with nine STS-1 as an STS-12 or four STS-3¢ as an STS-

12c. Bandwidth provisioning can be changed dynamically from the first configuration to the secand
one.

At the sub-rate virtual tributary(VT) level, one STS-1 can be comprised of either 7 VT6 at
6.912 Mb/s (DS2) each, or 4 VT1.5 at 1.728 Mb/s (DS1) with 3 VT2 at 2.304Mb/s plus 2 VT3
at 3.456 Mb/s (DSlc) and 1 VT6 at 6.912 Mb/s (DS2). Figure 2.5 depicts three consecutive STS

frames with three different VT mappings. It can be imagined, for instance, that the VTs in the
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middie of each of the first two STS frames give up bandwidth for the new VT in the next frame so
that the VT number increases as the VTs reduce their bandwidth.

SONET Channel
Transport Overbead Transport Overhead Tmmnmuhud
Pah Ovathead Path Overhead Path Overhead
Ll | woa | L yzes Yo Lwor | | wies 2o Y08,
virnsal tributary
VT Cuechesd .. VT Overhead VT Overhead
virtual tributary virtual tributary

Figure 2.5: SONET Frame With Flexible VT Mapping

Furthermore, individual channels can also be added or dropped dynamically with SONET,
which is known as flexible channel provisioning of SONET.

SONET Signaling Capability

Each STS-1 has three types of overhead: path overhead, section overhead and line overhead. The
division of overhead types reflects the segregation of processing functions in network elements (equip-

ment} and prompts understanding of the overhead functions.

The section layer contains those overhead channels that are processed by all SONET equipment
including re-generators. Apart from management for network maintenance and operator applica-
tions, there is a section data communication channel designated for message signaling for network
management. It has the capacity of 192 Kb/s,

The line overhead is processed at all SONET equipment except re-generators. The management
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capacity for the line layer is nine bytes per frame, or 576 Kb/s for STS-1.

The path overhead is processed at the SONET STS-1 payload terminating equipment: that is,
the path overhead is part of the SONET STS-1 payload and travels with it. $TS-1 path overhead
bytes of interest to bandwidth allocation are the signal label to identify the payload type, the path

status to carry maintenance signals, the user channel and three bytes for future growth.

Signaling capability is also provided at the sub-rate VT level by byte V5 of the VT path
overhead.

In summary, SONET is capable of supporting flexible bandwidth allocation at all levels includ-
ing the STS and the sub-rate VT levels. It also provides adequate signaling transport capacity for
future network management tasks. The type of signaling protocols that are defined to use all these

signaling capacities is the issue of the next subsection.

2.1.3 B-ISDN Signaling

B-ISDN signaling protocols are still in the development phase at CCITT {37). Presently, as the first
step, CCITT is considering the B-ISDN signaling protocol at the user access point based on the
current ISDN protocel .931 [7], and the signaling protocol between network nodes based on the
ISDN User Part of the current Common Channel Signaling System No. 7.

In addition to current ISDN standards, B-ISDN signaling will also be able to control ATM
virtual channels and virtual paths, including establishment, release and reconfiguration of VCs and

VPs on demand, and on a scmipermanent or permanent basis.

It has been recognized within CCITT that “the traffic negotiation capability at connection
establishment and re-negotiation capability of an already established connection are typical require-
ments in B-ISDN signaling” [37]. The signaling protocol for negotiation and re-negotiation has not
been designed yet, nor has the performance impact of (re-)negotiation been studied. 1t is the main
objective of this thesis to address these two open problems.

The remaining part of this chapter provides an overview to the access control in B-ISDN, and

then discusses in more detail the motivations for the new study.

2.2 Access Control in Broadband Networks

Access control is part of the congestion control function in broadband networks. The other part is
traffic enforcement which ensures that in-progress calls do not use more than allocated bandwidth
(10]. This section starts with a brief discussion on the need for congestion control in B-ISDN, and

goes on to what a good policy should be, before a summary of related work is presented.
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2.2.1 Congestion in Broadband Networks

For any time interval, if the total sum of demands on a resource is more than its available capacity,
the resource is said to be congested during that intervai. In a communication network, congestion
occurs when the aggregate instantaneous traffic demands of all in-progress calls exceed the capacity

of the resource.

The resource in a communication network may be link bandwidth, buffer space or processing
(switching) capacity. When faster links, larger buffers and faster processors are employed, one may
naturally expect congestion to disappear, or at least to become insignificant. It is, for example,
stated by Tanenbaum [66] that

“the problem [of congestion] boils down to not enough IMP [interface message proces-
sor] buffers. Given an infinite supply of buffers, the IMP can always smooth over any
temporary bottlenecks by just hanging onto all packets for as long as necessary.”

But this is not always the case. Congestion is still an important challenge in B-ISDN as explained
in the next subsection[35].

2.2.2 Why Congestion Problem Is Still Important

Congestion control is still important in broadband networks, even though the technical progress
provides large buffers, fast communication links and fast processors affordable. The reasons can be

given as follows.

1. The congestion problem cannot be solved with a large, or even infinite, buffer space as shown in
previous studies[53], because the quene and delays can get so long that by the time the packets
come out of the switch, most of them have already timed out and have been retransmitted by
higher layers. In fact, too much buffer space is more harmful than too little buffer space, since

the packets have to be dropped after they have consumed precious network resources.

2. The congestion problem cannot be solved with high-speed links either. The high-speed links
cannot exist in isolation, and the low-speed links do not disappear as the high-speed links are
added to a network. B-ISDN has to inter-network with existing low speed networks. Packet
arrival rates may become much higher than departure rates at some nodes. Hence, congestion

is incurred by the accumulating packets [33).

3. Introduction of high-speed processors or switches cannot solve the congestion problem either,

owing to the increase of the chances of congestion and possible speed mismatch [35].
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Moreover, congestion control is still needed in high-speed networks during those instances
of resource overloads due to unforeseen traffic focusing and peaking, as well as during network

component failures. High transmission rates allow little time for the network to react to such
overloads before severe congestion occurs.

Congestion control is considered as one of the fundamental challenges facing broadband net-
works. It is believed that congestion is a dynamic problem, and cannot be solved with static solutions
alone [34]. The solution requires effective combinations of different types of policies such as rate
control, preventive admission and reactive bandwidth allocation.

2.2.3 Congestion Control Objectives

The objectives of congestion control are to establish fair blocking and to ensure that the resources

available to each admitted connection are sufficient to meet performance objectives for transfer delay
and reliability.

If a traffic stream is of a constant rate for the duration of the call, it is referred to as constant
bit rate (CBR) traffic. A CBR call can be accepted if the bandwidth available on each link along
its route exceeds its bandwidth demand. Considering the stochastic arrival and departure of calls,
sophisticated controls can be applied to optimize the network performance over long runs. Although
there is enough bandwidth available, a call may still be blocked under optimal blocking policies to
preserve bandwidth for the possible arrivai of some other calls that are more beneficiary than the
former call [60]. Some previous studies [58] [41] have mentioned that CBR traffic with negotiable
bandwidth usage (transmission rate) can be supported. They, however, all lack a negotiation protocol
and the performance analysis on negotiation.

Some traflic streams in broadband integrated networks are bursty in nature. This traffic is
referred to as variable bit rate (VBR) traffic. VBR traffic streams can be of either the on-and-off
type or the continuous type. For on-and-off type of bursiy traffic, each burst can be viewed as a
“mini-call” of CBR, thus the same access control policy at the call level applies. For continuous type
VBR traffic, admission control is based on peak rate, peak duration and other estimates of traffic

characteristics. Rate control then must be used to ensure that the transmission rate agreed upon at
admission time is indeed observed by the users.

Now, in summary, a good congestion control scheme should have the following attributes.

o Efficiency. The scheme must have low overhead. In particular it should not increase data
traffic during congestion. There is a fine difference between applying it to computer networks
and telecommunication networks. Traditionally, it has been considered impractical to increase

control (signaling) messages when the load is high in a computer network, as network control
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information and data traffic share the same link, and thus contend for the bandwidth. Inte-
grated digital networks, however, use separate channels for signaling and data. Congestion in
the data network does not imply congestion in the signaling network. Thus, it is feasible to

increase the signaling load when the data network is congested or approaching congestion.

o Fairness. All calls of the same class should be treated equally, arbitrary call blocking or
degradation should be avoided. At the connection level, it is necessary that the usage of high-
bandwidth services not consu:ne available resources to such an extent that lower bandwidth
services experience an uncontrolled increase in blocking probability. This is the concept of fair

blocking,

e Responsiveness, The scheme must be responsive and match the demand dynamieally to the

available capacity.
¢ Robustness. The scheme must work in bad environments such as unexpected traffic surge.

e Global Optimization. The scheme must be socially optimal. That is, the scheme must allow

the total network performance to be maximized.

¢ Effectiveness. The scheme must be able to control congestion.

2.2.4 Classification of Congestion Control in B-ISDN

Congestion control schemes can be classified based on either resource management or the responsive
nature of the policy. Different types of congestion control policies can then be applied to various
levels of the network.

Resource Management Classification

Congestion control schemes can be classified into two types based on resource management: resource

creation schemes and demand reduction schemes.

Resource creation schemes increase the capacity of the resources by dynamically reconfiguring
resources. The network is solely responsible for solving the congestion problem, and users do not
need to be informed. For example, this thesis shall consider resource creation at the VP level, VP
capacity can be increased whenever necessary and possible, so that the calls can be accepted at
the VC level transparently. The previous section has shown that flexible reconfiguration of payload
capacity can be supported by SONET, say, at VTsr STS levels.

Demand reduction schemes include service denial, service degradation, and scheduling schemes.
This thesis is also motivated by the fact that communication users may consider service degradation
mere preferable than service denial.
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Preventive and Reaclive Conirol

Another classification of congestion control schemes could be based on whether a scheme is reactive or
preventive. Reactive control is to relieve congestion once it has occurred in some part of the network.
Preventive control, on the other hand, prevents the occurrence of congestion. A good policy should
be a combination of both preventive control and reactive control. The policy should prevent long
term congestion, and react to short term congestion. Congestion prevention is normally achieved by

resource allocation (reservation), while reactive control is often based on restricting resource usage
during congestion.

Window control is an example of reactive control schemes. A typical example of preventive
control is access control which decides whether or not the new request can be accepted. The simplest
access control strategy is peak rate allocation. This allocates the required maximum bandwidth
to every request regardless of other characteristics of traffic, or rejects the request if the sum of
all allocated bandwidth values exceeds a certain threshold. The threshold level is defined by the
bandwidth available in the network and by the quality of service requirements of the new request.
The objectives of access control are to establish fair blocking and to ensure that the resources

available to each admitted connection are sufficient to meet performance objectives.

Layered Control

As shown in Figure 2.3, B-ISDN has a layered architecture. Congestion may occur at any of the
network layers. Hence, another classification of congestion control policies can be based on the
network layers. Although there is no standard divestiture of congestion control levels, most models

are very similar. The layered model considered in this thesis contains most existing models.

Table 2.1: Layered Model for Admission Control

l|_Level | Cooper’s [14] | Gallassi’s [20] | Hui’s [31] | Hong's [29] ]|
VP - network - -
vC connection call call/3 call
Burst packet - burst,/2 -
Cell ATM cell packet/1 ceil

Four levels are present in this model: virtual path, virtual channel, burst and cell levels. Table
2.1 tabulates the correspondence of this model to some existing models. The VP and VC level
controls are to avoid long term congestion and maintain the traffic load at a manageable level,
whereas the burst and cell levels are to avoid and resolve short term congestion. The higher level
controls are exercised less frequently than the lower levels, and hence, they are more preventive and

less responsive. The burst-level admission control and bandwidth allocation is necessary especially
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for image retrieval or very-high-speed data services.

The responsibilities of each leve] are the following:

VP Level: to allocate dynamically VP capacities to achieve low neiwork blocking and high
bandwidth utilization

VC Level: to control VC access and administrate VC bandwidth allocation for optimal call
blocking in the VP.

¢ Burst Level: to decide acceptance or denial of bursts without incurring unacceptable burst
blocking
¢ Cell Level: to ensure cell loss, delay and delay variation within the requirements, to monitor

a connection’s resource usage for compliance with appropriate limits and to act on violations
of those limits.

Usually it is insufficient to have congestion control at one level only, or of one type only. An
effective scheme should be a combination of preventive and reactive types. For instance, preventive
control at the VC level could be used at call setup time to ensure sufficient resource availablity to
meet the requirement of all calls. For the duration of the calls, at the cell level, a traffic enforcement
policy is exercised at the network access point, and a buffer management policy is used at the
switching node inside the network to prevent congestion and to ease congestion. The burst level
control is used to set the parameter for cell level traffic enforcement such as the token pool size if
the cell level uses the leaky bucket policy [69]. This thesis is interested in admission control and
bandwidth allocation, which is applicable to the first three levels only, namely VP, VC and burst
levels. Tt is assumed that some kind of traffic enforcement policies, such as leaky bucket and its
variants [69] [13] [64] {2], is used at the cell level to ensure that bandwidth allocation is observed at
the cell level as well as to carry out the other cell management functionalities.

The remainder of this chapter provides a brief overview of existing admission control and

bandwidth allocation policies.

2.3 Access Control Policies

Access control contains two inseparable parts: controlling call admissions to the network and manag-
ing bandwidth allocation among calls that have been granted network access, i.e., admission control
and bandwidth allocation.

Admission control is exercised at each link of the route for 2 connection. It decides whether the

connection request can be accepted or not on the link. Acceptance will be granted and bandwidth
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allocated at the link only if the quality of service estimate is still within an acceptable level after
the requested bandwidth is allocated to the new call. A cali is allowed to access the network and

use the allocated bandwidth if it is accepted by each link on the connection route [59].

Access control excludes the cell/packet level control which is traffic policing or enforcement. For
example, leaky bucket [69] and its variants [13] [2] ensure that a call does not exceed its transmission
rate limit through using a token pool, whereas access control is responsible for determining the token

pool size at the call setup time and, possibly, during the transmission time.

Access controls can be either reactive or preventive. They are discussed in the next two

subsections, respectively.

2.3.1 Reactive Admission Control

Reactive admission control can revoke access privileges from in-progress calls. This implies that some
calls can be either preempted or suspended when deemed necessary by the network. A preempted
call releases channel association with the call, whereas the channel association for a suspended call

is kept for later resumption of the communication activities.

This thesis considers call suspension only, as opposed to preemption. The rationale is that the
network resources already consurmed by a call before preemption would be wasted. In addition, call
suspension/resumption procedures are simpler and faster than call preemption/re-setup procedures,
because no additional routing and channel association are required. Hence, call suspension is a
more promising practical approach than call preemption. To accommodate a high priority or delay
sensitive call, the network could just suspend some lower priority or delay insensitive calls and
resume them later when bandwidth contention eases. Call suspension amounts to zero bandwidth
allocation decisions in a reactive bandwidth allocation scheme. That also simplifies the analytical
study later.

2.3.2 Optimal Preventive Admission Control Policy Structure

Preventive admission control attempts to maximize the rewards by optimally rejecting requests even
when there are sufficient resources available to accommondate those requests. With the knowledge of

stochastic arrival and departure processes, it can “reserve” dynamically resources for future arrivals,

Without the knowledge of the structure, the search for the optimal policy is a time-consuming
process, thus limiting its usefulness in broadband networks. The knowledge of the optimal policy
structure can greatly reduce the number of candidates. Thus, the search for the optimal policy
structure has been an interesting, but difficult, problem in admission control studies.

This optimal admission control problem is not unique to communications, it can be general
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resources. Hence, the studies in other areas are applicable to communications, and vice versa. In
1981, Foschini, Gopinath and Hayes first discovered the existence of a certain threshold structure
for optimal admission control among two types of customers [19]. Two years later, Foschini and
Gopinath further studied this problem for shared memory allocation between multiprocessors [18).
The proof was still limited to two classes. Ross and Tsang, in 1989, further expanded the results

from Poisson arrivals to arbitrary arrivals with non-increasing mean interarrival time [60].

All the existing studies consider that customers have fixed resource demands. A new situation
will be considered in this thesis. The customer’s resource demand will be flexible. Moreover, the
usage or allocation of the resource (bandwidth) by a customer can be changed dynamically during

the service time. The existence of a certain structure for an optimal policy will then be investigated
in this thesis.

2.3.3 Reactive Bandwidth Allocation

Reactive bandwidth allocation schemes adjust bandwidth allocations in response to the network
load for the duration of the calls. The scheme relies on a congestion detection mechanism to detect
congestion and to initiate the congestion relief mechanism. The traffic fed into the network is reduced
(demand reduction) at first, and then increased later. The congestion detection mechanism and

congestion relief mechanism are the most important components of reactive bandwidth allocation.

Window Conirel

Window based policies have been used in computer networks, where each source uses a window to
regulate its bandwidth usage or packet transmission rate. The window is the maximal number of
packets that the source can feed into network during a certain time interval. Detection of congestion
can be accomplished with either a control packet sent directly from the congested node, or an

acknowledgment of packet loss from the destination node.

-

The control packet sent directly from a congested node is called 2 choking or back-pressure
packet. Back-pressure schemes are used in the Signaling System No. 7 [43].

Timeout schemes detect congestion if there is no acknowledgment of receipt within a certain
predefined time period. Timeout controls have been used in ISDN to keep track of the number of
packets pending in the network for each VC (or aggregation of VCs) {62]. Frame relaying is a packet
mode bearer service in narrowband ISDN for data communication [42]. Several window based on
flow control schemes were evaluated by simulation [12]. The performance measure used was the

"effective layer-3 throughput” or the “goodput” as seen by the users.

However, it seerns that the majority consider window control is unsuitable for high speed
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networks (e.g., [2]), because the buffer could overflow by high speed traffic before the source is

notified of the congestion.

2.3.4 Preventive Policies

A review of various preventive access control policies is provided in this subsection.

Scouls Scheme

The scouts scheme is the simplest and the least expensive preventive scheme, because it does not
require any information about the network or other traffic sources such as arrival and departure
processes, network capacity, or current occupancy [44]. With the scouts scheme, 2 set of data
packets is sent as “scouts” with traffic characteristics similar to real-traffic at the call setup time.
The call is admitted, if the scouts succeed. The main problem is that a false decision could be made

because of temporary congestion or idleness in the network.

Numerical Results Guiding Policy

The approach proposed in [20] is to cluster the sources at the cell level into homogeneous groups
(classes) characterized by the same traffic descriptors, and then to solve the problem in two steps.
First, only homogeneous environments are considered. The relationship between mean offered band-
width for a specific class and the assigned bandwidth to all classes, is obtained as a curve by
simulation, while the cell loss of this class is constrained. Then, the second step is to extend these
results to a heterogeneous environment. Assuming the number of in-progress calls is known, one
method is to accept a call only if the sum of bandwidths needed to carry the in-progress calls and
the new call does not exceed the total link capacity, according to the curve obtained in the first
step. This method could be very restrictive when the number of classes is large and the number of
calls for each class is small. In this‘case, another method offers a better solution: the new call is
accepted if the resulting total mean traffic could be accepted even if it were offered by the “most
demanding” class, i.e., the class with the highest bandwidth requirements. Simulation results are

reported in [16].

Random Complele Sharing

Maly et al. proposes a distributed algorithm allocating bandwidth dynamically to clusters of nodes
[48]. Each node has one channel reserved for it. The remaining channels are kept in a bandwidth

pool and allocated on demand in a CSMA/CD manner. It is based on broadband technology and
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allows for dynamic allocation of bandwidth in a fair manner.

For homogeneous traffic, the complete sharing policy yields the best throughput {65]. For
different classes with heterogeneous traffic, however, complete sharing cannot provide distinctive
qualities of service such as different delay and bandwidth requirements to different calls. Another

problem is the instability effect on system throughput and user blocking probability as the offered
load increzses {40].

Bandwidth Partitioning

Accepting a few calls which require high bandwidth has the effect of blocking several smaller calls
so that the call blocking probability becomes unfairly high for the smaller calls, To deal with this
problem, bandwidth usually is partitioned among different service classes. A connection for a given
service class is admitted if and only if there ix suificient bandwidth in the bandwidth pool/segment
corresponding to that particular class {14} [26]. The calls of one partition cannot use the bandwidth
in the other partitions. The bandwidth partitioning can be implemented as a virtual path.

The next natural step of the complete partitioning concept is movable boundaries as evident
in Gerla’s and Pazos-Rangel’s study on narrowband ISDN([22]. In the context of B-ISDN, it means
that the VP sizes can be adjusted dynamically according to the traffic load in each VP [54].

Threshold

Again following the same path in the history of narrowband ISDN, circuit-switched networks or
general resource allocation [18] [60] [18}, the threshold scheme is the candidate to improving the
bandwidth partitioning scheme. The application of threshold control was first considered by Gersht
and Lee in 1988 for virtual-circuit control in B-ISDN. They studied a simple threshold-based policy,
where the threshold parameters were determined so as to minimize a weighted sum of call blocking
probabilities while providing required GOS in terms of blocking performance to each class of calls
(23]. Their approach was based on integer programming. A simple approximate solution was given,
and its results were validated by simulation.

In 1890, Ilyas and Mouftah suggested that a call should be accepted if its bandwidth require-
ment does not exceed some percentage of the total available bandwidth [32]. The simulation results

show that the arrival rate of high bandwidth calls does not affect the blocking probability of the
lower bandwidth calls.
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Multilevel Control

Hui proposed a multilevel resource allocation scheme in [31). There are three network levels: packet,
burst and call levels. At the lowest level, a high throughput packet switch is assumed for statistical
allocation of the output time slots to packets {cells). Controls are exercised at the burst and call
levels, The call level control emuiates circuit switching for fixed and high bit rate services and denies
calls when facility overload may cause excessive burst blocking. The burst level control emulates

fast circuit switching for the individual trunks for avoiding excessive packet blocking within a trunk.

A pilot packet is used to initiate a request for the burst or the call. The pilot packet may
contain the stepwise increase of bandwidth at the level of concern. A negative increase indicates
the completion of the burst/call, thus releasing that bandwidth. The pilot packet may also contain

other parameters of interest, such as an estimate of the holding time for the bandwidth increase.

At the initiation of a call, if the burst blocking probability is acceptable after this call is
accepted, then the requested amount of bandwidth is allocated to the call and the chosen routing is
recorded. At the arrival of a burst during that call, part of the allocated bandwidth is utilized, the
cell blocking probability is calculated, and the burst is admitted only if the cell blocking probability
is below the acceptable limit.

The network role in bandwidth allocation is to process passively the request of bandwidth
change, because the bandwidth change request {pilot packet) is initiated by the traffic source only.
The bandwidth requirement is considered to be a fixed value at any time period. In other words,

the bandwidth requirement is not negotiable.

The feasibility of a switch for multilevel control has been studied, for example, by Pattavina

[56], in which he also proposed a new policy as outlined below.

Multichannel Allocation

Pattavina’s multichannel bandwidth allocation scheme [56] allocates some bandwidth for each call
at setup time, and also keeps some reserve channels dynamically allocated to in-progress calls on-
demand within the same VP, or channel group (Pattavina’s terminology). It is very similar to Hui’s
multi-level control scheme [31] with the control at setup time in the former being equivalent to call
level control in the latter, reserve channel allocation during transmission time to burst level control,
and slot allocation of reserve channels during transmission titne to packet level control. Only the
implementation feasibility at the switching fabric was studied, not the network management and
signaling protocol issues.

The scheme considered in [72] is very similar to Pattavina’s policy, but is at the VP level instead
of the VC level. Each VP is allocated some small amount of bandwidth. The remaining bandwidth
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is dynamically allocated and released to VPs on-demand. The analysis shows that the blocking rate

and throughput can be improved by as much as 20%, compared to the general allocation for two
VPs on a single link.

Admission Conirol for Compressible Data

The admission control scheme proposed in [41] is based on the assumption that data from all sources
can be compressed when necessary. Complete partitioning of bandwidth is assumed. If the original
high bandwidth partition is used up, the scheme allows a call with high bandwidth demand to be
compressed to a low bandwidth call and then accepted. Poisson arrival process and exponential
holding timnes are assumed for the analytical model. A compressed call is assumed to have the same
exponential holding time distribution as the new class. The analysis showed call blocking can be
reduced for high bandwidth calls, and increased for low bandwidth calls.

Distributed Source Control

Bursty data with long interarrival times and short burst lengths has been considered as not difficult
for traffic control, because any overload resulting from statistical multiplexing can be successfully

smoothed out with a moderate amount of buffering at each node. The more serious situation is data

streams with long burst lengths.

The essence of distributed source control {DSC) [58] is to break large bursts, generated by
the end-to-end window, Wk, over every round-trip delay, T, into small burst, using a smaller

(smoothing) window, Ws, and shorter periods, Ts, such that the throughput attained on the VC is
X = Wg/Tg = Ws/Ts.

A new call is accepted by DSC if and only if both the throughput (bandwidth) constraint and
the buffer size constraint ate satisfied. The throughput constraint is given by A+ 3" Ai < A, where
Y~ Ai is the sum of the average bandwidths of in-progress calls, and Ay is the link capacity. The
buffer capacity B should be B > Wg + 3~ W§. Performance is measured by simulation.

DSC assumes that new arrivals may accept reduced bandwidth and that their bandwidth
allocation can be increased in duration whenever possible. The setup negotiation is proposed in the
following way. A call is offered a reduced window when its original request is denied at setup stage.
This call has the choice of accepting this reduced window or looking for an alternate path. A cail
using a reduced window is called a throttled call. When excess bandwidth becomes available upon
call departure, throttled calls will receive additional bandwidth.

The problem with this negotiation scheme is that one extra round of signaling is required to
convey the call’s acceptance or rejection of the offered bandwidth. In addition, the bandwidth has to
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be reserved at all nodes along the path while waiting for the call’s response to the negotiation offer.
Although it does allow bandwidth increase of some in-progress calls, DSC does not allow bandwidth
reduction of in-progress calls, i.e., bandwidth relinquishment from in-progress calls. Similazly, the
network can offer a lower bandwidth with DSC, but not a higher bandwidth than the original request
of the call.

Traffic Enforcement

Although this thesis does not consider traffic enforcement at the cell level, reactive schemes for traffic

enforcement can still offer inspirations to access control policies.

Traffic enforcement is essentially traffic control so that the rate will not exceed a limit. The
leaky bucket policy and its variants seem to have gained wide acceptance. The token pool capacity
and its renewal period determines the maximal transmission rate or bandwidth a connection can

use,

The original leaky bucket policy denies cell admission when the tokens are exhausted, i.e., the
agreed upon bandwidth is exceeded. A job queue was suggested to hold the excessive cells [13] [5).
Another improvement was considered by Bala ef al.[2] to mark the excessive cells for later discarding
if and when congestion occurs inside the network. This policy implies a variable bandwidth allocation
in the sense that traffic exceeding the initial bandwidth allocation is allowed, but not guaranteed of

reliable delivery by the network.

Okada et al. [55] first used the dynamic reactive allocation concept in leaky bucket policies. It
renews the token pools dynamically according to the network load, with a conventional limit as the
lower bound. Compared to virtual leaky bucket, extra gain is obtained by not discarding cells even
when the traffic exceeds its limit, as long as such overload does not jeopardize other traffic. Therefore
it can improve the network performance over other policies. However, it relies on a ring structure
to detect the traffic load, and hence cannot be applied to B-ISDN with general architectures. The
idea of reactive allocation is nevertheless refreshing for B-ISDN congestion control.

2.4 Summary and Interesting Problems

There are many challenging access control problems in B-ISDN; three of which are summarized here,

These challenges motivated the new access control scheme presented in the remainder of the thesis.



CH. 2. RELATED WORK AND MOTIVATIONS 23

2.4.1 Reactive Control Versus Preventive Control

Many people considered reactive control to be unsuitable for B-ISDN. For example, Hong and Suda
[29] cited high data loss at high transmission speed during reaction time as the reason. This thesis
considers reactive control to still be viable for B-ISDN for the following reasons:

e The congestion node could discard cells from some selected virtual paths only, as opposed to
all paths, so that the amount of retransmission would be reduced. The selected paths could

be the offensive paths, the lower priority, or randomly chosen ones.

o The effective region of a reactive control should be of reasonable radius from the congestion

node. For instance, it is impractical to expect a node in Vancouver to react to congestion in
Halifax.

Take the same network considered by Hong and Suda [29] as an example. The propagation
delay from Edmonton to Calgary is 1 ms on a 1 Gb/s regional line. Only affected connections will
experience merely 2 ms extra delay due to retransmission, that amounts to 0.2 Mb re-transmission
data if 10% of all connections are affected. Suppose those affected connections are from 66 sources
(each transmitting at 1.5 Mb/s on average), then a buffer of approximately 3 Kb is required for each
source’s re-transmission which is quite nominal today where many handheld calenlators have 64 Kb

storage.

This thesis will attempt to avoid long term congestion through preventive access control, to
rely on traffic enforcement, shaping and buffering for short term congestion, and to use reactive

access control to resolve medium term congestion.

2.4.2 Call Setup Queue

“Very often, we may tolerate a delay in the resource allocation process without being considered
blocked,” Hui stated in [31]. Buffering for an entire packet and burst has been considered feasible
in access control and bandwidth allocation studies. Setup requests for connection oriented calls,
however, are not commonly permitted to be queued; that is, when an arriving call finds no resources

available for immediate acceptance, it is blocked. Weinrib and Gopal allowed limited waiting for
circuit-switched calls in their routing study [73).

This thesis will consider a finite call-request holding queue available for the purpose of admis-
sion contro]. The rationale is the following. As Weinrib and Gopal stated in [73], the more powerful
hardware and faster signaling system significantly reduces call setup time. Shortening the call setup
delay below a few seconds becomes unobservable and irrelevant to the human users. The setup

time saved can then be used for limited waiting to improve the network performance. This study
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also takes the following practical reasons into consideration. It has been demonstrated in daily life
that callers sometimes are willing to be put on hold when the called parties are not immediately
available. The same philosophy can be used for call admission as well. When a network resource
is not immediately available, some callers are willing to wait for service, as opposed to abandoning
the call attempt. Furthermore, for non-human users, the call setup delay and transmission delay
are not always distinguishable. The communicating users are concerned with the total elapsed time
between the instant the call request is issued to the network and the instant the call is finished. The
exact breakdown between call setup time and transmission time is irrelevant. Thus, it is worthwhile
exploring if more time could be saved by waiting for higher bandwidth. To this end, this thesis

considers networks with and without a waiting queue.

2.4.3 Negotiable Bandwidth

The allocation of network resources for traffic using fixed rate coding has been considered as straight
forward [58]. One assumption has been that the transmission rate is constant and there is only one

rate to choose from.

Access control decision in most policies is either acceptance or denial of the call request. No
existing study considers bandwidth negotiation. The call request has been considered to be of a fixed
bandwidth. Moreover, the bandwidth allocation is not changed for the call duration. For example,
if the leaky bucket policy is used, the token pool size is considered to be constant for the duration
of the call [5]. That means the maximal bandwidth usage allowance is remained the same during
the call duration.

There have been two studies allowing some degree of flexibility in bandwidth allocation. The
first one is the hierarchical channel access policy by Kraimeche and Schwartz in 1987 [41]. The
second one is the distributed source control [58] proposed in 1990 by Ramamurthy and Dighe. This
thesis considers a situation where the bandwidth ailocation is more flexible.

In summary, there are many interesting problems remaining to be studied. The next two
chapters of this thesis propose, respectively, a new service and the protocol based on the negotiation
and re-negotiation capability of B-ISDN, followed by performance studies.



Chapter 3

Flexible Bandwidth Service and
Protocol

A new service class and its associated protocol are proposed at the AAL level and the network layer
level in this chapter. The new service class is based on the facts that many digital communications
may be carried out with varying bandwidth and that a user’s communication demand usually is
a range constrained by the minimal performance requirement and the maximal affordability. The
objective of the proposed flexible bandwidth service class and protocol is to achieve low blocking

rate and high bandwidth utilization/revenue, while keeping the call delay as short as possible.

The first section examines the feasibility of flexible bandwidth communications from the per-
spectives of both user and equipment capability. The second section provides the motivation for the
new service by discussing potential benefits of flexible bandwidth allocation. The third and fourth
sections deal with the detailed implementation issues. The service definition document and proto-
col definition document for the new flexible bandwidth service are provided in these two sections,

respectively,

3.1 Feasibility of Flexible Bandwidth Service

The new service is based on the fact that digital communication at the call level may be carried out

with varying bandwidth, due to the following two reascns.

1. Communication users can be flexible in their demand, and

2. Communication equipment can support multiple transmission rates.

25
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3.1.1 Traffic Controllability: User’s Prospective

As discussed in Chapter 1, the bandwidth demand for many communication applications is in fact
a range limited by the minimal performance requirement at one end and the affordability or end
cquipment capacity at the other. Hence, any bandwidth within this range should be acceptable to

the user,

Call requests occasionally have to be blocked to prevent network congestion and maintain the
quality of service of established connections within acceptable ranges. Given the options, many
users would choose lowering their performance demands rather than being denied service altogether.
When a video-phone call request gets a busy signal, for example, the caller might be willing to
make a voice phone call, rather than waiting to try the video-phone again. If a realtime remote file
fetch cannot be performed due to the lack of bandwidth, a computer programmer may initiate a low
bandwidth file transmission as a background process on his workstation and start attending some
other programming tasks, instead of retrying over and over again. Flexibility of users’ demands,

however, must be supported by the communication equipment.

3.1.2 Traffic Controllability: Equipment Capability

Bala, Cidon and Sohraby acknowledge that data traffic can usually be slowed down in order to cope
with network congestion {2]. However, when it comes to congestion control, most attention has been
given to uncontrollable realtime traffic. Voice and video are often used as examples to show that

the majority of traffic types cannot be slowed down [24].

However, new hardware technologies are emerging to make it possible to change the customer
premise equipment (CPE) communication bit-rate during the transmission. One example could be
the single-chip half-duplex multi-rate transcoder described in [46]. It is pin selectable to transmit
at 32 kb/s with adaptive differential pulse code modulation or at 16 kb/s with subband coding. A

voice call can, hence, change its transmission rate (bandwidth) on the fly with this device.

Another example could be the multi-rate random access memory device described in (68]. It
features a pin selectable 32 or 8 bits wide input/output {I/0) interface with 1/0 bandwidth up to
6.46 Gb/s. Using this device, a broadband data communication can be carried out with different
bandwidth.

Moreover, up 1o half of the B-ISDN traffic will be inter-LAN communication [67] with the
remaining traffic also including many other data communications. It has been recently recognized
that the primary driver for B-ISDN development is LAN interconnection [70], although video and
voice are widely considered when it comes to access control and bandwidth allocation studies. LAN

gateways or routers usually provide a range of transmission rates to choose from. Therefore, the



CH. 3. FLEXIBLE BANDWIDTH SERVICE AND PROTOCOL

[ 2
-]

majority of B-ISDN traffic is flow controllable from the equipment's perspective.

3.2 Possible Benefits of Flexible Bandwidth Service

The important performance measurements are the bandwidth utilization (or revenue) and the call

blocking rate.

Each call generates revenue at a rate that is dependent on its class and the actual usage of
bandwidth. The network may keep revenue {or utilization) as high as possible by assigning to each
call the highest bandwidth the customer is willing to pay. The consequence, however, is the potential
increase in blocking rate. The more the bandwidth assigned to ongoing calls, the less the capacity
left to accommodate future call arrivals. On the other hand, the more the bandwidth reserved for

future arrivals to ensure low blocking rate, the lower the network utilization and revenue are,

Essentially the proposed new service solves this dilernrna in the following ways. Whenever
possible, all cails get the highest bandwidth the users are willing to pay for. However, when an
arriving call cannot be accommodated otherwise, the network will notify some in-progress calls
to voluntarily relinquish some bandwidth in order to accommeodate the new call. In essence, the
bandwidth relinquishment by in-progress calls is voluntarily, because these calls have registered with
the network their willingness to give up bandwidth up to a limit at call setup stage. At call setup
stage, flexible calls, on the other hand, also have notified the network that they are ready to increase
their bandwidth usage up to a limit. All the in-progress calls are serviced still within the two limits
that they have specified as part of the call setup request message.

The following two scenarios illustrate how the proposed new service can improve network
performance.

Scenarto 1; Call Level

In this section, the example broadband network is a virtual private B-[SDN for the Alberta
medical community, as shown in Figure 3.6. This imaginary Alberta Medical Network (AM-Net)
connects all hospitals, clinics and government agencies in four Alberta cities through a virtual private
B-ISDN on a public telecommunication network operated by the Alberta Government Telephone
(AGT). The AM-Net also provides broadband communication services to those users on virtual
metropolitan area networks (MANs) in Edmonton and Calgary.

Suppose that the virtual path between the University of Alberta Hospital and the Grey Nuns

Hospital has a maximal capacity of VT1.5 (1.728 Mb/s), where a voice call requires 32 kbit/s
bandwidth.
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Figure 3.6: Example Network: Alberta Medical Network

Consider the case where a physician at the Grey Nuns Hospital needs to phone a radiologist
at the University of Alberta Hospital, and only 16 kbit/s bandwidth is available on the VP. With
conventional service classes, this call cannot be accepted without increasing the VP’s capacity, since

bandwidth is insufficient to ensure the required communication quality on the VP.

This call request can be accepted, however, without changing the VP’s capacity, if it or some in-
progress calls support flexible bandwidth allocation by, say, using the selectable-rate codec described
in [46). Two possible solutions then exist, depending on which call is a flexible call.

If the physician has a phone with selectable rates, the UNT will simply accept this call and
allocate 16 kbit/s to it, knowing that the arriving flexible voice call requires bandwidth between 16
kbit/s and 32 kbit/s.

If the physician’s phone does not have selectable rates, or only high quality voice service is
required for the conversation between the physician and the radiclogist, the UNI will request an
ongoing flexible call to switch its transcoder transmission rate to 16 kbit/s. Then, the physician’s
call can be accommodated at 32 kbit/s.

The first solution is essentially bandwidth negotiation at the call setup stage. It can be ac-



CH. 3. FLEXIBLE BANDWIDTH SERVICE AND PROTOCOL 29

complished by out-band signaling. The second solution involves bandwidth relinquishment for in-
progress calls. In either case, the new service can achieve potentially better resource utilization and
call blocking rates than those achieved by conventional services.

Furthermore, whenever new bandwidth is released upon completion of an existing call, addi-
tional bandwidth can be allocated to the flexible call which is currently using 16 kbit/s bandwidth

so that, high quality transmission can be regained without compromising the network performance.

'The scenario above considers flexible bandwidth allocation at the call level without changing

the virtual path capacity. The next scenario applies the same concept to the network level in
managing the virtual path.

Scenario 2: Network Level

This scenario considers the access control and bandwidth aliocation problem at the network level

on the link between Edmonton and Red Deer in our Alberta Medical Network example.

The underlying link capacity is assumed to be an STS-3c. Suppose there are two virtual paths
existing on that link: one from Edmonton to Red Deer at STS-1, and the other from Edmonton
bypassing Red Deer to Calgary at STS-2. Moreover, the first one carries mainly video transmissions
for medical education. The second one contains a consultation session on a patient’s chest radiology
examination between a radiologist in Edmonton and a physician in Calgary. The network has

allocated half of an STS-1 link capacity to this call, based on the normal traffic pattern for such a
call.

Now, suppose the case turns out to be more complicated than the physician initially thought,
and two more sets of images have to be added to the display by the physician. The virtual path can
handle cnly one set within the required 2 seconds delay limit, without degrading the service. Under
existing services, the performance requirement by the doctors cannot be met. It could, however, be

met with the flexible bandwidth allocation service.

Now, let us assume the educational video communication has been specified as a flexible call,

with the acceptable bandwidth between one STS-1 for full motion video and half STS-1 for slow
scan video.

With the flexible bandwidth allocation capability, the radiology consultation call issues a new
request to the virtual path for doubling the bandwidth allocation, when the physician clicks the
button to choose two images. The virtual path, being already fully allocated, turns to the network
for a bandwidth increase by half an STS-1 bandwidth. The network then relinquishes a half STS-1
from the educational call and assigns it to the requesting virtual path, Two seconds later, the image

transmission is completed. After the radiology consultation call detects low bandwidth usage for a
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sufficient period of time, it requests bandwidth allocation reduction to the virtual path, which in
turn indicates this to the network. The network then re-allocates bandwidth between the two virtual
paths and the education video returns back to full motion after a couple of seconds of slow-scan

transmission.

3.3 Flexible Bandwidth Service Definition

In defining the flexible bandwidth service, the following two assumptions are made:

s An acceptable bandwidth range will be specified by the call either as part of the setup request
message, at any time in the call duration, or as part of the service profile entered at the UNI

at subscription time;

s The network has adequate signaling ability to convey the negotiation and aliocation informa-

tion.

The protocol service definition documents specify the service provided by a layer to its user
in terms of service primitives with the associated service parameters, and the interrelationships
between the primitives [28). This section provides the service definition document for the flexible
bandwidth service. The first part defines the service primitives. The new parameters are described

in the second part of this section, which is followed by the time sequencing of the primitives.

3.3.1 Service Primitives

In addition to the existing six connection-oriented network layer services and four transport layer
services defined in [SO 8348, two new services are introduced in this thesis for the flexible bandwidth

service class at these two layers. They are

o Negotiation service
o Allocation service

Each service has four primitives: request, indication, response and confirmation. They are expressed,
according to the ISO naming convention, as

» N-Negotiate.request,
e N-Negotiate.indication,

» N-Negotiate.response,

N-Negotiate.confirmation,

N-Allocate.request,
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e N-Allocate.indication,
¢ N-Allocate.response, and

o N-Allocate.confirmation.

where the prefix “N-” indicates that the primitives belong to the network layer.

The negotiation request primitive is a confirmed primitive; in other words, it must be ac-
knowledged. It is used to negotiate the parameters of an existing call, instead of establishing a new

call.

The Allocate primitive is initiated by network switches to change the bandwidth allocation of
an existing call. The allocation request does not have to be acknowledged. A positive bandwidth
allocation parameter value indicates the increments of bandwidth allocation, while a negative value
indicates decrements. In the remaining part of this thesis, the term “re-allocation” will be used
specifically for bandwidth allocation increment for in-progress calls, and “relinquishment” specifically
for bandwidth allocation decrement. As far as the protocol is concerned, however, they use the same

allocation service at the network layer, the only difference is the sign of the allocation parameter
value.

3.3.2 Service Primitive Parameters

Table 3.2: New Service Parameters for Flexible Call Class
| Service Primitives | Min. and Max. Bandwidih | Allocated |
expected bandwidth range
Connect.indication expected bandwidth range
Connect.response expected bandwidth range
Connect.confirmation -

Connéct.request preferred
allocated
local decision

final allocation

Negotiate.request

expected new range

Negotiate.indication

expected new range

allocated

Negotiate.response

expected new range

local decision

Negotiate.confirmation

final allocation

Allocate.request

bandwidth change

Allocate.indication

bandwidth change

Allocate.response

bandwidth changed

Allocate.confirmation

bandwidth changed

At both the network layer and the transport layer of the OSI model, a new set of quality of
service parameters are added to the connection service primitives for the flexible call class. They are
the minimal, maximal and allocated (preferred) bandwidth. All the new primitives for negotiation

and allocation use the same parameters as the connection service. The meanings of these new quality
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w

of service parameters are tabulated in Table 3.2 for each primitive, where the entry indicates

this parameter does not have specific meaning for that primitive.

The use of “allocated” parameters in Connect and Negotiate services at the network layer can
be illustrated by the following process of call establishment. The primitive Connect.request specifies
the bandwidth range expected for the session/call. It is propagated from the call origin to the
destination. A network node along the route will receive the decision made by previous (upstream)
nodes as well as the original expected bandwidth range. It will make its own decision based on
local resources and previous allocations for that call. If its decision is to accept the call, then it will

replace the new allocation value and pass the primitive to the next node along the route.

The “allocated” parameter is used in Allocation service to indicate the amount of bandwidth
changes for the addressed call, and acknowledgement the specified bandwidth change has been
completed.

The bandwidth range or flexibility are specified by CPE as a maximal bandwidth and a minimal
bandwidth, as the lowest bandwidth it can accept and the highest bandwidth it can afford. The
call is expected to be accommodated with bandwidth between the specified maximal and minimal
bandwidth values. Let bpaz and bpi, denote the maximal and minimal bandwidth values specified
by a call. If the maximal bandwidth equals the minimal bandwidth (bmin = bmaz), then that call
is a conventional one, i.e., with fixed bandwidth requirement; otherwise it is referred to as a flezible

call.

The relation of these primitives is defined in the next part.

3.3.3 Time Sequence of the Primitives

The interrelationships of these primitives are illustrated by the time sequence diagram in Figure
3.7. This time sequence diagram depicts a successful request only. The unsuccessful situation is
simply handled with disconnect primitives, instead of the normal primitives. If the connect request
is unsuccessful, for instance, a disconnect primitive will be sent back from the network node where

the blocking decision is made.

The re-negotiation can be initiated by either the calling party or the called party using Nego-
tiate primitives. This process is very similar to the process of call setup, except the outcome is not

call establishment, but a new set of bandwidth parameters.

The allocation request can be initiated by the network as shown in Figure 3.7. It can be used
by the network to relinquish bandwidth from in-progress calls within a pre-agreed upon bandwidth
range; that is, the bandwidth after relinquishment is no less than the minimal bandwidth requirement

specified in the previous Connect or Negotiate primitives. The allocation can also be used by the
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Figure 3.7: Time Sequence Diagram for Flexible Bandwidth Service at the Network Layer

network to increase the bandwidth allocation of in-progress calls up to their specified maximal
bandwidth. The end user can optionally acknowledge it. The originator of an unacknowledged
allocation request can assume its completion after a certain timer duration which is network specific

and may vary from node to node. A reasonable value would be the maximal round-trip delay on
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3.3.4 Services

No new services from the data link layer are required to support the new services and primitives at
the network layer. The new network layer services required by the transport layer have been defined

Required

in subsections 3.3.1 and 3.3.2.
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3.4 Protocol Specification

3.4.1 Protocol Data Units

No new type of protocol data unit (PDU) is required by the proposed new service. All necessary
PDUs are based on those defined in CCITT Recommendation Q.931 [7] with new configurations and

meanings defined below.

PDUs for Call Establishment and Negoliation

A SETUP message is similar to that defined in Q.931. But, as opposed to only one in Q.931, up
to three Bearer Capability (BC) information elements (IEs) are allowed to identify the previously
allocated bandwidth, and the minimal and maximal requirements. If service profile is implemented,
then BC IEs can be absent, and the default bearer capability request is stored in the service profile

record.

A BC IE should be present in the CALL-PROCEEDING message responding to a SETUP
message containing three BC IEs. This BC IE indicates the final allocation by the network and the
called party. The call will proceed with the bandwidth indicated by this BC IE.

-1f the network or the called party does not support flexible calls, then the responding CALL
PROCEEDING message should include a Cause IE with cause value 65 (bearer capability not

implemented), when receiving a flexible call setup request.

PDUs for Re-Negotiation

STATUS ENQUIRY and STATUS messages are used for bandwidth re-negotiation for in-progress
calls. To do so, three BC IEs are added to STATUS ENQUIRY for the minimal, maximal requirement
and the allocated capacity, and one BC IE is added to STATUS to indicate the final allocation. The
STATUS ENQUIRY message can be sent through the selective broadcast signaling virtual channels
to those calls whose service profiles match the re-allocation criteria, so that only one signaling

message is necessary to convey the information to all intended recipients.

PDUs for the Allocate Service

A NOTIFY message with BC IE is defined by CCI'T'T as the network’s indication to the user for a
change of the bearer capacity in ISDN. It can be used for the same purpose in B-ISDN; that is, to
transport the Allocate service for the flexible calls. It can be sent through the selective broadcast



CH. 3. FLEXIBLE BANDWIDTH SERVICE AND PROTOCOL 35

signaling virtual channels to those calls whose service profiles match the re-allocation criteria, so

that all calls can be notified with only one broadcast Tessage.

A special case of allocation is call suspension and resumption, i.¢., the complete relinquishment

and re-allocation of a call’s bandwidth. In this case, the existing SUSPEND and RESUME messages
in Q.931 and HOLD and RETRIEVE in Q.932 can be used directly.

3.4.2 Signaling Protocol Details

A network layer (layer 3) signaling protocol is designed to implement the flexible bandwidth service
at the UNI. Layers 2 and 1 protocols will be the common ATM and SONET protocols, respectively.
It is the layer 3 protocol that differentiates a flexible call from a conventional non-flexible call,

This layer 3 protocol is described in CCITT Specification and Description Language (SDL)
in Figure 3.8 and Figure 3.9 for the user side and network side of the UNI, respectively. The
protocol for the network-network interface (NNI) can be derived from them. This layer 3 protocol
contains the essential signaling for the flexible service only. It does not have, for example, the
timeout recovery and handling of invalid incoming messages. The omitted parts are common to
communication protocols, and do not affect the feasibility of implementing the proposed new service
zad its admission control and bandwidth allocation scheme. The remaining part of this section

navigates through the protocol.

When receiving a connect request service primitive from higher layers, the layer 3 user protocol
sends out a SETUP message, and waits for a CALL PROCEEDING message from the network. The
SETUP contains BC IEs indicating the minimal and maximal transmission rztes. The minimal and
maximal transmission bandwidth is passed down to the network layer from the transport layer where

this range is determined according to performance requirements such as maximal transmission time,
maximal affordable bandwidth, and estimated amount of information.

If a DISCONNECT message, instead of the CALL PROCEEDING, is received, the call attempt
fails and the call is blocked. Upon receiving a CALL PROCEEDING message, the connection is
established, and data can now be transmitted at the rate indicated in the BC IE in the received
CALL PROCEEDING message.

During the call, upon receiving a NOTIFY message, the user shall start using a new transmis-
sion rate indicated in this message by the network. On the other hand, the user can also request a
change in current transmission rate by sending a STATUS ENQUIRY message. The network will
respond with a STATUS message for its approval or denial of the negotiation. When a negotiation

is denied, the user has the option either to proceed with the current service contract ot to abandon
the call.
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Upon completion of the call, a DISCONNECT is sent by the user to notify the network to

release the connection.

The network layer protocol at the called party will respond to an incoming SETUP with a
CALL PROCEEDING containing its choice of transmission rate in the BC IE, and get ready for
receiving data. During the call, connection can be requested to change its transmission rate, or
it may initiate a change request itself, similar to that part of the protocol described above for the

calling party.

The network side of the layer 3 protocol is very similar te that of the user side, expect that it
also passes the various request messages between UNI and NNI, with its own decision added onto

these messages and a more stringent bandwidth range if and when necessary.

The network access controller at UNI will assess the resources to make a decision on whether
or not to admit a call. A call can either be accepted, or blocked due to a lack of resources. For
the accepted call, the network access controller will then determine how much bandwidth will be
allocated to it, and may need to relinquish bandwidth from some in-progress calls which are currently

allocated more bandwidth than their specified minimal value.

Upon the completion of a call, the network may decide whether or not to re-allocate the newly
released bandwidth to the in-progress calls. The bandwidth allocation can be negotiated at the call
setup stage, or changed dynamically in progress on demand, or both. Hence, some calls can have
the bandwidth allocated to them reduced to some extent if the network is overloaded. On the other
hand, calls may use more bandwidth than normally allowed if the network is relatively idle. This
bandwidth negotiation and allocation scheme is discussed in the next chapter.

3.5 Compatibility with Existing Protocols

The B-ISDN signaling protocols are considered to be derived from existing ISDN protocols. An
important issue then is protocol compatibility; that is, the newly derived protocol should be able to
coexist with the existing protocols without affecting the network operation. Because any practical
network evolution is a gradual process, existing networks cannot be replaced overnight, new and old

ones must be able to interwork.

The flexible bandwidth service and its protocols designed in this chapter are compatible with
both existing network facilities and existing user premise equipment.

If the network does not have the necessary signaling or processing facility, then the bandwidth
range specifications for a flexible service will not be processed; that is, the first and third BC JEs are
ignored. The access control and bandwidth allocation will be conducted as it is today. Hence, the

existing signaling network is compatible with the flexible bandwidth service, as it defaults to flexible
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bandwidth service with the maximal and minimal bandwidth demands being the same value,

If a CPE does not have the flexible call capability, a network with the new signaling protocol
is still able to accommodate such equipment. In the absence of bandwidth specification, a call will
be treated as a conventional one without flexibility; that is, as if all the three BC IEs are identical.
The signaling network will process PDUs as if it does support the new service. Hence, the existing

equipment is compatible with the new signaling protocol.



Chapter 4

FACT: the Flexible Access
Control Technique

A new admission control and bandwidth allocation technique is proposed in this chapter. It is
referred to as Flexible Access Control Technique {FACT). Besides a basic policy, five variants of
the basic policy are also proposed to address when and how bandwidth should be relinquished from

in-progress calls.

4.1 The Basic Policy

The basic policy with FACT can be stated as follows. Let C be the available bandwidth, (bx, min, bk,maz)
the bandwidth range requested by a call k, b; the bandwidth allocated to an in-progress call 7, I the

set of in-progress calls, and j the arriving call numbered.

The call admission rules for FACT are the following:

Rule 1: Accept the arriving call without changing in-progress calls, if b; min + 3 ;e 0 < C

Rule 2: Re-allocate in-progress calls, and then accept the arriving call,
if € — Ziej b:‘ S bj,rm'n S C - ZiEI b:‘,m:’n-

Rule 3: Block or hold the arriving call in a waiting queue, if b; min + J_;er bimin > C

Rule 1 considers the situation where there is enough free bandwidth available to accommodate
the arriving call. In this case, the arriving call j will be given bandwidth b;, b; maz = 0 2 bj min,

the exact value of which is to be studied in this thesis.

Rule 2 deals with the situation where there is not enough bandwidth available for the arriving

call, but the arriving call can be accepted after relinquishing bandwidth from in-progress calls

40
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according to their prior consent. Several difference relinquishment policies are possible. They are
discussed in the next section.

Rule 3 states that a call request has to be rejected or postponed if the minimum bandwidth
demand of all in-progress calls together with that of the arriving calls exceeds the capacity, which

means the call cannot be accepted even after the relinquishing maximal amount of bandwidth from
the in-progress calls.

With FACT, in-progress calls are notified of the re-allocation through outband signaling, should
the re-allocation be necessary, and consequently change their transmission rates to the new values
which are still within the range which they have agreed upon. A choice of the bandwidth allocation
b; will be sent back to the call i source by the network, probably through the selective broadcast

signaling virtual channels [8]. The users then proceed with their calls at this negotiated bandwidih
b.—’s.

The transmission requirements of a call may also be changed during the progress of the call
for reasons such as approaching real time deadlines, change of delay requirements, human user
taking a coffee break, detection of an emergency and so on. FACT can also support such realtime
dynamic bandwidth re-negotiation. For instance, realizing a deadline, a call sends out a new {(higher)
bandwidth range specification through the out-band signaling channel. The network will then go
through basically the same procedure as dealing with new arriving calls mentioned above. A new
bandwidth for the call is, thus, agreed upon by both the network and the call. Upon being allocated
the new bandwidth, the call then proceeds at the npew higher bandwidth so that the rest of the
transmission can be completed before the deadline.

4.1.1 Application of FACT

FACT can be apptied at both customer premise equipment (CPE) and network switches.

The network switches do the following:
e Call acceptance/denial based on the service requirement specifications provided by CPE and
the ability of the network to meet these requirements along with those of existing calls. Ifa

call is accepted, the service requirement specification becomes a service contract hetween the
end-terminal and the network.

o In-progress call controls involving bandwidth re-aliocation within the specifications for in-

progress calls, and re-negotiation of service specifications with in-progress calls

e Definition of service calls by the network based on traffic characteristics and performance

requirement.
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* Means for some selective load shedding by the network to achieve network resiliency, without

unduly impacting the service contracts (specifications),

s Means for conveying congestion status and information across the various interfaces.
The controls at CPE involve the following:

» Negotiation of service specifications with the network at the call setup time and within the call
duration. The service specifications include minimal and maximal bandwidth requirement, (or

equivalently, maximal and minimal delay in addition to estimated amount of information).

¢ Dynamic control of input parameters based on the service contract from the network (possibly
by means of transmission rate selection, traffic-shaping, adaptive window or credit manage-

ment).

4.1.2 Effective Control Region

When bandwidth negotiation and re-negotiation are used in B-ISDN for congestion control, the

affected network nodes and end users must be confined within a region of reasonable distance.

A flexible call’s bandwidth allocation is flexible only within a certain region, called effective
conirol region for that call under FACT. A flexible call is open to negotiation with every node
inside the effective control region. A flexible call outside its effective control region is not considered
as flexible. In other words, network nodes outside the effective control region of a call do not
attempt to (re-)negotiate bandwidth with that call. Figure 4.10 depicts the effective region concept,
where flexible calls have an effective control region of radius 100km. A flexible call originating from
Switch C is within its eflective control region at Switch D, and, thus, is subject to (re-)negotiation,
relinquishment and re-allocation at Switch D. It is however outside the effective control region as

far as Switch E is concerned. Thus, Switch E will not relinquish bandwidth from that call.

The radius of an effective control region can be chosen according to link speed, traffic charac-
teristics, response time requirements and other factors such as the buffering capacity at switches.
For instance, a high speed network probably should choose a small effective control region, while a

network with ample buffer space can afford to have a largeer region.

FACT only relinquishes bandwidth from calls originated and terminated inside their effective
control region. That is so because it is unreasonable and impractical to exercise control in response

to a congestion taking place across the continent, as discussed in Chapter 2.

Although re-allocation under FACT does not have to be limited by distance, it should still
be applied to calls along the same route as the completed call. This is to avoid excessive signaling

messages. Qtherwise, a re-negotiation signaling message has to be sent to each VCC for every call
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Figure 4.10: Effective Control Region for Flexible Calls

affected. As there is no guarantee that the re-negotiation request can be accepled by other nodes,

an acknowledgement message therefore has to be used.

4.1.3 Classification of FACT

FACT is a resource demand reduction scheme. The user permits service degradation and denial in

the evenl of possible congestion, and the former is considered more preferable than the latter.

FACT can be regarded as employing both preventive and reactive control schemes. FACT
prevents long term congestion by several means. Firstly, it may deny a network access request to a
call. Secondly, it may allocate less bandwidth than the maximal request to an accepted call. Finally,
it may also relinquish bandwidth from in-progress calls to accept a call without causing long term
congestion. As a result congestion is expected to be very rare. Bandwidth can be relinquished as
a reaction to persistent congestion, say, caused by a link failure, or many sources simultaneously
transmitting over a long period of time. Moreover, the reactive nature is also reflected by the

re-allocation of excessive bandwidth.

FACT is a layered control technique. It is to be used at the virtual path, the virtual channel
or at the burst layer. It does not apply to the cell layer where some form of rate control/policing is
assumed to exist.
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The rest of this section compares FACT to the objectives for congestion control scheme intro-
duced in Section 2.2.3.

e Efficiency: FACT decreases bandwidth allocation when the number of calls is high, and in-
creases it when the number of calls is low, in an attempt to keep the network from being
overloaded or underloaded. It utilizes the out-band signaling facilities in integrated networks
to adjust bandwidth. The amount of overhead incurred by FACT is the subject of the ana-
Iytical studies in Chapter 6 and the simulation study in Chapter 9. The results show that,
through FACT signaling activities can be frequent, yet the total signaling traffic load incurred
is very small, compared to the signaling capacity of B-ISDN.

e Fairness: FACT itself does not impose any restriction on fairness. As discussed in the next
section, FACT has both fair and unfair variants available.

¢ Responsiveness: The key motivation for FACT is to be responsive to network load. It utilizes
the out-band signaling in B-ISDN to respond to the network load changes in one definitive
step, as opposed to, say, several steps as in adaptive window schemes.

¢ Robustness: FACT should be able to work well even for unknown traffic situations as will be
shown in Chapter 5. Furthermore, it can also handle traffic surges in emergency situation as
shown in Chapter 9.

e Global Optimization: FACT is based on the best interest of all subscribers and the network as
a whole. Calls co-operate with each other and with the network in their flexibility to relinquish
bandwidth for new arrivals and to accept more bandwidth (and finish earlier) if necessary.

¢ Effectiveness: FACT reduces the possibility of congestion and call blocking by reducing the
bandwidth allocation under high loads and shortening the call holding time under light loads.

4.2 Variants of the Basic Policy

As indicated in Rule 2 of the basic policy, there are several possible relinquishment methods, resulting
in several policy variants for FACT. This section discusses these policy variants. These variants can
be classified into two groups. The first group considers which calls are to relinquish bandwidth and
how much from each call. The second group considers when the relinquishment can occur. The total
amount of bandwidth relinquished cannot be less than the minimal bandwidth requirement, of the

arriving call.
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4.2.1 Even and Uneven Relinquishment Policies

The first policy is to relinquish equaily from all in-progress calls of the same class such that in-
progress calls from the same class use the same amount of bandwidth all the time. This policy
is referred to as the even relinquishment policy. Let Ny denote the number of in-progress calls
when the new call arrives and triggers the relinquishment, C the bandwidth. Then, the bandwidth
allocation for each call is C/(Np + 1) after even relinquishment, and each in-progress call has given

up C/Np(N, + 1). The occurrence of relinquishment implies that C/(Np + 1) 2 bnin and free

bandwidth prior to the relinquishment is less than by,,.

The even relinquishment policy can ensure fairness among all the calls of the same class, but
it does so at the cost of affecting all in-progress calls.

‘The second policy is intended to limit the number of calls affected by relinquishment to a
minimum, while compremising fairness. This policy is named the uneven relinguishment policy. It
relinquishes the necessary bandwidth from a minimal number of calls; that is, each call relinquishes
a maximal necessary amount. As a result, the arriving call is always accepted at the minimal
bandwidth &min, and the bandwidth usage of those relinquishing calls is also reduced to as low as
necessary to accommodate the new call.

IfC =3 c1 b1 > bj min, then no relinquishment is needed, the arriving call j will be accepted at
min{b; maz,C— 2 ;c; bi}. The uneven relinquishment is required when C—3 icrbi < bjmin. In this
case, only b = bj min = (C — L_;¢; bi) bandwidth units have to be relinquished. To make the number
of relinquishments minimal, this policy requires that the calls to relinquish are those which has the
exact, or the closest to the exact, amount of bandwidth available for relinquishment as required. Such
a call can be found by keeping in-progress calls (in set [ } sorted in ascending order of the bandwidth
available for relinquishment, b; — b; min. The index of the call which will relinquish bandwidth for
the new arrival is determined by the largesi i satisfying b; — bi min 2 b. il b cannul be relinguished
from one call, then the last k calls in I have to be chosen, and & = max{;j : Zﬁ__’j(b.- — b, min} = b},
where N, is again the total number of in-progress calls.

Each of these two relinquishment policy variants has its own merits. A choice has to be made
according to performance requirement for a specific network. For instance, if the objective is to keep
the number of relinquishments as low as possible, then the uneven relinquishment policy should be
used. On the other hand, the even relinquishment policy should be used, if the concern is to treat
all calls equally and fairly.



CH. 4. FACT: THE FLEXIBLE ACCESS CONTROL TECHNIQUE 46

4.2.2 Immediate, Delayed and Early Relinquishment

This group of FACT policy variants deals with when to relinquish and re-allocate bandwidth from

and to flexible calls. The following three policies are possible:

1. Immediate relinquishment: to relinquish whenever necessary.

2. Delayed relinquishment: to postpone relinquishment by holding calls in a waiting queue until
the queue is full, at which stage the relinquishments occur and waiting calls are admitted as a
batch.

3. Early relinquishment: to relinquish as soon as the number of in-progress calls reaches one of a

few preset limits.

Figure 4.11 depicts the differences among these three policies in terms of call admission and

bandwidth allocation.

The immediate relinquishment can probably best utilize the benefits of flexible bandwidth
service. The granularity of bandwidth allocation is (bmas — bmin}/(H — L), where H = |C/bmin]
is the maximal number of flexible calls that can be served by the capacity C, and L = |C/bmqz] is

the maximal number of flexible calls that can be served before starting relinquishment.

However, every change of traffic can trigger a relinquishment. It may cause an undesirably
high load to the signaling channel. The other two policies are designed to reduce the frequency of

relinquishments and the amount of signaling.

The delayed relinquishment policy conduets relinquishment only when necessary; that is, when
a call otherwise would be lost. In this case, a finite jueue of length S is availabie to hold the
calls. The relinquishment is performed only if a new arriving call inds that the gueue is full. The
granularity of bandwidth allocation is (bmazr — bmin)/s, where s = [(H + S — L)/(S + 1)] is the
number of relinquishments required for the network to reach from fully idle state to service the

maximal number of calls possible (including both in-progress and queued calls).

The delayed relinquishment policy reduces the number of relinquishment, but requires a queune
and the calls’ acceptance of possibly waiting in the queue. If the waiting time is not nominal,
its applicability is limited to the delay insensitive services only. With the delayed relinquishment
policy, however, in-progress calls use higher bandwidth than with the immediate relinquishment
policy, thereby resulting in shorter transmission times. Hence, the delayed relinquishment does not
necessarily cause longer cail holding times or call delays, which may be an extra waiting time plus

a shorter transmission time. This is one of the questions investigated in the analytical study in
Chapter 6.
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Figure 4.11: When to Relinquish: Immediate, Delayed or Early

The early relinquishment policy has been designed especially for traffic with fixed calls and
flexible calls. When there are both fixed and flexible calls competing for the same bandwidth, these
two types of calls can interfere with each other. The flexible calls can expand their bandwidth
allocation to the maximum at every opportunity, hence leaving little bandwidth for fixed calls.

On the other hand, each arrival and departure of fixed calls may disturb fiexible calls through
relinquishment and re-allocation.

Limits on the number of flexible cals for different bandwidth allocation choices are set in the
eariy relinquishment policy in order to stabilize the allocation and isolate fixed calls from flexible
calls. The bandwidth allocation for flexible calls is changed only when the number of in-progress

flexible calls reaches one of these limits, thereby leaving some room for possible fixed call arrivals.
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Departures of fixed calls will not cause bandwidth changes for flexible calls, only departures and

arrivals of flexible calls themselves can trigger their bandwidth allocation change.

The granularity of bandwidth allocation is determined by these limits. For example, flexible
calls are allocated a maximal bandwidth when calls are less than 25% of the capacity, and they
are relinquished to the minimum bandwidth as soon as there are 75% calls, and they are given one

bandwidth unit when the call number is between these two limits.

For an accepted call j and each affected in-progress call ¢ € I (by Rule 1 and Rule 2}, an
optimal choice of each §; and new b; has to be made so that the network performance is maximized.

This optimization problem is modeled as a flexible knapsack problem in the next chapter.



Chapter 5

Static Allocation

An access conirol can be based on either instantaneous or long term situations. When traffic is a
known stochastic process, then decisions can be made based on the long term statistics. This is
referred to as “dynamic control.” In many situations future traffic conditions are either unknown or
too complicated. In this case, access control has to be based on instantaneous performance. This is
referred to as “static control.” The static control problem for flexible bandwidth service and FACT
is studied in this chapter. Note that static control does not mean that the control does not change as
time presses. Instead, the notions “static” and “dynamic” refer to the traffic situations on which the
contorl decisions are based. Static control does not know, or does not attempt to predict, the future
traffic processes, while the dynamic control assumes prior knowledge of the stochastic processes of
traffic streams. The static control problem for flexible bandwidth service and FACT is studied in
this chapter.

Flexible calls can be served with any bandwidth within a certain range. This introduces a new

dimension o the admission contrel and bandwidth allocation problem.

Conventionally, the admission control and bandwidth allocation decision is made for a fixed
bandwidth request. The network eithef accepts this request and allocates that particular bandwidth
to it, or rejects it. The static control problem can be modeled as a knapsack problem. The next
section provides a brief overview of the knapsack problem.

The problem, however, is remarkably complicated with the new flexible bandwidth call and
FACT. Because several bandwidth allocation option is now available, instead of one, all of them
have to be examined before an admission control and bandwidth allocation decision can be made. A
new type of knapsack problem is defined in Section 5.2. It can model the static control problem for
flexible calis and many other practical resource allocation problems where more than one allocation

options exist.

49
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Section 5.3 provides several solution algorithms for flexible knapsack problems. It is then fol-
lowed by results compating the flexible knapsack to the conventional one, and the heuristic algorithm

to the exact one.

5.1 Conventional Knapsack Problems

A great variety of practical problems, including the admission control and bandwidth allocation
problem in communication networks, can be represented by a set of objects, each having an associated
reward value and a volume value, from which a subset has to be selected such that the totzl reward
value of the selected objects is maximized, and the total volume does not exceed some prefixed

bound. These problems are generally called knapsack problems [51].
The knapsack problem commonly considered is:

mazimize Ef_ﬂ Tir;
subjectio Zf;l 2w < F
0<z;<4,1Li<n
where, for class i, ry, i, z; and b; are the reward rate, volume ratio the number of objects packed

in the knapsack and the number of objects available for packing, respectively.

The above problem is referred to as a general constrained single knapsack problem if b; < o0,
and a general unconstrained single knapsack problem if b; approaches co (49). The muitiple knapsack
problem is a generalization of the single knapsack problem where several containers are available.
The knapsack problems considered here are of the single knapsack type, unless explicitly stated

otherwise.

A special version of the general constrained knapsack problem commonliy studied is the 0/1
knapsack problem with the z; variables taking the value of 0 or 1 only, i.e., ; = 1 (25] {30]. A
generalization of the general constrained knapsack problem is a multiconstraint general knapsack
problem, where an object may consume multiple resources, as opposed to having 2 single volume

constraint [57]. The multiconstraint general knapsack problem takes tke form:
mazrimize RX
subjecito WX < B

where W and B are constant arrays, RX is the cross product of X and R, vectors of z; and r;,
respectively.

In communication networks the access control and bandwidth allocation problem is to find
the optimal bandwidth aliocation with maximum total reward. Suppose the given bandwidth is F,
and &; is the number of class ¢ call requests for w; bandwidth each, resulting in r; units of reward

(revenue) if accepted. Then the access control and bandwidth allocation problem can be stated as
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the corresponding knapsack problem. The optimal decision is o accept &; class i calls, and to reject
the other b; - z; call requests.

Conventional knapsack problems deal with objects of fixed volume. In the context of access
control and bandwidth allocation in communication networks, only fixed bandwidth calls can be
modeled by the conventional knapsack approach. The new flexible bandwidth service requires a
different type of knapsack model. A new type of knapsack model - the flexible knapsack - is defined
and its solutions are provided in this chapter. It can be used to model not only flexible bandwidth

service but also a wide range of practical applications in other areas.

5.2 The Flexible Knapsack Problem
5.2.1 Flexible Knapsack Problem Definition

Suppose there are K different classes of objects to be packed into a knapsack of volume F. A total
of b; objects can be taken from class i{. Each class i object can assume any of n -+ 1 different forms,
called subclasses (¢,0}, (i,1), ..., and (i,n). For simplicity, objects of subclass (i, j) will be referred
to as objects (i,7). An object ({,7) occupies volume w;; in the knapsack and generates reward
r;,;- The objective is to maximize the total reward of the knapsack under the knapsack capacity

constraint, F', and object availability constraints, &;'s. The problem can be, thus, stated as:

mazimize Y Yo %
nFKP{ subjectto  Yo1c, S'_qwijzij < F
Yieri Sbi 1SISK

where integer z;; is the number of objects (i, j) packed in the knapsack. The r;;’s, w; ;’s and b;'s
are assumed to be positive. Without loss of generality, we also assume that b;w; ; < I for any i and
j, and Ef‘;l bjwi s > F, where (i, s) is the subclass at which a class i object has the largest reward

to volume ratio, i.e., ri,/w;,s = max{r; j/w; ;|0 < j < n}.

This problem will be referred to as the general flezible knapsack problem (FKP) of flexibility
n, or n-flexible knapsack problem (nFKP). The conventional knapsack has 0 flexibility, or only one
subelass. Taking the bound &; into consideration, we can divide the FKP into two categories. The
FKP will be referred to as either the unconstrained flezible knapsack problem (UFKP), if there is
no bound on any of the x;’s, .., b; > maxocj<n{|F/wi;|}, or otherwise the constrained flezible
knapsack problem (CFKP).

To model] the optimal admission control and bandwidth allocation problem stated in the previ-
ous chapter, the classes in CFKP are the classes of calls, and the subclasses are the different choices
of bandwidth allowed for this particular class. Hence, K is the number of call classes supported by

the network, and b; is number of class i calls in the network. There are n+ 1 different bandwidth op-
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tions allowed for each class i, they are w; o, w; 1, ..., Wi n, yielding rewards (revenue) r; o, i1, ..; Pin,
respectively. The solution &; ; is therefore the number of class ¢ calls to be accommodated at subclass

(1,7), i.e., with bandwidth w; ;, so that the total reward is maximized.

5.2.2 Practical Applications of the Flexible Knapsack

The flexible knapsack can find applications in many resource allocation problems. Three examples

are given below.

Figure 5.12 depicts a 1IFKP using sausage making as an example, where objects (different types
of meat) from the same class (bucket) can be put into different subclasses (funnels of different sizes),
yielding different volume requirements and rewards (different sausages), where the objective is to
maximize the total reward {profit) in the knapsack (a smoke oven).

An FKP application in computing could be a data file archiving service. Files could be text
or images. Each file can be compressed at different ratios. The reward could be defined as display
quality when recovered from the compression. Given some files of both text and image types, an
optimization decision probiem arises as to which files should be compressed, and at what ratios, so

that the overali quality is maximized.

Another application could arise in merchandise inventory management. Let us consider a
merchant shipping supplies to a remote store from a warehouse by ship. Each kind of goods has
several different packaging options providing different protections and utilization of ship cargo space.
The reward for the merchant is the profit realized by selling the goods less the cost for damage,

packaging, and ship rental. The optimization problem again is a flexible knapsack problem.

5.2.3 Flexible Knapsack Versus Conventional Knapsack

The conventional single constraint knapsack problem does not consider the possibility of allowing
different forms of an object to be packed. The flexible knapsack proposed here models a-more general
situation: Objects from the same class can take different forms for packing.

The conventional knapsack problem originally gets its name from the practical situation where
a hiker has to decide what food to pack in his knapsack to maximize the benefit. Now we consider
a more complicated packing situation faced by a modern hiker/astronaut who has several choices of
having his foods processed (e.g., smoked, canned or dehydrated), and thereby changing the volume
these foods occupy and also their nutritional value {or taste reward value). To maximize the benefit,
the decision now is not only which and how much food to pack, but also how much food to be
processed and with what methods. The constraints now are both the knapsack’s capacity and the

total amount of the same foods processed differently.
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Class
Smoke Oven
conventional knapsack
2
Class 1
Subclass 1,0
Smoke Oven

flexible knapsack

Tigure 5.12: Example of a Flexible Knapsack Problem with Two Subclasses

Theorem 5.1 The nFKP is NP-hard,

Proof. The conventional knapsack problem, a known NP-hard probiem, reduces to the OFKP. O

The conventional multiconstraint knapsack is basically a universal blanket problem for any
integer programming with a simple product-summation objective function. The flexible knapsack is
a special case of the multiconstraint knapsack where the ith row of the constraint matrix W in the
multiconstraint knapsack is 1 for all entries corresponding to the objects from class ¢, and 0 for all
the rest. Note that the constraint array W can be of arbitrary form in a multiconstraint knapsack.
Hence, its solution has to cope with any form of W. Clearly this general model is inefficient when
only a special form of W is needed as in FKP. Hence, the importance of FKP warrants the need

for a specific study. The relationship between the multiconstraint knapsack problem and FKP is
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analogous to that of integer programming and the multiconstraint knapsack, in the sense that all
multiconstraint knapsack problems can be solved with integer programming, but they themselves are
sufficiently important to be studied separately from the other general integer programming problems.

Figure 5.13 illustrates the relationship between the flexible knapsack and the conventional ones.

Integer Programming

Multi—Constraint Knapsack

Flexible Knapsack

Conventional Knaries

Figure 5.13: Relation Between Flexible and Conventional Knapsacks

5.2.4 Modeling the Flexible Access Contro! Problem

The flexible knapsack model proposed here arises from the problem of optimizing reward or revenue
for communication networks. 1f the objective is to maximize revenue, the reward r;; in the FKP
model clearly is the telecommunication tariff less the cost for providing a type (i, j) call service. The
volume w; ; is the bandwidth needed by a type (i, j) call.

The flexible knapsack model can alsc be used to study other performance measurements for
access control. I we are to maximize channel utilization, then r;; = w;; will be the bandwidth
needed by a type (i,j) call.

"To use the FKP model for cost minimization, the reward r; ; will represent the cost of providing
the service to a type (i,j) call, and maximization in the algorithms for the FKP is replaced by
minimization.

Let the solution to the FKP be X* = {z},|i € [1,K],j € [0,n]}. The network will then
accept 3.7, x7; of the b; requests, allocate w; ; channels to z; ; calls, and reject the rest of the call
requests. The blocking rate for a type i call is thus 1 ~ 3°7_ 27 /b:-

Once we have an effective and efficient solution to FKP, most of the network performance

measures can be obtaiied.



CH. 5. STATIC ALLOCATION

[<1}
1]

5.3 Solutions to Flexible Knapsack Problems

The exact solution approaches to UFKP and CFKP are designed in the first two subsections, re-

spectively. A heuristic solution is provided for CFKP in the Jast subsection.

5.3.1 Solution to the Unconstrained Flexible Knapsack Problem

The nUFKP can be converted into a conventional general unconstrained knapsack problem (GUKP)
of (n + 1)K variables:

GUKPp{ marimize zfﬁinxf no
subjectioto Yim 5w < Fy

with the variable substitutions of index (1,7) in nUFKP by index v = (i - I{n+ 1)+ in GUKP,
i.e.,

Ty = &y
To = Ty
Wy = W 5
vo= (i—1)n+1)+]

The corresponding GUKP can be sclved either directly by using existing algorithms such as
dyramic programming [25] {30}, branch and bound [49] [50], or by converting it into a conventional
knapsack problem of (Z,’r‘;l Y=o logs F/w; ;) variables that take value 0 or 1 only, and then solving
the conventional 0/1 knapsack problem with the known algorithms such as those summarized by
Martello and Toth [51].

5.3.2 Solution to Constrained Flexible Knapsack Problems

For the sake of simplicity, we only use the ICFKP in the remaining part of this thesis except where
expliciily stated otherwise. Thus only two subclasses are considered for cach class. Nevertheless,
the results can be extended to solve the general nCFKP for any integer n,

In contrast to the UFKP, the CFKP cannot be converted to the conventional knapsack problem,
because the variables z; ; in the CFKP are not independent of each other within each class i. All

variables in the conventional knapsack problem, however, must be independent of each other.

A. Enumeration

The most straight forward solution method is enumerating all feasible solutions, i.e., all z; ; satisfying
the constraints. The enumeration algorithm for ICFKP, em(-), employs a recursive function that
returns the maximal values for objects of classes j > {, given i and the free volume £. The maximum
reward for ICFKP is then em(1, F). The function em(-) can be stated as:
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Function em(i, £)
ifi>Ror E<0
return(();
mazxi = em(i + 1, E);
for s = 0 to min{b;, £/w; o)
for t = 0 to min{b; — 5, (E — swyo)/w; 1}
ferig+trit+em(i+ 1, E—swjo—(wiy) > mazi
mazi = srip+iri) + em(i+ 1, E — swyp— tw,-'l)
return{mari);

Clearly, the time complexity of the enumeration algorithm is O([Jf., 82). It becomes O(F2K) when
b; = O(F). The enumeration is too time consuming to be of practical use. Nevertheless, it provides
the most reliable solution because of its simplicity. In this study, it was used to verify all the new

algorithms by comparing their results for each data sample used.

B. Dynamic Programming

Let R;(E) be the maximum reward for a subproblem of ICFKF where only objects from classes i
and higher are to be packed into the avaiiable volume E. Thus R;(E) is the optimum solution of
the following problem:

mazimize Z'F;‘-(zk,n?'k,o + g 1r1)
CFRP—~DPQ subjecttoto Y p_.(zkowko+ e wen) < E
Tpo+ Ty Sbe, iSkES K
Hence, the solution of CFKP-DP contains the solution of the CFKP as a special case with i = 1
and £ = F. In other words, solving 1CFKP amounts to finding £,(F).

The function R;(E) is clearly decomposable and also monotonically nondecreasing relative to
each z¢ ;. Therefore, based on the optimality principle (52}, the equations for obtaining R;(F)
recursively are
Ri(E) = max{z; orip+ ziiri,1 + Rig1 (B2 o + 21 € by, ziowio + v wi < B},
Rx4+1(E) =0, E > 0, and

Ri(E) =0, E <0, where E' = £ —z; qwi o~ a;,1w;,1 is the free volume left after packing z; o objects

at subelass 0 and z;; objects at subclass 1.

From these recursive equations, a (backward) dynamic programming algorithm for ICFKP is
derived as shown in the Algorithm DP1, where f;(E, 5) stores the value of R;(E) when ;¢ < s and

£y, is fixed at 0.

In the algorithm, the maximum reward R,(F) is achieved when z;; = z ;. Variable fi(E, s)
stores the value of R;(E) when z; 0 < s and z;; = 0. The set trace(E, i) keeps track of the optimal
value of {z; 0,21}, given a free volume .
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Algorithm: DP1
1. Stage K:
i=K;
For E=0 to F
d = min(b;, E/w; g);
For s=0 to d
filE,s)=srig
optzg(E, 5) = s;
For s=d+1 to &
FilE s) =drg
optzo(E,s) = d;
d= mil‘l(b.', E/w,-'l);
p Ri(E) = fi(E,b);
trace(E, i) = {optzo( £, b;),0};
Fort=1tod
if Bi(E) < trin+ fi(E - twi g, b; —1)
then R; =tryy + fi( E — tw;, b; ~ L)
trace(E, i) = {optzo{ E - tw 1, b; ~ 1), t};
2. Stage 1,..., 2:
Fori=1lto 2
For E=0to F
d = min(b;, E/w; g)
Si(E,0) = Riy\(E);
For s=0to d
if (sri0 + Rigi(E = swiy), fi(E, s — 1));
then fi(E,8) = sri0 + Riy1(E ~ sw; o);
optzo(E, 5) = s
else iE,s= fi(E,s-1);
opteg(E,s) =0
For s=d+1 to b
f,'(E,S) = ff(Ess - l)n
optzo(E, s) = optzo(E, d);
d = min(b;, E/w; 1 );
R:{(E) = fi(E b);
trace( £, 1) = {optzo( £, b;),0);
For t=1 to d
if Bi(EY < trjg + Fi(E - twg ), by —t)
then tr;  + fi(E = tw; 1, b6 = t);

trace(E, i) = {optzo(E — tuy 1, b; — t),t};

3. Stage 1:
i=l1;
For E=0 to F
d= rnin(b,-, E/w;,o);
fi(E,0) = Riz(E);
For s=0 to d
if (sri,0 + Rip1(E — swy o), fi( E,s - 1))
then fi(E,s) = srig + Ris1(E — sw;o);
optzg(E,s) = s;
else fiE, 5= fi(E,s —1);
optzo(E,s) =0
For s=d+1 to &

-3
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f;‘(E,S) = f,‘(E,S - l);
optzg{ E, ) = optzol £, d)
d = min(b;, E/w;1);
Ri(F) = fil Fy bi);
i =0
Fort=1tod
if Ri(F) < triy + il F —lwiy, b — 1)
then triy + fil F = twiy, b — );
trace(F, 1) = {optao(F — tw;y,b; = 1),t};
i=1,E=F;
while (i <= K) and (E > 0)
{520,271} = trace(E, i)
E=FE—z] w) —aWio
i=i+];

Theorem 5.2 The itme complexity of the algorithm DP1 is O(KF EK ;).

i=l

Proof. . At each stage i, O(Fb;} computations are required. Thus, the total computation cost for
K stages is O(KF 0 b;). )

The algorithm DP1 for ICFKP can be extended easily to nCFKP. Clearly, we have

Corollary 5.1 The time complezily of the dynamic programming algorithm for general nCFKP
derived from DP1 is O(nKF 5K | b:).

In a telecommunication network, the number of different call types A and the number of
possible forms for each type of service n could be relatively small. The number of free channels F
and the number of requests b;’s might be moderate for a narrow-band digital pipe, and quite large
for a wide-band digital pipe. Hence, the computation cost could be prohibitively hizh for some

situations making the dynamic programming approach unsuitable for online decisions.

C. Branch and Bound Algorithm for General ICFKP
C.1. 0/1 Flexible Knapsack

A flexible knapsack is called 0/1 flexible knapsack when each b = 1 in CFKP. Variable z;; in 0/1
CFKP can, thus, only take on the value 0 or 1 for any i and j. This terminology parallels that of

the conventional (/1 knapsack problem,

Assume that all objects are sorted so that r;g/wie > ri 1 /w1, and r;o/wioe 2> rig1,0/Witt.o-

We also have r; g # riy, wio # Wi and Zf;l biw; g > F as assumed for the general FKP in its
definition.
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Theorem 5.3 Let

J
! = max{jizwi,uﬁF];
i=1
i
R = Zr,'.u
i=1

I
E = F=) wp
i=1

Fo= max{(ri1 —rio)/(wi1 — wio) > 01 i<}

Then R, = B + max{|Err41,0/wiv1,0], |[EP]} is an upper bound on the toial reward of the 0/1
ICFKP.

Proof. The reward R considered here is obtained by consecutively packing objects at subclass
0, that is, the “best” subclass, until a class { -+ 1 object is reached which cannot be packed into at
subclass 0.

The optimal solution can now be obtained by either inserting or not inserting any objects of
class k > {, and/or by substituting different forms for the objects already in the knapsack. Thus,

altogether there are three possible situations as shown in Table 5.3.

Table 5.3: Cases for Obtaining the Optimum

| Objects Packed || No More Packing | More Packing |
no sub. - Case |
substituting Case 2 Case 3

The total reward under Case 1 cannot exceed R + |Eri410/wi41 0}, because for any new object
packed, its reward volume ratio is no more than that of object (! + 1,0) as a result of the sorting.
The total reward is bounded by R+ |EPR ] in Case 2 by the definition of P,. In Case 3, a bound
Ry is obtained by noticing that the improvement from R is limited by the reward volume ratio

max{rit1,0/wis1,0, P}
Thus, R, is a valid upper bound for the 0/1 1CFKP. ]

Based on this thecrem, a branch and bound algorithm for 0/1 1CFKP is described below,
where the projected gain is obtained by the same approach as in the proof, the recorded mazimum s
the maximum reward obtained so far, and the realized gain is the total reward achieve with current
packing.
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Algorithm: BBO

1.

o

Initialization
sort all items so that rigfwio > ri 1 /wiy, and rig/wio > rip1.0f/ Wisto;
caleulate R,,; set i = 1.

. Probing Packing

repeat packing consecutively from ¢
until (£ < w;ip) or (i > K)
if the projected gain for this packing is less than the recorded maximum

then give up this probing and go to Backtracking

else put the probing objects into knapsack

ifi<K
then find j such that j > iand w; < E
il such j exits then i = j, repeat probing packing

. Updating

if the realized gain of this packing is better than the recorded maximum
then update optimal record

if the realized gain of this packing equals R,
then stop; the optimal solution is given by the optimal record
else i= K

. Backtracking

if the knapsack is empty, then stop; the optimal solution is given by the optimal record.
find an object from class & which is the closest to { in the knapsack
il this class k£ object is a (&, 0)

then project the maximal gain by using k instead of !

if projected gain is greater than the recorded maximum
then go to Second Choice

remove object-k
if projected gain is greater than the recorded maximum

then go to probing packing

eise 7 = k and repeat backtracking

. Second Choice

change the current class & object to (k,1},
£o to probing packing

The numerical results are presented in the next section, and are compared to other algorithms.

C.2. General 1ICFKP

The bound b; is not necessarily 1 in a general 1CFKP. Assume again that all objects are sorted such

that rio/wi0 > ri1/wi1 and ri0/wio > rig1,0/Wiss 0.

Theorem 5.4 [el

| = max(iY biro < F;

i=1
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i i
R = Zbﬂ'i.n + L(Z biwi 0}/ wry of i 0;
i=1 i=1]
! !
E = F- Zbiwi,o - I_(z biw; o)/ Wiy 0] Wi 1,0
i=1 iz}
P o= max{(ri; —rig)/(wiy —wig) > 01 < i<}

Then Ry = R+ | E max{ris1,0/wi1,0, P}| is an upper bound for the general 1CFKP.

Proof. Similar to that of Theorem 5.3, hence omitted. mj

Based on this theorem, we have the following algorithm, using e as an index denoting all
possible values of that index,

Algorithm BB1
1 Initialization
Sort all items such that r,-,g/w,-,g > ri.l/wi,l and r,-lg/w.-.g > rig1,0/Wist.o-
compute U and F;.
set TK+le = O;IUK+1.. = 1,6K+1 = F+ 1
Mar=0,z,, =0;E=R=10,i=1
2. Constructing Initial Solution R
repeat
E=FE-bwgs R=R+ bgr;'g,zf'u =b;0,2i1 =0,
i=i+1,s=|Efwg].
until (s < b;)
E=FE-—sw o, R=R+ STig.Tio= 8,z =0.
3. Recursive Improvement
IfE=0
then

the optimal solution has been found by the initial solution
else

call the subroutine recur-bb(1, £, R)

The function recur-bb(from, cap, gained) is the key of the algorithm. It utilizes a depth-first
branch and bound search tree to find an optimum solution. When objects from class less than Sfrom
have been determined, then volume E is left and reward cap is achieved. The function returns
the boolean value true if the search is successful, and also updates the optimal record Max when
necessary. At each node of the search tree, this function selects a not yet checked class, say the
ith, to generate descendant nodes by assigning r; 5 and z;; to all possible values. The search then
moves to the node having the maximum reward, i.e, with z;9 = b;. At each move, the upper bound
is tested for future search. If the upper bound is lower than the current optimum solution, then the
search should not proceed from this node and backtracking is called for. At the backtracking stage,

the current node is abandoned, and its siblings are tested.
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Function recur-bb{from, cap, gained)
1. Start:
i= from, E = cuap, R = yained,;
2. Packing:
while £ > bjw; g and i € K
zio=bi;ri1 =0
E=FE-bwog R=R+brig
if (i <= K) and (Efw; o> Q)
Tin= [E/wi,ol;zi,l =0
E=FE—ziowig, R= R+z;0mi0
if (£>0) and (Maz > R+ Eriy10/wis1,0)
then go to Backtracking;
elseifi < K
then i++; go to Packing;
i= from;
while (E > 0) and (i <= K)
tk = min(b; — zi0 — £i,1, E/wi 1 };
ifk>0
E— = thwi y;
R+ = thri q;
x4+ = th;
i++;
3. Updating
it R > Max
Max = R
copy x to X
1 =K;
4. Backtracking
k=i;
While rp g =0and r;; =0 and & > from

if (k < from)

go to found;
5aVe Tk gy Thgl,0rrs TH.n
try removal or change of z; o by calling change(k, £, ft)
try removal of z; ; by calling removel(k, E, R)
remove all z; o, 241

5. Top-off
for k= fromtwo k-1
pack z¢ o if possible

for k= fromto k-~ 1
pack xj 1 if possible
if R > Mazx

then update the optimum record
if Mar < R+ Eeripfurp
then ¢ = k; and go to Packing;
else i = £ — I; and go to Backtracking
6. Found
it R> Maz
then update the optimum record
if an improvement is made by this call
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then return(true)
else return(talse)
Function change(k, cap, gain)
R = gain; E = cap;
while there is still object (k,0)’s
remove one object (k,0),
if (l’l’fﬂl‘ < R + Erk.,.l.g/w;,“_g)
then call recur-bb(k + 1, E, R);
up = max{by — £r.0 — Te 1, E/wi 1}
forch=1to up
add one cbject (&, 1)
if new R > Mazx
then update the optimal record
if (Ma:a: < R+ Erk+]_u/w,k+1.0)
then call recur-bb(k+1, E, R)
Function removel(k, E, gained)
where there is still object (k,1) left
remove one object (&, 1)
if (Maz < gain + Eriyy 0/ wes1.0)
then call recur-bb(k + 1, E, gain)

5.3.3 Heuristic Solution to Constrained Flexible Knapsack Problems

To reduce the computational complexity, a heuristic solution is developed. The CFKP is first
simplified by considering only the “best” subclass for each class. The best subclass considered is
the one with the maximum reward to volume ratio among all subclasses from the same class, i.c.,
the subclass (7, 5) for a given i (ri s /w; ; = max{r; ;/w; ; |0 € j < n}), the r;, and w;, respectively.

The heuristic solution is then obtained by solving the following problem:

mazimize Zf‘=1 T
AP -CFRKPS subjectto Ef;l nw; < F
Tehl<i<k

The problem AP-CFKP is a conventional general unconstrained knapsack (51] or a knapsack
with multiple choice constraints [57). Its solution has been well studied and documented. The

heuristic solution algorithm is stated below.

Algorithm HEUn
L. Reduction
Fori=1to K
find the s such that r;  /wi, = max{r;;/wi ;[0 < j < n};
let 7; = riy Wi = wi s, li = 5;
2. Solving AP-CFKP
call a known conventional knapsack algorithm to solve AP-CFKP;
Let the reward obtained be R;
3. Construct Solution
zi; =0, 1 <i< K 0< 'K, j#£1;
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£y, =%;, | £1< K and the total reward is .

The complexity of this heuristic algorithm is primarily the complexity of the conventional
knapsack algorithm used. Clearly, the solution obtained with this heuristic algorithm may not be
the optimum solution to the nCFKP, because of neglecting the subclasses other than the “best”
ones. However, as shown with the results in the next chapter, this heuristic algorithm can reduce
time complexity of the flexible knapsack problem tremendously, yet provides solutions very close to

the optimum in most cases.

5.4 Numerical Results

We implemented both the exact solution and the heuristic solution with programs written in C run-
ning on a MIPS RISC/OS 4 system operating at 12 million instructions per second. The algorithm
used for the conventional knapsack problem is one of the fastest algorithms developed so far, namely
Martello and Toth’s algorithm [49].

Each program was run with different combinations of capacity /' and number of classes K.
For each combination of F and K, a sequence of 1,000 random samples were used as input to obtain
the results. Each sample is a set of values of w; j,7,; and b;, all of which are generated randomly

from uniform distributions under the following conditions.

LS wip < |F/K], wiy = wierpand wy; = 1;

I<rmop< I_F/ffj,
o 1<) <,

. E:\=1 biwig > F. and b; < max{|F/wj;]} after the r;;'s and w; ;’s are sorted.
The capacity F' changes from 20 to 200 with increments of 20. The number of service classes &
ranges from 3 to 10 incremented by 1. As stated before, only 1CFKP is considered, hence, the

number of subclasses is 2.

5.4.1 FACT Versus Conventional Scheme

First, we investigate the improvement of FACT over the conventional scheme in terms of total reward
achieved. With FACT, three alternative actions are assessed for each object: rejection, acceptance

at subclass 0, and acceptance at subelass 1. For each object, the conventional scheme considers only
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Table 5.4: Comparison of Average Total Reward: FACT vs. Conventional

K| F I ER) T ER.) | ZAARN%) ]| max{ARH%) |
20 145.247 145.134 0.078 13.5
40 || 507.767 507.393 0.074 32.6
60 )i 1086.402 | 1085.601 0.074 28.1
80 || 1902163 | 1901.442 0.038 52.9
100 || 2729.831 | 2728.236 0.058 40.3
3 | 120 || 3972.148 | 3970.127 0.051 34.0
140 )| 5330.640 | 5329.530 0.021 1.7
160 || 7177.217 | 7175.180 0.028 305
180 [[ 8645.363 | 8641.520 0.044 36.3
' 200 || 10857.013 | 10852.528 0.041 60.0
20 132.054 132.047 0.005 2.9
40 || 496.996 | 496.958 0.008 2.9
60 || 1042514 | 1042.705 0.011 1.8
80 || 18037206 | 1803.063 0.008 10.3
100 || 2814.800 | 2814.643 0.006 24,7
6 | 120 || 4009.239 | 4008.458 0.019 22.1
140 || 5417.916 | 5416.667 0.023 237
160 || 7098.702 | 7099.391 0.005 3.1
180 || 8647.428 | 8646.999 0.005 5.6
200 || 11076.619 | 11075.730 0.008 344
20 128.669 128.660 0.000 0.0
40 || 479565 | 479.565 0.000 0.0
60 [ 1074266 | 1074.958 0.001 1.0
80 || 2092.749 | 2002.749 0.000 0.0
100 | 2676.970 | 2676.091 0.002 32
10 [ 120 §| 4011.455 | 4011.350 0.003 84
140 |} 5465.871 | 5465.808 0.001 0.5
160 || 6882.306 | 6882.093 0.003 05
180 || 8713.349 | §713.173 0.002 1.0
200 || 10888.785 | 10888.613 0.002 T3

one form of acceptance which is assumed in our study as the “best” subclass, i.c., the one with the

largest reward volume ratio among all subclasses.

Rewards are gathered for FACT and the conventional scheme for aver 1,000 random samples
described above,

The results are tabulated in Table 5.4 for various values (20-200) of the capacity F and for
K=3, 6 and 10 classes. The third (E{R};)) and fourth (E(R.)) columns are the average total rewards
{for the 1,000 runs) with FACT and the conventional scheme, respectively. The last two columns
are deviation measures of the reward achieved with the conventional scheme over that of FACT
(AR= (R; — Ro)/Ry).
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For all cases considered (F < 200, K < 10), FACT always obtained rewards more than, or
cqual to, the rewards achieved by the conventional scheme. The average difference between the
conventional scheme and FACT is less than 0.08%. The largest difference was up to 60% for small

K (3). For large K, however, the difference does not exceed 10% over ali cases.

To explain this variation in behavior over K, one may note that 1/K is proportional to the
ratio of the average volume of objects to the total knapsack capacity, namely, {1 + F/K)/2 to F.
When this ratio is small (K is large), an object likely occupies only a small fraction of the knapsack.
Hence, the knapsack’s total reward is relatively stable to the adjustment of objects. Therefore, the

impact of changing subclasses is not as great as when the above ratio is high (K is small),

The reward diflerences between the conventional scheme and FACT depend on the choices of
rij and w; ;. They tend to become large with large volume difference, w; g—wi, 1, because an optimal
choice of subclass makes a bigger difference. In addition, the reward differences are functions of the
reward rate distribution. The particular choices of these distributions are considered to contribute

to the small difference in average rewards between the conventional and the FACT scheme.

5.4.2 Exact Solution Versus Heuristic Solution

Recalling the heuristic algorithm, one may notice that the heuristic algorithm always obtains the
same solutions as the above conventional solution. Therefore, the performance results mentioned
above also apply to the heuristic algorithm. That is, the heuristic solutions are very close to the
optimum, 0.08% on average for all cases studied. For large K, the heuristic solution is at most 10%
less than the optimum and for small K it can be up to 60% less than the optimum.

In Figure 5.14 the computation times are compared for obtaining the exact solution and for
that of the heuristic solution. The solid lines in Figure 5.14 represent the average computation time
of obtaining the exact FACT solution with various number of classes K versus different capacity F.
It is evident that the average computation time for FACT is of the order F*. The computation time

also increases slightly when X increases.

For larger /' and K, the computation time for FACT could be too long to be suitable for
real-time decisions. Thus the heuristic method discussed in Chapter 4 could be used to reduce the
computation time. The dotted line close to the computation time axis in Figure 5.14 indicates the
average time of obtaining the heuristic solution for various K’s. The results show clearly that the
heuristic solution is tremendously faster than the exact solution. In most cases, the execution time
for the heuristic algorithm was in the neighborhood of 1 millisecond. This, combined with the results
in Table 5.4, indicates that for large F and K the heuristic algorithm can be used as a very close
and fast approximation to the flexible knapsack.

We also studied the utilization of the knapsack with the exact solution approach (U.z) versus
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Figure 5.14: Average Computation Time of Exact vs. Heuristic Solutions

the heuristic approach (Uhey) (see Table 5.5). The results show that the knapsack utilization with
the two methods is almost the same. Notice that the total reward is to be maximized. Hence, the
utilization is not necessarily at a maximum when the reward is optimal. It is quite posstble that

a sub-optimal solution for the reward may occasionally yield better utilization than the optimum
solution. This explains the negative items in Table 5.5.

Utilizations in Table 5.5 also show similar behavior with regard to A as did the rewards in
Table 5.4. The behavior of utilization can be interpreted similarly to that of rewards. Hence, it can
also be said, from the utilization viewpoint, that the FACT solution is more beneficial when the

ratio of average volume of objects to the total capacity is as compared to when this ratio is large.

5.5 Summary

A special version of the knapsack problem, the flexible knapsack problem, is defined for the situation
where for the same class of objects several packing alternatives (forms) are possible. This chapter

discusses some practical applications of the flexible knapsack, including network access control and
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Table 5.5: Average Utilization Comparison: Exact vs. Heuristic Solutions

[ K] P [ £(Ues) [ E(Uneu) [ ETAR) (%) || max{ARN%) |
20 0.983 0.975 0.809 20.0
40 0.972 0.962 0.957 25.6
60 0.967 0.956 1.100 30.0
B0 0.964 0.954 1.006 23.7
100 [ 0.965 0.955 0.999 26.3
3 [ 120 || 0.966 0.953 1.318 30.8
140 || 0.963 0.954 0.982 26.1
160 || 0.963 0.952 1.140 27.4
180 [ 0.963 0.952 1.218 26.4
200 || 0.963 0.954 0.914 25.7
20 0.999 0.999 0.035 5.0
40 0.998 0.997 0.093 3.0
60 0.995 0.993 0.147 6.8
80 0.993 0.992 0.146 11.2
100 {| 0.996 0.996 0.008 1.0
6 | 120 | 0.992 0.991 0.168 10.8
140 |; 0.993 0.991 0.170 8.6
160 || 0.993 0.991 0.167 9.3
180 || 0.992 0.991 0.185 15.0
200 || 0.992 0.991 0.151 9.0
20 1.000 1.000 0.000 0.0
40 1.000 1.000 0.000 0.0
60 1.000 1.000 0.008 3.3
80 1000 1.000 0.000 0.0
100 || 0.999 0.999 0.028 4.0
16 { 120 ]| 0.999 0.999 0.009 0.8
140 || 0.998 0.998 0.023 2.8
160 |[ 0.990 0.989 0.119 2.5
186 [| 0.998 0.997 0.027 3.3
200 3 0.998 (0.998 0.031 3.5

bandwidth allocation, data file compression and merchandise management. The solution to the
flexible knapsack problem is investigated. Algorithms DP1 and BBI were developed with dynamic
programming and branch and bound methods, respectively. The main advantage of DP1 is its
simplicity. It can be used for off-line decisions, or for online ones when the knapsack is relatively
small. It is, however, not suitable for real time applications of large network size. Performance
cxperiments show that the algorithm with the branch and bound method is quite fast even for large
knapsacks. The empirical results suggest that, given a number of classes K, the computation time
of the branch and bound algorithm is in the order of F2.

A heuristic algorithm for solving the flexible knapsack problem is also developed in this chapter.
The performance study shows that it is tremendously faster than the exact solution algorithms.
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Moreover, the heuristic solutions. on average, are very close to the optimum in most cases, especially
when the capacity to average object volume ratio is smail, Hence, it can be used as a very eflicient

approximation for large flexible knapsack problems where this ratio is small.

Coming back to the B-ISDN telecommunication example, the optimization objective considered
is total revenue. The empirical studies indicate that FACT always outperforms the conventional fixed
allocation scheme. The advantage of FACT is particularly evident when the average bandwidth
requirement of all calls is relative large compared to the total network bandwidth capacity; in other
words, when most calls require a large number of bandwidth units. On the other hand, when the
average bandwidth requirement of all calls is very small, compared to the network capacity, then
the performance difference between the new scheme and the old schemes is not significant. Hence,
FACT is more beneficial to broadband networks which primarily serve high-bandwidth calls than to

narrowband networks whose traffic consists mainly of single channel voice calls.

When the network bandwidth capacity F increases, the computation time for finding the exact
solution with FACT increases in the order of F2, Hence, for broadband access control with large F,
the heuristic algorithm proposed in this chapter can provide efficient and effective solutions. The
heuristic algorithm is significantly faster than the exact algorithms. The heuristic solutions are also

very close to the optimum, for all traffic mixes, especially when the traffic contains a considerable

amount of narrowband calls.

Hence, FACT may be used best for broadband networks. When carried traffic consists of mostly
broadband calls. the exact solutions can be obtained satisfactorily with the algorithms presented in
this chapter. When computation time is the major concern, the proposed heuristic algorithm can
be used to provide efficient and effective approximate solutions.



Chapter 6

Dynamic Allocation: Analytical
Performance Study

6.1 Overview

Static control studied in Chapter 4 deals with the current traffic situation, whereas dynamic control
deals with the statisticai performance over a long period of time. No consideration is given in static
control to future traffic changes. Dynamic control, on the other hand, considers traffic as a stochastic
process, that is, each call and burst arrive and depart randomly. Dynamic control also differs from
static allocation in its requirement of some prior knowledge or assumptions of the traffic arrival and
departure characteristics. Dynamic control consists of two parts: dynamic bandwidth allocation and

dynamic access control; they are studied in this chapter and the next chapter, respectively.

The objectives of this chapter are to provide some insight into the performance issues of
communication networks operating with FACT. To this end, traffic on a VP with FACT will be

modeled as a stochastic process at the VC level and at the burst level.

A brief discussion of the general assumptions used for the analysis is presented in the next
section. The third section of this chapter presents the models for fixed allocation which will be
compared with models for FACT under three traffic configurations. The traffic situation of a single
class of flexible calls is considered first at the VC level and the burst level in Sections 6.4 and 6.5,
respectively, The traffic model considered in Section 6.6 is a mixture of a class of flexible calls and a
class of conventional fixed bandwidth calls. It represents two practical situations: introducing new
flexible calis to the same VP with fixed bandwidth calls, or the coexistence of short-haul flexible
culls and long-haul flexible calls (i.e., both inside and outside the effective control zone) in the same
VP. The case for more than two call classes is investigated in Section 6.7. The last section wraps up
this chapter with a brief summary.

70
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6.2 General Assumptions

6.2.1 Measurement Units

Bandwidth can be expressed in many possible units. where such units can be bits per second,
ISDN B-Channel (64 Kb/s), STS-3 (155.52 Mb/s) and so on. For simplification of the discussion
and for comparison sake, bandwidth, or transmission rate measurement is normalized to one generic
bandwidth unit (BU) in this thesis. The bandwidth allocation will be based on the generic bandwidth
unit without the need to specify the actual unit.

The call holding time has been commonly used for many congestion control studies. This
study considers the amount of information to be a more appropriate parameter than the holding
time for integrated communications. The term call holding time originates from teletraffic studies
in telephony. It is a function of transmission rate or bandwidth used and the message length. Many
data communication applications now can be accommodated by several different transmission rates,
thereby yielding different holding times. For example, it takes more than one minute with a full
ISDN primary rate access at 1.536Mb/s to transmit a 100Mb medical image, while it requires less
than one second with a full STS-3 at 155Mb/s.

Hence, in this study each communication request is measured by the total amount of infor-
mation transmitted, as opposed to the call holding time or the transmission time. “Call length” is
defined as the total amount of information of a particular call. The call length could be measured
by any information unit such as bit, octet, kilobyte, or megabyte. It is assumed, however, that a

very large unit is used so that any finite real number call length is reasonable.

6.2.2 Network Activities
The assumptions for the overall network activities and the network subscribers are the following.
1. The number of subscribers is fairly large compared to the network capacity. This assumption

implies that, at the VC level, the population can be considered as infinite.

2. There is no correlation among the subscribers, in other words, cach call or burst is independent
of the others.

3. A blocked call and burst are rerouted so that they will not return.

4. If traffic overloads occur, they only last for a short period of time. Suppose the mean burst
arrival rate for a call is A, the average burst transmission time at 1 BU is p~f, and the

VP capacity is C; then this assumption requires A/u < € for an infinite population, and
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(N = L)A/u < C for an finite population ¥, where L is the minimum number of bursts to

fully utilize the capacity C.

5. Times for relinquishment and re-allocation are so small compared to the average inter-arrival
times and transmission times that they are considered as insignificant or negligible. This

assumption is reasonable because of the limited radius of the effective control zone for FACT.

6.2.3 Traffic Model Assumptions
The arrival and departure processes of calls and bursts operates under the following assumptions.

* The call length and burst length are assumed to have exponential distributions.

e Calls and bursts are assumed to arrive according to Poisson processes from single stream and
aggregation of finite number of streams, respectively. A burst can be regarded as a call at a
much smaller time scale, i.e., a mini-call. The population of calls is the number of subseribers,
while the total population of burst traffic streams is the number of all calls in-progress. The
call population is assumed to be infinite, because the number of subscribers is very large as
compared to the network capacity. The burst population is further assumed to be the average
number of calls in-progress. Thereafter, for simplicity, the notion “call” will be used to refer
to both burst and call, whenever possible. The actual interpretation is dependent on the level
of control. For instance, “call” at the burst level is, in essence, a burst or mini-call, and “call
length” is the length of a burst.

® A call can be served with any amount of bandwidth between bmin and sz BUs inclusively,
where by < 1 € bpgar by the choice of the bandwidth unit. Furthermore, for simplicity of
discussion, bandwidth capacity C at the level under study is assumed to be an integer multiple
of bnin and g, As stated in the paragraph above, b,;, represents the minimal bandwidth
requirement of flexible calls at the call level, and the minimal bandwidth requirement of a

burst at the burst level. The bandwidth units, BUs, are different at these two levels.

The single flexible class traffic model is depicted in Figure 6.15. At the call level, calls arrive
according to a Poisson distribution with exponential call length. Each in-progress call is modeled by
a Markovian process of two states: idle and busy. A burst arrives at the state transition from idle
to busy, and stops at the state transition from busy to idle. It has been assumed that the bursts
arrive independently according to Poisson processes from a finite population N which is the average
number of in-progress calls. Please note the A’s in the traffic model may have different values for
burst traffic and call traffic.

The analytical model is depicted in Figure 6.16 for calls at the call level.
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Figure 6.15: Traffic Model for Single Class of Flexible Calls/Bursts

There can be at most H = C/bmin calls in progress. and S in the queue, resulting in ff + 8§
as the maximal number of calls in the network. A call will be blocked if it arrives after 7 + S calls

are already in the network.

Before the stochastic analytical model can be established, the transmission time distribution

has to be investigated for FACT, because it determines the departure rate of a call,

The transmission time is given simply by dividing the call length by the bandwidth if the
bandwidth allocation is constant. Because the call length is of exponential distribution with mean
1/, the transmission time at constant bandwidth & is also exponentially distributed with mean
1/bp. However, if the bandwidth allocation varies during the call period, the distribution of the
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Figure 6.16: Access Control Model for Single Class of Flexible Calls

transmission time warrants more investigation. Lemma 6.1 determines the characteristics of the
remaining transmission time after a bandwidth change has occurred at a random instant in the

duration of a call.

Lemma 6.1 The transmission time for the remaining portion of the cail, afier changing bandwidth

lo b unils al any random inslani, is ezponentially distributed with mean 1/bp.

Proof, Let Y be a random variable denoting the remaining amount of information to be trans-
mitted after a random instant ¢ as illustrated in Figure 6.17.

bandwidth

¥ ¥ time

Figure 6.17: Holding Time Distribution

The total information (Z) has an exponential distribution, it is, thus, memoryless [15]. This
implies that the remaining information Y, after a random instant g, is still exponentially distributed
with mean 1/p, with the distribution function being F(y) = Prob(Y < y) = 1 — e=*¥, and the

associated density function being f(¥) = pe=#¥. Let T be a random variable denoting the time
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required to transmit Y at the new constant bandwidth b, T is given by T" = ¥/b. Because the
bandwidth b is constant, the distribution function for T is then F(t) = Prob(T < ¢) = Prob(Y /b <

t) = L —e™#¥, and the density function f(t) = pbe~#**. The remaining transmission time T is.

therefore, also exponentially distributed with mean 1/(by).

Applying this process recursively, it can be shown that the remaining transmission time after the
bandwidth has been changed at another instant ¢, from & to &' is still exponentially distributed with

mean ! /(ub"). That concludes the proof. |

"There is no restriction in the proof on the value of b, although only a case for b < 1 is depicted
in Figure 6.17.

Lemma 6.1 is a result of the exponential call length assumption only. It is applicable regardtess
of the relinquishment policies or call classes. This lemma wil] serve as the analytical basis of the
traffic model.

6.3 Comparable Fixed Allocation Models

FACT will be compared to the conventional schemes using the same traffic and network capacity, C.
Although a CPE may be capable of supporting multiple transmission rates, usually a fixed bandwidth
is allocated with the existing schemes, and used for the whole duration of a call. An access control
policy determines whether or not to accept a call request and how to allocate bandwidth to an
accepted call. Existing policies all allocate fixed amounts of bandwidth to a call for its duration.
The exact allocation varies according to the control objectives, thereby resulting in different policies,
With the new flexible scheme, the allocation can be at the maximum, the minimum or any amount
in between. In this thesis. three policies are considered as representatives of conventional policies

for comparison with FACT, where the CPE can support any rate between by, and bnae BUs.

The first policy is intended to minimize the blocking probability by assigning to each com-
munication request the minimum bandwidth, so that the maximal number of calls/bursts can be
served with the given total capacity, C BUs, at the cost of probably increased transmission delay,
This policy is more in the interest of the network operators than the users of in-progress calls. This
policy is referred to as Minimum Allocation and is denoted by Min in the presentation of numerical

results, Its analytical models are M/M/H/L+S/N queues, with N = co at the VC level, N < oo at,
the burst level,

The next policy deals with the other extreme. It permits each call/burst to use maximum
bandwidth in an attempt to minimize the transmission delay, at the cost of probably increased
blocking rate and decreased bandwidth utilization. This policy is more attractive to the users of in-

progress calls than to the network operators. It is referred to as Mazimum Allocation with notation
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Maz. The corresponding analytical model are M/M/L/L+S/N queues.

The last policy lies between these two extreme policies. I allocates one BU to each call to
bhalance transmission delay and blocking rate, or in fact, users’ and network operator’s interest. This

policy is referred to as Average Allocation with notation Avg. The corresponding analytical models
are M/M/C/C+S8/N queues.

The steady state probabilities of these processes can be obtained from many textbooks on
basic queueing theory, e.g., [39). For example, the steady probabilities (py maz) and call blocking
probability (Psk,maz) for the Maximum Allocation policy at the VC level are:

_ Pomar Pz k! for0<k<L (6.1)

Pemaz =\ po, ma;pfnu/(L‘LL"‘) for L<k<L+S '
pﬂ-,:na:: = L(Pmaz) + Z P#;t:/(LIL (6.2)
Pbk,mat = Pomazp +s/(le£‘1tgL } (63)

where prax = pfbmar = Af(tbimaz) is the offered load from a single traffic stream to the link with L
circuits of capacity bnqy each, and E,(z) = >oi=p Zt/il is the incomplete exponential function. The
probability pg mar Serves as a normalization factor so that the sum of all steady state probabilities
is 1. At the burst level, the steady state probabilities and the burst blocking probability for the

Maximum Allocation policy are

N
Pomar | & Pﬁ,,u for0<k<L
Pkmar = N o (64)
Po,mazr | k P,knarm.(?r for L<k<L+S

L L+S 3]
Pomes = Z( )pm+ 2. ( )pm T (6.3)

k=L+1

L+ S)
Pbk,maz = P0,mac (L + S) pﬁ;a;(LT"‘s')— (66)

The Average and Minimum Allocations have similar formulas with L replaced by € and H,
Pmar by p and pon, respectively.

6.4 Single Flexible Class at the VC Level

This section considers that communication requests from all subscribers have the same stochastic
characteristics. In other words, they are from the same class.

FACT is designed to achieve better bandwidth utilization and blocking rate than the fixed

allocation schemes. These intended improvements are proved analytically in this section in the form
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of two theorems. The new activity introduced by the FACT scheme is bandwidth relinquishment,
One important question is that of the frequency of relinquishments. This is answered by the study
of relinquishment probabilities. One possible drawback for delayved relinquishment policies could
be longer call delays caused by frequent queueing, as compared to the fixed allocation schemes.
Performance measures are, hence, studied for the delayed relinquishment policy, and the results
will clear up this doubt. Some numerical examples are provided to illustrate the analytical results.

Practical applications of these results are illustrated in Chapter 9.

6.4.1 Assumptions and Model

The basic assumptions and conditions used in this section have been described in the previous section.
The relinquishment policies considered will be immediate relinquishment and delayed relinguishment
as defined in Chapter 3. They are summarized here for the single class of flexibie calls in three

categories: arrival and departure processes, call arrival handling and call departure handling.

Call Arrival and Departure Processes

e Calls are assumed to arrive according to a Poisson process from an infinite population, where

call lengths have exponential distribution.

e A call can be served with any amount of bandwidth between b, and bygy BUs inclusively,
where bmin < | < bmar. It is further assumed for simplicity of discussion that the VP

bandwidth capacity € is an integer multiple of byin and bpac.

Call Arrival Handling

o A call will be accepted immediately upon its arrival, if there are at least by, BUs available.

o Ifall the bandwidth is used up by the existing calls, an arriving call will be queued in a holding

queue of length S until this queue is full.

¢ If the holding queue is full and each in-progress call is using more than by, bandwidth units,
then the in-progress calls will relinquish necessary bandwidth for the new call to be accepted.
If the number of in-progress calls is Ny £ C/bmin — S ~ I, the arriving call will be admitted
together with all calls in the queue as a batch; otherwise, the first C/bmin — Ny calls in the
queue will be admitted and the rest of the calls remain in the queue with the arriving call at
the tail of the queue.

e If the queue is full and each in-progress call is using by, bandwidth units, then the arriving
call is biocked and never returns.
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s Even relinquishment policy is used; that is, each in-progress call gives up the same amount of
bandwidth so that each call, including the new one, will occupy the same amount of bandwidth

after the new call is accepted.

s Relinquishment is instantaneous,

Call Depariyre Handling

s As soon as a call departs, the cail at the head of the queue will be admitted, if the queue is

not empty.

e If the queue is empty at the departure of a call, the bandwidth allocation for each call will be

increased until each call uses b,,,, units.

» Bandwidth increase is instantaneous.

As defined in Chapter 4, immediate relinguishment policy refers to the policy without a holding
queue (S = 0); in other words, relinquishment is required as soon as an arriving call finds that all

bandwidth is used up. A system with § > 1 is referred to as having a delayed relinquishment policy.
The notations used in this section are summarized in Table 6.6.

Let the state & be the number of calls in the system. The only possible state transitions from
taretok+ 1 and to &k — 1 because of the assumptions associated with the arrival, departure and
instantaneous relinquishment and bandwidth re-allocation. The Markovian property holds for this
stochastic process, because both arrivals and departures are exponential processes, and are therefore
tnemoryless [15]. The model is, thus, a one-dimensional birth-death process. Its state diagram
is shown in Figure 6.18 together with those of fixed allocation policies. Because of the infinite
population assumption, the arrival rate for each state is A, The departure rate for each state is given

in Lemma 6.2.

Lemma 6.2 The departure rate from state k. uy, of the modeled process for FACT is given by

f kppmar if1<k<L
H=1ce ifL<hk<H+s

for both the immediate and delayed relinguishment policies.

Proof. The first expression is true for any relinquishment policy. Because for k < L, each of the
k calls uses its maximal allowed (b4, ) bandwidth units, resuiting in the individual departure rate

tmar = ftbmar according to Lemma. 6.1. Thus, for the state & < L, the departure rate is kpmac.
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Table 6.6: Summary of Notations for Single Class Call Study

C VP bandwidth capacity,

L = C/bmaz the minimal number of calls to fully utilize the VP,

H = C/bmin the maximal number of calls to fully utilize the VP,

Np number of calls in progress

N, number of calls in the queue

k = Np + Ny, state of the birth-death process, number of calls in the network

A(k)  mean arrival rate when the state is &,
/¢ mean amount of information,

Hmin = pbmin, call departure rate when by, instead of 1, BUs are used
Hmazr = Pbmaz, call departure rate when bpa,. instead of 1, Blls are used,
He state transition rate from k to k — 1,

I = u,

Pmin = '\/#mim

Pmar = A/ Hmazr,

u =P/C=Pma:/L=Pm:‘n/H‘

Umin = Pmin /C,
Umgz = Pmar/ca

S queueing threshold before relinquishment

h = H + § — L number of states from L to H + §

D, call holding time, or transmission time

D, call queneing time

D = Dp + Dy, call delay, the time spent in the network

Pk equilibrium probability of system being in state &

P = Zfzo pi, the equilibrium probability of that system being in state j < k

Let N, denote the number of in-progress calls. For k > L, each of the N, in-progress calls uses
C/N, units of bandwidth. Therefore each has an individual departure rate of nC /N, according to
Lemma 6.1. The departure rate for state & > L, then, is N, - puC/N, = Cp. m|

As a result of Lemma 6.2, we can obtain the steady state probabilitics independent of the
relinquishment policy.

Lemma 6.3 The steady stale probability, py., for the system being in slate k is given by

-1
[Er(pmaz) +ulip 1202217 g 2 g
PE =3 popkay/k! for0<k<L
pru*~t for L<k<H+S

where Ep(z) = 3 iy 2* /il is the incomplete ezponentias funciion.

Proof. Applying Lemma6.2 to the general birth-death process state probabilities p; = pq ]'[f;ol Mifttiv,
we obtain, for 0 < k< L

k=1
pe = po ] M

{=0Q
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Figure 6.18: State Diagram for Single Class of Flexible Calls
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Figure 6.19 depicts the steady state probability distributions for FACT and three comparable
fixed allocation policies with u = 0.5,C = 100, bpin = 0.75,bmar = 1.25 and § = 0. The maximal
number of calls which can be served by each policy is H# = 133 for FACT and the Minimum
Allocation, L = 80 for the Maximum Allocation, and C = 100 for the Average Allocation.

The figure shows that all the fixed allocation policies have relatively high probabilities in
the region close to their respective maximal numbers of calls which can be served, whereas FACT
has high probabilities close to the center of the state spectrum. In other words, there are high
likelihoods for the fixed allocation policies to have number of in-progress calls close the limit, and
for FACT to have relatively more free capacity to take on more calls. The steady state probabilities,
hence, suggest that FACT would have lower blocking and higher utilization than the conventional
fixed policies. The remainder of this section gives an analytical proof for this observation, and
also studies other interesting performance issues such as call delay, queueing performance, and the
additional (relinquishment and re-allocation) cost for FACT.,

Once the steady state prababilities have been obtained, the next step is to derive expressions

for various performance measures for FACT and to compare them to existing schemes.

6.4.2 Performance Measures and Comparisons
4. Call Blocking Rate
Denote h = H + 5 — L as the number of states between 7, and the last state i + 8.

Lemma 6.4 Let P, denote the probability that a flexible call from a single class with offered traffic
density p is blocked at a VP with capacity C. Then Py is given by

L
Py = fmaz by, (6.7)
And, when § =0 the call blocking probability becomes
HrL
u' L
Pokls=o0 = 77 Po (6.8)

where u = p/C.
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Figure 6.19: Probability Distributions Versus Call Numbers for Single Class of Flexible Calls

Proof. A call request is blocked when, and only when, there are already H + S calls in the
network; that is, A calls in progress, and S calls waiting in the queue. Therefore, the probability
for an arriving call being blocked is

Py = pH3s
= pLu

= pomb_#mu

iﬂmaz h

= I —E!—u
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Since bmaz L = C and w = p/C by definition, the blocking rate with immediate relinquishment policy
then is

pL-Hl
IL _cn??

mar
pH

L ~H-LPo
LWL, —CH-L

pH CL
LWL, cHP
wH LE

— TPU

Pigls=0

|

The next theorem proves the advantage of FACT over fixed allocations. The proof was obtained
with the help of Cr. B. Schmuland.

Theorem 6.1 FACT always has lower blocking probability than any fized allocation policies.

Proof. The proof is obtained in two steps. The first step establishes that the Minimum Allocation
has the lowest blocking probability among ail fixed allocation policies. Then, the second step further
shows that FACT has an even lower blocking probability than the Minimum Allocation policy.

Any fixed allocation policy can be viewed as M/M/W/W+5 models, where W is the maximal
number of calls that can he served by that allocation policy with fixed capacity C bandwidth units.

The average arrival rate A, mean call length 1/p, bandwidth capacity C and queue length S are
given as fixed values for all policies. Different bandwidth allocations result in different departure
rates, p, = Cp/W, and py = Afpy. The bandwidth allocated to each call is fixed at pw/u
bandwidth units for the duration of the call. Regardless of the policy W, however, Cu = Wy,, and
the utilization factor u = py,/W = p/C are still fixed.

The goal of the first step of the proof is to find which fixed allocation policy has the lowest
blocking probability Pp:{(W) for the generic policy model M/M/W /WS, i.e., to find the W such
that Pye(1V) is the smallest.

The blocking probability for any policy is in fact the probability of the systemn being at the last
state W+ S,

P+ /(WIWS)

Sho PE R 4 ol [WITS_ b
ps WS
(WY ) o o5 /R + T, Uk

Py (W)

Il
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The only term not fixed in Py (W) is

138
W
7 > Pulk!
Pw =0

Wl &
= o > (Wu)k k!
k=0
w
B (W = EY(Wu)*
2 (Wu)¥

k

e

k=0

V.

- ‘i: Ww -1) W'EW —k+ liuk-w

k=0

It is increasing in W, as each term of the summation is increasing in W. Therefore, the blocking
probability, Py (W), decreases as W increases (see Figure 6.20). In other words, the fixed allocation
serving the most number of calls, or allocating the minimal number of bandwidth to cach call, has

the lowest blocking probability. That pclicy is the Minimum Allocation policy.

-
T
#

1deal for zero blocking

k # of in—-progress calls
W
L
T >
L+8 H+S # of accepted calls
best blocking

Figure 6.20: Lowest Blocking Among All Fixed Allocation Policies

The second step is then to find the best policy among all those policies having the maximal
number of states, H + §. This group of policies is modeled by M/M/W/H+S with fixed arrival
rate A, a call departure rate g, as a function of W, znd W now being the minimal number of calls
to fully utilize the capacity. Again, Wy, = Cu is fixed. So is v = p /W = p/C. For FACT the
minimal number of calls that can be served by capacity C is W = L and uy = pmaer. For the

Minimum Allocation, it is W = H and py = timin. The blocking probability for such a system is
%‘;uﬂw-w

S o ph IR+ (o W THESW

P (W) =
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H+S
W’ H

w0 PE KL+ (o JWH T u
H+S

FV' Zk o P /k|+uwzh’+5’ w uk
H+S

W
Dok=0 WW Pw/f‘""'Zk w+1“k
LH+S

Wi -
Ek"ﬂ T k+2k w+;“

The denominator always contains H + S terms regardless of W. But the coefficient of u* in the first

summation for £ < W

W:k
WIWE  W(W—1)--(k+1)
WWkl WW—k

increases as W decreases. Therefore, Por(W) decreases as W decreases (see Figure 6.21 where W

at the circle is the bend). The minimum blocking is achieved at the minimal W, i.e., with FACT.

total bandwidth utilized
4
zero blocking lower blocking

=

1 # of accepted calls

Figure 6.21: Lowest Blocking Policy Among Those Serving Maximal Number of Calls

This concludes the proof . O

The first step of the proof actually indicates that, given capacity C and traffic characteristic
A and g, it is best to be able to serve as many calls as possible. Referring back to Figure 6.18, it
means that the fixed allocation policy with the lowest blocking is the one with the largest number
of states. In terms of bandwidth allocation, that condition translates into one in which if we could
give each call an infinitely small amount of bandwidth, then blocking probability would approach
zero. Given the condition that a call can be served by b at minimum, the largest number of calls
that can be served by C BUs is # + 5. Both FACT and the Minimum Allocation satisfy it.

The second step shows that blocking probability can be lowered by moving the bend of the

utilization curve to the left in Figure 6.21. It means that the best policy among those policies which
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is able to serve the largest number of calls, H 4 S, is to fully utilize the bandwidth with the minimal
number of calls. The lowest blocking policy is the one with state diagram reaching the Cp departure
rate the earliest. Ideally the best policy would be W = 1, that is, to assign all bandwidth to a single
call, and thus “flushing” it out in the shortest time. Given the practical constraint that a call can

accept bmar BUs at the maximum, instead of all C BUs, the best policy in reality is therefore the
policy with W = L = C/by,;.

Hence, for a policy to have the lowest blocking probability among all policies, fixed or otherwise,
it must satisfy both these criteria, i.e., it must have the largest number of states, and its utilization
curve must reach 1 with the minimal number of calls. Therefore, it can be further said that FACT
has the lowest blocking probability among el bandwidth allocation policies.

The next theorem further quantifies the improvement that FACT offers in terms of the blocking
probability over the fixed allocation policies.

Theorem 6.2 When bpin < bmaqz, the ratios of blocking rate of FACT lo that of the Mazimal and
Average Allocation policies have upper bounds u”’~L and u!'=C, respectively. In other words, the

blocking rate of FACT is less than ufi=L < 1 or uf=C < 1 times that of these two fized allocation
policies, respectively.

Proof. Let Bpar, Bawg denote the ratios of the blocking probability of FACT to that with
Maximum and Average Allocation policies, respectively.

First, the proof for the comparison with Maximum Allocation is the following. By definition
bper L = C and p/C = u, therefore

L4h

i _cnlo
L+5
L!blz,,.;.,fl.s Po,mazx

uh=5$ o

Bumar =

pﬂ,ma:

-1
— uH—LpD.Tfr-

Py
As stated early in Equation (6.2),

L45 pk
-1
Pomaz = EL(pmaz) + Z LWL (Ck-L
k=L41 ez
L4S k=L L
ut=Lky
= Er{pme:z) + THE
k=L+1 *Ymar

Lemma. 6.3 implies that
AtS  k-L ot

Py - EL(Pmur) + m

k=L+1
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> Do mas

Since # < 1 by the temporary overload assumption,

H-L

Bz < t <1

A similar result is obtained for the comparison with the Average Allocation policy. Since bpaz > 1,
bE .. > bk, for k = 0,..,L — 1, the ratio of the FACT blocking probability to that of Average
Allocation is then

H+5

B L'bmur pu
avg T Eyso—
%ﬁpn.avg
HawC =1
C!p pU.aug

LICA-LHL, p;"

_. . H-C pE},,,g
- u ICC— b
maz 0
Since
. H+8 pk
bma::p{-;l-1 = ma:EL(Pma=)+bqu Z LWL Ck-L
k= L+1 mazr
H+S p"
> Eilp)+bhe: D, T
L F—L
) LWL .C
L(r) + TIoF=-L
k= L+1LC
C E C+5 r_c ¢
p uwCp
> Er(p)+ Z -————+z——
1CE-L ]
k=L41 Lic k=C C!
Noting that & > 1, and % —Ck—f for k < C,
LicC-L . L\CC-L o C+5 uk=CpC
e P 2 Ta
k=L k=C
ot CC C+§ k-C C
p
Er(e) + E CioE t ]
5 L+1CC = C!
C & C45 k Cc.C
p I
> ZF+Z Cl
=0 =C
=p0,aug
Therefore,

Baug <HH C
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Bgyg is further bounded by I because u < 1. 3]

The improvement is at least «//=% and u?~€ times, respectively. These two bounds are u/f-W
with ¥ being the maximal number of calls that can be accommodated by that fixed allocation
policy. The improvement is, thus, exponential in C(1/bmin = 1/bmaz}. This seems to agree with
the observation made in the previous chapter for static allocation that FACT is more effective for

broadband networks or traffic aggregated {rom a large number of narrow-band calls.

m=100, bmin=0.7%, bmax=1.25

0.086 T T T T T T T
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Figure 6.22: Call Blocking Probability Comparison: FACT vs. Minimum Allocation

Due to the arbitrary selection of the unit of BU, another significance of this theorem is that the
improvement bound can be applied to any fixed allocation. In other words, for any fixed ailocation
at bandwidth C/W, the blocking probability improvement for FACT is at least =" times.

Figures 6.22 shows the call blocking probability comparisons between FACT and the Minimum
Allocation policy with bmin = 0.75, bnar = 1.25. In this figure, the blocking probabilities for FACT
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with different queue lengths are too close to be plotted into distinctive lines. This seems to suggest
that, while queueing for the Minimum Allocation does improve the blocking rate, it, however, has
little effect with FACT.

Observation 6.1 The mosi effective way lo reduce the blocking rale then is lo increase bp,,, not

{o increase the queuve length S, given the traffic load and VP capacily.

B. Ezpected Bandwidth Ulilization

Bandwidth utilization is defined as the ratio of occupied bandwidth to total bandwidth for a sta-
Lionary system, and is denoted by the random variable I7.

Intuitively one would expect the bandwidth utilization for FACT to have exactly the same
form, E{(U) = u{l — Py}, as that for the fixed allocations. Since A(l — Pyt) is the average carried
traffic, then p(l — Py:) is the average number of occupied bandwidth units. The latter is divided
by the total bandwidth, C, to yield the average bandwidth utilization. The only difference among
the policies comes from their probability distributions; or more specifically, the blocking probability
Py,

The bandwidth utilization E(U) = u(1 — Py) for FACT is verified analytically below.

The number of occupied bandwidth units is kb, for state kb < L, and C for state L < k <
IH + 5. Thus,

L H+§
= (z bma:kpk + Z CPL-)/C
k=0 k=L+1

By definition, byarpmar = p. From Lemma 6.3, and kpy = pmacpPie—1 for & < L, Cpr = ppr-1 for
L < & < H + 5, therelore, the expected utilization can be obtained as

H+5
EWU) = (me&pw Y cmy/c
k=0 k=L+1
H+S
= maxpmaxzpk—l'l'P z pe-1)/C
k=L41
H+S
= PZP& 1+e Y pe1)/C
k=L4+1
H45-1
= Z Pk
k=0
= u(l—Pbk)

with p_, defined as Q.
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Applying this result to Theorem 6.1, it can be shown immediately that FACT outperforms the
fixed allocation policies in bandwidth utilization as well.

Theorem 6.3 FACT always result in higher expecied bandwidth utilization than any fired allocatian
policies.

So far, it has been proved that FACT outperforms conventional fixed allocation policies in
both blocking rate and bandwidth utilization. The next two subsections deal with comparisons for

queueing performance and for call delays, respectively.

C. Queue Length and Queueing Delay

A holding queue is used for delayed relinquishment policies. This queue introduces extra queneing

delay to call delay, and also requires provision of storage. The following problems then need to be
studied here.

¢ queueing probability - the likelihood that an arriving call has to be queued,
® queue occupancy - how many calls are waiting before the arriving call,

e average queueing delay — how much time on average a call has to spend in queue

One of three possible actions can be taken for an arriving call: to block the call, to admit the

call without queueing, and to hold the call in the queue.

The probability of the first event, i.c., blocking, has already been given as Py. To find the

probability for a call being queued upon its arrival amounts to finding the probability of admission

without waiting in the queue.

An arriving call is admitted without queueing if there are either ¥ < £ calls in progress, or
k > L calls in progress but this arriving call triggers a relinquishment, and, therefore, is admitted
without queueing. The probability for the first event (k < L) is P,. The second cvent, direct

admission after triggering relinquishment, occurs when the queue is full and k < H. Its probability,
thus, is

Ll

1~ ua(S-!—l)
EPL+£(5+1)-1 = WPHS
=

where § = -3%‘_—1 is the minimal number of batch admissions required to reach state / from the idle
state L. For simplicity of discussion, it is assumed in this thesis that A and S are chosen such that

h is an integer multiple of S + 1.
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Therefore, the probability for an arriving call to enter the network without waiting is given by

| — w8+
P(no waiting) = Pp_| + o asTT PL+s (6.9)

An arriving call can either be accepted without queueing, accepted with queueing, or blocked.

Therefore, the probability for an arriving call being queued is given by

Plqueued) = 1 — P(no wailing) — Pu
1— u!(s"i"l)
= l—PL—l—_"—l_u5+1 pL+s — pru®

When S = 0, P{queued) = 0 as it should.

Figures 6.23, compares the queueing probabilities between FACT and the Average Allocation
policy with $ =1,3,5.

Given these quite large queueing probabilities, the queueing delay and the total call delay
must be investigated in order to determine the usefulness of FACT. FACT would not be attractive
to many applications, should it introduce longer call delays than conventional policies; even though

it does improve call blocking rate and bandwidth utilization.

The queue length, N, distribution can be derived from the steady state probabilities of the
whole system. For integer 1 < ;< S

Prob(Nq =j) = Z P
(k=L}mod(5+1)=j
s=1

= ZPL+:‘(S+1]+J‘

i=0

=1
= ppd 3OS
=0
— §+1
J-I w5+

= ¥ o

Since s = h/(S + 1) by definition. for 1 € j < 5,

. 1—uh
Prob(Nq =7 > 1) = pL'f—mu‘? (6.10)
(1 = uP)u(l = u’)
] = = -
Prob(N,=0) = 1-pg T Trp— (6.11)

Average queue length can be obtained

S
ST iProb(N, = j)

i=1

leuh S,

—_—— 1yt

PLY 5+ PREL
=1

E(Ny)

fl
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Figure 6.23: Queueing Probabilities For Single Flexible Call Class

Therefore, the expected number of calls in the queue is

E{(Ny)=p1L

l—u? 1=5u¥' (S -’
1 - uS+1 (1—u)

-
[ &)

(6.12)

The average arrival rate of the carried traffic is A(1 = Py;), from Little’s results, the expected

queueing delay for a call then is

E(Dy) = E(N)/ (M1 — P)) =

Poe(1 = uf)(1 = SuS—) 4+ (S — 1)u®)

Al = Pog)u (1 = u)2(l — uS+1)

(6.13)

Figures 6.24 shows queueing detay comparison between FACT and the fixed allocation policies.

The results show that the queueing delay with FACT is always longer than with conventional policies.
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Figure 6.24: Queueing Delay Comparison for Single Flexible Cail Class

The resuits show that the queueing probability increases much faster with FACT than with
the fixed allocations. This is a consequence of the different objectives of using the queue in these
two types of policies. In the conventional fixed allocation, the queue is used to hold overflow calls
only; that is. the calls that cannot be accepted on the VP. The queuwe in FACT is used mainly
for postponing the relinquishment, besides also holding overflow calls. While the high queueing
probability with fixed allocation often implies high possibility for blocking, it is not the case with

FACT. With FACT, the queucing merely indicates that in-progress calls are using less than the
maximum (b4, ) BUs.

However, the long queueing delay with FACT does not discredit its usefulness yet, since FACT
could shorten the call transmission time, and thus, the total call delay. This issue is the topic of the
next subsection.
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D. Average Call Delay

The call delay (D) is defined as the time elapsed from the instant the call request is issu_d to the
instant the call is finished. In other words, call delay is the total time spent by the call in the
network, including transmission time and queueing time. The problem of finding the average call
delay amounts to finding the average number of calls in the network, because the average delay is
the average number of calls divided by A(1 — Py;) according to Little’s resuit.

For fixed allocation policies, the expected number of calls in the network can be easily obtained
by multiplying the nonblocking probability by the traffic density. The expected number of calls with
Maximum Allocation, for example, is pmqz(1 — Pk maz).

For the flexible ailocation policy, however, it is no longer straightforward to find the expected
number of calls and the average call delay, because the bandwidth allocation is no longer constant,
The next theorem provides the exact formula for these two measures.

Theorem 6.4 The average number of calls in the network with FACT is given by

1 — huP~! 4+ (h— L)ut

E(k) = pmaz(1 — Py} + upy (1 - ) (6.14)
and the corresponding ezpected call delay is
o hah=l o (B 1Yk
E(D) = 1 + 1-hut~t 2 (h-1)u (6.15)

Hbmaz uhmlu(]- —u)?

Proof. Recall that pmer = pfbmaz = Cp/(bmazC) = Lu by definition, and Z}':—l‘ fxt =
lLJ_’;‘-F;’—”’—“z:, thus, the average number of calls in the system is given by

H4S
E(k) = Y kpe
k=0

L H4S
= Y kpha R+ Y kpy
k=0 k=L

L=] H+5
= Pmaz Z ana:/k! + Z kpg
k=0 k=L

L-1 H+5
= Pmaz ZP.& -+ Z kpi
k=0 k=L

L-1 h
=  Pmaz Z Pr + pL Z(L + i)'
k=0 i=1

L-1 h h
= pmaz Y Pe+Lpdy o +pr )y i
k=0 i=1

i=]
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L-1 h h
=  Pmaz Z Pe + PmazpPL Z u'~! + L Z i’
k=0 i=1 i=1

L-1 H+5-1 h .
=  FPmaz Zpk+ﬂma:: Z Ui+PL Ziu’
k=0 k L i=1
HyS5-1
= Fmaz Z Pk+pLZ”-‘
h

= pmaz(l ~pres) +pLy i
i=]
1—hut=t 4 (A= 1)uh
= Pmaec(l = Pu) 4+ upL 1 -u)?

Substituting pmar = A/(#bmaz ) and v = A/(mpu), F(D) can then be obtained by applying Little’s

result.

E(D) = E(k)/A(l~ Pbk)
B S 71 ¢ b hut=1 4+ (h — L)u?)
T pbmaz A1 = Pog)(1 — u)?

G

The expected call delay on a VP with FACT always is between that of the maximum allocation
policy and the minimum allocation policy, because FACT allocates bandwidth between by;, and

bmax .

The difference in mean call delay between FACT and the fastest fixed allocation — Maximum
Allocation ~ follows from the second term of the summation in {6.15) and the queueing delay with

Maximum Allocation £{D; maz)-

The latter is

Pbk macs -1
E(D; mar) = —————— u”?
( gy ) ;\(1 - Pbk.mur) phor

where Pyi maz is the blocking rate with maximum allocation, and %mar = %/bmaz. The former can

be expressed as
P - P
N1 P) g i’ T NI =P 4 Z

According to Theorem 6.1, Py < Py maz, thus,

Pbk Pbk.maz
ML= Pox) = Ml = Psk,maz)

since h < S+ 1,

Z(h—t)u"' Z -

=0
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Therefore, the following upper bound for the call delay with FACT has been proven.

Theorem 6.5 (a). The call delay with FACT is always shorter than that with the minimum allo-
cation.

(b). The call delay with FACT is always longer than that with the mazimum allocation, and that
difference has an upper bound

Pbk mazx
I — -
I—Pbkmar Zo(l l gu )
Figure 6.25 illustrates call delay values derived from the analysis for various queue lengths.
The call delay for the Maximum Allocation policy is close to the horizontal axis at (0.8), due to
the negligible queueing delay (shown in Figure 6.24), while it is at 1.0 for the Average Allocation,
and at 1.25 for the Minimum Allocation, with slight increases when u increases. Obviously, FACT

enjoys a shorter delay than Average Allocation under almost all the situations considered in Figure
6.25.

The next section investigates the impact of the holding queue on the relinquishment frequency.
E. Relinquishment Probability
The relinquishment probability is defined as the likelihood that upon a call arrival in-progress calls
are made to relinquish some bandwidth to be used by the new call or a batch of newly admitted

calls. It is given in the following theorem.

Theorem 6.6 The relinquishing probability for a flexible call from a single class is given by

I —uh )
Prig = T a1 PL+S+1 (6.16)
It becomes L L
Pepg = o Pr (6.17)

if the timmediate relinquishment policy is used. -

Proof. By definition of the immediate relinquishment policy, relinquishment occurs if, and only
if, an arriving call finds between L and H — 1 calls in progress . Thus, the relinquishing probability
with immediate relinquishment policy is

Prfq = Pk
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Figure 6.25: Call Delay for Single Class of Flexible Calls

For the delayed relinquishment policy, relinquishment occurs if, and only if, an arriving call finds
S waiting calls in the queue, and N, < H calls in progress. At the time of relinquishment, waiting
calls and the new arrival are admitted as a batch from the quene. It takes 541 relinquishments for
the system to reach the full state H + S from the empty state. The relinquishment for them occurs
at state transitions from L+ S+1to L+ 5+2, from L+ 2(S+ 1) to L+ 2(5+ 1)+ 1,..., and from
L+s(S+1)tol+s(S+1)+1.

Therefore, the relinquishment probability with the delayed relinquishment policy is

Py = Z PL+i(5+1)

i=1

L i LIS+

i=1
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Figure 6.26: Relinquish Probabilities for Single Class of Flexible Calls

Figure 6.26, shows the relinquishment probabilities with the same queue size, capacity and
traffic load parameters as in previous examples. The results suggest that the queue does not have to
be very long to reduce relinquishment probabilities significantly, as the larger the size of the waiting

room S, the less decrease there is in relinguishment probability.
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The results also show the effect on the relinquishment probability when a holding queue is used.
For instance, when S=0, at very high offered load u = 0.99, approximately 8 out of 10 arriving calls
will trigger a relinquishment, and at load u = 0.85, still 10% of arrivals will cause relinquishment. The
relinquishment probability, however, decreases drastically with the delay relinquishment policy. With
room for holding only one arrival (5 = 1), less than 3 out of 10 arrivals will trigger a relinquishment
at very high load u = 0.99, as compared to 8 out of 10 with § = 0. The relinquishment probability
generally reduces to more than half with 5 = 1 in the example VP. The results from this example

enforce the initial intention of introducing a queue to reduce the relinquishment probabilities.

6.5 Single Flexible Class at the Burst Level

This section considers the same situation as in the previous section, but at the burst level. In other
words, all bursts are from the same class, and immediate and delayed relinquishment policies will

be used.

6.5.1 Assumptions and Model

The same notations will be followed for the burst level as those for the call/VC level. For example,
the state k is the number of bursts (active bursts) in the system. The arrival rate in state k is,
however, no longer a constant A, but (N — &k)A. The modeled process is also a one-dimensional
birth-death process, similar to the call level, as shown in Figure 6.27. The departure rate for each

state again is given in Lemma 6.2.

N2 N-1) A (N-L+1) % (N-L) A (N-H-5-2) A (N-H-S-1}
QL D0 Do
Hmax 2h o Lip Cl=L Koy CH cr

Figure 6.27: State Diagram for a Single Class of Flexible Bursts

The situation of interest here is when N > L = C/byqas. Otherwise, each burst request can be
accommodated with the maximum bandwidth. Moreover, the assumption in Section 6.2.2 of only
brief pericd of overload requires that (N —&)A/u < Cfor k> L.

The steady state probabilities for both immediate and delayed relinquishment policies can be

stated as follows.
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Lemma 6.5 The steady state probability of the system being in slate k is given by
AP
pol k| Pmax for 0<k <L

Pk = N .
pol k| utklts for L<k<H+S

N ]
where (k) = ﬁ-_ﬁ" and

5t Z( )pm+ﬁf( ) "L'—L

Proof. Applying Lemma$.2 to the general birth-death process’ state probabilities px = pg ]'[f_:o' Aifti,
we have,

for0<k<L

Pk

kel

Po H Aif g
=0
k=1

Po H(N = DA ((F + Vpimaz)

i=0

A
= po (k) Phaz

and for L < k < H + S, since L = C/bpar, and u = p/C,

L-1 P
(N=-5A (N - z)).
y =
P Po E (1+ l)ﬂma: H
(f) i k!
= Polkjp
Ch=LpL L)
LA A
= Do (k) u"k’-}—;—’
p; ! immediately follows from Zi‘:}f e = L. a

Once the steady state probabilities have been obtained, the next step is to derive expressions
for various performance measures of FACT and compare them with the existing schemés at the burst

level. The next section will prove results for the burst level that are similar to those at the VC level.

6.5.2 Performance Measures and Comparisons
A. Burst Blocking Rate

Similar to Lemma 6.4, the probability for a burst from single flexible class traffic of density p and
population N being blocked at a VP of capacity C with FACT can be obtained from Lemma 6.5 as

N H+ SYLE
Py, = pou?+ (H + S) % (6.18)



CH. 6. DYNAMIC ALLOCATION: ANALYTICAL PERFORMANCE STUDY 101

The following lemma compares the steady state probabilities of the system being at state 0
for FACT and the fixed allocation policies, where pg FacT denotes pp for FACT in Lemma 6.5 to

distinguish it from other policies.

Lemma 6.6 If byin < bnaz, then

Pomazr > POFACT

CCL!b#mzpD,aug > CLCIPO,FACT

, clH!
HELWE pomin > LEHWE poract if bminbmar <1 and ——

CHII <1

Proof.

. . -1 -1 .. - -
By inspecting pg mas and Po,FacT: it is apparent that Po,rlmw < Po.}mcr: thus, po maez > po,FacT

Since bz > 1
Lol H4S
_ N N .ULL
bana:pU,}-"ACT = brlrrlax(z (k) p:‘ml' + Z ( ) kaLi)

L-1 H+S
N N kot
> (’“) DY (’“) &7

k=0 k=L
Ll C-1 C+5
N N\ L KICE N\ kICE
> L) (0 rem 2 ()5
k=0 k=L crLl CFL!
Since é‘,: g" > 1, and %: > %t fork < C,
Lice-+ .  _, il AN A ot it v ,CL'C'L & v L!CL
L=-1 C+8 L
N\ L kICC N kk!C
> Z()p +Z(L) C!ck+z k)t S
k=0 k=C
L-1 C+5 L
kL NY pklC
> ()p +Z(>p/“+2(k) =T
=0 k=C
=pﬂ.tvg

Therefore,

COLWE . po.avg > CEClpo,racr

Also, since -%%i— >lwhenL <k<C,

L-1 H+S clL
bmaxp[] FACT > Z ( )P -+ Z ( )uk‘ﬂj

k=0
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1 ; H-1 HS il
brﬁinpamin = bmm(z ( ) Pmin T Z (L) Pmin W)
kE=H

k=0 k=H
L1 H-1
- N N\ L klcH
= (k) bR+ Y (k) P + > ( ) TEE
k=0 k=L k=H
L-1 H4S

= al,k+zﬂ2k+2‘13k
H+S
- N kL
bfnazPD,}“ACT = mar(Z( )pmaz + Z ( ) kaL!
L=-1 H+.5' L
— NN kiLek N\ LRIC
= (k) bmaz + Z ke CFL
k=L
H-1 H4
N N\ LkiCE N\ L kICE
kyL—k k k
(k) bLk +kz (k) =i 2 (kj o
= k=H
H-
z 26+ Y by

3'5'

M

™
[}
-

I
N

o
[
- O

]
f M

where notations a; & and b; ; are used for simplicity.

Recanse ay /b r < 1, ass/bay < bmin < bpac, and asp/bar = LICH~%/H1, the assertion is

true if zrrr < 1 and bminbmaz < 1. o

‘The next theorem proves the advantage of FACT over fixed allocations at the burst level.

Theorem 6.7 Wken bmin < bmac,

(a). FACT always has a lower burst blocking probability on a VP than the policies with the allocation
fized at byoz and 1.

(6). Moreover, the burst blocking raie ratios of FACT io these lwo fired allocation policies have
upper bounds u”~H(N — L - SY/(N - H-S)t < 1 and uf~C(N = L - S)I/(N = H - S) < 1,
respectively.

(c). If H < LICH-L and bparbmin < 1, ¢ VP with FACT has a lower burst blocking probability
than the policy with the allocation fized at byp;y,.
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Proof. Let Buoz, Bavg, Bmin denote the ratio of the burst blocking probabilities with FACT to
that with Maximum, Average and Minimurn Allecations, respectively.

First, the proof for the case of fixed allocation at the maximum is as follows. According to Lemma
6.6

N Wy L
poFacTul*s (H + S) UISIL .

Bpaz =

NN .
Pu.maxpgtig (L + 5) (i!}i“
mes (g o) (Haspet
ull+S (f 4 5| HESHL
t4s 1% o) (s
pmaz |\ L+ 8 | “Fige
N ‘
yH+S (H + 5‘) (H-I-L;H-"

N '
ul+5 (L+ S) fL-l-f!).L"

_ W= L= S)
(N - H-35)
Because (N —k)u < 1for & > L as aresult of the temporary network overload condition, u/(N —k) <
1 for k > L + S. Therefore, Bna: < 1.

<

A similar result can be derived for the Average Allocation.

N
po,FacTults (H-i- S) (H + S)&

Baug =

N )
PO,augpC+s (C+ S) (€+5);

CCLIE , uff+S ( (H + S)&s

pcts (C + S)

CECWH+S (H + s) (H +5)%+

<

N
uC+s (c + s) (C+8)n&s

N
ul+s (H + s) (H + S)!

- N
ul+s (L + S) (L+ )

H-c(N=-C-25)
(N—H —3)!
<

An upper bound for the ratio of blocking probabilities with FACT to the Minimum Allocation
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can be obtained, under the conditions that bmipbmez < 1 and H! < CH-L L1,

N . .
po,pacTul S (H +S> (H + b)!'i—,

Bmin = N
H+s (H+8)
PO.minPrnin (H +5) HHS
L
_ poracruftiLL
- H+8 1
pO.mian?;, THT

L
pO.FACTuH+s %

. Al +8 1
P0,minp IR
m HHSb ¥

L
Po,FACTHH+S %

"H
Po,minp*S imes

po.FacT Lt H!

Po,min HH L!

— H! bﬁmPo.F,\CT
LiCH-L b#mzpnvmiﬂ

< 1

0

This theorem is an extension of Theorem 6.1 from the infinite population to the finite popu-
lation case, or from the VC level to the burst level. Thus the same conclusions can be expected to

hold for bursts as well as for calls. Similarly, it can be shown that FACT rosults in higher utilization
at the burst level than do the fixed allocation policies.

All other performance measures can also be obtained from the probability distribution in a

fashion similar to that for the VC level, and hence they are not repeated here.

6.6 Mixed Traffic of Fixed and Flexible Calls

This section considers a network serving traffic of mixed types; that is, flexible calls served with
FACT and conventional calls with fixed bandwidth allocations. In other words, the traffic here is
considered to be a coexistence of the new flexible traffic and the existing traffic. This problem is
interesting because it indicates how the network will react if the new service class is introduced to
existing networks. The other interesting application is to consider how much of the existing traffic

should sign up for the new flexible service, and what the consequences are.
The early relinquishment policy defined in Chapter 4 is used for mixed traffic.

This section considers the performance issues only for bandwidth allocation. Another impor-
tant issue is optimal access control. This will be the topic of the next chapter.
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Traffic on a VP will be modeled as a stochastic process, and the equilibrium probabilities
will be derived in product forms. Then, various performance measures of interest are obtained and
compared to those of the conventional policies. The discussion will be based on the VC level only.

The study can easily be extended to the burst level by replacing fixed rate A2 with (N2 — na)As.

6.6.1 Analytical Model

Denote the number of fixed and flexible calls in progress by n; and n, respectively; and let the
row vector n be the state of the stochastic system of interest, where n = (n;,n2). Notations are:
nj = (n1 — 1,n3), n']’_' = (n; + 1,n2), g = (ny,na — 1), né‘ = {ny,na + 1), and column vectors
1 1 1 . .
bmax = ( b ): bmin = ( Bonin ), and b = ( b ) as the current bandwidth allocation for

maxr
the two classes.

service area

access control server/service unit

‘ bandwidth

allocation

completed

Figure 6.28: Model for Mixed Traffic

The communication network serving both fixed and flexible traffic is depicted in Figure 6.28.

The system behavior can then be described as follows.

Call Arrival and Departure Processes -

s Calls arrive independently from the two classes, fixed and flexible, according to Poisson pro-

cesses from infinite population with mean arrival rates A, and Aa, respectively.

e The call lengths are exponentially distributed for both classes with mean 1/x; and 1/us,

respectiveiy.

¢ The fixed calls are to be served each by exactly one BU. The flexible calls can be served by any

real number of bandwidth between by, and b;mg; BUs inclusively, where bmin < 1 < bmaz-

* An arriving class-i call is accepted at state n if the new state n} still satisfies admission

conditions.
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¢ The bandwidth allocated to each fixed call is always | BU for the duration of the call, The
bandwidth allocated to in-progress flexible calls, b, is a function of their number, na, so that

when na changes due to flexible call arrivals and departures. b is also adjusted by bandwidth
relinquishment or re-allocation.

bmar ffng _<_ L= L(C - ?n)/bma:_]
b=4¢ 1 fL<na<C—-m {G.19)
bmin  fC—m < na < H = |Cfbmin]

where m is such that C' — m is one of the early relinquishment thresholds as defined in Section
4.2.2. The other threshold is L. When the number of in-progress flexible calls reaches L or
C — m, bandwidth relinquishment is induced so that, respectively, either 1 or bmin BU are
allocated to each in-progress flexible call.

The modeled process for mixed traffic on a VP is a two dimensional bi:th-death process, Let
u#1(n) and p2(n) be the transition rates from state n to states ny and ng, respectively. Since the
departure rate of fixed calls is independent of flexible calls, we have

mi{n) =nyu (6.20)
Using an approach similar to that for a single class in the previous section, we obtain
Rabmazptz if na < L

ga(n) =< nops ifL<n,<C—-m (6.21)
Rabminggz If C—-m<na< I

Probability Distribution for Carrie? Mized Traffic

A state n is said to exist if n can be reached by FACT. Let. p(n) denote the steady state probability

for state n. The flow balance equation is given by

Y (a) + sm)p(m) = S (us(nf )p(nd) + (07 )p(s7 ) (6.22)
i=1 - =1

if all the states mentioned in the equation exist. If one or more states do not exist, then the
corresponding terms at both sides of the equation disappear. For instance, if state 115 exists, but
not n‘{, then only the first terms on both sides disappear. The local balance equations are

Aip(n) = pi(nf )p(nf) (6.23)

where 1 = 1, 2.

For i = 2,(i.e., the flexible class) and when na < L, applying (8.21) the local balance cquation
(6.23) becomes

Ax(n2)p(n) = (na + 1)bmaz pzp(nd)
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and, when L < ny < €' — m, it becomes

Az(na)p(n) = neuzp(nﬁ)

The state transition diagrams are given in Figure 6.29 for the three regions.

(o

n Ky

(a). Region n ;> C~m

(). Region L <n <C-m

(c). Regionn <L

Figure 6.29: State Transitions for Mixed Calls

The steady state probabilities can then be found as

p(n) = g1(n1)g2(n2)p(0) (6.24)

with p(0) as the normalization factor such that > p(n) =1, and

o
qi{ny) = n_l‘ (6.25)
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P2 [ (bn3, nal) forna g L
g2(na) = £27/(nalbrq, for L<ny<C~m (6.26)
P2 f(nalbp o€ mEL Y for C—m < na < H(O)

The proof of that theorem is obtained by verifying in (6.22).

6.6.2 Performance Measures and Comparisons

Once the steady state probabilities have been obtained, we then proceed to derive various perfor-
mance measures, such as utilization, average delay, blocking rate and so on. Due to the complexity
of the product form for the state probabilities, these measures can hardly be expressed in a compact
form. We are nevertheless able to provide the necessary formulas to facilitate the calculation of
various performance measures from the steady state probabilities. The process to obtain the per-
formance measures numerically is fairly straightforward and the computation cost is moderate. The

complexity in fact is O(C?), a polynominal function of the capacity C.

Call Blocking Rate

Let function H(z) be the maximal number of flexible calls that can be present in the system when
there are z fixed calls, and let function A(y) be the maximal number of fixed calls that can be present

in the the system when there are y flexible calls in the system. Thus,

~§ UC—2)bmin] if z<m
H(z) B { [(C— 'r)/bma.t_[ if >m

[C ~ ¥bmin} i y2C-m
hy)=4¢ m if L<y<C—=m
Lc_ybma:J if 0_<_ y< L

Theorem 6.8 [fI. = H, then flezible and fized ralls have the same blocking rale. [fL < H, then the
call blocking probability for the flezible class is always smaller than that of the fized class, regardless

of their respective arrival rates and lengths. Moreover, the blocking rafe difference is more than

m.E 0 ) - Hr o 0
P H(pr;l)bb EL 1(p-))p(0)

mar

Proof. Let Py; denote the call blocking rate for class-i (i=1,2), then we have

C H=1

Py = 3 plz, H(z)+ Y p(m,y) (6.27)
=0 =L
c Y

Pz = Y plz, H(z)) (6.28)
r=0

When H > L, Pspy > Poea because Prgy — Popo = z;’;; p(m,y) > 0, regardless of p1, pa, M, bmin or

bma: .
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Pigy = Pz = Y p(m,y)

H-1

C—m 1} 4
P 14
= ’Il(m)(QZ(L) + E !bf P(O) + E F—ébL—p(O))
y=L+1 Y-9maz y=C-m+1 ¥’min Ymaz

H~1
A

> q{m) Z ;,*bT—P(O)

y=f V' mar
H-1

f24
= q(m) Y —L2—p(0)
y=L

Y0mhaz

T (Eg(pa) — Ep-1(p2))
=q1(m)p1( H(pm)bL L-1(p2)

mazr

p(0)
a

This theorem implies that the call blocking rate can always be reduced by changing some traffic

from fixed to flexible.

Figure 6.30 illustrates this point by showing the call blocking probabilities for both fixed and
flexible calls, with miz as the percentage of calls converted to flexible from the original all fixed calls

for the same offered traffic load w.

The results show that the blocking rate difference between these two classes becomes insignifi-
cant when the amount of fixed calls is very small compared to the flexible calls, when the threshold
m is kept constant. The explanation is that when the number of the fixed call is far below m = C/2,
then fixed calls’ blocking rate is not affected by flexible calls. If the value of m is changed in relation
to the amount of fixed call traffic, then the blocking rate gap should be relatively stable. ‘This is
confirmed by the results shown in Figure 6.31, where m is set equal to be (1 — miz)C, miz is the

traflic mixture measured by the bandwidth utilization ratio of flexible calls to fixed calls.

"The final question is whether improvement in the call blocking rate is cost effective by providing

this new flexible service.

Average Call Delay

The marginal distribution p;(n;) can be obtained as follows.

sz(u - uH—L+1) E;:

p;(n1) = [EL(pQ/bmﬂ-f) + b#m:c(l - U)Ll T.‘.l!

(6.29)
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Figure 6.30: Blocking Rates for Mixed Calls with Constant m
P . b in=C o
a(ng) = —i—F + g L 6.30
p2(nz) n3!b;-[‘na:: Mm=nzbmac Pt T Fo Z nllb#m;:(c — n;}"’“"‘L! { )
nbmax=m+1
The average number of fixed calls in progress is given by
c
E(n1) =) ip(d) (6.31)
i=0
The average number of flexible calls in progress is given by
C/bmin
E(n)= Y jpa(i) (6.32)

i=0
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Figure 6.31: Blocking Rates for Mixed Calls with Variable m

From Little’s results, we can obtain immediately that the expected call delay for a fixed call is

E(n;)

E(Dh) = ————— 6.33
( 1) Al(l _Pbkl) ( )

and the expected call delay for flexible call is
E(Da) = ——72) (6.34)

Rl = Puia)

‘The maximum and minimum delay for a flexible call are 1.33 and 0.8, when the bandwidth
allocation is at the minimum and maximum, respectively, for the call duration. Figure 6.32 shows
the flexibie call delay for different traffic mixtures when m = C/2 is constant. The following explains

why the call delays are close to constant at the minimum and maximum for low (25%) and high
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Figure 6.32: Call Delay for Mixed Traffic with Fixed m

(75%) flexible traffic mixtures, respectively. When there are few flexible calls, each flexible call zets
the maximum bandwidth allocation, because m is the relatively small compared to the expected
number of fixed calls in progress. When m becomes relatively small as the number of flexible calls
increase, on the other hand, the bandwidth contention intensifies among flexibie calls, and each
flexible call is allocated its minimum bandwidth by FACT.

Similarly for the blocking rate, one would guess that the bandwidth contention among flexible
calls will stay relatively stable with the threshold m changing with the traffic mixture. The situation
for variable m = (1—miz)C shown in Figure 6.33 confirms this guess. By tuning the relation between
m and miz, it seems that any desired average flexible call delay can be obtained within the range
of 1/bmin = 1.33 and 1/bmaz = 0.8, while the call delay for fixed calls is always 1.
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Figure 6.33: Call Delay for Mixed Traffic with Variable m

Bandwidth Ulilization

The exact formula for bandwidth utilization is given by

Ewy= 3" Y obmaxpm)+ 3. D> (m+nap(n)+ 3 3 nb_ ;. p(n)

nl<Cna<L n<mLLng{C—m n;(mC—m(ngSH(nl)
(6.35)

Analogous to the single class traffic situation, one might, following Theorem 6.8, venture to
conjecture that bandwidth utilization can be improved by converting fixed calls into flexible calls.
Figure 6.34 shows utilization for variable m. The interesting result is that expected bandwidth
utilization is at its lowest when there are 40% of flexible calls among the offered traffic, and it

exceeds all the previous values when this ratio (mix) is increased to 60%, and will keep growing with
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Figure 6.34: Bandwidth Utilization for Mixed Traffic with Variable m

increasing the mix percentage. This result indicates that the bandwidth utilization does not always
improve by converting more fixed calls into flexible calis.

Relinquishment Probability

A relinquishment happens only when the state transition moves up vertically crossing the region
boundary in the state diagram. In other words, the arrival request triggers relinquishment when the
current state is na = L or g = C — m. Thus, the relinquishment probability is given by

P(reling) = pa(L) + p2(C — m) (6.36)
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Figure 6.35: Relinquishment Probability for Mixed Traffic with Variable m

Figure 6.35 shows the relinquishment probabilities for mixed traffic with m = (1~ miz)C. It
agrees with the results of call delay in that the flexible calls are allocated the minimum bandwidth

when their number is relatively large, therefore allowing little relinquishment activity.

So far, traffic of one class of flexible calls mixed with traffic from one class of fixed calls has
been studied. The analysis can be extended to multiple classes of fixed call traffic mixed with one
class of flexible call traffic without substantial difficulty. The extension beyond one class of flexible
calls, however, remains an open problem. Several attempts have been made and some experiences

gained. The next section discusses these attempts and discoveries.
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6.7 Multiple Classes

Three attemnpts have been made to obtain analytical solutions for traffic with multiple flexible classes.
They are the following.

1. Complete partitioning, where call acceptance, bandwidth relinguishment and re-allocation are
all done within the same class only.

2. Virtual partitioning, where relinquishment and re-allocation are made within the same class

only, and the acceptance of a new arrival is based on bandwidth availability in the VP regardless
of classes.

3. Complete sharing, where relinquishment and re-allocation apply to all classes, and no parti-
tioning of bandwidth resources is made at all.

The difference between a virtual partitioning and a complete partitioning is that, in the latter, a
new arrival will be accepted only if there is available bandwidth for the arriving :all’s class. The
first two attempts to complete the analysis were unsuccessful, and the difficuities are analyzed and
documented here. For the last attempt, complete partitioning, the analysis has been carried out.

Here, these attempts and experiences are described for two flexible classes.

Again, it is assumed that class-i call requests arrive independently according to Poisson arrival
processes with rate A;. The amount of information to be transmitted for a class-i call is ascumed

to be exponentially distributed with mean 1/y;. The bandwidth of a class-i call can be any value
between bmin ; and bmaz i

Attempt 1: Complete Partitioning

Complete partitioning is a classic resource sharing strategy. [t partitions the bandwidth (or resource
in general) among all classes, and calls from the same class deal with the resource dedicated to that
class only. Thus the bandwidth allocation and access control for each class is independent of the

other classes.

The novelty in our study is to allow that each class be flexible. Because cach class behaves
independently with the complete partitioning policy, the single c¢lass solution can then be applied
to each partition. Therefore, the solution to complete partitioning is already known from the study
in the previous section. There does, however, exist a new problem for multiple flexible CBR traffic
classes with complete partitioning. That is, how to partition the bandwidth among all the classes.
1t is a practical design issue depending on the particular traffic and network parameters and various
performance requirements. Given these parameters and requirerents, the analytical results in this



CII. 6. DYNAMIC ALLOCATION: ANALYTICAL PERFORMANCE STUDY 117

study can be used to find the optimal partitioning. An example procedure is discussed in Chapter

8: Implementation and Application Issues.

Attempt 2: Virtual Partitioning

By virtual partitioning we mean that re-allocation and relinquishment apply to the same class only,
whereas the idle capacity can be given to new arrivals from any class. This policy will then result in
the “death rate” for state (z,y) being different, perceivably easier than that in Attempt 1 because
only one class is involved. However, the difficulty arises from the fact that the process can no
longer be characterized by the number of calls (x,y). This is because the process have different
characteristics even with the same (z, y) if that state is reached from different routes. For example,
(1,L — 1) may mean either that class-1 uses its maximum bandwidth and then class-2 calls are
assigned equally with less than their maximal requirement, or that class-2 calls are accepted first at
their maximal requirement, and then the class-1 calls are accepted at whatever capacity left. These
two routes have different departure rates, and cannot be characterized as the same state. So, the
virtual partitioning will have a very large state space and is not attractive from the computation

complexity view point.

Attempt 3: Complete Sharing

Figure 6.36 illustrates the state diagram for two classes of flexible calls. The number of calls is
denoted by x for the first class, and y for the second class. [t is assumed that the bandwidth
requirement of the second class is always b times of that of the first class calls. The maximal number
of the second class calls that can be served by capacity C is therefore H/b, where H is the maximal
number of the first class calls that can be served by C.

If0 < &+ by <L,ie., in zone-l of Figure 6.36,

(’\l,ma:r: + '\'.Z,ma.r + 1 . mard 4 ﬂ'_’,mazy)p(x, y)
= AmarP(Z ~ 1y} + f1,maz(z + Dp(z + 1, 1)
+A2.ma=p($1 ¥+ 1) + F‘z,maz(y + 1)}3(37, y+ 1)

IfL<z+by< H,ie.,in zone-Il in Figure 6.36,
(M + A2+ T+ pando(z,y) = Aplz— 1L y) + m(z+ Dp(z+1,y)
+Aap(2, y+ 1) + p2(y + 1)p(z, ¥y + 1)

Andif L-1<z+by<Land L-b<z+by <L, ie., both states {z + 1,y) and {z,y + 1) are

outside zone-I,

(’\l.maz + A'.’,ma:: + 81, mazs + ﬂ?,mazy)p(wy y)
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/b BB

Figure 6.36: State Diagram for Two Flexible Classes

= AmazP(T = 1,y) + pt1mac(z + Dp(z + 1, 9)
+A2,mazP(za y+1)+ H2,maz(y + Dp(z,y+ I)

AndifL—-1 < z+by < Land L~4 2 & + by, ie, only (z + 1,y) is outside zone-1, And il
L—1>z+byand L-b<c+by<L, ie,only (z, ¥+ 1) is outside zone-I,

At this point, it seems that the state probability formula cannot be derived in a product form.

Nevertheless, the performance measures can stiil be obtained numerically.

6.8 Summary

In this chapter, the performance issues of dynamic bandwidth allocation have been studied for
FACT.

When a VP carries traffic from the same class, this thesis has proved that FACT can achieve
better average blocking and utilization than the allocation fixed at any non-minimum bandwidth
requirement for both call and burst levels. The maximum allocation may achieve shorter call delay
than FACT. This thesis, has found an upper limit for the average call delay with FACT.

For the policy with allocation fixed at the minimum, this thesis has found certain conditions
under which it is outperformed by FACT in call/burst blocking and bandwidth utilization. Moreover,
FACT can always result in shorter call delay than the fixed minimum allocation policy.
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This chapter also identified that increasing the range of acceptable bandwidth is more effective

in improving blocking and utilization than providing additional queue capacity.

It is proved in this thesis that the call blocking rate can always be reduced by converting
the existing fixed bandwidth calls into flexible bandwidth calls. The conversion, however, may not
always improve the utilization, depending on the choice of boundary for the fixed call m. If m is
constant, then the utilization can always be improved by converting more fixed calls into flexible
ones. If m is a function of the mixture of the traffic, the utilization, however, is not necessarily

improved by the conversion.

For muitiple flexible call classes, the same results are applicable, if complete partitioning is
used for a VP. Otherwise, results are still to be found.



Chapter 7

Dynamic Access Control: Optimal
Policies

7.1 Overview

When there is more than one class of calls, access control policies can be employed to determine for
each state whether or not an arriving call should be accepted by assigning a decision ~ admission or
blocking - to each possible state transition. The state is normally the number of in-progress calls
of each class. Given a set of states, a policy can be found among all possible access control policies
such that the reward is optimized by applying this policy. This policy is called an optimal access
contrcl policy. The reward measure varies according to optimization objectives. For network service
providers, the reward usually is the profit, i.e, the revenue based on tariff and usage minus the cost
of providing the services. The optimal access control policy hence, in this case, is to maximize the
profit over a given time period which can be just the instant of the decision, a infinite time period,

or any period between these two.

The static access control studied in Chapter 5 is concerned with instantaneous performance.
Whereas the dynamic access control considered in this chapter is interested in statistical perfor-

mance over a long period of time, considering traffic as stochastic process with random arrivals and
departures of calls and bursts.

The main results in this chapter deal with mixed traffic of two classes: one of fixed bandwidth
calls and one of flexible bandwidth calls. An analytical model for mixed classes is presented in the
next section. It is an extension of the model for bandwidth allocation of mixed traffic in Chapter
6. This extension is applicable for not only the VC level but also the burst level. The discussions
of access control policies are limited to a class of policies called coordinate convex policies. The

optimal policies are proved in Section 7.3 to have a certain structure, namely, a threshold structure.

120
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The difficulties and possible directions for optimal control for more than two classes are discussed

in the last section.

7.2 Model for Mixed Classes of Fixed and Flexible Calls

This section considers a network serving traffic that is a mixture of flexible and fixed type calls.
The bandwidth allocation problems have been considered in the previous chapter for the VC level
control. The stochastic system behavior was described there for call handling. The same model can
be expanded to represent both the VC level and the burst level by changing the constant arrival
rate A; at state n to a state-dependent non-increasing X;(n;). When A;(n;) = A;, the traffic is said
to be Erlang; and when A;(n;) = (N; —ni));, the traffic is said to be Engset. The VC level traffic is
Erlang, because of the infinite subscribers assumption, and the burst level traffic is Engset because
the population is a finite number, the number of in-progress calls (N;). Figure 7.37 depicts the
unified model for both levels, where the arrival rates from both classes are the generalized X;(n;)
with n; being the number of class-i in-progress calls. The access control part decides whether or not

to accept the arriving calls according to the optimal access control policy.

fixed calls service area

Ay access control serverfservice umit

bandwidth

flexible calls .
allocation
ey 1 completed

blocked

Call/VC level : Erlang maffic A(m) =34,
Burst Level: Ergset Traffic A (n:) =(Nn) A -

I.  number of in-progress class—i calls

Figure 7.37: Unified Model for the Call and Burst Levels with Mixed Traffic

Similar to the model in Section 6.5, the set of all possible states is:
Qp = {n: (ab;, £C)A(n; < mVnbmax < C)}

Access control policies operate on a subset of Qp.
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The state transition diagram for the unified model is the same as Figure 6.29, except that the
arrival rate A; is now replaced by a generalized A;(n;).
Similarly, the steady state probability distribution can be found as
p(n} = q1(n1)g2(n2)p(0) (7.1)

with p(0) as a normalization factor such that Lnea, P(n) = 1, but the factors ¢ and g; are based
on the generalized A;(n;) as

!‘l:‘—l .
o i
ai(ng) = _'—l;llL() (7.2)
ng—i .
H;::ﬁ::f” forna< L
h:— -
g2(n2) = _’%LLM for L<na<C—m (7.3)
“:‘—’?‘x -
2 a(f)
m’,,;::;bl_; Jorc—m < n: € Clbnin

It can be verified that the stationary system satisfies Kolmogorov’s Criteria for reversibility.

Without causing ambiguity, the term “call” in this chapter is used for both burst and call.
‘When the population is finite, the “call” should be understood as burst.

7.3 Optimal Policies Structure
7.3.1 Coordinate Convex Policies

Most studies on optimal resource access consider a special class of access control policies, namely,
the coordinate conver policies 18], [19], [27], [36], [60].

Definition 7.1 A policy associated with state set Q is said to be coordinale conver {CC)ifneQ
and n; > 0 implies n; € Q for all class-i, and a class-i call is accepted when the system is in slale
n if and only if n} € Q.

The CC policies are a very rich class of policies, since the only requirement is to allow state
transitions in both directions along each coordinate. The state transition from n to nJ naturally
must be allowed, otherwise it would mean that no class-i calls can be completed when the system is
in state n. The actual requirement, thus, is to allow the state transition {rom n] to n if n and n;"
are both in the state set 2. This a practical condition for broadband communication networks, as a
relatively small decision table is required for all possible states, as compared to for all possible state
transitions. This is also a reasonable condition. Because the calls from the same class are considered

to be statistically identical, there is no particular reason that the ny class-1 calls and n, class-2
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calls at state n would behave differently if state n is reached from different paths. Therefore, it is

reasonable and practical not to limit direction of state transition between two neighboring states.

The discussion on access control policies in this thesis is limited to coordinate convex policies

only. Henceforth, the term “policy” will mean coordinate convex policy.

A CC policy can be identified by a set of states, and, hence, notations of set theory are used

here to refer to the associated stochastic processes in the following discussion.

The associated stochastic system for any policy is a truncated process of the reversible pro-
cess for §2p. Following the property of truncated reversible processes (Corollary 1.10 in [38]), the

equilibrium probabilities can be obtained.

Lemma 7.1 The equilibrium probability for the stochastic process under policy Q being in state n

is denoted by pa(n). Then,

pa(n) = q1(r1)g2(n2)/G(Q) (7.4)
where q1(n1) and ga{no) are those defined for Qp by equations (7.2) and (7.3), and the normalization
Jactor G(R0) = ) Jnen q1(ni)qz(nz)

7.3.2 Reward Function

The cbjective of optimal access control is to maximize the reward. More specifically, if the time axis
is finite, the objective can be translated into optimization of the total reward during that period
of interest. The time period is, however, often not known, or the time axis is infinite without a
future cutefl point. In this case, the objective of optimal access control then becomes maximizing

the average reward.

Let column vector r = ( :1 ) be the reward rate per call for each of the classes. The unit of
2

reward is chosen such that r; > 1 for all i. The average reward for a policy Q is denoted by R(f2),
and

R(Q) = Z nrpg(n)

nea

The optimal access control policy then can be defined for a given reward function.

Definition 7.2 4 policy Qqp is said to be oplimal if

R(Qop) = max{R(Q) 1 Q g QF}
Lemma 7.2 Let a,b,c and d be constant integers such thata < b aend e < d. IfQ = {(n,n0) €
Qr:a<ny <bc<ny <d}, Then

R(Q) = riz(a,b) + raza(c, d)
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where z;{a,b) = %;;-"'_“‘)

TICK
Proof.

R(Q)

H

b od
Z Z(rli + r2j)pali, i)

ima Egm(f‘ﬂ' + r27)q1(i)ga(J)
Y ima Diee 11()7205)
Totea Toime M1 (i) Yho, Ti r2iga(i)
S T anl) | T S (e
i in(i) | 2?=chz(j)

E?:a ql(i) E;‘i:c q:.r(j)
= rizi(a, b) + rexa(c, d)

0

The function z;(a, ) can be considered as the first moment of a birth-death process X;(?) of
states between a and b inclusively. The stochastic process X;(t) has Poisson arrival of rate A;(n;)

and has the same departure rate p;(n;) at state n as in the Qp.

The policy considered in Lemma 7.2 is actually of a rectangular geometry. Two specific cases
of it are the following two policies of one dimensional linear geometry, If policy £ has the form
Q={(i,nz):a <i<b}, then

R(Q) = mzi{a,b) + rana (7.5)

If a policy § has the form Q = {(n1,7) : a < j < b}, then

R{Q) = riny + raza(a, b) (7.6)

The following properties of z;(:) are also used later.
zi(a —1,0) < zi(a,b) < zi(a, b4+ 1)

a < rife,b)<b

The following property of z,(-) is a direct application of a lemma by Ross and Tsang in {60]
for fixed allocation policies.

Lemma 7.3 [60] For any nonnegative inlegers a,b,¢,d, e, f witha < b,c <d,e < fiatc<e, b+d <
f; then

a:l(a,b) + rl(cu d) > :Ug(e,f)
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Proof. Since py{ni) = nip for the VC level and gy(ny) = (Ny — ny)p for the burst level, X1(2)
is, thus, the same process considered in Lemma 3 of {60]. Hence, that lemma for fixed allocation

policies holds true for class-1, the fixed-call class. m|

A particular application of this lemma that will be used later is
210, hli — 1) — h(3)) + z1(a, h(3)) 2 21(a, hli = 1)) (2.7)

where A(i) defined in the previous chapter is the maximal number of fixed calls that can be accepted

when there are i flexible calls in progress.

This lemma, however, is not applicable to za(-), because the condition of the non-increasing
Aa(k)/puz(k) cannot be met with flexible calls under FACT.

Lemma 7.4 [fset Q= {(a,j— 1 (a+ 1,7 =1, (0,5~ 1),(a,5),(a+1,5), -, (b, 1)}, and its
subset w = {{a, ), (a,j— 1), (a+1,j—1),-+,(b,j—1)}, where b > a end Q C QF (see Figure 7.88).
Then R(Q) > R(w).

Q
j O[O0 0 O
1 O OO O

Y

a b

Figure 7.38: Subset Reward Less Than Full Set Reward

Proof. ‘The stochastic process associated with each set is a truncated reversible process of that

associated with Qp. Thus,

_ Znennrai(ni)ga(ns)
R = Ynea @1{n1)ga(ns)
R(w) EnEw nrq;(ny)qz(ns)

> new N1(n1)g2(n2)
Somza BEQ{R1)g2(j ~ 1) + (ary + jra)m(a)ge(s)
Tomima 01(m1)g2(3 = 1) + 01(a)g2(4)
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Thus, the nominator of R(Q) - R(w) is

b
>~ nrgi(ny)ga(n) [3° n(n)a2li = 1) + ai(ajaa ()]

nen np=g

b
= > an)aa(n2) [Y mrqu(ni)ga(s = 1) + (ary + jra)as (@)ga()]

nea ni=a
b B
= > arg(n)e(m) Y alu)e(-1) - Y alnidga(na) D urqi{ng)p - 1)
nen m=a Nes ni=o6
+ 2 nra(m)aa(n2)ai(9)ga(s) = Y qu(na)ga(na)(ars + jra)as(a)aa(s)
neda nen

b b
= Do al)el-1 3 (e +6 = Drdg(ndee - 1) + (nir + ra)gun)as(5)]

ni=a ni=a

5 b
- Z (nir + (j = Dra)qa(ny )ga(5 — 1) Z g1(n1)fg2(7 = 1) + ¢(4)]

ni=a n=a

) ,
+q1{a)g2(5) Z [(nare + (7 = Dra)ar(n)ga(i = 1) + (nary + jradau(n)a(5)]

b
—(ar1 + jra)qi(e)a2(3) D q1(na)(g2(i = 1) + 9(4))

b -
= 2 alm)al-1) 3 [(mr +r2)a(n)g()]

b
+01(2)g2(7) E [(nary + r2)qu(ns)g2(F — 1))

ny=a

> 0

Thus, R(Q) > R{w). m]

Definition 7.3 (). A nonempty set S C Qp is incrementally admissible (14) with respect to a
policy Q if QNS =0 and QU S s also a policy.

(b). A nomempty set S C Qp is incrementally removable (IR) with respect to Q if @ — S is also a
policy.

Lemma 7.5 [19] Suppose 2 be optimal, 5~ is IR with respect to QU and St is [A with respect 1o Q.
Then

R(S*) < R(Q) < R(S7)
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7.3.3 Threshold Type Policies

Threshold policies have commonly been used in resource allocation to restrict the access of one class,

while allowing free access of the others. The formal definition is given below.

Definition 7.4 (a). A policy$} is said to be of threshold type-i, i=1,2, if there exists l; = 0,1, -+, Ny—
1 such that
Q={nelpr:n <k}

where N; is the mazimal number of class-i calls allowed under Qp, i.e., Ny = C and N2 = H(0).
(b) A policy Q is seid 1o be of double threshold iype if there existh =0,1,..-,C; b =0, 1, - H{0)-1
such that

Q={neQr:n <l;i=1,2}

threshold type-2 threshold type-1 double threshold

Figure 7.39: Threshold Policies

Figure 7.39 illustrates examples of these three types, where the outer area with dotted boundary
lines represents the set of all possible states Qr, and the area with solid boundary lines is a policy
Q C QF of a certain threshold type. Threshold type-1 and type-2 policies restrict, respectively, the
access of class-1 (fixed) and class-2 (flexible) calls to the network. Double threshold policies place
limits on both classes. It is proved in this section that the optimal policy is in fact of a certain
threshold type under some tariff structures.

Definition 7.5 Let Q be a policy and n € Qp — Q.
fa). n is a double corner point for Q ifny > 1, na> 1, n7 €Q fori=1,2.
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(b). n is a type-i corner point for Q if np > 1, n_ €Q and ni =0 orn; € Q, where notation i~

is the complement of i, ie., i" =2 4fi=landi" =1 ifi=2.

A double corner point is both a type-1 and a type-2 corner point. In other words, both type-1 and
type-2 corner points contain all corner points. As shown in Figure 7.40, a point on the x-axis (point
X in the figure) can be a type-1 corner point, but not a type-2; whereas a point on the y-axis (point
Y in the figure) can be a type-2 corner point, but not a type-1; and a double corner point cannot
be on either axis, according to the definition.

O comer point
b & & 5
L e X type-2 comer point
h & »n 3 .
Y type-1 comer point
h 2 W 2
k¢t -."t-.,‘
VI W L. ...;'-_._Dl

Ak ll

Figure 7.40: Corner Points

From the definition of these three types of corner points, a policy £ can have a double corner
point only if € is a true subset of the largest possible set Qp; that is  C Qp. Previous studies
allowed I; < N; in the definition of the threshold types (e.g., [60]), thereby resulting in the largest
possible set (QF) itself being all of the three threshold policy types as well. In other existing studies,
the existence of a type-i corner point was often assumed during the process of proving a threshold
type, implying that the policy under study is a true subset of 7. That is not a valid assumption,
if I; = N; is allowed. Hence, this thesis has introduced the condition §; < ¥; in Definition 7.4 as
opposed to l; < N;.

Lemma 7.6 [60] (a). A policy is double-threshold if and only if it has no double corner point.
(b). A policy is type-i threshold if and only if il has no type-i corner point.

The proof of a threshold policy, hence, amounts to proving the nonexistence of the corner points of

the corresponding type.
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7.3.4 Optimal Policy Structures

Lemma 7.7 [f (n1,n2) is a lype-2 corner poini for policy §2, then there exisis j = 1,...H(0) such
that ny = h(j) + 1. Moreover, 12 > -;- The functions H(i) and h(j) have been defined in Chapter 6
as the mazimal number of class-2 (flexible) and class-1 (fized)} calls that can be served by the network

when there are i class-1 and j class-2 calls in progress, respectively.

Proof. The proof is divided into two steps. The first step uses contradiction to show that there
exists a j = 1,---, H(0) such that n; = A{j) + 1. The second step is to prove that this j further
satisfies rp/r1 > 1/7.

First suppose there isno j = 1,..., H(0) such that n; = h(j)+1. Let n = max{k : (my—1,n1+k) €
2} . By the definition of type-2 corner point, (n; — 1,n2) € Q. If we remove S~ = {(n; —1,n2+1):
i=20,.--,n} from Q, the remaining set  — 5§~ is still a policy. In other words, S~ is IR with

respect to Q.

Since ny # h(j)+1 and (n1, n2) € Q by the definition of a type-2 corner point, S* = {(ny, na+i):
i=0,..,n}is IA with respect to §2. The condition ny # h{j) + 1 comes into play here, because

otherwise St may not contain (ny,ny + n). Examples in Figure 7.41 can serve as visual aids.
From equation (7.6) we now have
R(S*) = riny + raza(na, ng + n) > ri(n; — 1) + raza(ng, n2 +n) = R(S™)
which contradicts Lemma 7.5. Therefore, there exists a j such that ny = A{j) + 1.
Second, now redefining St = {(n1,n2)} and
ST ={z ) € :n2 <y < hH+ 1)+ 1 < 2 <A}

With respect to Q, 5% is IA, and 5~ N Q is IR. The example in Figure 7.41 can serve as a visual
aid.

From Lemma 7.2,

R(ST) = mzi(h(G + 1)+ 1, h(5)} + raza(ne, 5)
R(S+) = T‘l(h(]) =+ 1) -4 ransg
And R(57) 2 R(S™ NQ) > R(51), according to Lemma 7.4, and Lemma 7.5. Therefore,
2oy hG+1-=(GG+1)+LAG)

L z2(n2,j) — na
s B +1-z(r(G+1)+1,h()
B i

> 1
2
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i -
=1

j+l -
j -

h(g+1>  h()
Step 2: proving 12/r1 >= 1/j

Figure 7.41: Position of Type-2 Corner Point

as a < zi(a, b) < b, This completes the proof. w}

This lemma immediately leads to the following theorem on the relation between tariff structure
and the optimal policy structure.

Theorem 7.1 If the tariff is struciured such that profit rate of a flezible call is less then bnn /C
times that of a fized call, i.e., ra/r1 < bmin/C, then long term average profit can be mazimized by
limiling the number of flexible calls allowed to access the lLink.

Proof. Suppose that optimal policy £, is not of threshold type-2 when ra/r; < bmin/C. Then,
according to Lemma 7.6 €,p has a type-2 corner point. Furthermore, according to Lemma 7.7, there
exists an integer j = 1,---, H(0), such that ra/ry > 1/j > 1/H(0) > bmin/C. This contradicts
the condition r3/r; < bmin/C. Thus, the optimal policy cannot have a type-2 corner point when

72/7r1 < bmin/C. Therefore, according to Lemma 7.6, the optimal policy €2, is of threshold type-2.
(=}

An immediate result of this theorem is the policy form when r, < r,. This is a stronger

condition, but easier to identify, as they can be found directly from the tariff schedule approved
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by the government regulatory agency. The optimal policy can then be derived without having to

caleulate the cost and the profit rate.

Corollary 7.1 If the flexible-call tariff is lower than the fized-call tariff, then long lerm gverage
profil can be optimized by restricling the number of flezible calls allowed 1o access the link.

Proof. Since it costs more to support fiexible calls than fixed calls, r2 < r;. The conclusion
immediately follows from Theorem 7.1 m]

A similar result for a type-1 threshold policy is proved in the rest of this section. To do so, a

lemma is needed for a type-1 corner point like Lemma 7.7 for a type-2 corner point.

Lemma 7.8 If(n1,n2) is a type-1 corner point for optimal policy §), then there exists j = 1, ... H(0)
such that ny = h(j + 1) + 1. Moreover, o< z1(0, h(i — 1) — h{1)).

Proof. By the definition of a type-1 corner point, (n1, nz) is either a double corner point or ny = 0.
In the latter case, ny = A{H(0) + 1) + 1 by the definition of A(j). In the former case, n, = h{k) +1
with k = 1,- .-, H(0) according to Lemma 7.7. But k cannot be 1 for a type-1 corner point, because
ny = k(1) + 1 implies ny = 0, contradicting the type-1 corner point definition. Therefore, there
exists j = 2,---, H(0) + 1 such that n; = k(j} 4 1 for the type-1 corner point (ny, n2).

Dencte n = max{k : (n; + £,n2 —~ 1) € Q} Since (1, n2) & Q by the definition of type-1 corner
point, then n > 0. Let integer ¢ > 0 be such that k(i) < ny+n < h{i—1). Sincen;+n > n; = h(j)+1,
we have 0 < i < j. If we remove §~ = {(ny +i,ny—1):i=0,---,n} from @, Q - S~ isstill a
policy. In other words, S~ is IR with respect to 2. The set above $~, but with shorter horizontal
length, S* = {{k,n3) : k =ny,---,h(i)} is IA with respect to Q.

Following equations (7.5) we now have
R(S*) = riz1(n1, h(3)) + ra(n2)

and
R(S7)=rzi(n1ny + n) + ra(na — 1) < myza(ng, h(E — 1)) + ra(nz — 1)
Applying Lemma 7.5, we obtain
rizi(ny, A(i)) + ra(ng) < rzany, k(i = 1)) + ro{n2 = 1)

Thus,

r

= < o1, b = 1)) = @a(m, ()
According to (7.7), it becomes

= <210, Ali — 1) - A(9)

This completes the proof. m}
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Theorem 7.2 Denote B = [bnaz|. If the tariff is structured such that the profit rate for a flezible
call is more than z,(0, B) times that for ¢ fized call, i.c.. rafr; > {0, B), then long term average
profil can be mazimized by limiting the number of fired calls allowed 1o access the link.

Proof. Notice that A(i — 1) — &(i} £ B = [bmaz |, and z;(0, z) is an increasing function of £. Thus
re
';_I S 31(01 B)

This follows immediately from Lemma 7.8. |

Apart from b4z, the condition in this theorem is also sensitive to the fixed-call traffic flow pa-

rameters A; and g;. The following corollary presents a condition insensitive to the arrival/departure
process p;.

Corollary 7.2 Ifry/ry > B, the long term average profit can be mazimized by limiting the number
of fized calls allowed lo access the link, regardless of ireffic parameters.

Proof. Because ra/ry > B > £1{0, B) regardless any other parameters. a

A very interesting observation can be made here for the connection between the dynamic
allocation and the static allocation optimizations. Because the volume {bandwidth allocation) for a
flexible call is always smaller than or equal to B = [by,;], the reward to volume ratio for a flexible
call is always greater than ra/B, which in turn is greater than that ratio for a fixed call, ry, in
that corollary, as a fixed call always received fixed bandwidth allocation 1 BU. Corollary 7.2, hence,
can be interpreted to mean that it is optimal to allow the flexible call class unlimited access, while
limiting access to the fixed call class, when the reward to volume ratio for the flexible calls is larger
than fixed calls.

This is very similar to the heuristic knapsack algorithm for static allocation, where the class
with the largest reward to volume ratio is allowed unlimited access, and the class with lower ratic are
admitted only after the class with higher ratio have already been admitted. This seems to suggest
that, from the view point of the average reward over a long period, access control can be optimized

by ignoring the traffic parameters. In other words, the static allocation might be able to reach the

same optimal decision as the dynamic one over a long period.

7.4 Discussions of Multiple Classes

So far, this thesis has proved that, under certain conditions, the optimal access control policy can

still be of threshold type if one of the two classes is flexible. The next step is naturally the expansion
into more than two classes.



CH. 7. DYNAMIC ACCESS CONTROL: OFPTIMAL POLICIES 133

After varicus attempts, it became clear that, when there is more than one class of flexible
calls, the stochastic process is no longer reversible. To illustrate this property, Figure 7.42 provides
a counter-example to the reversibility for muitiple flexible classes. In this example, bandwidth
allocation for class-1 flexible calls is » BUs at n; and 1 at ny + 1. The process is not reversible

according to Kolmogorov's Criteria for reversibility.

. - L L] o] ]

" T S T S S S S

Figure 7.42: Irreversibility Example for Multiple Flexible Classes

This finding indicates that future studies inust find a new technique other than the current one
with truncated reversible processes in order to prove the existence of a similar threshold structure

for multiple flexible classes.



Chapter 8

Simulation Study

A detailed simulator was built to model a communication network with the new flexible bandwidth
service, protocols and the FACT scheme. The simulation studies were conducted mainly for ihe

following two reasons.

First, a detailed simulator provides a realistic testbed to evaluate the perlormance of the
flexible bandwidth service, as a complement to the analytical studies. While many assumptions and
simplifications are necessary to make the analysis tractable, the simulator can model the network
to a very fine detail and under realistic conditions, thereby allowing for the investigation of the
impact of various parameters ignored by the analysis. For instance, link transmission latency value
is considered to be zero to simplify analysis, but any transmission latency can be casily modecled
and studied with a simulator.

Second, simulation also serves as an implementation study for the new service and protocols
designed in this thesis. The simulator is actually a detailed implementation of the new service
and protocols at both the user equipment and network switches. Many implementation issucs
can be clarified and verified only with a detailed implementation. Many valuable insights into

implementation details have been gainied from the process of building this detailed simulator.

The next section provides a brief overview of the simulator. The configuration, traffic and
signaling control are presented in Section 8.2. The input control parameters and processing of
the captured events are discussed in Sections 8.3 and 8.4, respectively. Section 8.5 addresses the
verification and validation of the simulator. The role of simulation in validating the protocol itself

is discussed in the last section.

8.1 Overview

134
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Figure 8.43: Simulation Eavironment

Figure 8.43 outlines the structure of the simulation environment. The simulator is built with
the System for Modeling Unslotted Real-time Phenomena (SMURPH) [21). SMURPH facilitates
controlling of the protocol state machine and media access. In the context of B-ISDN, most func-
tionalities of SONET at the OC level are emulated by SMURPH transparently to the upper layer
protocols. The upper layer protocols can access the STS frames directly without having to worry

about conversion and transmission at the OC level.

Above SMURPH is the implementation of a communication network with the new service,

protocols and the flexible access control technique designed in this thesis.

The simulator produces a log of events which occurred and were captured during the simulation.
The basic events recorded are signaling messages and consequent actions taken by the network nodes.

The performance statistics are obtained by processing the event log.

The network configuration is controlled from outside the simulator through a set of input
parameters. For instance, the comparison of networks with and without FACT is done with the

change of one input parameter only.

The granularity of the simulator, or the clock tick in the simulation, was chosen to be the
insertion time for one ATM cell at the given STS level. it is the smallest time interval between
which two events can be differentiated. For instance, when simulating STS-78, one tick is 108.6ns,
or there are about 9.2 million ticks per second. Although granularity at the frame transmission
level would be adequate for measuring the performance of signaling protocols, granularity at the cell
level was chosen to capture details at an even finer level. To set the simulation tick at the octet

level would be unnecessary, however, since most decoding is done at the cell level rather than on an
octet-by-octet basis in ATM networks.
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Distances in the simulator are measured by the propagation delay in terms of ticks at the media

transmission speed. A distance of 1 tick, thus, corresponds to 21.7 meters, if OC-T8 is transmitted
at 2 x 10° km/s.

8.2 Simulator Configuration

The simulator contains two types of network nodes: switches and local subscriber groups. Traffic
originates and terminates at the local subscriber groups, while the switches are responsible for
access control, bandwidth allocation and traffic routing. Figure 8.44 illustrates the configuration of
the simulation model. At the bottom of the figure is an overview of the simulation model, and at

the top is the building module of the simulator with one switch and one local subscriber group.

Since the routing and connectivity problems are outside the scope of this thesis, a network
of linear topology is modeled. This topology still permits the study of the situations where traffic
enters from and exits to points outside the modeled configuration, because the local subscriber group

nodes can be used to model gateways or routers to other networks whose internal details are not of
interest to this investigation.

8.2.1 Traffic and Network Nodes

As implied by the name, a local subscriber group node is actually a group of communication service
subscribers of the network. The notation “local” is relative to the swilch connected directly to that

node. Such nodes are also called traffic nodes, because they send and receive traffic streams, or calls.

A call can be of either fixed or flexible bandwidth demand. A traffic node can initiate both
flexible calls and fixed bandwidth calls at the same time. It can be considered as containing two
camps of subscribers of fixed and flexible bandwidth demands, respectively, with an arriving call
from the the first camp with probability miz and from the second with 1 — miz. The probability for
a call being flexible, miz, is specified from the input data file. For the flexible traffic, Lhe acceptable

bandwidth range is between 1 — f and 1 + f BUs, with the flexibility parameter f also defined in
the input data file.

VPI = (Cell->Receiver == j+d+w )

The network nodes are indexed from 0 to w — 1 for all switches first, from left to right, then
local subscriber groups from w to 2w + 2, where w is the total number of switches in the network.
The left-hand side of a node is said to be side 1, and the right-hand side 2. The traffic node at the
side d of switch i thus has index w+ i 4 d. Figure 8.45 shows the interconnection and numbering of
the network nodes with w = 4.
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Figure 8.44: Network Model for Simulation

Without loss of generality, a call between two local subscriber group nodes is assumed to be
initiated by the node with lower index number. Hence, call requests are always addressed to the

nodes located at the right of the calling nodes.

Addressing of the call is randomly distributed such that a call leaving a switch has equal
probability of terminating at its local subscriber group or traveling further beyond to some remote
nodes. This is accomplished by setting the probability Pugqr(%,7) for a call from node i being
addressed to j, where nodes £, j are not the pairs at the ends of network, as

0 i2j

Pagar(i, f) = 2'(-’:":) i<j<2w+?2
2-0=i-1) jciz=2w+2

This distribution was chosen to achieve an even load at all switches. With load p erlangs
offered from each traffic node, each input port of any switch, thus, has approximately the same load
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Figure 8.45: Simulator Topclogy

g, when blocking is negligible.

Each switch has two virtual paths at each side, one for transit traffic from/to the remote sites

with VPI assigned 0, and the other for local subscriber groups with VPI 1.

"The switch routes incoming cells into the output queue of the appropriate VP, Cells are dropped
if the queue overflows (and dropped cells are not retransmitted by sources). The routing is accom-
plished at side d of switch j by a simple VPI assignment to ATM cells in SMURPH as: that is, the
VPI is 1 if the cell is addressed to local subscriber group nodes, 0 if the cell is intended to other
remote nodes. It is expected that such operation be carried out by hardware in broadband networks.

The simulator, hence, assumes this processing delay too small to be distinguished by the simulation
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tick.

Switches with newer technology will have to coexist with older switches in future broadband
networks. The simulator aillows FACT to be deployed at only part of the network switches. This is
controlled by an input parameter specifying the percentage of the switches deploying FACT in the
simulated network. At the creation of each switch node, tossing of a 100-sided coin is simulated and
the outcome compared to that parameter multiplied by 100 to determine whether FACT should be
deployed at that particular switch. A parameter value of 1 makes the an across-the-board deployment.
of FACT, and a value of 0 indicates a network without FACT altogether.

8.2.2 Signaling Protocol

In addition to the conventional call supervision and management tasks, FACT is implemented in the
signaling process for bandwidth negotiation and relinquishment. This FACT control can be selected
by input data for the convenience of comparing the performance of FACT with the fixed allocation
policies.

Calls are generated randomly by the traffic generator in SMURPH according to traffic char-
acteristics specified by the simulation control parameters. Upon a call arrival (generation), a traffic
node creates a signal handler for that particular call. The signal handler sends out the call setup
request in a SETUP message according to the protocol defined in Chapter 4. This message contains

three BC IEs for the maximum, minimum and preferred bandwidth.

The call has to he blocked, if the minimum bandwidth requested is more than the local switch’s
free capacity plus the relinquishable bandwidth. In this case, a call request denial signal is sent back

to the caller, and this call blocking event is captured in the log file.

If the [ree capacity at the local switch is greater than the maximurn bandwidth in the SETUP
message, the maximum bandwidth is allocated to that call, and the SETUP message is relayed to

the next switch along the route.

Otherwise, the switch attempts to allocate the preferred amount of bandwidth to the call, with
relinquishment {rom in-progress calls first if necessary. A bandwidth value between the maximum
and minimum will be assigned to this call. Then, the SETUP message is propagated to the next
switch on the route with the preferred bandwidth altered to the bandwidth assigned locally.

The switches will not change the bandwidth allocation of calls originating from remote nodes.
They will either accept them or block them. In the event of bandwidth contention, the switches
will relinquish bandwidth from the calls originating locally. The relinquishment signaling message
is broadcast to the affected parties.

When the SETUP message finally reaches the call destination, the called party also creates
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a signaling handler process which responds to the incoming SETUP with a CONNECT message.
That CONNECT message will traverse along the same route in the reverse order.

Upon receiving the CONNECT message, that call’s signal handler at the calling node creates
a data handler process, and records a successful connection in the trace log. The data stream then

starts being transmitted by the data handler at the bandwidth indicated in the CONNECT message,
and relayed by the switches to the destination.

When the call is completed, the data handler notifies its associated signaling handler, which
in turn, releases the bandwidth allocation, terminates both data handler and signaling handler

processes of that call, and sends out a DISCONNECT message to tear down the connection. This
event is captured in the trace log.

Upon receiving a DISCONNECT message, a switch will examine whether the released band-
width can be used by its local subscribers, if so the switch re-allocates the bandwidth to them.

8.2.3 Conditions and Assumptions

The following assumptions are made in the simulator.
o The routing is determined by the switches at the beginning of the simulation tick when a cell
is received.
s Processing delay for the bandwidth relinquishment and re-allocation is two ticks.

s Cells are processed and transmitted at each node on a FCFS basis. When several cells arrived

at the same time, they are processed in a random order (as determined by SMURPH).

¢ Switches have information of local subscribers only. The network is operated in a distributed
fashion.

e The processing time plus insertion time of a signal message is one tick.
o STS-n frames are used without concatenation.

o A call leaving a switch has equal probability of terminating at the local subscribers or of

traveling further on.

o Relinquishment is restricted to calls initiated from local subscribers only, and the excessive

bandwidth is re-allcezted to in-progress calls between local subscribers only.

Although it is possible for a network to extend the effective control region of FACT beyond the
local subscribers, the last condition was chosen for the simalation studies for the following reasons.

Firstly, if the effective control region were to cover remote subscribers as well, then the re-allocation
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request would have to be acknowledged by each node, as the requesting switch does not have up-
to-date information of whether the other switches and end users may support the re-allocation.
Secondly, the load on the signaling channel would increase drastically if the acknowledgment were to
be avoided by bring every switch up to-date on the capability and relinquishment room of all other
switches. Thirdly, the call setup time could be as long as a round trip delay across the network
when there are other nodes than the direct subscribers involved, as opposed to the one way local
broadcast transmission delay. Therefore, it is reasonable and practical for implementation to choose

the local switching area as the effective control region for FACT.

8.3 Control Parameters

The first input parameter is the level of STS employed at the link. It is used to derive the simulation

tick, the frame size, and payload capacity at each link.

Another parameter defines the number of switches in the network. The simulator itself does
not impose any limit on the number of switches; constraints, however, may arise from the memory
capacity of the computer on which the simulation is run, and the tolerable length of simulation time.
There are two parameters to define the distance between switches, and the distance between a traffic
node and its switch. The next parameter is the data queue length at each switch measured by the
ratio to the frame length of the given STS level. A ratio 1, for example, indicates that the switch

has space to queue one STS-n frame.

The probabilities for FACT being deployed at a switch and for a call being flexible (mix) are
also defined in the data file, as well as the flexibility factor (f). These three values must be between

0 and 1, unreasonable input will be rejected by the simulator.

Three pairs of parameters for additional tracing purposes are used. Each pair defines the start
and end points of recording a detailed trace of data cells, signal messages, and queueing activities,

respectively.

The traffic pattern is defined with three parameters: mean message length in bits of the ATM
payload, mean number of arrivals per second, and the preferred call delay. If the preferred call
delay is del, and flexible is f, then the acceptable delay for a flexible call is between del(1 — f) and
del(1 + f).

The simulation length is specified with two time limits: the number of seconds of network
operation to be simulated, and the simulation execution time. A value zero indicates infinite limit.
The simulation will stop when one of the time limits is reached. It took approximately one hour of

user time on a SUN-4/40 workstation to simulate two seconds of network operation with one switch.

Usually the time limits should be sufficiently long for the simulated network to be stable. The
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Table 8.7: Example of Event Log

Ticks Location  Signal Type VCI/Address Event Tag Bandwidth

35593545 S02/P018 SETU 61/02-03 CREQ 0.031258, 0.018750, 0.031250
35593556 S00/P003 NOTI 61/03-02 LINQ -0.000891

35593568 S502/P230 CONN 61/02-03 SUCE 0.029412

36210510 S02/P189 DISC 58/02-03 FINI 0.029412

36210520 S00/P003 NOTI 58/03-02 REAL 0.000891

choice of simulation time is addressed in the next section when discussing the handling of transients

in simulation.

8.4 Processing of Captured Events

The output produced by the simulator is an event log. The basic events simulated and captured
are the signaling messages exchanged in the network, and consequent actions at the network nodes.
The events can be identified by “event tags”. Table 8.7 shows an excerpt of the log recording the
{following events. The first event has a tag CREQ for call request, indicating that Node 502 initiated
a call {(number 61) to Node 503 at 35593545 ticks during the run, requesting bandwidth between
about 0.018 and 0.031 of an STS frame. As indicated by LINQ, the switch (Node 500), noticing
bandwidth contention on a virtual path, had to relinquish about 0.0009 of a frame from each in-
progress local call on that VP. Tag SUCE represents the successful setup of a call. When the caller
finally received the cail connection indication, 0.029412 of a frame was allocated to its connection.
A while later, the completion of one of the calls between the same calling and called nodes enabled
the switch to re-allocate the freed bandwidth to all in-progress calls. The Call 61 was, thus, using
0.029412 4 0.000891 = 0.030011 of a frame then.

The event log is post-processed to obtain the performance measurements of interest. In other
words, the data induction is decoupled from the simulation. The advantage of doing this is to
allow for change in measurements and measurement methods without having to go through the time

consuming process of modifying, testing and re-running the simulator again.

The post-processing is to provide accurate observations of simulated network activities. The
accuracy must be considered in choosing the length of a simulation run as well as methods of post-
processing. Three factors can affect the observation accuracy: simulation run length, start and

termination transient effects.

Transient effects can occur at the beginning and the end of the simulation. A transient effect
at the beginning, namely start transient, occurs before equilibrium has been achieved. At the

termination of the simulation, there are still some calls and signaling messages in progress, and no
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definitive outcomes of these unfinished activities can be obtained from the simulation. This effect is

referred to as terminate transient effect.

The detection of transient periods is not a part of the simulator, but part of the post-processing
of the simulation results. With this design, the simulator does not have to make pre-judgment about

the purpose of the simulation.

The common approach to identify the transient period at the beginning is to “compute a moving
average of the output and to assume steady state when the average no longer changes significantly

over time.” [17].

It should be pointed out that a network under FACT may still have not reached equilibrium,

even when some measures have been stable.

A case in point is bandwidth allocated to each call. Bandwidth allocation fluctuates with the
traffic load. Average bandwidth allocation will stabilize when the network is in equilibrium. How-
ever, discretion must be exercised when using its stability as an indication of network equilibrium,
as it could be misleading; since all calls may get the same maximal bandwidth allocation under
FACT for a iong period of time after the start of the simulation, especially for a broadband network
serving a large number of traffic streams. The term “load-up phase” is used to refer to this period
when every call is assigned the maximum bandwidth from the start of the simulation until all the
bandwidth is used up. An example is illustrated in Figure 8.46 with the bandwidth allocation for an
STS-78 and the average allocation over a moving window of 50 samples. The first 35 million ticks
are the load-up phase, where each call is allocated the maximal amount, bmar = 1.25, bandwidth

units.

After links have been loaded up new arrivals can still be accepted by relinquishing bandwidth
from the in-progress calls. The start transient is actwally comprised of a load-up phase and a
“settle-in” phase. The settle-in phase of the start transient is time for the bandwidth allocation
of in-progress calls to be reduced from the maximum to an “average” value. The network achieves

equilibrium after the load-up and settle-in phases, i.e., the start transient.

During the simulation studies, a very simple, imperative indicator to mark the equilibrium
of the system was discovered for FACT. This indicator is the occurvence of the first blocked call,
and requires no computation. The rationale for this indicator is the following. No blocking can
occur while links are being loaded up. The occurrence of a call blocking event, hence, is a sufficient
condition for the network system to have passed out of the transient stage. In other words, the
load-up and the settle-in phases have already finished when the first blocking occurs. Thus, the
first blocking as an indicator can ensure that the network is already stable. The advantage of this
indicator is that no extensive computation and evaluation are required to ensure the passage of the

transient period. That observation is verified by numerical analysis of the simulation results. Figure
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Figure 8.46: Bandwidth Allocation During Load-Up and Settle Phases

8.47 shows the results from two of the simulation runs conducted in these studies with capacities
of STS-66 and STS-72. Both confirm that the network equilibrium can be identified successfully by
the occurrence of the first blocking event, as supported by the stabilization of call numbers.

The simulation should continue sufficiently long after the network has attained equilibrium in
order to ensure accuracy of the statistics. The question now is how long is sufficient? The answer

can be found by estimating the confidence interval for the population mean bandwidth allocation

(e.g. [63], Chapter 5).

The guideline used in the simulation studies conducted for this thesis was obtained as follows.
The requirement was to estimate the population mean within an interval of 1/10 of standard deriva-

tion (&) with (1 — a) = 95% confidence. Events were assumed independent first. The confidence
interval, thus, has length

o

e Z3,50°

(¢/10)2
where Z, ;2 is the two-tailed standarized normal statistic for . Hence, the simulation run should be
able to generate at least 385 samples of data after reaching equilibrium. In the simulation studies

conducted for the next chapter, for example, it usually took about 20 seconds of operations for the

= (19.6)% = 384.16
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Figure 8.47: First Blocking Indicates the End of Transient Period

simulated network to reach equilibrium as indicated by the first blocking evert, then about another
35 seconds to simulate 400 more events. In this case, thus, at least 20 + 35 = 55 seconds of network

operation would have to be simulated,

That 55 seconds limit, however, is based on the assumption that the data samples are inde-
pendent, while in fact they could be autocorrelated here. One more step was necessary to verify the
confidence in the results by considering the autocorrelation after each run. More numerical details

are presented in the next chapter.

The transient effect at the end of the run is handled by excluding the activities of unfinished
calls or signaling messages from the population. For instance, the sample population for calculating
the call blocking rate did not include ali the call requests issued during the interval, but all the
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requests acknowledged; that is, accepted and blocked calls.

8.5 Simulator Verification and Validation

Confidence has to be established not only for measurements and their analysis as discussed above,
but also for the simulator itself. Software is known for its ability to conceal implementation errors.

It is important to verify and validate a simulation system so that it can be used with confidence.

Simulator verification usually is to ensure that it behaves as intended, and validation is to

determine that “an adequate agreement exists between the entity being modeled and the model for
its intended use” [61].

SMURPH and the underlying software siystem (Unix and C++) are considered reliable and
requiring no further verification and validation in this thesis, as both have been used and verified by a
large number of users. The suitability of the particular tools provided in SMURPH or its forerunner
for telecommunication network simulation has been confirmed in MacGregor’s thesis [47]. Hence,
for the particular sirmulations in this thesis, the verification and validation of the upper part of the

simulator is of interest, namely, the implementation of the new service and protocols.

The main objective of verification is to show with confidence that the programming is correct.
That was done mainly based on the fact that the symptom of incorrect program would be the
occurrence of unreasonable or incor;zct events according to the protocol design. In addition to
debugging and cross-checking results with the analytical model, two steps were taken for dynamic
and static verification, respectively. In the first step, various assertion statements were built into the
simulator to check unexpected events. Any abnormal events will be detected and reported. Thus,
the symptom of incorrectness is checked dynamically each time when the simulator is run, The
second step was examining the traces of the protocol state machine execution and signal message
flows for conformance with the design.

Validation techniques for simulation models were summarized by Sargent in {61]. They are
tabulated here in Table 8.8 with brief descriptions and the check mark (y/) to indicate whether that

particular validation technique is applicable for this study. Those applicable technique employed are
described below.

Replications are simulation runs with different random number seeds. The internal validity
method calls for small result variations among replications. Validation with the traces method and
the internal validity method were carried out conveniently with appropriate fcatures of SMURPH
{21). The -r and -t arguments of the SMURPH command facilitate the selection of different random
number seeds and state machine activity tracing, respectively. Additional tracing of the flow and

contents of signal messages, data cells and queue status is also implemented in the simulator, and
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Table 8.8: Validation Techniques Considered and Applied

Method Applied Description
Face Validity v/ review by experts
Traces v follow entities through the implementation
Multistage Validation n.a. compare outcome to a real system
Internal Validity v/  check variability of several replications
Parameter Sensitivity Analysis +/ compare effect of changing parameters
in simulator to that of the analytical model
Comparisen to Other Model n.a. compare results with other existing models
Historical Data Validation n.a. compare results with historical data of real system
Event Validity n.a. compare simulated event occurrences with those
of a real system
Graphic Display +/ display behaviors graphically as time progresses

controlled through the input data file.

Parameter sensitivity analysis is to change simulator parameters to determine their effect on
the model and the output. The same relationships should occur in the analytical model, although
the exact values may not be the same (due to the differences in conditions and assumptions). In
the simulation studies, four parameters were chosen for sensitivity analysis. The first parameter
tested is miz, the percentage of flexible calls among all calls, The simulation results agreed with the
theoretical model in that the blocking rate can be reduced by increasing miz. Two traffic parameters
in the simulator, average arrival rate and average message length, were expected to have the same
effect on the blocking rate as the analytical model predicted for A and u, when the average message
delay is fixed. It was tested that blocking rate increases as arrival rate or message length increases,
when all other parameters are fixed. The last parameter tested for sensitivity is the capacity C. Its
increase reduced blocking in both the analytical model and the simulator.

8.6 Protocol Validation Through Simulation

In its broadest definition, protocol validation is to demonstrate that the protocol does what it is
intended to do. The vaiidation procedure is to show that the protocol poses certain general desirable
properties. The properties commonly checked in protocol validation are the following [74]

-

s “Protocol should not deadlock,”

s “Protocol should be complete, defining a course of action to be taken in all possible circum-

stances that can occur when the protocol is executing.”

The second property is also referred as the absence of reception errors. Reception errors oceur when

a message is received in a protocol state where there is no provision for such an incoming message.
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In other words, reception errors occur when provisions for some possible events are missing from the
protocol.

Automatic protocol validation usually is through dedicated systems (e.g.,[74]). A dedicated

validation system is comprised of 2 communication (network) model, the executable communication

protocol, a validation driver and a data base for system states,

Protocol validation through simulation is proposed and applied in this thesis. Simulation
usually is considered as a performance study tool, but a properly designed simulator can serve as
a protocol validation tool as well. It is like killing two birds — performance study and protocol
validation — with one stone, the simulator.

However, a simulator does not automatically qualify as a protocol validation tool. In order to
serve as a protocol validation tool, a simulator must provide facilities to demonstrate the two general

properties of protocol validation: the absence of deadlock and the absence of reception errors.

The simulator designed in this thesis provides two mechanisms for detecting deadlocks. The
first one uses a central registrar for call requests. A call is registered with the central registrar ag
soon as 1ts signaling protocol starts. The central registrar keeps a record of each call activated for
their entire duration. A call is de-registered only after the connection is released by all nodes along
the route upon its completion. The central registrar, thus, keeps track of all in-progress calls as well
as those calls waiting for establishment or release of connections. The simulator imposes a limit
(currently set at 180) on the number of the calls registered with the central registrar at only one
time, and will display and record a warning message when that limit is exceeded. A deadlock in

the protocol can cause “hogging” at the central registrar by calls in deadlock state, thus the flag for
exceeding the limit.

This first mechanism is effective only if deadlocks are widely spread or many calls are involved.
The second mechanism provides detection for infrequent deadlocks or deadlocks among a very small

number of calls, and is described below,

Deadlock in the simulation may be caused by either a protocol design error or the misrouting
of messages in the simulator. Only the first cause is of interest to protocol validation. These two
possible causes are distinguished in the simulator by eliminating the possibility of misrouting from
a successful simulation run. The simulator vigorously checks for the intended recipient whenever a
signal message or data cell is delivered to a traffic node. The simulator will abert, and a misrouting
will be declared, if the actual receiver is not the intended one. Thus, protocol deadlock is the only
possible cause for an unanswered signal message in a successful simulation run after excluding the

terminating period. This mechanism allows for revealing deadlocks by unanswered messages in a
successful run.
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The absence of reception errors is validated automatically in each simulation run by the asser-
tion staternents in SMURPH. Various assertions were built inte the protocol implementations at the
network nodes to check whether the received message has not been dealt with by the FACT proto-
col. If the assertions detect that the protocol does not deal with the received message, a protocol
error message is displayed and the simulation is aborted. Those assertions can also be viewed as

self-diagnosis components of a practical network.

A network designer or operator thus can validate the FACT protocol in two steps. The first
step is to run the simulation and take the successful completion of the simulation as an indication
of the absence of reception errors and massive deadlocks. The second step is to simply examine the
trace log produced by the simulator for any unanswered messages. A short program script can be
easily written to accomplish that task.

The practical applications of this protocol validation technique and other results in this thesis

are discussed in the next chapter.



Chapter 9

Results and Practical Application

The results of previous chapters are interpreted here through practical scenarios of network design
and operation. This chapter demonstrates that the results of this thesis are of practical benefits
to communication network designers and operators. These results cannot only be used to improve
the network performance, but also provide the network designer and operator with a set of tools to

make informed design and operation decisions.

9.1 Network Particulars

The same example of a medical communication network considered in Chapter 3 is used here to
illustrate how the work in this thesis can be applied to a practical network design and operation,

and how it can be beneficial to the network designer and operator.

The image requests are assumed to arrive according to Poisson processes, and the image sizes
to have exponential distributions. The average image size used is 201.3 Megabits, the typical size
for many types of radiology images, such as chest radiology, mobile chest, gastro intestinal, and
skeletal radiology [11]. A two second delay is a commonly used guideline for interactive transmission.
Recognizing that the human users can accept delay variations to some extent, it is further assumed
that delay up to 2.5 seconds is acceptable to the users (physicians/radiologists). On the other
hand, using excessive bandwidth to accomplish a very short delay is not acceptable to the hospital
administration because of its cost. An average delay of no less than 1.5 seconds is assumed to control
the communication cost. An average image transmission, thus, requires a service bit rate between
80.52 Mb/s to 134.2 Mb/s. In other words, the preferred service bit rate is 100.65 Mb/s, or one
bandwidth unit, and any bit rate between 0.75 and 1.25 BUs is acceptable.

Based on the previous study of medical image communication characteristics {11], the mean

arrival rate is assumed to be 14.25 messages per second during peak hours; this is equivalent to

150
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approximately one set of examination results every ten minutes for every radiclogy staff member in

a hospital of more than three hundred beds.

With Poisson arrivals and an exponential image size assumptions, those conditions amount to
A = 14.25, 1 BU=100.65 Mb/s, 1/u = 25 at 1 BU, and p = A\/u = 28.5 for the offered traffic from

the application layer.

When ATM is used, however, there are five octets of cell header overhead for every 47 payload
octets. The load for interface payload then is 53/47p = 32.14 erlang. The corresponding information
payload capacity at the SONET payload level is 113.50 Mb/s, or 2.26 STS-1s.

The distance from switch to the users is taken as 100 ticks. That is equivalent to about 2000

meters for OC-72 at media transmission speed of 2 x 10%km/s.

Only broadband image communication is considered in evaluating the network performance,

as they constitute most of the bandwidth demands in the virtual private B-ISDN.

The first scenario considers that a new hospital is interested in joining the example virtual
private B-ISDN. The second scenario considers the introduction of flexible service into an existing

network.

9.2 An Application in Network Design

Suppose a new hospital joins the virtual private B-ISDN. In doing so, its objective is to keep the
peak hour call-blocking rate below 3% at the new private B-ISDN node. Furthermore, the hospital
wants Lo maintain the bandwidth utilization as high as possible, and the call delay as low as possible.
Calls blocked at the private B-ISDN are rerouted to the public netwurk. In other words, 97% of
the calls should be contained within the private B-ISDN, and no more than 3% of calls on average

would overflow to the public network.

There are four bandwidth allocation policies that the network designer can choose from. They

are:

1. Max - fixed allocation at the maximum bandwidth request 1.25 BUs, this policy provides the

shortest delay, but requires the largest amount of bandwidth provisioning;

3]

Min ~ ixed allocation at the minimum bandwidth request 0.75 BUs, this policy requires the
least amount of bandwidth provisioning among all fixed allocation policies, but has the longest
transmission delay. )

3. Avg - fixed allocation at 1 BU, this policy is a tradeoff between the first two fixed allocation
policies;
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4. Flex - flexible between bmin = 0.75 and bmar = 1.25 BUs using FACT.
Policies are chosen by evaluating their impact on the following network design issues:

¢ Bandwidth Provisioning — how much bandwidth capacity is required at the link/switch to meet
the design objective,

» Emergency Handling - if and how the emergency demands (e.g., fiber cut, natural disaster)

can be handled, and

e Signaling Capacity Requirement — how much signaling capacity is required to support the
policy, especially for the negotiations in FACT. The analysis in Chapter 6 indicates a high
frequency of negotiation signaling activities. Thus, a concern that could arise in practical
applications is whether or not the signaling channel in the network will be overloaded by

signaling traffic of the new service and protacols.

9.2.1 Bandwidth Provisioning

The first task facing the network designer is to determine how much bandwidth is needed to meet

the performance requirement with a particular policy. This task can be undertaken in two steps
using the resuits of this thesis.

The first step is to use the a2nalytical model to obtain some preliminary results. At this stage,
the impact of signaling transmissioi: and processing delay is ignored, considering that they have the
same effect on both fixed allocation and flexible allocation. Many factors are also ignored in the
analysis in order to simplify it. The second step is to determine more accurately the relationship

between performance and bandwidth provisioning.

Theorems 6.1 and 6.3 tell the network designer that, with the same capacity, FACT can result

in a lower blocking and a higher utilization than fixed allocation policies.

More precisely, according to Theorem 6.2, with the same aggregate capacity STS-72 (C
30,H = C/bmin = 40, L = C/bmar = 20), the blocking rate with FACT is less than uv”~¢ =
0.9540-30 = 59.87% of the blocking rate with a fixed allocation at 1 BU (100.7 Mb/s), and u//-%
0.95%9~20 = 35.85% of that at 0.75 BU (75.53 Mb/s). In other words, the deployment of FACT can

result in almost twofold and threefold reductions in blocking rate compared to fixed allocations al

l

H

the average bandwidth and minimal bandwidth, respectively.

Although that theorem does not provide a bound for the maximum allocation similar to those
for the other two fixed allocation policies, the theoretical value of blocking rate can easily be obtained

from Equation 6.1 for fixed allocation and from Equation 6.7 for FACT for various bandwidth
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provisioning options. Table 9.9 shows the blocking probabilities for p = 32.14, bmin = 0.75, and
Bpaz = 1.25.

Table 9.9: Blocking Probability (%): FACT versus Fixed Allocation

[STS] C JFACT ]| Min | Avg[ Max ||
68 | 26.5 449 || 12.46 | 13.09 | 15.86
70 | 274 280 | 9.71 | 11.31] 13.68

[ 72 T308] 184] 847 9.66] 1143

[ 74 T3L7] 111 731 815] 9.50

76 [325] 057 528! 6.78| 9.50
78 | 334 031 442 556 7.17
80 [342] 016 365 449] 6.24

[82 [35.1] 007] 2.30] 3.57] 4.92

B4 | 36.0 0.03 190 279 3.80
86 { 36.8 0.02) 148| 2.14| 3.80
88 {37.7 001] 087 1.61| 2.88

Since an STS-n without concatenation provides about 96.7% payload with the rest being
overhead, n = 2.26C/0.967 is used in this table to obtain the STS level n from the capacity value
C.

The results indicate that for a 3% blocking rate a payload capacity equivalent to at least STS-
82 would be necessary should the fixed allocation be used, while an STS-70 might be adequate for
FACT. Hence, the choice of FACT is made over the fixed allocation policies, and the fixed allocation

policies are no longer considered.

The bandwidth capacity value obtained from the analytical model is only an approximation.
Because of the assumptions such as zero signal processing delay and re-allocation delay and C being
an integer multiple of bmin and bm,z, the analytical results tend to underestimate the capaciiy
requirement. The analytical model nevertheless provides a valuable tool to quickly eliminate several

-

inferior policies and to find a capacity range for the selected policy.

The simulation study is then used to verify and fine tune the results under more realistic
conditions. The analytical results indicate that simulation should use at least an STS-72.! Several
simulation runs were carried out for different STS levels (STS-72, STS-78 and STS-84) for 90 seconds
of network operations {about four days of simulation time).

First, the number of in-progress calls was analyzed. The occurrence of the first blocking event
was used as the indicator of equilibrium for STS-72 and STS-78. But no blocking occurred for

STS-84 during 90 seconds of network operation. Thus, the average number of in-progress call was

18TS-70 is sufficient according to the analytical result, but STS-72, rather than STS-70, was used because the
broadband provisioning usually is carried out in multiples of STS-3s.
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used to identify the equilibrium point for STS-84. Figure 9.48 plots the number of call and its mean
for $T5-84. The results clearly indicate that the system has stabilized after 2 x 10 ticks, or about

20 seconds of network operation.
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Figure 9.48: Identifying Equilibrium Phase for $TS-84 through Number of Calls

The 90 seconds total, or 70 seconds in equilibrium, simulation length was verified for the 95%
confidence criterion. For instance for STS-84, a population of 219 samples is required for the mean
number of calls to be estimated within 5% of the actual average value with 95% counfidence. The pilot
sample population used is 30, and thé maximal time lag for computing autocorrelations used is 5,
or 10% of samples {[63], Formula 5.19). There are on average A = 14.25 call arrivals and departures
every second. A population of 219 samples corresponds to less than 16 seconds of network operation.
Thus, the 90 seconds total simulation time is sufficient for the analysis to be within 5% of the average
value with 95% confidence. The same procedure was also applied to the other capacities as well. All

results confirmed the sufficiency of the simulation run lengths used.

Table 9.10 shows the mean number of in-progress calls, its standard deviation and maximum

number of calls under FACT, as compared to the maximum number under fixed allocation policies.

The phenomenon that a higher number of in-progress calls is observed at a lower capacity can
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Table §.10: Simulation Results: Number of In-Progress Calls

STS FACT Maximum Capacity
Mean | Standard Deviation || FACT || Min | Avg | Max
78 | 29.212 39.0241 44 44 33 26
4 B4 | 25.127 38.059 47 47 35 28

be explained by lower capacity resulting in lower bandwidth allocation to each call, thus in longer

holding times for each call. This is clearly confirmed by the bandwidth allocation results plotted in

Figure 9.49.
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Figure 9.49: Simulation Results: Bandwidth Allocations

The simulation results for average blocking rates are tabulated in Table 9.11 for different
bandwidth provisioning options. The call blocking rates were obtained as the ratio of the number
of call blocking events to all acknowledged (accepted or blocked) call requests.
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Table 9.11: Simulation Results: Call Blocking Rates

g2 | STS | Blocking Rate (%)
28.5 | T2 2.1
2851 T8 0.6
28.5 | 84 0.0

30 72 5.4

30 78 1.6

9.2.2 Emergency Handling

One important factor in B-ISDN in general, and in medical communication in particular is the ability
to handle sudden surges of network traffic, caused by natural or social disaster such as fiber cuts,
earthquakes, riots, tornados and so on.

The emergency capacity, that is the capacity available for emergencies, is defined as the band-

width that can be used for emergency traffic without disrupting in-progress calls.

With fixed allocations, emergency capacity is limited to the free bandwidth on the link, or the
in-progress calls have to be disrupted/preempted. The emergency capacity is simply C — &, when

there are k in-progress calls with fixed bandwidth allocation at 1 BU each, where C is the total
capacity of the link.

FACT provides the emergency handling in a unique way. It allows the bandwidth to be
relinquished from in-progress calls with prior consent whenever necessary. It can handle the emer-
gency demand gracefully without distupting the in-progress calls. When there are k flexible calls in
progress, C —kbmin ¢an be available for emergency traffic. The probability distribution of emergency
capacity is given by i ‘ ‘

== { o =it

‘The mean emergency capacity is C — bmin E(k), where E(k) is the average number of flexible in-
progress flexible calls given by Equation (6.14).

Figure 9.50 depicts the emergency capacity {C —kbmin) at different simulation instants for STS-
78. There are about 12 BUs on the average, and 1 BU at the minimum, available for emergency
traffic during the simulation period.

9.2.3 Signaling Capacity

FACT outperforms the fixed allocation policies not without cost. Additional signaling traffic is in-

curred by bandwidsh relinquishment and re-allocation. This cost has to be investigated to determine
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Figure 9.50: Capacity Available to Emergency Demands

whether or not the signaling capacity is adequate.

The event log of the simulation was processed to obtain the load of signaling traffic caused

by FACT. The average frequencies of relinquishment and re-allocation, are given in Table 9.12 for

various bandwidth provisioning options. The signaling rate is the bandwidth required to carry the

Table 9.12: Signaling Load Investigation

STS | Negotiation Frequency (messages/s) | Signal Rate (Kb/s)
66 18.9 1.51

72 17.8 1.43

78 16.7 1.30

84 13.4 1.07

signal messages for relinquishment and re-allocation. The message length is assumed to be 10 octets.
For instance, the signal messages for STS-78 was measured as 16.7 messages/second, or 1.30 Kb/s.
As presented in Chapter 2, the signaling capacity suitable for bandwidth relinquishment and re-
allocation in all SONET equipment excluding re-generators is n576 Kb/s at STS-n (line overhead).
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An 5TS-72, thus, has the signaling capacity of 41.47 Mb/s. Thus, the additional signaling load
incurred by the new scheme is well within an acceptable range, and is indeed a negligible price to

pay for the significant saving in bandwidth provisioning and improved emergency handling.

9.3 An Application in Network Operation

Suppose after recognizing the benefits the new flexible access control technique has brought to
the new site, the network operators at other sites also want to investigate the possible benefits of
introducing FACT to their sites and converting the fixed calls into flexible calls. Then two aspects
have to be addressed: benefits of upgrading from existing fixed bandwidth allocation service to

flexible bandwidth service, and the optimal control of a network with coexistence of both fixed calls
and flexible calls.

9.3.1 Benefits of Upgrading to FACT

Based on the estimations in Table 9.9, a hospital with fixed allocation policies must have been using
at least STS-82 (with the Minimum Allocation) to maintain a blocking rate below 3%. Now, with
FACT the network operator can reduce the bandwidth provisioning by, say, 6% to use an STS-76
instead of STS-82, and still be below a 1% blocking rate.

The benefit is not only in the saving of bandwidth provisioning cost, but also in network
performance. While the blocking is maintained at the same level (3%), bandwidth allocated to
each call is increased from the minimum 0.75 BUs to close to 1 BU on the average, as indicated by

simulation results in Figure 9.49. Consequently, the transmission delay will be reduced by about

25% on average.

The cost of deploying FACT is just a software upgrade at the user equipment and the switches.
No new equipment purchase is needed. That makes the new scheme more attractive to network

operators,

9.3.2 Optimal Biocking

A virtual private B-ISDN offers a cost effective solution to a community of users. Virtual private
networks have only limited capacity, and calls overflow to the public network when the offered traffic
exceeds the capacity on a per call basis. It costs more to use the public network than a virtual private
network. Thus, private network operators would prefer to optimize the call blocking strategy such
that the cost of using the public network is minimized.

The study in Chapter 7 can be applied for this purpose in the following way. Suppose the
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calls can be flexibie or fixed. Let the rates which the public network charges for a fixed call and a
flexible call be ry and rs, respectively. A call accepted at the private network is a call saved from
the public network. Then, the problem of minimizing the cost of using the public network amounts

Lo maximizing the saving realized by using the private network.

The two theorems proved in Chapter 7 show that if r; and r; satisfy certain simple conditions,
the optimal control is of threshold type. Therefore, it only takes comparisons of the values C or
1.25C to reveal the exact value of the optimal control point. Any call of the controlled class arriving
beyond the threshold will be turned away to the public network.

Similarly these two theorems can be used for a public network as well to maximize the long

term profit by selectively rejecting call requests,

If the call arrival and departure processes are not Poisson or any known stochastic process,
Chapter 5 provides a fast heuristic algorithm to optimally control call admissions and allocate
bandwidth on a static basis. The analysis in Chapter 7 suggests that over a long term the static
allocation may reach the same control strategy, as the dynamic control with known Poisson arrivals

and exponential call length. This was an unexpected yet welcome result.

9.4 Protocol Validation Through Simulation

Last, but not least, is the issue of protocol validation. Before any new protocol is adopted in practical
networks, it should pass protocol validation first so that network outage will not be caused by logic
flaws in the protocol design.

As the simulation may not cover all possible situations in the network, this validation procedure
provides an “indication” only, not a proof of the absence of deadlocks or reception errors. Protocol
validation through simulation nevertheless is similar in coverage to the random walk method for
a dedicated validation system reported in [74], May, 1992. Confidence in the validation results
obtained from any particular automated validation system can be reasonably obtained by running
the process for a sufficiently long time. Simulations have to be run sufficiently long for performance

studies any way. Thus, no extra cost is incurred by the validation through the simulation approach.

Dedicated protocol validation systems still have their own merits over the validation through
simulation approach proposed here. For instance, it is easier to control the testing coverage through
a dedicated validation than a simulator. Simulation nevertheless provides network designers and

operators with an efficient and inexpensive alternative to a dedicated protocol validation system.

In summary, this chapter applies the results of this thesis in practical scenarios. It shows the
benefits, as well as the establishment of confidence, of the new flexible service, protocol and the

flexible admission control technique.



Chapter 10

Conclusion

10.1 Summary of Research

A new flexible bandwidth service is proposed in this thesis for broadband communication networks.
It is based on the capability of flexible bandwidth provision at the physical level of B-ISDN, general

recognition of the need to support bandwidth (re-)negotiation in B-ISDN signaling, and communi-

cation users’ flexibility in their bandwidth demands.

A flexible-call control protocol is designed and a set of definition documents are provided in

this thesis. It includes service primitives, time sequence, PDU definitions and protocol details.

A new access control technique, FACT, is proposed for flexible calls. It is a distributed con-
gestion control scheme. It prevents long term congestion by admission control, and reacts to relieve
short term congestion by inducing relinquishment of bandwidth by in-progress calls. It is a dis-
tributed control scheme. no global information is required. Control decisions are made at a switch
based on local bandwidth allocation and bandwidth status of only those calls that are served by that
switch. The control is applied within a certain effective control region of limited radius. Thus, calls
that participate in the bandwidth negotiation and reallocation include not only local calls but calls

within the same region as well, yet without unacceptable long reaction latency of a network-wide

control scheme.

By design, FACT can potentially improve network performance over any fixed allocation poli-

cies as well. This possible improvement is studied in this thesis in several ways.

First, if the traffic is an unknown stochastic process, then the static control study shows that
FACT always outperforms the conventional fixed allocation scheme. Second, the analysis shows
in the form of several theorems that FACT can result in a lower blocking probability and higher

utilization than any fixed allocation policies, if the traffic process is Poisson, and no signal processing

160
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delay is considered. Third, simulation studies also confirm the theoretical findings of the advantage

of FACT under more general and practical conditions.

The optimal admission control of flexible calls are studied in this thesis for instantaneous (static

control) and long term optimization (dynamic control), respectively.

The static admission control and bandwidth allocation problem is modeled as a flexible knap-
sack problem. The flexible knapsack is a new extension of a general resource allocation model,
namely the (static) knapsack problem. The new model allows objectives of the same class to have
multiple packing forms, as opposed to conventionally having one formn for each class only. Practical
instances of the new flexible knapsack include, for example, flexible bandwidth call service, data
file compression and merchandise packaging and shipping. Two exact solution algorithms, DP1 and
BBI1, are designed with dynamic programming and branch and bound methods, respectively. The
Algorithm DP1 is less complicated than BB1, but slower. Performance experiments show that Al-
gorithm BBI1 is quite fast even for large knapsacks. The empirical results suggest that, for fixed
number of classes, its computation time is in the order of C?, where C is the knapsack capacity.

A heuristic algorithm for solving the flexible knapsack problem is also developed. The per-
formance study shows that it is tremendously faster than the exact solution algorithms. Moreover,
the heuristic solutions, on average, are very close to the optimum in most cases, especially when
the capacity to average object volume ratio is small. Hence, it can be used as a very efficient

approximation for large flexible knapsack problems where this ratio is small.

Two theorems are proved showing that the optimal access control policies are of a certain
threshold type when Poisson traffic processes are used. That is an extension of current studies in
this area, namely from dealing with fixed calls only into the use of flexible calls. It is proved by
several theorems that FACT can always result in lower blocking and higher bandwidth utilization

than any fixed allocation policy, under Poisson atrival and exponential call length assumptions.

Furthermore, a hoilding queue for call requests can be used to drastically reduce the amount of
negotiation signaling. The quebeing analysis showed that the holding queue is so effective for such
purposes that room for hoiding only one call request can reduce relinquishment signaling by haif.
However, this queue does not have significant impact on call blocking and utilization. Therefore,

such a queue is necessary only if the frequency of relinquishments is a concern.

Although bandwidth negotiations could be frequent at high traffic load according to theoretical
analysis, the simulation results showed the signaling message load to be very nominal compared to
the signaling capacity provided in B-ISDN,

Simuiation is also proposed to be used as an automatic protocol validation tool. Deadlock is
detected from the simulation trace by examining any unanswered signal message, when the possibility

of misrouting has been eliminated by checking the intended delivery address by recipients. Reception
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errors are detected by implementing message type assertions in the protocol for each possible protocol
state.

10.2 Contributions and Their Novelty

o identified a new service: the flexible bandwidth call service
e designed a new call control protocol
¢ proposed a new access control and bandwidth allocation scheme: FACT,

o expanded the knapsack problem to flexible knapsack, and provided both exact and heuristic
solutions,

o studied the performance impact of negotiable bandwidth allocation,

e proved the advantage of flexible calls

o proved the threshold structure of optimal access control policies

¢ constructed a simulator for flexible call service and protocols,

o provided guidelines to practical applications of this new service and protocol, and

¢ considered the approach of automatic protocol validation through simulation.

10.3 Directions for Future Research

A holding queue of finite length is studied in this thesis. One extension is to further consider limited
waiting time. After a certain waiting time, the call request departs from the queue to hunt for the

next virtual path or virtual channel.

Even relinquishment is used throughout this thesis. Performance impact of the uneven relin-

quishment policy still needs to be investigated for the situations where unfairness is not a concern.

The steady state probabilities for more than two classes of flexible calls is an open problem.
An even more difficult problem for multiple classes is the analytical proof or disproof of the existence
of an optimal access control structure. This thesis has expanded the proof from two fixed classes of
previous studies to one fixed plus one flexible class. Similar work for multiple flexible classes wonld
be considerably more difficult than multiple classes of fixed calls, which even now is still an open
problem. This thesis shows that the process of two or more classes of flexible calls is generally not
reversible. Therefore, if future studies are to find similar threshold structures for multiple flexible
classes, they must use a new proof technique that, unlike the current technique, does not rely on

the reversibility of the modeled process.
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