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ABSTRACT
This thesis investigates the problem of Dynamic Channel Management in an access node
to a multiple channel transmission facility using packet mode communications over
circuit switched connections. The Integrated Services Digital Network provides a multi
channel facility to users at its user-network interface. It is at this interface that the
Dynamic Channel Management is applied.

Bandwidth Allocation and Dynamic

Bandwidth Management are two important aspects of Channel Management. The work
covers four major sections; an extensive definition of the problem area and its
relationship to associated problems; design of a Dynamic Channel Management
Architecture for Connectionless mode data communications over circuit switched ISDN;
study of problems in Superchannel formation in ISDN and extension of this model to
cover different channel types; and the performance of several heuristic Channel
Management Policies using a simulation model of the architecture.
The original contributions of this work are five-fold. First, Channel Management is
identified as a crucial issue in the ISDN user-network interface for the support of user
and network performance requirements. This problem is more acute in the case of
Connectionless mode of operations over user channels. Second, it is shown that effective
Dynamic Channel Management can be achieved using a flexible architecture. A design
where a common software interface for both data paths and signalling control is
developed and is shown to be suitable for dynamic control. Third, the ISDN D-channel
protocol facilities for Superchannel formation and dynamic variation of channel
bandwidth are shown to be inadequate. Modifications and additions to the existing Dchannel protocols specified in the CCl’iT Recommendation Q.931 are proposed. A novel
protocol for superchannel identification operating over the user-user signalling facility in
ISDN is designed. Fourth, 4 heuristic Channel Management Policies based on multi
level hysteresis threshold control of channel capacity with switching delays, are proposed
and their performances compared using simulation models. It is shown that multi-level
hysteresis control policies result in critical behaviour for values of arrival rates
corresponding to the minimum channel capacity allowed. Fifth, a new taxonomy for the
classification of service rate control doctrines based on threshold principle is introduced.
Different service rate control doctrines are compared and two modified multi-level
hysteresis threshold control policies are proposed. It is found that bi-level control policies
result in smooth response curves in comparison with the multi-level counterparts. It is
also shown by way of an example that the multi-level policies are advantageous over bi
level counterparts under certain conditions. Practical implications of both types of
policies are also discussed.

ACKNOWLEDGEMENTS

This work has come to fruition through the wise guidance and encouragement of my
supervisors. Therefore, I would like to thank my supervisors Mr. Graham J. Knight and
Prof. Peter T. Kirstein for their continuous support during my research. Specifically, my
thanks are due to Mr. G.J. Knight for his guidance in the running of the research, while
my thanks are due to Prof. P.T. Kirstein for his overall supervision, expert guidance and
positive critique during the whole duration of my research.
I am also indebted to many other staff and colleagues in the Department of Computer
Science at UCL, for their valuable discussions, encouragement and friendship. My thanks
are especially due to Dr. S.A. Sprensen for his most helpful suggestions and
encouragement in the simulation phase of my research. I owe thanks to J. Crowcroft for
valuable discussions and my colleague M.M. Vellasco for bearing up with me during the
ups and downs of research.
Finally, I duly acknowledge that this work has only been made possible by the financial
support of the Association of Commonwealth Universities, The British Council and the
Department of Computer Science, UCL. My thanks are also due to the Eastern
Mediterranean University in the Turkish Republic of Northern Cyprus for the
arrangement and permission for my study leave.

/ dedicate this thesis to my loving parents.

TABLE OF CONTENTS

Abstract ........................................................................................................................

2

Acknowledgements ......................................................................................................

3

Table of Contents ........................................................................................................

5

List of Figures ..............................................................................................................

11

List of Tables ...............................................................................................................

14

I. INTRODUCTION .........................................................................................................

15

1.1 Formulation of the Dynamic Channel Management Problem ........................

17

1.1.1 Definitions ................................................................................................

17

1.1.2 Framework ...............................................................................................

19

1.1.3 Dynamic Channel Management Architecture .......................................

20

1.1.4 Superchannel Formation .........................................................................

22

1.1.5 Dynamic Bandwidth Control ..................................................................

22

1.2 Review of Related Work ...................................................................................

23

1.2.1 LAN-ISDN Interconnection ...................................................................

23

1.2.2 Flexible Bandwidth Management in ISDNs ..........................................

29

1.2.3 Service Capacity Control of Queueing Systems ....................................

30

1.2.3.1 Instantaneous Switching .............................................................

31

1.2.3.2 Delayed Switching ......................................................................

33

1.2.4 Other Issues ..............................................................................................

34

1.2.4.1 Standardisation Bodies Active in ISDN ....................................

34

1.2.4.2 Integrated Switching ...................................................................

37

1.2.4.3 Access Control Problem in ISDNs .............................................

37

1.3 Thesis Overview ...............................................................................................

41

1.3.1 Relevance of This Research ....................................................................

41

1.3.2 Main Findings ..........................................................................................

42

1.3.3 Organisation .............................................................................................

42

1.3.4 Limitations of This Research ..................................................................

43

l atJle oJLomems o

1.4 Summary ..........................................................................................................

44

2. The INTEGRATED SERVICES DIGITAL NETWORK .............................

45

2.1 Introduction ......................................................................................................

45

2.2 The ISDN Era ..................................................................................................

46

2.3.1 Principles of ISDN ...................................................................................

46

2.3.2 Evolution of ISDN ...................................................................................

47

2.3 Technical Features ...........................................................................................

47

2.3.1 Service Aspects ........................................................................................

48

2.3.2 Network Aspects ......................................................................................

50

2.3.3 User-Network Interfaces

.......................................................................

52

2.3.3.1 Reference Configurations ...........................................................

53

2.3.3.2 Channel Types .............................................................................

53

2.3.3.3 Interface Stmctures ......................................................................

54

2.3.4 Basic Rate Access (BRA) ........................................................................

54

2.3.5 Primary Rate Access (PRA) ....................................................................

54

2.4 Data Communications in ISDN ........................................................................

55

2.5 Packet Modes in ISDN ......................................................................................

56

2.5.1 Packet Network Interworking ..................................................................

57

2.5.2 ISDN Virtual Circuit Bearer Service ......................................................

58

2.5.3 Additional Packet Modes .........................................................................

58

2.6 Protocol Considerations and Standards ...........................................................

60

2.7 Broadband ISDN ................................................................................................

61

2.7.1 B-ISDN Services ..............................................................................

62

2.7.2 B-ISDN User-Network Interfaces ...........................................................

62

2.7.3 Asynchronous Transfer Mode (ATM) ....................................................

63

2.8 Current Status and Future Trends .....................................................................

63

2.8.1 Current Status ...........................................................................................

63

2.8.2 Future Trends ............................................................................................

66

2.9 Relevant Features of ISDN in LAN-ISDN Interconnection ...........................

67

2.10 Superchannels in ISDN .....................................................................................

68

2.11 Tariffs ................................................................................................................

68

2.12 Summary ...........................................................................................................

68

/ an te o j c omenta

/

3. INTERCONNECTING LANs and ISDN .............................................................

70

3.1 Introduction .......................................................................................................

70

3.2 Packet Network Interconnection Issues ...........................................................

71

3.2.1 Network Interconnection Approaches ...................................................

72

3.2.2 Technical Issues in Interconnection ........................................................

73

3.2.3 The OSI Model for Interconnection ........................................................

75

3.2.4 Interconnection at Different Layers ........................................................

79

3.3 Interconnecting with ISDN

•••

80

3.4 Interconnection of LANs and ISDN ................................................................

82

3.4.1 Using the ISDN Bearer Services ............................................................

83

3.4.2 Applications Running on LANs .............................................................

85

3.4.3 Interconnection Scenarios ........................................................................

85

3.4.4 The LAN-ISDN Relay .............................................................................

86

3.4.5 Protocols Over the ISDN Bit Pipes .........................................................

87

3.5 Summary ............................................................................................................

85

4. CHANNEL MANAGEMENT inMULTI-CHANNEL NL RELAYS ...........

90

4.1 Introduction ..................................................................................................... •••

93

4.2 The Channel Management Problem ..............................................................•••

94

4.3 Definition of Channel Management ...............................................................•••

95

4.4 Bandwidth Allocation .......................................................................................

98

4.5 Bandwidth Management ..........................................................................................98
4.6 Queueing Systems for channel Management ..................................................

100

4.6.1 Queueing Systems with Removable Servers .......................................•••

102

4.6.2 Threshold Control of Server Capacity ....................................................

103

4.6.3 Queueing Systems with Fluctuating Parameters ..........................................103
4.6.4 Queueing Strategies .................................................................................

104

4.7 Scheduling Policies ...........................................................................................

106

4.8 Protocols Over the ISDN B-channel .................................................................

107

4.9 Channel Management Information ...................................................................

110

4.10 Cost Functions ..................................................................................................

I ll

4.11 Summary ...........................................................................................................

112

iiA i/ic

u j

v

5. An ARCHITECTURE for CHANNEL MANAGEMENT ...............................

113

5.1 Introduction ........................................................................................................

113

5.2 General Architectural Models ...........................................................................

114

.......................................................

116

5.3.1 The Channel Management Functional Units ..........................................

117

5.3.2 Placing the CMFUs ..................................................................................

121

5.3.3 Designing the Channel Control Messaging Interface .............................

124

5.3.4 The Channel Status Table (CST) .............................................................

124

5.3.5 The Channel Management Routine(CMR) .............................................

125

5.3.6 Status Updating ........................................................................................

126

5.4 A DCMA for Ethemet-ISDN Relay .................................................................

126

5.4.1 Protocols ...................................................................................................

127

5.4.2 Main Processes .........................................................................................

128

5.5 Summary ............................................................................................................

130

6. A PROTOCOL for SUPERCHANNEL FORMATION ...................................

132

6.1 Introduction ........................................................................................................

132

6.2 Background ........................................................................................................

133

6.3 Definitions ..........................................................................................................

135

6.4 The Time Slot Sequence Integrity Problem .....................................................

137

Provision of TSSI within the Network .................................................

138

6.4.2 Provision of TSSI within Customer Premises .......................................

139

6.5 Call and Channel Identification ........................................................................

139

5.3 The Channel Management Architecture

6.4.1

6.5.1

The Channel Structures and Time Slot Mappings ...............................

139

6.5.2 Call and Channel Identification in PRISDN .........................................

140

6.5.3 ’A Priori’ Superchannel Formation ......................................................

140

6.6 Protocol Issues ...................................................................................................

140

6.6.1 User-User Signalling (UUS) ...................................................................

142

6.6.2 A Protocol Over User-User Signalling for Superchannel
Identification ............................................................................................

143

6.6.3 Modification of CUE ..............................................................................

145

6.6.4 Modification of CRIE ............................................................................

145

6.7 Dynamic Bandwidth Variation .........................................................................

146

i aoie o j c onrems y

6.7.1 Aggregated Superchannels .....................................................................

146

6.7.2 nx64 Kbps Superchannels .......................................................................

148

6.8 Conclusions and Summary ...............................................................................

149

7. HEURISTIC CHANNEL MANAGEMENT POLICIES .....................................

150

7.1 Introduction ........................................................................................................

150

7.2 The Simulation Environment ............................................................................

151

7.2.1 Discrete Event Simulator .........................................................................

151

7.2.2 The Statistical Nature of Simulation Outputs .........................................

152

7.2.3 Perfonnance Measurement ......................................................................

152

7.2.4 Experimental Setup ...................................................................................

155

7.2.5 Analysis of Results ...................................................................................

157

7.3 Perfonnance Measures .......................................................................................

158

7.4 Simulation Models .............................................................................................

160

7.4.1 Major Model Assumptions ......................................................................

160

7.4.2 Simulator Verification and Validation ....................................................

162

7.5 CM Policies - An Experimental Evaluation ...................................................

162

7.6 Heuristic Channel Management Policies .........................................................

163

7.7 Analysis of Perfonnances .................................................................................

167

7.8 Conclusions ........................................................................................................

169

7.9 Summary ............................................................................................................

171

8. COMPARISON of DIFFERENT SERVICE CAPACITY CONTROL
DOCTRINES .....................................................................................................................

177

8.1 Introduction ........................................................................................................

177

8.2 Bi-Level Service Capacity Control ...................................................................

178

8.2.1 Bi-Level Capacity Control with Instantaneous Switching .....................

179

8.2.2 Bi-Level Service Capacity Control with Switching Delays ..................

182

8.3 Multi-Level Service Capacity Control ..............................................................

183

8.3.1 Multi-Level Capacity Control with Instantaneous Switching ...............

184

8.3.2 Multi-Level Service Capacity Control with Switching Delays .............

185

8.3.3 Comparison of Two Multi-Level Capacity Control Systems ................

186

8.4 Modified Multi-Level Service Capacity Control Policies ..............................

187

i ante oj c ometus i u

8.4.1 Moratorium Policy ...................................................................................

187

8.4.2 Delayed Close Policy ..............................................................................

188

8.5 Bi-Level versus Multi-Level Capacity Control ...............................................

189

8.6 Practical Aspects ................................................................................................

190

8.7 Summary ............................................................................................................

191

9. CONCLUSIONS and FURTHER RESEARCH WORK ...................................

193

9.1 Introduction ........................................................................................................

193

9.2 The Overall Summary ........................................................................................

193

9.3 Main Contributions of this Research ................................................................

197

9.4 Further Research Work ......................................................................................

200

Appendix A Modelling an ISDN Interface ...............................................................

204

Appendix B ISDN Simulator Validation ..................................................................

214

Appendix C D-Channel Signalling for Circuit Switched Call Control ...................

221

Appendix D Multi-Level Service Rate Control ........................................................

224

Appendix E Delayed Close Policy ............................................................................

230

Appendix F Acronyms and Abbreviations ...............................................................

232

References

240

LIST OF FIGURES

Figure 1.1 A Simple Schematic of the DCMA ...........................................................

21

Figure 1.2 Relationship between DCM and Associated Parameters ........................

21

Figure 1.3 DCM Events Sequence ..............................................................................

22

Figure 2.1 OSI Reference Model and ISDN Protocol Reference Model .................

50

Figure 2.2 Reference Configurations for ISDN User-Network Interfaces ...............

53

Figure 2.3 TDM Frame Structure used at PRA Physical Layer (Europe) ................

55

Figure 2.4 Schematic summarising Data Communication alternatives in ISDN ....

56

Figure 2.5 Protocol Stacks for the D-channel .............................................................

60

Figure 3.1 Multiple network interconnection .............................................................

72

Figure 3.2 Partitioning of Network Layer

......................................

77

Figure 3.3 Use of a Convergence Protocol

......................................

78

Figure 3.4 LAN-ISDN Interconnection atreference point R ....................................

82

Figure 3.5 LAN-ISDN Interconnection atreference point S .....................................

83

Figure 3.6 LAN-ISDN Interconnection atreference point T ....................................

84

Figure 3.7 A Connection Oriented LAN-ISDN Network Layer Relay ....................

87

Figure 3.8 A Connectionless LAN-ISDN Network Layer Relay ..............................

88

Figure 4.1 An Example of Point and Hysteresis Thresholds .....................................

100

Figure 4.2 Schematic for Alternative Queueing Models ...........................................

101

Figure 5.1 High Level Decision Process - Action Routine ......................................

119

Figure 5.2 High Level Decision Process - Reply Routines ......................................

120

Figure 5.3 Details of a TSMAP Table ........................................................................

121

Figure 5.4 Reference configuration for CMFU placement ........................................

123

Figure 5.5 Details of (i) Q.931 message structure (ii) Channel Control
Block (CCB) .............................................................................................

124

Figure 5.6 Details of the Channel Status Table (i) model 1 (ii) model 3 ................

125

Figure 5.7 Details of the Status message Block (SB) ................................................

125

Figure 5.8 CL Ethernet/ISDN Relay Protocols ..........................................................

128

Figure 5.9 Ethernet/ISDN Relay Processes ................................................................

129

L ist o f F igures

12

Figure 5.10 Details of the ISDN Relay Process (IRP) ................................................

129

Figure 6.1 Formation of Superchannels using Physical Channels ...........................

136

Figure 6.2 Schematic of TSSI Provision Domains .....................................................

138

Figure 6.3 Various Reference Models for Superchannel Formation ........................

141

Figure 6.4 Protocol Implications for Superchannel Interfacing ................................

112

Figure 6.5 Details of Superchannel Identification Protocol Message .......................

143

Figure 6.6 Details of a new Channel Identification Information Element ................

146

Figure 6.7 Details of a new Call Reference Information Element ...........................

146

Figure 6.8 VARY BANDWTTH message contents ....................................................

148

Figure 6.9 Details of new BANDWITH Information Element .................................

149

Figure 7.1 Elements of the EIR simulator ..................................................................

151

Figure 7.2 Mean Bandwith Cost vs Threshold High (A=6 pps) .................................

172

Figure 7.3 Mean Bandwith Cost vs Threshold High (A=48 pps) ...............................

172

Figure 7.4 Mean Bandwith Cost vs Threshold High (A=75 pps) ...............................

172

Figure 7.5 Mean Bandwith Cost vs Threshold High (A=6pps,sw_T= 100ms) .........

173

Figure 7.6 Mean Bandwith Cost vs Threshold High (A=6pps,sw_T=500ms) .........

173

Figure 7.7 Mean Bandwith Cost vs Threshold High (A=75pps,sw_T=500ms) .......

173

Figure 7.8 Response Time vs Packet Arrival Rate (TH_H=10,TH_L=0) ................

174

Figure 7.9 Response Time vs Packet AjTival Rate (TH_H= 100,TH_L==0) ............

174

Figure 7.10 Mean Number of Customers vs X (TH_H= 10,TH_L=0) .......................

175

Figure 7.11 Mean Number of Customers vs X (TH_H=100,TH_L=0) .....................

175

Figure 7.12 Mean Switching vs Packet Arrival Rate (TH_H=2,TH_L=0) ............

176

Figure 7.13 Mean Switching vs Packet Arrival Rate (TH_H=10,TH_L=0) ..........

176

Figure 7.14 Mean Switching vs Packet Arrival Rate (TH_H=100,TH_L=0) ........

176

Figure 8.1 Mean queue length vs p i (Gebhard H=6,L=0 model) ...........................

179

Figure 8.2 Mean Response Time vs p i (Gebhard H=6,L=0 model) ........................

179

Figure 8.3 Mean queue length vs p i (Gebhard H= 100,L=50 model) ......................

180

Figure 8.4 Mean Response Time vs p i (Gebhard H=100,L=50 model) ..................

180

Figure 8.5 Mean Response Time vs X (Gebhard H= 100,L=50 model) .....................

181

Figure 8.6 Mean Number of Switchings per second vs pO ........................................

181

Figure 8.7 Mean Number of Switchings vs pi (Gebhard H=100,L=50 model) ......

181

Figure 8.8 Mean Number of Switchings per second vs A. ..........................................

181

Figure 8.9 Mean Number of Switchings per second vs N1 (Gebhard H=100,L=?) .

182

List o f F igures

13

Figure 8.10 Mean Number of Switchings per second vs P .........................................

182

Figure 8.11 Mean Number in System vs P (M&P model,S=3,(J=1) .........................

184

Figure 8.12 Mean Number in System vs p (M&P model,S=30,0=1)

184

Figure 8.13 Mean Response Time vs A (M&P model,S=3,a=l) ................................

185

Figure 8.14 Mean Response Time vs A (M&P model,S=30,o=l) ..............................

185

Figure A.l A Simple Port Communication System Architecture.....................

205

Figure A.2 A Typical Host-Port Processor Communication Data Structure setup .. 206
Figure A.3 Ethemet-ISDN Relay Simulation Model ................................................

210

Figure A.4 Queueing Network Approximation ..........................................................

212

Figure B.l Mean number in system, N vs A and the ISIM model

215

................

Figure B.2 Mean queue length, Q vs TH_H for analytic and simulation models .... 217
Figure B.3 Mean number in system, N vs A and the ISIM model ..............................

220

Figure C.l Procedure for a simple circuit switched call control ................................

222

Figure D.l Mean Number of Customers vs Utilisation Factor (p) (eqn.2) ...............

227

Figure D.2 Mean Number of Customers vs Utilisation Factor (p) (eqn.3) ..............

227

LIST OF TABLES

Table 2.1 Objectives for Connection Processing Delays in an ISDN .......................

52

Table 3.1 Services in LAN/Workstation-ISDN Interconnection ...............................

81

Table 5.1 Comparison of nxA/B/1 and A/B/l-« aG Queueing Models ......................

115

Table 8.1 Comparison of Multi-level and Bi-level Service Capacity
Control Policies ............................................................................................
Table 8.2 Effect of Moratorium Policy on system parameters ..................

183
188

Table B.l Mean number in system N, obtained for selected values of
A, using analytical and simulation methods ................................................

215

Table B.2 Table showing the values of selected parameters for Gebhard’s
Model and the ISIM model .........................................................................

217

Table B.3 Mean number in system N, obtained for selected values of X using
analytical and simulation methods (|i=8pps) .............................................

220

Table C.l Table showing the message sizes and transmission delays for
selected D-channel messages (c.f ECMA-106) .........................................

223

Table C.2 Table showing the message sizes and transmission delays for
selected D-channel messages (c.f Q.931) ..................................................

223

Table D.l Table showing results when p=0.5(eqns.2& 5) .......................................

228

Table D.2 Table showing results when p=l .5(eqns.2& 5) .......................................

228

Table D.3 Table showing results when p=0.5(eqns.3& 5) .......................................

229

Table D.4 Table showing results when p=1.5(eqns.3& 5) .......................................

229

Chapter 1

INTRODUCTION

Motivation in this research stems from an interest in the dynamic management of
multiple communication channels at the user-network interface in narrowband ISDNf.
Dynamic Channel Management calls for the adoption of efficient channel control policies
which would provide user performance objectives of bandwidth utilisation, delay,
throughput and real communication costs.
The Integrated Services Digital Network (ISDN) is evolving from the Digital Network
concept and taking shape worldwide. One of the fundamental concepts in the creation of
ISDN is the provision of a multitude of switched and non-switched services to the users
within the Circuit or Packet Modes of access, through the use of a small set of standard
User-Network Interfaces (UNI). Apart from fast switching due to the end-to-end digital
connectivity, the ISDN utilises Common Channel Signalling (CCS), allowing the
selection of different services through the use of a standard signalling protocol at the
UNI. Furthermore, the ISDN provides multiple channels to the user at the UNI. The
main multiplexing technology used in the digital telephony world is Time Division
Multiplexing (TDM). Multiple channels at the ISDN user-network interface are formed
by assigning one or more Time Slots (TSs) within a TDM frame to a channel. The TDM
technology lends itself easily to Circuit Switching (CS). Hence, circuit switching is
inherent to ISDN, and it will be one of the earlier services available in ISDNs. Computer
communication is based on the packet mode. Interconnection of computer systems
t

In the rest of this thesis, the term ISDN will be used to mean the narrowband ISDN (N-ISDN) and IS
IS DN will be used specifically to mean broadband ISDN (see Chapter 2 for details). Note that while
the N-ISDN access is based on the Time Division Multiplex (TDM) technology, the B-ISDN is based
on the Asynchronous Transfer Mode (ATM). The N-ISDN has two access structures: Basic Rate
Access (BRA or BRISDN) and Primary Rate Access (PRA or PRISDN). The BRA and the PRA
interfaces are composed of 2B+D and 30B+D (in Europe) channel structures respectively. The Bchannel has a transmission capacity of 64 Kbps. The D-channel has 16 Kbps and 64 Kbps transmission
capacities for the BRA and the PRA interfaces respectively. The PRA additionally has higher capacity
channel structures (see Chapter 2).

(hosts, workstations, terminals or their collections with associated software) using circuit
switched ISDN will mean the interconnection of packet switched and circuit switched
networks. This thesis is concerned with the packet mode usage of circuit switched ISDN.
The multiplicity of switchable user channels at the ISDN UNI leads to a resource
(bandwidth or channel) management problem. This problem is more acute when the
number of users simultaneously demanding service (and/or their aggregate bandwidth
requirement) is greater than that of the interface capacity, and when the bandwidth
requirements of individual channels vary over time. There are two concerns here;
fairness to users and cost minimisation by judicious management of the bandwidth
resource.
This dissertation takes a pragmatic view of the channel management issue in that: it
combines the theoretical work and practical implementation for bringing a new insight
into the problem and achieving satisfactory solutions. This thesis argues that Dynamic
Channel Management is crucial when the circuit switched channels in ISDN are used for
transporting Connectionless (CL) mode data packets. This is due to lack of information at
the access nodes about the end-to-end associations in such communications. This model
applies especially in the LAN-ISDN-LAN interconnection scenarios, where most
existing LANs employ Connectionless Network Protocols. In the absence of any
previous example, a Dynamic Channel Management Architecture applicable to a LANISDN CL Network Layer Relay is designed and implemented in a simulation package.
This has been used to show the workability of the ideas regarding channel management.
The simulation package is also used for evaluating the performance of different
bandwidth management policies.
The rest of this chapter introduces and briefly formulates the Dynamic Channel
Management problem which forms the main theme of this thesis and outlines an
Architecture for Dynamic Channel Management (DCMA) in data mode applications of
circuit switched ISDN. Brief introductions to the problems associated with the formation
of Superchannels and Dynamic Bandwidth Control are also presented. Section 1.2
discusses the related work in areas relevant to this thesis. An overview of the thesis is
given in Section 1.3 and a summary is given in Section 1.4.

1.1 Formulation of the Dynamic Channel Management Problem
Although every body seems to agree on the brilliant and exciting future of ISDN, few
have decided to actually utilise it. It is the purpose of this thesis to address an important
issue in ISDN applications; that of Dynamic Channel Management. The approach is one
where the need for transporting current data applications to/through ISDN is recognised.
Furthermore, new features of ISDN are attractive in that, they promise much more
flexible usage of resources. A gap exists between the new features of ISDN and the
traditional networking: dynamically switchable channels versus fixed channels (e.g.
leased lines), user selectable services versus fixed service types (i.e. either circuit or
packet switched but not both), outband signalling versus the traditional inband signalling,
and multiple channels versus single channels. Hence, we identify the following
fundamental needs in data applications of circuit switched ISDN:
• Managing the multiple channel resource effectively.
• Converting from traditional data in-band signalling to ISDN out-band signalling.
• Defining a software interface between data applications and the ISDN signalling
protocols.
We define and formulate the Dynamic Channel Management Problem in the next section.
1.1.1 Definitions _

Resource Management is a well known concept in data communications and computer
networks. It enables users or applications to manage the scarce and expensive resources
in communications. These include the processing capacity of nodes, bandwidth capacity
of transmission lines, buffers at the nodes, etc. All these resources and their management
are also valid in communications over the ISDN.
As pointed out in previous sections, one of the most important features of ISDN is the
provision of multiple channels at the user-network access interface (UNI) and its flexible
control by the use of CCS. It is these two features that we concentrate on in this thesis.
That is, the use of CCS to control channel access and dynamic bandwidth variation at the
UNI. In this thesis, we have coined the phrase Channel Management to represent a
related group of activities and policies relevant to the interface bandwidth resource
management. These include Bandwidth Allocation, Bandwidth Management and Channel
Assignment and Transmission Control activities within the network access interface.

These activities are described by specific policies for the system. We make the following
distinction between them in the ISDN context:
—

—

—

—

Bandwidth Allocation:§ describes how the total bandwidth of a communications
facility is distributed (allocated) amongst different contending users. It is assumed
to apply to the bandwidth of the whole communications interface.
Bandwidth Management: describes the means (or procedures) by which the
bandwidth of a communications facility is managed. It works in collaboration with
and within the confines of a Bandwidth Allocation Policy. At the microscopic level,
it is assumed to apply to the bandwidth of a single channel of variable capacity.
Channel Assignment and Transmission Control: describes the procedures for
channel assignment to incoming requests and de-assignment for cost effectiveness,
transmission control for data packet forwarding and receiving and signalling for link
establishment and removal.
Channel Management: applies to multiple distinct channels at a communications
facility and describes their management. A Channel Management strategy
comprises policies regarding Bandwidth Allocation, Bandwidth Management and
Channel Assignment and Transmission Control operations.

A Bandwidth Allocation Policy provides access control to new customers (e.g. users,
packets, PDUs) for sharing the interface bandwidth. It also regulates the changes in the
bandwidth allocation to existing channels. For example, a class of users may not be
allowed to access more than a certain share in the link bandwidth.
A Bandwidth Management Policy specifies the method and the algorithm by which the
bandwidth of a channel is to be increased or decreased. For example, for a given facility,
a hysteresis threshold control may be designed for the service capacity (or bandwidth)
control of its channels.
A Channel Assignment and Transmission Control Policy specifies the conditions; when
to set-up a new channel and when to remove an existing channel. For example, in the
case of a connectionless network layer packet, the policy may specify the setting-up of a
new channel to a hitherto un-connected destination. Similarly, a channel may be totally
removed if it is not used for t seconds. It will deal with the packet forwarding to channel
§

A Bandwidth Allocation Policy is sometimes referred to as the (Bandwidth) Access Control Policy,
Channel Access Policy or Capacity Assignment Policy.

queues. Initiation of D-channel signalling activity and initiation and ending of packet
transmission on any channel is also defined by this policy unit. Lower layer functions of
time slot to channel mapping and free time slot hunting are also carried out under this
policy directive.
Channel Management encompasses policies for the above activities. Hence, it includes
policies on how a channel or a group of channels are to be used; separately or aggregated
together to form a larger capacity channel (i.e. a super channel), when to set-up new links
and remove existing links, when and how to increase/decrease the existing channel
capacity to a destination. It may also include a scheduling (routing) policy if multiple
channels with individual queues exist to a given destination. A congestion control policy
may also be implemented (e.g. throw packets away if the transmission queue gets longer
than a certain level). Finally it may involve traffic monitoring and statistics gathering
operations.
1.1.2 Framework

In this thesis we propose an architecture for the implementation of Channel Management
and discuss how the functionalities described above are met. We specify the sort of
Management Information (MI) needed in order to implement these functionalities in the
case of a Network Layer Relay. To this effect we specify the parameters of interest, the
decision metrics and their measurement as well as the decision mechanisms involved.
This architecture is also modelled both in terms of a queueing model and as a simulation
model. Queueing and simulation models of this architecture are also developed. It is
shown that after suitable simplifications the resulting nodal queueing system of the
network layer relay can be solved analytically using an approximate technique and that it
can be used in the validation of the simulation model (see Appendix B).
We extend the Channel Management Architecture to include Superchannels. This
architecture is then compared to the single channel CMA. We also investigate the
superchannel formation in the Primary Rate ISDN and propose several modifications and
extensions to the existing CCITT protocols for the D-channel. The simulation model is
then used to compare the performance of different Dynamic Bandwidth Management
Policies.

The Bandwidth Allocation problem is not studied any further in this thesis since this is a
very wide field of research on its own right (see section 1.2.4.3). The Bandwidth
Management problem is studied in Chapters 7 and 8 by concentrating on a single channel
of variable bandwidth at the interface. Hence by the same token, the need for a
Bandwidth Allocation policy is reduced to one of: assign a new bandwidth unit to a
bandwidth management request as long as free capacity is available, since no contention
is assumed to exist in our simplified model. Therefore, the interaction of multiple
channels at the interface using same or different Bandwidth Management policies is also
left for further study. Lower layer functions within the Channel Assignment and
Transmission Control are also not studied in any greater depth in this thesis since this is a
side issue as far as we are concerned.
1.1.3 Dynamic Channel Management Architecture

In order to achieve Dynamic Channel Management, a generalised approach is needed to
identify the necessary modules and units of a software architecture such that it could be
applied to different types of ISDN User-Network Interfaces. Such an architecture would
also include events and messages that will be encountered at the UNI. In the absence of
such an architecture, this thesis proposes a simple architecture and identifies the
necessary elements. The main features of this architecture are described below.
An access node interconnected to ISDN will have a physical interface as well as a
software interface. The distribution of functionality within this access node can be
different for different nodal architectures. In general, this interface can be represented as
shown in Figure 1.1. The Dynamic Channel Management (DCM) module (composed of
one or more processes) is shown to have interaction with the Interface Access and
Control Process. The DCM module needs to have regular access the status of the
particular ISDN interface it is supposed to manage. Figure 1.2 shows the relationship
between the DCM and associated parameters that affect it.
The DCM monitors the ISDN interface status continuously by a report sent to it by each
relevant event across the interface as well as within the ISDN interface. These include
the following events:

Higher Layer
(Application/Relaying)

Interface
Access and
Control
Process

Dynamic
Channel
Management.

A
ISDN Interface

Interface
Process
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Figure 1.2. Relationship between DCM and Associated Parameters
Packet Sent: A packet sent to the interface to be queued to a channel queue.
Packet Received: A packet has arrived on any one of the channels.
Setup Channel: Set up a new channel to the destination or setup requested by
remote destination.
Disconnect Channel: Disconnect a channel to the destination or disconnect
requested by remote destination.
Vary Channel Bandwidth: Increase/decrease channel bandwidth to a given
destination.

Each event generates a change in the status of the interface and hence causes an update
of status information by the DCM module. Figure 1.3 shows the relationship of the DCM
and events sequence within the architecture. As a result of this event, an action command
may be generated by the DCM module and sent to the interface process.
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Figure 1.3. DCM Events Sequence
1.1.4 Superchannel Formation

At the User-Network Interface, ISDN provides multiple fixed size channels of possibly
differing bandwidth capacities (in multiples of 64 Kbps). Two problems exist: the
provision of n x 64 Kbps channels, and the dynamic variation of channel bandwidth. In
the absence of the former, a substitute method is the formation of superchannels
(channels of arbitrary bandwidth) using the basic channel types {physical channels) by
the aggregation method. Identification and dynamic bandwidth variation of such
channels at the UNI needs to be provided. The CCl lT Recommendations of the I-Series
have no provisions for the above. This thesis addresses the protocol issues relating to this
problem (see Chapter 6).
1.1.5 Dynamic Bandwidth Control

A multi-channel ISDN interface can be organised in a variety of ways, leading to
different queueing models. Assuming no Quality of Service queueing is incorporated,
these can be listed as follows:
1.

Multiple parallel servers with their individual queues: n x A/B/l

2.

Multiple parallel server groups, each with a single queue: m x A/B/c

3.

Single server groups, each with a single queue but variable service rate: k x A/B/l

4.

A mixture of the above.

In queueing models 1 and 2, the variation in the logical channel ( - a channel formed by
the association of several physical channels) bandwidth to a given destination is achieved
by the addition or deletion of servers and their queues, or just servers respectively. Type
3 queueing model applied to a single channel assumes the existence of a superchannel
structure (see previous section). One immediate question that arises from the formation
of a superchannel is how to vary the service capacity (rate or bandwidth). Service
capacity control based on a threshold policy applied to the number of customers in the
queue or the system has been proposed previously (e.g. by Gebhard [49] ). Here, the type
of the threshold policy becomes important. The effects of policy decisions need to be
evaluated. In this thesis we propose and evaluate four heuristic multi-level hysteresis
threshold policies. We compare and contrast these with bi-level hysteresis threshold
policies (see Chapters 7 and 8).

1.2 Review o f Related Work
A wide area of research is implicated in the topic of this thesis. Therefore, these areas
are separately reviewed. The areas of direct concern; the LAN-ISDN interconnection,
flexible bandwidth access in ISDNs, and the service capacity control of queueing systems
are given wider coverage than the peripheral issues which are discussed in section 1.2.4.
1.2.1 LAN-ISDN Interconnection

The issue of LAN-ISDN interconnection is relatively new, as the emergence of ISDN
standards began with CCITT Recommendations of the Series-I in 1984. Here, a technical
as well as a historical review of the LAN-ISDN interconnection issue is presented
through the published work of interested researchers.
One of the earliest investigations into the position of LANs in an ISDN world was carried
out by Davies [28], who saw the absence of structured data transmission services in the
then emergent ISDN as one of the greatest weaknesses for LAN-ISDN interconnection.
The major issues in this interconnection have been identified as: data delimiting, message
size and flow control. The synergies between the LAN access modes and the Passive Bus
in the Basic Rate ISDN are pointed out. In the case of Integrated Services Local

Networks (ISLNs), offering data, voice and video sendees operating at very high bit
rates, the following have been identified as major issues in LAN-ISDN interworking; the
necessity of higher bandwidths in the wide area network and the requirement from the
ISDN of an ability to transmit packetised voice if not also switch the same.
The main reasons for wanting a LAN-ISDN interconnection are listed in a paper by
DePrycker [38]. The major problems when connecting a LAN to an ISDN have been
identified as: address inconsistency, frame structure incompatibility and sub-addressing
within a LAN. The address inconsistency is attributed to the use of Layer 2 addresses by
LANs and Layer 3 addresses by the ISDN. Three solutions are offered for address
inconsistency. First solution involves the Level 3 address generation within the LAN by
mapping between Level 2 and 3 addresses. The second solution involves the use of an
adaptor between the LAN and the S interface to do external mapping (inconsistent with
the OSI-RM). The third solution proposes the supporting of network layer protocol in
each terminal/host connected to the LAN; hence obviating the need for mapping. One
way of solving the frame structure incompatibility is to use a gateway to remove all
frame structure elements. The solution proposed for the sub-addressing within the LAN
is to have the LAN gateway to interpret the first in-slot received data and direct the
following data to an appropriate address within the LAN. The paper also considers the
use of X.25 PLP (Packet Level Protocol) over circuit switched B-channels and the LAN,
where the LAN-ISDN gateway performs the flow control, connection set-up and release.
A mapping is to be performed between the X.25 Virtual Circuit (VC) and the B-channel
circuit connection. The disadvantages of this method include; time consuming VC setup,
X.25 Layer 3 error correction mechanism considered an over-kill when used over a LAN
which has good Bit Error Rate (BER). When Connectionless protocols are used over the
LAN, the use of X.25 VC "tunnel" is advocated, where the datagrams are ported using
X.25 data packets.
Interconnection of LAN/ISLAN and ISDN have been studied by the author as early as
1985 (see Deniz [29,30] ) in general terms. Building wide area networks using the ISDN
has been proposed in a paper by Deniz and Matthewson [32]. Here, the problems of
interconnecting a packet switched sub-network to the circuit switched ISDN are
investigated and the CO and CL protocol working over the ISDN B-channels are studied.
The circuit set-up and removal operation is defined in both cases. When a CL protocol is

used, the circuit is to be established with the first datagram to a given ISDN destination
and removed after a connection time-out mechanism when no further packets arrive to
the gateway for that destination. A further proposal includes the use of multi-link
procedures over multiple B-channels giving point-to-point connections of larger
bandwidths. The possibility of using the fast select facility of X.25 for transporting
datagrams over semi-permanent ISDN lines is also suggested.
The issue of interconnecting LANs, PABXs and ISDNs is also investigated by
Zylberberg [150], who gives a survey of the activities by ECMA in developing standards
for the LAN-PBX interworking. This paper also investigated the methods available for
LAN-ISDN interconnection. It summarises the methods as circuit switched and packet
switched modes. The definition of new ISDN packet modes using full out-of-band
signalling and Level 2 multiplexing are reported. The use of a Terminal Adaptor (TA)
acting as a gateway between the LAN and ISDN for the first two solutions is advocated.
The issue of connecting an ISDN terminal to a LAN is also raised. The suggested
solution uses only existing data terminals over LANs and uses a PABX for ISDN type
terminal connection.
One of the earliest projects looking into the LAN-ISDN interconnection issues is the
UNISON project [22,23,134] sponsored by the UK Alvey directorate. This project had
its origins in the Project Universe [14,96], which was established as a collaborative
endeavour to explore the linking of LANs by broadcast satellite and terrestrial link to
form a high speed wide area computer network and to investigate the integration of
services. The Unison Project initially used a subset of the Alvey High Speed Network
facilities and it initially consisted of fixed (plug-patchable) 2Mbps links and then
«x64Kbps circuits individually switched by an operator at a central console attached to
an Automatic Cross Connection Equipment (ACE) (see Clark [22] ). This switching
architecture would not support fast and flexible switching of individual 64Kbps Time
Slots using the D-channel signalling over the Time Slot 16.
The issue of LAN-ISDN interconnection, and the type of protocols to be used over these
connections, the implications for gateway design has been raised by the author in the
Annual Report of research activities in October 1986 (see Deniz [31] ). In this report, the
possibility of using integrated services and multi-media application types both at the
local and wide area network domains and its impact on communication protocols were

raised. Building of specific Connection Oriented and Connectionless mode Network
Layer Relays between LANs and ISDN are the topic of papers by Deniz [33,34], and
Knight, Deniz and Fan [78]. In the first paper the Call Management and in the latter the
Circuit Management t phrases are coined for the call set-up and removal operations of
the Circuit Switched ISDN referred to earlier in Deniz and Matthewson [32].
Tennenhouse et al [134], reported that the Unison project would study the practical
aspects of multi-media services and distributed computing across multiple LAN sites
interconnected using the standard (G.732) 2.048 Mbps PCM links (known as
Megastream in UK). The pilot network provided circuit-switching through ISDN
switches, and by then, supported the CCITT Layer 2 (Q.921) and Layer 3 (Q.931)
signalling protocols.
Berera and Jardin [8] describe a method of interconnecting an Ethernet LAN to a PABX
using the PRISDN interface given by the ECMA 104 standard [40] (based on
I.431/G.703/G.732 with additional features such as maintenance loops). Their first
version of their equipment is an Ethernet based terminal server. It is actually a LAN-toPABX gateway that supports the basic functionality required for the support of low speed
asynchronous TE (Terminal Equipment) connections. It also provides 64Kbps clear
connectivity. The D-channel protocol versions of ECMA 105 [42] /Q.921 (Layer 2) and
ECMA 106 [41] (Layer 3) are developed for signalling purposes. Cooper [24] discusses
the influence of ISDNs on Local Area Networks and shows how the LAN must adapt to
the network management requirements of the ISDN. It further considers the merging of
LANs and PABXs developed to the ISDN standards. The LAN-ISDN gateway is said to
provide NT2 functions; correct electrical termination to the ISDN, transmit and receive
information at ISDN rates and with the ISDN protocols and provide network
t

We note that this terminology is similar to the Channel Management terminology adopted in this thesis
(see Chapter 4 for the definition). This terminology is considered to be more appropriate since a
channel may actually have multiple "circuits'' associated with it, as indeed it may be the case for a
Superchannel (see Chapter 6); a channel of arbitrary bandwidth - in multiples o f 64Kbps, which may be
aggregated from individual B or H channels set-up separately. Furthermore, since the Time Slot(s) to
channel mapping is left to the user in the ISDN user-network interface and the bandwidth o f a
superchannel is assumed to be a variable under control, the term Channel Management is better suited.

management functions. The second requirement implies that (asynchronous) packet
oriented to (synclironous) circuit oriented conversion and buffering facilities must be
provided at the gateway. The third requirement implies that the LAN or the gateway is
equipped with a comprehensive network manager capable of monitoring the LAN traffic,
determining the acceptance of incoming calls, establishing call priorities and registering
details of the properties of all devices connected to the LAN. Henriet [59] considers the
integration of LAN, PABX and the ISDN equipment and services and its benefits to
users, but offers no technical proposals.
A study by Kirstein et al [75], pointed out the possible impact of ISDN on the Joint
Academic Network (JANET) in the UK. According to this, the benefits of the ISDN in an
academic network environment for the period investigated will be the use of ISDN lines
as catastrophe back-up, on-demand extra capacity, direct capacity and remote terminal
access lines.
Deniz and Knight [35,36] define the Channel Management in LAN-ISDN gateways
(relays) and propose a status table approach to Channel Management. The use of
instantaneous or averaged queue length and/or traffic arrival rate as the control metric for
channel service capacity is also proposed. The factors affecting the choice of queueing
strategies in LAN-ISDN gateways are also studied. A design for a simple Ethemet-ISDN
Connectionless Network Layer Relay incorporating Channel Management is presented.
In the case of CO protocols (e.g X.25) over ISDN, multiple virtual circuits over a single
B-channel and Multi-Link Procedures over multiple B-channels are proposed. For the
case of CL protocols over ISDN, the effect of the Transport Protocol time-outs are also
studied.
A bandwidth management system is proposed in Harita and Leslie [58], and is used to
aggregate time slots in a PRISDN interface to give instantaneous bandwidths of size
«x64 Kbps. An algorithm running on transputers and providing an aggregated wide-band
circuit (using nxB-channels of a PRISDN) is presented in a paper by Burren [15]. A
fixed size cell structure is superimposed over this variable bandwidth circuit-switched
channel giving an Asynchronous Transfer Mode (ATM) type performance. Tennenhouse
and Leslie [135] report about the multi-service protocol suite used over this ATM type
network. The protocol suite used is based on the OSI layering principles but does not
conform to the OSI in the distribution of layer functions. Two important aspects of this

protocol suite are reported: firstly, the multiplexing is done at the Link Layer making
application specific Quality of Service (QoS) information available to scheduling
components, both in the network and the end systems. Secondly, the use of parallel
associations to support the out-of-band implementation of many layer functions.
Fan [45] gives two designs for CO and CL Ethernet-IDAf gateways in the absence of an
ISDN in the UK conforming to the CCITT recommendations during the life-time of that
development. The CO gateway uses X.25 over a single B-channel, where multiple
Virtual Circuits can be supported. The LAN-ISDN interworking is achieved at the
reference point R (see Chapters 2 and 3). Both of these gateways used simple set-up and
removal operations for the single 64Kbps channel available at the BR-IDA interface,
based on the discussions presented in Deniz and Matthewson [32], Deniz [33], and
Knight et al [78].
INCA (Integrated Network Communications Architecture), a European collaboration
under the EEC sponsored ESPRIT-I (European Strategic Programme in Information
Technology) programme (1985-88), has looked into the LAN and WAN interconnection
issues. However, it has done little work on the LAN-ISDN interconnection issues [79].
PROOF (Primary Rate ISDN OSI Office), an ESPRIT-2 project started in 1989, intends
to bring together the PRISDN and the OSI-based data communications technology to the
development of applications in distributed office systems [80]. The project will develop
a high performance LAN-PRISDN relay conforming to OSI principles and provide an
environment for the porting of X.400 Mail, X.500 Directory Services and multi-media
services over a network of concatenated LANs, private ISDNs and PABXs.
The IEEE 802.9 IVD LAN Interface Working Group considered the LAN-ISDN
Interconnection via Frame Relay [61]. The method described is based upon the
extended-bridge approach (MAC layer interconnection) and provides transparency while
t

IDA: Integrated Digital Access is the pre-ISDN pilot network o f the British telecom in the UK. It has
two variants; the Basic Rate EDA and the Multi Line IDA corresponding to the BRISDN and PRISDN
of CCITT respectively. However, the BR-IDA has X.21 at its physical layer and the ML-IDA has a BT
proprietary standard called DASS 2 (Digital Access Signalling System - version 2).

necessitating only minimal modifications to the existing LLC (Link Layer Control
protocol used over LANs) and LAPD (Link Access Protocol over the D-channel)
protocols. Walton et al [139J, describe a design for the Ethemet-ISDN Connectionless
gateway. The ECMA Technical Group 10 [43] is currently preparing a Technical Report
on the LAN-ISDN interworking which will consider the LAN-ISDN as well as LANISDN-LAN interconnection issues using the ISDN bearer services.
1.2.2 Flexible Bandwidth M anagem ent in ISDNs

The issue of flexible bandwidth management in ISDNs is a relatively new topic of
interest in the research community. The Asynchronous Transfer Mode (ATM) [105] in
Broadband ISDNs has the advantage of having this feature as a potential facility.
However, in the Narrowband ISDN this has been an open issue. Provision of «x64Kbps
service facility in ISDNs will of course solve the problem partially; the actual mechanism
of dynamic bandwidth variation and the control doctrine to be used, also need to be
defined. However, the availability of this service in the immediate future is still doubtful.
The need for channel management in LAN-ISDN interconnections when the
interworking is achieved at the Network Layer using Connectionless Mode protocols as
to when to open (set up) and close (disconnect) channels and how to vary the link
bandwidth has been raised in Deniz and Matthewson [32], Deniz [33], and Knight, Deniz
and Fan [78]. The need to for a variable bandwidth communication link in LAN-to-LAN
interconnection is also pointed out by Tennenhouse et al [134], when the integration of
bulk data transfer, single transaction type traffic based on remote operations, voice and
other multi-media services are to be integrated over a wide area connectivity. It is
assumed that any two LAN sites should establish a link "at start of day", and keep it until
end of the day, varying the link bandwidth during the day as the traffic load between the
two sites necessitate. It is also assumed that all the traffic between a pair of sites will be
aggregated together at the source site and transported along a shared channel to the
destination site.
The characteristics of services requiring multi-slot connections and their impact on ISDN
design are studied in a paper by Roberts and Van [119]. Roberts and Liang [120] study
the performance of the X.25 multi-link protocol for /?x64Kbps data transmission in
ISDN, while Altarah and Motard [1] and Boltz, Liang and Roberts [10] study the

dynamic usage of Bandwidth in narrowband ISDN. The latter two papers propose
methods for solving the Time Slot Sequence Integrity (TSSI) problem in ISDNs.
Deniz and Knight [35,36] provide a simple Bandwidth Management Architecture for
dynamic channel management. Harita and Leslie [58] present analytic and experimental
results for Dynamic Bandwidth Management using threshold control. Burren [15]
describes an algorithm for solving theTSSIproblem. The

protocol issues in Channel

Management have been the subject of thepaper by Deniz and Knight [37].
1.2.3 Service Capacity Control of Queueing Systems
The classical queueing theory deals mainly with descriptive models, where, for specified
characteristics of a queueing process the state probabilities and (expected value)
measures of effectiveness describing the system are obtained. In contrast, the control of
queueing systems results in a prescriptive model. The prescriptive queueing models also
fall into a category of queueing theory referred to as the design and control o f queues and
they prescribe the optimal course of action to follow [57]. The design and control
models relate to static and dynamic models respectively. Static models prescribe a
combination of control parameter values which optimise certain cost functions. The
control models are usually involved in determining the optimal control policy. Queueing
processes can be characterised by the following six features [57]:
1.

Arrival pattern

2.

Service pattern

3.

Queue discipline

4.

System capacity

5.

Number of service channels

6.

Number of service stages

The control of a queueing process can therefore be exercised by controlling one or more
of these characteristics. In this thesis we are only interested in the service capacity
control of a queueing system which results directly from the multi-channel capabilities of
ISDN user-network interface as described in section 1.2.3 and Chapter 2. Service
Capacity (Rate) control in queueing systems using a threshold mechanisms superimposed
on the instantaneous queue length has been studied in the literature during the past 3
decades. A general classification of this type of service capacity control is given in

Chapter 8. The studies in this field can be broadly divided into two groups. Those in
which the system service capacity switching (on or off) are assumed to be instantaneous
and those where switching takes place after a (random or fixed) delay. Here, we present
a review of the existing work under these two headings.
1.2.3.1 Instantaneous Switching

The earliest research in this field are attributed to Romani [121] and Moder and
Phillips [108] (see Saaty [122] and Gross and Harris [57] ). Both of these works study
the M/M/c queue where the number of servers is the variable under control. In Romani’s
control doctrine if the queue builds up to a certain critical value (threshold) N, additional
servers are added as new arrivals come. The maximum number of servers available is
assumed to be infinite. Hence, the queue never exceeds the value N. Servers are removed
when they finish service and the queue length is zero.
In the Moder and Philips [108] study (see also Chapter 8 and Appendix D), a minimum
number of servers a (a > 1), is always available and the maximum number of servers S,
is fixed. The switching-on of additional servers is done in a similar fashion to Romani’s
model until the limit S is reached. The additional servers are removed when they finish
serving and the queue falls below another critical value v. This work provides closed
form expressions for the mean queue length and mean number in the system as well as
idle time, mean waiting time and the number of interruptions (server starts). This model
is studied in more detail in Chapter 8 and we propose a new expression for the mean
number in the system (see Appendix D).
Yadin and Naor [144] have generalised the work in this field. In their model, customer
arrivals are assumed to be Poisson and service exponential. The service station is capable
of providing service at different controllable rates, so the queueing model is essentially
M/M/1 with state-dependent service. Alternatively, the number of active servers within
the station may be varied in some fashion producing a variable capacity service station. It
is noted that if the service capacity increases (set-ups) incur costs, it is desirable to reduce
the number of service capacity changes per unit time to a minimum. In such a situation,
the optimal doctrine may provide for delay of setting up new (or removing active) service
capacity, leading to a hysteresis phenomenon. The following class of policies are
considered. For a sequence of feasible service capacities p = (p<>,pi,
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such that Rk+l > Rk , Sk+[ > Sk , Rk+l > Sk , So = 0, represent the

management doctrine. The policy is stated as follows: "whenever system size reaches a
value Rk (from below) and service capacity equals p*_i, it is increased to p* ; whenever
system size drops to Sk (from above) and service capacity is Pa-+i. it is decreased to p*
An M/M/1 queueing process using a single hysteresis with bi-level service capacity
control has been studied by Gebhard [49]. The policies studied by Gebhard are special
cases of the Yadin and Naor policies [144]. The control doctrine used prescribes the
average service rate depending upon the queue length. A single threshold model is also
analysed for completeness. We note that the terminology used in this paper to describe
the control doctrines is somewhat different than the one adopted in this thesis (see
Chapter 8). In the single (point) threshold model, the service rate is Pi for queue lengths
less or equal to N i and P2 (P 2 > Pi) for queue lengths greater than N

In the case of the

bi-level hysteretic control, the service rate is increased from pj to P 2 whenever the queue
length increases to a value equal or greater than an upper control level N 2 - The service
rate is reduced from P 2 to p* whenever the queue length drops to a value N \ (N \ < N 2 ).
For both models, closed form expressions are obtained for the expected value and
variance of the number of customers in the queue. In both cases the steady state is
assumed to exist provided the higher of the two service rates, pi, is less than unity. Two
figures o f merit for measure of performance of the bilevel hysteretic control doctrine are
derived; the rate of switching between service rates and the proportion of time that the
queueing system operates at the higher service rate.
Several cost formulae are superimposed on the queueing systems considered for
comparison of costs when the control doctrine is varied. Although optimum solutions are
not derived, it is concluded that the optimum control doctrine depends on the cost
formula. The total cost formula is assumed to have two components; cost Cs associated
with service (including switching costs) and cost Cq associated with queueing. The
single level control is found not to be best for any cost combinations, while the hysteretic
control is found to be best under certain cost combinations. The results obtained
exemplify that cost allocations do not always make the best control option apparent.

1.2.3.2 Delayed Sw itching

Yadin and Naor [143] study an M/G/I queueing system with a removable service station
and introduce delays in both the set-up and close-down operations. Their work considers
a single server that could either be present or absent (on/off control). The distribution of
the switching delays as well as the service times are assumed to be general. They state
that in the absence of any financial (or other) penalties for the establishment and
dismantling of a server the trivially optimal doctrine is one which eliminates the idle
fraction of the server by closing down the server and re-opening it at suitable times.
However, ordinarily the dismantling of a server leads to penalties due to; an increase
average queue length and queueing time, set-up/close times and costs. Hence, their study
looks at the effect of an (0, R) doctrine ("dismantle the service station, ifO customers are
in the queue; re-establish the service station, if the queue has accumulated to size R") on
the above queueing system. Their results include the average queue length and queueing
time. A cost structure is also superimposed on the system and optimisation procedures
are outlined.
An M/M/2 system with delay before the second server becomes available is introduced
by King and Shacham [72,73]. The system with delayed second server is also studied by
King [74]. In their study, King and Shacham [72] look at a system with a single queue
and two parallel identical servers where one is available permanently and the other is
switched in after a random switching delay (exponentially distributed with mean l/£)
whenever the

queue length

reaches K. The

second

server

is switched

off

(instantaneously) only when the queue length falls back to zero. That is, the control
doctrine used is a single (unilevel) hysteresis threshold with bi-level capacity control,
(see Chapter 8 for a classification of threshold control of queueing systems). A cost
structure composed of two factors; cost of waiting time (queueing time plus service time)
and cost of dial-up (channel set-up) is superimposed on the system. According to this, at
light system load the switching cost is dominant and at loads close to capacity, waiting is
the dominant factor in cost. The optimum threshold is found to be a decreasing function
of the offered traffic to the queueing system. The cost function used has a low gradient in
the region of the optimum threshold. Therefore, it is concluded that choosing a threshold
in the vicinity but not exactly at the optimum threshold will not increase the operating
costs excessively. It is also found that for fixed threshold values K\ the cost increases

with load for large K but has a minimum for small K.
A second model introduced by King and Shacham [72], deals with two queues with a
dial-up channel operating in full-duplex mode. Each node that has its buffer occupancy
above the threshold dials up a channel. When the first dial-up is complete, the other
buffer aborts any ongoing dial-up process and uses the established channel. The channel
is released when both buffers are empty. No closed form results are obtained but a
numerical solution procedure is outlined. Again, it is found that the choice of threshold is
not critical as long as the operating threshold is close to the optimal.
Generalisation of the above to an M/M/1 system with delayed service capacity increase is
carried out by Harita and Leslie [58]. The control doctrines used are single point
threshold with bi-level capacity control and single hysteresis threshold with bi-level
capacity control. The channel switching-on delay is assumed to be exponentially
distributed with parameter y. The switching-off is assumed to be instantaneous.
Expressions in z-transform for the mean and variance of the number of customers in the
queue are obtained.
1.2.4 O ther Issues
1.2.4.1 Standardisation Bodies Active in ISDN

The work on ISDN can be reviewed under three groups; the national and international
organisations responsible from standards development, the service providers (e.g. PTTs)
and manufacturers, and users. ISDN is such a wide field that it is almost impossible to
review all the relevant work in this field. Therefore, here we present the work of national
and international organisations, while the other related work, especially research aspects
are reported in the rest of the thesis where necessary.
The CCITT (International Telegraph and Telephone Consultative Committee), has been
working on the definition of the ISDN concept as well as interfaces and signalling
procedures for the ISDN since before 1980. Its study periods are separated into groups of
four years. The first ISDN study period 1980-84 has culminated in the Series-I
Recommendations known as the Red-Book, while the study period 1984-88 has produced
the Blue-Book version of the recommendations. The current status of these standards,
their technical overview and future trends are further studied in Chapter 2. The ISO

(International Standards Organisation) prepares standards for data communication.
CCm

and ISO cooperate in some of these areas. ISO standards relevant for data

communications using the ISDN. Indeed, the layering principle of the OSI (Open
Systems Interconnection) is adopted by the CCITT in developing the I-series
recommendations.
In Europe, the ECMA (European Computer Manufacturers Association) deals with
various aspects of data communications between data processing systems, including their
interconnection to ISDN PABXs. They have a series of Technical Standards relating to
ISDN systems. Also, a new ISDN users forum: the European ISDN Users Forum is
established to coordinate the activities of the service providers, manufacturers and users
on ISDN services and equipment.
ETSI (European Telecommunications Standards Institute) was formed by the CEPT
(European PTTs) in November 1988 so as to carry out the standardisation activities for
the European countries [48]. This standardisation activity also applies to the ISDN in
selecting common options and services. An additional objective is the coordination of the
installation planning activities. A group has also been formed within CEPT to study the
use of ISDN to provide the OSI network service.
QUAD is joint venture between the German, French and Italian PTTs and the British
Telecom, who are cooperating within this venture to produce documents stating how the
ISDNs will be implemented. It aims to achieve terminal portability by technical
harmonisation by 1992 [137].
SPAG (Standards Promotion and Application Group) is a European industry grouping
formed to promote functional standards and a common conformance

testing

facility [137]. SPAG produces a Guide to the Use of Standards (GUS) which contains
profiles as well as a description of their use and purpose.
In the United Kingdom, the UK ISDN Standards Forum (UISF) is formed by the service
providers (e.g. British Telecom) and users and it coordinates the submission of
information and views of the UK organisations to the CCITT on relevant standards. The
Department of Trade and Industry has also undertaken work to coordinate ISDN
standards, implementations and usage in the UK. Another forum which is coordinated by
the British Standards Institute (BSI) is the TCT/8/-/4 committee looking at the LAN-

ISDN and LAN-ISPBX interconnection issues. The work of this forum is also passed on
to the relevant committees of ECMA.
In the USA, The Exchange Carriers Standards Committee (ECSA) sponsors the
Standards Committee T1 - Telecommunications. The membership of the committee is
open to all interested parties. T1 develops national standards which are promulgated by
the American National Standards Institute (ANSI). It also coordinates the USA
contributions to CCITT. The T1S1 subcommittee of T l, deals with the ISDN standards in
the USA. The North American ISDN Users’ Forum (NIU-Forum) which is set up by the
National Institute of Standards and Technology (NIST) to look into ways of using ISDN
and developing new applications and services supports two sets of committees: a user set
and an implementors’ set.
Another organisation working on standards in the USA is the IEEE (Institute of Electrical
and Electronic Engineers). The relevant technical committees of this institute have been
working

on

the

use

of

Frame

Relaying

techniques

in

LAN-ISDN-LAN

interconnection [61] as well as B-ISDN and interworking with MANs (Metropolitan
Area Networks).
1.2.4.2 Integrated Switching

The requirements of different types of traffic sources have traditionally been addressed
by the Circuit Switched (CS) and Packet Switched (PS) communication systems. For
example, the voice and data services are better served by circuit and packet switching
respectively. In order to improve bandwidth utilisation and reduce the multiplicity of
access and network arrangements necessitated, transmission of circuit-switched and
packet-switched traffic sources on the same medium can be achieved by using Time
Division Multiplexing (TDM). A time division multiplex frame can be separated into
two parts; one for the circuit switched applications (blockable traffic type, class-1) and
one for the packet switched applications (queueable traffic type, class-2). The boundary
between the two can be either fixed or movable. The movable-boundary strategy was first
proposed [127], by Kummerle [89] and Zafiropulo [148]. The method is shown to offer a
better performance advantage for class-2 users over a fixed-boundary scheme, in which
the same reserved slot allocations are made. The blocking performance of class-1 calls
remains the same in either case. The data packets achieve a reduction in their queueing

delays under the movable-boundary strategy [127]. Weinstein et al [140], have shown
that a dynamically movable boundary is not very effective in allowing class-2 traffic (e.g.
data packets) to utilise free capacity due to momentary fluctuations in class-1 traffic (e.g
voice) unless an appropriate flow control mechanism is used. The analysis and design of
hybrid switching networks is carried out by Gitman et al [53], amongst others. Maglaris
and Schwartz [104] proved that the movable boundary provides optimal or near optimal
system performance for the single user case. The multiple user case has been analysed by
Kraimeche [82] who showed that for the balanced traffic case and for the range of
parameters used, the movable boundary mechanism provided an improvement in packet
traffic delay.
A refined hybrid switching method, the Slotted Envelope NETwork (SENET) concept is
proposed by Coviello and Vena [25]. Here, pseudo-synchronous "envelopes" are used to
convey multiplexed traffic through the network using a wideband slotted transmission
format, such that the traditional characteristics of both circuit and packet switching are
simultaneously provided. This concept can provide flexibility for a varying mix of traffic
and the capability to provide variable channel bandwidths to match different
applications.
1.2.4.3 Access Control Problem in ISDNs

Narrowband ISDN can be viewed as a Time Division Multiplex (TDM) facility where
each time slot in the TDM frame can be accessed separately. When larger bandwidth
links are required, multiple slots are accessed. A mixture of traffic comprising K types of
customers is assumed to share this facility. Such a situation occurs when more than one
class of traffic (e.g. voice and data) are allowed to access the facility.
For a hybrid system with packet and circuit switched traffic types, the access controlf
problem can then be defined as [82]: dynamic assignment o f bandwidth units (slots, bits,
t

Access control is not related to authorisation and security aspects as defined here. It is used to mean;
permission control to bandwidth resource sharing. The problem is also known as the bandwidth
allocation problem.

etc.) to incoming requests, as a function o f both circuit (CS) and packet (PS) switched
load, in order to optimise the performance o f PS traffic to achieve minimum delay given
an upper bound o f acceptable blocking probability for the CS traffic. A considerable
amount of interest has been shown in the performance of the above model in the last six
years. Hybrid switching in TDM systems have been studied by Maglaris and
Schwartz [103,104], Li and Mark [98], Yum and Schwartz [146]. A taxonomy for
hybrid switching is given by Goeldner [54]. Modelling and simulation techniques are
used to obtain message, packet or bit level performances of the models described.
However, only a few have concentrated on the message level analysis [27]. A good
survey of previous work in this field is given in Fletcher et al [46].
Channel access control strategies are needed for an integrated communication system
with heterogeneous users (data, voice, video), which have differing service requirements,
so that it can handle its traffic demands. Close control of access and switching at the
input node is necessary for high efficiency and flexibility [83]. The same applies if ISDN
is used in a data only environment as well, for example, LAN-to-LAN interconnection
using the ISDN. The difference is that the real time requirements of voice and video do
not exist, but nevertheless, the requirements of various data services need to be
addressed [33]. For example, a suitable Quality of Service (QoS) must be provided to the
users requesting terminal access in order to provide a workable environment. Services
with strict delay requirements may be given higher priorities over those with less
stringent requirements (e.g file transfer and electronic mail). In the rest of this section a
brief look is given into the queueing models applicable to ISDN access and for
corresponding data only application model for CL Packet Access over CS ISDN.

Analytic Models for ISDN Access:

Queueing systems for ISDN access have generally been modelled as multiserver
queueing systems with F identical, parallel servers, and where customers upon arrival,
demand a variable (random) number of servers (Basic Bandwidth Units - BBUs) for the
duration of their service times. The random number of servers required represent
customers’ bit rate requirements. The most important property of this class of queues is
that; a given customer can enter service only when all of his requested servers are
available.

Different customers are identified by their bit rate (bandwidth) requirements. Other
attributes characterising customer traffic features are the average service (or holding)
time, and their generation rate and pattern. A customer arriving at the ISDN access node
makes an "access request". Access requests for bandwidth service are assumed, in
general, to be of K types. A type / access is identified by its arrival rate A,t in
requests/time, its mean service time 1/p,- in units of time, and its information bit rate
in BBUs. Two variants of this model exist. In the first model, the servers allocated to the
same customer are all released simultaneously. This is the model used by Brill and
Green [12], and Kraimeche [82]. In the second model, the servers allocated to the same
customer free up independently. This model has been studied by Green [55,56].
In hybrid switching models with both the CS and PS traffic access, the CS traffic is
usually assumed to operate with the blocked calls cleared principle and the PS traffic is
assumed to be queueable. The same principle is extended to analytic models where K
traffic streams compete for the bandwidth resource such that, two variants of the model
are studied; the case where all K traffic streams are assumed to be blockable or queueable
types respectively. A special case of this model is when the traffic types are categorised
into two classes; wide-band (WB) and narrow-band (NB) traffic types. In this case only
one or both are assumed blockable or queueable.
Channel assignment techniques in hybrid switching are analysed by Schwartz and
Kraimeche [126]. The performance of blockable WB and queueable NB traffic types is
studied by Kraimeche and Schwartz [88] as a mixed blocked/queued traffic. The case of
blocked calls cleared for NB and WB traffic with trunk reservation is studied by Liao et
al [100]. A multi-server queueing system with blockable NB and queueable WB
customers under a wide-band restricted access strategy is studied by Serres and
Mason [129]. The case of K heterogeneous CS traffic types in blocked calls cleared
model is studied by Kraimeche and Schwartz [83]. The performance of Complete
Sharing and Complete Partitioning are investigated. A class of Restricted Access Policies
are also proposed with improved performance. The case of all queueable K streams of
traffic is considered by Kraimeche and Schwartz [84,85]. A channel access structure for
wide-band ISDN is studied by Kraimeche and Schwartz [86,87], where the interface is
ordered hierarchically in channel capacity and K queueable traffic types are allowed to
content for the bandwidth with channel overflow facility. The case of K traffic types

grouped into clusters with blocked calls cleared and a Restricted Access Policy is studied
by Kashper [71].

Queueing Model for CL Mode Packet Access to CS ISDN:

For the CL packet access to the Circuit Switched ISDN, the general queueing models
mentioned above are no longer valid [35]. Firstly, the concept of customers demanding a
(random) number of servers is not true for this case. The reason is that the customers
arrive as disjoint packets (datagrams) and they have no fields in their headers to indicate
the bandwidth that will be required for a complete session [67,115]. In fact, they do not
have a means of specifying the bandwidth required for that particular packet either.
Secondly, each customer can enter service when at least one BBU (channel) is available.
However, it will not be efficient to assign a new channel (e.g. a B-channel of 64kbps
capacity) to every packet source with a different internet address, since some of the
internet addresses will inevitably be on the same subnetwork (e.g. hosts on a LAN) and
hence served by the same ISDN gateway. In such cases, the traffic to the same subnet can
be multiplexed over one or more channels or a superchannel of variable bandwidth.
Multiplexing all the different data traffic sources (e.g. file transfer, e-mail and terminal
access) to the same ISDN destination (e.g. a gateway) may produce problems in the
provision of QoS. Study of queueing systems for QoS in CL interworking is necessary to
see the effect of such multiplexing and bandwidth control algorithms on the performance
of different traffic types. Prue and Postel[118] suggest separate queues for different
classes of data packets and apportion the server capacity accordingly between the
separate queues (single server, multiple queues). Further increases in bandwidth of the
channel is assumed to occur under the control of a Channel or Bandwidth Management
Unit. This unit increases bandwidth of a channel by adding further BBUs to the channel
capacity on a need basis. Mechanisms achieving this are the subject of this thesis as well
as the following section. Furthermore, release of allocated BBUs for a CL customer is
done independently rather than simultaneously.
Hence, it is necessary to clarify the notion of a "customer" and the method of bandwidth
allocation and release mechanisms within such an environment. In real computer
networks, users communicate via processes. Processes communicate with each other to
provide services. A single host or application can have multiple processes which are

active at one time. Each user process uses a Transport Level Process to provide end-toend communications on an inter-network or intra-network domain. On a local network a
multiplicity of hosts each supporting a number of such processes will want to
communicate with peer entities at remote sites. At the ISDN access node (e.g. a Network
Layer Relay), all communications directed to a specific destination could be viewed as
"one" customer despite the fact that their source host or processes could be different.
The difference in this case is that, we now have an "aggregate customer" whose features
of transmission in terms of packet arrival rate, mean service time and information bit rate
are changing over time [36]. In this case, assuming! all arrivals are independently
Poisson, the above characteristics could be viewed as discrete random variables with
distributions:

, and

Pr(pp=p,)

1.3 Thesis Overview
1.3.1 Relevance of This Research
ISDN is relatively new. Commercial ISDN services are just beginning to be available to
users. Further standardisation work is still needed by CCITT to consolidate the areas
investigated at a superficial level in the previous and current Recommendations. Another
area where little has been undertaken is that of user applications. So far, relatively very
little has been done on data applications over ISDN, and in particular, LAN-ISDN
interconnection

and

interworking,

Channel

Management,

Dynamic

Bandwidth

Management, Connectionless Networking over ISDN and OSI applications over ISDN.
There is very little in the literature on the user interfaces to the CCS on the ISDN Dchannel. We found no references to Dynamic Channel Management Architecture as
t

A further assumption for the traffic arriving from different sources over an Ethernet to an EthemetISDN relay is that no collisions are occurring, since this would modify the traffic arrival distribution
patterns considerably.

defined in this thesis. The need for flexible aggregation of ISDN B-channels and their
management is becoming widely acknowledged. This work is a precursor to those
investigations.
1.3.2 Main Findings

This dissertation proposes a Dynamic Channel Management Architecture, which
combined with suitable Bandwidth Management Policies can be used to manage the
multiple channel facility at the user-network access interface in ISDNs in an effective
manner. The main accomplishments are summarised below:
1. A Dynamic Channel Management Architecture based on the Status Table approach
is found to be satisfactory for flexible channel management especially in an
environment where connectionless network protocols are used.
2. It is found that the existing CCITT Recommendation Q.931 for D-channel
signalling (Layer 3), is inadequate in dealing with superchannel (a channel of
arbitrary bandwidth) identification and dynamic bandwidth variation at the UNI.
Solutions for these protocol problems are proposed.
3. On the theoretical side, it is shown that the closed form solution for the mean
number of customers in the system found in the literature for an M/M/c queueing
system operating under hysteresis threshold control is incorrect. This has been re
evaluated and its implications assessed.
4. In the absence of any analytical work, four heuristic service rate control policies
have been proposed which are applied to an M/M/1 queueing model operating under
the multi-level hysteresis control. The performance of these and two modified
policies are obtained using simulation models.
• It is shown that the multi-level hysteresis service rate control policy produces a
critical behaviour for some packet arrival rates.
• This thesis argues that a multi-level hysteresis control doctrine performs better
than a bi-level control doctrine under bandwidth contention.
• It is also argued that these basic policies need to be augmented with adaptive
control policies for practical implementations.
1.3.3 Organisation

The thesis is organised into nine chapters. In Chapter 2, a description of the ISDN and its
features relevant to data communications are presented. A guide to its present status and
future development is given at the end of the chapter. The relevant features of ISDN in
LAN-ISDN interconnection, superchannel formation and tariffing issues are also
introduced here. This chapter is part of the broad background needed to be covered by

this research. In Chapter 3, we first present an overview of the general data network
interconnection issues. The issues pertinent to general ISDN and the LAN-ISDN
interconnection are then investigated. Particular attention is given to the LAN-ISDN
Relays and the issues arising from their use.
The concept of Channel Management in multi-channel Network Layer Relays is
presented in Chapter 4. Main issues of Channel Management (CM) are investigated with
reference to the modes of communication over the ISDN. The types of Management
Information needed for Dynamic Channel Management are detailed and the Control
Metrics determined. Implications of CM in LAN-ISDN Network Layer Relays are also
studied.

In Chapter 5, a design for a flexible Dynamic Channel Management

Architecture (DCMA) for CL Network Layer Relays is provided and reference to an
Ethemet-PRISDN Relay is made. Chapter 6 studies the problems in Superchannel
formation, identification and dynamic bandwidth variation in ISDN user-network
interfaces with particular reference to the Primary Rate ISDN. In Chapter 7, the
simulation modelling of the Relay and its DCMA are presented. Four heuristic Channel
Management Policies are proposed and their performances analysed. In Chapter 8, a
comparison of different service rate control doctrines pertinent to the channel
management issue is carried out. This chapter also deals with the practicalities of the
control doctrines. Conclusions and future research work are outlined in Chapter 9.
1.3.4 Limitations of This Research

For the simulation model, a simple topology is studied in this research. We consider a
Connectionless Network Layer Relay as the access node to the ISDN using a Primary
Rate Access interface - although scaling up to a hypothetical interface type and down to
the Basic Rate Access interface are also possible. Queueing and simulation models of
this node are developed in reasonable detail. The resultant nodal queueing model has not
been solved analytically due to its complexity. However, an approximation technique is
shown to apply to a simplified version of the model. The complete simulation model is
assumed to include two such nodes interconnected by the ISDN.
The ISDN simulation model has been reduced to an ideal circuit switched network with
no transmission errors and propagation delays.

Hence, only the switching and

transmission delays have been accounted for. This option has helped us to concentrate on

the performance of the Bandwidth Management Policies. On the same token, internal
nodal timings have been assumed to have values which would not interfere with the
performance of these policies. The performance of the nodal model for critical internal
configurations remains as an interesting research problem.
Other practical issues including routing and maintenance of routing tables are not
addressed specifically as only a simple point-to-point link is assumed between the relay
nodes. Similarly, the position of Channel Management within the general Network
Management paradigm is not studied in any detail. Our research assumes that Channel
Management is possibly integrated within that concept.

1.4 Summary
The computer and communications networks are converging. It is not surprising to state
then, that the developments in one area will affect the other. The evolution of the
telecommunications network into the ISDN concept will bring new and better services as
well as opportunities. It is in this light that this thesis concentrates on the use of ISDN for
interconnection of Local Area computer Networks and investigates data communications
over ISDN.
Data mode of operation over circuit switched ISDNs and in particular the interconnection
of LANs using the ISDN, naturally leads to the Dynamic Channel Management problem.
It can be shown that, a simple Dynamic Channel Management Architecture can be
designed, providing efficient management of ISDN resource at the interface, acting as an
access controller. Indeed, this DCMA can be used to control variable bandwidth access
of users when single or multiple channel types exist at the ISDN interface.

Chapter 2

The
INTEGRATED SERVICES DIGITAL NETWORK

2.1 Introduction
This chapter highlights the most relevant features of the Integrated Services Digital
Network (ISDN) in its application to data communications and interconnection of Local
Area Networks using the ISDN. It also provides a general background to the ISDN and
its current development status.
ISDN is evolving from a Digital Network concept and this evolution is expected to
continue for years to come (one or more decades). In this respect, the features of ISDN
can only be meaningfully discussed with reference to either the global principles,
concepts and features of the network and its services, its current consolidated and
standardised features or proposals for the following study period of four years. Beyond
that time scale, concrete evaluation can not be done easily due to this evolutionary
process; only migratory paths could be indicated. Here, we concentrate mainly on the
first two cases with some reference to the immediate proposals expected for the next
study period and indicate some possible future trends.
Since its first conception, the ISDN has diversified into two main streams; ISDN (also
termed Narrowband or N-ISDN in this thesis) and Broadband ISDN (B-ISDN). The NISDN refers to network access at bit rates up to and including 2 Mbps, while B-ISDN
refers to network access at bit rates (up to and) greater than 2 Mbps, usually in tens or
hundreds of mega bits per second (Mbps). This thesis is mainly concerned with the
Narrowband ISDN. It also concentrates on the circuit mode bearer service due to its
wider and earlier availability in Europe. However, a summary look into other aspects of
N-ISDN as well as the current and expected developments in the B-ISDN are also
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presented here for completeness. Furthermore, this chapter refers mainly to the most
recent CCITT Recommendations of the I-Series, the Blue Book (1988) [17], and its
predecessor known as the Red Book (1984) [16]. Designated work areas for the next
study period of 1988-1992 are also indicated where necessary.
In the rest of this chapter, first the principles and technical features of ISDN are
discussed. Then, data communication, packet modes and packet network interworking in
ISDN are presented. In the following section protocols and their standardisation are
treated. A discussion on B-ISDN follows next. The section on the current status and
future trends is intended to show the developments achieved so far and expected future
directions in ISDNs. Relevant features of ISDN for LAN-ISDN-LAN interconnections
are then discussed. An introduction to aggregated channel structures is presented as a
prelude to later discussion on the Superchannels (channels of arbitrary bandwidth) in
Chapter 6. In the following section the tariffing issues in ISDN are discussed briefly.
Finally, a summary of the salient points is presented.

2.2 The ISDN Era
The CCITT is the international forum which is leading the world-wide definition and
standardisation of ISDN. Its studies on ISDN are published as Recommendations ( Rec.
for short) of I-Series. The I-Series Recommendations cover all aspects of ISDN under
the following sub-sections. The 1.100-Series; General Concept and Structure, 1.200Series; Service aspects, 1.300-Series; Network aspects, 1.400-Series; User-network
interface aspects, 1.500-Series; Internetwork interfaces and 1.600-Series; Maintenance
principles. These and other relevant recommendations are studied further in the following
sections.
2.2.1 Principles o f ISDN

An ISDN can be characterised by its three essential features:
• End-to-end digital connectivity.
• Multi-service capability (voice, data, video, and multi-media).
• Standard terminal interfaces.

The ISDN concept includes the support of a wide range of voice and non-voice
applications in the same network. The service integration for an ISDN will be provided
by the provision of a range of services using a limited set of connection types and multi
purpose user-network interface arrangements. ISDNs will support a variety of
applications including both switched (circuit or packet switched) and non-switched
connections. ISDNs will contain intelligence for the provision of service features,
maintenance and network management functions. The specification of access to an ISDN
should be by a layered protocol structure. ISDNs may be implemented in a variety of
configurations to be determined by the national service providers. Hence, the details of
the underlying network will not be important for the users since they will see a common
service across ISDNs (save for optional services and features).
2.2.2 Evolution of ISDN

ISDNs will be based on the concepts developed for the IDNf and will progressively
incorporate additional functions and features presently provided by separate networks, as
well as other new ISDN specific features and services. During the transition period,
arrangements will be developed for the interworking of services on ISDNs and services
on other networks.

2.3 Technical Features
Three key ISDN communication capabilities could be used to define the user’s
perception of an "ISDN service". These are the provision of end-to-end digital
connectivity between end users, provision of multiple access channels and intelligent
out-band (common channel) signalling and user control. The end-to-end digital
connectivity will provide larger bandwidths, better signal qualities and better error rates
t

Integrated Digital Network (IDN), is an all digital network which itself has evolved from the analogue
telephone network and provides digital transmission and switching (i.e. integrated). A major
component of this evolution is the use o f CCITT Signalling System Number 7 [2,106,124] to provide
inter-exchange common channel signalling. The SSN.7 is being enhanced to provide functionalities for
the ISDN.

than most of the present networks. Multiple access channels will provide more flexibility
in the use of the total bandwidth available at the user-network interfaces. To this end the
CCITT has defined different channel types and interface structures. The new common
channel signalling scheme has been chosen so as to allow the user to control both the
network connections and the delivery of user services and applications independently of
the user information paths in an effective manner.
The basic architectural model of an ISDN as described in Rec. 1.324, the ISDN Network
Architecture, (Blue Book) [17], includes seven main switching and signalling functional
capabilities. These are; ISDN local functional capabilities (e.g. user-user and usernetwork signalling, charging), 64 Kbps circuit switched and non-switched capabilities,
rates greater than 64 Kbps switched and non-switched capabilities, packet switching
functional capabilities (switched and non-switched) and common channel signalling
(user-exchange and inter-exchange) functional capabilities. For the circuit switched
connections, user bit rates less than 64 Kbps are rate adapted to this rate as described in
Rec. 1.460 before any switching can take place in the ISDN. Multiple information
streams from a given user may be multiplexed together in the same B-channel, but for
circuit switching, an entire B-channel will be switched to a single user-network interface.
Packet switching capabilities are formed by two functional groupings; packet handling
functional groupings and interworking functional groupings. The first grouping contains
functions relating to the handling of packet calls within the ISDN, while the latter
ensures interworking between ISDN and packet switched data networks (PSDNs).
Another feature of the ISDNs will be fast switching ability due to digital switching
techniques. Although the performance issues relating this have not fully been defined,
average national circuit switching speeds are expected to be below 1 second while for
international calls below 5 seconds is the aim. Some objective delay values are proposed
in the Blue Book and these are described below.
2.3 .1 Service Aspects

Services provided by ISDNs have been divided into two broad categories, Bearer
Services and Teleservices. The Bearer Service is a type of telecommunication service
that provides the capability for the transmission of signals between user-network
interfaces and as such convey information between users in real time and without
alteration to the information "message". The Teleservice is a type of telecommunication
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service that provides the complete capability, including terminal equipment functions, for
communication between users according to protocols established by agreement between
administrations.

Bearer Services:

Two types of bearer services have been defined; Circuit and Packet Modes. The Circuit
Mode bearer service has been defined for 64 Kbps, 384 Kbps, 1536 Kbps and 1920 Kbps
rates (Rec. 1.231, Blue Book [17] ). In circuit mode, the "unrestricted information
transfer" with "8 KHz structural integrity" capability is of interest for data applications
since it provides switched "bit pipes" over which transfer of user information can be
achieved without alteration (within the QOS limitations).
The Packet Mode bearer service involves packet handling functions. The following
service categories identified in Rec. 1.230 (Blue Book) [17] are described in Rec. 1.232;
Virtual call and permanent Virtual Circuit (Connection Oriented - CO mode),
Connectionless (CL) and User signalling packet mode bearer services. The last two are
left for further study in the Blue Book. In the CO mode of operation, "unrestricted
information transfer capability" and "service data unit structural integrity" are
supported. User infomnation is conveyed over a Virtual Circuit (VC) within a B or Dchannel. Signalling may be provided via D-channel and/or VC within B-channel. Access
protocols are as specified in Recommendations 1.440, 1.450/1, 1.462 (X.31) and X.25
(layers 2 and 3) [17], (see also section 2.5).

Teleservices:

Teleservices use bearer services to move infonnation around, and in addition employ
"higher layer functions" corresponding to layers 4-7 of OSI-RM. The Blue Book
specifies the following teleservices which are described in Rec. 1.240 and discussed in
1.241; Telephony, Teletex, Telefax 4, Mixed mode, Videotex and Telex (left for further
study).

The

communication.

mixed mode

teleservice

provides

combined

text

and

facsimile

2.3.2 Network Aspects

These cover the Network Functional Principles, ISDN Protocol Reference Model (PRM),
Numbering, Addressing and Routing Principles, Connection Types and Performance
Objectives. The ISDN-PRM which is based on the principles of OSI-RM, allocates
functions in a modular fashion that facilitates the definition of telecommunications
protocols and standards. The ISDN-PRM extends the OSI model beyond the traditional
point-to-point, user-network-user, in-band signalling, data only communications. This
extension includes the separation of signalling and management operations from the flow
of application information within a piece of equipment, definition of communication
contexts which may operate independently from each other and the application of the
above to internal network components. This separation leads to the definition of
independent communications contexts. Each context can be modelled individually and
use independent protocols.

P lane m a n a g e m e n t
fu n c tio n

GC
LC

L

U- —

GlLC: Global/Local Control Planes U: User Plane

Figure 2.1 OSI Reference Model and ISDN Protocol Reference Model
(CCITT Blue Book, Rec. 1.320)
The ISDN-PRM refers to two distinct logical planes; User (U), and Control (C) planes.
The layering principles apply to each of these planes: each plane can potentially
accommodate a 7-layer protocol stack [17,39, 117]. A plane management function is
required to allow coordination between the activities in different planes. Further study is
needed to specify the types of layer services required to describe a telecommunication

service, data flow modelling and ISDN management. The relationship between the OSIRM and the ISDN-PRM are shown in Figure 2.1.
Numbering principles within the ISDN (Rec. 1.330) will be based on the expansion of the
international PSTN numbering plan (Rec. 1.331/E. 164). An ISDN address is composed
of an International ISDN number and an ISDN Subaddress of up to 15 decimal digits and
40 decimal digits (20 octets) [17]. The ISDN address may be of variable length and all
ISDNs shall be capable of conveying the ISDN Subaddress transparently.

This

subaddress may be used by private communications facilities such as LANs and PABXs,
or other private networking arrangements. In order to identify different OSI Network
Layer Service Access Points (NSAPs), methods have been defined in the Rec. 1.330 [17]
to relate the ISDN number to OSI Network Layer Address.
The performance objectives regarding propagation delays, availability and errors were
not dealt with in full during the 1980-1984 period. These have been extended further in
the Blue Book. However, the specification is still by no means complete. Currently,
provisional performance values are quoted, while the actual target values are left for
further study. The general Network Performance (QoS) measures are defined in Rec.
G.106 (Red Book), while ISDN Performance Objectives are defined in Rec. 1.350 {Blue
Book). The Network Performance objectives for Connection Processing Delays in an
ISDN are given in Rec. 1.352. These are further discussed below. The Network
Performance objectives regarding error and slip rates that apply at Reference Point T of
an ISDN are given in Rees. G.821/2.
The CCITT G-Series Recommendations define Hypothetical Reference Connections
(HRX) in order to develop performance objectives for different HRXs. An HRX
represents a typical worst case end-to-end digital connection. The longest (international)
terrestrial connection envisaged by CCITT is 27,500 Km (Rec. G.801). This represents a
propagation delay of less than 100 ms. If a satellite link is present this would easily add
up a round trip delay of approximately 520-560 ms [112,123]. The Recommendation
G.821 defines overall performance for HRX at 64 Kbps and an end-to-end BER of 10-6
on a circuit switched 27,500 Km connection.
Table 2.1 shows the delay performances for set-up, alerting, disconnect and release
delays (Rec. 1.352) in circuit switched connections (voice or data) across the worst case

HRX connection (27,500 Km) specified in Rec. G.801. The values observed for the first
three parameters will be dominated by the number of exchanges in a connection. For
shorter length connections, the observed values will be lower. Delays are specified for a
nominal busy hour and the delays dependent upon a user equipment (or network) and
user response time are not included. Additional delays may be incurred at signalling
message queues. Furthermore, the specified performances are for connections exclusively
over ISDNs (i.e. no interworking).

Statistic
Mean
95%

Setup
4500
8350

Delay (ms)
Alerting
Disconnect
4500
2700
8350
4700

Release
300
850

Table 2.1. Objectives for Connection Processing Delays in an ISDN
(worst case HRX connection).
2.3.3 User-Net work Interfaces
An important aspect of service integration for an ISDN is the provision of a limited set of
standard multipurpose user-network interfaces (UNIs). An ISDN is recognised by the
service characteristics available through user-network interfaces, rather than by its
internal architecture, configuration or technology. Hence the CCITT has put in most of
its initial effort to the specification of this interface to cover both the existing
terminal/user base and the future ISDN tenninals/users.
The 1.400 series of Recommendations [17] describe the interface between user equipment
and ISDNs. They include a reference configuration, giving the functional model for the
subscriber,

definition

of interface

structures

and

access

capabilities,

detailed

specifications of the layers 1-3 for the Basic and Primary Rate interface structures.
Several other Recommendations in the series, provide standardised methods for rate
adapting classical X.l and V.5 data rates into B channels, for submultiplexing B channels
and corresponding circuit-mode bearer services, and for interworking with digital
network facilities providing only restricted 64 Kbps information transfer rates.
Furthermore, a terminal adapter for converting X.21 circuit-switched interfaces into the
ISDN basic user-network interface is defined in Rec. I.461/X.30. Rec. I.462/X.31 defines
how existing packet-switched public data network (PSPDN) services can be provided in
or through an ISDN to a packet mode user terminal. Packet mode user terminals which

use the X.25 packet-layer protocol, but attach to an ISDN user-network interface, are also
covered (see also section 2.4).
Recommendation Q.940 [17] defines the ISDN UNI Protocol for Management (General
Aspects). The management functions so far identified include: fault, configuration,
accounting, performance and security aspects [17,63].
2.3.3.1 Reference Configurations
The user-network interface (UNI) lies within the customer premises. The Reference
configurations include reference points which are the conceptual points dividing
functional

groups. These functional

groups include

the

termination

(Network

Termination-NTl), distribution and switching (NT2), terminal equipment with ISDN
user-network interfaces (TE1), and terminal equipment with other interfaces (TE2) and
associated terminal adapters (TA). Figure 2.2 shows the reference configurations for the
ISDN UNI (Rec. 1.411). The use of S and T reference points will be discussed in sections
3.3 and 3.4.
S
TE1

T
NT2

U
NT1
Transmission Line

TE2

TA
Reference Point
Functional Grouping

Figure 2.2 Reference Configurations for ISDN User-Network Interfaces.
2.3.3.2 Channel Tvpes
A limited set of channel types is defined including; B, D and H channels (Rec. 1.412).
The B-channel (64 Kbps) carries user information. The D-channel (16 or 64 Kbps for
basic and primary rate respectively) carries packetised signalling (s-data) information to
control the setup, modification and clearing of calls and services. Surplus bandwidth
capacity on this channel may also be used for packet mode user data (p-data) and
telemetry (t-data). The H-channels; 384 (H q), 1536 ( //n ) or 1920 ( / / 12 ) Kbps carry
circuit or packet mode user information. New channel types for B-ISDN are also defined

in the Blue B ook [17 ]. These are discussed in section 2.7.2

2.3.3.3 Interface Structures

Only two general (narrowband) ISDN user-network interfaces are described. These are
the Basic Rate (Rec. 1.420) and Primary Rate (Rec. 1.421) interface structures. These are
described below in more detail.
2.3.4 Basic Rate Access (BRA)

This interface has an information carrying capacity of 144 Kbps. It is organised as (2B +
D) channel types. With the framing, synchronisation and D-channel echo bits, the
aggregate transmission rate is 192 Kbps. This interface is mainly intended for the
connection of ISDN terminals or other individual terminals/workstations which will not
need very high bandwidths. At this interface both the point-to-point and bus (S interface
bus, S-bus) distribution types are available. In the S-bus configuration up to 8 tenninals
can be connected to the NT2, all sharing the same D-channel. Rec. 1.420 provides a
contention resolution procedure for B-channel allocation since only two terminals at a
time can access these.
2.3.5 Primary Rate Access (PRA)

This interface has two subdivisions with differing information carrying capacities. These
are 1536 Kbps and 1984 Kbps and representrequirements of USA and
networks. Their aggregate transmission rates are

1544 Kbps and 2048

European

Kbpsrespectively.

This interface can be organised in several ways as follows:
— Primary Rate B-channel interface structures:

(23B + D) and (30B

+ D).

— Primary Rate H-channel interface structures:
• H o channel structures, e.g.: 4H o, (3H o + D), (5H o + D).
• H i channel structures, e.g.: H n ,

(//12

+ D).

— Primary Rate interface structures for mixtures of B and H 0 channels:
• It can consists of a single D channel and any mixture of B and H 0 channels.
• Example structures: {5Hq + D) and (2H q + 1IB + D).
It is interesting to note that if a D-channel in one primary rate interface structure is not
activated, the D-channel of a neighbouring interface structure may be used for carrying

signalling information for that interface stmcture.
The Physical Layer of a Primary Rate Interface conforms to CCITT Rees. G.703/4/6.
Figure 2.3 shows a Time Division Multiplex (TDM) frame structure (Rec. I.431/G.704)
with associated Time Slots (TSs).

Frame (n)
Frame
(n-1)

TS

125 ps
(256 bits)

Frame

(n+D

0

30 31

TS: Time Slot (8 bits).

Figure 2.3 TDM Frame Stmcture used at PRA Physical Layer (Europe).

2.4 Data Communication in ISDN
Data communication in ISDN can be achieved by using either the Circuit or Packet
switched and/or non-switched bearer services.

The current alternatives for data

communication in ISDN are summarised in Figure 2.4. The Circuit Mode in ISDN is
described in section 2.3.1. This service provides a digital bit pipe where the user channels
are presented to the users at the Physical Layer. A channel occupies an integer number of
Time Slots (TSs) and the same time slot positions in every frame. A circuit is formed by
the allocation of TS(s) to a channel in consecutive TDM frames available at the interface
and connecting this to the destination by similar allocation of TS(s) in TDM trunks en
route. The type of protocols to be used is left to the users. This provides a challenge to
the users as to how best utilise this flexibility. The good BER of ISDNs means that light
weight protocols could be used at the Data Link and the Network Layers hence reducing
communications overhead. The Packet Modes in ISDN are described in the following
sections.
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Figure 2.4 Schematic summarising Data Communication alternatives in ISDN

2.5 Packet Modes in ISDN
As defined by the CCITT Red Book [16], the ISDN is principally a circuit-switched
network which can be used for packet network interworking. The definition of a
framework for providing additional packet mode services (1.122) in the Blue Book [17],
has improved the data communications aspects of ISDNs. CCITT Recommendation
X.31 describes how an ISDN may offer access to an existing PSPDN from X.25
terminals connected to the ISDN via a Terminal Adapter. It also describes how an X.25
like service may be supported wholly within an ISDN to offer a virtual circuit bearer
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service. However, this requires a two stage call setup and as such is awkward. The recent
developments and draft proposals indicate that a move is being made to incorporate
packet network access in a much more tightly coupled manner than access to some
distinct packet switching function or packet handler as was previously defined [4]. This
will be a closer step to the provision of packet mode services wholly within the ISDN.
This will be achieved by the expansion of the D-channel Layer 3 protocols to cover
packet switching cases.
The CCITT Study Group XVIII has agreed on an evolutionary framework within which
packet mode services would be considered. Accordingly, four phases have been
described. Phase 1 incorporates enhancement of X.31 services described in the Red
Book. Phase 2 includes the extension to X.31 service based on layer 2 multiplexing in
the B-channel for an access arrangement to a Packet Handler and the use of X.25 PLP at
layer 3. Phase 3 covers the Additional Packet Mode Servicesf based on full out-band
call control and layer 2 multiplexing (1.441 - LAP-D) on the B-channel. Phase 4 covers
Broadband services including Asynchronous Transfer Mode (ATM) and Synchronous
Transfer Mode (STM) bearer services. Although the Rec. X.31 (1984) describes a
possible packet network internal to ISDN, it concentrates on the provision of
interworking to existing PSPDNs. Here, in line with the Blue Book, we describe the
Packet Network Interworking (or Access to PSPDN Services) and the VC Bearer
Services separately. As well as revisions to the X.31, foundations of phases 3 and 4 have
been laid during the 1984-88 study period. These are described below.
2.5.1 Packet Network Interworking

Recommendation I.462/X.31 {Red Book) describes two different access scenarios to an
X.25 based packet network (PSPDN): minimum and maximum integration scenarios. In
the Blue Book [17] these are classified as "Access to PSPDN Services" (Case A) and
ISDN Virtual Circuit Service (Case B) respectively. In the minimum integration scenario
PSPDN access is done via Access Units (AU) which are situated within the PSPDN. In
t

To be renamed Frame Mode Services (FMS).
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this case, the ISDN provides transparent, or rate-adapted connection for an X.25 terminal
to/from a PSPDN port (AU). Therefore, as such it offers access to non-ISDN packet
mode services. This access could be semi-permanent or switched. For switched access,
a two stage call set-up procedure is needed. In the first stage, ISDN D-channel signalling
procedures (1.451) are used to establish a connection to/from the AU. Then, X.25 call
set-up procedures are used over the circuit switched connection, to complete an X.25 call
over the PSPDN. The AU will be allocated an ISDN address. The user data access will
necessarily be over the B-channels.
2.5.2 ISDN Virtual Circuit Bearer Service
This service is defined in Rec. 1.232 (Blue Book) [17] It was named the maximum
integration scenario in Rec. I.462/X.31 {Red Book). This provides an X.25 like service
within an ISDN from the user’s point of view. The Blue Book version also allows for
access to a PSPDN supporting ISDN numbering. Packet terminals using the ISDN
numbering plan will have their protocols tenninated by an ISDN Packet Handler (PH)
within the ISDN rather than the PSPDN Access Unit. Access to the PH may be via the B
or D-channel.
In access via the B-channel, a two stage call set-up is needed. The user will not be aware
of this due to the initial "Packet Transfer Mode" requested using the 1.451 signalling
protocol. The ISDN will then establish a circuit switched connection to a PH. For
access using the D-channel, LAP-D frames identifying packet data are interleaved with
the signalling information. The distinction is done using a Service Access Point Identifier
(SAPI) within the frame header. The network will route packet frames to/from the PH.
Signalling frames are given priority over packet frames. An X.25 terminal uses a
terminal adapter (TA) to interface to the network termination. Throughput of data over
D-channel is limited by the 16 Kbps data rate and additional delays may be incurred in
the TA. However, it can be used in parallel with the circuit switched B-channels.
2.5.3 Additional Packet Modes
The signalling scheme defined in the Red Book for the D-channel is for controlling
circuit-switched user traffic channels and non-connection related applications. The new
Rec. 1.122 (Blue Book) [17] aims using the enriched call control technique in controlling
packet switched virtual circuits. Rec. 1.122 describes only the architectural framework

and service descriptions of the associated bearer services.

It will apply to data

communications at bit rates up to 2 Mbps. The reasoning behind the additional packet
modes include the following; the provision of packet mode bearer services which would
be accessible using clearly separate control and user planes employing the same
signalling protocols as other ISDN bearer services and fast data transfer (with reduced
delay and high throughput) by avoidance of full three layer termination at each node in
the network.
The method involves the use of outslot signalling with single step call establishment in
accordance with 1.451 rather than the X.25 PLP call control procedure. Also the
multiplexing and switching of virtual connections takes place in layer 2 (LAP-D over Bchannels) rather than the X.25 PLP. In the control plane, information elements specific to
packet switching have to be added to existing 1.451 signalling messages. In the user
plane, the LAP-D functionality which will be terminated in every exchange may be
restricted to a core subset including the frame delimiting, alignment and transparency,
frame multiplexing and demultiplexing using the address field, and detection of
transmission errors. These core functions result in a low-cost service independent frame
relaying mechanism on a link-by-link basis which will result in low overhead and could
be used by various applications.
Recommendation 1.122 [17] specifies four potential bearer services: Frame Relaying
Types 1 and 2, Frame Switching and X.25 Based Additional Packet Mode. Frame
Relaying involves the establishment of a transparent network path for a call at call setup
time and then conveying subsequent frames along that path checking only the validity of
frame format. Frame order is preserved but frame acknowledgement within the network
is not undertaken. Additional network functions to monitor and enforce throughput and
achieve congestion control as well as frame error detection and QoS parameters are left
for future study. The difference between the two types of frame relaying is that type I
implements only the core functions of Rec. 1.441 (Layer 2) whereas type 2 implements
all the extended 1.441 functions within the user terminals. In both case the network
implements only the core layer 2 functions. Frame Switching is similar except that the
network passes on frames which correctly observe the layer 2 protocols. Additionally, it
provides frame acknowledgement, error detection and recovery and provides flow
control. It necessitates the full implementation of Layer 2 protocol (1.441 with extensions
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if necessary) both in the user terminal and in the network. X.25-based Service adds to
this the network support for X.25 PLP Data Transfer Part.
Many important issues in the provision of additional packet modes still remain for future
studies [4], including throughput enforcement, flow and congestion control (due to lack
of layer 3 congestion and flow control mechanisms at layer 2), signalling enhancements
to 1.451, application categories (to determine type of bearer service), and charging (frame
types need to be distinguished to enable charging).

2.6 Protocol Considerations and Standards
With the introduction of distinct User and Control planes in the ISDN Reference Model,
functionally separate interactions associated with the control and signalling functions and
transferring data are divorced, leading to separate and parallel developments of their
functionalities and protocols. Within the CCITT Red and Blue Books, the protocols for
the D-channel have been defined for the Layers 1-3. For the B-channel, in the case of
circuit mode services only Layer 1 has been defined while for the Packet Mode DTEs
Layers 1-3 based on X.25 model are proposed. Additional Packet Modes incorporate
Layers 1-2 and 1-3 depending on the type of service with LAP-D in Layer 2 and X.25
PLP in Layer 3 (when used). In the circuit switched ISDN case, the user is left free to
decide

which particular protocol stacks to use on the B-channels for data

communications over the links established. The D-channel signalling protocol is
message/frame structured and layered according to the OSI 7-layer model. Basic and
Primary Rate Interface Layer 1 specifications are necessarily different, but are common
for Layers 2 and 3. Figure 2.5 shows protocol stacks on the D-channel for both BRA and
PRA.

Protocol
Layer
Layer 3
Layer 2
Layer 1

Signalling Protocols
BRA
1.450/1.451
1.440/1.441
1.430

PRA
1.450/1 (Q.930/1)
1.440/1 (Q.920/1)
1.431

Figure 2.5 Protocol Stacks for the D-channel.

Recommendations 1.450/1 (alias Q.930/1) define the Network Layer features and
protocol. This has "broad" similarities to the X.25 PLP functionality (e.g. frame
formats), but is much more complex. It has a sophisticated message set in order to
achieve call control for different types of services (bearer and teleservices; e.g. circuit
and packet switched, additional packet mode services) and telephony functions. The Red
Book focused on elementary call control, while the Blue Book enhanced this
recommendation. However, the protocol is easily expandable to support more complex
calls, standardised supplementary services, and network specific services. Furthermore,
these signalling procedures may also be used within private networking arrangements
(e.g. between two PABXs).
Recommendations I.440/I (Q.920/1) define the Data Link Layer procedures for the ISDN
D-channel (LAP-D). This protocol extends the X.25 LAP-B protocol. The main
difference is that it allows multiple data links by virtue of an extended address field (two
octets). It also uses several additional HDLC commands and responses.
Recommendations 1.430 and 1.431 define the physical characteristics of the Basic and
Primary Rate user-network interfaces respectively. The Basic Rate interface supports
point-to-point as well as Passive Bus {S-bus) arrangements (including collision detection
and contention resolution) and it has a 4-wire "S" interface. The Primary Rate interface
specifies coaxial wires for receive and transmit paths, and only the point-to-point
configuration is supported according to CCITT Rec. G.703 [17].

2.7 Broadband ISDN
The Rec. 1.121 (Blue Book) on "Broadband Aspects o f ISDN" describes the basic
concepts, service aspects, user-network interfaces and architecture models of B-ISDN.
Asynchronous Transfer Mode (ATM) is chosen as the target transfer mode for B-ISDN,
while Synchronous Transfer Mode (STM) will also be supported in the interim. Unlike
the Narrowband ISDN (based on 64 Kbps), it employs optical fibres for customer access.
It proposes that all access to broadband and 64 Kbps based services will be via a single
user-network interface S g . Control of all services will be by means of CCS in line with
the existing ISDN principles.

2.7.1 B -IS D N Services

Two broad service categories are identified; interactive and distribution services. The
Interactive Services are subdivided into Conversational Services (bidirectional end-toend information transfer), Messaging Services (user-to-user communication via store and
forward or mailbox type functions), and Retrieval Services (interactive videotex, video,
text and graphics). The Distribution Services are subdivided into services with or without
user individual presentation control.
2.7.2 B-ISDN User-Network Interfaces
Two types of user-network interfaces are proposed:
•

150 Mbps interface: mainly for interactive services; symmetrical, and providing an
H 4 channel plus some B and D channel capacity.

•

600 Mbps interface: for interactive and distributive services; it may be
asymmetrical.

It is expected that the initial emphasis will be on the 150 Mbps interface as this will be
preferred for fast data transfer due to its reduced transmission costs compared to the
higher bit rate transmissions.
The following additional interface structures are proposed: (Though these channel rates
will not appear physically at the Sg/Tg interface due to ATM principle of variable bit
rates).
—

H 2 i and H 22 channels: (32.768 Mbps and 43-45 Mbps respectively)

—

7 /4

channel: (132-138.240 Mbps)

Additional to these, Sg/Tg interface will have B, //q, H \ 1 and H 12 narrow-band channels
converted to ATM and separate virtual signalling channels. The narrowband S/T
interface can be provided by carrying the corresponding physical channels as virtual
channels over the broadband access [47].

2.7.3 Asynchronous T ransfer Mode (ATM)

ATM is a new multiplexing and switching concept which is capable of handling both the
bursty and stream type of traffic. Its most important feature is the flexible bandwidth
allocation scheme which decouples the interface from the network design. ATM is based
on Virtual Channels (CO) with varying bit rates determined by service needs and
employs packet switching technology. Fixed size cells consisting of a header and an
information field are used to transport data; reducing complexity and variation in delay.
The basic ISDN protocol architecture regarding the separation of user, control and
management planes is preserved. It is chosen by both the CCITT and CEPT as the target
solution for B-ISDN.
The parties involved in its definition include CEPT (NA5), CCITT (SGXVIII) and the
USA (T l/Sl). On the technical side, some problems exist regarding the provision of
Time Transparency (e.g smoothing of propagation delay variations, etc.) and Semantic
Transparency (e.g. error processing) in ATM networks. On the standardisation side, so
far the definition of cell structures and ATM Protocol Layers have been defined in the
Blue Book [17]. The cell and header sizes, call delineation, synchronisation, flow
control, congestion handling, adaptation between ATM and non-ATM parts of ISDN
require further study.

2.8

Current Status and Future Trends

2.8.1 Current Status

The Recommendations developed during the CCITT Study Period 1980-84 (Red Book),
have concentrated on general principles and definition of ISDN services as well as the
definition of D-channel protocol specifications. During the CCITT Study Period 1984-88
CBlue Book) much effort has been put into further extensions. These include the
extension of D-channel signalling protocols, development of further Network Standards
for ISDNs (numbering and addressing, network and tenninal identification, network
interworking and routing), ISDN Protocol Reference Model and consolidation with the
OSI RM, definition of Additional Packet Modes, and the work on the definition of the BISDN principles.

One of the work areas progressed during the last study period has been the Q.931
expansion for the Layer 3 specification. This includes the essential features, procedures
and messages required for call control (CS, user-user, PS) in the D-channel. However,
some procedural details which have not yet been specified and are left for further study
(e.g. transport of other message-based information flows and the alignment of the
functions and protocol with those of OSI NL). Further developments have been achieved
in the CCITT Study Group regarding the Subaddressing and NSAP addressing issues.
These appear in the Blue Book as Rec. 1.334 and propose amongs others the conveyance
of NSAPs in the Q.931 subaddress field. ISDN Routing Principles are detailed in Rec.
1.335. Results of the work on the Q.931 and SSN.7 alignment (ISUP-ISDN User Part) as
well as new interworking arrangements with existing networks also appear in the Blue
Book [17].
During the period 1984-88, the Red Book(1984) has provided enough impetus and
reasonably firm standards for integrated circuit manufacturers to start the work on new
ISDN VLSI chips. Several manufacturers have developed and introduced ISDN chip
families, board level products and test instruments for the Basic and Primary Rate
interface structures. It can be expected that Blue Book (1988) recommendations will
further proliferate product and service implementations for the Narrowband ISDN as
these recommendations has now become even more stable.
Further enhancements and clarity were brought to the existing Rec. I.462/X.31 in the
Blue Book. This is expected to increase the development of Terminal Adapters for X.31
access to ISDNs as well as carrier provisions for such a service. However it seems that
X.31 (case B - i.e. the Maximum Integration) is the only recommendation on which the
ISDN packet services can be based now. It is also to be used as the basis of early
European Functional Standards for ISDN. There seems to be little interest in the UK for
the provision of a service based on X.31 (case B) [138].
Recommendation 1.122 providing a framework for the Additional Packet Modes
(APMBS) has appeared in the Blue Book. Rec. 1.232 for Packet Mode Bearer Services
details three further bearer service categories; Virtual Call and PVC, Connectionless, and
User signalling (deletion of the last two services is proposed to the CCITT SG-XVIII).
These will add to the existing X.31 option for data transmissions within ISDNs and prove
that the Common Channel Signalling on the D-channel can be used for all types of

connections within the ISDNs. Its implications for hardware and software need to be
evaluated. Several studies have so far been carried out for the use of APMBS in LAN
interconnection. These studies include a Temporary Document from the British Telecom
(TD17 - BT to CEPT/NA1-WP3 Report) and the IEEE IVD LAN Interface Working
group [61].
Rec. 1.121 on the Broadband Aspects of ISDN appearing in Blue Book (1988), is
intended to provide a framework for the service definition, but there still is a lot of
confusion regarding the technical implementation details [105] and B-ISDN applications
despite the European Commission aim of field trials during the 1991-1995 period.
However, we can not expect to see much proliferation in the equipment or services
available to customers before 1995. During the next CCITT Study Period (1988-1992)
the consolidation of the technical aspects of ATM and B-ISDN can be expected.
However, without these, it is difficult to see manufacturers committing themselves to
interim standards.
The CCITT Study Group XVIII has prepared a new questions list for the 1989-1992
period. These include the ATM, performance aspects, interworking of ISDN with PSTN,
PSPDN, CSPDN, ISDN, and Private Networks including LANs, as well as user-network
interfaces, Layer 1 characteristics of B-ISDN, Layer 1 characteristics of 64 Kbps ISDN
including the updating/completion of Recommendations 1.430/431.
The earliest option available for data transmission over (,narrowband) ISDNs in Europe
will be the circuit switched access (as this is "inherent" to the system). The second option
will be packet switched (X.31 based) access (though this will depend on the carriers’
implementation policies). It seems that for the X.25 based applications, the X.31 based
implementations will be the norm for the immediate future. This protocol is now quite
mature, although further evolution may be expected. The frame relaying/switching
introduced in the Blue Book is still of a framework in nature. However, some early
implementations are available in the US as frame relaying "islands". Further clarity is
needed before we may see field trials of such a service during the 1988-1992 CCITT
Study Period. Earliest B-ISDN field trials will be in the 1991-1995 period. Again, this
will depend on the agreements on the technical issues during the 1988-1990 period.

2.8.2 F u tu re T re n d s

Customer applications will probably determine and justify selection of bearer services in
which case some of the existing Recommendations may or may not be implemented by
all carriers. The degree of acceptance of Recommendation I.462/X.31 will depend on the
success of the Additional Packet Modes since the frame relaying/switching may be
preferred for some applications and X.25 based approach for others where a common call
control procedure will be advantageous to the X.31 methods. The X.31 methods provide
an early solution to the packet modes in ISDNs, while the use of X.25 over highly
reliable (good BER) ISDN lines seems wasteful. Hence, light weight protocols for data
transfers are needed. Additional Packet Modes of the Blue Book will provide such an
alternative. However, it still by no means certain that all the bearer services proposed in
the Additional Packet Modes will mature to be implemented. X.31 is still evolving and
ISDNs capable of supporting X.31 are currently being implemented.
The future of circuit switched services within the ISDNs seems to be guaranteed
(essential for telephony, fax and video), and they may be incorporated into the ATM
based ISDNs as well. However, it is interesting to note that the Connectionless packet
mode of working within the ISDN is not available. The alternative seems to be a move
towards an all CO mode of communications both at the Local Networks as well as the
Public Networks or the provision of CL mode of operation on top of circuit switched or
semi-permanent lines or within some frame relaying/switching or X.25 based "tunnel".
Another solution may be the full CL and CO interworking arrangement, as indicated with
the recent work by the ISO [70].
Another issue is the recent and future developments regarding the ATM and B-ISDN.
Coordinated B-ISDN field trials in Europe is expected during the 1991-5 period; an
earlier start apparently could not be made due to the difficulty of deciding on the right
multiplexing technology to be used. As yet nobody has a clear idea how broadband will
be used in the near future; the only existing demand is for high speed data (and to some
extent for video). One of the main problems the B-ISDN activists have been facing is
finding real applications for B-ISDNs (e.g. motion video, medical applications, etc.).
The ATM is a statistical technique and as such its capability to provide Circuit Switched
(CS) services are questioned. It is expected that it will eventually be able to replace CS
services (even for voice). However, the costs involved are prohibitive for now. Another

problem of the ATM technique is not so much the speed, but the handling of a large
number of basic channels like the 64 Kbps Narrowband ISDN channels.
Value-Added Services (VAS) depend on the provision of higher-layer functions
associated with the OSI layers 4-7 and are provided on top of basic services by value
added carriers. The VAS service modules or servers can be accessed from a number of
different networks, including the ISDNs. These services will include data base access,
store-and-forward communications, communications support services and compatibility
services. The enhanced signalling capabilities of an ISDN is seen as a useful method for
allowing signalling messages to be exchanged between a VAS user and server in parallel
with or in the absence of an established network connection. It is thought that ISDNs will
provide an optimum framework for VAS. Hence, wide-spread implementations of VAS
are expected in the ISDNs in future.

2.9 Relevant Features of ISDN in LAN-ISDN Interconnection
In the design of data oriented LAN-ISDN Relays, the following features of the ISDN are
most relevant:
• Multiple Channel Access Structures
• Common Channel Signalling (CCS) using the D-channel
• Switched and Non-switched Capabilities
• Circuit and Packet Switching Capabilities.
Multiple Channels within one interface which are user controlled with regards to the way
they are used and the type of ISDN services selected, are available in the ISDN era
through the use of a CCS system. This is a completely new development in the field of
data communications where most networks still use leased lines for interconnection.
Packet data is by nature bursty and the bandwidth requirements of data networks
connected to ISDNs may vary during a given time duration. Hence, one could conclude
that the channels at the UNI could best be utilised by dynamically controlling their total
bandwidth. This leads us to the idea of superchannels and Dynamic Channel
(Bandwidth) Management. These issues are studied in Chapters 4, 5, 6 , 7 and 8 .
Naturally, the integration of services within the ISDN also has implications for the
Integrated Services LANs (ISLANs) and Integrated Services PABXs. However, these

issues are not further discussed in this thesis since this thesis focuses on the data
applications across the ISDN itself.

2.10 Superchannels in ISDN
In this thesis, channels of arbitrary bandwidth size (in units of 64 Kbps) are termed
Superchannels. Current ISDN recommendations do not specify such a facility, although,
channels at pre-determined higher bandwidth values are defined. However, there is a
need in many applications to have channel capacities which are not limited by the basic
channel types. Hence, formation of superchannels by suitable aggregation of basic
channel types is desirable. However, identification of such channels on an end-to-end
basis as well as provision of dynamic variation of their allocated bandwidth is not yet
available within the CCITT recommendation. This issue is addressed in Chapter

6

and

solutions are proposed.

2.11 Tariffs
This issue has not been completely addressed so far by the parties involved. However,
the early indications show that for data communications using the circuit switched ISDN,
a tariff structure similar to that of telephony will be applied. This means that each call is
charged according to the charge band applicable (depending on the time of day) and
distance. Each unit is charged to the customer at the beginning of the charge period. In
some countries the charge period (or the charge applied to each charge period) is not
linear, the first charge period being shorter (or the first charge unit being higher) so that a
type of "connection cost" is incurred by the users. In the rest of this thesis we will assume
a linear charge period.

2.12 Summary
This chapter provides a background to the ISDN by first discussing its general principles
and important technical features and then presenting a short summary of the CCITT
Recommendations pertaining to the salient features of ISDNs. The section on the
network perfonnance objectives for call processing delays for circuit switched

connections indicates the type of performances to be expected from ISDNs. This will be
useful later in relating to the simulation models developed in Chapter 7. The ISDN
Protocol Reference Model includes the logical User and Control planes and proposes a
plane management function for coordinating their activities. It is with this background
that a Channel Management Architecture is proposed in Chapter 5. The relevant features
of ISDN for LAN-ISDN-LAN interconnections are also presented forming the basis for
our discussions in Chapters 3, 4 and 5. Here, it is noted that Bandwidth Management is
not included in the current ISDN UNI Protocol for Management (Q.940). The short
discussion on the superchannels is intended to form the background to Chapter 6 , where
superchannel issues are discussed in detail.

Chapter 3

INTERCONNECTING LANs and ISDN

3.1 Introduction
Developments in the local and wide area carrier technologies and the need for new
applications with large bandwidth requirements, running on very fast processors, mean
that the methods of interconnection of these devices will be the crucial issue in their
collective performance. Today, in the local area, the workstation/server model with fast
Local

Area Network (LAN)

interconnection

has become

the

nomi

in data

communications and local networking. In the wider area, private and public networks
with ever increasing capabilities are providing better facilities for the interconnection of
local networks, servers and workstations.
In data communications, interconnection of LANs using ISDN has become an issue of
great importance due to the ISDN capabilities already described in Chapter 2. The ISDN,
apart from the integration of services and common user-network interfaces, will provide
fast switching due to end-to-end digital connectivity as well as multiple channels at
various transmission capacities. The use of Common Channel Signaling (CCS) will
mean that control of these channels can be made in an outband mode concurrent with the
user data transmission over the user channels. To date, little has been reported in the way
these facilities may be used in LAN-LAN interconnections using the ISDNf. Hence, our
+

In this thesis, a distinction is made between the LAN-ISDN and LAN-ISDN-LAN interconnection. In
the broadest sense the former can be assumed to support integrated services facilities of the ISDN.
However, since most existing LANs support data only services, and since this thesis is concerned solely
with data communications, it will be assumed to refer to data applications only unless indicated
otherwise. In LAN-ISDN interconnection, it is further assumed that remote ISDN workstations can
access the LAN hosts and services transparently. In contrast, the latter implies that the ISDN is
transparent to the LAN applications and supports only data communications. This means that the two
end LANs are more tightly coupled, and the hosts and workstations attached to the ISDN may or may
not be able to access the LAN services (see Sections 3.3 and 3.4 for further discussions).

interest in LAN-ISDN-LAN interconnection arises from two ambitions: to investigate the
issues involved in the LAN-ISDN interconnection and to study the channel management
issue at the boundary of packet switching-to-circuit switching network interconnection.
The LAN-ISDN interconnection will be a common source of PS-to-CS network traffic.
In Section 3.2, we present a short overview of general issues involved in packet network
interconnection as well as issues involved in the interconnection of LANs and packet
networks. Section 3.3 studies the type of ISDN services required for different levels of
interworking with the ISDN. As already stated, the main area of interest in this chapter is
the interconnection of LANs using ISDN; various alternatives to achieving this objective
are studied in Section 3.4.

Here, due to its earlier availability and ubiquity, we

concentrate on the circuit switched ISDN while summarising other options. The
following section looks in particular to LAN-LAN interconnection using the Primary
Rate Access§ and highlights the usage of multiple channels at the ISDN user-network
interface. This serves as a ground work for the investigation of dynamic management of
multiple channels in Chapter 4. Finally, a summary of the chapter is presented.

3.2 Packet Network Interconnection Issues
For a multitude of reasons which have already been discussed in earlier parts of this
thesis, computer networks need to be interconnected (see Figure 3.1). The common
objective of all interconnection methods is to allow all subscribers a transparent means of
accessing a host or service on any of the interconnected networks.
Achieving this objective requires that data produced at a source in one network be
delivered and correctly interpreted at the destination(s) in another network. This
necessitates the provision

of interprocess

communication

across

the

network

boundaries [21]. In order to achieve this, some sort of "commonality" is required across
the interconnected networks. This can be achieved by two general approaches:
§

It also applies to the Basic Rate Access.

Network
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Network

WS
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Network
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WS

IU: Interconnecting Unit (e.g. gateway) H: Host/Server
WS: Workstation T: Terminal TC: Terminal Concentrator P: Pad

Figure 3.1 Multiple network interconnection.
• Translation of one protocol into another, when different protocols operate on
separate networks.
• Using protocols common among the communicating parties.
Also, a strategy combining the two approaches may be employed (e.g. using some
common protocol at a given layer and translating protocols at one or more layers to the
interworking protocols). In order to provide a common model for data communications,
ISO has developed the Reference Model for Open Systems Interconnection (OSI-RM).
The OSI-RM [17,64] provides the basis for development of common protocols as well as
for interworking between heterogeneous environments [13].
3.2.1 Network Interconnection Approaches
From the point of view of the desired functionality, three general approaches to network
interconnection can be described [125]:
1.

Network Access: Achieves physical access and protocol compatibility in the lower
layers of the OSI model (e.g. physical, data link and network layers of X.25). This
method is used when the networks (e.g. LAN and long distance network) already
exist with their own established protocol structures.
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Network Services: Obtains use of specific types of services (e.g. virtual circuit
service) to satisfy user needs. This method is used for resource sharing or value
added networks. It stresses obtaining network services for the user (e.g. provision of
remote interactive processing involving session control and sequenced error-free
message delivery).

3.

Protocol Functions: Matches the number and types of protocols on each type of
network. Protocol conversion is necessary for this method, since different sets of
protocol functions are assumed at each end.

Two similar tenns are usually used in describing the interaction between two or more
networks. These are; network interconnection and interworking (or internetworking)
issues. In this thesis we define the network interconnection issues as relating to problems
and general methods of interconnecting different types of networks without necessarily
achieving full interworking. Interworking issues are defined as those issues relating to
the provision of services and facilities available on one network to the users on another
network or to single users accessing that network using isolated terminals or
workstations.
The network access approach falls into the interconnection classification while the
network services falls into the interworking classification described above. In a layered
communications architecture the protocols used in each layer provide a layer service to
the layer above. Hence, the protocol functions approach falls somewhere between the
two. In this thesis we are interested in network access as far as the LAN-ISDN
interconnection is concerned. For the LAN-ISDN-LAN interconnection however, we are
interested in the LAN-to-LAN interworking. Hence, the use of ISDN to interconnect
LANs and isolated individual hosts/workstations are investigated from this viewpoint in
section 3.4.
3.2.2 Technical Issues in Interconnection
The following issues need to be resolved for a coherent network interconnection:
1.

Level of interconnection

2.

Naming, addressing and routing

3.

Flow and congestion control

4.

Access control (security)

5.

Common services (e.g. internet services)

6.

Other issues like buffering, fragmentation and re-assembly, multiplexing and error
control must also be considered [116,131].

Different networks can be interconnected by "mediating" systems that are (generically)
called gateways, corresponding to relays in the OSI terminology (see section 3.2.4)±.
The fundamental role of a gateway is to terminate the internal protocols of each network
to which it is attached, while at the same time providing a "ground" across which data
from one network can pass into another. Gateways can be used in the following
strategies [2 1 ]:
i.

Packet Level interconnection (common subnet technology)

ii.

Common Network Access Interface (Datagram and Virtual Circuit)

iii.

General Host gateways

iv.

Protocol Translation gateways

In general, when different protocols operate on separate networks, two approaches can be
achieved for interconnection:
1.

Media Conversion: A media conversion gateway bridges the gap between differing
data link and physical layer protocols; messages from one network are read by
unwrapping their network packaging, the necessary routing is computed and

+

We note that a more general term for a mediating or intermediary system is Interconnecting Unit (IUs)
or Interworking Unit (IWU). There is a lot of confusion in the use of these terminologies. Another
classification often used for different relay types (and their commonly used non-OSI terminology)
which is adopted in the rest o f this thesis is given below [113]:
i.

Physical Layer relay: repeater

ii.

Data Link Layer relay: bridge [128, 132]

iii.

Network Layer relay: router [128,132]

iv.

Higher Layer relays ( layer > 4 ): gateway

We note that the generic term gateway is also widely used in referring to the data link and above layer
relays.
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messages are sent to another network by wrapping them into that network’s
packaging. Examples of these are repeaters and bridges operating at the physical
and data link layers respectively (see also section 3.2.4)
2.

Protocol Conversion: A protocol conversion gateway bridges the gap between
differing network and higher layer protocols; messages received from one network
are replaced by different messages with the same protocol semantics and sent into
another network. Examples of these are Network or Transport Layer relays! -

In the OSI approach, Transport Gateways are an anathema since they are not supposed to
be needed as network interconnection is expected to be at Layer 3 or below. Gateways
are not discussed in any detail in the rest of this thesis as the OSI model of
interconnection described below is adopted. Furthermore, as the main focus in this thesis
is on the Dynamic Channel and Bandwidth Management as described in Chapter 4, the
main interconnection issues discussed are the level of interconnection and those arising
from the LAN-ISDN interconnection. These are detailed in sections 3.2.5, 3.3 and 3.4.
3.2.3 The OSI Model for Interconnection
The OSI-RM [17,64] refers to a seven layer architecture. The top 3 layers (5-7) are
responsible for the processing of information, while the bottom 4 layers (1-4) are
responsible for moving information units. According to our earlier definition in section
3.2.2, a cooperation

between heterogeneous networks at layers

1-4 provides

interconnection, while the full 1-7 layer co-operation provides interworking between end
systems and processes. It is the heterogeneity of networking technologies both at the
local and wide areas that cause the interconnection problems, since information units
must be transported across these networks securely.

Interworking necessitates

interconnection but not vice versa. Heterogeneous networks can be interconnected by
intermediaries. A relay described by the OSI-RM is such an intermediary. Its function
t

Strictly speaking two types o f relays can be defined here: service relay, and protocol relay. For
example, a Transport Service (T-service) relay would terminate two Transport protocols and relay Tservice primitives. A T-protocol relay does not terminate any protocols: it merely passes the semantics
with a new syntax on to the next subnetwork.

is to facilitate communications between peers in the protocol hierarchy. A relay
implements a set of procedures by which data from one system is forwarded to another.
This is called a relaying function. A relay sharing a common protocol at layer n with
other systems but not participating in a layer n+1 protocol in implementing its relaying
function is called a layer n relay in OSI terminology.
In OSI-RM layers 4 and above operate on an end-to-end basis. Furthermore, the OSI
principles state that interconnection of data networks {subnetworks in OSI terminology)
must be achieved at layer 3, the Network Layer, since this layer provides global network
addressing and provides routing and switching as well as relaying functions amongst
others. Network interconnection can also be achieved at layers 1 and 2, however, as
these result in extended subnetworks they do not contravene the OSI principles. These
issues are further dealt with in section 3.2.5.
The OSI-RM specifies that layer n+1 makes use of the layer n service in performing its
own layer service. This leads to the n layer service interface and the Service Relay
concept for network interconnection. This assumes that the services operating on either
side of a relay are identical (e.g. Connection Mode Network Service - CONS). In this
case, the relaying function consists of a simple mapping of indications and confirmations
arriving through one service interface onto requests and responses sent through the other.
Provision of different services on either side causes incompatibilities. In practice the
services offered by real sub-networks (e.g. LANs and X.25 PSPDNs) are rarely identical
and usually they do not provide a true OSI Network Service [18,65].

A further

complication is that the OSI Network Service (OSI-NS) can have two guises: the
Connection Mode (CO) and Connectionless (CL) Network Services. If these are
operated on either side of a relay a CO/CL interworking arrangement is needed [70].
This is often the case when LANs (usually CL) and WANs (usually CO) are
interconnected.
According to the OSI principles, service incompatibilities on either side of a relay can be
remedied by modifying the service on one or both sides such that a common service is
achieved [95]. This aim is made easier to achieve, since the OSI Network Layer
functions are divided into three sub-layers [13,66]: two Convergence Protocols and a
Subnetwork Access Protocol (SNAcP)§. The convergence protocols are referred to as
the Subnetwork Independent and Dependent Convergence Protocols, (SNICP and

SNDCP)§ respectively (see Figures 3.2 and 3.3).
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Figure 3.2 Partitioning of Network Layer
The roles assigned to different sub-layers can be provided by a single protocol (e.g. X.25
Packet Level Procedure (PLP) - 1984 [19,68] ) as well as a set of protocols. The role of
the Convergence Protocols is to enhance or de-enhance an existing service to provide the
OSI Network Service at the service interface to the Transport Layer. This extra layer of
protocol needs to be added to every network node wishing to communicate with a NL
relay configured in this fashion. A practical way to avoid the large number of
modifications the above scheme implies, is to implement relaying at the Transport Layer
(see section 3.2.5 Transport Layer Relay), where a commonality can be achieved (using
either CO or CL N-Service modes). However, this compromises the end-to-end nature of
the Transport Service and hence violates the OSI-RM.

§

An SNAcP handles the Network Layer functions for the specific subnetwork being used and could be
different for other subnetworks. If a protocol acting in this role provides the OSI-NS, it fulfills all three
roles; else, SNDCP and/or SNICP roles are needed. The SNDCP is designed to harmonise subnets that
offer different services. If a protocol acting in the SNDCP role provides the OSI-NS, than it is deemed
to be acting in both the SNDCP and SNICP roles; else the SNICP role is needed to present the OSI-NS
at its interface with the Transport Layer.
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Figure 3.3 Use of a Convergence Protocol
ISO work provides a framework which can be used to interconnect both OSI and nonOSI networks to provide the OSI Network Service. Interconnection of networks whose
SNAcPs provide the OSI NS is straightforward due to service compatibility across all
participants.

When interconnecting networks that include non-OSI networks, two

approaches are available under the common service concept:
• Hop-by-hop harmonisation
• Internetworking protocol.
The hop-by-hop harmonisation approach prescribes the "harmonisation" of the
subnetwork service available on each non-OSI network to that of the OSI NS. The
harmonisation

functions

reside

in

the

SNICP

sublayer

and

possibly,

when

(de)enhancement is necessary, the SNDCP sublayer. Routing and relaying functions are
employed to interconnect the harmonised subnetwork services to provide the OSI-NS
end-to-end. With this approach, all end and intermediate systems attached to a given
subnetwork have to support the same sublayer protocol(s) to enable communication
between all end systems in this subnetwork.
In the internetworking protocol approach, an internet protocol (operating in the SNICP
role) runs over the interconnected series of networks which may be of different types,
providing

the

OSI-NS

across

these

networks

and

intermediate

systems.

An

internetworking protocol is based on a predefined set of capabilities over which it is to

operate. In a network partaking in the interconnection which can not provide a
subnetwork service adequate for the capabilities required by the internetworking
protocol, a sublayer SNDCP protocol has to be used to enhance its subnetwork service to
that required by the internetworking protocol. When this approach is used for network
interconnection, the same internetworking protocol has to be used in all end-systems and
relays to enable communication between these systems.
Interestingly,

the

only

internetworking

protocol

international

standard

is the

Connectionless Network Protocol (CLNP) [69] resulting in the provision of the OSI
CLNS. Furthermore, for the provision of OSI CONS, the only methods applicable are
the interconnection of subnetworks whose SNAcPs support the OSI NS and the hop-byhop harmonisation. Present CCITT proposals support only the OSI CONS, hence it only
recognises the latter two methods [13,20].
3.2.4 Interconnection at Different Lavers

As mentioned earlier, interconnection of networks at layers other than Network Layer is
possible. Here, these are mentioned briefly. It is interesting to note that session or
presentation layer relays have so far not been developed [131].

Data Link Layer Relay:

MAC bridge [62] is a widely used example which achieves relaying within Layer 2 and
interconnects LANs. Local and remote bridging techniques are available. More than two
LANs can be connected via a single bridge. However, MAC layer bridges present
problems in areas of address management, security broadcast control, resilience, load
balancing and upgradability. Further problems arise in (global) addressing and protocol
compatibility when LAN services are to be accesses by remote terminals or workstations.

Transport Layer Relay:

The CO/CL Network Service interworking without modifications at the hosts can be
solved by using a Transport Layer relay. An ISO Technical Report [70] proposes passive
and active types of Transport Layer Relays (TLRs). A TLR is called an Interworking
Functional Unit (IFU) and achieves interworking between CO and CL Network Service
by relaying and/or conversion of Protocol Data Units (PDUs) from one network type to

another. This method assumes the use of Connection Oriented Transport Service on both
networks to be interconnected. However, these modes are outside the OSI architecture
and hence this solution is not an International Standard but a Technical Report.

Application Layer Relay:

Application layer relays are used for mapping largely incompatible (and often
proprietory) protocol stacks; masking incompatibilities at lower layers. Examples are:
Terminal and Mail gateways. They may also be used for administrative reasons; to
restrict inter-domain traffic to certain applications. Their major disadvantages are: the
need to develop new gateway modules for each application and set of protocol stacks,
and slower performance.

3.3 Interconnecting with ISDN
Two issues determine the level of interworking between an ISDN and an external user:
• Type of user interface (or user interface capabilities).
• ISDN services needed; Bearer and/or Teleservices.
The type of user interface determines the level of services that can be obtained from the
ISDN. For example, a terminal or host supporting only traditional data interfaces, which
are non-ISDN compatible, needs to be connected through a Terminal Adapter (TA)to the
ISDN. This means that it cannot request the full range of services

offered throughan

ISDN compatible interface. Since Teleservices require layers 4-7 compatibility with
ISDN, these services are only offered to equipment supporting ISDN interfaces
(compatible with S or T reference interworking). When interconnecting LANs and
terminal or workstations to ISDN four cases can be described:
1.

Provision of all ISDN services to LAN users.

2.

Provision of LAN services to ISDN terminals/workstations.

3.

Provision of LAN services to non-ISDN terminals/workstations.

4.

LAN-to-LAN interworking across ISDN.

The first case necessitates the provision of ISDN compatible interfaces to the LAN users
capable of interworking at the S reference point. This necessitates the support of the S
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interface over the LAN and cannot be easily implemented over the existing data-only
LANs. With such a functionality the LAN becomes more like an ISPBX. We call such a
LAN an ISDN compatible LAN (IcLAN) in this thesis. Also, a LAN may be modified to
support integrated services in which case it is called an Integrated Services LAN
(ISLAN). However, an ISLAN does not necessarily need to support the S-interface.
The second case can easily be supported if the LAN is connected to the ISDN via a
Network Layer Relay. The third case necessitates the use of either the circuit or packet
mode bearer services by both the LAN and the non-ISDN terminal/workstation for data
transfer. Finally, the last case necessitates the access of ISDN switched or non-switched
bearer services for interconnection and can be implemented to operate at the R, S or T
reference point. Table 3.1 shows a summary of the ISDN services needed and or usable
in each case.

ISDN Services

Interconnection
Type

Bearer Service

Teleservices

T/WS - ISDN - Host/Server

V
V

-

T/WS - ISDN - LAN
LAN - ISDN - LAN

V

-

LAN - ISDN

V

-

IcLAN - ISDN

V

IWS - ISDN

V
V

■4
V
V

IWS - ISDN - IcLAN

-

T/WS: Terminal/Workstation IWS: ISDN Workstation
IcLAN: LAN modified/designed to support S interface.

T able 3.1. Services in LAN/Workstation-ISDN Interconnection

In this thesis we are interested only in the cases 2, 3 and 4. Here, the type of bearer
service to be used and the layer of interconnection need to be clarified. These also have
an effect on the protocol stacks to be used on the LAN/workstation as well as the ISDN.
Furthermore, the way in which LAN is to be interconnected to the ISDN needs to be
specified. These are described in the next section.
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3.4 Interconnection of LANs and ISDN
The choice of reference points with regard to the usage scenarios described in the
previous section are given in the following subsections. In all of these scenarios we
assume that the LAN is connected to the ISDN via a relay, as opposed to individual LAN
hosts having direct access to the ISDN.

Interconnection at reference point R:
Figure 3.4 shows the LAN-ISDN interconnection at reference point R. The LAN-ISDN
relay can have two types of interfaces; Circuit or Packet Mode hence acting as a Circuit
or Packet mode DTE respectively. In either case, a compatible Terminal Adapter (TA) is
used to interwork with the S interface. Hence usage cases 2, 3 and 4 can be supported
with this configuration. Ordinarily TAs will support only one B or H channels at the
ISDN side hence limiting the internet traffic that can be handled. However, intelligent
TAs which can aggregate B or H channel in ISDN are also possible which could support
larger capacity connections.

Host

LAN

RL

TA+NT12

ISDN

Terminal/
Workstation
RL: Relay TA: Terminal Adapter NT12: Network Termination I and 2

Figure 3.4 LAN-ISDN Interconnection at reference point R

Interconnection at reference point S:
This configuration is shown in Figure 3.5 and it can be used to support usage cases 2 , 3
and 4. The advantage of this configuration is that it provides direct access to the S

interface by the LAN-ISDN relay which can use the flexibility of the control of that
interface by ISDN signalling procedures. In this mode, the LAN-relay combination acts
as an intelligent Terminal Adapter (TA). This is the preferred interworking point for the
purposes of this thesis.

OO

Host

RL

LAN

|

NT 12

ISDN

| J’ Terminal/
v
Workstation
RL: Relay NT12: Network Termination 1 and 2

Figure 3.5 LAN-ISDN Interconnection at reference point S

Interconnection at reference point T:
This is the only configuration where usage case 1 can be supported as well as usage
classes 2, 3 and 4. The LAN needs to be interconnected at reference point T to the ISDN
(Figure 3.6). The LAN acts as an NT2 and provides the multiplexing and distribution
functions as well as the S interface to the LAN users. However, a LAN supporting the S
interface needs to be designed in order to benefit from this configuration as none of the
current LANs provide this facility, nor can normal LAN hosts exploit it.
3.4.1 Using the ISDN Bearer Services
In Chapter 2, the data communications in ISDN were classified under the Circuit and
Packet switched bearer services and the Additional Packet Modes bearer service
(APMBS). The packet switched bearer service is currently available only using the X.25
protocol suite and the APMBS is not expected to be available in Europe in the immediate
future.
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Host

)

LAN

RL

NT1

ISDN

|
| J Terminal/
--—v
Workstation
RL: Relay NT1: Network Termination I

Figure 3.6 LAN-ISDN Interconnection at reference point T

The Frame Relaying type 1 [90-92] implies a core Layer 2 service on the B-channels and
is found to offer significant benefits for the interconnection of LAJMs by remote bridges.
Indeed, its tradeoff between functionality and speed appears to suit LAN-LAN
interconnection better than either of the other alternative; circuit switched channels or
X.25 packet switching. This is because the simple access interface, relatively high access
speed and statistical multiplexing capability (in Layer 2) of Frame Relaying is ideally
suited to LAN interconnection [93]. The remote bridge solution using frame relaying
suggests the encapsulation of LAN MAC layer frames in the LAP-D frames (Rec. 1.441).
High speed operation is possible by transparent operation due to non-termination of
higher layer protocols and use of core layer 2 functions only (e.g. no frame
acknowledgement). Due to Layer 2 multiplexing, high speed access is more cost
effective, especially to multiple destinations. This facility is similar to the multiple
virtual circuits in X.25 networks but at reduced protocol overhead and associated
speed/cost penalty of Layer 3 multiplexing.
However, due to the additional requirement of having isolated workstations to be able to
access the LAN services and the earlier availability and ubiquity of circuit switched
service, it is this ISDN bearer service that will be referred to in the rest of this thesis.
Therefore, LAN interconnection using either the Packet Mode bearer service or the APM
bearer service is not discussed further in this chapter.

A further requirement in LAN-LAN interconnections is adequate bandwidth provision. In
cases where off-site traffic is light enough, a Basic Rate Access may suffice. However,
when off-site traffic volumes are high and LAN applications best served by high
bandwidth links are to be used (e.g. fast file transfer, CAD, bit-map and multi-media
document transfer), Primary Rate Access arrangements need to be considered. In the rest
of this thesis we will assume the use of PRISDN.
Another issue in LAN-ISDN interconnection is the layer of interconnection. Following
the earlier discussions, in this thesis we assume that the interconnection is achieved at the
Network Layer. Hence, the Network Service is to be provided over the circuit switched
ISDN digital bit pipes. The protocol stacks that could be used over these bit pipes are
discussed in section 3.4.5.
3.4.2 Applications Running on LANs

Although it is difficult to predict future communication needs and patterns of various
user groups, all existing data communication applications could be supported over the
ISDN. Furthermore we expect that Remote Terminal, File and Database Accesses, Fast
File Transfer, Distributed Databases, CAD Applications, Electronic Mail, Multi-media
Document Services and Telematic Services applications will be prominent in the
immediate future. It is obvious that some of these applications will not be able to use the
full 64 Kbps channel capacity when offered, for example, a remote terminal access
session. Several such sessions can therefore be multiplexed onto a single channel if they
pass through the same pair of ISDN stations (access nodes).

Also, interactive

applications like terminal access and file access need "real time" responses in order to be
usable. Delay becomes more important than throughput in these cases.
3.4.3 Interconnection Scenarios

The following LAN-ISDN-LAN interconnection scenarios can be visualised;
— Scenario 1 : where a fixed number of LAN sites communicate with each other on a
regular basis (e.g. branches of a corporation) and have regularly distributed traffic.
— Scenario 2 : where users on a large number of LANs want to communicate with
each other on an irregular basis.

In the Scenario 1, a leased line or semi-permanent line solution may be more cost
effective than a circuit switched solution as the advantages of ISDN will not be evident if
the tariffing structure is not favourable to switched connections. However, the ISDN
could provide added bandwidth on demand or act as an emergency backup facility. In
Scenario 2, a circuit switched solution will be more cost effective. Hence, a judicious
management of the circuit switched connections under different tariff structures, user
demand (traffic volume) and service/user priority constraints will bring about cost
effective utilisation of the local ISDN bandwidth. It seems more likely that an advanced
Automated Office environment will need the flexibility of the Scenario 2 for its
applications.
3.4.4 The LAN-ISDN Relay

The LAN-ISDN relay is a specialised relay, which must overcome several technical
problems. It differs from most other relays in that;
• It is multichannel.
• It must manage many switched connections simultaneously.
• It has Common Channel Signalling for outband control of circuits.
• It connects to a network (the ISDN) which imposes no restrictions on the protocols
to be used - the B-channels appearing merely as bit pipes (assuming Circuit
Switched Bearer Service).
These properties present the following problems:
• Intelligent management of multiple channels for switched connections; circuit setup
and removal actions as well as dynamic bandwidth control.
• Efficient queue management for channels.
• Conversion of inband data signalling (e.g. addressing, routing and other packet
information) on the LAN, to outband control signals for circuit switched connection
set up on the ISDN. This is basically a way of protocol conversion from the single
plane format of the OSI-RM to the two plane (User and Control planes) format of
the ISDN PRM.
• Choice of protocol stacks to be used over bit-pipes.
In the local area, the workstation/server/LAN system model has become the most popular
environment, and this must be interfaced to other LANs via the ISDN. A LAN-ISDN

relay with a LAN interface on one side and a PRISDN interface on the other is needed.
The capabilities required from this relay must reflect service requirements as well as the
underlying communications requirements. The LAN-ISDN relay must be able to manage
multiple channels which may be switched individually or in bundles, depending on
user/network requirements. Procedures need to be defined to manage a variable number
of B-channel connections depending on system status and traffic variations.

3.4.5 Protocols Over the ISDN Bit Pipes

Another issue in the LAN-ISDN Relay is the type of protocols to be supported. Both the
CO and CL Network Services can be provided over the digital bit pipes provided by the
ISDN circuit switched bearer service. This leads to different protocol stacks in the LANISDN Network Layer Relay. For simplicity, the same type of Network Service is
assumed in each of the scenarios described below. Here, we note that other possible
scenarios exist (e.g. X.25 tunnelling where Connectionless packets could be carried
within Connection Mode packets etc.). However, these are not discussed as they are not
relevant for the rest of this thesis. In both cases, only the B-channels are shown.

CONS Across ISDN:
Figure 3.7 shows a NL relay protocol stack where the CONS is provided across both the
LAN and the ISDN.

OSI CONS
interface

R&R

/X .2 5

X .2 5 ^
PLP
LLC2
PL

/

y/

PLP
LAP-B
1.431
B

LAN

ISDN

PLP: Packet Level Protocol (IS 8208) LLC2: Logical Link Control type 2 (IS 8802-2)
LAP-B: Link Access Protocol-Balanced (IS 7776) PL: Physical Layer R&R: Routing and Relaying

Figure 3.7 A Connection Oriented LAN-ISDN Network Layer Relay

At the Network Layer both the LAN and the ISDN is assumed to have the X.25 Packet
Layer Protocol (PLP). The lower layers are necessarily different. When a new B-channel
is set-up, the data link must be established over it. The use of Multi-Link Procedures are
discussed in Chapter 4 with reference to Channel Management.

CLNS Across ISDN:
Figure 3.8 shows a NL relay protocol stack where the CLNS is provided across both the
LAN and the ISDN. At the Network Layer both the LAN and ISDN are assumed to have
the CL Network Protocol (ISO Internet Protocol). At the Data Link Layer, the ISDN
need not have the MAC level protocol. Indeed HDLC core protocol could also be used
instead of the LLC1. If LLC1 is used, no data link needs to be established after a circuit
set-up since this is a CL mode Layer 2 protocol. If HDLC is used however, the data link
needs to be established anew with every new circuit set-up. The interaction of CLNP and
the Channel Management are studied further in Chapter 4.

R&R

OSI CLNS
interface
CLNP

/C L N P

LLC1
MAC
PL

LLC1
1.431
B

LAN

ISDN

R&R: Routing and Relaying
CLNP: Connectionless Network Protocol (IS 8473) LLC1: Logical Link Control type I (IS 8802-2)
MAC: Medium Access Control Protocol PL: Physical Layer 1.431: ISDN Physical Layer

Figure 3.8 A Connectionless LAN-ISDN Network Layer Relay

3.5 Sum m ary
Circuit switched ISDN, providing fast switching, multiple channels, common channel
signalling and digital bit pipes, presents a flexible wide area network for LAN-ISDNLAN interconnection. The user flexibility to choose suitable protocols over raw bit pipes
presents a challenge. These protocols do not need to be heavy-weight due to ISDN’s

good bit error rate performance. Network Layer interconnection has its advantages in
conforming with the OSI-RM and eases the problems of global addressing. Multiple user
channels at the UNI precipitate Dynamic Channel Management issues which are dealt
with in Chapter 4.

Chapter 4

CHANNEL M ANAGEM ENT

in
M ULTI-CHANNEL NL RELAYS

4.1 Introduction
The OSI Reference Model [64] specifies that relaying should be done at the Network
Layer (NL, N-Layer) or below (NL is favoured for interconnecting on a very large scale).
In the traditional sense, the NL relay has fixed transmission lines (e.g leased lines as
opposed to switched) linking it to one or more destinations (e.g. other relays, LANs or
packet switched network interworking unit). However, a NL relay operating in packet
mode over the circuit switched ISDN has multiple channels that can be assigned on
demand. This gives an added flexibility to a relay controlling the ISDN access interface
such that; it can dynamically assign bandwidth to requests. This chapter investigates the
implications of this flexibility in view of the following:

channel and bandwidth

management aspects and protocol aspects.
Packet operations can be carried out in Connectionless (CL) or Connection Oriented
(CO) Modes as described in Chapter 3. Assuming for simplicity, CO Transport and Data
Link Services, two sets of protocol stacks emerge: one with a CO Network Service
(CONS) and one with the CL Network Service (CLNS). The mechanism of channel
management is necessarily different in the two types of Network Services. In either case,
end-to-end

associations are established by transport

layer entities wishing to

communicate with other peer entities. Furthermore, in both cases the establishment of
Data Link Service is necessitated once new physical channels are switched in. This is in
contrast to the permanent link case where the Data Link connection is established once at
the start-up time and is assumed to exist permanently.
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From the channel and bandwidth management aspects, two questions arise:
• When to set-up and remove connections, f
• How to vary the bandwidth o f existing connections.
The first question is not as trivial as it sounds. In the first instance, a certain amount of
bandwidth must be allocated from the bandwidth pool to a new request. This may be
subject to some form of access control. Furthermore, a Network Layer Relay has no
knowledge of the end-to-end associations (the duty of the Transport Layer Protocol), and
hence it needs to have a strategy for setting up and removing circuit switched
connections. The second question raises the issue of the type of policy to be used to
determine the instantaneous bandwidth of a connection. In both cases, issues like the use
of signalling protocols for channel management, practical mechanisms involved in
bandwidth variation (e.g. channel aggregation) and the provision of Quality of Service
(QoS) also arise.
The bursty nature of packet data lends itself to statistical multiplexing. This is an
inadvertent feature of the CL mode of communication and the same can be achieved by
the use of multiple Virtual Circuits (VCs) over the same physical link in the CO mode of
communication. However, in both cases the bandwidth of the underlying physical link is
usually assumed to be fixed. The idea of statistical multiplexing can naturally be
extended to the LAN-ISDN interconnection. An added complication here is that the
bandwidth of the underlying physical link between two entities may vary (within certain
limits). We note that this forms a model similar to the one considered by Harita and
Leslie [58], where variable bandwidth circuit switched ISDN links using ATM type
packet structures are utilised in interconnecting LANs over a wide area.
In a multi-channel NL Relay, there may exist multiple channels (physical or logical) to
the same or different destination(s) concurrently. The NL Relay dispatches arriving
t

Connection: a physical or logical association between two communicating entities. Channel: a
communications path between two entities. A channel (e.g. a Virtual Circuit) may share a physical
circuit with others or may consist of several physical circuits (e.g. a logical channel or Superchannel)
Circuit: a physical link (path) between two end-points.
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packets (customers) to their destinations according to some specified routing strategy. As
mentioned in Chapters 1 and 2, multiple parallel channels or a single superchannel may
be created to a given destination. When multiple parallel channels exist to a given
destination, the question of packet scheduling to these channel queues arises. As the
traffic load (i.e. the aggregate bandwidth requirement) of a set of multiplexed traffic
streams may vary over a given period of time, so does the channel (i.e. connection or
link) capacity needed to that destination vary. This can be dependent upon the changes
in the number of users § or the types of activities they partake in during the course of an
end-to-end communication. It would be wasteful if a large amount of capacity was
allocated to the communication needs of a group of users to a given destination, when,
due to their traffic activity changes they no longer needed the same high capacity. It
would also be unfair to other users who may want to use the same resources. It pays then,
to adjust the allocated capacity (bandwidth) of a channel, according to the traffic activity,
some specified QoS parameter and predefined cost structures. We call this collection of
management activities Channel Management as it involves the interaction of several
related but distinct disciplines.
In the rest of this chapter, we formulate and define the Channel Management problem in
sections 4.2 and 4.3 respectively. In sections 4.4 and 4.5 the Bandwidth Allocation and
Management issues are studied. Queueing systems and queueing strategies relevant in
Channel Management are the topic of section 4.6. In section 4.7 we present a short
summary of the possible scheduling policies that could be used in multi-channel
interfaces. The effect of CO and CL protocols used over the ISDN B-channels on
Channel Management in a Network Layer Relay are presented in section 4.8. Section 4.9
presents a short discussion on the management information needed for effective Channel
Management in Network Layer relays. Cost factors are briefly studied in section 4.10.
Finally, a summary of the chapter is presented in section 4.11.

§

A user can be a real person, application (process), transport entity or a packet traffic source for the
purposes of this thesis. Note that, user (application) processes are not visible to a NL relay. However,
in this context this term refers to Transport entities "representing” these users.
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4.2 The Channel M anagem ent Problem
Frequently in Computer Network analysis, issues related to each other are, out of
necessity, studied and analysed separately for ease of approach. An example of this are
Bandwidth Allocation, Bandwidth Management, Schedulingt, Design and Control o f
Queues, Channel Assignment, and Transmission Control. However, they seldom appear
in isolation and they need a unified approach to achieve the best practical use. Channel
Management is such a problem, as it encompasses several distinct but interrelated sub
problems. Furthermore, the decisions at the policy level usually affect the performance at
different levels of the communications hierarchy by varying amounts, and their collective
effect also needs to be investigated. Below, we present some definitions for the above
issues:
• Bandwidth Allocation (BA): This is the problem of partitioning the bandwidth
resource at a communications facility amongst a group of homogeneous or
heterogeneous (in terms of their arrival rates, service/holding time distributions, bit
rate, queueing/blocking requirements) group of users. Usually, it is assumed that
each user has a static requirement specified at the start of its communications
activity.
• Bandwidth Management (BM): This is the problem of managing the bandwidth of
an individual user or a group of users as its/their requirement(s) change over time
during a connection. Hence, it assumes that a Bandwidth Allocation Strategy
already exists and some amount of bandwidth has been assigned to this/these
application(s). It then operates within the confines of the BA strategy such that the
bandwidth of a given channel is varied (increased/decreased) accordingly.
• Scheduling: This describes the type of policy that is used for dispatching packets
addressed to a given destination when there exists multiple parallel channels with
individual queues. This problem does not exist if only one packet (user/customer)
t

Here, Scheduling refers to packet scheduling. This term is preferred to routing as the latter has a special
meaning in the N-laycr.
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queue exists per destination.
•

Design and Control o f Queueing Systems: Classical queueing theory deals with
queueing systems in a descriptive way. Dynamic control of queueing systems
necessitates a prescriptive approach. Most real life situations are not static and the
control of queueing systems as a discipline is of prime importance in Channel and
Bandwidth Management.

•

Channel Assignment and Transmission Control: Describes the procedures for the
assignment of channels to incoming requests. It includes channel hunting and
channel de-assignment for cost minimisation. Transmission Control involves the use
of the signalling procedures for link establishment and removal and data packet
handling (transmission and reception).

In this chapter, we concentrate on the Dynamic Channel Management problem in
Network Layer Relays in general and the Connectionless NL Relay in particular. Some
of the issues also apply to equipment directly interfacing to the ISDN (rather than
through a relay). The Control of Queueing Systems come into play in the design of
bandwidth control strategies. We also discuss some aspects of the Bandwidth Allocation
and Dynamic Bandwidth Management issues in relation to the Channel Management
problem. Scheduling issues are discussed in relation to the management of multiple
parallel channels between two communicating end-points. Channel Assignment and
Transmission Control are also applicable to the discussion. However, these issues are
discussed in Chapters 5 and 6.

4.3 Definition o f Channel M anagem ent
In designing NL Relays between LANs and the ISDN, it is necessary to manage the
ISDN resource in the most effective way in order to meet several conflicting criteria.
Bandwidth

utilisation,

user perceived

response,

delay,

throughput,

and

real

communication costs must all be considered. Therefore, the main objective of Channel
Management may be defined as the optimisation o f bandwidth utilisation (hence the
reduction of costs) fo r a given set o f users with a given Quality o f Service (QoS)
distribution. It applies to multiple distinct channels (or a single channel with controllable
multiple Basic Bandwidth Units) and describes their management.

A collection of policies regarding Bandwidth Allocation, Bandwidth Management,
Scheduling,

Channel

Assignment and Transmission Control

forms

a Channel

Management strategy. A Channel Management (CM) Policy can be implemented by
having controls at two distinct levels. Firstly, at the Bandwidth Allocation Policy level,
which determines how the available bandwidth is distributed among the different
requests and hence provides an admission (access) control policy. Secondly, at the
Bandwidth Management Policy level which determines how the bandwidth of an existing
channel should be varied as the traffic characteristics vary in time. In the case where
multiple parallel channels with individual queues exist to a given destination, a third
level of control is available. This is the Scheduling Policy level which determines how
the traffic is "routed" to different parallel channels established to the same destination.
The Scheduling Policy in turn provides a handle on the Queueing Policy to be adopted
for the outgoing links. The queueing policy may be QoS associated.
Hence, Channel Management encompasses the Bandwidth Allocation (BAP), Bandwidth
Management (BMP) and Scheduling Policies (SP). The BA Policy is needed to prescribe
from the outset the "rules” of the game; that is, how much bandwidth each user class or
group may have, while the BM Policy determines "how" the bandwidth is varied
(increased or decreased) from the initially allocated amount within the limits prescribed
by the BA Policy. The Scheduling Policy determines how the packets are "routed" to
different channels connected to the same destination (and forming part of the same link)
in order to achieve some QoS or performance criteria.
In the rest of this thesis, we will concentrate on the Channel Management Problem; in
particular the channel set-up/disconnect and the Dynamic Bandwidth Management
issues. But first, discussions on Bandwidth Allocation, Control of Queueing Systems,
and Scheduling are presented in order to highlight their relevance.

4.4 Bandwidth Allocation
Bandwidth Allocation (BA) policies determine how the total available bandwidth of a
communication channel is allocated (partitioned) to multiple user (customer) requests. It
is also sometimes referred to as Circuit/Channel Access Control Policy since the total
bandwidth is partitioned into "channels" [83,126]. Most BA schemes are based on a
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Prescriptive method. This means that each user (user process or Protocol Data Unit)
requests a certain amount of bandwidth at the start of each session, and is content with
the amount of bandwidth for the duration of a session. Also there are limits to the amount
of bandwidth a class of users is allowed to occupy in a situation of bandwidth contention
with other classes of users.
An important design aspect from the Bandwidth Allocation policy point of view is the
composition of the users. Generally, they are classified into two types; blockable and
queuable (class-1 and class-2 respectively). These two classes of users are sometimes
referred to as circuit and packet type of users. However, strictly speaking this is not true
since packetised voice would still be in class-1 despite its packetisation. This
terminology merely indicates the type of service required by a class of users. Hence, the
circuit users are assumed to be operating on a blocked calls lost principle, while the
packet users are assumed to operate on a queueing principle. Different BA policies can
be devised on the assumptions of homogeneous or heterogeneous blockable/queueable
users. Traditionally, the circuit and packet traffic have been treated separately. Each type
of traffic would use different types of networks and hence switching. In the ISDN era this
is no longer true. Switching systems handling both the circuit and packet types of users
are sometimes called Hybrid Switching systems. One way of dealing with mixed traffic
types is to separate the available bandwidth into the "circuit" and "packet" groups. In a
TDM frame, this can be done by partitioning the available time slots N, into two groups
N1 and N2=N-N1 slots. A boundary is thus formed between the class-1 and class-2
traffic types where N1 slots are assigned to the blockable class while N2 slots are
reserved for the queuable class of users. This boundary can be fixed or movable. In the
movable boundary scheme, class-2 packets may occupy any of the unused N1 class-1
slots with a proviso that, any arriving class-1 call can preempt a class-2 packet occupying
these slots. The Movable Boundary hybrid switching scheme is found to be superior to
the Fixed Boundary Scheme in its improved time delay performance for the queued class
of users. However, care must be taken with the movable strategy. If an attempt is made
to utilise the class-1 user slots released on the average to increase the class-2 user
throughput above that would nonnally be available by N2 slots reserved per frame,
extraordinarily long packet queues may result [126,127].

In either case, parts of the total bandwidth may be reserved as a general shared pool
which would be equally accessible by all user classes or could have some form of
restricted access superimposed. The prescriptive nature of these policies guarantee a
certain QoS or Resource Utilisation and Fairness to contending users [126].
In the case where only blockable (circuit switched) type traffic is available, bandwidth
allocation can be done on the homogeneity/heterogeneity basis. Some of the previously
studied strategies for BA in circuit switched systems include the Complete Sharing (CS),
Complete Partitioning (CP), Restricted Access (RA) and Restricted Access with Priority
(RA-P) [83]. In Complete Sharing, no explicit control is exerted on the access of the K
circuit streams and an arriving message is rejected only if it requires bandwidth greater
than the available amount. In Complete Partitioning, the total bandwidth is divided into
K separate portions such that each circuit stream has its own dedicated bandwidth. In the
Restricted Access type of policies, the users are grouped into K user types where each
type is characterised by its bandwidth requirement. RA policy then restricts the resource
occupancy of users from each group, hence reserving part of the total bandwidth to each
group. An RA policy with priority permits users of lower bit rate to access the bandwidth
reserved for users of higher bit rate which have a right to preempt lower bit rate users.
It is known that, for homogeneous circuit traffic (i.e., same bit rate and holding time),
the CS policy yields best throughput [83]. For non-homogeneous traffic with large
spread in their bandwidth requirements (i.e. bit rates), a hybrid CP policy where the
bandwidth dedicated to a given group is completely shared by user types in that group
outperforms any other simple policy. It is also known that a RA policy augmented by a
priority scheme provides improved performance over other policies described [83].
t
Packet Data over Circuit Switched Connections:

Bandwidth Allocation in the above sense can only be achieved if the bit rate
requirements of users/applications are known in advance. That is, when such users arrive
at a resource facility, they request a certain amount of bandwidth. They could then be
allocated their requested bandwidth according to the BA policy implemented by the
resource manager.
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This form of BA is only suitable in the CO mode of interworking as the QoS parameters
(indicating bandwidth or data rate required as well as the acceptable delay and
throughput parameters) for each CO session are agreed upon between the userf and the
resource managers at the intermediate nodes of a communications link at the start of an
association during the setup procedure.
In the case of CL working, the QoS is not negotiated at the start of a communication but
is determined in an a priori fashion between the users and the service providers [67].
Also, as there is no connection set-up phase in this mode of operation, the bandwidth
requirement of an application cannot be determined. Furthermore, the Quality of Service
parameters of the Connectionless Network Service (CLNS) do not include bandwidth
(see section 4.8). In CL Network Layer Relays, traffic multiplexing is an inherent
feature, although this may be specifically prevented in order to guarantee a QoS.
However, the CL networks operate on the best effort principle and do not guarantee a
QoS. When several traffic sources are multiplexed on to a physical channel and the
occurrence and duration of these sources vary stochastically, the bandwidth requirement
of the channel also varies in an stochastic manner. Under these conditions the BA policy
may actually limit only the upper bound of bandwidth allowable for each channel. It is
then left to the interaction of the user traffic and the Bandwidth Management Policy to
determine the amount of instantaneous bandwidth allocated to such a channel. In the rest
of this study, this form of BA control will be assumed.

4.5 Bandwidth M anagement
This is the resource management function associated with the adaptation of user
bandwidth to the needs of user traffic which may vary during the lifetime of a
connection. We have already discussed scenarios where such variations in bandwidth
requirements may occur.

t

Assuming a one-to-one correspondence between "users" and "network connections".
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The bandwidth of a TDM access structure is divided into channels, each of which may be
mapped to one or more time slots. Each TS can be considered to be a Basic Bandwidth
Unit (BBU). As the traffic load of a stream (or a multiplexed stream) increases over
time, the bandwidth allocated to this user should be increased in order to provide a
constant QoS performance. This bandwidth increase can be put into effect by associating
more TSs to this channel.
At the core of the Bandwidth Management problem is the question of how and using
which type of control this increase and decrease in the channel capacity (bandwidth)
should be achieved. Service capacity (rate) control of queueing systems using threshold
policies based on the system state is well known (e.g [49,108,121,143] ). These policies
could be based on single or multiple thresholds and Point or Hysteresis form s. Figure 4.1
shows a schematic of Point and Hysteresis Threshold forms when the system state used is
the instantaneous queue length. A Point Threshold policy implies that a decision to
increase the service capacity of the server is made as the system state value "crosses" the
threshold value from below. A decision to decrease of bandwidth is made as the system
state value "crosses" the threshold from above. A Hysteresis Threshold policy has two
such levels. A decision to increase the bandwidth is made when the system state value
exceeds the high (upper) threshold. This capacity is held until the state drops back again
to the low (lower) threshold value whence a decision is made to decrease the bandwidth.
This is called a tw>o phase hysteresis. More complex schemes with a multiple threshold
pairs (multi-phase hysteresis) that may or may not overlap can be devised [144]. Also,
the level of control could be based on either bi-level or multi-level types. In the bi-level
service rate control, the system can have one of two service rates |Xi or fi-2- Whichever is
selected depends on the state of the control variable. In the multi-level service rate
control, the system can have different service rates selected from a set of fi (fii...[i/v)Point threshold control is a special case of the hysteresis control in that the two threshold
levels are coincident. This form of control is better at conserving resources but can
produce very high number of switching transients when the system is operating around
the threshold value. Another special case of the hysteresis control is one where the lower
threshold is set at zero level of the control variable [49]. These are further discussed in
section 4.6.2, with a full taxonomy for threshold control given in Chapter 8.

(i) Point Threshold
H :

High threshold

(ii) Hysteresis Threshold

Low threshold X and |i:mean jacket arrival and service rates respectively
: Point (High-Low) threshold |X :variable capacity server

L:

H L

Figure 4.1 An Example of Point and Hysteresis Thresholds.

Control Variables and Metrics fo r B W Management:
Various control variables (based on system state) and metrics are available for service
rate control in queueing systems. These include the instantaneous or averaged values of
the number of customers in the queue (queue length) or the system, amount of unfinished
work in the system (i.e. the actual number of bits to be transmitted rather than the number
of packets in the system) and the packet arrival rate.
In queueing theory, Bandwidth Management corresponds to Queueing Systems with
Removable Servers. Hence, we study this class of queues below.

4.6 Q ueueing Systems for Channel M anagement
The Basic and Primary Rate ISDN interface channel structures were discussed in Chapter
2. Three distinct queueing models (see Figure 4.2) can be developed depending on how
the n Time Slots (each capable of carrying a byte of information per frame) in a TDM
frame are utilised. Assuming that the interface is composed of n x BBUs (i.e. 64 Kbps)
and no QoS queueing § is undertaken these are:
•

•

§

M odel 1: n parallel identical servers each with its own queue. This gives an n x
A/B/l queueing system where each server gets its own packet to serve.
M odel 2: n parallel identical servers with a single queue. This results in an A/B/n
type queueing system where each server gets its own packet to serve.

I n Q o S s e r v i c e q u e u e i n g m u l t i p l e q u e u e s m a y b e a s s o c i a t e d w i t h o n e o r m o r e s e r v e r s [ 1 1 8 J.

• Model 3: variable capacity server with a single queue. This results in an A/B/l
queueing system with capacity n x BBU, where each TS serves a byte of a packet in
turn.
g

i-o
n

(i) Model 1

(ii) Model 2

(iii) Model 3

|I* :variable capacity server

Figure 4.2 Schematic for Alternative Queueing Models

Variable Bandwidth Models:
Variable Bandwidth queueing models can be obtained from the above basic models by
having n as a variable. A logical channel is assumed to be formed by the association of
physical channels. In Model 1, the logical channel bandwidth can be varied by the
addition or deletion of servers and their queues. When multiple servers with individual
queues exist to the same destination, the problem of packet scheduling arises. In Model
2, a BBU (Time Slot) can be associated with or dis-associated from an existing logical
channel queue hence providing a variable bandwidth model. In Model 3, each added TS
is closely integrated with the existing TSs hence effectively increasing the server
capacity. Server capacity can be reduced simply by dropping some TSs from the logical
channel.
In practice, Models 1 and 2 present a re-sequencing problem at the destination since
packets can be re-ordered by this form of transmission. Response time performance of
Model 3 is superior to Model 2 which itself is superior to Model 1 [76,77]. However,
Model 3 presents a Time Slot Sequence Integrity (TSSI) Problem. These issues and the
practical ways of implementing variable bandwidth channels in an ISDN interface are
described further in Chapters 5 and 6. In Chapter 5, a Dynamic Channel Management
Architecture is presented for Models 1 and 3. This architecture can easily be modified to
address Model 2.
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Variable Bandwidth Control fo r Logical Channels:
For Models 2 and 3, this can be achieved simply by the use of threshold policies
described in section 4.5. In Model 1, two options exist regarding the use of threshold
policies for service capacity control: use of a logical queue length (sum of individual
queue lengths) as the control variable, or the use of separate thresholds on each queue.
The latter could be be combined with the scheduling policies but inevitably leads to a
more complex control strategy (see also section 4.7).
4.6.1 Q ueueing Systems with Rem ovable Servers

Queueing systems for Channel Management in ISDN form a class of models which
include addable/removable servers. In general, the perfonnance of these systems can be
studied by considering queueing systems in which the service capacity varies as the
unfinished work varies. The decision mechanism for varying the channel capacity could
depend on the buffer occupancy, the cost incurred under various conditions and cost
structures in the model. The class of queueing systems with removable servers have been
studied by various researchers (see also Review of Related Work in Chapter 1). One of
the comprehensive studies in the field of bibliography of research on Optimal Design and
Control of Queues is given by Crabill et. al [26]. One of the earliest studies on variable
bandwidth queueing systems is by Moder and Phillips [108]. Later studies include the
one by Yadin and Naor [143]. This study considered a single server that could be either
present or absent. Formulae were derived for the length of busy periods and the
proportion of time that the server was in operation, closing down, starting up or idle. In a
later paper [144], a system in which the service capacity can vary was considered. As the
number of customers waiting increased, at various thresholds the server capacity would
increase; the service capacity would be decreased as the number of customers decreased
past different thresholds. In the latter paper, the addition of new service capacity was
done instantaneously. Several other authors have dealt with variable rate servers, but
they have all assumed zero dial-up (or setup) time [7,97] which is not realistic in
telecommunications.
In a study by King and Shacham [72], two models of buffers with dial up capability are
analysed. In the first model, a buffer that has a permanent and a dial-up channel
connected to its output is analysed. The dial-up channel is added into the system forming

an M/M/2 queueing system whenever the occupancy (the number of messages in the
queue) increases above some threshold. When the buffer is empty, the overflow channel
is released. A second model considers a system that consists of two buffers that use dial
up channels to communicate. Each node that has its buffer occupancy above the
threshold, dials up a channel. A connection, once established, is full duplex allowing data
to flow in both directions. Thus when the first dial-up is complete, the other buffer, if it is
in the middle of a dial-up, aborts that process and uses the existing channel to send
messages. The channel is released when both buffers are empty.
In this class of queueing systems it is known that a threshold policy, i.e. initiating
connection establishment on the arrival of the K-th message to the buffer is optimal [60].
The problem then becomes one of finding the optimum threshold that will minimise the
total cost owing to channel set-up and to delays incurred in the queue. This threshold
depends on system configuration, rates of service and arrival and various costs.
4.6.2 Threshold Control of Server Capacity
It is known that the M/M/1 queue has a monotone hysteresis optimal service rate (or
capacity) control policy when switching costs exist and a monotone optimal control
policy without switching costs [101]. The hysteresis control form where the switching
costs exist, arise from the need to minimise the number of switchings and hence make it
economical once an increase in service rate is achieved. The hysteresis service rate
control where the switching occurs instantaneously has been studied by Gebhard [49] and
Li [99]. The case where the switching takes a time which is exponentially distributed has
been studied by Harita and Leslie [58]. All of these studies consider only a bi-level
change in the service capacity (e.g. Po=2.0 and p!=0.5 where p=utilisation factor=A./p).
In Chapter 7, we propose several heuristic multi-level hysteresis policies for an M /M /l
queueing system and analyse their performance using simulation models.
4.6.3 Queueing Systems with Fluctuating Param eters
Many real life queueing systems, like communication channels, exhibit random
fluctuations in their message arrival rate. The statistical variations of the offered traffic
load to such systems introduce system design requirements that can not be accounted for
through the use of a conventional time-homogeneous traffic model [ 149]. The ISDN
Relay described in this thesis is no exception.
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Non-homogeneous queueing systems so far analysed in the literature can be divided into
two main categories: In the first, the arrival process is assumed to be nonhomogeneous
Poisson with rate function A,(t), where ^.(t) is a deterministic function of time, and in the
second, the arrival process is assumed to be a doubly stochastic Poisson process, i.e.. the
arrival rate function, A,(t), is itself a stochastic process [149]. The latter approach is
relatively new, and the first work was published by Yechiali and Naor [145] looking at a
special case where the arrival and service rates to a single M/M/1 queue are step function
stochastic processes. Under this assumption the queueing system can be in one of two
modes, 0 or 1. When the system is in mode /, the interarrival and service times are
exponentially distributed with parameters A,/ and fi;, (z=0,l), respectively. The time
interval during which the system functions at level i (/=0,1) is exponentially distributed
with parameter y,. Generalisation of the above case to more than one server is developed
by Zukerman and Rubin [149]. Further extensions to the theory has been achieved by
Neuts [111] by assuming a general number of levels and general service time.
In the case when the arrival process of a queueing system can be in one of two modes
(i.e. represented by a two state Markov process), these modes could represent light and
heavy loads. This leads to the definition of two further study models: Model I where a
single mode arrival process is assumed and Model II where a two mode arrival process is
assumed. Model I is dealt with in Chapters 7 and 8 in detail, while Model II is
considered beyond the scope of this thesis (see also Chapter 9 for Further Research
Work).
4.6.4 Queueing Strategies

The factors affecting the queueing strategies in a relay within a heterogeneous
environment are somewhat different from those of the data only environment that we are
considering. In the heterogeneous environment the relative mixes of different traffic
types as well as their service requirements in terms of switching are more important. The
delay on synchronous services like packet voice and video must be bounded. Error rates
become more important if some fonn of compression has been used. In the data only
case, delay is tolerated to a certain extend but reliable delivery is necessary. The factors
described below are considered to be most relevant to this thesis.

I. A p p lic a tio n Types

Here the difference is between the interactive versus non-interactive applications. The
problem is that the Network Layer has no knowledge regarding the type of higher layer
protocol data units carried within a packet. It is up to the Transport Service to determine
the QoS parameters that will be included in the Network Service data units. Also
different priorities may be assigned to different application types.

Quality o f Service:
The determination of the Quality of Service (QoS) for CO and CL modes of transmission
are different from each other.

Here we only consider the CL case.

The OSI

Connectionless Network Service (CLNS) definition describes the associated QoS
parameters [67]. The DARPA IP Type of Service (ToS) parameters [115] are similar.:!:
The transit delay and priority QoS parameters are most important in the context of
channel allocation strategies.
The transit delay QoS parameter will indicate how that packet should be treated in terms
of queueing for output within the CL network relay. For low transit delay requirements
more channels may need to be opened in order to satisfy the Network Service user,
although the CL mode of operation only endeavours best effort in delivering a particular
packet to its destination. We note that the OSI CLNS does not specify a QoS parameter
for throughput.
A queueing algorithm for ToS in TCP/IP networks is developed by Prue and
Postel [118], where multiple channel queues are assigned to a server. The server spends a
proportion of time to serving each queue. The time spent on each queue is linked to the
number of queues, service rate and the QoS requirements. However, for simplicity we do
not implement the full QoS queueing in our Channel Management plan. The only QoS
t

QoS parameters included in CLNS are: Transit Delay, Priority, Protection from Unauthorised Access,
Source Routing, Residual Error probability, and Cost Determ inants. QoS parameters included in the
DARPA/IP are: Precedence, Delay, Throughput and Reliability. However, these have qualitative
attributes like high or low throughput.
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parameter considered is the "delay" parameter. Hence we assume that all the packets to
the same destination are multiplexed into a single queue irrespective of their QoS
requirements.

Priorities and Pre-emption:
The use of priorities for different classes of applications have not been widely
implemented in CL networks although some work has begun [118]. However, the QoS
parameter field is available for this purpose. It could possibly be used as a basis for
giving higher priorities to packets from certain types of applications. For example, an
interactive application like a file access can be given higher priority over an electronic
mail application. Pre-emption suggests that a higher priority packet could preempt a
lower priority packet in order to get speedier service.
The issues of priorities and pre-emption are beyond the scope of this thesis and hence
will not studied any further.

2. Costs
Opening a new circuit for a burst arrival of packets may be expensive if that channel is
not going to be utilised after the burst has been cleared through the system. Therefore,
ways of determining the best threshold for new circuit setup on possibly multiple queues
(e.g. Model 1) to the same destination needs to be found.

4.7 Scheduling Policies
By Scheduling Policies we mean the way in which the individual packets are "routed" to
different physical channel queues of a logical channel and as such applies to Model 1. In
queueing theory terminology this is scheduling of a new job (customer, packet) to a
server (channel or its queue). Some well known scheduling policies are: Round Robin,
Random, and Shortest Queue policies [9,44,110,136]. In real data communication
interfaces the size of the channel queues are bounded. Therefore, scheduling policies
like Sequential and Alternate Sequential policies can also be used in this case.
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In the Round Robin Policy, each queue receives a packet in turn within a strict order.
Random Policy queues packets in a random fashion to the channels. In Shortest Queue
Policy, an arriving packet is placed in the queue with the shortest length. A variant of this
policy, Shortest Remaining Work places the arriving packet to the queue with the least
unfinished work (i.e. the total number of bits waiting to be transmitted rather than the
number of packets in the queue).
The Sequential Policy applied to a two channel system would first start with channel 1
and schedule all incoming packets to its queue until it reaches the maximum queue size
or a set threshold value. The second channel would be used as an overflow channel only,
such that; whenever channel 1 queue size falls below the set value, it will get the
following packets as described above. The advantage of this method is that it will only
use the overflow channel(s) when it can handle no more packets. An idle-timeout
mechanism can be used to remove (switch off) the unused overflow channel(s). The
Alternate Sequential Policy behaves like the Sequential Policy except that it alternately
fills the channel queues to their limit.

4.8 Protocols Over the ISDN B-channel
As was mentioned in Chapter 3, the two modes of interworking at the Network Layer CO and CL, lend themselves to different protocol stacks over the ISDN B-channels (see
Chapter 3 section 3.4.5). Here, we investigate the effects of the mode of operation. The
choice of protocol stacks to be used over the ISDN B-channels and their behaviour is
important in the type of channel management schemes to be adopted [78]. This is
discussed below with reference to CO and CL Network Services (CONS and CLNS
respectively). It is assumed for simplicity that a CO Transport Service (COTS) is used in
both cases.
The two channel and bandwidth management aspects discussed in the introduction
section of this chapter are relevant here. In this section, we analyse only the protocol
interaction with the connection set-up and removal operations. The question of
bandwidth variation using threshold control applies to the CL Relay more readily than a
CO Relay, since in the former, multiplexing of packets from several TP entities into one
channel queue is assumed. This also relates to window based flow control issues in
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Transport Protocols (TPs), since the bandwidth used by a TP would be controlled by this
mechanism when operating over a Connectionless Network Service (e.g. TCP/IP)- 1° the
CO Relay case, the various Virtual Circuits (VCs) multiplexed over a single physical
circuit produces a queueing model where a server is serving multiple packet queues; one
per VC. A detailed study of this model is beyond the scope of this thesis.

CO Relay:
A CO service data unit for Call Set-Up addressed to a remote host will be recognised and
the next hop along the route will be determined. Assuming there exists no circuits to the
destination, the relay will set up a circuit switched path to the next hop, using its ISDN
Layer 3 call set-up procedures on the D-channel. This will then be followed by the
normal X.25 call set up procedures on the B-channel. Following the set up of a Virtual
Circuit (VC), the data transfer will take place. In this case, X.25 calls will be served to
completion, i.e. until one of the parties tenninates the connection.
If other users wish to communicate to the same destination relay while this circuit is set
up, the same physical circuit could be used for the new transfer by setting up a new VC
which will be multiplexed over the existing physical circuit. However, if the QoS
parameters exchanged at the beginning of the session demand a full 64 Kbps service,
then a second B-channel will be used for a new call set up (providing one is free),
otherwise, a disconnect packet will be returned.
An alternative mode of working is to use multiple physical ISDN circuits to provide a
larger bandwidth for applications requiring it. In this case, the X.25 Multi-Link
Procedure (MLP) could be used over Single-Link Procedures (SLP) running on each
physical circuit [36].
The above method of usage means that the slow terminal or file transfer traffic could be
multiplexed over one ISDN circuit switched connection, whereas the rapid response
requirements of a file access will be met fully by avoiding further call multiplexing on
that physical circuit. In the case of fast file transfers, MLP could be used over multiple
circuit switched connections to provide even larger bandwidths.
Hence, in order to achieve an effective Channel Management, the relay needs to know
about the parameters of each connection as well as other state dependent information.
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E.g. the delay and throughput requirements of each VC connection, the address of the
destination relay and the B-channel(s) to which it is connected. Also a binding of VC’s to
"physical" ISDN circuits is necessary [35].

CL Relay:
In the case of connectionless relay, the problems with the circuit set-up and removal
include the following:
i.

Applications running on LAN hosts may need to establish an association across the
ISDN. Ideally, an ISDN circuit should be established as soon as the association
requires it, and terminated as soon as there are no associations extant. If the relay is
a Network Layer relay, it has no idea of the progress of the association, its duration,
or the number of packets to be transferred. It needs to have a time-out mechanism
which will close the connection down if no more packets arrive during that duration.
There is obviously a danger of closing the circuit while the association is merely
quiescent.

ii.

As the end-to-end connections are initiated and maintained by the Transport
Protocol, its features become important in the above case. For the practical case of
ARPANET Transmission Control Protocol (TCP) over Internet Protocol (IP), it is
necessary to be aware of the time-out values of the implementations. The main
time-outs in TCP [114] are the User Time-Out (UTO), Retransmission Time-Out
(RTO), Time-Wait Time-Out (TWTO) and the Maximum Segment Lifetime (MSL)
which indicates the lifetime of any segments remaining in the network. These are
discussed below.

In most implementations the Retransmission Time-Out (RTO) is determined by the hosts
dynamically. This means that the relay has no idea of its value for that connection.
Furthermore, a Transport Entity (TE) will usually continue to retransmit a TPDU that
requires an acknowledgement for a number of times N, and hence (N * RTO) is the
persistence value. A TP connection is closed if the Inactivity Time-Out (I) (e.g. TC P’s
UTO) value is exceeded. It usually indicates failure of the supporting network connection
or the remote transport entity. In order to prevent expiration of the remote TE ’s Inactivity
Timer when no data is being sent, the local TE sends Acknowledgement TPDUs (ACKs)

at suitable intervals. This (usually implementation specific) Inactivity Time-Out value
may be used in calculating an ISDN channel’s No_activity Time-Out (NTO) within the
relay. Hence, the circuit switched channel(s) could be closed soon after such an event in
the absence of traffic on other TP connections. It is also plausible that in the absence of
data TPDUs, if the "inactivity" ACKs sent by each TE are generated at reasonably long
intervals, one may close the channel while there is no real data traffic, and occasionally
open channels to transmit these ACKs and maintain the two end TP connections. A
similar argument can be proposed for the sufficiently long RTO values.
To summarise, it is necessary to close unused connections, while care must be taken not
to be too quick for fear of closing down an ongoing transmission. Selection of the
channel NTO value is of great importance in this respect. Hence, it can be seen that there
is a need for studying the effects of the Channel Management Schemes on the higher
layer protocol operation, here lie the trade offs and the route to an efficient relay
implementation.

4.9 Channel M anagem ent Information
This is an important issue, as the detail of state information available to the Channel
Management function will determine the efficiency and performance of any Channel
Management Policy. Another important issue is the timing of the availability of such
information. If there is a delay in state information updating, the actions taken can be
detrimental to performance.
From the foregoing discussions it can be concluded that the following information is
necessary for channel management: status of each physical channel available at the
interface (e.g. free or used) and the destination address connected, bandwidth associated
with each channel in use, transmission (and if necessary the reception) queue sizes (or a
variable keeping track of the number of packets in the system - one per server/queue
pair). Additionally, if the traffic arrival rate is to be used as the state variable for control,
a rate measure per logical channel needs to be kept and updated. It is also necessary to
keep a timer (or time-out) variable per logical channel in order to decide the removal of
an unused channel. Furthermore, QoS parameters associated with each logical channel
needs to be kept if certain performance values are to be provided. This field would be
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updated by the QoS parameters indicated by the Network Protocol packets.
These issues are studied further in Chapter 5 with regards to the Channel Management
Architecture and a practical method of extracting and using these information is
designed. Channel Management in Connectionless LAN-ISDN Relays is described
below.

4.10 Cost Functions
The form of cost functions to be adopted in evaluating a queueing system are important
in determining the relative importance of cost factors as well as performance measures.
Cost factors can be separated into two: the telecommunications costs incurred in
accessing the bandwidth and the user perceived response in terms of delay and
throughput. In the latter case, by penalising the increase in delay or reduction in
throughput due to the implementation of a certain management policy, a basis for
comparison between different policies can be achieved. However, combining the two
cost factors is not straight forward. These issues are discussed further in Chapter 7. Here,
a brief discussion is given on the two cost factors.

ISD N Tariffs:
The tariffs in circuit switched ISDN are discussed in section 2.11 of Chapter 2, which
points to a tariff structure based on the same principles as the telephone calls; the cost
incurred is calculated by the duration and charging index (dependent on the time of day
and the distance). It is assumed further that a stepwise cost structure exists; i.e. the
charging is made at the beginning of each charge-period. This means that, once a call is
established, it serves one better to keep a channel connected until the end of the current
charge-period, unless other messages are waiting for the channel to be released for
access. Therefore, tariff cost minimisation calls for cutting a circuit connection as short
as possible (at the boundaries of charging periods) in order to minimise tariff costs.

Delay Cost Factor:
A cost factor depending on the waiting time in a transmission queue or sojourn time of
packets can be used to add the delay penalty into the cost function. This cost factor can
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be given a linear or non-linear weightings in order to see the effect on the policy
performances.

4.11 Sum m ary
This chapter presented a definition of and a discussion on the Channel Management
problem. Associated problems of Bandwidth Allocation, Bandwidth Management,
Control of Queueing Systems, factors affecting queueing strategies, and Scheduling have
also been discussed. It is shown that the multiple channels at the ISDN user-network
interface can be used in a variety of ways which could be modelled by alternative
queueing systems. On the protocol side, the CO and CL mode services over the ISDN Bchannel have been discussed with particular reference to the Channel Management
problem. The chapter ends with a discussion on the types of information needed for
effective channel management and the cost factors affecting the performance of
management policies.

Chapter 5

An ARCHITECTURE for
DYNAMIC CHANNEL MANAGEMENT

5.1 Introduction
Dynamic Channel Management (DCM) is required in order to dynamically manage
multiple channels that are available at the User-ISDN interface. Increase or decrease in
the bandwidth of a given Logical Channel formed by the aggregation of several Physical
Channels (or Time Slots) can be achieved according to the requested Quality of Service
(QoS) - e.g. delay, and traffic patterns for providing the QoS and minimising operational
costs.
This chapter describes a Dynamic Channel Management Architecture (DCMA) based on
the Status Table approach [36] where the information relating to the individual call,
channel statuses and the ISDN interface are kept and updated within the interface by a
Channel Management Function.

The model described applies to Connectionless

Network Layer (CL-NL) LAN-ISDN Relays in general and to the Ethemet-PRISDN
CL-NL Relay in particular. By applying suitable modifications, the architecture can be
ported to Connection Oriented (CO) type of relays as well as to user equipment operating
in either the CL or CO modes and having direct access to multi-channel user-ISDN
interface. Furthermore, the architecture described refers to the Packet Mode usage of the
Circuit Switched ISDN. The interface referred to is the Primary Rate ISDN (PRISDN)
with 30 B-channels although other multi-channel interfaces are also relevant (e.g.
PRISDN with a mixture of B and H channels, BRISDN etc.).
The DCMA developed in this chapter will be shown to serve two purposes; firstly, as a
general model for implementation within a "real" LAN-ISDN CL-NL Relay to provide
Dynamic Channel Management. Secondly, as a basis for a simulation model for
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implementation of the DCMA within a simulation model has the advantage of proving
the viability of the architecture. The level of detail provided in the DCMA model
presented in this chapter is necessary for the simulation model since the interaction
between different decision processes (including signalling and data) as well as packet
scheduling to the channel queues can be investigated.

The issues of simulation

modelling and performance measurements are described in the Appendix A and Chapter
7 respectively.
In section 5.2, general architectural models applicable to the ISDN User-Network
Interface (UNI) are described. This follows on from the earlier discussion in Chapter 4 on
the queueing systems for Channel Management. Section 5.3 presents the Channel
Management Architecture, defines its main functional units, and describes their
operations. Section 5.4 presents an application of the design to the Ethemet-ISDN
Connectionless Network Layer Relay. Finally, a summary of the chapter is presented in
section 5.5.

5.2 General Architectural Models
The main assumptions regarding the architecture design are the existence of:
• Multiple channels at the User-Network interface.
• Common Channel Signalling (CCS) facility.
In Chapter 2, the notion of channels formed by the individual or aggregated usage of
Time Slots (TSs) in a TDM frame was introduced. In Chapter 4, channel management
has been defined and the pertinent models for different types of usage of these channels
were described as queuing systems for channel management. Here, the architectural
models for two types of queuing systems will be considered (see Figure 4.2 (i) and (Hi)):
• The nxA/B/1 queuing system {Model I).
• The A/B/l queuing system with capacity nxC {Mode! 3).
Model 1 represents the case where individual B-channels (Time Slots) are used in
parallel, each with its own queue and to which packets are routed according to the
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scheduling discipline used. Each B-channel transmits a complete packet. Packet re
sequencing is left to the Transport Layer Protocol operating end-to-end. In Model 3, the
additional B-channels which are added to the first one share the load in such a way that
each TS transmits a byte of a given packet in turn. This mode of usage necessitates the
provision of Time Slot Sequence Integrity (TSSI) between the individual TSs on an endto-end basis (at the physical layer) across the ISDN. This is assumed to exist in the rest of
this chapter. The issue of TSSI provision is discussed further in Chapter 6. In this
model, the underlying physical channels are transparent to the packets since the
aggregated channels form a logical channel. Table 5.1 shows a comparison of the two
basic models.

Features

«xA /B /l

A /B /l - nxC

Scheduling

Packets are scheduled
individual server queues.

the

Not needed since only one queue
per "superchannel" exists.

TSSI

Not necessary since Transport
Protocol is used for re-sequencing
when CL-NP is used.

Response Time

Inferior.

Needed since byte re-ordering may
result. Packet re-ordering is not
needed.
Superior.f

B W Management

Complicated.

Simpler.

End-to-end
Superchannel
identification

"A priori" or as needed.

"A priori" or as needed.

to

C: Capacity o f one Time Slot CL-NP. Connectionless Network Protocol

Table 5.1 Comparison of nxA/B/l and A/B/l -nxC Queueing Models
Model 2 results from the A/B/zi type of queueing system (see Figure 4.2 (//)). In this
model, one transmission queue per superchannel is needed and each server (Time Slot)
must have a buffer space for one NL packet while transmitting it. Each server interrupts
or raises a flag at the end of its busy period to indicate idle state so that next packet could
be assigned to it for transmission. Also, the TSSI is not necessary if the Transport
Protocol is used for re-sequencing of Network Layer packets.
t

Superior Response Time in the A /B/l - nxC over the nxA /B /l queueing model is achieved as a result of
the scaling effect shown by Kleinrock [76,77].

The architectural requirements of model 2 are very similar to models 1 and 3. The
similarity with model 1 arises since each TS is also a physical channel (i.e. a B-channel)
and a superchannel is formed by the association of different B-channels into a larger
transmission group. In contrast, model 3 may or may not be composed of individual
physical channels: in the aggregation method of superchannel formation each TS will
correspond to a B-channel, while if /zx64 Kbps method is used (see Chapter 6), several
TSs will make up a superchannel. However, model 2 is similar to model 3 in its use of a
single superchannel queue; hence, resulting in similar type of threshold control structure.
This model will not be studied further for reasons of similarity with models 1 and 3.

5.3 The Channel M anagement Architecture
The main features needed from the management architecture are the provision of
efficient management functions and practicability.

The minimal set of channel

management functions can be identified as:
• Ability to monitor and update the status of the interface under control.
• Ability to setup and remove channels.
• Ability to vary the bandwidth of logical channels.
In all the architectural models described in the previous section, a further issue needs to
be considered; that of whether a priori or negotiated superchannels are to be used. In the
a priori method, all physical channels established between two communicating ends are
assumed to be part of the same superchannel. This prevents the operation of multiple
parallel superchannels across the same user-network interface and is less flexible. The
negotiated superchannels method supports multiple superchannels (and ordinary
channels) between two communicating ends. In Model 1, the a priori method leads to a
simpler interface status table structure and necessitates a different status block for
reporting current interface status (see sections 5.3.4 and 5.3.5). Both of these methods are
dealt with in the following sections. The examples given will be mainly for the Model 1 a priori method and differences indicated where necessary.
The main functional units necessary for channel management and the design of the
messaging structures at the management-ISDN interface are described in the following
sections.

5.3.1 The Channel Management Functional Units

The above requirements can simply be satisfied by the provision of the following
Channel Management Functional Units (CMFUs):
• Channel Status Table (CST): Table for keeping the current state of the ISDN
interface.
•

Channel Management Routine (CMR): Interrogates the CST at specified epochs
and makes a decision to set up or remove channels or vary their bandwidths
according to some performance and/or cost criteria.

The Channel Status Table is updated every time a packet is "routed" to the ISDN and
whenever a message is received from the ISDN interface module reporting the
completion of packet transmission and the UNI status. In its simpler form the CST can be
used to monitor only the outbound traffic. The two important metrics to be updated are
the instantaneous transmit queue size and the traffic arrival rate. Complexity of the CST
and its operation can be increased if incoming traffic is also monitored to record the
incoming traffic arrival rate and the receive queue size(s).
In the design of the architecture, placement of the main functional units can be
implementation specific. However, a convenient separation of the management
operations at the Logical Level from those operations performed at the Physical Interface
Level including any signalling protocol implementations at Layers 1-3, eases the design
effort and provides a much needed level of abstraction. Furthermore, there exists no
standard software interface between the user applications and ISDN D-channel protocols
at Layer 3. Indeed, such a standardisation may never be adopted. Hence, such a software
interface needs to be designed.
Two levels of decision processes are identified within the Channel Management Function
(Routine)’, High Level and Low Level Decision Processes.
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High Level Decision Process (HLDP):
At this level, a decision needs to be made to open/close a new/old Logical Channel to a
new/existing destination. Once a Logical Channel is established, a decision is made to
send or drop a packet, depending on the node/channel queue congestion level or other
decision criteria. Furthermore, for a Dynamic Bandwidth Control of channel bandwidth,
a decision needs to be made according to some prescribed criteria (e.g. threshold control)
and using a decision metric, whether to increase or decrease the channel bandwidth and
by how much [36]. For this, a high level primitive, CHange BandWidth (CHBW) could
be used. Hence, the following High Level Primitives can be defined for use between the
HLDP and lower level modules:
• OPEN ( isdn_address, bandwidth ): Low Level Decision Process (LLDP) module
returns the assigned Logical Channel Reference Number (LCRN).
• CLOSE ( LCRN ): indicates the complete removal of all physical channels assigned
to a logical channel (LC) with a given LCRN.
• SEND ( LCRN, datajbujfer ): LCRN value is used to queue the packet to the right
logical channel queue.
• CHBW ( LCRN, bandwidth, direction /.indicates request for change in the
bandwidth of an LC by the amount "bandwidth''. Increase/decrease is indicated by
the "direction" value.
Of course, primitives are also needed to indicate the successful or non-successful
completion of each command sent from the HLDP to the LLDP. These are the OPENED,
CLOSED, P K T SE N T and BW CHANGED. The asynchronous type of interface
suggested is necessary since the HLDP needs to be free to deal with other requests (e.g.
SEND, PKT SENT, etc.) while it is waiting for say OPENED for a previous OPEN
command. This mode of operation is deemed to be betted than say suspending all other
operations while waiting for responses from the LLDP.
Flow charts of the routines are shown in Figures 5.1-2(i,ii). Here, the control metric is
shown to be based on the channel queue length (qlen). The check_qlen() function is used
to determine if any change in BW is necessitated due to threshold crossing.
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Low Level Decision Process (LLDP):
The main duty of this decision process is to act upon the High Level Primitives and
interface with the B and D channel processes. Furthermore, at this level, a decision is
made as to which type(s) of Physical Channel(s) (e.g. B or H channel types) to use in
order to aggregate the bandwidth to the requested Logical Channel Bandwidth. The
assignment of LCRNs and Call References is also undertaken here. A Logical Chanel to
Physical Channel(s) mapping is necessary at this point. A possible Time Slot MAPping
(TSMAP) Table is shown in Fig.5.3. A decision to close an existing connection and re
establish the connection using different types of physical channel structures will also
need to be placed here if such a functionality is supported. In the case where H channels
are used, another decision is needed to determine the TS(s) to be assigned to each
Physical Channel. This may be determined by the TS hunting strategies adopted.
However, the dynamic reassignment of TSs to Physical Channels for an existing call is
not supported in the current PRISDN UNT. In the case where only B-channels exist,
C C llT Rec. 1.450/1 specifies that each TS number also corresponds to the channel
number.

!
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PCRN: Physical Channel Reference Number LCRN: Logical Channel Reference Number.

Figure 5.3. Details of a TSMAP Table
5.3.2 Placing the CMFUs
As mentioned in the previous section this is very much dependent upon the hardware and
software configurations as well as performance issues. A broad assumption that the
Network Layer Relay is placed on a hardware configuration where a main processor
board controls the access to each network type each of which is interfaced by an interface
board (see Appendix A) and some on board interface software for low level
protocol/hardware interfacing is not unrealistic as there are many examples of this in the

existing networks. An example hardware setup is given in Appendix A. According to the
above assumptions two broad classifications can be made with regard to the ISDN
interface. Accordingly the ISDN hardware interface could be composed of a single board
(type 1) or multiple boards (type 2). The second class of interface may be necessitated
for speed reasons where each interface board is given the responsibility for a limited
number of B-channels as well as separating the B and D-channel boards. An example of
this is the PROOF LAN-ISDN Relay [80], where handling of X.25 protocols over the Bchannels is also required from the interface boards.
Therefore, the Channel Management Functional Units (CMFUs) can be placed either
within the Main Processor or the Interface Processor domains. In the type 1 interface it
may be simpler to place the CMFUs in the Interface Processor domain. This will avoid
excessive inter-processor messaging between the main processor processes and the
interface processes over the system bus. In fact, even the "routing" function $ can be
placed within the interface processor domain. In the type 2 interface however, placement
of the CMFUs at the main processor domain may simplify the inter-board messaging by
combining the decision process at the main board upon which the correct interface board
is activated. In the rest of this chapter a model where the CMFUs are divided between the
main and interface processor domains is described.
Figure 5.4 shows the reference configuration for a Channel Management Architecture.
Here, the High Level Decision Process (HLDP) is left within the Channel Management
Routine while the Low Level Decision Process (LLDP) is placed within the interface
processor domain. This would minimise the number of message exchanges and the speed
of response since once the LLDP is called, it will result either in a D-channel Protocol
activation (OPEN, CLOSE, CHBW primitives) or a B-channel activity (SEND
primitive). The LLDP is shared between the B and D channel processes of the interface
processor.

% In its simplest form, this is an Address Resolution Function and applies to the point-to-point type links
we are considering.
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5.3.3 Designing the Channel Control Messaging Interface

From the reference configuration shown in Fig.5.4 it can be seen that the B and D
channel interfaces can be addressed in a unified manner. This approach has been adopted
in the design of the Channel Control Messaging structure. A Channel Control message
Block (CCB) is designed to achieve the exchange of information between the High and
Low Level Decision Processes. The structure of these message blocks is similar to the
Q.931 [17] message structure and they are shown in Fig.5.5.

Protocol Discriminator

Call_Ref

Call Reference_______

Msg_Type

Message Type________

Ch_Type

Information Element

Ch_No/LCRN

(Mandatory/Optional)

Issrc_Add
Isdst_Add
Cause
Bandwidth

(')

(ii)

Figure 5.5. Details of (i) Q.931 message structure (ii) Channel Control Block (CCB)
5.3.4 The Channel Status Table (CST)
Channel Status Table contains all the information about the ISDN interface necessary for
the decision making by the CMR. The form and structure of this table could be
implementation specific.

Also, depending on whether the model I or model 3

architecture types are used its information content may be different. This will also affect
the form of the Status Block (SB) used to interrogate the CST.
A sample CST for model I is shown in Fig. 5.6 (i). Here, the state of each channel (TS)
can be monitored. It is assumed that the a priori type superchannel formation is used.
This is significant in that, a search of the table for a given ISDN Destination Address
(isdst add) will reveal all the B-channels connected to that destination. A packet can
then be scheduled to the most appropriate queue according to the scheduling policy being
used (e.g. shortest queue). The status of those channels connected to the destination is
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returned by the Status Block (see Figure 5.7). A sample CST for model 3 is shown in
Fig. 5.6 (ii).
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Ch:channel Refrreference BWrbandwidth Tx:transmit Pkts:packets Act:activity (traffic rate)
QLqueue length src:source dst:destination iprlntemet Protocol isdst:ISDN destination
add:address SC:superchannel LCRN: Logical Channel Reference Number

Figure 5.6. Details of the Channel Status Table (i) model 1 (ii) model 3
5.3.5 The Channel M anagement Routine (CMR)
This routine can interrogate the CST by a messaging block called the Status message
Block (SB) and a-function called; check_con ( isdn_address, sb_p ), where the
check_con is a short form for check connection and sb_p is a pointer to the status
message block.
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Figure 5.7. Details of the Status message Block (SB)
After an interrogation, the SB contains the necessary information for the CMR to make a
decision described in the HLDP and using one of the described primitives it activates the
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LLDP for the correct action across the main processor-port interface. Figure 5.7 shows
the SB structure and fields applicable to model 1 with a priori superchannel formation.
5.3.6 Status Updating

As a result of each instance of interface and channel activity, the CST is updated by a
procedure called updatejcst ( io_blk_p, sb_p, msg ), where iojblk_p is the pointer to an
input-output message block containing the data packet, sb_p is the pointer to the Status
Block (SB) and msg is the message indicating the type of operation causing the update.
The message types are broadly classified as those pertaining to the D-channel activity
and those pertaining to the B-channel activity. The first type affects mainly the channel
state while the second type affects mainly the updating of B-channel queues and activity
rate fields. The messages used for the D-channel activity are the following: SETUP,
RESV, CONN, CONN ACK, DISC, REL, FREE and UPDATEBW . These messages
correspond to the D-channel protocol messages/states at Layer 3; Setup, Reserve,
Connect,

Connect_Acknowledge.

Disconnect, Release

and Free.

The message

UPDATE_BW results from a successful CHBW() functional call to the interface. A
further message for Release Complete can also be implemented (see also Appendix C for
simulator implementation). The messages used for the B-channel activity are the
UPDATE QLEN, UPDATE ACT, and UPDATE TO. Every time a packet is sent to the
interface for channel queues and when packets are transmitted from the interface, the
UPDATE_QLEN message is used to update the queue size and number of packets in the
system. The activity message UPDATE_ACT is used to measure the packet arrival rate
(over a period) or the last time a channel was used. The UPDATE_TO message can be
used to record/modify the time out values set for each channel.

5.4 A DCM A for Ethernet-ISDN Relay
The main principles of the Dynamic Channel Management Architecture discussed in the
previous section can be applied to the design of a DCMA for the Ethernet-ISDN Relay.
Assuming a rather simple minded Connectionless Network Layer Relay, all of the
DCMA functionalities described can be implemented. Indeed, it is this design that has
been used in the implementation of our LAN-ISDN Relay/ISDN SIMulator (/S/A/)
described in Appendices A, B and C. Furthennore, the ISIM configured for model 3 is
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used in the Bandwidth Management Policy performance measurements described in
Chapters 7 and 8.
In the design of the DCMA, several assumptions have been made regarding the
capabilities of the ISDN interface hardware (see also Appendix A). These assumptions
are mainly based on the VLSI chips available today or that will soon be available. It is
assumed that the ISDN interface board has enough processing power derived from a
single or multiple processors to manage a PRISDN interface including all the B-channels
as well as the signalling D-channel. The existence of enough buffer space for the
transmit and receive buffers for each channel is also assumed. It is further assumed that
a form of framing will be present or established to implement the data link functions on
the B-channels. The main processor can communicate with the interface processor(s)
using global memory and passing pointers to data/message structures. A common
interface for signalling and data paths between the ISDN Router Process (IRP) and the
ISDN interface modules is designed in line with Figures 5.4 and 5.9. This interface is
assumed to be capable of specifying connection setup or close down on multiple Bchannels at the same time.
5.4.1 Protocols

The relay reference protocol structure is shown in Fig.5.8. This protocol structure has
previously been suggested in Deniz and Knight [36]. The CL Network Protocol (CLNP)
could be replaced by the Internet Protocol (IP) in networking environments using the
TCP/IP protocol suite (DARPA Transport Control Protocol/Internet Protocol). The Data
Link Layer protocol on the Ethernet could be null in some implementations; in which
case only the MAC frames would be used. As the same network layer protocols are used
over both the Ethernet and ISDN, the CLNP relaying is rather simple and it involves the
extraction of the CLNP packet from one Link Layer framing and placing it in the other
network’s framing. Of course, issues like address resolution, fragmentation and re
assembly need to be considered. In the case of the circuit switched ISDN, the existence
of a channel to a given destination must also be verified. A Channel Management
Routine within the Relaying Function acts like a Decision Process detennining whether a
new circuit should be opened, an existing one will be closed, the bandwidth of an
existing channel should be changed or a Network Layer (NL) packet will just be
forwarded over an existing channel. The NL packets are then relayed over the ISDN B-
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channel(s) within core HDLC frames assuming a channel exist to the given destination.
For channel management simulations, only the basic D-channel signalling functions of
1.451 (Layer 3) and LAPD (Layer 2) need to be implemented in a much simplified
manner (for details of ISDN D-channel protocols see Chapter 2).
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Figure 5.8. CL Ethernet/ISDN Relay Protocols
5.4.2 Main Processes
The main tasks within the Ethernet/ISDN Relay (EER) are shown in Fig.5.9. The IP
Relaying Process (IPRP) performs all the general relaying functions including the buffer
management, initial address resolution, fragmentation and reassembly. It calls the
Address Resolution Protocol (ARP) or the ISDN Router Process (IRP) for address
resolution functions to Ethernet and ISDN respectively. The ISDN Router process
achieves the IP to ISDN address mapping via a fixed Routing Table (RT) and monitors
the status of ISDN interface via a Channel Status Table (CST) shown in Fig.5.6. The
IRP may not include a full routing function if only point-to-point communication is used
or if only one interface type exists between the Ethernet and ISDN. The call control and
message forwarding for each channel buffer is done by the use of a Channel Control
message Block (CCB) used between the ISDN Router (IRP) and Driver (IDP) modules
(see Fig.5.10). The status information regarding the PRISDN interface board(s) is
returned using the same CCB message structure and is used for CST updating. The CST
status can be enquired at any time by the IRP or the Channel Management Routine
(CMR) which itself is activated by the IRP every time a datagram arrives at the relay and
is to be routed to the ISDN output interface.
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Figure 5.9. Ethernet/ISDN Relay Processes
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CMR is also activated when a packet transmission occurs and its completion is reported
back by the ISDN interface. CST status is reported back using a Status message Block
(SB). Fig.5.7 shows the SB, while Fig.5.10 shows a detailed diagram of the IRP and IDP
processes of the EIR.
In Figure 5.9, all the processes running on the relay main processor are shown within the
Relay Module (RLM). Two further modules, the User Module (UM) and the ISDN
Interface Module (IIM) are defined which are used in the simulation implementation and
are referred to in Appendix A for simulation modelling. We note that these arbitrary
module names are for the simulation purposes only. The CCB message structure is used
for communicating with both the B and D channel processes in the IIM. This represents a
unified and simpler approach to ISDN interface access. With this approach, the actual
interface hardware implementation could be assumed to be on single or multiple boards
using single or multiple processors. Within the ISDN Interface Module, a Circuit Control
Status Table (CCST) can optionally be used to monitor and manage the status of
individual ISDN channels (similar to the CST) as well as transmit and receive channel
queues (CQs). This depends on whether the CST data stmctures are globally shared or
not. If they are shared as shown in Figure 5.4, a common CST updating function can
also be used by both the main and interface processors. Within the EIR core functions,
the same message blocks are used and their pointers are passed to processes along the
way. This ensures that there is as little buffer copying as possible for operational speed.
Communications between the core functions and the driver modules are done using
global memory. The same is assumed between the Driver module and the PRISDN
interface board(s).

5.5 Sum m ary
In this chapter, a Dynamic Channel Management Architecture design based on the Status
Table approach is presented. The decision processes involved in the management
function are classified into the High Level and Low Level decision processes. It is shown
that a High Level Decision Process using simple primitives can implement opening,
closing and bandwidth variation of channels as well as communicate packets to the
transmission interface. The main Channel Management Functional Units (CMFUs) are
identified as the Channel Status Table and the Channel Management Routine. The
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importance of the placement of CMFUs is discussed with reference to different interface
configurations. It is concluded that the placement of CMFUs is dependent upon the
hardware and software configurations as well as nodal performance. A simple channel
control messaging interface is designed and shown to be effective in combining D and B
channel messaging. Finally, a DCMA for Ethernet-ISDN Relay is designed and its
operation is described. This design is used in the simulation model developed for
performance measurements of different channel management policies in the following
chapters.

Chapter 6

A PROTOCOL
for
SUPERCHANNEL FORMATION

6.1 Introduction
In ISDN, user channels can be established, maintained and released by using the Dchannel protocol [17].

For these basic operations some form of channel/call state

information must be kept by each user-ISDN interface. Such a state information
combined with control metrics can form a powerful method of Dynamic Channel
Management Scheme. A Management Architecture for such a scheme within a
Connectionless Network Layer Relay at the LAN-ISDN interconnection based on the
Status Table approach, has previously been proposed in Chapter 5 and in [35,36]. Here,
the problems associated with superchannel formation are analysed and relevant solutions
are proposed. Although some of the arguments presented in this chapter apply equally to
both the packet and circuit switched services in ISDN, the discussion are limited mainly
to the circuit switched ISDN service.
Section 6.2 provides a background to the problems encountered in superchannel
formation and dynamic bandwidth variation. Section 6.3 defines some tenns and forms
some concepts which are used in the rest of this chapter. The scope of the discussions in
this chapter are also listed. The Time Slot Sequence Integrity (TSSI) problem is
discussed briefly in section 6.4. Section 6.5 presents a short review of the facilities for
call and channel identification in an ISDN interface using the Layer 3 signalling
protocols for the D-channel, 1.451 (Q.931) [17]. The a priori superchannel formation is
also defined in this section. In section 6.6, protocol issues pertaining to the use and
identification of superchannels and various reference configurations applicable are
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investigated. In addition, the usefulness of the user-to-user signalling facility in the
ISDNs is investigated. In section 6.6.2, a novel protocol which can be used over the u-u
signalling for superchannel identification is proposed and its operation described. In
sections 6.6.3 and 6.6.4, various modifications applicable to the Channel Identification
and Call Reference Information Elements of the Q.931 signalling protocol for end-to-end
superchannel identification are described respectively. The dynamic bandwidth variation
problems and proposed solutions for two types of superchannel formation are described
in section 6.7. Finally, section 6.8 presents the main conclusions and a summary of the
chapter.

6.2 Background
Current CCITT ISDN standards [17] specify fixed sized "physical” channels (B and three
H channel sizes - HO, HI 1, H I2 - corresponding to 1,6, 24 and 30 Time Slots (TSs) in a
TDM frame) at the user-network interface (UNI). In PRISDN access at 2.048 Mbps
configured as 30 B-channels, each B-channel corresponds to a TS and a transmission
capacity of 64 Kbps, while two time slots are reserved for channel control and
synchronisation information. Channel sizes of arbitrary integral TSs of size n x 64 Kbps
are yet not available though they are desirable when traffic includes services such as
LAN-to-LAN interconnection, compressed video or multi-media conferencing. Such
channels are termed "Superchannels" in this thesis. Superchannel formation can be
considered under two distinct cases:
1.

Formation of Superchannels by aggregation of fixed size channels (e.g. nB+mH,
etc.) outside the network.

2.

Formation of Superchannels by the nx64 Kbps method by the network itself.

Here, a distinction between the nxB and nx64 Kbps service is made such that; the former
needs n separate B-channel connections while the latter can be requested in one
connection setup. When case 2 service is made available, the need for case 1 will be
obviated. However, the ISDN will provide only fixed size channels for the immediate
future. Four fundamental problems are identified with the formation of Superchannels:
1.

Provision of Time Slot Sequence Integrity (TSSI) across the ISDN. Loss of TSSI
can occur due to different time delays encountered by the TSs comprising a
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Superchannel causing skew between TSs and rearrangement within a frame of TSs
due to TS switching within ISDN. This can occur within a Digital Network
employing TDM, because each TS could be switched through the network through
different trunk lines and switching nodes. The TSSI provision is difficult because
switching a bundle of TSs through the same TDM trunks through the network
increases the call blocking probability. In the case of type 1 superchannel formation,
no guarantee can be given for using the same switching nodes and paths for
different physical channels. In type 2 superchannel formation, the network may or
may not provide the TSSI.
2.

Lack of provision for the identification and management of type 1 Superchannels
between the end users (note that the network may not need to know anything about
this association). For example, if two B-channel connections are established by
separate call setups between two end users, the called party must be aware that these
two channels are to be used as a superchannel (i.e. transferring consecutive octets of
a packet alternately). Note that an a priori agreement for aggregating all existing
and new channels between two destinations may not be desirable. Sometimes it may
be desirable to maintain several channels to the same destination so that different
classes of traffic could be split between them.

3.

Dynamic variation of superchannel bandwidth. In the case where a superchannel is
fonned by the aggregation of different channel sizes, reduction of channel
bandwidth may necessitate the removal of an existing wider channel connection and
the establishment of multiple smaller size channel connections.

4.

Lack of D-channel Protocol facility to dynamically vary the bandwidth of a
Superchannel when type 2 superchannel formation method is used.

In this thesis, it is assumed that some form of corrective measures are taken to ensure
TSSI between end points in a communications link. Several viable proposals for TSSI
provision in multi-slot channel ISDN interfaces already exist [1 ,10,15]. These measures
can be implemented in hardware or software; they could be undertaken by the Network,
Network Terminator, Customer Premises Equipment (CPE) or the Customer’s
Equipment. If it is done outside the customer’s equipment (e.g. by a Black Box or CPE),
some form of Superchannel identification is necessary between the customer’s equipment
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and the TS S I pro vide r.

For the Superchannel identification problem, in the case of Superchannels formed by the
aggregation of fixed size channels, the usage of either the optional user-user information
element within a SETUP message or an extension to the Channel Identification
Information Element or a modification to the Call Reference Information Element to
uniquely identify a Superchannel is proposed. If the Superchannels are formed by the
nx64 Kbps service, no identification problem exists since the network itself must provide
it. Indeed, the Layer 3 D-channel protocol (Q.931) has a built in facility (see Figure 6.6)
for handling multiple time slot channel requests. However, the use of this facility is
currently limited to the CCITT specified fixed channel sizes as already described. For
the dynamic bandwidth variation of Superchannels, modifications to the Q .931 protocol
are proposed in this chapter and in [37].

6.3 Definitions
The following definitions are accepted in this thesis:
— Basic Bandwidth Unit: A basic bandwidth unit (BBU) is the smallest amount of
bandwidth

that

can

be switched

as a complete

entity.

Current

CCITT

recommendations specify a BBU of 64 Kbps and corresponds to a single Time Slot
(TS) in successive TDM frames.
— Physical Channel: This is a channel provided by the network which is composed of
one or more BBUs (or TSs). A Physical Channel is also switchable as a complete
entity. Current CCITT standards specify two types of Physical Channels: B and H
(sub-classified as HO, HI I and H12). The Physical Channel Reference Number
(PCRN) is the Call Reference Number (CRN) assigned at the time of SETUP since
each call can only be made at the allowed Physical Channel capacity units. Also the
bandwidth of a Physical Channel cannot be varied dynamically. Furthermore it is
composed of single connections where all of its bandwidth units are assigned in one
call setup. In the rest of this thesis the PCRN and the CRN are used interchangeably.
— Logical Channel: This is a channel of "arbitrary" bandwidth (multi-slot) composed
of one or more of "Physical Channels". When it is composed of only one "Physical
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Channel", its Logical Channel Reference Number (LCRN) has a one-to-one
mapping to the call reference number of a Physical Channel. The bandwidth size of
a Logical Channel may be dynamically varied. Also the Logical Channel may be
composed of multiple connections to the same destination. Fig.6.1 shows the
relationship between the physical and superchannels.
The scope of this chapter includes the following:
— Dynamic Allocation: The bandwidth (total bit rate) assigned to a Logical Channel
can be varied dynamically.
— Multiple Connections: A Logical Channel may be formed by multiple connections
of Physical Channels. In this case an LCRN is mapped to multiple PCRNs since
each connection can be identified by its unique Call Reference Number.
H-channels

B-channels

Q

O

Q

O

O

(b

Q

Q

I i

(nB)

(nB+mH)

(mH)

Figure 6.1. Formation of Superchannels using Physical Channels

The following differences are assumed to exist between nxB and nx64 Kbps services:
— nxB service: This is a superchannel formed by the aggregation of n separate Bchannel connections. If a black box or CPE provides the TSSI, a protocol interface
capable of requesting all n channels within one call setup request and dynamic
bandwidth variation facility must be built between the user and the black box.

— nx64 Kbps service: This is a service provided by the network which may (not)
provide the TSSI. If the network does not provide TSSI, the black box solution of
/zxB service can be applied. However, in the rest of this thesis, it is assumed that the
network also provides TSSI. Furthermore, all n 64 Kbps units can be requested in
one call setup and dynamic bandwidth variation is allowed. For this, a protocol
facility is suggested in the latter sections.

6.4 The Tim e Slot Sequence Integrity Problem
The CCITT Rec.1.340 on the ISDN Connection Types [17] define the multi-slot Hchannels (see section 6.2) as "unrestricted" in their information transfer capability and "8
KHz structural integrity" in their structure attributes. The above properties imply that the
network will maintain Time Slot Sequence Integrity (TSSI) for these channel types. It is
also noted that some networks will not support these connection types until some future
date and as yet there are no Recommendations available for the switching of HO and HI
channels; the current switching fabric is based on 64 Kbps switches. Furthermore, the
definition of other H channels is left for further study.

TSSI
provision

USER

!

CPE

NETWORK

Customer Premises

i_______________________________ i
Figure 6.2. Schematic of TSSI Provision Domains
In general, the provision of TSSI within a digital network for multi-slot channels is not
automatic. This is because the individual 64 Kbps constituent channels could follow
different physical paths and could be variably delayed at each switching centre en route.
The total effect is the experiencing of different propagation delays through the network.
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Two different approaches can be taken in the provision of TSSI for n x 64 Kbps services:
within the network or within the customer premises. Fig.6.2 shows the schematic for
TSSI provision domains.
6.4.1 Provision o f TSSI within the Network

For an n x 64 Kbps connection the TSSI can be maintained by guaranteeing the switching
of all n channels through the same TDM system on each network link, hence ensuring
equal transmission times. Also, paths through switching networks must be chosen so that
the time slot sequence is maintained. However, implementation of such a path selection
strategy requires modifications to existing exchange software (and possibly hardware).
The need to place all n channels in the same TDM system is a severe constraint on the
choice of path and it leads to excessive blocking probabilities (BP) for such calls [10]. It
is reported that these BPs become unacceptable for calls requiring more than three
channels [1].
A second solution to this problem is to build exchanges which can switch channel entities
at multi-slot bit rates (e.g. HO and HI). All the above solutions constitute major changes
to the existing integrated digital network [10] and still do not allow dynamic variation of
a multi-slot connection bandwidth. This is because the new 64 Kbps channel(s) to be
added to the existing multi-slot connection may not be guaranteed to be switched through
the same nodes and TDM trunks in the network.
An alternative is to have each of the destination Local Exchanges to provide TSSI using
some form of TS Delay Equalisation based on a Training Sequence, measuring the
relative delays encountered by the constituent TSs of a superchannel as they travel
through the network. This would also cater for the problems encountered when the
bandwidth of a superchannel is varied dynamically during the life time of a connection.
However, this seems to be a rather unpopular solution for the service providers as it
necessitates extensive changes to their Local Exchanges.
6.4.2 Prov ision of TSSI within Customer Premises

This can be done in two ways: within the User Equipment (UE) or within a Customer
Premises Equipment (CPE). Various methods have been proposed by L. Altarah and S.
Motard [I], B. Boltz et al [10], and J.W. Burren [15] for the provision of TSSI and n x 64

Kbps service. All of these proposals provide some methods for synchronisation of the TS
at the receiving end to those at the sending end so that time slot sequence is maintained.
None of the above studies look at the problem of superchannel formation using the
mixture of B and H-channels. Indeed, the problems of identification and bandwidth
variation of such channels from the CCITT signalling protocol aspects are not
considered. These problems are addressed in the rest of this chapter.

6.5 Call and Channel Identification
A major problem in the superchannel formation is the unique identification of
superchannels at each end of an ISDN connection. Three possible methods for
Superchannel identification are identified. The first method involves the design and use
of a user protocol for Superchannel identification at the UNI and is transparent to the
network. It involves no modifications to the existing Q.931 protocol and utilises the
User-User Signalling feature of ISDNs. The second and third methods rely on the
modification of the Q.931 infonnation elements for Channel Identification and/or Call
Reference. Either could be used for informing the network of a superchannel association
at a local interface. However, both of these information elements have significance only
at the local UNI. For these methods to work, the cooperation of the network is needed in
transferring this information to the destination interface and giving local significance to a
similar set of assigned values (similar to the operation of the current Call Reference
value). These are described in detail in Section 5.
6.5.1 The Channel Structures and Tim e Slot Mappings

The CCITT Recommendations leave the TS-to-channel assignment at the PRISDN
User-Network Interface (UNI) composed of a mixture of B and H channels to the user.
Hence, in order to create an interface with Superchannel facility, a TS to Physical
Channel mapping as well as TS and/or Physical Channel to Logical Channel mapping are
needed. Note also that, for the PRISDN interface which comprises B-channels only, the
TS number in a frame also corresponds to its Physical Channel Number. The general
TS-to-Physical Channel assignment for larger Physical Channel structures could be based
on a scheme which simplifies the associated channel hunting strategies.

PRISDN

interface chips are now available which are capable of assigning any number of TSs to

oupet

L n u n r ie m

i *tu

any channel and hence to determine the channel bandwidths dynamically. For such an
operation a physical channel-to-TS(s) binding is necessary. This could be done
dynamically within the user equipment. The existence of such a functionality is assumed.
6.5.2 Call and Channel Identification in PRISDN

According to Q.931 [17], each call across the UNI is identified by a Call Reference
Number. This is a mandatory information element in the SETUP message as well as
many other call control messages. The Channel Identification Information Element is,
amongst other purposes used for the TS-to-physical channel mappings across the UNI.
6.5.3 'A Priori’ Superchannel Formation

Superchannel formation by an a priori agreement for automatically aggregating all
physical channels established between two cooperating ISDN sites is another solution to
the superchannel identification problem. However, this may not be desirable if different
channels are required to be set-up between two sites for applications with widely
differing Quality of Service (QoS) parameters and traffic types (e.g. PCM voice and
packet data). Hence, the a priori superchannel formation method is not assumed in this
chapter.

6.6 Protocol Issues
Several options exist for interfacing the TSSI providers described in the previous
sections. These can be classified as follows, depending upon the distribution of
information and TSSI provision functionality:
• Case I: The Network (ISDN) does not know of the superchannel association.
• Case 2: The Network knows about the superchannel association and provides
end-to-end assistance.
• Case 3: The Network provides the superchannels.
In Case 1, the provision of TSSI is left to the User or CPE. Hence, the superchannel
identification and dynamic bandwidth variation are done transparent to the network
between cooperating users. Similarly in Case 2, the provision of TSSI is done at the
customer premises although the network helps in the identification of superchannels on
an end-to-end basis. In Case 3, the network provides the TSSI and there is no
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superchannel identification problem since the physical channel now corresponds to the
logical channel. However, provision of dynamic bandwidth variation needs to be
addressed.

Q.931

Q.931
NT

ET

ISDN

(i). TSSI Provided by USER

Q.931

Q.931 +
CPE

Q.931
NT

ET

ISDN

(ii). TSSI Provided by CPE

Q.931

Q.931++
NT

ET

ISDN

(iii). TSSI and Variable Bandwidth Provided by NETWORK
NT: Network Termination ET: Exchange Termination
U: User Equipment CPE: Customer Premises Equipment

Figure 6.3. Various Reference Models for Superchannel Formation
Some possible solutions applicable to the above three cases respectively are given below:
i. Use of Supplementary Services within the existing Q.931 Protocol: The User-User
Signalling feature of the ISDN can be used to inform the end users (or CPEs) of a
superchannel association, namely the physical

channels

"belonging"

to

a

superchannel.
ii. Use of Modified Q.931 (Q.931+) for superchannel identification:

The Call

Reference or the Channel Identification Information Elements could be modified to
include fields for superchannel identification.
iii. Use of Modified Q.931 (Q.931++) for Dynamic Bandwidth Variation.

This

necessitates either the definition of a new message type (Vary Bandwidth) or the re
use of the SETUP message (see the following sections).
Various reference models applicable to the above cases are shown in Fig.6.3. The
relationship between the solutions and their protocol implications are shown in Fig.6.4.

S_ch identification
and TSSI provision

Network DOES NOT
know
S_ch association

Network KNOWS S_ch
assoc.+ provides
end-end assistance

Network PROVIDES
S_ch + TSSI
(n x 64kbps)

(Q.931+)
UUS

CPE
’K N O W S ’

CRIE

assoc.

CUE

(Q.931++)
Dynamic
BW

variation

Network provides fixed size channels (B,H,etc)
User Equipment or CPE provides TSSI
S-ch: Superchannel UUS: User-User Signalling CPE: Customer Premises Equipment
CRIE: Call Reference Information Element CUE: Channel Id. I.E.

Figure 6.4. Protocol Implications for SuperchanneI Interfacing
6.6.1 User-User Signalling (UUS)
This is the easiest method to implement since it involves no changes to the existing
protocols and no action by the network provider (apart from supporting the UUS). The
UUS is transparent to the network and there are no restrictions on its contents. There are
two broad classes of UUS within the ISDN as defined in [17]. These are the UUS
associated and not associated with Circuit Switched (CS) calls. In the UUS associated
with a CS call, there are three types of services:
• Service I: U-U signalling exchanged during the setup and clearing phases of a call,
within Q.931 call control messages (using the U-U Infonnation Element - UUIE).

o u p e r c n u n n e is

• Service 2: U-U signalling exchanged during call establishment, between the
ALERTING and CONNECT messages, within USER-INFORMATION messages.
• Service 3: U-U signalling exchanged while a call is in the ACTIVE state, within
USER-INFORMATION messages.
In the UUS not associated with a CS call, a temporary connection is established and
cleared in a manner similar to the control of a CS connection. This allows users to
communicate by user-user signalling without setting up a CS connection by utilising the
USER-INFORMATION messages once a temporary signalling connection is established.
As it can be seen there are a few alternatives in using the User-User signalling facility in
identifying the superchannels. However the UUS facility of ISDN is a Supplementary
Service, and as such may not be provided by all ISDNs. In this case, a different solution
may need to be found.
6.6.2 A Protocol Over User-User Signalling for Superchannel Identification
Superchannel identification between end users can be achieved, without the cooperation
of the network, by defining a new protocol whose message and information elements
could be carried across the network transparently using the User-User Signalling facility
of CCITT Rec.Q.931. The new protocol defined below will uniquely identify a
superchannel operating between the two pair of communicating users. The general
format of the protocol message is shown in Fig.6 .5. The message fields have the
following meanings:

SRC_LCRN
dstT crn
LC_BW
MSG_TYPE
SRC_LCRN : Source Logical Channel Reference Number; ISDN_ADD + Reference No.
DST_LCRN : Destination LCRN;(not used until other end assigns and returns a value).
LC_BW
: Logical Channel BANDWIDTH.
MSG_TYPE : Message Type (LC_SETUP or LC_INC); Logical Channel SETUP or INCrement.

Figure 6.5. Details of Superchannel Identification Protocol Message
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It is assumed that the User-User Signalling during the call SETUP is invoked for
superchannel assignment and identification (Service 1). If user U1 wants to set up a Bchannel connection to user U2, with an option of extending this to a superchannel of size
x BBUs, it must indicate this within a U-U message which will include a Superchannel
Identification Protocol Data Unit (SI_PDU) composed of a message as shown in Fig.6.5
with MSG_TYPE set to LC_SETUP. This means that, a superchannel association can be
set up during a usual B-channel connection setup by using the new protocol information
carried transparently through the network in the U-U signalling message.

a. Channel Identification:
Each cooperating user must be able to uniquely identify a superchannel at its UNI.
Furthennore, this identification must be unambiguous globally between all of the
communicating users. For this, the composure of each Logical Channel Reference
Number (LCRN) as ISDN NUMBER plus a locally assigned Reference Number (distinct
from the Call Reference value assigned for the physical channel) is suggested.

b. Operation:
The first message of this protocol will carry type LC_SETUP in its message_type field.
Upon receipt, U2 will record SRC_LCRN (DSTJLCRN field will be empty at the
LC_SETUP request time) and create a local LCRN for future reference. A mapping of
the two LCRNs will be kept by each user. If U2 cannot provide the number of BBUs
indicated by the LC_BW element within the SI_PDU, it will return the nearest amount
available within its reply LCJBW. This will give an indication to U l about the
congestion at the U2 interface. This is registered as the "bid value of bandwidth" at the
destination and could be used in future for authorisation of new call setups to satisfy the
initial demand. Future increases in the Logical Channel Bandwidth (i.e. by setting up a
new connection) must be done with a SETUP message carrying an SI_PDU with its
msg_type field set to INCrement. In this case, both the source and destination LCRN
values will be indicated within the SI_PDU. These will be used to associate the new
connection with an existing superchannel. The LC_BW field will have no significance
when INC message is sent.
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When a physical channel is removed, no UUS is necessary to indicate the reduction of
superchannel bandwidth, because each user will keep a mapping of the Physical Channel
Reference value to Logical Channel Reference values within their respective interfaces
(see Fig.5.3, in Chapter 5).

c. Other Possibilities:
The U-U Signalling facility in ISDN provides a flexible and powerful method of user
communication. It can also be used in channel reservation schemes and action
negotiation schemes. For example, if 2 H-channels exist between the two users, and a
reduction of 4 BBUs are to be implemented, the two sides could negotiate the existence
and reservation of 2 B-channels in advance of the removal of an H-channel. Furthennore
if Service 3 type of UUS is used, it is possible to associate two or more separate
connections (in active state) to the same destination within a superchannel whenever
such a requirement arises and remove the superchannel association when the requirement
has disappeared, carrying on the operation as separate channels without the need to
disconnect

any

existing

connection

(e.g.

variable

bandwidth

voice/image

communications).
6.6.3 Modification of CUE

This method necessitates some changes to the fonnat and usage of the current
message/information elements. A new field needs to be created in the CUE for the
Logical Channel Reference Number.

Also the CHE must be made an optional

Information Element for the DISConnect and RELease messages (see Fig.6 .6 ). Again, an
LCRN is assigned at the time of SETUP and is carried across to the other end in the
CUE.
6.6.4 Modification o f CRIE

This method again, necessitates changes to the CRIE. A new field to indicate a Logical
Channel Reference Number must be added to the existing information element. This
could conventionally be made to be the last byte of every call reference information
element. Its usage is similar to the previous case (see Fig.6.7).
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Figure 6 .6 . Details of a new Channel Identification Information Element
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Figure 6.7. Details of a new Call Reference Information Elemen

6.7 Dynam ic Bandwidth Variation
The band widths of "Physical" Channels cannot be varied after their setup except, it is
assumed, in the case of Superchannels formed by the nx64 Kbps method, where the
Logical and Physical Channels are identical. Several methods for bandwidth variation of
a Superchannel can be identified depending on the method used for its construction.
6.7.1 Aggregated Superchannels
This method of superchannel formation implies the aggregation of several physical
channels and necessitates the provision of TSSI within the customer premises (User

Equipment or CPE). End-to-end superchannel identification can be achieved with or
without the network’s active cooperation. If TSSI is provided by the CPE, some form of
superchannel identification is also needed at the user side of the local interface. This
could take the form of Q.931+ protocol described previously. However, in order to
simplify dynamic bandwidth variation requests, a new Vary Bandwidth Message can be
used within the local interface (defined as Q.931 ++). This is identical to the one defined
in the next section. In contrast, the network side of the local interface needs to identify
the superchannel on an end-to-end basis. It does not need a Vary Bandwidth Message as
the increase or decrease of the superchannel bandwidth will be achieved by the setting up
of new or removal of existing connections on a one at a time basis.
Any changes in the Logical Channel bandwidth must be done with reference to the
underlying Physical Channel(s) in order not to upset the Q.931 Call Reference Number
assignment conventions. Current Q.931 Protocol has no provisions for dynamically
changing the bandwidth of a Physical Channel. This means that, one may need to
disconnect an existing Physical Channel in order to change the bandwidth of an
associated Logical Channel.
When a new channel is to be added to the existing aggregated Superchannel, its Logical
Call Reference Number must be passed across the network to the other end in order to
identify the new connection as belonging to the existing group. As mentioned before, this
can be achieved by the use of UUS or the modified CHE or CRIE depending onwhether
the network is oblivious or informed about the association.
In the case of UUS, this applies to the SETUP only, since when an individual connection
is to be removed, it can be identified uniquely by the Physical Channel Reference
Number (current Call Reference Information Element). However, optionally it could be
repeated in the DISConnect message. The two ends can then adjust the bandwidth value
of their local Logical Channel (Superchannel).
The bandwidth variation is limited by the quanta of channel sizes available. For example,
if a Logical Channel (LC) is composed of IxB+lxH channels, and it is required that
bandwidth of size 2xB is to be removed from the LC capacity, then one can either
remove the lxB channel or the H-channel as a fixed, integral unit, since the UNI only
recognises these physical channel sizes. In the latter case new connections of size 4xB
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may be re-connected. The ISDN interface must be able to distinguish between different
connections by their PCRNs and their associations with the LCRNs. This is depicted in
Fig.5.3, in Chapter 5.
6.7.2 n\64 Kbps Superchannels
In the case of a superchannel formed using the n x 64 Kbps facility, some means of
dynamically changing the bandwidth of a "Physical Channel" needs to be incorporated
into the D-channel Protocol Q.931. Two proposals for incorporating this are made below.
a. SETUP Message on an existing call: This could be used with the previously
assigned Call Reference number indicating a particular connection but with a new
CUE containing a modified Time Slot map. The TSs already not connected would
then indicate their addition to the existing bandwidth. Alternatively, missing TS
numbers would indicate their deletion from the existing assigned bandwidth.
b.

VARY BANDWIDTH Message: A new message named Vary BandWidth (VBW)
could be used to indicate that an increase or decrease is requested on an existing
Superchannel’s bandwidth. The use of this message can be any time after a
connection is established. This message could be either of the "Call Information
Phase" or the "Miscellaneous" message type. Its suggested content is shown in
Fig.6 .8 . It will also necessitate a new information element called BANDWIDTH to
indicate the size of bandwidth change. This is shown in Fig.6.9. The indication for
successful or failed attempt also needs to be defined.

Message type:

V A R Y B A N D W ID T H ,

INFORMATION ELT.
Protocol Disc.
j
Call Ref.
Message Type
Channel Id
|
Bandwidth

Significance:

DIRECTION
both
both
both
both
both

g lo b a l,

TYPE
M
M
M
O
M

Direction:

b o th

LENGTH(octets)
1
2-*
1
2-*
3-4

M: Mandatory O: Optional Information Element

Figure 6 .8 . VARY BANDWIDTH message contents
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Figure 6.9. Details of new BANDWIDTH Information Element

6.8 C onclusions and Sum m ary
In data applications over the ISDN, larger bandwidths greater than the currently available
fixed size basic channel types will be necessitated due to the packet nature of data and
the burstiness of the traffic. A further requirement at the User-PRISDN interface will be
Dynamic Channel Management in order to manage the bandwidth allocated to different
users dynamically and economically. Current CCITT protocols do not provide a separate
facility for superchannel formation by physical channel aggregation or dynamic variation
of bandwidth of an existing connection. Both of these shortcomings can be remedied by
suitable modifications to the Q.931 protocol.
In this chapter, it has been shown that a Superchannel can be formed by the aggregation
of basic types of channels and treating them as a single logical channel. Here, it is
assumed that TSSI within superchannels is provided by one of the viable proposals
referred to in the literature. It is also shown that superchannel formation may be
achieved on an end-to-end basis between the users, while the network does not need to
know about this logical association of underlying basic channels. The case where the
network assists in the superchannel identification may not be a practical solution, but the
modified Call Reference and/or Channel Identification Infonnation Elements may be
used between User Equipment and CPE for the same purpose as a proprietary protocol.
Furthermore, it is shown that the addition of a new message type to the D-channel
protocol Q.931 could simplify dynamic bandwidth variation and lead to efficient
dynamic channel management.

Chapter 7

HEURISTIC CM POLICIES

7.1 Introduction
Channel Management (CM) as described in Chapter 4 is needed in order to control the
setting up and removal of channels and to increase or decrease their bandwidth
{Bandwidth Manage me nt)&ccov<\\n% to the traffic intensity and for some specified
performance criteria.

In Chapter 5, a Dynamic Channel Management Architecture

(DCMA) was described which would be able to implement the above requirements.
Channel Management Policies (CMPs) are needed in order to fully specify the action
sequence under dynamic behaviour of the system. In this chapter, four basic CMPs
based on the hysteresis threshold control using the queue length as the control metric and
providing multi-level service capacity control are proposed and their performances
analysed using a simulation model (described in Appendix A and B) of the resulting
queueing system. This is essentially a single superchannel, forming a variable service
capacity M/M/1 queueing system to which the above mentioned control doctrines are
applied.
Section 7.2 describes the simulation environment and the experimental set-up. Section
7.3 presents the performance measures used, while section 7.4 discusses the simulation
models implemented. Model assumptions, verification and validation are also studied in
the same section. Section 7.5 presents the various Channel Management doctrines which
have been considered in this thesis. Heuristic multi-level CMPs proposed in this thesis
are discussed in section 7.6. The performance of CMPs is given in 7.7. Section 7.8
presents conclusions on the sensitivity and characterisation of the results. Finally, section
7.9 gives a summary of the chapter.
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7.2 The Simulation Environm ent
7.2.1 Discrete Event Simulator
The Ethemet/ISDN Relay (EIR) Simulator is an event driven simulator implemented in
"C". The general "event processor" used is based on the SLOANE (The Satellite and
LOcal Area Network Environment) simulation package [130], while some "queue
management" routines are similar to the aforesaid package. The simulator can be used to
generate packets according to different statistical distributions, define the network
configuration, and gather statistics about the behaviour of the system under different test
conditions. Using this test-bed, the performance of different channel management
policies can be obtained. Fig.7.1 shows the general schematic of the simulator.

User Interface
Event
Processor

Queue
Processor

Stochastic
Processor

Action
Processor

Experimentation Controller
Module

Module

Module

Module

Module

Module

Module

Module

Module

Figure 7.1. Elements of the EIR simulator

The simulation model includes the following physical/logical modules: User Module
(UM - representing Ethernet and its hosts), Relay Module (RLM) - which is further
divided to IPRP and IRP, ISD N Interface Module (IIM), and ISDN Module. All except
the last module correspond to a similar set of processes within the EIR architecture
described in Chapter 5 (see figures 5.9 and 5.10). A description of the simulation model
is given in Appendix A, while Appendix B provides results used for the simulator
validation. Timings for the D-channel signalling are obtained from a calculation of their
message sizes and the signalling channel capacity of 64 Kbps, (see Appendix C).

n eu risu c

r o u c ie s

uz

7.2.2 The Statistical Nature of Simulation Outputs

A simulation process involves the stimulation of a simulation system (or mechanism, e.g.
a discrete event simulation of a real system) by a stream of random data consisting of a
set of sequences of random variables whose distributions are predetermined. These
random variables represent features of the work load or features of the system (e.g.
packet arrival times and packet length distributions). The simulation mechanism acts on
these input sequences to generate a random output that consists of a set of sequences of
random variables such as throughput, delay or system response time. The output
distributions are unknown. The main purpose of the simulation is to estimate certain
characteristics of these output distributions.
In order to estimate the required performance parameters, the simulation experiment is
run with different realisations of the input stream generated according to the prespecified
distributions and the corresponding output sequences are collected. Using these multiple
realisations a statistical inference is made to the required performance characteristics.
Hence, one can view the simulation as a set of statistical experiments, whose output must
be statistically analysed in order to obtain the underlying performance characteristics.
7.2.3 Performance Measurement

Two types of performance measurements are required in the analysis of simulation runs:
• Transient Behaviour - Short Run (Finite Horizon) Evaluation.
Characteristics of the output of the simulation that depend upon the initial
conditions and the point at which they occur either in sequence or in time are called
transient characteristics. Here, one is interested in the evolution of the system
during a relatively short period of time.
• Steady State (Equilibrium) Behaviour - Long Run (Infinite Horizon) Evaluation.
Here, the system performance in the long run is of interest. If a system has an
equilibrium state, in the long run any transient effects should have settled down.
Hence, when the equilibrium state is reached, the probability of finding it in any
given state is invariant with time.
The output analysis of a simulation is affected strongly, dependent upon the assumption
made about the system simulated being a finite or infinite horizon system. Fairly

conventional statistical methods apply to finite-horizon simulations [11]. In this case the
effect of initial conditions is fully reflected in the analysis and the serial correlation in a
given run is irrelevant. For the steady state simulations however, the opposite holds. In
this case, an estimate of infinite horizon performance is obtained from a finite-horizon
sample. This presents difficult problems like the serial correlation of samples and the
existence and starting point of the steady state. These are dealt with in the following
sections.
It can be argued that most real-life situations lead to non-steady state cases. However,
most literature on simulation output analysis deals mainly with the steady state condition.
Again arguably, an exclusive focus on things like mean queue length or mean waiting
time, steady state or otherwise is naive. The ubiquity of this approach in the literature
does not justify its automatic adoption [ 1 1 ].
Hence, it can be seen from the foregoing arguments that a judicious judgement of the
applicability of either method is needed.

Transient Performance Characteristics:
Transient characteristics are of importance to an experimenter in two respects. Firstly,
there are situations where the transient characteristics of a system are the most important
aspects of interest or indeed only the transient behaviour may exist for a simulation.
Secondly, this characteristic may be of importance for the purpose of controlling its
effect on the estimation of some steady state characteristics. Furthermore, in this case,
the only way to get a sample of independent observations for a performance measure is
to run the simulation n times, over the same period and starting with the same initial
conditions, but using different random number sequences. This is referred to as the
independent replications method.

Steady State Performance Characteristics:
Here, two major problems must be tackled. Firstly, the effect of the transient phase must
be eliminated since it introduces bias in the readings. Secondly, due to the long runs
needed one may not afford to replicate the measurements and hence readings from the
one long run are taken to form the replicated samples. This occurs in the batch means
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method described below.
In the first case, the effects of the initial conditions (also known as the warmup effect)
can be eliminated by discarding the data collected during the transient part of the run (i.e.
the first / initial sample values). However, this itself introduces two further questions as
to when the transient part stops and the steady state starts and the assumption regarding
the existence of a steady state. The answer to the former is that, the transient phase does
not end at a particular point but the behaviour of the sequence gradually converges to the
steady state behaviour. The latter case is rather controversial and more difficult to
ascertain. The steady state of a stochastic model is defined in terms of the probability
distribution of the system, and not a particular value of the state. It should be recognised
that the equilibrium is a limiting condition that may be approached but never attained
exactly. There is no point in simulation time beyond which the system is in equilibrium.
Hence we choose some reasonable point beyond which we are willing to neglect the error
that is made by the equilibrium assumption [81J.
The proper statistical analysis of steady state simulations is still an unresolved
problem [11]. However, unlike the case of transient characteristics, the estimation of
steady state characteristics can be done using several different approaches for sample
data collection and analysis. These include the Independent Replications, Batched
Means, Regenerative and Spectral Analysis methods. Each method has its advantages
and disadvantages over the others. The "independent replications" in this case is similar
to the one in the "transient" case except the treatment of the variance is slightly
different [94].
The batched means method, uses a single long run where after deleting the warmup
effects,f the run is divided into n portions or sub-runs and the samples of these portions
are treated as multiple replications from which a statistical inference is made. The
statistical problem faced is that a serial correlation between these samples exists and
f

In the batched means method the warmup effects have to be dealt with only once, rather than k times as
in the case o f replication. Hence, the batch means method is more efficient, i.e. fewer sample values
may be needed to achieve a given accuracy.
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cannot be ignored. This means that the samples are not truly independent. A way around
this problem is to make each sub-run so large as to make any dependencies negligible.
Another method is to take these dependencies into account leading to a Time Series
Analysis. A third way is to define sub-runs such that the observations become
independent; this leads to the regenerative method.
7.2.4 Experimental Setup

In our experimentation the independent replications method is chosen for simulation
measurements. As already discussed, this method is suitable for both the short and long
run experiments. Three experimental details need to be clarified; the elimination of the
warmup effect, the sample size to be collected (or run length) and the number of
replications.

W arm up Effect:

As mentioned earlier, one major practical problem in the steady state analysis is the
determination of the extent of the transient phase for the warmup effect. Various
heuristic approaches exist for this. One method is to make short independent replications
of the simulation. From these M replications the mean of the distribution is found and a
test for its convergence is made. These can then be plotted together with a set of 90%
confidence intervals. This graph will show the trends in the mean value from which a
decision on the amount of delete can be made. Another approach quoted by
Lavenberg [94] is the use of moving averages on M replications to smooth out the
transients in the trend of the mean. Mitrani [107] suggests that one could maintain a
current estimate of the probability of a particular system state and examine it at selected
points of time, assuming equilibrium when the difference between consecutive estimates
becomes small. Alternatively, and more crudely, the transient phase can be said to have
ended when the current estimate of some performance measure stops moving in one
direction and starts oscillating. MacDougall [102] suggests a rule of thumb deletion
amount of 5%-10%.
In the experiments described here which fall into the steady state analysis category, a
10

% delete amount is set up as a rule of thumb, although the linear correlation of a

measured performance index (mainly Response Time in our experiments) with time is
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also performed, giving an added security against the transient phase effects in the long
run statistics. The Pearson product-moment coefficient of correlation [109,133] is
defined by equation 7.1 (and 7.2). A value of correlation coefficient r (—1 < r < 1), at or
around zero indicates little or no correlation between the performance index and time. In
other words, applied to our case, the value of performance index thus obtained is
assumed to be independent of time, i.e. it has approached its steady state value.
j. _ Cov ( X, Y) _

Cx ' ° r

'Z0C -X H Y-Y)

a /k * -X

)2 B Y - Y )2

where Cov(X,Y) is the covariance of random variables X and Y and Gx and

Gy

are the

standard deviations of the respective variables. For "on-the-fly" calculation of r during
simulation, the version shown in equation 7.2 is used.
n y c r - y c y

=

V » £ x 2- ( x * )2 .

I 7 2- ( 2 7

( 7 .2 )

)2

where n is the number of samples.

Sample Si/e:

It was found that a sample size of 100,000 packet transmissions provided a good
compromise between accuracy and mn time. Increasing this to 400,000 did not provide
much more improvement either in the accuracy or the serial correlation index. Hence, for
the work described in this chapter, the experiments were mn until

1 0 0 ,0 0 0

packets were

transmitted by the source and received at the destination.

Number o f Replications:

Once the length (or duration) of each simulation mn (replication) is determined by any
one of the above methods, the number of replications to be used can be determined
depending on whether a fixed mn or fixed confidence interval is desired. Hence, the
following two basic approaches can be used in the collection of results:
• Fixed number o f runs: The experiment is mn until k replications are collected. From
these replications, an overall mean, its corresponding Confidence Interval (Cl) and
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accuracy (relative half-width) are calculated. This means that the CIs obtained for
different points on a curve may have different values and accuracy.
• Fixed Confidence Interval runs: This method necessitates the adjustment of the
number of runs (replications) to be conducted according to the desired Cl level. At
the end of a minimum number of runs, the mean and Cl of the values obtained is
found. If it is below the desired level, then further runs are executed, each time
calculating the new mean and Cl. This process is carried on until either the desired
Cl value or the maximum number of runs allowed (usually set to avoid experiments
running for an infinite amount of time) is reached.
The first method is simpler to implement and mn. The second method although providing
more uniform Cl values for each point on a graph, is more involved. The experiments
described in this thesis have been conducted according to the fixed number of
replications method where the value of k= 1 0 for the number of replications has been used
(except where indicated otherwise).
7.2.5 Analysis of Results

For each group of k replications, an overall mean value and its confidence interval is
found. From the half-width and the mean value, the accuracy (relative half-width) of the
measurement is calculated. The main performance measures obtained are:
1. The Mean Number o f Customers in the System, N.
2. The Mean Number o f Customers in the Queue, Q.
3. The Mean Response Time (or the Sojourn Time), RT.
Additionally, the following values are collected over all the k replications:
• Mean Number o f Switchings (per packet), SW.
• Mean Bandwidth used (in B B U s-6 4 Kbps), BW.
• Mean Channel Holding Time at the B W value (ms/packet), Th
• Mean Bandwidth Cost (BBU . ms/packet), Cqw ( = BW x 7// ).
• Distribution of Bandwidth (BW) versus the number of Switchings or the Mean
Duration of switched Time.
For measures 1-3 confidence intervals are calculated. For the last five measures only the
mean values are calculated.
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7.3 Perform ance M easures
A Channel Management policy will operate to switch the required number of channels in
and out as the load on the system varies. It will do these actions depending on how it is
set to minimise or maximise certain performance criteria. In order to compare different
control models and policies, measures o f effectiveness need to be defined. One method is
to superimpose a cost function on the performance of different models in order to
account for the costs of packet servicing (including channel holding time and switching
costs) and packet sojourn time as is done in Gebhard [49], and King

and

Shacham [72,73] (see also Chapter 1 section 1.2.3). In fact, Gebhard assumes a cost of
service based on the costs of bandwidth holding and switching, and treats the cost of
queueing separately. King [74] takes into account only the channel switching costs and
the sojourn time costs. However, one short-coming of these methods is the fact that
relative costs of customer servicing and channel switching versus waiting (or sojourn
time) are not in the same units. That is, while the cost of servicing and switching may be
measured in money, the cost of delay is not so clear cut. Additionally, in ISDN the
tariffing structure does not have switching costs (see Chapter 2 section 2.11). There are
no guidelines as to how variable bandwidth channels discussed in Chapter

6

are going to

be charged by service providers. Assuming that the nxB channel formation will be
available only and that each additional B-channel is going to be timed and charged
separately, it will be costly if a policy achieves average B-channel hold time coincident
to less than the median of a charge period. This loss will be proportionally higher if the
total "channel hold" is a few charge periods. A Delayed channel Close Policy discussed
in Chapter

8

compensates for this charging problem. However, in the rest of this chapter

we will not consider this problem.
It can be expected that some policies will perfonn better than others under different
arrival and service processes. In general, the ngoodness” of any CM policy depends on
the following factors; the mean and variance (spread) of bandwidth used, the mean
bandwidth cost, the number of switchings necessitated, and the packet performance
(mean delay - D and throughput - T). Hence, cost function, C is given by;

C —f ( BW , (Jflvv ’ Cbw *^ W , D , T )

(7.3)

This cost function is a rather complex one to evaluate. Hence, one can use a simple
average cost function which takes into account only the mean bandwidth cost, Cpw and
the response time, RT, of the form:

Cj = Ci R T + C2 Cqw

(7.4)

and the average cost function taking into account the number of switchings would be:

Cn = c i R T + C2 Cbw + **3 SIT

(7.5)

where c i, c 2 and c 3 are respective cost indices.
When multi-level service capacity control doctrine is used at an interface supporting
(more than one) competing channels, other short-comings are the absence of measures of
effectiveness as to the fairness, responsiveness and burstiness of the policies used.
Fairness gives a measure of "greediness" (or rather the lack of it) for a policy.
Responsiveness gives an indication as to how fast a policy can respond to changes in the
input (mean packet arrival rate). Burstiness deals with the ratio of the mean to standard
deviation of the number of Basic Bandwidth Units (BBUs) used. Admittedly, these
measures are not easily obtainable and are not pursued here.
Due to the difficulties of assigning relative cost values to the various measures discussed
above

and in order to achieve some form of comparison between the different policies,

in this thesis we use the measures described below. The first measure of effectiveness
considered is the bandwidth holding cost given by the mean bandwidth co:t, Cbw in
units of BBU-milliseconds per packet. This is suitable since policies with total channel
closure (server shut-down) are considered here. Its value is obtained by using the
equation 7.6, where bwi are the different bandwidth values held for a dbration of
Th ( bwi ) each (for the whole duration of the experiment), N is the maximum number of
channels available, and k and m are the numbers of replications and total number of
t

Indeed, Gebhard [49] stresses that "cost allocations do not always make the best coitrol option
apparent".
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"packet completions" in each replication respectively. Note that, when a channel is
totally shut down (i.e. bwo = 0 ), then, no channel holding time and therefore no
bandwidth costs are incurred.

k .m

(7.6)

The second measure of effectiveness is the Response (sojourn) Time in units of
milliseconds and is treated separately (in line with Gebhard’s treatment of "cost of
queueing" [49] ). The third measure of effectiveness used is the mean number of
switchings per packet SW, where the total number of switchings are calculated for the
whole experiment and then scaled off. Finally, we also present the variation of the mean
number of customers in the system, N with the mean arrival rate A.

7.4 Sim ulation M odels
The basic simulation model (see Figure A.3 in Appendix A) is the same for all the four
heuristic CM policies tested. The main difference occurs in their Channel Management
decisions. Figure A.3 shows parallel queues each with an assumed variable capacity
server. In actual experimentation, only one such superchannel has been implemented at
the ISDN interface. Consequently, the interesting but difficult case of the behaviour of
several identical variable capacity queueing systems operating in parallel and sharing the
total bandwidth has not been investigated. The basic resultant queueing system of the
ISDN interface superchannel queue is of a G/M/l type due to the presence of a prior
M/D/1 type queueing system in tandem with it (see Figure A.4 in Appendix A). Since the
(fixed) delay associated with the M/D/1 queueing system is almost negligible (IO'

9

s),

the resultant model approximates very closely to the M/M/1 type performance. This has
been proved by the validation experiments mentioned in section 7.4.2.
7.4.1 Major Model Assumptions

The major model assumptions are given in Appendix A and include the main simulator
timings used. Other issues are described below.
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D-channel Signalling Delays:
The D-channel signalling transmission delays can be calculated by working out the size
of basic messages used in the call set up and removal phases for a circuit switched
connection. For a PRISDN interface served by a D-channel operating at 64 Kbps the
sample calculations are given in Appendix C. Note that the processing load this presents
for the interface processor is assumed to be negligible since it could be running on a
dedicated signalling processor.

Channel Switching Times:
The B-channel switching times have been assumed to be exponentially distributed with
parameter y for the switch-in (on) times and instantaneous for the switch-out (oft) times.
The B-channel switching times include the signalling processor scheduling and
processing delays, the D-channel signalling message transmission delays, the ISDN
internal network switching delays. Due to the D-channel signalling transmission delays
for the SETUP message (2.5 ms), the minimum switch-in time has been assigned to be 3
milli-seconds (ms), in order to avoid problems with B-channel switching (the random
number generator could potentially return a zero value) when the arrival rate is high and
the threshold value is low. Two options arise here; first the assignment of a statutory 3
ms delay whenever the random number generator returns a switching delay of less than

3

ms. Second, the re-selection of another switching delay from the random number pool
until the switching delay returned is greater or equal to 3 ms. The mathematical
representations for the two cases are given below.

Case 1: set a =3 if a <3;
3 with probability ( \- e
a pdf. ye~Y-v a >3

(7.7)

Case 2: re-select a new a if a <3;
P (X |

a

> 3 ) = y e - y t ' - ^ a >3

In the rest of this thesis case 2 will be used.

(7.8)
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7 .4 .2 S im u la to r V e rific a tio n a n d V a lid a tio n

Before any measurements can be done using the simulator, the simulation model needs
be verified and validated. Verification refers to the comparison of the conceptual model
to the computer code that implements that conception. Validation refers to the act of
determining that a simulation model is an accurate representation of the real system [5 ].
Verification of the simulation model was done by building elaborate diagnostics facilities
into the simulator code. These include the event/trace recording, module/action time
recording, state recording, input/output recording and physical buffer recordings. The
modular design of the simulator has also helped in the verification process.
Validation was carried out by testing the model against an M/M/1 system, Gebhard’s
model [49], and the model by Moder and Phillips [108]. The results of these tests are
given in Appendix B. From these results it was concluded that the simulation model
behaved as it should under the test conditions. The final simulation model for the CM
Policies was also tested against an approximation technique (see appendix A).

7.5 CiVI Policies - An Experimental Evaluation
The queueing models for Channel Management and threshold doctrines for Bandwidth
Management have already been discussed in Chapters 1 and 4. In this chapter, we look at
the performance of several heuristic multi-level service capacity control doctrines based
on the hysteresis threshold control. We call these the Channel Management Policies as
they include total channel switch-off and assignment (start-off). The main threshold
doctrines are listed as the point and hysteresis types. Gebhard [49] showed that for the
M/M/1 queueing system, the point threshold performed worse that the hysteresis
threshold control for all (service and queueing) cost combinations. Therefore, we limit
our study to the hysteresis threshold control type of policies.
A further classification (the full taxonomy is given in Chapter 8 ) is based on the control
levels; bi-level (e.g [49,58] - for M/M/1 queueing system) and multi-level (e.g [108] - for
an M/M/c queueing system) threshold controls. Since the ISDN interface composed of
nxB-channels (or indeed, nx64 Kbps) presents a facility which can be utilised in steps of
64 Kbps, then a multi-level control policy is naturally suitable for this interface. In the

multi-level control policy, the bandwidth of a superchannel is increased or decreased in
steps of 64 Kbps (i.e. a BBU). The maximum bandwidth allowed is specified at the
beginning of the session (e.g. by a Bandwidth Allocation policy).
Since our study is through simulation rather than analytical, we have built in various
practical conditions. One of these, is the channel switch-in delays discussed in the
previous sections. The other, is the actual point in time any change in bandwidth is
effectively implemented. This is affected at the end of the current packet transmission;
i.e. if a packet is already in the server and is being transmitted, then the change in
bandwidth becomes effective at the end of the current packet service. This, we believe is
a more realistic system behaviour than one where the bandwidth can arbitrarily be
changed at any instant. Four heuristic policies based on the multi-level service capacity
control using the hysteresis threshold doctrine are described in the next section.

7.6 Heuristic Channel M anagem ent Policies
The M/M/1 queue has a monotone hysteretic optimal service capacity (rate) § control
policy when switching costs exist and a monotone optimal control policy in the absence
of switching costs [101]. The hysteresis control form, where the switching costs exist,
arise from the need to minimise the number of switchings and hence make it economical
once an increase in service rate is achieved. The hysteresis service rate control where the
switching occurs instantaneously is studied by Gebhard [49]. The case where the
switching takes a time which is exponentially distributed has been studied by Harita and
Leslie [58]. However, both of these studies consider only a bi-level change in the service
capacity (e.g. po=2 . 0 and p^O.5 where p=utilisation factor=A./p).
Service capacity control of a queueing system where the server capacity is incremented
in units of Basic Bandwidth Units (BBUs) - e.g. B-channel units of 64 Kbps, and which
is only limited by the Upper allowable Bandwidth Limit (UPPER_BW_LIMIT), is a
§

The mean service rate (completion rate). p = C /S , where C is the server capacity (service units/s) and
S is the mean work demand of a customer (service units). Note that S/C is the mean service time (s).
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logical extension of the above models. We call these types of control policies multi-level
hysteretic service rate control policies. We have not found any results in the literature
for this type of control policy for the M/M/1 queueing system with variable capacity
where the control policy implemented is of a hysteresis type. The model studied by
Moder and Phillips [108] is the closest to our study, and it considers an M/M/c type
queueing system with identical parallel servers operating under a hysteresis threshold
type of control. The main assumptions in that study are the instantaneous switching
times and limited number of servers (see Review of Related Work in Chapter 1).
Here, we assume that the user-network interface is of the PRISDN type and is composed
of 30B+D channel structure - note that these policies apply to any nxB or /2x64 Kbps
interface where n > 2 . We further assume that the increase/decrease in channel capacity
is done in units of 1 B-channel at a time, as it must be given the current capabilities of
ISDNs. The following four basic heuristic policies are defined (presented in a syntax
similar to "C"):
• Policy 1 (PI): Increase and decrease BW linearly as follows:
Increase B W :

D ecrease B W :

if(

>= TH HIGH) AND (!p e n d i n g ) AND ( b w < UPPER_BW_LIMIT) )
CHBW( T , 1 )
if( { q s i z e == TH_LOW) AND { [ p e n d i n g ) AND { b w > 0 ) )
(q size

CHBW( ’D \ 1 )

• Policy 2 (P2): Same as Policy 1 except the last channel (BBU) is always kept.
Increase B W :
D ecrease B W :

same as PI.
if( { q s i z e == TH_LOW) AND

{[p en d in g )

AND

{bw

> 1 ))

CHBW( ’D \ 1 )
•

Policy 3 (P3):
same as PI.
If the bandwidth is greater than 1 BBU; remove all channels BUT one, else if the BW
is 1 BBU; remove it.
if( { q s i z e == TH_LOW) AND { [ p e n d i n g ) )

Increase B W :

D ecrease B W :

{

if( b w > 1 ) CHBW( ’D \ BW-1 )
else if( b w = 1 ) CHBW( ’D \ I )

I
•

Policy 4 (P4):
same as PI.
Halve the existing capacity at every request.
if( { q s i z e = TH_LOW) AND { [ p e n d i n g ) )

Increase B W :

D ecrease BW :

{
if( bw > 1 ) CHBW( ’D \ BW/2 )
else if( bw == 1 ) CHBW( ’D \ I )

- N o te s :

qsize

bw
pending
THJUGH
THLOW
CHBW
INC/DEC

: variable holding instantaneous (or averaged/weighted) queue size.
: This could also be the npkts, the number of packets in the system.
: variable holding the current bandwidth of a given superchannel.
: INC/DEC of bandwidth is currently pending (! negates logic).
: Threshold High (also TH_H or H).
: Threshold Low (also TH_L or L).
: CHange Bandwidth function with parameters (direction, bandwidth).
: Bandwidth Increase/Decrease ( T / ’D ’) functions respectively.

It is known that the optimal epochs for change in the service rate of a queueing system is
at the epochs of change in the queue size [147]. Hence, the test for increasing the BW of
a superchannel is initiated after queueing each arriving packet and updating the qsize.
Similarly, the test for decreasing the BW is only initiated after the reception of a "packet
transmitted" message from the ISDN interface (returned as a PKT_SENT signal) which
updates the qsize. Note that a positive feedback condition is created if the bandwidth
increase operation is additionally done on the PKT_SENT message when the qlen is
decremented. This may indeed be necessary for a responsive control.
In all the policies mentioned above, the method used in increasing the bandwidth is the
same. The operation is as follows: when the very first packet arrives for a given
destination, and there is no existing channel to the far end, a SETUP is initiated by the
Channel Management software. It calls a function called, open_cct() which creates an
internal message block structure with the SETUP message and forwards it to the DChannel Process (DCP signalling software) at the user-network interface (see Chapter 4
and [36] ). All further packet arrivals to the same destination are queued to the reserved
channel queue while the previous channel set-up is still pending. Once the channel is set
up and transmission starts, the channel bandwidth increase/decrease is enabled.
Whenever the qsize reaches the Threshold High (TH_HIGH) from below or a queue size
update at a packet arrival finds the qsize at or greater than the TH_HIGH value, the
channel bandwidth increase' is initiated. While a bandwidth increase (or decrease)
operation is ongoing (i.e. a change pending), further changes are inhibited. In the
simulation model implemented, the channel switch-on (setup) operation is assumed to
take a time which is exponentially distributed with mean switching time (SW_TIME) y.
A BBU (i.e. Time Slot) disconnect is assumed to take effect immediately (zero switchoff time).

The above mentioned operational characteristics mean that as the queue size of the
channel grows beyond the TH_HIGH, every new arrival could potentially initiate a new
channel set up (and aggregation) if the channel increase is not inhibited. This class of
policies have a greedy characteristic such that, unless an upper limit is imposed on the
bandwidth of the superchannel thus formed, it could (momentarily) posses all the
available bandwidth at the interface depending on the arrival rate. However,
interestingly, the mean overall bandwidth used will always be just as much as required
by the work load. This presents certain problems regarding performance and are
discussed in the latter sections. In a similar fashion, every time the queue size falls to the
Threshold Low (TH_LOW) value from above or a "packet transmitted" message
encounters a qsize less or equal to TH_LOW, the channel bandwidth is reduced further.
This type of operation has a tendency to over compensate for changes in the queueing
system behaviour and are discussed below.
The main difference between the four heuristic policies presented is in the way the in
which the bandwidth is reduced by the TH_LOW triggering. The policy P I , releases a
channel every time the "packet transmitted" message finds the system at or below the
TH_LOW. As this operation is assumed to take zero time, the rate at which the channel
bandwidth decrease can be achieved is potentially faster than the increase operation. The
policy P2 always leaves one last channel open. The rationale behind this policy is that it
would be always ready for further packet arrivals and hence incur less time delay cost in
setting up a new channel. A mechanism for closing this one down could be linked to a
time-out mechanism where the absence of activity over the channel for a period given by
the timeout could trigger complete dismantling of the channel. In the policy P3 all but
one channels of the superchannel are removed. If the condition persists, the last channel
is also removed. In policy P4y the existing bandwidth is always halved when the "packet
transmitted" signal causes a bandwidth decrease trigger.
A natural extension of the policies is the limiting of bandwidth increase/decrease
operations only to the crossing of the levels from below or above. This should reduce the
number of switchings per packet (or unit time) as well as the maximum amount of
bandwidth assigned to a given superchannel for a given packet arrival rate. However, this
type of a policy necessitates the use of multiple threshold values for both the increase and
decrease bandwidth operations, since under overload conditions the qsize may never fall
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below the TH_HIGH value or under extreme underload conditions go above the
TH_LOW value of the above models.

7.7 Analysis o f P erform ances
These are very reactive (and greedy) policies. They can be modified to smooth their
reactivity giving a less responsive system but more efficient management of the
bandwidth resource.
The performance of these policies are shown in Figures 7.2 through 7.14. All of the
results have been obtained by running models with the policies mentioned previously
and using a maximum allowable channel capacity of 30 BBUs (30 x 64 Kbps). In each
case the following assumptions are implemented. The packet sources are of Poisson type
giving packet inter-arrival times (IATs) which are exponentially distributed with mean
1/X. The packet size distribution is again assumed to be exponential with mean PSIZE
(1000 Bytes/pkt). At this packet size setting each BBU (B-channel) has a mean service
rate

ji= 8

packets/second (pps). Each run of the simulator was conducted with 100,000

packets and an overhead of 10% was added for the warm up effect (hence a total of
110,000 pkts/run). Each point on the graph is obtained from a replication of 10 runs.
Figures 7.2-4 show the mean bandwidth cost (C^w in units of BBU.ms/packet) versus the
threshold high setting (TH_ H). In all the experiments the low threshold has been kept at
zero {THJL=0). The mean bandwidth cost represents the time duration that the channel
was kept open on a per packet base. The actual cost is given by (mean bandwidth cost *
BBU cost/ms). The values for bandwidth costs have been measured over the whole
duration of the experiment and the usage of multiple BBUs have been accounted for. In
Figure 7.2, the arrival rate parameter X is set to 6 pps. This means that in the case of
non-switchable channels, one channel at 64 Kbps must be provided for the duration
necessary to transmit 110K packets. This can be assumed to be (110 K * 1/6) / 110 K
seconds!packets (= 166.67 ms/pkt). One BBU at 8 pps will operate at a traffic intensity
of p=X/\i=6/8=0.75. This line is shown in Figure 7.2. Similar lines are drawn in Figures
7.3 and 7.4. These correspond to 7 and 10 BBU usages respectively. The curves above
this line are showing the trade off between the bandwidth (holding) cost and the response
time. Below this line, the holding cost is less than that of the non-switchable channel but
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at the cost of increased response times. As the packet arrival rate parameter is increased,
the distinction between the policies PI and P2 diminish. This is as expected since the
mean bandwidth used is very much larger than 1 BBU and the keeping of the last channel
in P2 does not make much difference on the performance. Furthermore, P2 tends towards
the limit of one non-switched channel performance for values of TH_H greater than 20
packets as would be expected. Figures 7.2-4 also show that, in terms of the bandwidth
costs incured, the policy P3 performs best at low arrival rates while the policy P4
performs better at high values of X. This is because, in P3, closing all but one of the
channels while the arrival rate is high has a detrimental effect since more channels must
then be opened up quickly to satisfy the need of the traffic. Policy P4 presents a
compromise in that it halves the bandwidth capacity when the low threshold is triggered,
rather than taking all channels out of service.
Figures 7.5-7 show the effect of increasing the mean switching time, y. Comparing
Figures 7.2, 7.5 and 7.6, it can be seen that at low packet arrival rates, the bandwidth
holding cost in Policy 2 is always higher than the rest as would be expected since the last
channel is always kept on while the other policies switch it off when not needed. The
difference between the policies PI, P3 and P4 also diminish as the mean switching time
is increased. Comparing Figures 7.4 and 7.7 one can see that the difference between the
policies P3 and P4 diminish while that between PI and P2 increase, with P2 approaching
the P3 and P4 performances. It is interesting to note that in Figure 7.7, policy P2
performs better in terms of bandwidth costs than 10 fixed channels (p=0.94) for TH_H
values of 12 packets or greater. This is expected; as keeping 1 in 10 (on the average)
channels all the time does not make much difference to the perfonnance. However, the
comparative performance of PI to P2 changes drastically with large switching times at
high arrival rates (see Figures 7.4 and 7.7). This is explained by the fact that any "error"
in bandwidth is over-compensated by PI while P2 relies on the one channel always left
open to prevent over-compensation. In the case o f P3 and P4, the compensation is forced
at an earlier bandwidth level since they shut down "extra" bandwidth more drastically
then either PI or P2; causing even less over-compensation than P2.
Figures 7.8 and 7.9 show the mean response time, RT, for the four policies at two
threshold settings, TH_H=10 and 100 respectively, while TH_L=0 in both cases. Policy
P3 gives the highest values in both cases, while P4 provides a compromise between the
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two extremes given by P3 versus PI and P2. The difference between the policies
disappear as the threshold high is increased. The behaviour of the curves is an interesting
one in that; it rises until a value of X^8 pps is reached (corresponding to p=1.0), and then
it falls down almost as 1/x. This is expected if the curves of Figures 7.10 and 7.11 are
observed. Figures 7.10 and 7.11 show the variation of the mean number of customers
(packets) in the system (N ) with the packet arrival rate X. All the policies show a definite
turn in their rate of increase beyond A^=8 pps. After the turning point, the policies P3 and
P4 show a linear increase with gradients larger than that of PI and P2. In fact PI and P2
hardly increase their value beyond X=& pps (p=l.O). From Little’s result the RT is given
by N/X. Hence, for N relatively constant with increasing X, gives the "1/x” type
behaviour beyond the critical point of p=1.0.
Figures 7.12-14 show the mean number of switchings per packet over the range of high
thresholds: TH_H=2,10 and 100 respectively. Policy P2 provides the least number of
switchings below the arrival rate given by X=8 pps. This is expected since it always
provides one channel. Beyond this turning point, it perfonns virtually identically to PI.
At high threshold values P3 always performs worse in that it achieves the highest number
of switchings per packet. However, as shown in Figure 7.12, policies P3 and P4 perform
better beyond a second turning point at approximately X=50 pps.

7.8 Conclusions
Figures 7.2-7.7 show that the value of bandwidth cost can be increased or decreased (and
hence the average bandwidth used) by the variation of the Threshold High value while
keeping the Threshold Low value at zero. This has the major implication that the costperformance trade-off can be controlled by the use of this class of policies. The effects of
increased arrival rate are three fold:
i.

The difference between the maxima and minima of the curves is reduced leading to
more gradual response curves.

ii.

The difference between policies PI and P2 disappears and that of P3 and P4
reverses.

iii.

The critical threshold value (that above which the bandwidth cost is lower and
below which the bandwidth cost is higher) increases.
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Another observation is the fact that as the corresponding traffic intensity, p, increases, the
policy curves provide less savings in the bandwidth cost beyond the critical threshold
value. That is, the fixed channels case provides a limiting value for the heuristic policy
curves.
The effect of increasing the mean packet arrival rate, X at constant mean switching time,
y, is to reduce the difference between the policy performances. The relative performances
of P3 and P4 are reversed. The effect of increasing y while keeping X constant, is similar,
except the relative performances of P3 and P4 stays the same.

Sensitivity o f Performance:
These are very reactive (and greedy) policies in that they can momentarily grab large
amounts of bandwidth if allowed. They can be modified to smooth their reactivity giving
a less responsive system but more efficient management of the bandwidth resource. Two
methods of achieving this is shown in Chapter 8 and includes the Moratorium and
Delayed Close policies.

Characterisation o f Queueing System Performance:
It can be seen from the results presented that this class of policies tends to use the
bandwidth in such a way that the average bandwidth utilisation is a minimum for a given
utilisation factor p. The bandwidth utilisation of the system can be increased (and hence
the average response time of the packets can be reduced), if the queueing system is
forced to switch-in more channels by the reduction of the high threshold (TH_H) value
while keeping the low threshold (THJL) value constantly at zero. This produces the
undesirable effect of increased queue sizes (and hence a peaked Response Time
performance shown in Figures 7.8 and 7.9) when the system operates close to p=1.0, i.e.
when the packet arrival rate is close to the capacity of 1 BBU.
We conjecture that, this critical value would still exist if the minimum number of BBUs
is increased to higher values (e.g. 2,3,etc.). The only effect would be to increase the
critical point to values of corresponding values of p (e.g p=2,3, etc.). The characteristic
behaviour of the queueing system would remain unchanged.

7.9 Sum m ary
In this chapter, four channel management policies are proposed, their performances are
evaluated and compared using a specially developed simulation model. This model
includes two CL-NL relays interconnected via an ISDN. Finally, it can be stated that
Channel Management is a very important and worthwhile area necessitating further
studies; it affects the performance, efficient resource utilisation and operational costs of
data communications using the ISDN especially in the multiplexed user traffic and
multi-media application environments.
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Chapter 8

COMPARISON of DIFFERENT
SERVICE CAPACITY
CONTROL DOCTRINES

8.1 Introduction
Service capacity control doctrines based on the threshold principle can be classified into
different categories according to the form of the threshold policy, the num ber o f control
levels for the service capacity and the number o f thresholds used. The form of the
threshold policy can be either a simple (single or point) threshold or one using a
hysteresis fonn. The number of control levels for the service capacity can be either unilevel, bi-level or multi-level. In uni-level control the queueing system server(s) are
switched on as a threshold is crossed and switched off when the same or another
threshold is crossed in the reverse direction. This is an on/off type of control [143]. In
bi-level control, the service capacity of the queueing system oscillates between two
distinct service capacities. This method is sometimes known as an overload/underload
type of control since the lower service capacity is usually less than the arrival rate and
the upper service capacity is greater than the arrival rate of the traffic under control. In
multi-level control, the service capacity is allowed to have a number n (/z > 2) of integral
bandwidth values between a lower and upper service capacities. The number of
thresholds or threshold pairs (in the case of the hysteretic fonn) used can be single or
multiple. In the case of multiple hysteretic thresholds, these pairs can be overlapping or
non-overlapping in their placement along the measure index used, and they could have
uniform or non-uniform hysteresis loops.
The metric used as the measure index in threshold control can be various variables. The
most common of these are the instantaneous or averaged values of the queue length or
the customer arrival rate. Other variables like the number of customers in the system can
also be used. In this thesis it is the latter that has been mainly used, although various

measurements have also been taken with the other measure indices.
In Chapter 7, four heuristic multi-level hysteresis (single pair) threshold control policies
have been described.

In this chapter, other threshold policies are evaluated and

compared to the former case. Furthermore, some variations on the theme of multi-level
hysteresis threshold control are presented. These are the Delayed Close and the
Moratorium policies.

8.2 Bi-Level Service Capacity Control
Bi-level service capacity t control using thresholds over the queue length form a class of
control policies where the service capacity of the system under control can have one of
two distinct service capacities given by a lower bandwidth (BW_LOW) and higher
bandwidth (BW_HIGH). These two operating service capacities give the lower and upper
mean service rates denoted by po and pi- These control policies applied to an M/M/1
queueing system with variable service rates have been studied by Yadin and Naor [143],
Gebhard [49] and later by Harita and Leslie [58]. The model by Yadin and Naor is for a
general M/M/1 queue whose service capacities can be increased or decreased in discrete
steps according to the instantaneous queue size. They generalise the results for a
queueing system with multiple hysteresis loops whose hysteresis width can be varied
(collapsing to a point threshold in the limit), which can have non-uniform hysteresis
widths and can have overlapping or non-overlapping threshold pairs. An expression for
the expected queue size is obtained in closed fonn. However, this expression is rather
cumbersome for solution and is not used in this chapter. The other two models are
studied in the following two sections respectively.

t

Note that, the service (server) capacity, the channel capacity and the channel bandwidth are used
synonymously in this thesis. A service rate results from a given server capacity and customer (packet)
work load (see Chapter 7).
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8.2.1 Bi-Level Capacity Control with Instantaneous Switching

The model studied by Gebhard [49] is an M/M/1 queueing system whose channel
capacity is variable according to a threshold doctrine imposed over the queue length.
This study includes the steady state solutions for this system when operating under point
and hysteresis threshold policies. Closed form expressions for the mean number in the
system and the mean queue length are obtained. Gebhard’s study also includes two
measures of effectiveness as well as a cost analysis under different cost structures [49].
However, Gebhard presented no graphical solutions to the equations he obtained. Here,
the equations provided for hysteresis control are solved and graphically depicted for ease
of understanding of their characteristic behaviour.

Q: H ysteresis (H = 6 L = 0)
p 0 = 1 0 0 0 ,1 0 ,2 ,0 .9 ,0 .5 ,0 .2

Figure 8.1 Mean queue length vs pi
(Gebhard H=6,L=0 model)

RT: H ysteresis (H = 6 L = 0)
p 0= 1 0 0 0 ,1 0 ,2 ,0 .9 ,0 .5 ,0 .2

Figure 8.2 Mean Response Time vs pi
(Gebhard H=6,L=0 model)

Figures 8.1-10 show the behaviour of this (overload/underload) system under different
load conditions. Figures 8.1 and 8.2 are plotted for a hysteresis model where the high
threshold (TH_H or H) is set to 6 (customers or units in the queue) and the low threshold
(TH_L or H) is set to zero. Figure 8.1 shows the variation of mean queue size (Q) with
pi. Different curves are plotted for various values of po- Two important conclusions can

be drawn from these graphs. Firstly, as the value of po grows beyond 1, the curves come
nearer to each other for values of p0 > 1. Therefore, at high traffic overload values (po
»

1), the important metric in the control becomes the value of p t. At low load values

(po < 1). both the po and p t values are of importance in detennining the system
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behaviour. Secondly, the operating value of pi is not very critical between the values of
0-0.7 (approx.) in terms of the values of Q or the average system response time (RT), but
they both go to infinity as the higher bandwidth reaches its control limit nearer the value
o f p 1 = 1.
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(Gebhard H=100,L=50 model)
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Figure 8.4 Mean Response Time vs pi
(Gebhard H=100,L=50 model)

Figures 8.3 and 8.4 show the variation of Q and RT versus pi for different po values for a
bi-level hysteresis control system where the higher and lower threshold values are set to
100 and 50 respectively. From Figure 8.3, it can be seen that the mean queue length of
the controlled system is established between the lower and upper threshold values (50100 ).

An important feature of this system is demonstrated in Figures 8.3 and 8.4 in that, the
curves are very flat for values of pi between 0 and 0.9. This leads us to the conclusion
that the operating value of pi must be determined by cost factors like number of
switchings per second, since a pi value of 0.5 provides the same Mean Response Time
(for the same arrival rate) and the Mean Queue Size as the value of 0.1 (see Figure 8.4).
Figure 8.5 shows the plot of Mean Response Time in seconds versus the Mean Arrival
Rate X in packets per second. The curves which are plotted for different po values and
fixed pi = 0.5 value are found to lie close to each other. Figure 8.6 shows a plot of the
Mean Number of Switchings per second versus po for different settings of pi (0.1-0.9).
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This graph shows that the critical values of po are those between 0 and 10. This is in
agreement with figures 8.1-8.5 in that, for values greater than po > 10, the system
provides closely fitting performances. In other words, once the system is over-loaded, it
does not matter whether it is 10, 100 or 1000 times over-loaded as long as the higher
bandwidth is able to cope with the traffic. In reality, all it determines is how quickly the
upper bandwidth is switched in and for how long it is kept in service.
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Figure 8.6 Mean Number of Switchings
per second vs po

Figure 8.7 shows the variation of the mean number of switchings per second (SW) versus
pi different p0 settings. The variation of SW with pi becomes noticeable for values of
Po > 1.5.
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Also, for values of po > 10, the curves obtained give very similar performance values for
SW against pi. Figure 8.8 shows the variation of SW versus the packet arrival rate, X
(packets/second). The trends observed for Figure 8.7 also apply here.
Figure 8.9 shows the variation of SW versus the lower threshold (L or TH_L) $ for
different values of po where p i= 0 .5 and TH_H=100. As expected, the number of
switchings increase drastically as the lower threshold approaches the upper threshold
value. Figure 8.10 shows the variation of SW versus the difference between the low and
high thresholds, given by variable P. This is more or less the mirror image of Figure 8.9.
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8.2.2 Bi-Level Service Capacity Control with Switching Delays
The models studied by Harita and Leslie [58] include the point and hysteresis threshold
forms of control policies operating under bi-level service capacity control of an M/M/1
queueing system with switching delays. The channel switching-on delay is assumed to be
exponentially distributed with parameter y and the switching-off delay is assumed to be
zero. Closed form expressions for the mean number of customers in the queue are
derived for both cases.

t

Note that in Gebhard’s terminology N [ = L and N 2 — H •
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A simulation model of the M/M/1 queue under the above mentioned service capacity
control policy has been implemented and its performance under different conditions
evaluated. Table 8.1 shows the performance of the bi-level and multi-level hysteresis
threshold control policies operating under similar constraints. It is assumed that the
interface is composed of nxB channels.

Measure

Multi-level P2
(UL=4)
H=10 L=0

N
RT (ms)

5.348
333.97

H=100 L=0
48.42
3022.45

SW (sw/pkt)

0.141

0.0152

BW (BBUs)

2.277

2.031

C b w (ms/pkt)

142.19

126.91

Bi-level
(Po = 2 pi = 0.5)
H=100 L=()
H=10 L=0
5.744
359.85
0.194
2.249
140.82

50.394
3157.86
0.0199
2.018
126.53

KEY: both cases: A^=16pps, p=8pps, switching time (sw_T)=10 ms
N: Number of customers in system RT: Response Time UL: Bandwidth Upper Limit
C r w : Cost o f Bandwidth BW: Mean bandwidth used SW; Number of switchings/packet

Table 8.1. Comparison of Multi-level and Bi-level Service Capacity Control Policies
It can be seen that the multi-level control policy performs better than its bi-level
counterpart in having better Response Time at reduced number of switchings per packet
and approximately the same bandwidth holding cost.

8.3 IVIulti-Level Service Capacity Control
Multi-level service capacity control using thresholds over the queue length fonn a class
of control policies where the service capacity of the system under control can have any
one of the service capacities (usually assumed to be discrete and integral) available in the
range of a lower bandwidth (BWJLOW) and higher bandwidth (BW_HIGH). These
control policies applied to an M/M/c queueing system with variable service channels
have been studied by Moder and Phillips [108]. In Chapter 7 of this thesis, four different
control policies based on the multi-level service capacity control doctrine applied to an
M/M/1 system with switching delays were presented. As such, the author is not aware of
any previous study into this class of queueing systems operating under the said policies.
In the following sections a closer look is made into the multi-level service capacity
control doctrines.
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8.3.1 Multi-Level Capacity Control with Instantaneous Switching

The Moder and Phillips [108] model assumes a hysteresis threshold control over the
service capacity of an M/M/c queueing system. Capacity increases are assumed to occur
instantaneously by the switch-on of additional parallel identical servers (each with a
service rate p.), once the instantaneous queue length reaches the upper threshold level.
This process continues until an upper bound on the number of active servers reaches S.
Capacity decrease occurs when the instantaneous queue length falls back to the lower
threshold value. At this time, servers completing their service are switched off. This
process continues until a lower limit G, on the active channels is reached.
Closed form solutions of N (or L), the number of customers (packets or units) in the
system and Q (or Lq ), the number of customers in the waiting line for the resulting
queueing system have been developed by Moder and Phillips [108]. It has been found
that the equation developed in [108] for N, is wrong in that it gives negative results for
some settings of the variables. This expression has been re-evaluated in this research
using the system equations given in [108] and it has led to a new equation for N. It is this
modified version of the equation that is used in this chapter. A detailed analysis of the
differences in the two formulae are given in Appendix D. Figures 8.11-14 show the
performance of this class of policies under various configurations which are obtained
using equation D.2 of Appendix D.
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Figures 8.11-12 show the variation of N, the number of customers in the system versus p,
the traffic intensity. The figures show plots for different high and low threshold values,
and maximum (S) and minimum (a) number of servers allowed. It can be seen that the
two curves follow the same shape. This behaviour is characterised by the following: the
number in the system shows a fast increase at around the value of p corresponding to the
channel capacity of one server. It then levels off with a small positive gradient until the
queueing system is saturated at the maximum number of channels (servers) available.
Figures 8.13-14 show the variation of mean Response Time (RT) with the arrival rate for
p=l packets per second (pps). It can be seen that a peak in the response time occurs at
around A,=p, the service rate of one server. This compares well with the results obtained
from the simulation model for the (approximate) M/M/1 systein in Chapter 7. Note that,
Figures 7.8 and 7.9 are obtained with |i=8 pps. Hence, a scaling factor of 8 is present in
those curves.
S=3 o=1

(i=l pps.
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8.3.2 Multi-Level Service Capacity Control with Switching Delays
The author is aware of no analytic study into this class of policies. In Chapter 7 four
such policies for an M/M/1 queueing system operating under this class of control
doctrine have been presented. Various complications have been added to the queueing
system in order to make it as realistic as possible. In the following section a comparison
between the model studied in this thesis (with particular reference to Policy 2) and that
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studied by M o d er and P h illip s [108] is provided.

8.3.3 Comparison of T w o Multi-Level Capacity Control Systems

The Moder and Phillips (M&P) model resembles in many respects Policy 2 introduced in
Chapter 7. However, even here, many basic differences are recorded. The main
differences between the M&P model and the models proposed in this thesis are as
follows:
— In the thesis’ model, the threshold values are built on the number of customers in the
system (N), where else in the Moder and Phillips (M&P) model it is based on the
number of customers in the queue (Q).
— In the thesis’ model, the channel switch-on time is assumed to be exponentially
distributed with parameter y, while the M&P model assumes instantaneous
switching times.
— The thesis’ model assumes that any increase in the bandwidth of a channel is only
effective (following a switching delay) after the completion of the current packet
servicing to achieve channel synchronisation (however, the channel synchronisation
time is assumed to be zero). The M&P model assumes that a new server (channel)
can be initiated instantaneously after the crossing of the high threshold without any
notice of the state of other channels (as they form an M/M/c type queueing system).
— According to the above comparison, the value of N in the thesis’ model is reduced
only after the transmission of a packet at the new channel capacity after the
appropriate delays introduced by both the switching delay and the remaining
transmission time of the packet currently in service. In the M&P model, the queue
length Q is immediately reduced as a new channel is initiated (if a free channel
exists). When the upper bandwidth limit is not yet reached and the queue length is
one less than the upper threshold value, an arriving packet effectively initiates an
idle channel into service immediately while the queue length stays the same.
— Releasing of the bandwidth is different in the two systems. In thesis’ model, as long
as the number of customers in the system is zero only one Basic Bandwidth Unit is
released. Each further release of a BBU needs to have a packet arrival and a
subsequent departure. In the M&P model, as long as the the queue length drops to
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the lower threshold setting (qlen-TH _L), all "extra" bandwidth units (servers) are
released as soon as each become idle.
The following similarities are noted; Both the M/M/1 and the M/M/c queueing systems
give a characteristic behaviour in that the number of customers in the system increases
dramatically at high values of upper threshold settings when the arrival rate approaches
the service rate of one channel (i.e. when p=1.0). The characteristic behaviour of both
types of queueing systems is independent of the maximum number of channels used, S.

8.4

Modified Multi-Level Service Capacity Control Policies

Two simple modifications can be made to the control policies described in Chapter 7 in
order to reduce the rapid channel switching operations at the cost of some loss of
responsiveness. These are the moratorium and delayed close policies. These policies are
described in the following sections.
8.4.1 Moratorium Policy

A Moratorium Policy is a policy where a moratorium is placed on any change in the
bandwidth for a period of time T after a successful increase/decrease in bandwidth. Such
a policy will reduce the number of transitions in bandwidth over a given period of time
(or the number o f switchings per packet per unit time) compared to a similar policy
without a moratorium operating under similar conditions (arrival and service rates,
threshold levels, etc.). However, this reduction in the number of switchings will be
achieved at a cost to the responsiveness of the system to fast changes in the input traffic
rate. From control theory, this seems to be a valid trade-off.
Although not taken further in this thesis, an interesting point would be to find out if an
optimum value for moratorium exists for a given arrival and service rate combination.
Table 8.2 shows the effect of Moratorium Policy (adapted for Policy Type 1) on various
system parameters. It can be see that the effect of moratorium is to decrease the number
of switchings per packet, increase the response time and the cost of the bandwidth used.
This indicates that Moratorium Policy may be used in situations where the cost of
switching is comparatively higher than other costs.
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Measure
N
Q
RT
SW
BW
C bw

x = 0 ms
5.344
4.456
334.602
0.182
2.256
140.87

x = 100 ms
5.414
4.521
338.612
0.157
2.247
154.34

100

x = 1000 ms
6.258
5.376
390.702

0.053
2.318
159.24

KEY: using Policy 1 with A.=16 pps, ji=8 pps, UL=4 BBUs, H=10 L=0 and sw_T=10 ms
N: Number o f customers in system RT: Response Time UL: Bandwidth Upper Limit x=moratorium time
C r w - Cost o f Bandwidth BW: Mean bandwidth used 51V: Number o f switchings/packet

Table 8.2. Effect of Moratorium Policy on system parameters.
8.4.2 Delayed Close Policy
The Delayed Close policy is a type of one-sided moratorium policy. That is, it puts a
moratorium on the decrease of bandwidth of a channel whose service rate is under
control. The increase in the bandwidth is not affected by this policy. One advantage of a
delayed close policy is that the moratorium delay can be linked to the tariff structures of
the underlying communications link.
The ISDN tariff structure is described in Chapter 2 section 2.11 and its effect on Channel
Management is discussed in Chapter 4. According to these, it pays to keep a channel
open until the end of the current charging period once it is set up. There are no guidelines
as to how a channel connection cost will be calculated when the channel capacity is
allowed to vary dynamically during the life time of a connection. If the Superchannel
(see Chapter 6 for the definition) is constructed by the aggregation of n x B channels
(described in Chapter 6), then each B-channel will be charged individually. It pays then
to monitor the connection and charging periods of each B-channel comprising a
superchannel for closing the B-channel with the most suitable charging period so as to
minimise connection costs.
A simplifying assumption can be made when modelling this case with regard to the
charging periods. It may be assumed that every time an increase in the channel
bandwidth is achieved, the charging period is re-synchronised to this time (i.e. the
charges accrued so far are added up and a new charging period started). Hence, all the
calculations for the close delay can be calculated from this time. Appendix E shows
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pseudo codes implementing delayed close policy where it can be applied to the last
remaining bandwidth unit of the superchannel or to any bandwidth decrement operation.
This routine will be activated every time the queue length check indicates the low
threshold triggering. It will then invoke the function called delayed_close() to determine
weather to close channel immediately or after a delay.
A further condition set into the delayed close function could be that no further packet
arrivals should occur during the active period of delayed close operation. If packet
arrival occurs, then the delayed close would be aborted. This is done so that a channel is
not closed if packets continue to arrive after the triggering condition for delayed close.
The cost performance of the Delayed Close Policy would be heavily dependent on how
much the channel cost per unit time is and how heavily the switching operation is
penalised in terms of cost and time.

8.5 Bi-Level versus Multi-Level Capacity Control
As it can be seen from the Figures 8.1, 8.3, 8.11 and 8.12, both the bi-level and multi
level control policies perform reasonably well within the limits of their control ranges.
Multi-level control provides a smoother transition between the lower and higher service
rates. That is to say, it operates with a finer granularity. The only peculiarity of the
multi-level control appears to be situated around p=l point, i.e. the capacity of a Basic
Bandwidth Unit (BBU). Around this range, the mean number of customers in the system
and hence the mean response time both increase quite steeply. Beyond this point, the
number of customers in the system remains quite static while the mean response time
falls with increase in the arrival rate (as N/X).
Figures 8.1 and 8.3 show that the bi-level (overload/underload) control system does not
suffer from the critical behaviour around the po=l for values of pi < 1. It would
however suffer from the same problem if pi = l. It also suffers from the same
degradation in performance as its saturation point is reached at the p|=maximum value
(see Figures 8.1 and 8.3).
In Table 8.1 the multi-level Policy 2 and its bi-level counterpart are compared. When the
bi-level policy is operating at the nxB type interface, the number of switchings required
and the response time are larger than that of multi-level type policy. However, bandwidth
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holding costs are slightly less than that of the multi-level policy. If the bi-level policy is
operating at the nx64 Kbps type interface, all the additional servers needed for

can be

obtained in one setup request and hence the number of switchings will be reduced.
We make a conjecture that the multi-level control policy would perform better in the case
where multiple parallel superchannels sharing the common interface are competing for
the bandwidth. An example is given below to validate this conjecture. Assume that an
interface exists with 6 BBUs and 2 distinct and competing superchannels are operating in
parallel subject to threshold service capacity control policies. Two cases can be
visualised with regard to the number o f control levels the policies are operated at:
• Case 1: both Superchannels (SCs) using bi-level control with levels set to 1BBU
and 4BBUs.
• Case 2: both Superchannels (SCs) using multi-level control with levels set to 1BBU
(minimum) and 4BBUs (maximum), with the intermediate 2 and 3 BBUs also
available in this case.
For both cases, assuming a mean traffic arrival rate per Superchannel to be equivalent to
less than 3 BBUs (i.e. 3 BBUs would be satisfactory for performance purposes); in Case
1, as one SC grabs 4 BBUs, the other SC will have to wait for the release of the BBUs so
that it can in turn grab the 4 BBUs necessitated by the traffic arrival rate. This means that
one SC will be blocked while the other grabs the available bandwidth. During the time
the second SC is blocked, one BBU will be un-usable and hence wasted. In the Case 2
however, since all the levels between 1-4 BBUs are allowed, the two SCs will operate at
any bandwidth in this range as the arrival rate dictates.

8.6 Practical Aspects
Both the bi-level and multi-level control doctrines would be overwhelmed if traffic
intensities greater than their static control ranges occur. This can be prevented by having
an adaptive scheme where the control range is varied according to the congestion at the
queue as well as the bandwidth available at the interface and the contention for it. Two
methods can be used for the adaptive mode of operation.
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• Multiple thresholds: For a two threshold pair system, the higher threshold of the
second pair could be set to a value greater than that of the higher threshold of the
first pair while the lower thresholds could be identical. If the number of customers
in the queue grows to the higher value of the second threshold, this can trigger a
higher p !1 value for the bi-level control, which is then kept until the number in the
queue is reduced to the lower threshold. At this point the system reverts back to the
(lower) pi value. A major problem with this method is that in the case of blocking
of the higher service rate request of this queueing system due to bandwidth
contention, its queue length will grow with time causing it to cross one or more
higher threshold pairs. This will then precipitate further blocking since the higher
thresholds will need more channel capacity. In the multi-level control, this problem
will not occur to the same degree.
• Variation o f the control metrics: This method necessitates the variation of the
values of the po~ pi pair in the case of a bi-level control doctrine and the variation
of the threshold levels rather than their form in the case of a multi-level control
doctrine.

8.7 Summary
Service capacity control doctrines based on the threshold control principle can be
classified into different categories according to the. form, number o f control levels and the
number o f thresholds (or threshold pairs). The form of the threshold policy may be
simple or hysteretic. The number of control levels can be uni-level, bi-level or multi
level. The number of thresholds or threshold pairs can be single or multiple. Threshold
based service capacity control where the increase in the service capacity is achieved after
a random delay (exponentially distributed with rate y) has recently become of interest due
to the ISDN multi-channel capabilities and channel switching delays. Bi-level and
multi-level service capacity control form good policies for threshold control of queueing
systems. A subtle modification to the multi-level service capacity control doctrine
introducing the Moratorium policy is shown to reduce the number of switchings per
packet per unit time at the cost of reduced responsiveness of the control system. A
Delayed channel Close policy is proposed for utilising the whole of the charged period in
an expensive tariff environment. We conjecture that the multi-level service capacity

control is more flexible in an environment where multiple parallel Superchannels
compete for the available bandwidth at a common interface. Analytic results for their
relative performance under such conditions remains to be developed. However, we
demonstrate the advantage of the multi-level service capacity control over its bi-level
counterpart under certain conditions by way of an example.

Chapter 9

CONCLUSIONS
and
FURTHER RESEARCH WORK

9.1 Introduction
The first section of this chapter presents an overall summary of the thesis and lists the
main conclusions. The major findings of the thesis and its contributions to the literature
are presented in the following section. The final section presents a discussion on the areas
of further work that is relevant to the topics discussed in this research.

9.2 The Overall Sum m ary
ISDN with its world-wide standardisation, end-to-end digital connectivity, multiple user
channels available at the user-network interfaces (UNI) will provide switched and non
switched services based on the circuit and packet switching. A message based Common
Channel Signalling facility with fast switching speeds and low Bit Error Rate (BER)
connections will provide a suitable means for dynamically controlled multiple
connections at the UNI. This represents a new development in the wide area networking
as its coverage will be global and its access points ubiquitous.
A parallel development is happening in local area networking based on multiple LANs
interconnected by repeaters and bridges across which many hundreds of very high
performance workstations, hosts and file servers share infonnation and services. There is
an ever increasing need for individual LAN users to access or exchange information
resident or shared across their local boundaries. ISDN with its advantages over the
existing Private and Public Data networks with regard to its wider area coverage,
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integration of services and the provision of a limited set of universal access standards, is
a viable alternative in LAN-LAN interconnections.
Private and Public wide area networks have traditionally created closed user groups, in
that the protocols used over the network have been restricted and they offered either a
packet or circuit switched service over leased and switched lines respectively. In the
ISDN era such limitations are not prescribed. The users are allowed to choose their own
services and protocols dynamically.

There is however a need that the two

communicating ends must be able to support interworking with each other. This usually
means operating a similar set of communication protocol stacks or some form of
translation between their stacks. What is more important is the provision of similar
services across the connections.
Connectionless (CL) mode of operation has been traditionally favoured by the data
communications people, due to its datagram approach which suits the bursty nature of
computer data. A wide user base exists in LANs using CL mode of operation although
CO (e.g. X.25) is also available. The OSI Reference Model prescribes interconnection of
networks at the Network Layer or below. As the main interest of this thesis has been the
interconnection of LANs using ISDN, we have concentrated on the Network Layer in
line with the OSI RM principles.
Very little work has so far been done in the ISDN circles regarding the use of CL
Network Protocols over the ISDN. Again, due to the wide-spread use of CL protocols
over LANs and the need to have the applications currently running over them to be
ported with little or no modification to LAN-ISDN-LAN interconnections, there is a great
interest in the CL interworking over circuit switched ISDN B-channels. One of the
greatest advantages of CL datagram working is the inherent packet multiplexing feature
(also applies to the CO Virtual Circuits). Since each packet is routed individually to its
destination, multiple source to destination pairs can operate over the same link between
two relays. A LAN-ISDN relay operating a point-to-point circuit switched link to a
remote counterpart may multiplex all the traffic to that destination relay. This gives rise
to a model where a random number of user processes (running on the same or different
hosts/workstations) at a LAN request sessions of random duration to a given destination
LAN (i.e. to processes running on hosts/servers/workstations). As some of these sessions
join in and leave the on-going activity between the two relays across the ISDN, the

aggregate traffic now looks as a session which has a variable bandwidth in time. Such
systems can be modelled as Poisson sources with stochastically varying rates of two or
more phases.
Present ISDN tariffing structure treats data over circuit switched B-channels in a similar
way to telephone calls. This means that when the channels are not needed they should be
disconnected in order to save costs. On the other hand, an increase in the packet arrival
rate of an aggregated traffic source (at a given service rate) may change over the course
of one end-to-end link session. In order to avoid building large packet queues and hence
introducing unacceptably large queueing delays (and hence user perceived response
times), it is necessary to dynamically adjust the channel capacity (bandwidth) of a link.
The above basic requirements lead us to the domain of Dynamic Channel Management
(DCM). Two main problems are encountered in DCM. First, when to connect/disconnect
a link. Second, when and by how much to increase/decrease the bandwidth of that link.
The latter problem can be

referred to as Dynamic Bandwidth Management. Associated

with the above is the Bandwidth Access Control which can be used to detennine the
access rights of competing customers (e.g. packet data sources) in case of bandwidth
contention. A further management problem is the determination of what types of
channels to connect, disconnect or aggregate in the case where the ISDN interface is
composed of multiple channel types. This is a lower level management decision and has
not been pursued in this thesis.
In this thesis a Dynamic Channel Management Architecture based on the Status Table
method is proposed. In this method, the status of an ISDN interface is continuously
monitored and updated in order to be able to make some management decisions. In the
case of Dynamic Bandwidth Management at the Primary Rate ISDN (PRISDN) access
point,

the

effective

link

bandwidth

between

the

two

end

relays

can

be

increased/decreased by the addition/deletion of additional Time Slots (TSs) in a Time
Division Multiplex (TDM) frame to that link. However, at this point another problem
needs to be considered; that of the resulting queueing system.
Considering a PRISDN interface configured with 30 B-channels, each B-channel is
formed by the use of a given Time Slot in every successive TDM frame. Each TS or Bchannel can then be considered as a Basic Bandwidth Unit (BBU). Three queueing
systems can be formed at this interface when multiple TSs are used for the same link. If

each TS is given a separate queue and considered as a separate server, an rcxM/M/l
queueing system results. If each link is given a single queue but can have multiple
identical servers attached to it where each server serves a complete packet, an M/M/n
type queueing system results. If in the latter model, each TS attached to the same link is
used to transfer the consecutive bytes of the same packet, then an M/M/1 queueing
system with capacity aixBBU results (also referred to as the fat pipe or Superchannel).
Classical queueing theory results show that the Superchannel model is superior to the
other two models.
The first two models suffer from the loss of packet sequencing which must be corrected
by the end-to-end Transport Protocol if operating over a CL Network Protocol.
However, the Superchannel model necessitates the solution of the Time Slot Sequence
Integrity (TSSI) problem which results when different time slots switched through
different switches and paths of the network are used as a fat pipe. This has been the topic
of some recent research and viable solutions exist.
A Superchannel, defined as a channel of arbitrary bandwidth (in integer units of BBUs
available at the interface) can be formed by the aggregation of basic channel types
tenned Physical Channels in this thesis (e.g. nB+mH) or by the /2x64 Kbps service
expected to be available in the future. In addition to the TSSI problem, the aggregation
method suffers from the Superchannel identification problem at the user-network (UNI)
as well as user-user (end-to-end) interfaces. Furthermore, the nxB method and the
aggregation method both suffer from the lack of dynamic bandwidth variation facility at
the UNI. The CCITT Recommendations of the I-Series have no provisions for the above
problems. For the Superchannel identification problem, we propose the use of a
Superchannel Identification Protocol over the user-user signalling facility at the call
setup time or the modification of the Call Reference or the Channel Identification
Information Element. For the dynamic bandwidth variation problem, a new message type
called the Vary Bandwidth message and the accompanying Bandwidth Information
Element are proposed in this thesis.
The problem of Dynamic Bandwidth Management of communication links where the
line capacity can be varied can be modelled in the same way as the Service Capacity
(Rate) Control of the resulting queueing system. Various control doctrines based on the
threshold control placed over the instantaneous or average queue length or the packet

arrival rate are available from previous research. The threshold control doctrines can be
classified according to their form , number o f capacity control levels or the number o f
thresholds used. Analytical results for the threshold control using uni-level and bi-level
capacity control employing the instantaneous queue length as the control metric for an
M/M/1 queueing system with or without capacity switch-in delays have previously been
developed. Analytical results for the same but using multi-level capacity control for an
M/M/c queueing system with zero switch-in delays are also available in the literature.
However, we are not aware of any such analytical work for the case of an M/M/1
queueing system with multi-level capacity control with or without capacity switch-in
delays.
In this thesis, we propose four basic Dynamic Channel Management Policies (P1-P4)
based on multi-level capacity control for M/M/1 queueing systems and analyse their
performances under different settings. It is shown that the characteristic behaviour of this
system is not much different from that of an M/M/c queueing system operating under
similar control doctrines. The critical part of the performance occurs at around the one
BBU capacity (p=l), as well as the expected maximum channel capacity allowed (e.g.
p=30). This system has the advantage of varying the service capacity in units of 1 BBU,
and hence can operate at any service capacity available to it. Bi-level Service Capacity
Control doctrines have a smoother response within the control range. However, they
suffer from the need to operate at the set upper channel capacity which can be several
BBUs, hence becoming prone to blocking under bandwidth contention. Both doctrines
need an adaptive control algorithm in order to dynamically adjust various control
parameters of the underlying policies used. Variations on the multi-level control doctrine
for Delayed channel Close and Moratorium Policies can be devised to limit the number
of switchings per second during the control phase.

9.3 M ain C ontributions of this Research
The main contributions of this research are as follows:
• Studied the different methods of usage of multiple ISDN channels in the context of
packet data communications.
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• Identified the need for Channel Management in Multi-Channel NL Relays.
• Formulated the Channel Management Problem in the context of a CL-NL Relay.
• Designed a Channel Management Architecture for a CL-NL Relay.
• Formulated and designed a simple but novel protocol for Superchannel formation
operating over the User-User Signalling facility in ISDNs. Also proposed new
Information Elements and Modifications to the existing ones for the Dynamic
formation and Management of Superchannels.
• In the case of the multiple parallel channels model, studied the relevance of
different packet scheduling strategies on Dynamic Bandwidth Control policies.
• Studied and defined some measures of "goodness" for Channel Management
Policies.
• Proposed a new taxonomy for the threshold control doctrines such that their
classification is possible according to their form, number o f capacity control levels,
and the number of thresholds used.
• Formulated four different Channel Management Policies (CMPs) based on the
multi-level hysteresis control doctrine and studied their performance in relation to
bi-level hysteresis control doctrines. Two modified CMPs, the Moratorium and
Delayed Close Policies have also been proposed.
• In the case of the M/M/c queueing system operating under a bi-level hysteresis
threshold control doctrine, the system equations found in the literature have been
re-evaluated for the number of customers in the system, N and the error in the
existing formula has been corrected.
The main conclusions of this research are as follows:
1.

Dynamic Channel Management (DCM) is an important issue in the multi-channel
user-network interfaces of ISDNs. Common Channel Signalling, end-to-end digital
connectivity and the fast switching characteristics of ISDN enable dynamic control
of user channels leading to efficient and economic use of the available bandwidth.
This is shown to be practicable in this thesis using the Status Table approach. One
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of DCM

is shown to
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LAN-ISDN

and
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LAN-ISDN-LAN

interconnection. A variant of the latter has been shown to support ATM type access
using Dynamic Bandwidth Management [58].
2.

Multiple channels in the ISDN user-network interface can be used in a variety of
ways leading to different queueing system designs including n x A/B/l, A/B/n, and
variable capacity A/B/l queueing models. Service capacity control of a single queue
system (i.e. A/B/n and variable capacity A/B/l) leads to simpler interface designs.
The advent of VLSI chips for the ISDN interface implementing variable capacity
channels means that a variable capacity A/B/l model is viable. However, this brings
protocol and Time Slot Sequence Integrity (TSSI) problems with it. These are
discussed below.

3.

The CCITT Recommendations of the Series-I (for ISDN) define only fixed size user
channels. Superchannels of larger bandwidth can be formed by the aggregation of
these channels. The TSSI problem can be solved by using either hardware and/or
software techniques to equalise the delays experienced by different time slots within
a TDM frame. There is however an Superchannel Identification problem in the
aggregated superchannels. This is shown to be surmountable by the use of a
Superchannel Identification Protocol proposed in this thesis. Extensions to the
existing D-channel Signalling Protocol (Q.931) Call Reference and Channel
Identification Information Elements are also proposed in order to alleviate the above
problem. Dynamic variation of Superchannel bandwidth is also possible using the
above protocols and a new message type labelled Vary Bandwidth and an
accompanying Bandwidth Information Element proposed in this thesis.

4.

Multi-level Service Capacity Control using Hysteresis threshold doctrine is shown
to be a good candidate for Dynamic Channel Management in Circuit Switched
Narrowband ISDNs. Four Control Policies are proposed and their performances are
evaluated using a simulation model.

5.

The characteristic fonn of behaviour of the multi-level hysteresis service capacity
control doctrines do not change with switching time delays.

6.

The bi-level control doctrine behaves more smoothly over its control range, while
the multi-level control doctrine suffers a critical behaviour syndrome at around the

p=l point. However, the latter is conjectured to be better under bandwidth
contention scenarios.
7.

Adaptive control can be used to improve the effective control ranges of both the bi
level and the multi-level hysteresis control doctrines.

9.4 Further Research Work
This research, in line with any in depth analysis of a research topic, has highlighted many
more questions than it has answered. The main approach taken in this thesis has been
that of practicability and experimentation. The models considered are quite complex in
that the devised policies are state dependent control doctrines. The author knows of no
other work in the field of Channel Management in ISDNs (except the Unison work on
Bandwidth Management [58] ). The main areas of further research are considered below
under the following topics; analytic modelling, effect of different threshold policies,
performance of channel management policies (CMPs) under contention, perfonnance of
CMPs operating on both sides of a link, extension of control models to stochastic arrival
rates, QoS queueing, effects of channel management policies on higher layer protocol
perfonnance (e.g. Transport Protocol), and the game theoretic aspects of control
policies.

Analytical Solutions

Analytic solutions of closed form for the various parameters of the queueing systems
formed under the Multi-level Service Rate Control (SRC) Policies presented in this thesis
would be a difficult but challenging research. The author knows of no such solutions for
the M/M/1 queueing system operating under the multi-level SRC doctrines. It is of
course a matter of research to extend these results to other queueing systems (e.g. G /G /l).
The same could also be extended for different queueing systems operating under finite
channel switch-on/off times.

Effect of Different Threshold Policies

Threshold Policies form a wide class of control policies and with simple modifications
different perfonnance characteristics can be obtained.

• Delayed Channel Close Policy: tariff structures are taken into consideration when
decreasing bandwidth or closing down channel.
• Moratorium Policy : smooths the reactivity of the normal strategies, reducing cost at
the expense of responsiveness.
• Threshold over the Average Control Metric Strategy: This strategy also smooths
the reactivity of the standard strategy chosen.
The study of the above modified policies is of importance in deciding their relative
merits.

Performance of Channel Management Policies under Contention

Obtaining the performance of multiple superchannels set-up at the same interface (i.e.
sharing the interface bandwidth) and operating Dynamic Bandwidth Management
policies that could be based on identical or different control doctrines would be an
interesting but difficult challenge as the behaviour of one superchannel will not be totally
independent of the other. As an example consider the following: two superchannels
operating under the bi-level or multi-level hysteresis control doctrines. The evaluation of
performances of Dynamic Bandwidth Management (DBM) policies under bandwidth
contention would be of great importance in the comparison of different control doctrines.

Performance of Channel Management Policies Operating on Both Sides o f a Link

Another interesting research problem is the evaluation of system performance when
DBM policies are operating on both sides of a link. The bandwidth requirements of
traffic in both directions cannot be expected to be the same over a period of time. Under
such a condition, the side with the higher bandwidth requirements will try bandwidth
increase while the destination side will request a decrease in the bandwidth of the link. In
order to avoid one side increasing and the other decreasing the link bandwidth constantly,
some form of convention or co-operation is needed. The game theoretic aspects of this
problem are also discussed below.
Four different scenarios can easily be visualised for the above configuration. The first
two scenarios include the same type of control doctrine operating on both ends of the link
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with and without symmetric traffic loads. The third and the fourth scenarios involve the
use of different control doctrines operating on either side of the link with symmetric and
non-symmetric traffic loads respectively.

Various Arrival and Service Distributions

Analytic or simulation performance models for the control doctrines can be extended to
include general arrival and service time distributions. Although Poisson traffic source and
exponential service time assumptions simplify the model evaluations, the performance of
the system under other distribution assumptions would shed further light to the system
behaviour. Of particular interest in recent years is in the doubly stochastic arrival
distributions. The LAN-ISDN Relay traffic which is a multiplex of traffic sources which
are randomly joining or departing from the link main stream traffic flow produces a
stochastically varying arrival rate. The system behaviour under these assumptions would
show the effect of such stochastic variations in system parameters and test the control
policy with regards to its responsiveness and efficiency.

QoS Queueing

Quality of Service parameters in the Connectionless Network Layer protocols indicate
the required throughput and reliability. The delay parameter can be used to determine
how to treat the packet with regard to the queueing policy. Multiplexing several traffic
sources with widely different QoS requirements and applying a DBM doctrine overlay
may produce undesirable effects on the performance of certain types of traffic. The
effects of this type of queueing on individual traffic perfonnance needs to be defined and
expressed quantitatively.

Effects on Transport Protocol Performance

The OSI Reference Model specifies that the Transport Service must have end-to-end
significance. A Transport Protocol using the window flow control method usually
determines the window size dynamically. For this, the Round Trip Delay (RTT, round
trip time) is calculated which is then used to detennine the best window size for the
session. A mechanism used in the acknowledgements can show weather this RTT
estimate has changed and the new RTT cm be used to re-calculate the best window size.

When increases in the window size are made this is usually done by doubling the window
size. Similarly, any reduction in window size is done by halving the current window
size.
When such a Transport Protocol is employed over a Connectionless Network Protocol
(CLNP) which itself is subjected to a Channel Management Policy in a CL-NL Relay,
the net effect on the RTT will be one of varying delays. This will cause the TP to adjust
and re-adjust the window size of the session. The behaviour of such a system can be
studied either by a simulation or an analytic model. This research will be of great value
to performance engineering of LAN-ISDN-LAN interconnections undergoing Dynamic
Channel Management at the access points.

C am e Theoretic Aspects

Dynamically varying the number or type of circuit switched LAN-LAN interconnections
using the ISDN is a possibility as the PRISDN channels are used to interconnect LANs.
Current tariffing of ISDN lines are such that the calling party pays the cost as in the case
of telephone calls. Under such circumstances, that is cases where sharing of costs
between two sites is not agreed, it pays a node to delay the transmission of non-time
critical data (e.g. electronic mail) over lines established by its would be destinations in
order to save running huge bills. If co-operation exists between the two sites they would
not try to "out-smart" the other. However, a co-operation agreement between each and
every LAN user can not be expected. Another problem occurs if both sides of a
connection operate a Dynamic Channel Management strategy, where the strategies
employed could be same or different. A devious node monitoring the traffic arrival rate
from its destination could intentionally try to close some of the channels initially opened
by itself hence forcing its destination to compensate by opening new channels and then
using these channels for its own means while paying less for its requirements. From the
above short discussion it is obvious that co-operating and non-cooperating zero-sum
games can be constructed, the results of which will be important to LAN-ISDN Relays.

APPENDIX A

MODELLING an ISDN INTERFACE

Modelling of communications systems is a necessary and useful process in the
application of queueing theoretic and/or simulation techniques to analysing performance
of a design or system. This appendix describes the modelling of a well established Port
Interfacing technique found in many modem communications equipment. This type of
interfacing technique is assumed to exist in the Ethemet-ISDN Relay described in
Chapter 5 and the simulation model used in Chapter 7.

A .l Modelling An ISDN Interface
An ISDN interface is a collection of hardware and software elements providing a
communications function between the system interfaced and the ISDN.

A .1.1 H ardw are Interface
For simplicity it can be assumed that the processing node or system is composed of a
single main processor on a Host Processor Board (HPB) and the communications ports
are formed by the attachment of single or multiple communications Port Interface
Boards (PIBs) to the system through a bus architecture. Such system architecture is
shown in Figure A.I.

The host processor and the interface port processor can

communicate with each other using a program which resides in the host memory, called
the Port Driver (PD). The PD separates the hardware specific features from the host by
providing a standard software interface to the host. A set of primitives aid the operation
of the PD and the host as well as the Port Interface Processor (PIP or PP). A Port
Command (PC) capability gives the host processor ability to instruct and communicate
with the PP.
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Figure A.l A Simple Port Communication System Architecture.

At the software initialisation, a sequence of Port Commands are issued which prepare the
Port Intel face Board (PIB) for the Transmit (Tx) and Receive (Rx) services. The hostport processor communication is done through Dual Ported Memory (DPM) or what is
sometimes called the Global (Shared) Memory locations. A typical host-port processor
communication data -structure set-up is shown in Fig. A.2. The communication between
the host and the PP is achieved by the use of:
• Port Control Block shared data structures (PCBs).
• Port Control Registers (PCRs).
A similar set-up is available for communications between the PP and the Port Interface
Communications and Control Unit (PICC). The PICC unit has a set of communications
VLSI chips which are capable of handling a multitude of channels as well as some on
board memory, Direct Memory Access (DMA) and Synchronous Data Formatting (SDF)
capabilities [3]. Again, the communications is achieved by using some Control Block
and shared memory locations. Transmit and Receive Descriptor Rings are usually used to
form a linked list of transmit and receive buffers. The control block may have
sub_control blocks for chip attention, channel configuration and interrupt queue pointers.
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Figure A.2 A Typical Host-Port Processor Communication Data Structure setup.
Chip sets are now available for ISDN interfacing, which are capable of operating
multiple channels in duplex fashion as well as providing arbitrary and dynamic Time
Slot-to-Channel assignment [3], Hence, they can provide super channels, Data Link
Layer formatting (e.g. HDLC), transparent operation mode, and variable bit rate control
on channels. Two different interface configurations can be defined.
1.

Single Port Processor Interface Board Architecture

2.

Multiple Port Processor Interface Boards Architecture

In the first configuration a single Port Interface Board (PIB) is available and its control is
simpler than the second case where multiple PIBs are available. The second
configuration results if the B and D channel processings are handled by separate
dedicated processors and their respective boards. Also multiple B channel port processors
may be employed for speed reasons and this could result in multiple interface boards
(e.g. ESPRIT project PROOF’S Ethemet-ISDN Relay [80] architecture). The second
configuration necessitates complex board management for access to the system bus and
the shared memory. Hence, for simplicity, in the rest of this discussion only the first
configuration will be dealt with.
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A. 1.2 Main Assumptions

The following assumptions are made regarding this interface:
• The PP is fast enough to appear transparent to the following operations:
(i). Transmission (Tx): Reading from Tx ring on DPMI and placing it in the right
channel descriptor ring/buffer on DPM2.
(ii). Reception (Rx): Reading from Rx rings of each channel is done on interrupt
pulse; assume service is instantaneous.
• Each DLL (HDLC) frame carries one internet (IP) packet.f

A .2 Main Duties of the Port Processor
The following are assumed to be the main duties undertaken by the Port Processor (PP):
1.

On interrupt from Port Driver: read from DPMI to DPM2 the packet to be
transmitted.
• Access DPMI over System Bus and copy Tx packet into DPM2 buffer.
• Fill in the Tx Descriptor Ring for that channel.

2.

On interrupt from PICC: read from DPM2 to DPMI.
• Access DPM2 and copy Rx packet to DPMI over System Bus.
• Fill in the Rx Descriptor Ring for that channel.

3.

Process D-channel signalling (i.e. service Transmit and Receive signalling queues).

4.

House-keeping jobs.

A.6 Software Interface

The software interface is at two levels; the protocol level and the process level. The
protocol level interface is mainly at the Data Link Layer (DLL) in the form of framing.
t

The maximum frame length for HDLC on the SPYDER chip 13] is 4 - 8191 bytes for the Rx frame.
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sequencing and error recovery. VLSI chips operating at the DLL (e.g. HDLC) are
available. These integrated circuits present an interface at the primitives' level to the user
or processes.
The process level interface can operate on interrupt or polling principles. The PP has
several processes running concurrently whose number may vary according to the design
and operational conditions (due to spawning or killing new or existing processes to deal
with certain aspects of interface operation). A software structure where a central Control
Pi •ocess forms the basic interface to the processes mn by the host processor can be
assumed together with B and D channel processes and a Low Level Control Interface
Process (LLCIP) for the chip level interfacing (see Figure 5.4).
The placement of various Channel Management Functional Units are discussed in
Chapter 5. According to Figure 5.4, the Main Channel Management Routine (CMR) and
the associated Channel Status (CST) and Routing Tables are placed in a process which is
run on the Host Processor (HP). The CMR and the CST could alternatively be placed in a
process mn by the Port Processor (PP). This would reduce the number of transactions
across the system bus and probably speed up the overall system. It has the disadvantage
of loading the PP with the implementation of the Channel Management Routine. This
could overload the PP when all the channels are active. In this thesis the CMR is
assumed to mn on the host processor.

A.3 Simulation iModel
The granularity at which the simulation of any system is carried out depends upon the
performance measures to be used as well as the detail required. Often, major simplifying
assumptions are made. In our case, with reference to Figures 5.4, 5.9, A.l and A.2, the
following simplifying assumptions are made:
1.

The packets arriving from the ethemet can be simulated by a Packet Generator
(PGEN) which can be set to generate packets according to specific distributions (e.g.
Poisson). Packets arriving from the ISDN side of the interface and going to the
Ethemet can be simulated by a Packet Sink (PSINK). Both of these features are
incorporated within a USER Module in the simulator (see Figure A.3).
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The Host Processor runs two main processes: The Internet Protocol Relaying
Process (IPRP) and the Isdn Routing Process (IRP). The Isdn Driver Process (IDP)
and the Address Resolution (protocol) Process (ARP) shown in Figure 5.9 are
assumed to occupy very little processing time and hence to be transparent. The
resultant system is simulated in the Relay Module (RLM). The host processor is
shared between the IPR and IR Processes in the following manner. Each process has
an event queue and is deemed runnable if there is at least one event in its queue. A
process is run to completion by reading the next event from its event queue. At
completion, the control is passed to the other process if it is marked runnable, else
the same process schedules another event. This is Round Robin scheduling with
processes run to completion. This is very similar to the real-time executive
CMOS [141,142].
The IR Process (IRP) deals with two types of events: packet data and internal call
control (and Channel Management) messages pertinent to the D-channel signalling
(see Figures 5.4, 5.5 and 5.10). These messages are given priority over the data
packets by queueing using the LIFO principle.
The processing times incurred by the IPRP and the IRP (see Figure 5.9) are fixed
constants. This,may not be true in reality as the CMR which runs as a function
within the IRP (see Figure 5.4) may take different times to make the necessary table
searches of CST and decisions. These timing factors are not simulated in detail.
The Port Processor on the Port Interface Board runs the BCP, DCP and the LLCIP
(see Figure 5.4). These are modelled simply within the ISDN Interface Module
(IIM) in the simulator (see Figure A.3). The PP is assumed to be very fast while the
processes BCP, DCP and LLCIP are assumed to execute in negligible time. Hence,
all of these processes are assumed to mn transparently such that process swapping
and time consumed in dealing with each input/output request is negligible to cause
processor event queueing. Indeed, these assumptions make the simulation model
more akin to a multiple-board interface described earlier where two separate
processors mn in parallel: one for the BCP and one for the DCP.
The transactions across the System or Local Buses shown in Figure A. 1 are assumed
to suffer no contention delays and take negligible tune.
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The above assumptions allow us to concentrate on the behaviour of the Bandwidth
Management Policies rather than the performance of interface hardware and software
configurations. The effective simulation model for each node is shown in Figure A.3.
IPRP

RLM

(HPB)

PGE

PSI

USER Module

B-CH
(In)

B-CH

D-CH

(Out)

IPRP: Internet Protocol Relay Process IRP: ISDN Router Process HPB: Host Processor Board
PIB: Port Interface Board RLM: Relay Module IIM: ISDN Interface Module
PGEN: Packet Generator PSINK: Packet Sink B-CH/D-CH: B/D Channel

Figure A.3 Ethemet-ISDN Relay Simulation Model
The full simulation model includes two such nodes back to back with a simulated ISDN
interconnecting them. All the experiments described in this thesis are conducted with
only one node transmitting and the other receiving (simplex operation).

A.3.1 Simulation Timings
Both the IPRP and the IRP processes are assumed to add a fixed service time to each
event (packet or message) processed. This can be user selected, but their values are set to
10-9 seconds. A fixed packet processing time is assumed to be added to every data packet
transmitted and received within the PfB unit which is simulated by the IIM module. The
received data packets incur an additional interrupt time. Both the service and interrupt
times are set to 10-9 seconds. The Transmission Delays for the D-channel signalling
messages are shown in Appendix C Table C. 1. In addition to these, a fixed LAP-D (Layer
2) processing delay of 10~3 seconds is added to every D-channel message except the
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Change Bandwidth (CH_BW) message described below.
In the case of superchannel experiments where the bandwidth of an existing channel is
increased or decreased, a fixed or random switching time can be selected at the run time.
The random switching time can be generated within the simulator ISDN Interface
Module (IIM) according to any distribution, however this has been set to exponential
distribution in this thesis. The bandwidth change of an existing channel between two
nodes is simulated by using a special message CH_BW which can affect bandwidth
changes in units of greater one 64 Kbps. As it also incorporates random or fixed
switching times, a further LAP-D delay is not added.

A.3.2 A Queueing Network Approximation

The full queueing model of the simulated system including threshold control of the
service rate and incorporating the various processes and their interaction is difficult to
develop and solve in the light of the timing assumptions made in the previous sections.
A simplification of the simulated model can be achieved in order to obtain a static
queueing model of the system by the following assumptions:
1.

Simplex operation mode

2.

Poisson arrivals,

3.

Fixed processing times for the IPR and IR Processes of Relay Module

4.

Single fixed capacity channel

5.

Infinite process queue size

6.

An error free transmission channel

7.

No propagation delay.

The first assumption removes the PSINK and B-CH (In) routes of the IPRP of the Relay
Module (see Figure A.3). The second and third assumptions lead to a an M/D/1 model for
the Relay Module (RLM). The fourth assumption removes the D-CH loop from the IRP
of Relay Module, and specifies a single B-CH (Out). The last three assumptions simplify
the model. Given assumption three, the resulting tandem queueing network is nonJacksonian [51,52,57]. Furthennore, since all First In First Out (FIFO) stations do not
have exponential service time distributions, the BCMP theorem [6,51,52,74] can not be
used. Since a closed form solution can not be obtained, the Decomposition Method based
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on the diffusion approximation and developed by Gelenbe and Pujolle [50,52] can
suitably be used. The resulting queueing network is shown in Figure A.4 and the
equations applicable for using the Decomposition Method are shown in equations (A .l)
and (A.2).
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Figure A.4 Queueing Network Approximation
From Gelenbe and Pujolle [52]:
Kdj —

5 jK C ; —Dfty + 1} "KiPij

C j — —I + pf(Ksj+i) + (1—py) (2 py + 1 + Kaj)

(A .l)
(A.2)

where Ka and Ks are the square of the variation coefficients (SVCs)t of the arrival and
service distributions respectively, C t is the SVC of the intervals between two departures
from station /,

is the probability of a packet going from station / to station j and pj is

the traffic intensity at node j. These equations can be used recursively to obtain a
solution. The approximate queueing model may also be used to validate the simulation
results.

A.4 Summ ary
In Appendix A the problem of ISDN interface modelling has been described. A plausible
model is developed and its basic operation is presented. Furthennore, a simulation
model is developed after making assumptions about the nodal hardware and the software.
This model is used in the simulation experiments described in Chapter 7. An approximate
queueing model for the access node is then obtained by making further simplifying
f

- variance

mean 2

assumptions. This model can be solved analytically by the use of a D ecom position
Method developed by Gelenbe and Pujolle [52].
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APPENDIX B

ISDN SIMULATOR VALIDATION

This section describes the models used for the ISDN simulator (ISIM) validation. The
simulator is validated using several models of increased complexity. Firstly, the
simulator is validated against an M/M/1 queueing system. Secondly, it is validated
against Gebhard’s model [49] which describes the M/M/1 queueing system operating
under the bi-level hysteresis Service Rate Control (SRC) doctrine. Thirdly, it is validated
against the M/M/c queueing system operating under the multi-level hysteresis service rate
control doctrine studied by Moder and Phillips [108]. Although this model is different
from our M/M/1 queueing system with variable service capacity, operating under a
muli-level hysteresis control doctrine, the results obtained would be close enough to show
that the simulator is well behaved within the range of inputs used. The following
sections provide a comparison of the theoretical and simulation results for the above
models.

B .l The M/M/1 Queueing Model
This is the simplest queueing model whose performance parameters are given by the
classical results [81].
is the traffic intensity

(B.l)
(B.2)
(B.3)

where N and Q are the mean number of customers in the system and the queue
respectively, X and p are the mean packet arrival and service rates (in packets per
second) respectively, and RT is the mean response (sojourn) time.

r\ppcncilX l> AID

Figure B.l shows the results of the plot for equation (B.l) for N versus X and the
corresponding result obtained by using the Isdn SIMulator (ISIM). Table B.l compares
values of N for an M/M/1 queueing system obtained by analytical and simulation
methods.
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Figure B.l. Mean number in system, N vs X and the ISIM model (p. = 8 pps).
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4 .9 2 3 2

1 2 .3 2 4 4

1 5 .6 9 9 3

2 6 .0 3 9 9

N um ber o f custom ers in the system

V a r .:

variance

Table B.l. Table showing the values of N obtained for selected values of
X using analytical and simulation methods (p = 8 pps).
All the simulation results are obtained using a sample size of 100,000 packet
transmissions, and a mean packet size of 1000 bytes for each of the 5 replications
collected for each point on the graph. Furthermore, the timings for processes are set as
described in Appendix A. Given that

Y,

are the means of individual runs and

R

is the

a p p e n d ix t> z i o

number of replications, we get the following results (MacDougall [102] ):
R Y,
Y = 2^-p- ,
(L -n 2

where Y : sample mean.

(B.4)

where s 2 : sample variance.

(B.5)

where H : half -width and (1 - a ) : conf idence level. (B.6)
where Cl : confidence interval.
RCIH =

100%

(B.7)
(B.8)

Typically, simulation results are required at an accuracy of 10% at 95% confidence
level [102]. Accuracy or the Relative Confidence Interval Half-width (RCIH) gives a
measure of accuracy of the estimated mean value. For example, for X = 5.0, we can say
that we are 95 percent confident that the confidence interval contains the distribution
mean p., and that we are equally confident that Y is within 2.065 percent of jl (see Table
B.l). All the calculations in Table B.l are made with 95% confidence level, while the
accuracy values are given as percentages and vary with X due to the fixed sample and
replication sizes.

B.2 M/M/1 under Bi-Level Hysteretic Service Rate Control
Gebhard’s study [49] provides closed form expressions for N and Q for an M/M/1
queueing system operating under a bi-level hysteresis service rate controldoctrine. A
simulation model close to the analytical queueing model can be constructed using the
ISIM simulation package. Figure B.2 shows the variation of the queue length, Q, with
threshold high (TH_H), where threshold low (TH_L) is set to half the value of TH_H, in
both the analytic and simulation models. Table B.2 compares the Gebhard’s model
results to the ISIM results. The simulator results have been obtained by imposing a
hysteresis threshold control on the channel queue in the II-module (ISDN Interface
Module - see Appendix A). The packet sizes used are exponentially distributed with
mean 40 bytes. Packet arrival distribution was set to be exponential with rate A,=800
packets per second (pps).

p0 = 2 .0 ; p i = 0 .5 ; T H J I = x ; T H _ L = x l2
: A n a ly tic a l (G e h l u ir J 's ) m o d e l
..o .. : I S I M x l O

0

100

200

300

400

500

600

700

800

900

1000

T H _ H (p k ts )

Figure B.2. Mean queue length, Q vs TH_H for the analytic and simulation models
(pO = 2.0, pi = 0.5 and TH_L=0).
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K E Y : T H _ H : Threshold High T H _ L : Threshold Low (=TH_H/2).
Mean number of customers in the system Q : Mean number of cusomers in the queue.
R T : Mean System Response Time H ( Q ) : Half-Width for Q value.

Table B.2. Table showing the values of selected parameters for
Gebhard’s Model and the ISIM model.
Under these conditions, the service capacities were set to be 2 and 8 basic bandwidth
units (BBUs), where each BBU corresponds to a B-channel capacity (64kbps). Under
these conditions po = 400 pps and pi = 1600 pps. Table B.2 shows the results for various
threshold high (TH_H) setting where the threshold low (TH_L) values have been set to
half that of TH_H all throughout. The simulation results are for 100,000 packet
transmissions and the number of replications, R , is set to 10.
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From Table B.2 it can be seen that the values obtained by the Gebhard’s formula and
those obtained by the ISIM are very close at high values of TH_H. Indeed, the difference
between the two sets of values is less than 0.4% [of the analytically calculated Q
(Gebhard) value]t for TH_H values equal or greater than 100. This difference increases
however to 8.2% for TH_H=10 and to 57.2% for TH_H=2. The difference is not really
an "error" as such. This is attributed to the basic operational differences between the two
models, which become prominent at lower values of TH_H. Gebhard’s model assumes
that the service capacity of the queueing system is increased/decreased instantaneously.
In the ISIM model, the increase/decrease in the service capacity becomes effective
immediately after the completion of service for the customer in service. As the threshold
is lowered, more and more switchings per unit of time take place hence aggrevating the
difference observed. Furthermore, as there are now fewer packets in the system, any
delay in switching the new service capacity becomes more prominent§.
It has further been found that, the small increase in the accuracy of the measured values
which would result from increasing the sample size by 300% to 400,000 packet
transmissions or the number of replications by 50% to 15 replications could not be
justified due to much higher simulation time costs.

B.3 Multi-Level Hysteretic SRC with and without Switching Delays
An M/M/c queueing system operating under the multi-level hysteretic service rate control
doctrine without capacity switching delays has been studied by Moder and Phillips [108].
This model, described in Appendix D in more detail, bears close resemblance to our
Policy 2 (P2) described in Chapter 7 section 7.6. However, the following differences are
observed:

t

% error is given by (100 x \difference\ / analytical value) and difference = analytical value - (mean)
simulation value.

§

N ote that the transm ission time for a 4 0 byte packet at 2 B B U s (128 Kbps) is 2.5 m s and 0 .6 2 5 m s at 8
B B U s (5 1 2 K bps).

• The Moder and Phillips (MP) model is for an M/M/c queueing system while the
ISIM-P2 models M/M/1 queueing system with variable capacity.
• The MP model uses Q, the number of customers in the queue while ISIM-P2 uses N,
the number of customers in the system for threshold control of service capacity
switchings (increase/decrease).
• Service capacity increase in the MP model is affected instantaneously (as long as a
free server exists) when the high threshold is reached. The ISLM-P2 model can only
increase capacity after the competion of current packet servicing (and any channel
set-up delays).
• Service capacity decrease in the MP model is different from the ISIM-P2 model. In
the MP model, extra servers are released as soon as each complete service when the
queue length reaches the lower threshold. In the ISIM-P2 model, only one server at
a time is released at the end of current packet service completion when the number
of packets in the system reaches the lower threshold. Each further release
necessitates the arrival and departure of another packet and the lower threshold
trigerring.
• The MP model assumes the capacity switching time to be zero. The ISIM-P2 model
can have finite switching times (fixed or random). Indeed, in the experiments
described in this section the channel switching time is assumed to be exponentially
distributed with mean value of 10 ms.
Hence, from the above, we could expect some variations in the performances.
Nevertheless, they are found to be close enough to achieve validation over the range of
settings. Figure B.3 shows the variation of N with respect to X for both the MP and
ISIM-P2 models, while Table B.3 compares the two models.

In both cases, the

maximum number of servers available is set to three (S=3), while the minimum number
of servers allowed is set to one (<J=1). Also, the higher and lower thresholds are set to
one hundred and zero respectively (i.e. TH_H=100, TH_L=0). In Figure B.3 the 95%
confidence intervals are shown while in Table B.3, the accuracy values are shown as
percentages.
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Figure B.3. Mean number in system, N vs X and the ISIM model.
(fi = 8 pps)

2.4

5.6

6.4

7.2

Analytical

0.429

2.333

3.999

8.988

ISIM

0.43
-0.001

2.339

3.993

Difference

-0.006

0.006

Half-Width

0.0

0.186

0.041

0.218

Sample Var.

0.0

0.000

Accuracy

0.0

0.796

0.003
1.02

X

16.0

19.2

21.6

22.4

23.2

Analytical

52.008

54.267

59.399

64.436

79.470

ISIM

49.830

52.949

57.691

62.462

75.939

X

8.0

8.8

9.6

46.163

8.812

-t
33.361

45.767

48.395
47.641

0.176

-

0.396

0.754

49.551
0.756

1.049

0.259

0.377

0.240

0.093

2.147

0.131

0.277

0.113

2.472

3.143

0.565

0.790

0.485

Difference

2.178

1.318

1.708

1.974

Half-Width

0.563

0.361

0.557

1.515

3.531
2.644

Sample Var.

0.619

0.255

0.605

4.485

13.648

Accuracy

1.131

0.683

0.965

2.462

3.481

12.0
50.307

Table B.3. Table showing the values of N obtained for selected values of
X using analytical and simulation methods (p = 8 pps).

t

Note that the (corrected) MP model equation for N (see Appendix D, D.2) does not give the value of N
at p= 1.0.
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D-CHANNEL SIGNALLING
for
CIRCUIT SWITCHED CALL CONTROL

This section describes the Circuit Switched call control procedures and the expected
message transmission delays of the D-channel signalling protocol.

C .l Circuit Switched Call Control in ISDN and ISIM
Figure C.l shows an example of call control procedures at layer 3 for a simple circuit
switched call. In the Ethemet-ISDN Relay and ISDN simulation (ISIM) used in this
thesis, these procedures have been further simplified for ease of implementation. Hence,
the following Q.931 (D-channel Layer 3) messages are used for simple Circuit Switched
connection setup and removal operations in ISIM: SETUP, CONNect, CONNect
ACKnowledge, D isconnect, RELease, and RELease COMplete. We note that Setup
Acknowledge, Information, Call Proceeding and Alerting Messages are not implemented.
Indeed, as shown in Figure C .l, Setup Acknowledge and Information messages are
optional depending on implementation. We also note that the disconnect phase can be
initiated by either party. A further difference between the ISDN and ISIM call control
procedures is the end-to-end nature of Connect Ack and Release messages and the local
interface use of Releaese Complete to flush buffers in ISIM.

S T (A )

N etw o rk

S T (B )

Setup

Setup

Setup Ack*
Info*

Call Proceedin
Alerting

Call Proceeding

Connect
Alerting
Connect Ack

Connect
Connect Ack*

Data Flow

Disconnect

Disconnect

Release

Release Complete
Release Complete

N o tr *: These messages are optional depending on implementation.
ST: Subscriber Terminal.

Figure C. I. Procedure for a simple circuit switched call control.

C.2 Message Transmission Delays
The number of bytes in each message quoted above is determined by the size of the
mandatory infonnation elements and the number and size of the optional information
elements used. The minimum and maximum allowed values of these messages as
proposed in the ECMA-106 standard [41] are shown in Table C .l. The values of message
sizes and their transmission times at 64 kbps (D-channel capacity of PRISDN access)
assumed for the simulation model in this thesis are also shown in Table C .l. Table C.2
shows the corresponding values for the Q.931 settings as defined in the Blue Book [17].

Mandatory
(bytes)

Message

SETUP
CONN
CONN_ACK
DISC
REL
REL_COM

Optional
(bytes)

Min

Max

Min

Max

10
3
3
7
7
7

19
6
6
42
42
42

22
18
3
7
7
3

169
137
34
68
68
34

Simulation Model
Nominal
(bytes)
20
5
5
10
10
LI

Tx_time
(ms)
2.5
0.625
0.625
1.25
1.25
LI

KEY: LI: Applies to the local interface only in the simulation model Tx_time: Transmission time.
NB: Optional (Min/Max): if all the optional information elements are used.

Table C .l. Table showing the message sizes and transmission delays for selected
D-channel messages (c.f. ECMA-106).

Message
SETUP
CONN
CONN_ACK
DISC
REL
REL_COM

Mandatory
(bytes)
Min
Max
17+
8
4
4+
4
4+
8
36+
4
4+
4
4+

Optional
(bytes)
Min
Max
264+
38
204+
20
6
39+
12
179+
207+
12
207+
12

NB: Fields marked with
Mandatory (Max): values are network and service dependent (for some information elements in messages).
Optional (Max): dependent upon the number and type o f optional information elements
used as well as being network and service dependent.

Table C.2. Table showing the message sizes and transmission delays for selected
D-channel messages (c.f. Q.931).

APPENDIX D

MULTI-LEVEL SERVICE RATE CONTROL

The steady state system equations for a queueing system with a single queue and multiple
identical parallel servers operating under a hysteresis threshold control have been derived
by Moder and Phillips [108]. The queueing system is assumed to have Poisson arrivals
with parameter X and exponential service time distributions with parameter p.. It is
further assumed that the switching times (channel on or off) are zero and the number of
servers are limited. A pair of thresholds of high (N, T H J i or H) and low (v, TH_L or L)
’water-mark’ type are used over the queue length for controlling the service rate (or the
number of active servers) of the queueing system.
The control doctrine operates as follows; arrivals are queued and served under the strict
FCFS discipline. The system has a minimum of a servers active even when the queue
length is zero. The number of active servers are increased when the queue length reaches
the threshold high (TH_H) from ’below’. The number of active servers can thus be
increased until it reaches an absolute maximum of S (S>o) servers. The queue length is
then unbounded. Servers are switched-off when the queue length drops to v (0<v<N-2)
and a service is completed.

D .l Notation
The following notations are used as defined in Moder and Phillips [108]:

The

corresponding notations used in the rest of this thesis are also shown where applicable.
n = The number of customers in the queue (queue length).
^ = The number of customers in service (i.e. number of busy channels).

L {N) = Mean number of customers in the system.
L/ (Q ) = Mean queue length.

M = Number of (fixed) channels in the conventional multiple channel process.
N

(T

H _H

or H ) = Threshold high; the ’shift-up’ point of queue length at which additional channels
are instantaneously switched in if .v < S.

v ( TH_L or L) = Threshold low; the ’shift-down’ point, i.e. the minimum queue length when
S

s >

a .

= Maximum number o f channels; a < S < <*».

a = Minimum number o f channels; o > 1.
X = The mean arrival rate.
(i = The mean service rate per channel.
p = A/g, the utilisation factor. (This differs from the conventional multiple channel models where
p = 7JM p ).
y = p/a.
P„

j = The steady-state probability that

n

customers are in the queue and s units are being served.

D.2 Solution of Model Equations
It has been shown in [108] that the solution of the model equations in terms of Poo is as
given below;
Po* =(-£->/Vo
S !

( n= 0 ; 0 < s < o )

( i)

p,„=r (&>Po.o

(0<r; < v ;s = a )

( ii)

(v < //< /V -l;5 = a )

(iii)

(v<// < i V - l ; a + l < s < 5 - l )

(iv )
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D.3 Mean Num ber in System
The mean number of customers (packets) in the system, L , is the expected value of
(N+s), which can be written as follows [108]:

^ = i > P o . , + Z ( " + t f ) / V a + Z ( ' ,+CT)/ \.CJ + Z
s=\

n=l

n =v

^

("+s)Pn.s + ' £ ( n + S ) P „ ' S + y

n =v .f =C7+1

n =v

n = N -1

( r i + S ) P n ,S

(D .l)
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Equation (D. 1) gives the following closed form expression for L:
L =

Y-v^+jv-l)/+’ q(y-’f )

P 0.0

d - y v-v)

(1 -Y )-

( 1 -Y )
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% ( S - p ) > S ^ - V)pS-

s= a 3 •

(D.2)

5 (W -l)-p (A f-2 H S (5 -p )

We note that this is different from the equation for L quoted in the paper by Moder and
Phillips [108] in a few terms. That equation is quoted below in verbatim to highlight the
differences (see equation D.3).
L =

a—]jy_

0.0
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(D.3)

The validity of equation (D.2) for L is shown by the graphs plotted in Figures D. 1 and
D.2. Figure D. 1 is the plot for equation (D.2), while Figure D.2 is the plot for the
corresponding equation quoted above from the reference [108] as equation (D.3).
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A further check is to substitute the values obtained for L and L,t into an equation relating
the two measures. This is shown below.

D.4 Mean Q ueue Length
The mean queue length

L, t

is given by the following equation [1081:

C/ = y .(0 )/50,i

X

t , P n.a

s^0

+ '% \f l P n .o +

n=l

n=v+l

+2

£

n= v j= o+ l

n =v

"-5 + £

=^V—1

"-s

(D .4 )
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This can be shown to give the following closed form expression for LH
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+ 2 (5 A/-V - pN~v)Sv 5 ( / V - l ) - p ( A / - 2 )

D.5 Results
The following tables give the values obtained from the formulae (2) and (5) with the
following settings: v (TH_L)=0, S=2 and S=3 for p=0.5 and p=l.5 respectively.

Measure

L

N=2
0.1458
0.6458

S=2
N=4
0.3217
0.8217

N=8
0.4693
0.9693

N=2
0.1245
0.6245

S=3
N=4
0.3119
0.8119

N=8
0.4677
0.9677

Table D.l. Table showing results when p=0.5 (eqns.2 & 5)

Measure

L

N=2
2.2500
3.7500

S=2
N=4
3.0036
4.5036

N=8
4.7399
6.2399

N=2
0.5902
2.0902

S=3
N=4
1.3823
2.8823

N=8
3.1502
4.6502

Table D.2. Table showing results when p=1.5 (eqns.2 & 5)
It is also known that for an M/M/c queueing system with identical servers the following
equation holds true [57]:

lviuni-i^evei oal. zzy

L=L<I + (£ )

(D.6)

where p = A, / p is the traffic intensity for one server. Therefore it can be seen that the
above tables adhere to equation (D.6). The same can not be said of results obtained from
equation (D.3). These results are given in Tables D.3 and D.4.

Measure

Lq
L

N=2
0.1458
0.6458

S=2
N=4
0.3217
0.8217

N=8
0.4693
0.9693

N=2
0.1245
0.4830

S=3
N=4
0.3119
0.7594

N=8
0.4677
0.9618

Table D.3. Table showing results when p=0.5 (eqns.3 & 5)

Measure
Lq

L

N=2
2.2500
3.7500

S=2
N=4
3.0036
4.5036

N=8
4.7399
6.2399

N=2
0.5902
1.4262

S=3
N=4
1.3823
2.2738

N=8
3.1502
4.0904

Table D.4. Table showing results when p=1.5 (eqns.3 & 5)

D.6 Sum m ary
In this section, equations for L and LH are presented. Plots for these equations are also
presented, providing further insight to the system behaviour at relatively large values of
the input parameters. A modification to the equation presented in [108] for L removes the
negative values obtained. It is this modification that will be used in the rest of this thesis.

APPENDIX E

DELAYED CLOSE POLICY

This appendix presents a routine for Delayed channel Close Policy (DCP). This policy
can typically have two variants: policy type I (DCP 1) prevents the reduction of the
channel bandwidth while the time duration elapsed since the last bandwidth increase (the
assumed epoch where the superchannel charging period is re-started) is less than n
percent of the charged unit time. Policy type 2 (DCP 2) operates with the normal channel
management policy with all channel bandwidth values except the last BBU. That is, the
DCP comes into play whenever the server capacity is reduced to 1 BBU such that it will
be reluctant to completely shut down a channel (server) until such time as no new packet
arrivals are recorded within m percent of the charged unit time. This ensures that at least
one server is available at all times from the time of last packet arrival to m percent of the
charged unit time.
Assuming the condition for bandwidth reduction has occured, f the Delayed channel
Close routine is called. Display E.l shows simple pseudo-code descriptions of the two
policies DCP 1 and DCP 2. In both cases, the initiation of the Delayed Close causes the
calculation of the time x, when the connect_time will be within n% of the charged unit
time. This is then queued as a self timed event dclose event, to occur at x and has got all
the infonnation about the channel to be closed (or bandwidth decremented). When
dclose_event matures, a check is made to see if a packet arrival has occured since the
t

Each packet sent message causes the Channel Management Routine to check the qsize variable
holding that particular channels’s queue size (or number o f packets in the system). This could then
trigger a bandwidth reduction condition if the value in the qsize variable is equal or lower than the
lower threshold of a hysteresis service capacity control policy.

u e ta y e a c lose r o itc y
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1

initiation of the delayed close operation. If none has arrived, the bandwidth
decrement/channel close is processed, otherwise Delayed Close is aborted.

DCP I:
if { (bw > 1) AND (connect_tim e within n% of charged unit time)}
th e n DECREMENT channel bandwidth by 1 BBU
e l s e if { (bw == 1) AND (connect_tim e within n% of charged unit tim e )}
th e n CLOSE channel
e ls e INITIATE Delayed Close

DCP 2:
if { bw > 1 }
th en DECREMENT channel bandwidth by 1 BBU
e ls e if { (bw == 1) AND (connect_tim e within n% of charged unit tim e )}
th en CLOSE channel
e l s e INITIATE Delayed Close

Display E.I Delayed Close Policies 1 and 2
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APPENDIX F

ACRONYMS and ABBREVIATIONS

F.l Data C om m unications Related Acronyms
ACK

Acknowledgement

APMBS

Additional Packet Mode Bearer Service

ARP

Address Resolution Process

ATM

Asynchronous Transfer Mode

B-channel

64 Kbps channel

BER

Bit Error Rate

B1SDN

(B-ISDN) Broadband ISDN

bps

bits per second

Bps

bytes per second

BRA

Basic Rate Access

BRISDN

Basic Rate ISDN

BW

Bandwidth

CCS

Common Channel Signalling

cct

circuit

cue

Channel Identification Information Eleme

CL

Connectionless

CLNS

Connectionless Network Service

CLTP

Connectionless Transport Protocol

CO

Connection Oriented (Connection Mode)

CONS

Connection Oriented Network Service

COTP

Connection Oriented Transport Protocol

CP

Conversion Protocol

CPE

Customer Premises Equipment

A cronym s ana A oorevian on s

CRIE

Call Reference Information Element

CS

Circuit Switching

CS-BS

Circuit Switched Bearer Service

CSMA/CD

Carrier Sense Multiple Access with Collision Detection

CSPDN

Circuit Switched Public Data Network (or CSDN)

DASS-2

Digital Access Signalling System version 2

DCO

Data Communications Oriented

DLL

Data Link Layer

DPNSS

Digital Private Network Signalling System

E-mail

Electronic Mail

ES

End System

FDDI

Fiber Distributed Data Interchange

IAT

(packet) Inter Arrival Time

IDA

Integrated Digital Access

IDN

Integrated Digital Network

IP

(DARPA) Internet Protocol

IS

Intermediate System

ISDN

Integrated Digital Services Network

ISN

Integrated Services Network

ISLAN

Integrated Services Local Area Network

ISLN

Integrated Services Local Network

ISPBX

Integrated Services Private Branch Exchange (ISBX)

IU

Interworking Unit (IWU)

IVD

Integrated Voice Data

LAN

Local Area Network

LAP-B

Link Access Protocol Balanced

LAP-D

Link Access Protocol for the D-channel

iVI

Mega (106)

MAC

Media Access Control

MAN

Metropolitan Area Network

MS-LAN

Multi-Service LAN

NB

Narrow Band(width)

NL

Network Layer

Acronym s ana A nor

NT

Network Termination

NS

Network Service

NSAP

Network Service Access Point

NPDU

Network Protocol Data Unit

OS I

Open Systems Interconnection

OSI-NS

OSI Network Service

OSI-RM

OSI Reference Model

PABX

Private Automatic Branch Exchange

PBX

Private Branch Exchange

PL

Physical Layer

PLP

Packet Level Protocol (X.25 Layer 3)

PR A

Primary Rate Access

PR ISDN

Primary Rate ISDN

PS

Packet Switching

PS-BS

Packet Switched Bearer Service

PSPDN

Public Switched Packet Data Network

PSTN

Public Switched Telephone Network

PTT

Post Telephone Telegraph

R

Reference point in ISDN local access arrangement

Rees.

Recommendations

RT

Response Time (sojourn time)

PVC

Permanent Virtual Circuit

QoS

Quality of Service

S

Reference point in ISDN local access arrangement

SAP

Service Access Point

SNAcP

Sub Network Access Protocol

SNICP

Sub Network Independent Convergence Protocol

SNDCP

Sub Network Dependent Convergence Protocol

vSSN

7

Signalling System Number 7

STM

Synchronous Transfer Mode

T

Reference point in ISDN local access arrangement

TA

Terminal Adaptor

TCO

Telecommunications Oriented
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TCP

(DARPA) Transport Control Protocol

TDM

Time Division Multiplex(ing)

TDM A

Time Division Multiple Access

TE

Terminal Equipment

TLR

Transport Layer Relay

TP

Transport Protocol

TPDU

Transport Protocol Data Unit

TS

Time Slot

TSSI

Time Slot Sequence Integrity

UE

User Equipment

UNI

User-Network Interface

uus

User-User Signalling

VAS

Value Added Service

VC

Virtual Circuit

VLSI

Very Large Scale Integration (or Integrated Circuits)

WAN

Wide Area Network

WB

Wide Band(width)

ws

Work Station

F.2 Acronyms Related to O rganisations and Standards
CCIR

International Radio Consultative Committee

CEC

Commission of European Communities

CEN/

European Committee for Standardisation/European Committee for

CENELEC

Electrotechnical Standardisation

CEPT

European Conference of Postal & Telecommunications
Administrations (Conference Europeenne des Administrations
des Postes et des Telecommunications)

CCITT

The International Telegraph and Telephone Consultative Committee

DTI

Department of Trade and Industry (UK)

DTP

Distributed Transaction Processing

ECMA

European Computer Manufacturers Association

r u .- r u n y n i A u r t u n i / i / r c v i u i l ( / r i S

ZJO

ETSI

European Telecommunications Standards Institute

IEEE

Institute of Electrical and Electronic Engineering (USA)

ISO

International Standards Organisation

ISO/IEC

International Electrotechnical Commission

ISO/JTC

Joint Technical Committee

ITSTC

CEN/CENELEC Steering Committee for Information Technology

ITSU

Information Technology Standards Unit (DTI)

NET

(Normes Europeennes de Telecommunication)
European Telecommunication Standards

LICL

University College London

F.3 Other Acronyms Defined and/or used in this Thesis
ACT.

ACTivity (Act.)

Add.

Address (addr.)

BA

Bandwidth Allocation

BAP

Bandwidth Allocation Policy

BBU

Basic Bandwidth Unit

blk.

block

BM

Bandwidth Management

BMP

Bandwidth Management Policy

BW

BandWidth

CCB

Channel Cotrol message Block

CH.

CHannel (ch.)

CHBW

CHange BandWidth

ChP

Charge Period

CM

Channel Management

CMFU

Channel Management Functional Unit

CM P

Channel Management Policies

CMR

Chanel Management Routine

CONN

CONNected

Cons.

Connections

a cro n ym s ana

CP

Complete Partitioning

CRN

Call Reference Number

CQ

Channel Queue

CST

Channel Status Table

Dst.

Destination (dst.)

DEC.

DECrement

DECRBVV

DECRement BandWidth

DCIVI

Dynamic Channel Management

DCMA

Dynamic Channel Management Architecture

DCP

D-Channel Process

DISC.

DISConnect

EIR

Ethemet-ISDN Relay

ET

Exchange Termination

HLD

High Level Decision

HLDP

High Level Decision Process

IDP

ISDN interface Driver Process

IICMP

ISDN Interface Control Main Process

IIM

ISDN Interface Module

INC.

INCrement

io.

input/output

io blk p

input/output block pointer

ipdst.

IP (Internet Protocol) destination

ipsrc.

IP (Internet Protocol) source

IPRP

IP Routing Process

IRP

ISDN Router (Routing) Process

Isdst

ISDN destination (isdst.)

Issrc

ISDN source

ISIM

Ethemet-ISDN Relay and ISDN Simulator.

LC

Logical Channel

LC BW

Logical Channel BandWidth

LCRN

Logical Channel Reference Number

LLCIP

Low Level Control Interface Process

LED

Low Level Decision

Acronym s ana A oorevian on s

LLDP

Low Level Decision Process

MI

Management Information

Msg.

Message (msg.)

P.

Pending

P CH

Pending CHannel

PCRN

Physical Channel Number

PKT

Packet (pkt.)

PROOF

Primary Rate OSI Office

PSIZE

Packet Size

QLEN

Queue LENgth (Qlen, qlen)

qsize

Queue size

RA

Restricted Access

Ref.

Reference (ref.)

REL

RE Lease

RESV.

RESerVed (resv.)

RLM

Re Lay Module

RP

Routing Policy

RT

Routing Table

Rx

Receive

RxQ

Receive Queue

SB

Status Block

sb_p

Status block pointer

S_ch

Superchannel

SC

SuperChannel

SDF

Synchronous Data Fonnatter

SI PDU

Superchannel Identification Protocol Data Unit

SLOANE

The Satellite and LOcal Area Network Environment

SRC

Service Rate Control

Sta.

State

TH II

Threshold High (also TH_HIGH or H)

TH L

Threshold Low (also THJLOW or L)

TO

Time Out (T/O)

Tx

Transmit
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T xQ

Transmit Queue

u

User equipment
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