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Abstract

Wireless Asynchronous Transfer Mode (ATM) networks are attractive because they
can provide a wide variety of new wireless broadband services providing true portability
and support for personal, integrated broadband services currently envisioned for wired
ATM systems only. A wireless ATM access network has to provide a reasonable user-
transparent Quality of Service (QoS) for different service classes as well as seamless
integration across an interconnection of wireless and wired ATM networks. A Medium
Access Control (MAC) protocol has been designed, which allows seamless integration of
the wireless access segments to the wired ATM network and takes into consideration the
characteristics of the various classes of services to provide good QoS. This protocol is
based on the Time Division Multiple Access with Dynamic Reservation (TDMA/DR)
protocol. The performance of the MAC protocol is studied: a) by computer simulation for
voice, Markov Modulated Poisson Process (MMPP) or Motion Picture Experts Group
(MPEGQG) video and data traffic; b) by mathematical analysis for delay-sensitive voice and
MMPP video traffic.

This research work is also concerned with the Connection Admission Control (CAC)
and the Usage Parameter Control (UPC) issues in a cellular wireless ATM access
network. The proposed two CAC approaches are based on equivalent capacity for
heterogeneous traffic. The performance of one of these approaches is studied by
mathematical analysis and the other approach by computer simulation. The UPCs used to
police the heterogeneous traffic are leaky buckets with the token generation rates set at
the equivalent capacities of the heterogeneous traffic. The performance of the UPC is
studied by computer simulation for heterogeneous traffic and mathematical analysis for

voice and MMPP video traffic.
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Chapter 1

Introduction

1.1 Introduction

Wireless Asynchronous Transfer Mode (ATM) networks are attractive because
they can provide a wide variety of new wireless broadband services providing true
portability and support for personal, integrated broadband services currently envisioned
for wired ATM systems only. A wireless ATM access network has to provide a reasonable
user-transparent Quality of Service (QoS) for different service classes as well as seamless
integration across an interconnection of wireless and wired ATM networks. In the present
development of wired ATM networks and wireless personal communication networks,
there are already some papers that address some of the issues in wireless ATM-based
networks [1-12].

This thesis describes our work on the design of a cellular wireless ATM access
network, the configuration of which is shown in Fig. 1.1. The network comprises a
number of wireless access segments, each supporting a base station and a number of
multimedia portable terminals. A base station acts as the central communication hub and
wireless bandwidth controller in its wireless segment, and is connected to the wired ATM
network via a multiplexer/demuitiplexer. The muitiplexer is required because of the bit
rate mismatch between the wireless segments and the wired ATM network; specifically,
each wireless segment has been designed to support an aggregate bit rate of only 20 Mby/s.
An enhanced Medium Access Control (MAC) protocol, designed to allow seamless

integration of the wireless access segments to the wired ATM network and to take into



consideration the characteristics of the various classes of services to provide satisfactory
QoS, is proposed. This protocol is based on the Time Division Multiple Access with

Dynamic Reservation (TDMA/DR) protocol described in [1-4].

Cellular wireless
ATM access
segment |

ATM Multiplexer/ ATM ToATM
Demultiplexer switch  network

Cellular wireless

ATM access

segment N
@ Base Station ~Z— Radio Frequency
9 Portable Terminal == Fibre/cable Link

Fig. 1.1. Network Configuration of cellular wireless ATM access segments connected to a

ATM switch through a propriety ATM multiplexer/demultiplexer



The uplink MAC protocol used in this network, which allows voice, video and
data transmissions, is described. This protocol is designed to allow seamless integration
from the wireless domain to the wired ATM network taking into account the various QoS
for voice, video and data traffic. An algorithm for allocation and defragmentization of
voice information slots which used the MAC protocol to improve bandwidth efficiency by
taking advantage of the silence period of voice traffic is also described in [11].

The research described in this thesis is concerned with issues above the physical
layer in the protocol stack. However, we recognize that the physical layer, particularly
with respect to error performance, imposes limits on the Quality of Service (QoS)
provisioning. Therefore, upper layer buffer dimensioning only needs to ensure all cell loss
rate are slightly better or matching that provided by the physical layer processors.

This work is also concerned with Connection Admission Control (CAC) and
Usage Parameter Control (UPC) issues in a cellular wireless ATM access network.

1.2 Literature Review

There are a number of papers in the literature that address some of the issues in
wireless ATM-based networks. Wilson et al. [1] compare dynamic TDMA and spread-
spectrum packet Code Division Multiple Access (CDMA) as multiple access strategies in
an integrated voice/data Personal Communication Networks (PCN) environmeni. Voice
and data users only are considered in the simulation. Simulation results show that while
CDMA typically provide a 2:1 or greater capacity advantage over TDMA, the gains are
generally associated with higher data delay for long messages generated by file transfer

and multimedia application. Furthermore, practically achievable CDMA efficiencies may



be somewhat lower than these results because of thermal noise effects, imperfect power
control, etc.

Raychaudhuri and Wilson in [2] present a discussion of issues related to the
support of multimedia traffic in next-generation PCN. An example of demand assigned
TDMA protocol is considered in detail, with a particular focus on a traffic mix consisting
of Constant Bit Rate (CBR) voice and Variable Bit Rate (VBR) data with real-time
constraints. Simulation models are used for performance evaluation. Time-of-expire
(TOE) based queue service disciplines are introduced as a mechanism for improving the
cell loss rate experienced by time-critical data, and simulation results investigating the
effect of TOE processing are presented.

Raychaudhuri and Wilson in [3] present a discussion of system design issues
related to the development of next-generation multimedia PCN. It is proposed that the
baseline definition of emerging PCN systems be broadened to provide multimedia
transport capabilities qualitatively similar to those offered by BISDN/ATM. A number of
system-level design and technology selection issues are discussed. An outline of a dynamic
TDMA based multimedia PCN system architecture is presented. Simulation based
performance evaluation results are given for a mixed voice/data traffic scenario.

In [4], Raychaudhuri presents an ATM based transport architecture for next-
generation multiservices PCN. An ATM based wireless network concept capable of
supporting a mixture of Broadband Integrated Services Digital Networks (BISDN)
services including CBR, VBR and packet data transport, is explored from an architecture

viewpoint. Design issues related to the physical, MAC and data link layers of the ATM-



based radio link are discussed, and preliminary technical approaches are identified in each
case.

McTiffin et al. [S] present an integrated system concept for a Direct Sequence
Spread Spectrum CDMA radio access suitable for third-generation mobile radio. The
system has been conceived to take account of such diverse services as low bit rate voice
and quasi-broadband services of up to 256 kbps. Broadband services imply the use of
ATM transmission technique, and particular attention is paid to the mutual impact of
CDMA and ATM. An efficient Automatic Repeat Request technique is described which
gives a suitable low overall error rate and a soft capacity limit.

In [6], Raghvendra discusses issues for mobile multimedia using ATM and
microcellular technologies. Wyrwas et al. [7] discuss alternative access strategies for
muiti-media wireless systems. FDMA, TDMA, CDMA and random packet access schemes
are considered. A number of possible strategies are presented and the major performance
issues are discussed. In [8], Leslie et al. discuss some issues in local wireless ATM
networks. Eng et al. {9] describe the theory, design and prototyping of a wireless ATM
LAN/PBX capable of supporting mobile users with multi-Mb/s access rates and multi-
Gb/s aggregate capacities. Karol et al. propose and study a demand-assignment channel
access protocol for wireless packet (ATM) network in [10]. Based on the assumption of
homogeneous traffic, their simulation results show that even with the ‘worst possible”
traffic characteristics, the delay-throughput performance of their protocol is close to the
best possible with any access protocol.

Next, we consider the comparison of TDMA/DR with DS-CDMA. Channel

congestion in TDMA/DR leads to higher probability of voice blocking, while increasing



traffic load in DS-CDMA will have the effect of degrading packet loss rate [1]. For
TDMA/DR, the key user-level performance measures are voice call blocking probability,
voice call delay and data delay. On the other hand, for DS-CDMA, there is no explicit
voice call blocking, and degraded channel performance for high traffic loads will manifest
itself in the form of increased voice packet loss rate [1].

In [1], results show that CDMA-based PCN does have a higher capacity than that
of TDMA/DR, but practically achievable CDMA efficiencies may be somewhat lower than
that indicated by these results because of thermal noise effects, imperfect power control,
etc. [1]. Furthermore, CDMA requires accurate power control to avoid the “near-far”
problem, adding to remote cost/complexity [3]. However, CDMA has the advantage of
potentially supporting overlay operation when new frequencies are not available [3]. In
addition, CDMA enjoys the advantage in not requiring time slots (bandwidth allocation) to
be reserved in response to the demand from users or terminals as in the case of
TDMA/DR. As long as the total interference does not exceed a design threshold, service
quality is maintained in CDMA [34]. Furthermore, CDMA has no access delay as
compared to a one TDMA frame delay in TDMA/DR.

For multimedia applications, DS-CDMA has the disadvantage of relatively low
peak transmission bit-rate when compared with TDMA/DR [2-3]. DS-CDMA does not
support high transmission bit-rates, making it less suitable for multimedia applications
requiring relatively high transfer rate [3]. This problem may be ameliorated via multiple
code transmissions per user or multirate CDMA operation at the cost of complexity [3].
For example, DS-CDMA may support low bit-rate VBR video (video conferencing), but

not high bit rate VBR video (video-on-demand). On the other hand, TDMA/DR support



high burst transmission bit-rate and can actually be configured to operate with adaptively
selected higher efficiency modulation modes to certain classes of applications [3], for
example, high VBR video application.

In [55], a leaky bucket with a data buffer is studied under the assumption of
Poisson arrivals. The tradeoff between the smoothness of the departure process and the
waiting times is studied. Results consider both finite and infinite data buffer sizes. A leaky
bucket with finite data buffer is analysed assuming a Markovian Arrival Process in [56]. In
[57], Elwalid et al. analyse a generalized leaky bucket with a fluid model. Butto et al.
consider the effectiveness of the leaky bucket by an exact analysis for an on-off traffic and
also by a fluid flow model [58]. In [59], Bala et al. consider a leaky bucket with a spacer.
This leaky bucket is analysed with a Poisson arrival process. Wu et al. present and study a
discrete-time analysis of a leaky bucket with the arrivals being a Poisson process or
Markov Modulated Poisson Process (MMPP) [60]. In [61], Sohraby et al. analyse a leaky
bucket with data buffer under the assumption of a discrete-time Markovian Arrival
Process. As a special case, the detail analysis of the binary Markov source throttled by the
leaky bucket is presented.

A virtual connection tree concept has been proposed to avoid the need to involve
the network call processor for every cell handoff attempt in cellular ATM networks [47].
The model for connection admission control to the virtual connection tree is for a
homogeneous system.

The application of equivalent capacity to connection admission control in high

speed network is proposed and discussed in [27,48].



1.3 Motivation

The objective of this research is to develop a better understanding of the
performance expected from a wireless ATM access system by concurrently designing and
modeling a wireless ATM access system. This work is concerned with the convergence of
new technologies to realize a global communication system that will provide true
portability and support for personal, integrated broadband services currently envisioned
for wired ATM systems only. The proposed work will study issues related to the provision
of user-transparent QoS across a wireless ATM access technology interworked with a

wired backbone ATM network.

The proposed work is to design and study new access protocols for wireless ATM
network to allow seamless integration between the wireless domain and the wired ATM
networks for various types of traffic with different quality of service. As standards for
ATM networking become more established and deployment of ATM networks become
more widespread, the interconnection of wireless (radio) networks to wired ATM
networks will be a natural development in the near future. With a good understanding and
insights for the various issues concerning wireless ATM networks, the knowledge of these
wireless ATM networks is of commercial value as a wide variety of new wireless
broadband services can then be provided with such networks. Thus, only wireless ATM
networks are needed to transmit heterogeneous traffic instead of having separate wireless
networks each for transmitting voice, video or data only.

We expect future applications in the wireless ATM network to have high bit-rate

traffic like high bit-rate VBR video. From Section 1.2, we know TDMA with dynamic



reservation (TDMA/DR) is able to support such a high bit-rate. Therefore, we are
pursuing our research along the direction using the TDMA/DR protocol.
1.4 Overview of Thesis

This thesis describes and studies a cellular wireless ATM access network. In this
introductory chapter, a review of the research literature relevant to the design issues of
wireless ATM networks is presented. We consider the salient features of CDMA and
TDMA/DR MAC protocols and choose the TDMA/DR protocol as the MAC protocol in
our work.

In Chapter 2, we first present the research objectives of this thesis. The proposed
integration of our wireless ATM access network to a wired ATM network is described.
We also describe and discuss our transmission frame and our MAC protocol. The
enhanced MAC protocol is designed to take into consideration the traffic characteristics of
different service classes to provide bandwidth efficiency, good QoS for real-time traffic,
and reasonable QoS for non-time-critical traffic. In the second part of this chapter, we
propose to study a usage parameter control based on the leaky bucket in a cellular wireless
ATM access network. We also propose a connection admission control to a virtual
connection tree based on equivalent capacity for heterogeneous traffic in the latter part of
this chapter.

In Chapter 3, a MAC simulation model for the cellular wireless ATM access
network is developed and described in terms of some basic process models. In Section 3.3,
some simulation resuits are presented. In the latter part of Chapter 3, approximate
analyses of delay-sensitive traffic for voice and MMPP video under light load are

presented. The mean packet queueing delay and the distribution for voice and MMPP



video traffic are derived. In Section 3.5, some numerical results which show that the
approximate analytical results are quite close to the simulation results are presented.

In the first part of Chapter 4, simulation models for usage parameter control based
on the leaky bucket are described. Some simulation results are presented Section 4.3. In
the latter part of Chapter 4, an approximate analysis of the leaky bucket for voice traffic
and a loose lower bound for the cell loss probability of the leaky bucket for MMPP video
traffic are presented. In Section 4.5, numerical results and simulation results are presented.

In Chapter 5, simulation results are presented for the performance of MAC and
UPC for MPEG video traffic.

In the first part of Chapter 6, a performance analysis for connection admission
control to the virtual connection tree based on equivalent capacity for heterogeneous
traffic in the cellular wireless ATM access network is developed. In the latter part of
Chapter 6, numerical and simulation results are presented.

Finally, the research work in this thesis is concluded in Chapter 7.

10



Chapter 2

Wireless ATM Network Design

2.1 Introduction

In this chapter, the research objectives of this thesis are first presented. The
integration of our wireless ATM access network to the wired ATM network, together
with the transmission format and Medium Access Control (MAC) protocol, is then
described. It is assumed that the radio transmission employs a Time-Division Multiple
Access (TDMA) scheme for multiple access. The uplink MAC protocol is reservation-
based, with delay-sensitive traffic being given a higher access priority. The resultant
protocol is referred to as TDMA with dynamic reservation (TDMA/DR). In the latter part
of this chapter, we propose to study a Usage Parameter Control (UPC) based on the leaky
bucket in a cellular wireless ATM access network. The output processes of the
heterogeneous traffic from the uplink MAC protocol are fed to the leaky buckets at the
base station for each of the connections. Each leaky bucket will police its traffic through
its token generation rate which is set at the connection’s equivalent capacity. This
equivalent capacity is determined during its CAC setup. We also propose a Connection
Admission Control (CAC) to a Virtual Connection Tree (VCT) based on equivalent
capacity for heterogeneous traffic in the second part of this chapter. The equivalent
capacities for the heterogeneous traffic are assumed to be between the mean rate and the
peak rate for each of the heterogeneous traffic transmitted by the uplink MAC protocol.
Section 2.6 describes our CAC model to the VCT with overload probability in a base

station as a performance measure. The size of a VCT, i.e., the number of base stations
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contained in a VCT, is a key parameter that impacts the amount of standby capacity

required and the frequency of handoff to adjacent VCTs. The standby capacity

requirement and frequency of handoff to adjacent VCTs will be assessed with respect to

the number of base stations in a VCT in Chapter 6.

The major design objectives of this research are to investigate and study a new

enhanced MAC protocol, CAC and UPC which allow seamless integration of a cellular

wireless ATM network to wireline ATM networks such that new broadband services can

be provided.

The major goals are:

To develop a better understanding of the performance expected from a wireless ATM
access system by designing and modelling a cellular wireless ATM access network.

To consider the implications of the access performance on how QoS can be delivered
across a hybrid wireless/wireline ATM network.

To propose a new enhanced wireless MAC protocol which can provide the required
QoS for heterogeneous traffic.

To propose UPCs which can provide the required QoS for heterogeneous traffic
across a hybrid wireless/wireline ATM network.

To propose new CACs to the Virtual Connection Tree (VCT) for heterogeneous
traffic.

To study the performance of these MAC protocol, UPCs and CACs by computer

simulations and by mathematical analyses.
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2.2 Integration of Wireless ATM Access Network to Wireline ATM network
For the design of a cellular wireless ATM access network, the following points
have to be considered:
e Flexible allocation of bandwidth for heterogeneous traffic as is in the case of a wireline
ATM network and not simply catering for one type of service class.
o Should satisfy the QoS of different service classes.
e Should have centralized control to allocate bandwidth to satisfy the different QoS.
e Should have minimal protocol conversion processing from the wireless domain to the
wireline domain and vice versa.
e Should have seamless integration from the wireless domain to the wireline domain and
vice versa.
e Must have in sequence delivery of ATM packets.
The general concept of integrating the cellular wireless ATM network to the wired
ATM network with a minimal of protocol conversion is shown in Fig. 2.1 (similar to [I-
4]). In this setup, minimal protocol conversion processing is required at the base station
which simply strips off the wireless protocol header and trailer from, and inserts the wired
ATM header to a packet moving from the wireless segment to the wired network, and
performs the reverse for a packet moving in the reverse direction. The uplink MAC
protocol handles the allocation of the information slots (wireless bandwidth) to the
portable terminals in the wireless segment according to requests for these terminals. The

base station also performs CAC and UPC functions.
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Card/Unit
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Control User Media
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Wireless ATM Data Link | | Wireless ATM Data Link | ..
Wireless ATM MAC Wircless ATM MAC | "Vired ATM Layer
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Wireless Protacol | ATM Cell Payload| Wireless Protocol Wired ATM | ATM Cell Payload
Header (User Information] Trailer | | Header (User Information)

48n bytes 5 bytes 48 bytes

Fig. 2.1. General concept of integrating the cellular wireless ATM network to the wired

ATM network

2.3 Transmission Frames

Information interchange between the base station and portable terminals in a
wireless segment is via 2 frequency bands, a downlink for transmissions from the base
station to the terminals, and an uplink in the reverse direction. The multiple access

problem is confined to the uplink, where the TDMA frame format is as shown in Fig. 2.2.
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Fixed Fixed Dynamic Dynamic

allocation  jjjocation allocation allocation
subframe  sybframe subframe subframe
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Used emulation, CBR 1 (CBR voice with (packet video, time- Non-Time Critical
Available voice, CBR video, | speech activity critical data) Data slots
fax) detection)
Request Slots;I Information Slots
TDMA frame

' Request packet in used request slot for real-time VBR traffic

Request packet in available request slot

. CBR packet

CBR packet with burst switching

[/
Real-Time VBR packet

Non-Time-Critical Data packet

Fig. 2.2. Uplink TDMA/DR frame format

The frame comprises request slots and information slots, and is synchronised to the voice
packetisation time such that each active voice user will have exactly 1 packet for
transmission in each frame. Request slots are classified as available or used in that
available request slots are employed for initial access in slotted ALOHA (contention)
mode for all traffic types from the portable terminals while used request slots are reserved
for use by real-time VBR traffic types (like real-time VBR packet video, time-critical data
or any real-time traffic that needs a request slot every TDMA frame) after having
successfully gained access previously (via an available request slot). Note that the

purpose of providing the used request slots is to exempt the real-time VBR traffic from
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having to contend for access to the uplink on a frame-by-frame basis. The information
slots are used to transport the actual data of the various traffic types according to their
transmission requirements, and these are allocated to the portable terminals by the
bandwidth allocator of the base station on a frame-by-frame basis. More details on the
uplink MAC protocol can be found in Section 2.4.
2.3.1 Uplink Slots

The uplink request slot format is shown in Fig. 2.3, while the uplink information

slot format is shown in Fig. 2.4.

1 2 2 l
byte bytes 12bits 4bit 4-6 bytes (depends on allocation scheme) bytes byte

Guard SYN( Source Servic1 QoS parameters for bandwidth allocationJCRC Guard
(

Time Address | Type [(message length, delayed time, #slots ,etc. Time

Fig. 2.3. Uplink request slot format

I 2 12 3 | 48n 2 1
byte bytes 4 bits 10 bit 2bits  bits bits bit bytes bytes byte

Guard SYN( Service Packet Sequence |Handoff ATM JATM |[ATM |[ATM  |CRC|Guard
Time Type |Number Indicator] VCI | PT | CLP|Payload Time

Fig. 2.4. Uplink information slot format
2.3.1.1 Guard Time

The role of the guard time is to separate the request slot (or information slot) of a
mobile user from the next request slot (or information siot) from another mobile user such
that the packets received at the base station do not interfere with each other. From [24],

the guard time, 1, ,can be calculated as follows:

Ty =T, +AT +AT, +1,, 2.1)
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where 1, is the propagation delay related to distance, At , is the delay spread at the
receiver, At is the error tolerance in guard time due to the instability of the clock and it
is usually negligible, and t, is the die-out time of the tail of the pulsed signal which
depends on the amplitude and phase response of the filters.

D
=5 (2.2)

P
where D is the maximum propagation distance in the cell and C is the speed of

propagation in radio domain. The mean delay spread, At ,, for various types of

environment is shown in Table 2.1 [24].

Table 2.1. Mean delay spread for various type of environment

S/No. | Type of Environment | Delay Spread, At, | Delay Spread, At , for 20 Mbps
l In-building <0.1 us <2 bits
2 | Open area <0.2 us <4 bits
3 Suburban area 0.5 pus 10 bits
4 | Urban area 3 s 60 bits

From [24], the bit rate, R,, is given by

i
<—, 3
RS @3)
where t, is the time between bits and it is given by
T, =AT, +T, +AT, 2.4)

= A‘tp +Td
If we consider a bit rate, R,, of 20 Mbps, then from (2.3), t,<50ns, that is,

(AT, +7,)<50ns=1bit, = AT, <50nsand T, <50 ns. If we consider the

100 _
3x10®

maximum propagation distance, D = 100 m, then t,= 0.33us = 6.67 bits. So the

guard time, ©,=667+1=8bits=1byte.

2.3.1.2 Service Type Field
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The service type field is used to indicate the service type, for example,
control/supervisory, voice, CBR traffic, CBR traffic with burst switching, real-time
VBR/time-critical data traffic, non-time-critical data traffic, etc. This field simplifies
processing of protocol conversion and bandwidth allocation at the base station by freeing
the base station from the need to keep track of all information. For real-time VBR
services, this field is also used to indicate the end of transmission. This is done by
encoding the field to four 1’s in the used request slot that has been assigned to the real-
time VBR service. Note that this is possible because the service type of such a real-time
VBR service is known to the base station through its assigned used request slot.
2.3.1.3 QoS parameter Field

The QoS parameter field contains the information that allows the bandwidth
allocator at the base station to decide who should have access priority to the information
slots in the next TDMA frame. The information in this field may includes a packet’s time
of expiration, a packet’s age (time spent in its local queue at the portable terminal), the
length of a message queue, the number of slots required in the next TDMA frame by a
real-time VBR service, and the status of the local queue at a portable terminal (i.e.,
whether it exceeds a given threshold). This information can be used for scheduling.
2.3.1.4 Cyclic Redundant Check Field

The 2-byte Cyclic Redundant Check (CRC) is used for bit error detection. In the
present design, error correction can be carried out either by means of go-back-n automatic
repeat request (ARQ) or Forward Error Correction (FEC) coding. The use of FEC
however, incurs additional bandwidth wastage since part of the information payload will

be used to transmit the redundant bits needed to correct errors. Nevertheless, the long
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delays normally associated with go-back-n ARQ may make it necessary for some traffic
types to sacrifice bandwidth efficiency and utilise FEC for error correction.
2.3.1.5 Packet Sequence Number Field

The Packet Sequence Number is used to detect lost packets. In this case, recovery,
if necessary, will also utilise the go-back-n ARQ. In addition, this field is used by a voice
user to indicate the end of its talkspurt to the base station. In this case, the field is encoded
with a bit pattern of all 1’s. Note that this end-of-talkspurt indication allows the base
station to immediately reallocate the information slot used by this user to another user in
the next frame.
2.3.1.6 Handoff Indicator Field

This 2-bit field is reserved for further development.
2.3.1.7 ATM Fields

The ATM fields have the similar functions to those in the wired ATM Cell field.
The wireless ATM VCI is determined at call setup and it is mapped to the wired ATM
VPI/VCI. It is assumed that the mapping is done during the connection setup by the
control plane with the translation table updated at the base station interface. Note that
there are no Generic Flow Control (GFC) and Header Error Control (HEC) fields in the
wireless ATM packet. The GFC field is only significant at the User Network Interface
(UNI) where it is used to control access from a number of terminals [5]. This function is
already provided in the wireless segment by the bandwidth allocator in the base station.
The HEC field is also not necessary since the error detection and correction provided
within the wireless segment will generally be more powerful. In addition, the cell

delineation function of the HEC field in the wired ATM network is also taken care of in
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the wireless segment by the TDMA frame structure. Another reason why HEC should not
be included is that the error probability in the wireless domain is much higher than that in
the wired domain, causing header corruption leading to misrouted or lost packets. Thus, it
is better to have the HEC computed in the base station for protocol conversion for
outbound inter-domain traffic.
2.3.1.8 Uplink TDMA Frame Size

Assuming that the payload in the wireless ATM packet is 48 bytes (n=1), then the
total uplink information slot size is 23.2 pus, which is long enough to transmit one packet
of 58 bytes (2x1+2+2+2+48+2) or 464 bits. The total uplink request slot size is 12 or 14
bytes (2x1+2+2+4+2 or 2x1+2+2+6+2), that is, 96 or 112 bits which are equivalent 4.8 pis
and 5.6 ps, respectively. Note that one information slot is equivalent to 4.833 or 4.1428
request slots. Assuming that voice traffic of 32 Kbps and it is packetized using AAL type

1 with 47 bytes of payload, one voice packet needs 11.75 ms to be packetized. Thus, the

TDMA frame size, Trpp, is also 11.75 ms (3—‘2%%3—). Table 2.2 shows the TDMA frame

size and the number of information slots for various voice bit rate. The lower the bit rate
for voice makes the situation worse. Thus, echo cancellation is required.

Table 2.2. TDMA frame size for various voice bit rate

S/No. | Voice Bit Rate | TDMA frame(ms) | Equivalent no. of
(Kbps) information slots in each
TDMA frame
1 64 5.875 253
2 32 11.75 506
3 16 23.5 1012
4 47.0 2025

Let Tz and T; be the slot size of one request slot and one information slot,

respectively. Let N; be the number of request slots in a TDMA frame. Then, the number
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of information slots in a TDMA frame, N, = r(TTDMA -NeTR)/T; 1, where[x] is the smallest

integer greater than or equal to x. The overhead ratio is simply (NxTz)/ Trpma-

Table 2.3. Overhead ratio due to the number of request slots in a TDMA frame of size

11.75 ms with request slot size of (a) 4.8 pis and (b) 5.6 us

S/No. | No. of request slots | No. of information slots | Overhead ratio (%
1 50 496 2.043
2 100 485 4.085
3 150 475 6.128
4 200 465 8.170
(6))
S/No. | No. of request slots | No. of information slots [ Overhead ratio (%)
l 50 494 2.383
2 100 482 4.766
3 150 470 7.149
4 200 458 9.532
(b)

Table 2.3 shows the tradeoff between the number of request slots and the number of
information slots, and the overhead ratio due the number of request slots in a TDMA
frame of size 11.75 ms.
2.3.2 Downlink Slots

The downlink request slot format is shown in Fig. 2.5, while the downlink

information slot format is shown in Fig. 2.6.

1 2 . . . . 2
byte bytes 12bits 4 bits 9 bits 9 bits bytes
Guard| SYN( Destination] Service]| Start of information slot| End of information slo CRC
Time Address | Type | position in the uplink | position in the uplink

Fig. 2.5. Downlink control slot format

1 2 . . , . 12 3 1 48n 2
Guard| SYNC]Destination|Service[Packet Sequence | Handoff] ATM| ATM|ATM|ATM |CRC
Time Address |Type |Number IndicatorfVCI | PT |CLP [Payload

Fig. 2.6. Downlink information slot format
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2.3.2.1 Destination Address
This field identifies the portable terminal for which a downlink packet is destined.
A broadcast address is defined with a bit pattern of all 1’s.
2.3.2.2 Service Type Field
The service type field is used to indicate the service type. As with the case of the
uplink, inclusion of this field simplifies protocol processing at the portable terminals. The
control/supervisory packets in the downlink perform the following functions:
e broadcast the highest numbered available request slot in the next frame,
e broadcast the numbers of all collided requests and information slots in the last frame,
¢ inform portable terminals of their success or failure in gaining access to either request
or information slots
¢ inform active voice users of changes in their allocation of information slots (this is due
to a packing algorithm [11] which groups all voice information slots together and
which is invoked whenever a talkspurt ends)
e carry out other signalling functions.
2.3.2.3 Start of Information Slot Position in the Uplink Field
Depending on the type of control packets, this field is used to indicate to a traffic
type the starting position of its allocated information slot(s) in the next uplink frame,
collided request slots in the last frame, collided information slots in the last frame, or the
highest numbered available request slot in the next frame.
2.3.2.4 End of Information Slot Position in the Uplink Field
Similarly, this field is used to indicate to a traffic type the ending position of its

allocated information slot(s) in the next uplink frame, collided request slots in the last
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frame, collided information slots in the last frame, or the highest numbered available
request slot. The information in this frame field may be the same as that in the start of
information slot position. For examples, voice packets, data or video packets requiring
only one information slot, highest position of the available request slot, etc.

2.3.3 Slot Timing for Uplink and Downlink

Fig. 2.7 shows the slot timing for the uplink and the downlink. The Frame SYNC
is used to provide synchronization information at the beginning of each frame to the

mobile users in the cell of each base station.

Request Information Request Information
slots slots slots slots
Uplink
Downlink
— —
Frame SYNC Processing time Variable boundary
»e- —Spe— e e
Information Control Information Control Information
slots slots slots slots slots

Fig. 2.7. Slot timing for the uplink and the downlink
2.4 Medium Access Control Protocol
The TDMA/DR MAC protocol designed here (and in [12]) is similar to that
described in [1-4] except for the following enhancements:
e The MAC protocol allocates uplink information slots to CBR voice users dynamically
on a burst switching basis. Thus, silent voice users are not allocated uplink information

slots, and must contend for access at the start of each talkspurt. This allows statistical
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multiplexing of active voice users. Thus, the bandwidth is more efficiently allocated
and more voice users can be accommodated.

The request slots are classified into available and used request slots, and the available
request slots are used for all traffic types to contend for access to the uplink initially
using the slotted Aloha protocol. The used request slots are dynamically allocated to
real-time VBR traffic that have successfully gained access to the uplink through the
use of an available request slot previously. The used request slots relieve the real-
time VBR traffic of the need to contend for request slots at every frame. The rationale
is that such traffic types, e.g., VBR video, will have data to transmit over many
TDMA frames. This gives better performance with less delay for real-time VBR
traffic. An exception here is an active voice user. Since each active voice user will
have only | packet to transmit per TDMA frame, used request slots are not assigned
to voice traffic.

Receiver capture is exploited to provide voice users higher priority access to request
slots by allowing them to transmit their request packets at a higher power level than
non time-critical data users. The reason for this is that voice traffic is real-time, while
non time-critical data traffic can be delayed. (Note that because request packets of
real-time VBR traffic are generally transmitted through used request slots, and if such
traffic are represented by VBR video of which there will not be many owing to the
relatively low aggregate bit rate of a wireless segment, contention for the available
request slots will typically be between the numerous voice and non time-critical data

users.)
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e A packing algorithm which packs up gaps in information slots caused by the ending of
voice talkspurts and the algorithm drops voice packets in a ‘round robin’ manner
during temporary video overload is developed [11]. This helps to spread voice
clippings during this period to as many voice users as possible and bandwidth is used
more efficiently by taking advantage of the silent periods of voice traffic.

How the MAC protocol handles 4 representative traffic types is now considered in greater

detail.

Class 0 - CBR traffic: A class 0 user contends for initial access using the slotted ALOHA

protocol in an available request slot. If it is unsuccessful, it tries again in the next frame. If

it is successful, it is assigned a fixed number of information slots for the whole duration of
its connection. The last packet of the connection will inform the base station that it is the
last packet through the packet sequence number in the information slot using a pattern of

ten 1’s (see Section 2.3).

Class 1 - Real-time VBR and time-critical data traffic: A class 1 user also contends for

initial access using the slotted ALOHA protocol in an available request slot. If it is

unsuccessful, it tries again in the next frame. However, if it is successful, it will be
assigned a wused request slot in all subsequent frames for the whole duration of its
connection. The class 1 user transmits its request for the number of information slots it
needs in the next frame in its assigned used request slot in the current frame. At the end of
the transmission, the portable terminal will inform the base station that the packet in the
next TDMA frame is the last packet in the transmission through the ‘service type’ field (by
setting to four 1’s, see Section 2.3.1) in the used request slot. The ‘service type’ in the

request slot for real-time VBR traffic is only significant for its first successful request slot
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as the base station will know that the subsequent packets are for real-time VBR traffic due
to the location of the assigned used request slots.

Class 2 - CBR voice with burst switching: A class 2 user contends for access in an
available request slot using the slotted Aloha protocol at the start of each talkspurt. If it is
unsuccessful, it tries again in the next frame. Because of real-time constraints of voice
traffic, class 2 packets that are not transmitted after a given delay (two request slot
contentions) are discarded, giving rise to speech clipping. However, if the class 2 user is
successful, it is assigned a single information slot in each frame (and hence, need not
contend for a request slot anymore) for the whole duration of the talkspurt. The assigned
information slot may vary from frame to frame as other class 2 users end their talkspurts
and are not assigned any more information slots (this is due to a packing algorithm which
we describe in [11]). The last packet in the talkspurt will inform the base station that it is
the last packet through the packet sequence number in the information slot using a pattern

of ten 1’s (see Section 2.3).

Class 3 - Non time-critical data: A class 3 user contends for access using the slotted
Aloha protocol in an available request slot for each message in its buffer. If the request is
unsuccessful, the user backs off for a random number of frames before trying again.
Otherwise, the user is assigned a number of information slots in which to transmit the
message. Note that the number of information slots assigned may be insufficient to
transmit the entire message of the user. In this case, the user will need to contend for
access anew after a random number of frames later to transmit the remaining portion of its

message.

26



2.4.1 Bandwidth Allocation

To ensure reasonably good QoS is provided to every class of service, it is
imperative that an efficient bandwidth allocation scheme is implemented at the base
station. Nevertheless, because of the possibility of temporary overloads, it is necessary to
have some form of priority structure among the different classes of services that will be
supported. In this respect, we assume that service class j will always have priority over
class k, whenj < k, and j, k= {0, 1, 2, 3}. Within the individual classes, other priority
schemes can be used to decide which user is given bandwidth and which is not during
temporary overloads. Some examples of these priority schemes include random select,
earliest due time, etc.
2.5 Usage Parameter Control

The aim of a policing function is to detect a nonconforming source as quickly as
possible and to minimize the potentially negative effect of the excess traffic generated by
such sources to the conforming ones. UPC in wireless/wireline ATM networks have not
been proposed nor studied in the literature until recently. In [86], the effects of user
mobility on the Generic Cell Rate Algorithm (GCRA) as the UPC is studied. No uplink
MAC protocol is specified in [86]. A transit time is assumed in the wireless domain.

Our model of the UPC in a wireless/wireline ATM access network is shown in Fig.

2.8.
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Fig. 2.8 Model of an arrival process to a portable terminal passing through the base
station scheduler and a leaky bucket at the base station

A leaky bucket as the UPC is used at the base station to perform rate based control. There
is a new problem here where the traffic characteristics are changed after passing through
the wireless domain before entering the leaky bucket in the base station. The arrival
process at the portable terminal buffer can be voice, video, data or multimedia traffic.
Considering a particular connection, the arriving packets to the portable terminal buffer
are transmitted to the base station buffer by the base station scheduler (uplink MAC).
Packets at the portable terminal buffer can be lost due to ‘late packet’ for voice traffic.
Packets can also be lost due to insufficient information slots in the uplink MAC protocol
for voice traffic. Departed packets from the base station scheduler or uplink MAC
protocol then become the arriving cells to the leaky bucket at the base station. The base
station buffer is finite and cells arriving at a time when the buffer is full are discarded.

The main idea of the leaky bucket is that a cell, before entering the ATM

multiplexer or network, must obtain a token from the token buffer. An arriving cell will
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get one token and leave the leaky bucket if there is at least one token in the token buffer.
Tokens arrive to the token buffer at a constant rate. The token generation rate is set at the
equivalent capacity of a connection during CAC to the Virtual Connection Tree (VCT).
With a finite token buffer, tokens arriving at a time when the token buffer is full are
discarded. The size of the token buffer determines the number of cells that can be
transmitted consecutively, controlling the burst length. The maximum number of cells that
can leave the leaky bucket can be greater than the token buffer size since, while cells arrive
and obtain tokens from the token buffer, new tokens arrive at a constant rate to the token
buffer.
2.6 Connection Admission Control

The capacity of wireless ATM networks is related to cell size of a base staion.
Smaller cells tend to provide higher capacity. However, small sized cells, e.g., micro and
pico cells, tend to incur more frequent handoffs due to user mobility. The network call
processor for connection handoffs becomes the bottleneck. In [47], Acampora and
Naghshineh propose the virtual connection tree (VCT) as a means to circumvent the need
to involve the network call processor for every cell handoff attempt in cellular ATM
networks. Fig. 2.9 shows a virtual connection tree that supports mobile cellular

connections.
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A VCT is a region containing B interconnected base stations. Sufficient resources are
provided so that movements of mobile users from one base station to another within the
VCT do not incur handoff. Specifically, at the time that a mobile connection is admitted to
a VCT, a collection of virtual circuit numbers (VCNs) are assigned to the call. These
VCNs enable the mobile to hand off between base stations in a geographical region
covered by the VCT without involving the network call processor. The network call
processor is only involved for handoffs between base stations belonging to different
regions. In [47], the performance of the VCT has been evaluated by exploiting the
statistical nature of the mobile environments such that overload is possible but unlikely. A
homogeneous CAC (connection admission control) model for the VCT is considered in
[47]. With wireless ATM perceived for supporting multimedia services, it is necessary to
consider heterogeneous traffic models. In this thesis, we propose two CAC approaches for
connection admission to the VCT based on equivalent capacity for heterogeneous traffic.

The concept of equivalent capacity has been used for CAC for individual connections
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between source and destination pairs [27,48,73-78]. The same metric of equivalent
capacity can be used for resource allocation in the CAC problem under consideration.

Fig. 2.10 shows the CAC model to a VCT. When a mobile requests for a new
connection, the network call processor will compute the equivalent capacity of the
new request. If the sum of the equivalent capacities of the existing connections in the VCT
and the equivalent capacity of the new requesting mobile to the VCT exceeds the
maximum equivalent capacity of the VCT, then the new request is rejected. Otherwise, the
new request is accepted. The network call processor will set up one connection for each
base station in the VCT for the newly accepted mobile and the VCNs will also be assigned
to the mobile. The VCNs will enable the mobile to roam in the base stations in a
geographical region covered by the VCT without involving the network call processor.
The call processor will also update the sum of equivalent capacities for all existing

connections including the equivalent capacity of the new connection.
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Chapter 3

Medium Access Control

3.1 Introduction

Medium Access Control (MAC) protocols using TDMA/DR have been proposed
and studied by computer simulation in [1-4]. In Section 2.4, we have proposed an
enhanced TDMA/DR MAC protocol. In this Chapter, we will study and analyse the
performance of this protocol by computer simulation and approximate analysis.

The first part of this chapter studies the performance of a cellular wireless ATM
network using computer simulation. The uplink MAC protocol, used in this network
which allows transmissions for heterogeneous traffic, is described in Chapter 2. In this
simulation study, front end voice clipping and voice clippings within a voice talkspurt are
considered. Some simulation results for the uplink MAC protocol are discussed. In the
simulation model, only voice losses are considered but not video and data losses. All video
and data packets are buffered. The simulation model is described in Section 3.2 while the
simulation resuits are shown Section 3.3.

In the latter part of this chapter, an approximate analysis of delay-sensitive traffic
of voice and MMPP video traffic is provided for the MAC protocol described in Chapter
2. The mean delays and the distributions of the voice and MMPP video traffic are obtained
under light load in Section 3.4. To the best of our knowledge, there is no delay analysis of
delay-sensitive traffic of voice and video in a cellular wireless ATM access network with

heterogeneous traffic reported in the literature. Here, we present an approximate analysis
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of the delay-sensitive traffic of voice and MMPP video under light loads as we believe
most networks will operate in. The numerical results are shown in Section 3.5.
3.2 Simulation Model
3.2.1 Simulation Model Processes

Fig. 3.1 shows the simulation model for the proposed cellular wireless ATM uplink
MAC protocol. There are four major components in the simulation model: (1) arrival
processes of voice, video and data traffic, (2) request contentions in the request slot
subframe, (3) allocation of bandwidth in the information slot subframe, and (4) voice,
video and data uplink transmission in the information slot subframe. The arrival processes
for voice, video and data are described in Section 3.2.2, while the request contention
processes are described in Section 3.2.3. Information slots allocation and information slot
transmissions are described in Sections 3.2.4 and 3.2.5, respectively.

As discussed in Chapter 2, video, voice and data traffic represent the class 1, class
2 and class 3 traffic, respectively. From the media access control point of view, video
service is given the highest access priority. Each video source is assigned a used request
slot for the duration of its connection. A voice source must contend for an available
request slot on a per talkspurt basis, i.e., once the front-end packet of a voice source
acquires access rights, that information slot becomes owned by the voice source for the
duration of the talkspurt unless another information slot is allocated to the voice user
during the talkspurt. On the other hand, data must contend for an available request slot on
a per message basis.

Flow diagrams for the algorithms followed by each portable terminal for video,
voice and data traffic are shown in Appendix A. Appendix A also contains the flow

diagrams for the algorithm followed by the base station for information slots allocation.
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Fig. 3.1. Simulation model for the cellular wireless ATM uplink MAC protocol
3.2.2 Arrival Processes
Each of the heterogeneous traffic requires a different QoS. Table 3.1 shows the

QoS requirements for voice, video and data traffic [33,34]. For data, ARQ can always be
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used for retransmission if there is an error. However, for video traffic such stringent
requirement of 10" BER cannot be met by the BER of 10 to 10”° BER in the physical

layer. So we will assume that a robust video traffic with a less stringent BER requirement

of say 10™ will be available for the wireless domain.

Table 3.1. Traffic types and their QoS requirements

Traffic Type | Data Rate | Bit Error Rate | Cell Loss Ratio | Maximum Delay
Voice | 32/16/8 kbps 10° 5x107 30-200 msec
64 kbps 10* 10°
Video Mbps 10" 107" 100 msec
Data kbps-Mbps - - minutes

Traffic models for voice, video and data can be found in [25-28]. Models for voice
and data are quite established, while models for video are still not well established.
3.2.2.1 Voice Arrival Process

A voice process is modeled as an On-Off process [29-30]. Fig. 3.2 shows the voice

arrival process for a voice user. The “On” state (talkspurt period) is exponentially

distributed with a mean value of Z , while the “Off” state (silence period) is exponentially

distributed with a mean value of t,. During the talkspurt period, voice packets are
generated after a packetization time of Trpyy = 11.75 ms, where Trpy, is the uplink

TDMA frame time. From [29], the mean talkspurt period, 1, =0.352 seconds, while the
mean silence period, ¢, =0.650 seconds. Whereas from [30], the mean talkspurt period,

1, =1.0 seconds, while the mean silence period, 7, =1.35 seconds. Thus, the mean period

between consecutive start of talkspurts is 1.002 seconds and 2.35 seconds for [29] and
[30], respectively. Since we are considering the worst case performance for this wireless
network, the former will result in higher probability for outstanding voice request

collisions in the request slot subframe.
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Fig. 3.2. On-Off source model for voice arrival process

Fig. 3.3 shows the packetized voice process for the case where the start of the next
talkspurt period falls within the last packetization period for the last voice packet in the
previous talkspurt. Thus, in this case, voice packets are packetized as though there is no
silence period between the two talkspurt periods. Otherwise, considering many
consecutive small silence and talkspurt periods being generated within a packetization time
and a voice packet is generated at each start of talkspurt, many voice packets can be
produced in a packetization time. In other words, such silence periods are disregarded
(filled in).

Onstate Offstate  On state Onstate Offstate  On state
~exp. l/fy ~exp. I/, ~exp. l/ny ~exp. /1, ~exp. l/t; ~exp. l/fy

. ' 'S 4
Voice user T

Packetized

e 1 O
p— .
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Fig. 3.3. Packetized voice process for the case where the start of the next talkspurt period

falls within the last packetization period for the last voice packet in the previous talkspurt
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Assuming that the number of voice users, M,q.. = 100 and no voice loss, and the

mean number of information slots used by voice users, N, , is given by

N,. =032, 100=351. @3.1)
0352 +0.650

3.2.2.2 Video Arrival Process

Phase p Phase q Phase r

~exp. A, ~exp. Aq ~exp. A

LTI L L L]

Fig. 3.4. 8-state MMPP for video arrival process

The video arrival process is modeled as a 8-state Markov-Modulated Poisson Processes
(MMPP) [31-32]. The number of phases, M = 8, while the slot time, d,z., =16.96 ps. The
MXM phase transition probability matrix in a slot time, H = [4;], (1<ij<M), is given by

[9998-10"  9848-10°  5820.10° 2675-10™" 10541077 3738-10°2 1227-107% 1929-10° ]
1688-10° 9997-107" 1182-107* 8148-10”° 4280-10™° 1897107 7475-10°% 1371-107%
1694-10"°  2007-10™ 9997-10°" 1379-10~* 1086-10™* 642010 316210777 6959-10°2 . 3.2)
_{1039-107'2 184710 1840-107 999710 1576107 1397-10* 9um-1077 25231077
4346-10™"7 1030-107'%  1539-10™* 1673-10* 9997-107' 1.772-10™* 1746-10°" 6403-107"
1309-107% 3877-107"7 7724-107" 1259-10® 1505-10” 9997-107" 1969-10 1083.107*
2920-107° 1038-107%' 25851077 s5618-107"7 1007-10™* 1338-10° 9997-10" L100-107*
|4885-107" 2026-107 60591072 1645-107"7 3932-107° 7835-107 L171-107  9999-107" )

Equation (3.2) is obtained from [31,32] which describe the MMPP characterization of the

video model in [89]. In the simulation model, k; is calculated as (1- 3 4, ) to make the sum
j=1

i#j
of probability equal to 1.0. The video cell generation rate while in phase i is denoted by A;
, (1<i<M). The arrival rate matrix is given by
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(85311072
LI75% 107"
1410x10™"
A= 1645x107" |, (.3)
1880x 107!
2115x107"
2350% 107"
2700x 107" |

The interarrival time between consecutive arrivals in phase i is assumed to be
exponentially distributed with an arrival rate of A;, i=1,2,...,M. The number of slots in
phase i, Nygse = (1-p)*'p, where p = 1 - h;. Thus, the length of each phase is
geometrically distributed. Assuming that the number of video users, M,i%,=3, the mean

number of information slots used by video users, N, , is given by

= 4643x10°

s = e X1175%107 x3=4262 for AAL type 5. (3.4).

Assuming that the number of video users, M, ;,=2, the mean number of information slots
used by video users, N, , is given by

— _ 4643x10°

- ideo TOTRE 11.75x107* x3 =284 for AAL type S. 3.5)

3.2.2.3 Data Arrival Process
The data arrival process is modeled as a Poisson process with a mean arrival rate
of 1/ E At each arrival, a data message is generated with a geometric number of packets.

Thus, the interarrival time between consecutive message arrivals is exponentially

distributed with a rate of Au.,; for data user i. The mean interarrival time between

consecutive message arrivals, t; = 1.0s.
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Fig. 3.5. Poisson process for data message arrival with a geometric number of packets for
data arrival process
Assuming a mean of 5.12 kbits per message, the mean number of packets in a message is
calculated as [5.12x10% (48x8)] considering using AAL type 5. The number of data
packets in each message is assumed to be geometrically distributed with the mean of 14
packets in each message. Thus, the number of packets, &, in a message has a geometric
distribution as follows:

Pr{k packets in a message] = (1-p)""'p, where p = 1/E[k], k€[0,...,1336].  (3.6)
For AAL type 5, maximum payload of Common Part Convergence Sublayer-Protocol
Data Unit (CPCS-PDU) = 65535 octets, the CPCS-PDU trailer = 8 octets, we need
another 25 octets in PAD to provide 48 octet alignment of CPCS-PDU trailer. So,
65535+25+8 = 65568 octets. Thus 65568/48 = 1366 ATM cell payload. Assuming that
the number of data users, M,,,=100, the mean number of information slots used by data
users, N, , is given by

N, =14x1175x107 x 100 =16.45 . 3.7

3.2.3 Request Slot Contention Processes

In the request slot subframe, there are seven type of contention requests in current
available request slots: (1) new “start of talkspurt” voice requests , (2) unsuccessful “start
of talkspurt” voice requests in the previous request slot subframe, (3) successful “start of

talkspurt” voice requests but unsuccessful information slot allocation, (4) new head of line
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(HOL) data message requests, (5) unsuccessful HOL data message requests in their
previous requests in the request slot subframe, (6) long data messages which were not
completely transmitted in the previous transmission frame due to insufficient information
slots for data, and (7) voice control request packet for releasing information slot for the
last voice packet in a talkspurt which is discarded due to insufficient voice information
slot.

Unsuccessful voice requests will retry in the next TDMA frame, while unsuccessful
data message requests will retry after a random number of TDMA frames. This number is
equally distributed from 0 to max. In the simulation model, max is set to 11.

3.2.4 Information Slot Allocation Process

In the information slot allocation, video traffic has a higher access priority than
that for voice traffic, while voice traffic has a higher access priority than that for data
traffic. Video traffic has more stringent real-time requirements than that for voice traffic.
For data traffic, some delay can be tolerated but not packet loss.

A random select scheme is used for selecting the active data users’ packets to be
transmitted in the information slots when there is sufficient information slots for data users
and when there is insufficient information slots. For the case when there is insufficient
information slots for data users, those data users that are not selected and the data user
which can only transmit part of its message will retry after a random number of TDMA
frames. Other possible schemes are: (1) select message with least (most) number of
packets, (2) select message whose packet queue length in the portable terminal is the
longest, etc.

In the uplink MAC protocol for a cellular wireless ATM network with

heterogeneous traffic described in Chapter 2, each voice user is allocated an information
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slot only during its talkspurt period (burst switching). In order to ease the implementation
at the portable terminals such that the allocation of information slots to other traffic (data
and video) can be made in a contiguous block, the allocation of voice information slots
must also be made in a block with contiguous voice information slots (variable length
voice block). Due to ‘end of talkspurt’ voice packets, gap or gaps will appear in the
variable length voice block when such information slots become available in the next
TDMA frame. These gaps in the variable length voice block need to be ‘defragmented’
with minimum changes in the positions of the voice information slots so that the base
station will only have to inform those voice users with changes in location for their voice
information slots. For voice users, an algorithm has been proposed in [11] for allocation
and defragmentization of voice information slots when there is sufficient information slots
and when there is insufficient information slots. This algorithm takes into account of (1)
‘end of talkspurt’ packets or gaps in the variable length voice block, (2) minimum changes
in the positions of the voice information slots, (3) sufficient and insufficient information

slots, as well as (4) new successful voice requests.

For video users, a random select scheme is used for selecting which video users’
packets to be transmitted first when there is sufficient information slots and when there is
insufficient information slots. No video packet loss is considered.

The minimum time starting from the end of the request slot subframe for
processing the requests to the time that the first downlink control packet is transmitted is
assumed to be 400 information slots. This assumption will enable the last downlink control
packet to be broadcasted before the end of the current TDMA frame.

3.3 Simulation Results
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In this simulation results, we consider only voice losses but no video and data

losses. The simulation parameters are as follows:

- TDMA frame, Trpus = 11.75 ms (voice of 32 kbps with AAL type 1 (47 bytes payload)),

- Request slot time, T =4.8 s,

- Information slot time, 7, = 23.2 ps,

- Control slot time in the downlink, 7 = 3.7 ps,

- Number of voice users, M,,... = 100,

- Number of data users, M., = 100,

- Number of video users, M, .., =2 or 3,

- Video generation slot length, d,ize, = 16.96 ps,

The other simulation parameters for the data, voice and video arrival processes are as

described in the previous section.

Before looking at the simulation results, let us define some of the performance

measures.

® Mean queueing delay (voice, video or data) is defined as the time interval between the
time of arrival of a packet to the time of departure of the packet from the queue
(voice, video or data) to the uplink channel. In the case where voice loss is considered,
the mean voice queueing delay does not include those voice packets that are discarded
at the portable terminals.

e Voice (video) packet delay variation or jitter is defined as the difference between the
queueing delays of two consecutive voice (video) packets which are transmitted from
the portable terminals. The latter queueing delay is used to subtract from the previous

queueing delay.
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e Voice losses is defined as the ratio of the voice packets which are discarded due to (1)
unsuccessful requests in the request slot subframe (front end voice clippings) and (2)
insufficient information slots in the information slot subframe (voice clippings within a
talkspurt) to the total number of voice packets that are discarded and transmitted.

o Channel utilization is defined as the percentage usage of the information slot subframe
by voice, video and data users.

3.3.1 Voice Performance

Fig. 3.10 shows the probability of more than zero outstanding voice request
collisions. Note that the knee of this probability for 2 video users is about 60 request slots.
Beyond this point, any further increase in the number of request slots will not have a

significant decrease in this probability.
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Fig. 3.10 Probability of more than zero outstanding voice request collisions

Voice traffic is handled on a loss basis in the sense that voice packets that are not
transmitted after a given queueing delay (2 request slot contentions) are dropped. This
results in front-end clipping of talkspurts. In addition, because video traffic has a higher
access priority to information slots than voice traffic, during temporary video overloads,
some voice talkspurts can be deprived of information slots. This results in mid-talkspurt
clippings. Fig. 3.11 shows that for the simulated configuration, mid-talkspurt clippings are

negligible compared to front-end clippings. With at least 15 request slots, the total
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percentage of voice clippings falls to less than 0.4%. Note that for telephony speech
quality, loss of voice information not exceeding 0.5% is generally acceptable. Again, the

knee of the curve in Fig. 3.11 is at about 60 request slots.
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Fig. 3.11. Percentage voice clippings

For those voice packets that have not been dropped, the distributions of queueing delay
and queueing delay variations, for 60 request slots, are shown in Figs. 3.12 and 3.13,
respectively. Observe that all the voice packets are transmitted within 2 TDMA frames
(which is to be expected). In fact, 99.5% of the voice packets experience queueing delays
not exceeding 24.2 ms (i.e., 10457;). The distribution of queueing delay variation shows a
high probability (0.95) for a talkspurt to transmit through the same information slot in
every frame. Again, this is to be expected from the MAC protocol. The non-zero delay
variations are clearly caused by the MAC protocol’s packing algorithm which packs up
gaps in information slots caused by the ending of talkspurts, and its ‘round-robin’ manner

of dropping voice packets during temporary video overloads.
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Fig. 3.12. Distribution of voice packet access delay with 60 request slots
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Fig. 3.13. Distribution of voice packet access delay variation with 60 request slots
3.3.2 MMPP Video Performance

Video traffic is accorded the highest priority, and since in the simulation study no
video traffic is ever dropped, we consider only its delay performance. From simulation
results for the video model used, 3 video users are not supportable as the resulting voice
packet loss is unacceptably high. Therefore, we consider only 2 video users. Fig. 3.14
shows that the mean queueing delay of video remains at a relatively constant value of 21
ms for various numbers of request slots. Figs. 3.15 and 3.16 show the distributions of
video packet queueing delay and delay variation assuming each frame has 60 request slots
(this number of request slots yields an acceptable probability of request collisions from
simulation). Observe that most video packets are transmitted within 2.5 TDMA frames

(i.e., 29.3 ms), where 7, =232 pus. In [33] it is stated that compressed video can tolerate a

maximum delay of 100 ms while preserving good interactivity. As for queueing delay
variation, for most video packets this does not exceed a value equal to the length of |
information slot. This is attributable to the high priority of video traffic and that blocks of
contiguous information slots within a frame are normally allocated to the 2 video users.
The simulation results indicate that queueing delay variation is bounded between -2.32 ms
and 16.24 ms, with 99.08% of the packets having delay variations between -2.32 ms and

2.32 ms with 2 video users. Note that the negative values of queueing delay variation are
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caused by the video packet interarrival time being longer than the information slot

duration.
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3.3.3 Data Performance and Overall Channel Utilization

Finally, Figs. 3.17 and 3.18 show the mean queueing delay experienced by data
traffic and the overall percentage utilisation of the information slots, respectively. The
mean data packet queueing delay in this case does not exceed 50 ms which is well within
acceptable limits. The corresponding information slot utilization level is below 60%. This,

and the results presented for voice and data performance, suggests that more voice and
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data users can be supported by the wireless segment under consideration. Alternatively, if

a lower rate video codec is used, the number of video users that can be supported may be

increased.
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3.4 Performance Analyses
3.4.1 Voice Traffic

Assuming only classes 1, 2 and 3 services in the wireless segment under
consideration, there are at least 6 types of requests that may contend for the available
request slots in a frame. These are (a) voice (class 2) requests due to (i) a new voice
talkspurt, (ii) an existing voice talkspurt that has not successfully gained access to a
request slot, and (iii) an existing voice talkspurt that has not successfully gained access to
an information slot, and (b) data (class 3) request due to (iv) a new data message, (v) an
existing data message that has not successfully gained access to a request slot, and (vi) a

long data message that has not been completely transmitted. To aid in the design of the
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uplink frame composition (i.e., the numbers of request and information slots) we can carry
out an approximate analysis to relate the number of available request slots in a frame to
the probability of collision between contending requests. In the following, we adopt the
analysis from [80] assuming light load conditions and that voice has higher power level
than that of data requests, i.e., priority for voice requests over data requests. However,
we consider a finite population for voice requests instead of an infinite population [80].
With voice traffic having higher priority (as is the case in our MAC protocol), the
probability of collision between contending voice requests can be obtained simply by
assuming no data traffic is present.

Since a used request slot is assigned to a class 1 (video) user for the whole
duration of its connection, we can consider collisions in request slots to be caused only by
voice and data arrivals if we assume that the connection duration of a video user is much
longer than those of voice and data users. Further, the number of available request slots is
N,=N,-M,,,, where N, is the total number of request slots and A, is the number of
video users. Consider the arrival processes for voice, video and data traffics to be as
described in Section 3.2. Then, the probability that m requests arrive to the available
request slots in the ith TDMA frame, Pr{4; = m], consists of two types of arrivals. These
arrivals are those coming from the voice users who are in the silent states at the beginning
of the frame and those coming from the voice users who become silent during the frame,
denoted by 4, and 4,,, respectively. Let M, be the number of voice users who are in the

silent states at the beginning of the frame and M,, be the number of voice users who

become silent during the frame interval. On the assumption that the arrival processes are

independent, the probability of the former arrival type is given by
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M
P4, =ml]=( mw ]anl(l-l’x)%-m (3.8)

!

where p, =1-¢*m« T is the TDMA frame length, A =1/(, +,) is the request arrival
rate of one voice user, M, is the number of voice users, -tT is the mean talkspurt period

and Z is the mean silence period.

Next, given that there is one “arrival” for the case of an end of talkspurt in an
TDMA frame, the pdf of this “arrival” is uniformly distributed between zero and 7, .
Therefore, the pdf of the duration of the residual lifetime, in which a new voice request
can arrive, is also uniformly distributed. The pdf of the second type of voice request

arrival, is given by

M
Pr{d,, =m,] =( m"‘ )pg'z (1=p,)*m (3.9

T - - -
where p, =j(’f’fexp[-:R/rz])(l/Tm,,, Yty = 1~Ey[L ~exp(~Trpys / }2 1/ Trona - The pdf of the

[}

number of voice users who become dormant during the frame interval, is given by

M,
PAM,, =d]=( d"")p:’(l-pl)““"". (3.10)

Let C; be the number of outstanding collisions in the ith TDMA frame. The sequence {C;;
i=0,1,2,...} constitutes a first order homogeneous Markov Chain whose transition

probabilities are obtained as follows:
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131 =Pr[c'i+i =k|Ci =j]’ i,j=0’l92""9Mv (M+j_d'k)201
j M, —j+d

=Y PAM, =diC,=j] 3 PlA=mIM, =M, ~j,M, =d|B(m+j-d—km+j~d:N,)

d=0 m=0

J My—j+d min(d,-j.m]
=Y PiM, =dC=j1Y Y P, =mM, =M, ~jIPdd, =m-m,| M, =d]

d=0 m=0 my=max(0,m-d) ,(3.1 l)
xB(m+j—-d~km+j—d;N,)

j j _ M,~j+d min( M, ~jm] M —j '
=Z(d)pf'(l—p.)/-d ZB(m+j-d—k,m+j-d;NA) Z ( '"” )pf'"(l-pl)"'""""‘

d=0 m=0 my=max(0,m—d) !
X d m-my (l -p )d-mwnl
m-m, 2 2
where B(u,v; N, ) = Pr[u successful requests | v requests were transmitted in N, slots] and

it can be computed recursively as follows. Define n(«,v) = number of combinations that u

requests are successful given that v requests have been transmitted randomly in N slots.

Then
B(u, v, N, ) =2 (3.12)
N
and
nw.v)= NeYv ul(N -u)v-“ -’ﬁ" u+i}1(u+i v) (3.13)
i u Au) V1 pen i T

where r(v) = maximum number of successful reservations given that v requests have been
transmitted in N, slots,

v, vEN,

N,-1, v>N,. (3.14)

"(V)={

At steady state, we have
T=ny (3.15)

where & =[r, %, %, ...ty |, X, =]ymPr{C; = k] and y =[P;]. The expected number

of request collisions, E[C], is given by
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HCI=Y (3.16)

Since &, = 0, Pr{2 or more outstanding request collisions] = 1-7t, .

Let us consider the delay in terms of the number of TDMA frame(s) incurred by
the voice requests due to contention for the request slot subframe, F. Voice packets
delayed for more than two TDMA frames are discarded. Consider a tagged voice request.

Let K, be the number of voice requests transmitting in slots that are different from that
of the tagged voice request in the ith TDMA frame, and K,, be the number of voice

requests transmitting in the same slot as the tagged voice request in the ith TDMA frame.

Consider the case where F=0, we have

M, M,
PAF=0]= Y PHC., =c,]Y P4, =a,]/(1-P{4, =0)PAK,, =a, +c,_, ~1]. (3.17

€120 a;=!
[-NT 1

For the case where F=1, we have

& & I-Pr{4, =0]-Pr{4, =1], forc,, =0
Pr{f=1]= 2 PrC =c] Z P[A‘=a’]/{l—Pr[A.=0] fore,, 22
¢i-1=20 a;=2 forc,.130 i ’ -

¢l a,zlforc 22 .(3 18)

a, -1

a, M, -1
X 2 PrK,; =s5,] Z Pr(C =¢|C_, =c.,] 2 P4, =a,,1PdK,,,, =a,, +c, -]

5=l =5+l a,,.1=0

Note that equation (3.18) has many nested summations. These summations can only be
computed for a small number of voice users. For a large number of voice users, the
amount of computations is simply too large to be computed. Therefore, in order to reduce
equation (3.18) to a computable and tractable form, we assume a Poisson distribution for

the number of voice request arrivals. With this assumption, we have
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e ;-1 =0 N"
iy #1

Pr[F=0]=le'Umm ( N, j:eumm(v);:‘]_l]z Pl‘[C,l-c {N,“'l)q-h’ (3.19)

and
el
PriF=1]= _e'lrremu — KT e Mmsu [Nf,‘_ )PI‘[C, =0]
£ ]
a;=2 ¢, =8+l 4

,(3.20)
Ao [ N+l

)
l—e U'n:u ( N.I:G— 1)2 Pr(C, =c, Jz (kTmm)

¢, =2

e M (min(a; + e LM, - DY 1 )G N-1Y
<3 J(V,J Spiceic. e 57

5 4

e
+

5=l ¢, =5+l

where A =M, /(s, +1,). The derivations for equations (3.19) and (3.20) are shown in the
Appendix B.

To calculate the mean voice delay, let us first define some variables. Let D, denote
the time interval from the time the tagged voice packet arrives in a TDMA frame to the
“beginning” of the next TDMA frame, D, denote the single TDMA frame that the voice
packet has to wait if =0 as it can only be transmitted in the next TDMA frame, or two
TDMA frame time if F=1, D, denote the request slot subframe that the tagged voice
packet has to wait, D, denote the time interval that the tagged voice packet has to wait
before it can be transmitted in the information slot assigned to it by the base station

scheduler in the previous frame, and T,,,, denote the voice packet queueing delay. The

voice

voice packet queueing delay, T, , is given by

-~ ~

=D, +D, +D, +D, (3.21)
Let us assume that D, is uniformly distributed between the ‘beginning” of two

consecutive TDMA frames, i.e., between zero and T,,,,, . Its pdf is given by
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TTDMA N
0, otherwise

|
fﬁ(o:{ T 0% < T (G.22)

That is, the mean of D, is
E[Bl = % Topaia - (3'23)

The pdf of D, is given by

Pr{F = 0]
P{F =0]+PrF=1]
Pr{F =

Jif0<t<T,,, and F=0

f5,(0=1 PF= 0]+-Pr[F= T Jf0<t< T and F=1, (3.24)
0, otherwise
while the pdf of D, is given by
_[Lift=N,T,
f5! 0= {0, otherwise ' (3.25)

where N, is the number of request slots in the request slot subframe and T, is the time
duration of one request slot. That is, the means of D, and D, are respectively, given by

Pr{F=0]+2Pr{F=1] (3.26)

D,)= Troma »
E[D,} PrF=0]+PriF=1] TDMA

and E(D,]=N,T,. (3.27)
Let ¥ be the number of voice users in the active (on) state or the number of voice packets

for transmission in a TDMA frame. Assuming that the number of voice users is less than

or equal to the number of information slots under light load (M, < N,), the pdf of N is

given by

Pr[ﬁ.—.n]z(A:")P;,(l-Pm)"'"" . (3.28)
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where P, = ' . To calculate the pdf of D,, let us assume that voice packets are

l".’

transmitted at the “beginning” of their information slots and each of the n active voice
packets have equal probability of transmitting in each of the n consecutive information

slots starting from the information slot subframe. Therefore, its pdf is given by

M,

fb‘(t=(i-l)T,)=Z%PdIV:n]B[t—(i-l)T,], i=12,...M, (3.29)

n=i

where 5(-) is an impulse function. Thus, the mean of D, is

v L

M,
EID,1=Y, Y, ~ P =nli- )7,

nsl =l
M, n=1
=5, Leqi=ny
nal 1 j=0 (3.30)

T M,
11 N =
——2-2(n-l)Pr[N—n]

n=l

T,
=-L[M,P
2[

v®on

-1+(1-P,)"]

Therefore, the mean voice delay is given by
EUT o 1= E1D, 1+ ELD, 1+ E1D, 1+ £1D, ] (3.31)
Next, let us consider the distribution of the voice packets. First let us define

___ PHF=0]
fo= PH{F =0]+PF=1] (3.32)

___ PfF=1]
and fi= PH{F=0]+P{F=1]" (3.33)

From equations (3.21) and (3.25), the voice packet delay is given by
T..=T+D +D,+D,, (3.34)

voice

and its pdf is given by

ff..m 0=f '[-_fb] (t-T- Trpya = Dy )f5‘ (D,)dD, (335)

+/i “:fa (t-T-2Ty,, - D, )fb, (D,)dD,

55



where T=N,T,. Considering each discrete point of f5,(Dy) and multiplying

f5@=T-D,~D,) forall possible range of values, we have 5 main intervals.

For (T +Ty,,, +G-DT,) <t <(T+ Ty, +iT)), fori=12,....M,,
f i M,
f (=2 EZ-P'W nl].

TTDMA Jjat n=j
For (T + Ty +(M, —DT} )<t < (T+2TTDMA ),

L i"i ~PH{N =n]]

TTDMA j=l n=j

—é—'[l—(l—&n)" ]

TDAMA

f;, (D=

For (T +2T,,,, +(i-1T,) <t <(T +2T,,, +iT,), fori=12,....M,,

M, M,

S V=7 — L [ZZ—Pr[N- ]+ A, [iZ—Pr{N nll.

TDMA jmi+l nmj TDMA jal n=j

For (T+27T,,, +(M, -1)T,) <t <(T +3T,,,),

M, M,

S 0=2I(3 S Lo =)

TOMA j=i n=j

_f/ _{1_ M,
=T (I-(1-F,)™]

TDMA

For (T +3T,y,, +(i=OT,) <t <(T +3Ty,, +iT)), fori=12,....M,,

S $ § Lpv= .

TTDMA J=ivln=j

ffmn(t)—

3.4.2 MMPP Video Traffic

(3.36)

(3.37)

(3.38)

(3.39)

(3.40)

We assume that there is no overload in the information slot subframe. The video

arrival process is modelled as an M-state MMPP. Let 4, be the probability of being in

phase i in steady state. Then, we have

(Ahy...hy 1= [hihy...h, JH.
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In each phase, the video arrival process is Poisson distributed with a mean video arrival

rate, A,, in a video slot, 4, . For a Poisson arrival process with a mean rate A, the

probability of G arrivals in any interval of length ¢ is given by

Y
PG =g =)™ (3.42)

g!
Let D be the number of video packets arriving during an interval of length ¢. For 1 video
user, D is the weighted sum of the Poisson arrival processes in each of the M phases. Its

pdf is given by

d Ay .
video L
T (3.43)

Pr[5=d]=i

vzl
For 2 video users, D is the weighted sum of the Poisson arrival processes in each of the M
phases for user |1 and user 2. From the property of Poisson processes, the sum of 2

Poisson processes with mean arrival rate A, and A, is also a Poisson process with a mean
rate (A, +1,) . Then, for 2 video users, the pdf of D is given by
d A, +A
A, +A, -
M M [ ':| e *

PiD=d]=) ) Dose = h.h, . (3.44)

u=l v=i

For M, video users, D is the weighted sum of the Poisson arrival processes in each of
the M phases for user 1 to user M. From the property of Poisson processes, the sum of

M., Poisson processes with mean rates A, , A, ,... and L also a Poisson process
M, -
with a mean arrival rate, 2’1,‘ . Generalizing for M, video users, the pdf of D is given

i=l

by
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M, L
fk .‘:‘:-‘bfi;
- M M M i =1 ", Mudo
PD=d]=) Y .. ), |-Z—t|e “= sax]]n,. (3.45)
=l

PR Y D iteo

Let B be the number of video packets arriving during a TDMA frame and 7,,, be the

time interval for a TDMA frame. For M, video users, the pdf of B is given by

Agl Kﬁa

- M M M hy LT . !

P:{B=b1=§:§:_.. 2 ’;‘—Tm“ e Y o[, . (3.46)
sl hal iy, =) Gudo =

To calculate the mean video delay, let us first define some variables. Let D;

denote the time interval from the time that a tagged video packet arrives (jth arrival) in a

TDMA frame to the beginning of the next TDMA frame in the ith frame, D, denote the

one TDMA frame that the tagged video packet has to wait in the (i+1)th frame, D, denote

the request slot subframe that the tagged video packet has to wait in the (i+2)th frame, D,

denote the delay due to voice packet being transmitted before the video packets and the

time interval the tagged video packet has to wait for other video packets to be transmitted
first in the (i+2)th frame, D, denote the delay due to voice packets being transmitted
before the video packets in the (i+2)th frame, D,, denote the time interval that the tagged
video packet has to wait for other video packets to be transmitted first in the (i+2)th frame
and T denote the video packet queueing delay. The video packet queueing delay, 7.,
is given by

T =Ds+D, +D, +D,. (3.47)

Let us assume that D, is triangularly distributed between the beginning of two consecutive

TDMA frames, i.e., between zero and T, . Its pdf is given by
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while its cdf is given by

The mean of D, is

[ :" O<t< Trows
AT, o ) T, 2
-t
fb, (f) =1 "%—"'@M_A <t<Trpyu »
Trpaa
0 ,otherwise
( 2 0<t< Trpua
Troma ] 2
_ 2Trpais =) Trpaa
Fﬁs (#)=41- = — <t<Tpy, -
s Trpua <t <o
1
E[Ds] = 5 Tmm

The pdf of D, is given by

Lift=Tpy,

f50= {0, otherwise ’

while the pdf of D, is given by

Lift =NiT,

I, 0= {0, otherwise ’

(3.48)

(3.49)

(3.50)

(3.51)

(3.52)

where N, is the number of request slots in the request slot subframe and 7, is the time

duration of one request slot. That is, the means of D, and D, are respectively, given by

and

E[Bo 1= Toppa s

E[D,}=N,T,.

(3.53)

(3.54)

Let N denote the number of voice users in the active (on) state or the number of voice

packets for transmission in a TDMA frame. Assuming that the number of voice users is

less than or equal to the number of information slots under light load (M, < N,), where M,

59



is the number of voice users and N, is the number of information slots in the information

slots subframe, the pdf of N is given by

Pr[ﬁ=n]=(A:")F,',’,(l-P,,,, ) R (3.55)

where 2, = ;—::— t, is the mean talkspurt (on) period and 7, is the mean silence period.

-
!

The pdf of D, is given by

_ PN =n),ift =nT, 3.56
fb"(t) {0 ,orherwise’ (3.56)

where T, is the size of an information slot in the information slot subframe. The video
packets are transmitted at the end of the voice information slots block. Each of the & video
packets is assumed to have equal probability of transmitting in each of the £ consecutive
_ information slots. Assuming that the tail distribution of B is small under light load, the pdf

of D,, is given by

Ny-M,

f5,0=G-NT)= Y

k=j

1

;PrtE = kBl -DT, 1, (3.57)

where () is an impulse function. The pdf of D, is given by
- Ni=M, l -
Sy b=t -0 =P =n] Y, - B{E=AB -+ D], (3.58)
=

and its mean is given by

- M, - Ni~-M, k 1 -
BB1=Y PV =n] 3, ¥ LPdF=kitn+ 1T,

=0 . k=lN j;l , (3.59)
=L ¥ pi =] i}2n+k-1)Pr[§-k]
2 ; k=| -

k
where Z(n +j-1) =§(2n +k-1) . Therefore, the mean video delay is given by
j=l



ET,,1= E(D1+ E1D, 1+ E1D, ]+ E1D; ]

T (3.60)
=T +E[D;]

W

where T ==T,,,, +N,T,.

(]

Next, let us consider the distribution of the video packets. The video packet delay

is given by
Tt =§s+§s "'éf*':o "'5\0, (3.61)
=T +Ds+D, +Dy
where T" =T,,,,, + N, T, . Its pdf is given by
M,
fo ©= PN =] £, =T =nT,~D)f; (DoMD, . (3.62)
=0
For ease of computation, we discretize the pdf of D, and its pdfis given by
f5,@=wl))=F; (¢=(w+D)T))-F; (t=wT)), (3.63)

T, . .
where 0w < N, .0t SN T Nipys = [%’4-1 and [ x] is the greatest integer smaller or
I

equal to x. Considering each discrete point of f5,(Dy) and multiplying each discrete point

of f; (- T" -nT, - D) with probability Pr[N =n] for all possible range of values, we have

M, R —
£ O=YPUN=n] Y f; ¢ =w)
=0 w=0

Np=M,N-M, (] ~ = . —_ .
" Z ’Z IPr[B-:k],zf(T +(n+j=1+WT) <t <(T +(n+j+w)T)
0 ,otherwise

(3.64)
= k=)
3.5 Numerical Results
3.5.1 Voice Performance
Here, we consider the same parameters as in Section 3.3 and the number of video
users is 2 (about 60% total channel utilization). Figs. 3.19 and 3.20 show the mean voice

queueing delay and the distribution of the voice queueing delay, respectively. The

61



analytical results are very close to the simulation results. This shows that the assumptions
made in Section 3.4.1 are reasonable. Voice can tolerate a maximum delay of 200 ms

while preserving good real-time interactivity [33].
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Fig. 3.20. Distribution of voice packet queueing delay
3.5.2 MMPP Video Performance
Figs. 3.21 and 3.22 show the mean video queueing delay and the distribution of the
video queueing delay, respectively. The analytical results are quite close to the simulation
results, without making use of the assumptions in Section 3.4.2. This shows that the

assumptions are reasonable. Fig. 3.21 shows that the mean queueing delay of video
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remains at about 21 ms for various numbers of request slots. Fig. 3.22 shows the
distribution of queueing delay assuming each frame has 60 request slots (this number of
request slots yields an acceptable probability of request collisions from simulation).
Observe that most video packets are transmitted within 2.5 TDMA frames (i.e., 29.3 ms),

where T, =23.2 us. In [33] it is stated that compressed video can tolerate a maximum delay

of 100 ms while preserving good real-time interactivity.
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3.6 Summary

The performance of our enhanced MAC protocol is evaluated in this chapter. The
enhancements of our MAC protocol over the MAC protocol proposed in [1-4] is
described in Section 2.4. In [1-4], an information slot is allocated to a voice user for the
whole connection regardless of whether the voice traffic is in a talkspurt state or is in a
silence state. That is, an information slot is allocated regardless of whether there is a
packet to send or not. In our MAC protocol, an information slot is allocated only during
the talkspurt state. This is similar in spirit to that of Packet Reservation Multiple Access
(PRMA) in [13]. However, PRMA is first designed for voice users and if data users are
added, they will be allocated information slots that are not used by the voice users. The
information slots allocated to each data user can be excessive if the data slots are
dispersed among the voice slots. In our MAC protocol, the voice users are grouped
together using a voice packing algorithm in [11]. This allows the allocation of information
slots to other users (like video and data) by simply specifying the starting and ending slot
positions for these users. In other words, burst-switching is used for voice service.

Numerical results show that acceptable QoS for voice, MMPP video and data can
be achieved in a wireless segment that supports up to 100 voice, 100 data and 2 MMPP
video users. Mathematical analyses for the delay performance of voice and MMPP video
traffic are presented. These analyses give insights to the components that constitute the
mean delays and delay distributions. Numerical results show that the analytical results
closely approximate the simulation results, indicating that the assumptions used in the
analytical models are reasonable.

The analysis for computing the probability of collisions between contending voice

requests consider finite population instead of infinite population [80]. For the actual
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computation, the number of states with our analysis is just the number of voice users plus
one instead of a large but finite number in the infinite population case. The distribution of
the number of video packets arriving in a time interval for a MMPP video user (equation
(3.43)) and the distribution of the number of video packet arriving in a time interval for
the superposition of a number of MMPP video users (equation (3.45)) are presented in the
analysis for MMPP video traffic. These results are also used in Chapter 4 to derive the
output process from the uplink MAC protocol for a MMPP video traffic. This process is
then fed to the input buffer of a leaky bucket in the base station.

Instead of using MMPP video traffic, we can also use Motion Picture Experts
Group (MPEG) video traffic source sequence to study the performance of the uplink
MAC protocol. Such a study is presented in Chapter 5 and it compares its simulation

results with the results obtained in this Chapter.
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Chapter 4

Usage Parameter Control

4.1 Introduction

The leaky bucket has been studied extensively in the literature [55-61] with
different arrival processes. The arrival processes can be Poisson process, Markovian
process, exponential On/Off process, MMPP, etc. (see Section 1.2). However, UPC in
wireless/wireline ATM network have not been proposed nor studied in the literature until
recently [86]. There are two stages: (1) uplink MAC protocol and (2) UPC at the base
station. In [86], the effects of user mobility on the GCRA as the UPC is studied. However,
no uplink MAC protocol is specified. A transit time in the wireless domain is assumed.
The GCRA has been studied in [87-88]. In our study of the leaky bucket as the UPC, the
arrival process to the leaky bucket at the base station is the output process from the uplink
MAC protocol. The output process may or may not “match” the arrival processes of these
leaky buckets studied in the literature such that analytical results can be obtained.

The first part of this chapter studies the performance of UPC by computer
simulation, using leaky bucket at the base station to police heterogeneous traffic described
in Chapter 3 according to their equivalent capacities discussed in Chapter 6. The
simulation models are described in Section 4.2 while the simulation results are presented in
Section 4.3.

In the latter part of this chapter, an approximate analysis of voice loss is provided

and a loose lower bound is obtained for MMPP video loss in Section 4.4. The On/Off



video process to the leaky bucket at the base station is characterized. It is found that the
On period and the Off period are not independent. Numerical results are shown in Section
4.5.
4.2 Simulation Models

Figs. 4.1, 4.2 and 4.3 show the simulation model for usage parameter control using
a leaky bucket at the base station for a voice traffic, an MMPP video traffic and a data
traffic, respectively. The first portion of Figs. 4.1, 4.2 and 4.3, before entering the leaky
bucket, is due to the MAC protocol described in Chapter 3.
4.2.1 Voice Traffic

The front end voice loss and the voice loss within the talkspurt are results of the
MAC protocol. At the leaky bucket, the voice loss due to the leaky bucket depends on the

input voice buffer, B.,i., and the voice token buffer, B oken. The sum of these two

buffers is denoted by B,.
Portable Base Station
. Terminal Input Voice
Amving Voice Buffer Buffer, Buwr
Voice 4
Packets Base Voice Cells
—_———) ‘ Station > Server
Scheduler
Front End Voice Loss and Dropped Cells due to
Voice Loss Within Talkspurt Finite Input Voice Buffer Voi
oice
Token
Buffer,
Bw:n.mhn
Dropped Tokens
. —¥ due to Finite
Amiving Token Buffer
Tokens

Fig. 4.1. Simulation model of a voice traffic arriving to a portable terminal passing
through the base station scheduler and a leaky bucket at the base station

4.2.2 MMPP Video Traffic
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There is no video loss at the MAC protocol. At the leaky bucket, the video loss
due to the leaky bucket depends on the input video buffer, B, and the video token

buffer, Byideo.oren- The sum of these two buffers is denoted by B,

Portable Base Station
.. Terminal Input Video
Amiving Video Buff ing
MMPP Video o0 DUHeT Buffer, Buuo Vqui dw‘“‘
Packets Base Cells
-_— Station ——b|
Scheduler
Dropped Cells due to
Finite Input Video Buffer
Video
Token
Buffer,
Bvidm.mkm
Dropped Tokens
., I~ due to Finite
Amiving Token Buffer
Tokens

Fig. 4.2. Simulation model of a MMPP video traffic arriving to a portable terminal passing
through the base station scheduler and a leaky bucket at the base station

4.2.3 Data Traffic
Portable Base Station
.. Terminal Input Data
Amiving Departing
Data Data Buffer Buffer, By Data
Packets Base Cells
——ml) Station |
Scheduler
Dropped Cells due to
Finite Input Data Buffer
Data
Token
Buffer,
Bdam.mlcn
Dropped Tokens
. =P due to Finite
Arriving Token Buffer
Taokens

Fig. 4.3. Simulation model of a data traffic arriving to a portable terminal passing through
the base station scheduler and a leaky bucket at the base station
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There is no data loss at the MAC protocol. At the leaky bucket, the data loss due
to the leaky bucket depends on the input data buffer, B, and the data token buffer,
B asa.0ken. The sum of these two buffers is denoted by B,.

4.3 Simulation Results

The results obtained here are from a simulation model of the MAC protocol and
leaky buckets for voice, MMPP video and data traffic based on the SMPL simulation
kemel described in [79]. Each simulation point has been obtained by running the
simulation for a duration of 500000 TDMA frames with three simulation runs. The
parameters are the same as those in Chapters 3 with the number of request slots set at 60.

The leaky buckets has the following parameters: the voice token generation rate is 10007,
(20 kbps equivalent capacity in Chapter 6); the video token generation rate is ?T, 6

Mbps equivalent capacity in Chapter 6); the data token generation rate is 2000 7, (10

kbps equivalent capacity in Chapter 6). The number of video users is 2.
4.3.1 Voice Performance

Fig. 4.4 shows the voice packet/cell losses with respect to the number of voice
buffer at the input buffer of a leaky bucket with the sum of the size of the voice buffer and
the voice token buffer fixed at 100. The voice packet/cell losses consist of front end voice
loss due to unsuccessful attempt in the request slot subframe, voice loss due to insufficient
information slots for the voice user and the voice loss due to the finite voice buffer of the
leaky bucket. The voice losses depend on the sum of the size of the voice buffer and the

voice token buffer and not on their individual sizes.
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Fig. 4.5 shows the mean voice transmission delay (from portable terminal to the
base station), the mean voice queueing delay at the voice buffer of the leaky bucket and
the mean total voice delay (which is the sum of the previous two delays) with respect to
the number of voice buffer at the input buffer of the voice leaky bucket, with the sum of
the size of the voice buffer and the voice token buffer fixed at 100. Since the voice losses
remain constant (Fig. 4.4), the mean total voice delay is lowest when the size of the voice
buffer is one. This voice delay is less than the 200 ms requirement for acceptable
conversation. However, the total voice loss is greater than 1%. Therefore, we need to
consider the trade-off between total voice loss and the total buffer size of the voice buffer
and the voice token buffer. Note that the input voice buffer needs real memory spaces,

while the voice token buffer can be implemented by a counter.
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Fig. 4.4. Voice losses with respect to input voice buffer
Fig. 4.6 shows the voice packet/cell losses with respect to the total buffer size of

the voice buffer and the voice token buffer, B,. The number of voice buffer at the input
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buffer of a leaky bucket is fixed at 1. For acceptable total voice loss of 0.5 % or better, the

total buffer size must be greater than or equal to 130.
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Fig. 4.5. Mean voice delays with respect to input voice buffer
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Fig. 4.6. Voice losses with respect to total buffer size
Fig. 4.7 shows the mean voice transmission delay, the mean voice queueing delay
at the voice buffer of the leaky bucket and the mean total voice delay with respect to the

total buffer size of the voice buffer and the voice token buffer, B,. The number of voice
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buffer at the input buffer of a leaky bucket is again fixed at 1. From Fig. 4.7, with the
voice buffer size set to 1, the mean leaky bucket queueing delay is very small and the mean
total voice delay is almost equal to the mean voice transmission delay. The mean voice

transmission delay remains relatively constant as the total buffer size increases.
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Fig. 4.7. Mean voice delays with respect to total buffer size
4.3.2 MMPP Video Performance

Fig. 4.8 shows the MMPP video cell losses with respect to the number of video
buffer at the input buffer of a leaky bucket with the sum of the size of the video buffer and
the video token buffer fixed at 2000. The MMPP video loss depends on the sum of the
video buffer and the video token buffer and not on their individual sizes.

Fig. 4.9 shows the mean MMPP video transmission delay (from portable terminal
to the base station), the mean MMPP video queueing delay at the video buffer of the leaky
bucket and the mean total MMPP video delay (which is the sum of the previous two
delays) with respect to the number of video buffer at the input buffer of the video leaky

bucket, with the sum of the video buffer and the video token buffer fixed at 2000. Since
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the MMPP video loss remains constant (Fig. 4.8), the mean total MMPP video delay is
lowest when the size of the video buffer is one. This video delay is less than the 100 ms
requirement for acceptable video transmission. However, the total MMPP video loss is
greater than 2%. Therefore, we need to consider the trade-off between video loss and the
total buffer size of the video buffer and the video token buffer. Note that the input video

buffer requires real memory spaces, while the video buffer can be implemented by a

counter.
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Fig. 4.8. MMPP video loss with respect to the input video buffer
Fig. 4.10 shows the MMPP video cell loss with respect to the total buffer size of

the video buffer and the video token buffer, B,,. The number of video buffer at the input
buffer of a leaky bucket is fixed at 1. For acceptable video loss of 10~, the total buffer

size must be approximately 14000.
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Fig. 4.9. Mean MMPP video delays with respect to the input video buffer
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Fig. 4.10. MMPP video loss with respect to total buffer size
Fig. 4.11 shows the mean MMPP video transmission delay, the mean MMPP video
queueing delay at the video buffer of the leaky bucket and the mean total MMPP video
delay with respect to the total buffer size of the video buffer and the video token buffer,
B,,. The number of video buffer at the input buffer of a leaky bucket is again fixed at 1.

From Fig. 4.11, with the video buffer size set to 1, the mean MMPP video leaky bucket
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queucing delay is very small and the mean total MMPP video delay is almost equal to the
mean MMPP video transmission delay. The mean MMPP video transmission delay

remains relatively constant as the total buffer size increases.
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Fig. 4.11. Mean MMPP video delays with respect to total buffer size

4.3.3 Data Performance

Fig. 4.12 shows the data cell losses with respect to the number of data buffer at the
input buffer of a leaky bucket with the sum of the size of the data buffer and the data
token buffer fixed at 100. The data loss depends on the sum of the size of the data buffer
and the data token buffer and not on their individual sizes.

Fig. 4.13 shows the mean data transmission delay (from portable terminal to the
base station), the mean data queueing delay at the data buffer of the leaky bucket and the
mean total data delay (which is the sum of the previous two delays) with respect to the
number of data buffer at the input buffer of the data leaky bucket with the sum of the size
of the data buffer and the data token buffer fixed at 100. Since the data loss remains

constant (Fig. 4.12), the mean total data delay is lowest when the size of the data buffer is
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one. This data delay is acceptable as data traffic is not time-critical. However, the total
data loss is greater than 2%. Therefore, we need to consider the trade-off between data

loss and the total buffer size of the data buffer and the data token buffer.
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Fig. 4.12. Data loss with respect to the input data buffer
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Fig. 4.13. Mean data delays with respect to the input data buffer
Fig. 4.14 shows the data cell loss with respect to the total buffer size of the data

buffer and the data token buffer, B,. The number of data buffer at the input buffer of a
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leaky bucket is fixed at 1. For a data loss of 10~, the total buffer size must be
approximately 280 (extrapolating the curve in Fig. 4.14). Assuming a physical
transmission layer with BER of 10, Forward Error Correction (FEC) or Automatic
Repeat ReQuest (ARQ) must be used for retransmission if there is an error for data traffic.

Data traffic needs a low BER of about 107'°, while its delay is not time-critical.
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Fig. 4.14. Data loss with respect to total buffer size
Fig. 4.15 shows the mean data transmission delay, the mean data queueing delay at
the data buffer of the leaky bucket and the mean total data delay with respect to the total

buffer size of the data buffer and the data token buffer, 8,. The number of data buffer at

the input buffer of a leaky bucket is again fixed at 1. From Fig. 4.15, with the data buffer
size set to 1, the mean data leaky bucket queueing delay is very small and the mean total
data delay is almost equal to the mean data transmission delay. The mean data

transmission delay remains relatively constant as the total buffer size increases.
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Fig. 4.15. Mean data delays with respect to total buffer size

4.4 Performance Analyses
4.4.1 Voice Traffic

Assuming the voice arrival process in Section 3.2.2.1 and light load condition, the
voice loss due to front-end clippings of talkspurt and the mid-talkspurt voice loss due to
insufficient information slots are almost zero. With these assumptions, the output voice
process from the uplink MAC protocol is approximately equal to the input voice process
to the uplink MAC protocol at the portable terminal. This input voice process is an On-Off
process with an exponentially distributed “On” period and an exponentially distributed
“Off’ period. The output voice process from the uplink MAC protocol is the input voice
process to the leaky bucket at the base station. Therefore, the input voice process to the
leaky bucket can be approximated as the input voice process at the portable terminal.
From [58], the probability of cell loss, Pc, for such a leaky bucket model with

exponentially distributed On/OfF process, is given by

p,=bza_ MA; @.1)

- ?
b Aple(ll LI)M -lz
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where a is the token generation rate in cells per second, b is the peak burst rate in cells per
second, M is the buffer size of the input buffer and the token buffer, A, =1/(b-a)h,
A, =l/ak , h is the mean “On” period in seconds and k is the mean “Off” period in seconds.
For the voice traffic, a = 1/10007}, b = 1/Trpps, M = B,, h=t, and k=t,, where T is the
size of an information slot, Trpy, is the size of a TDMA frame, 7, is the mean talkspurt
period and 7, is the mean silence period.
4.4.2 MMPP Video Traffic

The output video process from the uplink MAC protocol is an On/Off process.
This process is also the input video process to the leaky bucket the base station. Assuming
that there is no overload condition in the information slots, the number of tagged MMPP
video packets that are transmitted in the ith frame for | MMPP video user, denoted by R,
is equal to the number of tagged MMPP video packets user that arrive in the (i-2)th frame

for the tagged video. From equation (3.43), the pdf of R, is given by

A n -—lv—-Tmm
- i |:'d_v TTDM.4:| e e
PR, =r]=) === = h, 4.2)
val P
Let # denote the “On” period for the tagged video user. Its pdf is given by
P =wl,1=PdR,T, =rT,], w=12,...,N,, (4.3)

where N, is the number of information slots in a TDMA frame.

Next, let us find the pdf of the “Off’ period for the tagged video user. Let A,
denote the number of voice users in the active (On) state or the number of voice packets

for transmission in the ith TDMA frame. From equation (3.55), the pdf of N, is given by
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Let ¥, denote the transmission order for the tagged video user among the M.z, video

users in the ith TDMA frame. Its pdf is given by

PAT =y, ]=— . (4.5)

Let Q0 denote the number of video packets for transmission in the (i-1)th TDMA frame
with y,.; number of video users including the tagged video user as the last user to transmit
in this group of video users. Using the results of equation (3.46) and conditioning on ¥_,,

we have

A g,
; h T e‘ Idvnko Trosma
dvum TOMA
- - MM M Vo
Pid=af=y1=YY.. ¥ , 108 (4.6)
Qatjg=l sl q: i)

The number of information slots between the end of the video packet transmission of the
tagged video user in the (i-1)th TDMA frame to the end of the last information slot in
same frame, U, is given by

U=N,-N_-0. (4.7
Let R denote the number of video packets for transmission in the ith TDMA frame with

(y~1) number of video users excluding the tagged video user who transmits after this

group of video users. Using the results of equation (3.46) and conditioning on ¥,, we have
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The “Off” period of 1 MMPP video user, denoted by 7, is the period between the last
video packet that is transmitted by the tagged video user in the (i-1)th TDMA frame and
the first video packet that is transmitted by the tagged video user in the ith TDMA frame.
It is given by

V=T" +N, T, +{U+N, +RT,, 4.9)

where 7~ = Trowa = Ne T _ Trpua =
Y T

NoT, DT, , Ng is the number of request slots in a TDMA

frame, T is the size of a request slot and | x] is the greatest integer smaller or equal to x.
Putting equation (4.7) into equation (4.9), we have

V=T " +N,T,+(N,-N_ -Q+N, +R)T,. (4.10)
Its pdfis given by

Pr[I7-T"' + N T, +vT}]

M, =M.} -
3 P =n 1S S PG AT =P =5
=0 Yi-t=l ¢=0 3 (4'l l)
=< M, M, VI—II, - - -
<3, P, =1, lgzojprm:ﬂx- =y IPAT, =31, ifv=(N, —np —g+n )
' , Otherwise

where v = 0,1,2,...,2N-2. Note that the “On” period and the “Off’ period are not
independent of each other. Thus, the analysis of the cell loss probability a leaky bucket
with such a dependent On/Off process is difficult. Therefore, here, we try to get a lower

bound, which may be very loose, for the cell loss probability of the leaky bucket.
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Let o and B denote the mean “On” period and the mean “Off” period of the output
video process from the uplink MAC protocol, respectively. From equations (4.3) and

(4.11), o and [ are given by
Ny -
a=T,) wPi¥ =wT], (4.12)
w=l

2Np-2

and B=T, Y vPAV =T + N, T, +vI,]+T" +N,T,. (4.13)
v=1

To obtain a loose lower bound for the range of the total buffer size in Section 4.5.2, we
use the analytical results in [58] to calculate the cell loss probability as in equation (4.1).
For the MMPP video user, A =0o.and k=B, a = 1/(10/3T)), b= 1/T;and M = B,..

4.5 Numerical Results

4.5.1 Voice Performance

Fig. 4.16 shows the voice loss with respect to the total buffer size, B,. The
approximate analytical result is close to the simulation result. From Fig. 4.16, for a voice

loss of 0.5%, the total buffer size is about 130.
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Fig. 4.16. Voice losses with respect to the total buffer size

4.5.2 MMPP Video Performance

Figs. 4.17 and 4.18 show the “On” period and “Off” period distributions to the

leaky bucket. The analytical results are close to the simulation results.
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Fig. 4.17. “On” period distribution to the leaky bucket
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Fig. 4.18. “Off” period distribution to the leaky bucket

Table 4.1 shows the MMPP video loss in the leaky bucket from simulation results

and from the loose lower bound. From the simulation results, for a video loss of 10™, the

total buffer size is about 14000.

Table 4.1. MMPP video loss
Total Buffer Size, MMPP Video Loss MMPP Video Loss
B, (Simulation) (Lower Bound)
2000 2.077x10* 2.112x107
4000 9.893x10" 1.777x10°
6000 4.675x10° 1.495x10™"
8000 1.587x10 1.258x10°"7
10000 7.944x10™ 1.059x10!
12000 2.587x10™ 8.907x10¢
14000 6.605x107 7.494x10°°
4.6 Summary

Our model of the UPC (leaky bucket) is described in Section 2.5. The leaky bucket
is placed at the base station which is part of the network. The reasons why the leaky

bucket is not placed in the portable terminal are (1) that users may cheat in their contract
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made during connection setup by modifying the software used for traffic policing such that
they can sent more packets than that specified in the contract and (2) that the traffic
characteristics are changed after passing through the uplink MAC protocol and may need
to be policed again at the base station.

Considering the case where the total buffer size (input buffer size and token buffer
size) is constant and the input buffer size is increased from 1 buffer size upwards, the
traffic (voice, MMPP video or data) packet/cell loss remains constant while the leaky
bucket queueing delay increases. Since the packet/cell loss is constant and leaking bucket
queueing delay is increasing, we should keep the input buffer size at 1 for real-time traffic
like voice and MMPP video so that their QoS for queueing delay at the leaky bucket are
kept at a minimum. Note that the input buffers to the leaky buckets require memory
spaces, while the token buffers can be implemented by counters.

With the QoS for queueing delay at the leaky bucket kept at a minimum, we
should also consider the QoS for packet/cell loss. The traffic packet/cell loss decreases as
the total buffer size increases. With the input buffer size kept at 1, this means that the
token pool size is increased. To satisfy the QoS for packet/cell loss, we must increase the
token pool size until the required packet/cell loss for the various traffic (voice, video or
data) is met. For real-time voice traffic, the total packet/cell loss requirement is 0.5
percent which can be met with the total buffer size of about 130. For real-time MMPP
video traffic, the cell loss requirement is assumed to be 10~ which can be met with the
total buffer size of about 14000. With these constraints, we can then determine the

corresponding token pool sizes that can satisfy these requirements. For non-time critical
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data traffic, the BER is about 107*°. This cannot be met by a physical transmission layer
with BER of 10~. FEC or ARQ must be used for retransmission if there is an error for
data traffic.

The token generation rates for the traffic sources considered in this chapter are set
according to their equivalent capacities in Chapter 6.

In this chapter, an approximate analysis of voice loss is provided and loose lower
bound for the range consider in Section 4.5.2 is obtained for MMPP video loss. The
On/Off video process to the leaky bucket at the base station is characterized. The pdfs of
the On and Off periods are obtained using the analytical results in Section 3.4.2 (equations
(3.43) and (3.45)). These results give the pdfs for the number of video packets arriving in
a time duration for a MMPP video user and for a superposition of a number of MMPP
video users.

The simulation models in this chapter is also used to evaluate the performance of

MPEG video traffic in the next chapter.
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Chapter 5

MPEG Video Traffic

5.1 Introduction

In Chapter 3 and Chapter 4, we have studied the performance of the uplink MAC
protocol and the UPC with voice, MMPP video and data traffic. An MMPP video model
allows its delay performance analysis for the uplink MAC protocol and also for
characterizing the output process from this protocol. On the other hand, we can also study
the performance of the uplink MAC protocol and the UPC with Motion Picture Experts
Group (MPEG) source sequence using computer simulation.

The first part of this chapter describes the simulation model for MPEG video
traffic. The uplink MAC protocols and the UPC are also described. In this simulation
study, front end voice clippings and voice clippings within a voice talkspurt are
considered. In the latter part of this chapter, some simulation results for the uplink MAC
protocols and the UPC are discussed. In the simulation model for MAC protocols, only
voice losses are considered but not video and data losses. All video and data packets are
buffered at the portable terminals. But all traffic cell losses are considered at the leaky
bucket.

5.2 Simulation Model

The simulation models are the same as those in Section 3.2 and Section 4.2 except
that the MMPP video arrival process is replaced by MPEG video arrival process, two
uplink MAC protocols are considered and the “equivalent” number of MPEG video users

is calculated in Section 5.2.3.
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5.2.1 MPEG Arrival Process

The MPEG source sequence used here is obtained from the internet via
anonymous ftp from ftp.bellcore.com in directory pub/vbr.video.trace. There is a file in the
directory called MPEG.data which contains 174136 integers giving the frame size in bits
for the movie “Star Wars”. This data set represents the output bandwidth of a variable bit
rate (VBR) video coder which conforms to the MPEG-! standard. The frame rate is 24
frames per second. Each integer in the data file corresponds to the number of bits
generated in each frame. This video data is packetized such that video packets are
generated consecutively from the start of each frame with AAL type 5. Each video packet
size corresponds to an information slot in the information slot subframe. Each video
source has a mean rate of 374 kbps. Each of the starting frame in the other video sources
are offset from that of the first video source by a multiple of 200 video frames.
5.2.2 MAC Protocols

5.2.2.1 Protocol 1

Protocol 1 is the same uplink MAC protocol, as described in Chapter 2, in which
video traffic have priority over voice traffic in the information slot subframe.

5.2.2.2 Protocol 2

Protocol 2 is basically the same as Protocol 1 except that voice traffic have priority
over video traffic in the information slot subframe.
5.2.3 “Equivalent” number of MPEG video sources

The MMPP video arrival process is modelled as an 8-state MMPP. The number of
phases is M = 8, while the slot time, d,is, = 16.96 us. The M x M phase transition

probability matrix in a slot time, H = [A;], (1 <ij < M), is given by equation (3.2). In the
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M
simulation model, A4; is calculated as (I-Zh,.j) to ensure that the probabilities sum to
i=1

i
unity. The steady state probability distribution that the video traffic is in state /, is denoted
by 4,. The steady state probability matrix, h=[h, 4,...4,,]7, can be calculated iteratively by
equation (3.41). The MMPP video cell generation rate per video slot while in phase i is
denoted by A;s0, (1 < i < M). The arrival rate matrix is given by equation (3.3). The
MMPP video cell generation rate per second while in phase / is denoted by A e, (1 S <
M) and is given by

Mise =M isior /A ides - 6.1)

= Nisio

The mean number of MMPP cells generated per second, %, is given by

M
A=Y A (6.2)

i=l
Assuming AAL type 5, the mean MMPP code rate, R,,,,, is given by
Rypp =48X8XA. (6.3)
The mean MPEG code rate, R, is 374 kbps. Therefore, mean ‘“‘equivalent” number of

MPEG video users, M, ,»zc, iS given by

M, R
M,y e = vuea,l.;mpp VPP 19, (6.4)
MPEG

where M, .- is the number of MMPP video users which is equal to 2.

5.3 MAC Performance
5.3.1 Simulation Results
Each simulation point has been obtained by running the simulation for a duration

of 100000 TDMA frames with five simulation runs. The parameters are the same as those
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in Chapter 3. However, the 2 MMPP video sources in Chapter 3 are replaced by 19
MPEG video sources except otherwise stated.

5.3.1.1 Protocol 1

Fig. 5.1 shows the mean queueing delay of video for various numbers of request
slots with Protocol 1. The MPEG video traffic has a higher mean video packet queueing
delay than that of the MMPP video traffic under “equivalent” load. The MPEG video
traffic has a mean video packet queueing delay of about 28 ms, while the MMPP video

traffic has a delay of about 21 ms.
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Fig. 5.1. Mean video packet queueing delay with Protocol 1
Fig. 5.2 shows the distribution of video packet queueing delay assuming each frame has 60
request slots. All MMPP video packets are transmitted within 30.16 m, while all MPEG
video packets are transmitted within 79.81 ms. In [33], it is stated that compressed video

can tolerate a maximum delay of 100 ms while preserving good real-time interactivity.
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Fig. 5.2. Distribution of video packet queueing delay with 60 request slots with Protocol 1

Fig. 5.3 shows the front-end, mid-talkspurt and total voice clippings. Voice traffic
is handled on a loss basis in the sense that voice packets that are not transmitted after a
given queueing delay (2 request slot contentions) are dropped. This results in front-end
clipping of talkspurt. In addition, because video traffic has higher priority access to
information slots than voice traffic (Protocol 1), during temporary video overloads, some
voice talkspurt can be deprived of the information slots. This results in mid-talkspurt
clippings. Fig. 5.3 shows that the total voice clipping (with 19 MPEG video users) is more
than 30 % which is not acceptable. Note that for telephony speech quality, loss of voice

information exceeding 0.5 % is generally unacceptable.

91



35.00

s Y e Y 4

30.00 4 X=X =X~ Total
—~ 2500 1+
2
® 30004 MPEG video traffic has priority '“‘:l::“"
g: over voice traffic in the purt
§ 1500 } information siots
§ === Front End

10.00 +

5.00 +

O————O—O—O—O0—0
0.00

- — - — ——

0 20 40 60 80 100 120 140 160

Number of request slots, Nz

Fig. 5.3. Percentage voice clipping for 100 voice users, 19 MPEG video users and 100

data users with Protocol 1
Fig. 5.4 shows that the total voice clipping (with 2 MMPP video users) is less than 0.5 %
which is acceptable. The mid-talkspurt clipping for the voice sources with 2 MMPP
sources is zero. This implies that there is sufficient information slots for both the video and
voice users. Therefore, all the results for the case with 2 MMPP video users are the same

for both Protocol 1 and Protocol 2.
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Fig. 5.4. Percentage voice clipping for 100 voice users, 2 MMPP video users and 100 data

users with Protocol 1
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Fig. 5.5 shows the front-end, mid-talkspurt and total voice clipping with respect to
the number of MPEG video sources. The number of request slots is set at 60. For the total

voice clipping to be below 0.5 %, the number of MPEG video sources must be 5 or less.
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Fig. 5.5. Voice clippings with respect to the number of MPEG video users (with 100

voice users and 100 data users) for Protocol 1

5.3.1.2 Protocol 2

Fig. 5.6 shows the mean queueing delay of video for various numbers of request
slots with Protocol 2. The MPEG video traffic has a higher mean video packet queueing
delay than that of the MMPP video traffic under “equivalent” load. The MPEG video
traffic has a mean video packet queueing delay of about 28.5 ms, while the MMPP video
traffic has a delay of about 21 ms. Note that the mean MPEG video packet queueing delay
for Protocol 2 is only slightly higher than that for Protocol 1 (compare Fig. 5.1 with Fig.

5.6).
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Fig. 5.6. Mean video packet queueing delay with Protocol 2

Fig. 5.7 shows the distribution of video packet queueing delay assuming each frame has 60
request slots. All MMPP video packets are transmitted within 30.16 m, while all MPEG

video packets are transmitted within 83.29 ms (still less than the 100 ms QoS requirement

for good real-time interactivity).
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Fig. 5.7. Distribution of video packet queueing delay with 60 request slots for Protocol 2
Fig. 5.8 shows the front-end, mid-talkspurt and total voice clippings. Voice traffic is

handled on a loss basis in the sense that voice packets that are not transmitted after a given
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queueing delay (2 request slot contentions) are dropped. This results in front-end clipping
of talkspurt. However, because voice traffic has higher priority access to information slots
than video traffic (Protocol 2), during temporary video overloads, no voice talkspurt can
be deprived of the information slots. This eliminates the mid-talkspurt clipping. Fig. 5.8
shows that the total voice clippings (with 19 MPEG video users) is not exceeding than 0.2
% for 40 or more request slots, which is acceptable. Note that for telephony speech
quality, loss of voice information not exceeding 0.5 % is generally acceptable.

The mean MPEG video packet queueing delays for both Protocol 1 and Protocol 2
(about 28 ms and 28.5 ms, respectively) is higher than the mean MMPP video packet
queueing delay (about 21 ms) under ““equivalent” load.

Protocol 2 has a slightly higher mean MPEG video packet queueing delay than that
of Protocol 1. However, Protocol 2 has an acceptable voice clipping loss with MPEG
sources as compared to an unacceptable voice clipping in Protocol 1 with 19 MPEG
sources. In both cases, the MPEG video satisfies the real-time QoS requirement of
transmitting their packets within 100 ms for good interactivity. Otherwise, the “late” video

packets would be discarded at the destination.

95



0.50
Voice traffic has priority over
MPEG video traffic in the =X~ Total
040 1 information slots
9
@ 030 4 =L}~ Within
k= talkspurt
E
°
3 020 %
§ O~ Front End
0.10 ¢+
0.00 | o

0 20 40 60 80 100 120 140 160
Number of request slots, N »

Fig. 5.8. Percentage voice clipping with 100 voice users, 19 MPEG video users and 100

data users for Protocol 2
5.4 UPC Performance
5.4.1 Simulation Resuits

Each simulation point has been obtained by running the simulation for a duration
of 100000 TDMA frames with three simulation runs. The parameters are the same as
those in Section 4.3. However, the 2 MMPP video sources in Chapter 4 are replaced by 5
MPEG video sources and 19 MPEG video sources for Protocol | and Protocol 2,
respectively.

The equivalent capacity of | MMPP video source is set at 6 Mbps. The bandwidth
of 1 MMPP video source is approximately 10 times that of I MPEG source. So, the
equivalent capacity of 1| MPEG source is set at 600 kbps (above its mean rate of 374
kbps). The token generation rate of the leaky bucket is also set at this rate, i.e., 600 kbps.
5.4.1.1 Protocol 1

From simulation results in Section 5.3.1.1, Protocol | causes high voice packet

droppings. Therefore, we will not consider the performance of the usage parameter
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control for 19 MPEG video sources under Protocol 1. Instead, we will consider the
performance for 5 MPEG video sources which allows the voice packet dropping to be
below 0.5 %. Fig. 5.9 shows the MPEG video cell loss with respect to the total buffer size
of the video buffer and the video token buffer, B,. The number of video buffer at the
input buffer of a leaky bucket is fixed at 1. For acceptable video loss of 10™, the total

buffer size must be approximately 190 (from Fig. 5.9).
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Fig. 5.9. MPEG video loss with respect to total buffer size (with 100 voice users, 5
MPEG video users and 100 data users) for Protocol 1

5.4.1.2 Protocol 2

Fig. 5.10 shows the MPEG video cell loss with respect to the total buffer size of
the video buffer and the video token buffer, B,,. The number of video buffer at the input
buffer of a leaky bucket is fixed at 1. For acceptable video loss of 10™, the total buffer size

must be approximately 8000 (extrapolating the curve in Fig. 5.10).
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Fig. 5.10. MPEG video loss with respect to total buffer size (with 100 voice users, 19
MPEG video users and 100 data users) for Protocol 2

5.5 Summary
Models for video traffic are still not well established. Instead of using MMPP

video model to obtain tractable analysis and some performance measures of the MAC and
UPC in Chapter 3 and 4, we can also get such performance results by using MPEG video
traces. The traces are also dependent on the type of video sources. For example, if the
video source is capturing an action movie like “Starwars”, then the video source is very
bursty as the scene changes a lot and if the video source is capturing a video conferencing
where the scene does not change too much, then the video source is less bursty.
Simulation results show that acceptable QoS for voice, MPEG video and data can
be achieved in the wireless segment that support 100 voice, 100 data and 5 or 19 MPEG
video users for Protocols 1 and 2, respectively. The reason for being able to support only
5 MPEG video users for Protocol 1 may be that the source is very bursty as the video

traces are from “Starwars”. For real-time MPEG video traffic with a cell loss of 10, the
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total buffer size of the leaky bucket is about 190 for Protocol 1 with 5§ MPEG video users

and about 8000 for Protocol 2 with 19 MPEG video users.



Chapter 6

Connection Admission Control

6.1 Introduction

CAC to a VCT has been proposed and studied for a homogeneous traffic in [47].
However, for wireless ATM networks, the traffic is heterogeneous. Therefore, in this
Chapter, the CAC to a VCT is extended to handle heterogeneous traffic based on
equivalent capacity. New performance metrics are also modeled by mathematical analysis.
Equivalent capacities for different traffic sources have been proposed in the literature
[48,73-78]. In our study, we assume that the equivalent capacity for each connection is
between its mean and peak capacity.

The VCT concept is employed to overcome the problem of frequent network call
processor in a micro-cellular wireless ATM network. A number of virtual circuit numbers
(VCNs) are given to the mobile user during connection setup. These VCNs enable the
mobile users to move from one base station to another base station in the VCT without
the involvement of the network call processor. Resources have to be allocated in each
base station in the VCT for every connection of the mobile user.

In this chapter, we study the CAC model proposed in Chapter 2 for admission to
the VCT. We propose two CAC approaches for admission to the VCT based on
equivalent capacity for heterogeneous traffic. We study the performance of one of these
approaches by mathematical analysis and the other approach by computer simulation. The

quality of service performance are the overload probability in a base station and the %
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overload period in a base station. The other new performance metrics are the reserved
capacity, standby capacity, probability of migrating to adjacent or surrounding base
stations and the mean frequency of handoffs to the adjacent or surrounding VCTs. In this
study, we also consider both one-dimensional and two-dimensional mobility models.
6.2 Performance Analysis

For notational convenience, we list below the parameters used throughout this
chapter:
B = the number of base stations supported by a given VCT.
C, = the allocated capacity of the test base station.
C, = the equivalent capacity of the entire VCT.
C, = the equivalent capacity used in the test base station.

P, = the probability that the equivalent capacity used in the test base station exceeds the

allocated capacity.

P, = the probability that the equivalent capacity used in the test base station is less than

or equal to the allocated capacity.

C, = the equivalent capacity of the ith connection belonging to the 4th class.
n, = the number of class k connections in the jth base station.

K = the total number of traffic classes supported.

M, = the number of class i traffic users that can be supported at a single base station.
C, = the equivalent capacity that must be reserved at the root of the VCT.

C, = the standby capacity.
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Since mobile users can migrate from one base station to another within the VCT
without incurring handoff, overload can occur if and only if the equivalent capacity of all
the active mobiles in a test base station temporarily exceeds the base station capacity, i.e.,
if C, >C,. One way to prevent this is to limit the equivalent capacity, C,, in the entire
VCT to a value less than or equal to C,. However, this is wasteful of link capacity.
Another way is to exploit statistical multiplexing gain and admit a larger equivalent
capacity such that overload is possible but very unlikely (i.e., C, <C, < BC,, where B is
the number of base stations in the VCT). When an overload occurs, the quality of service
in the overloaded base station is temporarily degraded. One of the performance metrics
that we are considering is the overload probability, P,, with respect to the maximum
equivalent capacity in the VCT, C, . Let C, be the equivalent capacity used in a test base
station. Then, the underload probability is given by

P, =PiC, £C,], 6.1)

and the overload probability is given by
P,=PrC,<C, <C,]=1-P,. (6.2)
The pertinent parameters that govern the behaviour of a VCT in terms of connection
admission and probability of handoff, i.e., mobile user migrating outside of its home
region, are B, C, and P,. A large value of B means a small probability of handoff, but
requires a larger amount of standby capacity. B can be considered as a “reuse” factor
which needs to be chosen to give the best tradeoff in terms of probability of handoff and

standby capacity requirement. A performance metric for CAC is the maximum useable
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equivalent capacity, C,, for a tolerable overload probability and a given number of base

stations.

Considering K-classes of traffic, we have

K ik

€=22Cu> (6.3)

k=1 i=1

where n, is the number of class k connections in the jth base station and C, is the

equivalent capacity of the ith connection of the class k connections. The maximum

equivalent capacity for the VCT is given by

Cy = ZZZC”" (6.4)

Let M, be the number of class / traffic users that can be supported on one base station for
a wireless ATM access network. The maximum equivalent capacity in a VCT, C,, is

varied such that the ratio among the K-classes of traffic is kept at a constant ratio of

K
Cy =n(Y, M,Cy), (6.5)

k=l
where n = 2,3,4,... and C, <C, < BC,. The connections in the VCT are assumed to be
equally and independently distributed among the base stations in the VCT. The underload

probability is then given by

Kx

n=yn3n.-3r,. (6.6)
k=0

ky=0 kg =0

where

YA RT I B e
=  ‘l=]1{1-= ,
b (k, IB) ( B)
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and

j~1
CO - 2 km QM
K. =min| | —

] Cy

M, |, ij=1,2,..K .

The symbol Lx] denotes the greatest integer smaller than or equal to x. The overload
probability is then given by equation (6.2). Let C, be the equivalent capacity that must
be reserved at the root of the virtual connection tree for all connections in the VCT. It is
given by

53
Cy = BxCy. 6.7)

The constant fraction in equation (6.7) is due to the data block (cell) size in the wired
ATM network and the packet size in the wireless ATM network (see Section 2.3.1.8).
The variable B in equation (6.7) is due to the sum of the resources that need to be
reserved for all the base stations in the VCT which enable a mobile to move from one
base station to another within the VCT without handoff. This is done using the VCNs
assigned during the connection setup phase and the paths of these connections traverses
through the root of the VCT. Let C be the link capacity of the root ATM switch. If
C, <C, then the corresponding value of the number of base stations is the number of
base stations that can be supported in the VCT. The largest value of B that can satisfy this
condition is the upper limit that can achieve a certain overload probability. The standby

capacity, Cj, is related to C, by

C, = B;l Ce =(8-1)@:—;-c,,). (6.8)

104



The term (B-1) in equation (6.8) is due to the other base stations in the VCT that each of
the connections of the mobiles in the VCT can switch to by reserving standby capacity in
the VCT. From equation (6.8), the larger the number of base stations in a VCT, B
(diameter of the VCT), the larger the standby capacity, C; , required.

Next, let us consider the VCTs to have base stations overlaying each other in a
linear manner (highways and streets) for a one-dimensional mobility model with 2
directions of movement. Let p be the probability that a mobile user hands off to adjacent
VCTs. Assuming that the mobile user is equally distributed among the base stations in
the VCT and the probability of migrating to the adjacent base stations to be equally

distributed, the probability, p, is given by

p= 2(-};%)4-(3-2)(%- o) = % , (6.9)
where the first term in (6.9) is due to the mobile user’s handoffs to adjacent VCTs on
both ends of the VCT where the mobile user is in, and the second term is due to the
mobile user moving to adjacent base stations in the VCT.

Next, let us consider a two-dimensional mobility model with 6 directions of
movement; that is, we are considering hexagonal cells. Let p be the probability that a
mobile user hands off to surrounding VCTs. Assuming that the mobile user is equally

distributed among the base stations in the VCT and the probability of migrating to the

surrounding base stations to be equally distributed, the probability, p, is given by

p=(%)(%)§ N, (6.10)
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where i is the number of ways that a mobile user can move out of the VCT and », is the

number of cells in the VCT that allows the mobile user to do so with i ways.

Let the number of mobile users in a VCT be M, it is given by
X
M=nY M, . (6.11)
k=1

Let X be the number of mobile users at the ends of a VCT which handoff to the adjacent
VCTs for the one-dimensional mobility model and it is the number of mobile users in the
VCT which handoff to the surrounding VCTs for the two-dimensional mobility model.

Then it is binomially distributed with pdf given by
M
Px(x) =( . Jp“(l-p)""‘ , (6.12)

and mean value given by

X=Mp. (6.13)
Assuming that the time spent by a mobile user in a cell, 7, is exponentially distributed
with a mean rate of /T, , the mean frequency of handoffs to adjacent/surrounding VCTs,
F, for the one-dimensional mobility model or the two-dimensional mobility model is

given by

F=Z=. (6.14)

s’-‘"l >l

6.3 Numerical and Simulation Results
The numerical results presented in this section are obtained using the analysis of
Section 6.2 and by simulation. We consider 3 classes of traffic for both the overload

probability analyzed in Section 6.2 and the % overload period in this simulation study.
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The % overload period is defined as the sum of overload periods in a base station over
the warm-up time to the end of the simulation time. The results are obtained from a
simulation model of the VCT based on the SMPL simulation kernel described in [79].
Each simulation point has been obtained by running the simulation for a duration of 10° s
with five simulation runs. We assume that, upon newly entering a given cell site, the time
spent by a portable user in the cell is exponentially distributed with a mean value of 10 s.

Let M, , M,. and M, be the number of video, voice and data users that can

be supported in one base station for a wireless ATM access network. We use the scenario

from [12], where M, =2, M, =100 and M, =100. We consider a VCT with the

following parameters: the number of base stations in the VCT is B = 3 to 10; the

maximum capacity in a base station is C, = 20 Mbps ; the equivalent capacity of a class 1
(video) connection in a base station is C, =6 Mbps; the equivalent capacity of a class 2
(voice) connection in a base station is C,, =20 kbps ; the equivalent capacity of a class 3
(data) connection in a base station is C, =10 kbps . The maximum equivalent capacity in a
VCT, c,, is varied such that the ratio among the video, voice and data traffic is kept at a
constant ratio of 12:2:1 (M,,,.C,:M, ., C,,:M,,.C,;) . This equivalent capacity is then given
by

Cy=nM,,C,+M,,C,+M,.C,), (6.15)

wheren=2,34....and C, <C, <BC,.
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Fig. 6.1. Maximum equivalent capacity connection admissibility based upon guaranteed

overload probability

Fig. 6.1 shows the overload probability as a function of the maximum equivalent
capacity admitted to a VCT , C,, with the number of base station, B, varying from 3 to
10. For an overload probability of 1 %, the maximum equivalent capacities that can be
admitted to the VCT for B = 4 to 10 are shown in Table 6.1. Note that with B = 3, an
overload probability of 1 % cannot be achieved. B = 4 is the lower limit that can achieve
an overload probability of 1 %. From Table 6.1, for C =155 Mbps, B =4 (C, < C), while
for C = 622 Mbps, B = 4 to 9. Therefore, to implement the VCT concept to avoid the
need to involve the network call processor for every cell handoff in a cellular ATM
network, we have to allocate a large amount of standby capacity, C,. Let us first consider
the one-dimensional mobility model. From Table 6.1, as B increases, the frequency of
handoffs between VCTs decreases. However, this gain will require a larger standby
capacity as B increases. So, the selection of the value of B is a tradeoff between the

frequency of handoffs between VCTs and the corresponding standby capacity. Inspection
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of Table 6.1 shows that the standby capacity is a more sensitive parameter than the mean
frequency of handoff to adjacent regions.

Table 6.1. Number of base stations in a VCT that can be supported by a root ATM

switch for an overload probability of 1 %

B| C, Cp C, F | c=155| c=622
(Mbps) | (Mbps) | (Mbps) | (") | Mbps | Mbps

4 | 34 124.3 93.2 11.4 X X

51 39 178.2 1426 | 10.5 X

6| 46 2522 | 2102 | 10.3 x

71 83 339.0 | 2906 | 10.2 x

8 [ 59 4133 | 3774 [ 99 X

9 | 64 5263 | 4679 | 938 X

0| 7 6488 | 5839 | 96

Fig. 6.2 shows the % overload period as a function of the maximum equivalent
capacity admitted to a VCT, C, , with the number of base station, B, varying from
3 to 10. For example, if the desired value of C, is 60 Mbps at 1 % overload period,
the number of base stations has to be at least 8. As shown in Table 6.2, a proportionally
large amount of standby capacity is required.

Table 6.2 shows the number of base stations in a VCT that can be supported by a
root ATM switch for 1 % of overload period. From Table 6.2, for C = 155 Mbps, B =4,

while for C = 622 Mbps, B =4 to 9. The results obtained here is similar to that obtained

by the overload probability approach.
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Table 6.2. Number of base stations in a VCT that can be supported by a root ATM

switch for 1 % of overload period

B] C, Cy C; | F | c=155] c=622
(Mbps) [ (Mbps) | (Mbps) | (s*) | Mbps | Mbps

4| 33 1206 | 905 [1L1[ x x

5] 38 173.6 | 1389 | 10.2 x

6| 45 246.7 | 205.6 | 10.1 x

7] 52 3326 [ 285.1 | 100 X

8 | 59 4313 | 37174 | 99 X

9| &4 5263 | 4679 | 9.8 X

0f 7 6488 | 5839 | 96

Next, let us consider the two-dimensional mobility model. For each value of B,
there are many possible configurations for grouping the hexagonal cells in a VCT. In
general, it has been observed that the value of p is minimum when the cells are “tightly
clustered”, while the value of p is maximum when the cells are connected in a linear
manner. In this thesis, only configurations that allow the same configurations to be

connected together efficiently (without cells being excluded) are considered.

110



Fig. 6.3 shows the configurations for the hexagonal cells in a VCT with the
minimum values of p for each value of B from 1 to 10. Fig. 6.4 shows the configuration
for the hexagonal cells arranged in a linear manner in a VCT resulting in the maximum
value of p. Let py, be the minimum value of p and p,,, be the maximum value of p. From

equation (4.10) and Fig. 6.4, it can be shown that p,,, is given by

=28t pss, (4.15)
3B

Proax

Using the overload probability approach, the maximum equivalent capacities that can be
admitted to the VCT for B = 4 to 10 are shown in Table 6.3. From Table 6.3, as B
increases, the minimum and maximum mean frequency of handoffs to surrounding
increases (in general) except for some points. The reason for one of these exceptions at
B=8 is that the configuration for grouping the cells in the VCT does not allows the same
VCT configurations to be connected together efficiently. For example, with the
configuration shown in Fig. 6.5, the minimum value of p is 0.4167 and the minimum value
of the mean frequency of handoff to surrounding VCTs is only 33.1. Table 6.4 shows
similar results based on the % overload period approach as compared with the overload

probability approach.
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Fig. 6.3. Configurations for hexagonal cell(s) in a VCT with the minimum values of p: (a)
B=1, (b) B=2, (c) B=3, (d) B=4, (e) B=5, (f) B=6, (g) B=1, (h) B=8, (i) B=9 and (j) B=10
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Fig. 6.4. Configuration for hexagonal cells in a VCT with the maximum value of p

Table 6.3. Minimum and maximum mean frequency of handoffs to surrounding VCTs

based on the overload probability

B CN (MbpS) min Pmax F _min (S’l) F max s-l)
4 34 0.5833 0.7500 26.7 34.3
5 39 0.5333 0.7333 28.0 38.5
6 46 0.5000 0.7222 31.0 44.7
7 53 0.4286 0.7143 30.6 51.0
8 59 0.4583 0.7083 36.4 56.3
9 64 0.4074 0.7037 35.1 60.6
10 71 0.3667 0.7000 35.1 66.9

Fig. 6.5. Configuration for hexagonal cells in a VCT which does not allow the same VCT
configurations to be connected together efficiently for B=8 but gives the minimum value

ofp

Table 6.4. Minimum and maximum mean frequency of handoffs to surrounding VCTs

based on the % overload period

B CN (MbJS) _BM Pmax &QL(SJ) FM (s-l)
4 33 0.5833 0.7500 25.9 33.3
5 38 0.5333 0.7333 27.3 37.5
6 45 0.5000 0.7222 30.3 43.8
7 52 0.4286 0.7143 30.0 50.0
8 59 0.4583 0.7083 36.4 56.3
9 64 0.4074 0.7037 35.1 60.6
10 71 0.3667 0.7000 35.1 66.9
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From Table 6.3 or 6.4, the probability of handoff to surrounding VCTs is relatively large.
Therefore, it is necessary to consider mechanisms to handle inter-VCT handoffs.

In a cellular network, let us consider multiple VCTs (clusters). The clusters can be
arranged in a pattern as in Fig. 6.3. With hexagonal cells, it is easier to use symmetrical
clusters, e.g., 7-cell custer. This would be similar to frequency reuse patterns. Each cluster
or a group of clusters can be managed by a single Mobile Switching Centre (MSC). A
MSC is involved in connection setup, connection teardown and connection handoff. In this
way, inter-cluster handoffs within the same MSC are intra-switch handoffs while inter-
cluster handoffs from different MSC are inter-switch handoffs. Investigation of handoff
strategies is outside the scope of this thesis. There are techniques for intra-switch handoffs
[81-83] and inter-switch handoffs [84-85] reported in the literature. In other words, there
is a hierarchical handoff management. The first level is a single cluster where the handoff is
managed as in the VCT using standby resources. The second level is inter-cluster
handofTs, or intra-switch or inter-switch handoffs.

6.4 Summary

The VCT concept has been proposed to avoid the need to involve the network call
processor for every cell handoff attempt in micro-cellular ATM network [47]. A
homogeneous model is considered [2]. Our model extends the model in [47] to account
for heterogeneous traffic using the concept of equivalent capacity. Our CAC model to a
VCT is described in Section 2.6.

The VCT concept utilizes a lot of standby resources to overcome the problem of
frequent invocation of the network call processor. If there is another way of overcoming

this problem using less standby resources, this direction should be pursuit.
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Numerical and simulation results indicate that, by using overload probability at a
base station or the % overload period in a base station as a performance measure, the
maximum equivalent capacity to a virtual connection tree can readily be determined. The
tradeoff of using the proposed approaches is that the larger the value of the number of
base stations in the virtual connection tree, B (the smaller the probability of handoffs to
adjacent/surrounding virtual connection trees, in general), the larger the amount of
standby capacity is required. Both one-dimensional and two-dimensional mobility
models are considered in this chapter.

The equivalent capacities of the traffic sources considered in this chapter are used

to set the token generation rates of the leaky buckets in Chapter 4.
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Chapter 7

Conclusions

7.1 Overview

As stated in Chapter 2, the major objectives are to investigate MAC, UPC and
CAC to the VCT in a cellular wireless ATM access network. A wireless ATM MAC
protocol which allows seamless integration from the wireless domain to the wireline ATM
network taking into consideration the various QoS and traffic characteristics of different
service classes has been designed in Chapter 2.

Some MAC performance results obtained by simulation and an approximate
analysis for delay-sensitive traffic like voice and MMPP video have been presented in
Chapter 3. These results show that acceptable QoS for voice, MMPP video and data can
be achieved in a wireless segment that supports 100 voice, 100 data and 2 MMPP video
users of average rates.

In Chapter 4, the UPC based on a leaky bucket is studied by simulation for
heterogeneous traffic and by analysis for voice and MMPP video traffic. For real-time
voice traffic with the total packet/cell loss of 0.5 percent, the total buffer size of the leaky
bucket is about 130. For real-time MMPP video traffic with a cell loss of 10™, the total
buffer size of the leaky bucket is about 14000. For non-time critical data traffic, the BER
is about 10™"°. This cannot be met by a physical transmission layer with BER of 10*. FEC
or ARQ must be used for retransmission if there is an error for data traffic.

In Chapter 5, the uplink MAC and UPC based on a leaky bucket are studied by

simulation for data, voice and MPEG video traffic. The simulation results show that
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acceptable QoS for voice, MPEG video and data can be achieved in a wireless segment

that supports 100 voice, 100 data and 5§ MPEG video users of average rates with Protocol

1 and supports 100 voice, 100 data and 19 MPEG video users of average rates with

Protocol 2. For real-time MPEG video traffic with a cell loss of 10*, the total buffer size

of the leaky bucket is about 190 for Protocol 1 with 5 MPEG video users and about 8000

for Protocol 2 with 19 MPEG video users.

In Chapter 6, the problem of CAC of heterogeneous traffic within a VCT and two
proposed CAC approaches based on equivalent capacity have been studied. The
performance of these approaches is studied by simulation and analysis. Results indicate
that, by using overioad probability at a base station or % overload period as a performance
measure, the maximum equivalent capacity to a VCT can readily be determined. The
tradeoff of using these approaches is that the larger the value of the number of base
stations in the VCT (the smaller the probability of migrating to adjacent/surrounding
VCTs, in general), the larger the amount of standby capacity is required.

7.2 Contributions

The contributions of this research work are summarized below:

e We proposed an enhanced TDMA/DR MAC protocol over the TDMA/DR protocol
[1-4]. Our protocol allows statistical multiplexing for voice users by using burst
switching in which packets are transmitted only during the “on” period. Packets are
not transmitted during the “off” period. Thus, more voice users can be accomodated.
There is a packing algorithm in the base station that packs up the gaps in the
information slots for voice users. Furthermore, bandwidth is more efficiently allocated.

In our protocol, the request slots are divided into used and available request slots.
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The used request slots relieve real-time VBR traffic (e.g., MMPP video or MPEG
video) of the need to contend for request slot in every frame. Therefore, the queueing
delay for transmitting the packets from this type of real-time traffic is reduced. In the
available request slots, real-time traffic (e.g., voice) is given priority over non-real-
time traffic (e.g. data). Thus, real-time traffic will not be delayed by non-real-time
traffic.

We have presented approximate analyses for the mean queueing delays and queueing
delay distributions for real-time traffic like voice and MMPP video. These analyses
give insights to the components that constitute the mean queueing delays and queueing
delay distributions. The simulation results do not give these insights. Furthermore,
only simulation results are given in [1-4, 10].

We have also presented an analysis for calculating the probability of outstanding voice
requests for a finite population instead of a infinite population in [80]. In actual
computation for the state distribution of this probability, the number of voice users
must be dimensioned to a large but finite number for the infinite population analysis.
However, for the finite population analysis, the number of states is just the number of
voice users plus one.

We have found the distribution of the number of video packets arriving in a time
interval for a MMPP video user (equation (3.43)) and the distribution of the number of
video packets arriving in a time interval for the superposition of a number of MMPP
video users (equation (3.45)). Without these distributions, the approximate queueing
delay analysis for the MMPP video traffic and the approximate analysis for output

process from the MAC protocol for a MMPP video user would not be possible.
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We have presented an approximate analysis for the output process from the MAC
protocol for a MMPP video traffic. This analysis gives insights to the components that
constitute the output process. The simulation results do not give these insights.

We proposed and extended the VCT approach to CAC for homogeneous traffic in
[47] to accomodate heterogeneous traffic based on equivalent capacity. A theoretical
analysis is formulated to calculate new performance metrics like the reserved capacity,
standby capacity, probability of migrating to adjacent or surrounding VCTs and the
mean frequency of handoff to these base stations. Both one-dimensional and two-

dimensional mobility models are considered in the analysis.
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Appendices

Appendix A. Flow diagrams for uplink MAC protocol
Fig. A.1, Fig. A.2 and Fig. A.3 show the flow diagrams for the algorithm followed
by each portable terminal for data, voice and video traffic, respectively. Fig. A.4 shows the
flow diagram for the algorithm followed by the base station for information slot allocation.
Let Nuices Nuideo and Ny, be respectively the number of voice, video and data
information slots requested in a TDMA frame. We can identify the following four cases in

which the allocation of information slots to voice, video and data traffic can be classified:

Case (1): (Muice t Nvideo + Naara) £ N; - sufficient information slots for all users,

Case (2): (Muice + Nuideo + Naara) > Ny and (Ngice + Noideo) < N; - sufficient information slots
for voice and video users, insufficient information slots for data users,

Case (3): (Nuoice T Nuideo) > N; and N,izeo < N; - sufficient information slots for video users,
insufficient information slots for voice users, no information slots for data users, and

Case (4): MN,iweo > N, - insufficient information slots for video users, no information slots

for voice and data users,

Once information slots have been assigned to the users by informing them through

the downlink, users will transmit in their assigned information slot(s).
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Appendix B. Derivation of the probability of the number of frame delay, F, for voice

packets
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assuming the tail distribution of 4, has a small probability. Similarly, considering the case

where ¢, 22 for F=1, we have

PF=1], ., =PrC_, =c. 13 A4, =al/ (1~ P4, =0)
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Therefore, from equations (B.2) and (B.3), we have equation (3.20).
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