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Summary

Third Generation cellular communication systems are expected to support mixed cell
architecture in which picocells, microcells and macrocells are used to achieve full
coverage and increase the spectral capacity. Supporting higher numbers of mobile
terminals and the use of smaller cells will result in an increase in the number of
handovers, and consequently an increase in the time delays required to perform these
handovers. Higher time delays will generate call interruptions and forced terminations,
particularly for time sensitive applications like real-time multimedia and data services.

Currently in the Global System for Mobile communications (GSM), the handover
procedure is initiated and performed by the fixed part of the Public Land Mobile
Network (PLMN). The mobile terminal is only capable of detecting candidate base
stations suitable for the handover; it is the role of the network to interrogate a candidate
base station for a free channel. Handover signalling is exchanged via the fixed network
and the time delay required to perform the handover is greatly affected by the levels of
teletraffic handled by the network.

In this thesis, a new handover strategy is developed to reduce the total time delay for
handovers in a microcellular svstem. The handover signalling is diverted from the fixed
network to the air interface to prevent extra delays due to teletraffic congestion, and to
allow the mobile terminal to exchange signalling directly with the candidate base
station. The new strategy utilises Packet Reservation Multiple Access (PRMA)
technique as a mechanism to transfer the control of the handover procedure from the
fixed network to the mobile terminal. Simulation results are presented to show a
dramatic reduction in the handover delay as compared to those obtained using fixed
channel allocation and dynamic channel allocation schemes.

Key words: TDMA, PRMA, GSM, Handover, Multiple access techniques.
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Chapter One: Introduction

CHAPTER ONE

INTRODUCTION

1.1 Introduction

The research presented in this thesis introduces a new method to reduce the handover
delay and improve the overall handover performance in Third Generation mobile
communication systems. This is achieved by the introduction of a handover signalling
strategy that bypasses the fixed part of the Public Land Mobile Network (PLMN) and
transfers the handover control to the mobile terminal. The new method utilises the
Packet Reservation Multiple Access ++ (PRMA++) as a medium access technique to

implement the new strategy.

First Generation cellular communication éystems have been in use since the launch of
Advanced Mobile Phone Systems (AMPS) in the USA in 1978 [1]. This was followed
by a joint development in the four Nordic countries (Denmark, Finland, Norway, and
Sweden) to introduce the Nordic Mobile Telephone system (NMT450) in 1981
operating in the 450 MHz band. In 1985 the Total Access Communication System
(TACS) was adopted in the UK, which was a modified version of the AMPS standard
[2]. These analogue systems provided services with the opportunity to roam freely
within the coverage area and simultaneouély communicate with any phone , fax or data
modem subscriber anywhere. However, the advance in digital technology led to the
introduction of the Second Generation mobile communication systems. Specifically the
GSM (Global System for Mobile communications) was introduced in 1989 as a Second
Generation pan-European digital mobile radio communication system operating in the
region of the 900 MHz frequency band. Using digital technology the GSM standard was

capable of offering a number of new features like:
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Chapter One: Introduction

e integration of voice and data,

e efficient utilisation of the limited radio space as compared with the First Generation
systems,

e providing better speech quality and higher data rate,

e allowing international roaming and the provision of service in any GSM network

regardless of the country providing the network,

Currently, GSM is considered to be the most established digital cellular communication
system, which is used in Europe and other parts of the world. Also widely adopted is the
Digital Communication Services -1800 (DCS-1800), which is based on the GSM
standard but operates in the 1800 MHz frequency band and has higher capacity
allocation than GSM. The Code Division Multiple Access (CDMA) standard, which
uses a spread spectrum technique, had proven to be one of the world’s most successful

Second Generation cellular systems and it is widely used in North America [3].

The cellular communication services are likely to be based on combinations of
technical standards from the Second Generation mobile communication systems (€.g.
DECT, GSM, DCS-1800, CDMA, ERMES, MOBITEX, and HiperLAN), providing a
service in many different parts of the radio frequency spectrum (cordless telephone,
cellular, paging, mobile data, and wireless LAN). Ultimately, cellular communication
services should be carried via a single integrated technology concept that is accessible
by all the different standards [4,5,6,7]. Also the rapid development in
telecommunication networks, coupled with an expanding base of mobile
communication subscribers, is producing a continuous need for new types of wireless
services. Hence, there is a genuine need for a unified standard for future wireless
communication systems, and currently it is the driving force behind the development of

Third Generation mobile communication systems.

Future wireless services are expected to support not only traditional mobile voice
communications, but also a variety of voice and data services providing a wide range of
applications. Specifically, it is expected that services such as multimedia capabilities,

Internet access, imaging and video conferencing will be supported by any Third

12



Chapter One: Introduction

Generation wireless system. The International Telecommunication Union (ITU) have
specified the need for Third Generation mobile systems to support advanced high-bit-
rate services. A variable-rate access with data rates approaching 2 Mb/s has been
proposed for the International Mobile Telecommunications-2000 (IMT-2000), formerly
known as Future Public Land Mobile Telecommunications Systems (FPLMTS) [§].
Third Generation cellular communication systems are also expected to provide global
telecommunications services. This requires contiguous coverage throughout the globe
and the capability of accessing any cellular network at any geographical location.
Satellite-based mobile systems can provide ubiquitous global services to mobile
terminals, particularly in areas where constructing terrestrial networks is not
economical or impossible due to natural boundaries. While in densely populated areas,
terrestrial-based systems can provide high capacity through the use of microcells and
picocells, which give high spectrum reuse and allow the penetration of cellular
coverage into indoor and enclosed areas. Such areas would otherwise be shadowed from
the top-of-the-roof antennae transmission due to the urban structures, in both streets and

building environments.

1.2 Handover in The Microcellular Environment

The most efficient method to increase the network capacity is the introduction of
microcells with radii of about 0.5 km down to 100m and below. Microcells extend the
cellular coverage area from macrocells to shadowed street corners, enclosed areas
inside buildings, road and railway tunnels, and even underground buildings and train
stations. In such areas a microcellular base station can be the only interface available
for the mobile terminal to access the cellular network (i.e. there are no overlaying
macrocells). However, as more users are supported by introducing smaller cell sizes
there will be an increase in the number of handovers taking place, especially with
terminals moving at high speed through shrinking cells. The success of a handover
process relies on a number of factors; the most important factors include: (1) the
availability of a free channel in the target cell; (2) the number of alternative base
stations, if no free channels are available in the first cell; (3) the time limit allowed to

carry out a handover procedure before the call 1s dropped. Any increase in the number
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of border crossings during the call will significantly increase the probability of call
dropping due to failure in acquiring free spectrum allocations. Also, the increase in the
number of mobile terminals handing over simultaneously will impose great pressure on
the signalling infrastructure of the network and increase the probability of failure due to

insufficient network resources.

Third Generation mobile communication systems will require efficient and reliable
handover procedures to maintain the continuity and quality of the call (or the
communication) while the mobile terminal is roaming within the same network or
between two different networks. The research carried out in this thesis is based on the
premise that with the existing network infrastructure, current handover procedures are
unlikely to be capable of handling new services with higher bit rates and strict delay
limits. Hence, faster handover execution and more efficient utilisation of network
resources is a prime requirement in any future network, particularly where microcells

are deployed.

1.3 Research Objectives

Third Generation systems are essentially evolving from the Second Generation mobile
communications. Such a service evolution 1s expected to be relatively seamless,
attractive, and natural for the current user markets [4]. Therefore the introduction of
future systems must carry a certain degree of compatibility with the older systems, and
achieving this will entail the partial or full re-use of the Second Generation networks .
infrastructure. The GSM standard is the most feature-rich cellular digital system for the
Second Generation mobile communications, with most operational networks supporting
basic voice and data services. Therefore, GSM 1s expected to represent an evolution
platform for many of the Third Generation services, and consequently it was decided
that the GSM standard and network infrastructure will be considered solely for the
investigations and simulations carried out in this research work. The research objectives

can be summarised as follows:

14



Chapter One: Introduction

(1) The GSM standard stipulates that a handover procedure is performed by exchanging

the handover signalling between the old base station and the new base station via the
fixed part of the Public Land Mobile Network (PLMN). However, as more users are
supported and smaller cells are deployed, the success of the handover process can be
greatly affected by the limitations of switching and signalling infra-structure in the
PLMN. One of the objectives of this research is to assess the handover performance
of a GSM-based microcellular system. This assessment will focus on examining the
total time delay required to perform the handover process utilising a number of
dynamic channel allocation (DCA) schemes, and subsequently comparing their
performance to the fixed channel allocation (FCA) schemes already implemented in

GSM.

(i) An improvement of the handover performance within the GSM will be considered

by developing a strategy that introduces major changes to the functional roles
assigned to the network and the mobile terminal. This new handover strategy will
involve the diversion of the handover signalling from the fixed part of the PLMN to

the air interface via the mobile terminal.

(iii) The Packet Reservation Multiple Access ++ (PRMA++) scheme has been

previously developed as an access method to offer packet based resource assignment
in the Advanced TDMA (ATDMA) project [9,10]. In order to reduce the handover
delays and increase the probability of successful handovers in a microcellular
‘environment, PRMA++ will be investigated for the possibilities of extending its
operation to transmit user information and in the same time maintain network-

independent handover.

1.4 Thesis Overview

Chapter Two of this thesis introduces the fundamentals of the handover process. In

particular it focuses on the process of initiating a handover in a network, and the

metrics used to evaluate the handover performance in certain systems. Moreover, a

review of the main handover strategies suggested and implemented, including network
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Chapter One: Introduction

controlled, mobile assisted, and mobile controlled handover, is presented. The use of
handovers in the context of microcellular environments is also considered, as well as
the effects of multiple call handovers on the overall performance of the system. The
chapter concludes by providing a discussion of integrated systems. These systems utilise
mobile satellite systems to act as a complementary component to the terrestrial cellular

network as part of the global cellular communication systems.

Chapter Three investigates the various types of radio interface multiple access
techniques. Specifically, FDMA, TDMA, CDMA, and PRMA. However, this survey
concentrates on the PRMA technique and reveals the inherent characteristics that make
it suitable for the implementation of the advanced handover strategy over the radio
interface. This chapter also presents a review of FCA and DCA techniques, and their
effects on improving the spectrum efficiency and increasing the probability of
successful handovers. The chapter concludes by considering the advantages and costs
associated with the implementation of each scheme for satisfying efficient handover

requirements.

Chapter Four outlines the simulation methods and software used in this research to
simulate the cellular network and the medium access protocols. It starts by specifying
the OSI model layer that is of specific interest to this research, it then moves on to
discuss the COMNET III software which was used to determine delays for individual
speech and handover signalling packets over the fixed part of the PLMN. The chapter
explains the advantages and limitations of using COMNET IIL. The last section
discusses the use of C++ code programming to simulate the new handover strategy and
the different multiple access techniques in the microcellular network. A detailed

description of the network models and parameters is presented in chapter Five.

Chapter Five introduces an advanced handover signalling strategy to reduce the total
handover delay by diverting the handover signalling from the fixed part to the air-
interface of the PLMN. A detailed description of the handover procedure in the GSM
standard is presented, followed by a description of the improved handover signalling

and how the control of the handover procedure is transferred to the mobile terminal to
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achieve a network-independent handover. Using COMNET III software, a GSM system
with microcellular base stations is simulated to examine the delays encountered by
single handover and speech packets. In the following section a microcellular network
with 14 microcells is simulated for TDMA operation with FCA and DCA schemes. The
signalling mechanism in the advanced handover signalling strategy is discussed and
then followed by a comparison between the performance of PRMA++ and that of the
advanced strategy using the same 14 microcellular network. Results obtained show a
considerable reduction in the total handover time delay and a reliable overall

performance as compared to the PRMA++ technique and the GSM standard.

Chapter Six concludes with a review and discussion of the work presented in this thesis.
The advanced signalling strategy is compared against earlier handover policies and
current cellular systems are evaluated for their suitability to implement the new
strategy. Recommendations for future work highlights the potential of improvement in
this strategy, and the scope of changes required to extend the concept of network-

independent handovers beyond the borders of a single network.
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CHAPTER TWO

HANDOVER PRINCIPLES
AND TECHNIQUES

2.1 Introduction

Handover is the mechanism that transfers an ongoing call from one cell to another as
a user moves through the coverage area of a cellular system. In analogue systems
[3], the base station monitors the quality of the link between a mobile terminal and
itself. When the base station realises that the quality of the link has degraded and the
distance to the mobile terminal has become too large, it requests the adjacent cells
to report the power level they see for the mobile back to the network. It is
reasonable that the strongest reported power level for the mobile terminal comes
from the closest base station to the mobile terminal. The network then decides
which frequency channel the base station should use in the new cell and which
corresponding frequency the mobile terminal should tune to. Eventually, the mobile

terminal is commanded to perform a channel change.

The situation in GSM is different [11]; the mobile terminal must continuously
monitor the neighbouring cells, perceived power levels. To do this, the base station
gives the mobile terminal a list of base stations (channels) on which to perform
power measurements. The measurement results are put into a measurement report,

which is periodically sent back to the base station.

The base station itself may also be performing measurements on the power and
quality of the link to the mobile terminal. If these measurements indicate the
necessity of a handover, this can be performed without delay, as the appropriate new

base station is already known. The measurements are sent continually to the base
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Chapter Two: Handover Principles and Techniques

station and they reflect the mobile's point of view. It is up to the operator to act upon

different qualities or power levels, and the handover constraints or thresholds can be

adjusted in accordance with changing environment and operating conditions. [3]

In future systems, smaller cells (named pico or microcells) will be deployed to meet
the demands for increased capacity [12,13]. This will result in an increase in the
number of cell boundary crossings. Each handover requires network resources to re-
route the call to the new base station. Minimising the expected number of handovers
minimises the switching load. During the handover there is a brief service
interruption. As the frequency of these interruptions increases, the quality of service
(QoS) is reduced. Another concern is delay. If handover does not occur quickly, the
QoS may degenerate below an acceptable level. The chances of dropping a call due
to factors such as the availability of channels, increase with the number of handover

attempts. All of these issues place additional challenges on the cellular system.

In this chapter, a general review of the handover process in mobile cellular systems
is presented. Also presented is a description of the various techniques and research
work aimed at improving the handover procedure in the different cellular
environments. Handover requirements in multi-layered and integrated cellular -

systems are discussed at the end of the chapter.

2.2 Handover Initiation

Beyond a certain point, where the received signal is too weak or is dangerously close
to becoming too weak, a handover is required. Measurements of received signal
strength must be averaged over time to remove the rapid fluctuations due to
multipath propagation. Detailed studies [14,15] have concluded that handover
initiation criteria are based on essentially four variables:

(1) The length of the averaging window.

(ii) The shape of the averaging window (that is, how much we should trust older

measurements).
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Chapter Two: Handover Principles and Technigues

(111) A threshold level which may provide a trigger to commence a handover.

(1v) A hysteresis margin.

A key issue in the design of a handover algorithm is preventing a user from
experiencing bouncing back and forth between two base stations. Two approaches to
achieve this are the hysteresis margin and dwell-timer approaches. The former only
allows a handover to a base station which is stronger than the current one by at least
a fixed or time varying hysteresis margin. The latter restricts the minimum time
between handovers. Figure (2.1) shows a mobile terminal moving from one base
station (base 1) to another (base 2). The averaged signal strength of base 1 decreases
as the mobile moves away from it. Similarly the averaged signal strength of base 2
increases as the mobile approaches it. Using this figure, the following approaches in

handover initiation can be explained:

e Relative signal strength: chooses the strongest received base station at all times.
In Figure (2.1) the handover will occur at position A. The problem with this
method is that it tends to stimulate too many unnecessary handovers when the

current base station signal is still adequate.

e Relative signal strength with threshold. allows the user to handover only if the
current signal is sufficiently weak (less than a threshold) and the other base
station’s signal is the stronger of the two. The effect of the threshold depends on
its value compared to the signal strengths of the two base stations at the point at
which they are equal. If the threshold is higher than this value, say 7, in Figure
(2.1), this schemes performs exactly like the relative signal strength scheme, so
the handover occurs at position A. If the threshold is lower than this value, say 7,
in Figure (2.1), the mobile will delay handover until the current signal level
crosses the threshold at position B. In the case of 73, the delay may be so long
that the mobile terminal drifts far into the new cell. This reduces the quality of
the communication link and may result in a dropped call. In addition, this causes
additional interference to co-channel users. Thus, this scheme may create

overlapping cell coverage areas. A threshold is not used alone in practice because
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1ts effectiveness depends on prior knowledge of the crossover signal strength

between the current and candidate base stations.

Base
Station 1
Signal strength
from Base 1
g

Signal strength
from Base 2

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

Base
Station 2

\ 4

Figure (2.1): Trends in approaches to handover initiation.

o Relative signal strength with hysteresis: allows a user to handover only if the new

base station is sufficiently stronger (by a hysteresis margin, h, in Figure (2.1))

than the current one. In this case the handover will occur at point C. This

- technique prevents the so-called Ping-Pong effect, the repeated handover between

two base stations caused by the rapid fluctuations in the received signal strengths

from both base stations. The first handover, however, may be unnecessary if the

serving base station is sufficiently strong.

o Relative signal strength with hysteresis and threshold. hands a user over to a new

base station only if the current signal level drops below a threshold and the target

base station is stronger than the current base station by a given hysteresis margin.

In Figure (2.1) the handover will occur at point C if the threshold is either 7 or

T,, and will occur at point D if the threshold is 7.
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o Prediction techniques: base the handover decision on the expected value of the

received signal strength. A technique which was proposed in [16] has been shown
to perform better than both the relative signal strength and relative signal strength

with hysteresis in terms of a reduction in the number of unnecessary handovers.

2.3 Handover Performance Metrics

To evaluate the handover performance of a cellular system, a number of

performance metrics are used to assess the handover algorithms [15,17], these

metrics are:

Call blocking probability. The probability that a new call is blocked by the
system.

Handover blocking probability: The probability that a handover attempt is
blocked.

Handover probability: The probability, while communicating with a particular
base station, that an ongoing call requires a handover before the call terminates.
This metric translates into the average number of handovers per call.

Call dropping probability: The probability that a call terminates due to a
handover failure. This metric can be derived directly from the handover blocking
probability and the handover probability.

Probability of an unnecessary handover: The probability that a handover is
stimulated by a particular handover algorithm when the existing radio link is still
adequate. h

Duration of interruption: The length of time during a handover for which the
mobile terminal is communicating with neither base station. This metric is
heavily dependent on the particular network topology and the scope of the
handover [18].

Delay: The time interval commencing when the mobile terminal starts a
handover procedure, and ending when the mobile 1s allocated a new link with the

new base station. This metric is crucial because excessive delay will affect the

8]
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quality of the communication link, and increase the call dropping probability and

the duration of interruption.

2.4 Handover Types

There are two types of handovers according to the mechanism used to connect and
disconnect new and old links, respectively. The first type is Soft handover, during
which the mobile terminal is in communication with the old as well as the new base
station. The connection is maintained with both until the handover procedure is
complete. The second type i1s the Hard handover, which occurs when the link with
the old base station is disconnected before a new connection is activated with the
new base station. The first type is only feasible when there is enough spectral
capacity in the system to support simultaneous communications on two channels.
However, hard handover i1s more likely to result in a service interruption if there is

an increase in the time required to allocate the new channel.

Soft handover is utilised in the Digital Enhanced Cordless Telecommunication
system (DECT) [19]. As the mobile terminal is moving, the status of all available
channels is updated and when a handover is needed the terminal selects the most
suitable voice channel and makes a second connection while it is still in
conversation. The handset simply instructs the base station to connect the new voice
path in parallel with the existing one and subsequently to close down the old voice
channel. In GSM [20], however, the mobile terminal is in communication with the
old base station while the new channel 1s being determined. Once the mobile is
assigned a channel, the old base station is instructed to release the old connection
and the call is re-routed to the new base station. The new channel is determined, but

not connected until the link with the first base station has been cleared.
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2.5 Handover Control Strategies
Current cellular systems employ three major strategies to control the handover
process. These differ in the way tasks and decision making responsibilities are

distributed between the network and the mobile terminal. These strategies are as

follows{21,22]:

2.5.1 Network Controlled Handover (NCHO): Employed by AMPS and Second
Generation Cordless Telephone (CT-2 Plus) [23,24]. In this method the mobile
terminal is completely passive. The base station supervises the quality of the current
connection, 1.e. the Received Signal Strength Intensity (RSSI) from the mobile
terminal. RSSI measurements of alternative connections are also made by
surrounding base stations. The decisions (when and where) are made at the Mobile
Switching Centre (MSC). Only inter-cell handovers are possible. However, to
reduce the signalling load in the network, the neighbouring base stations cannot
send measurement reports continuously. Hence, updated measurements of
neighbouring channels are not made very often and consequently the comparisons

made will not take place as soon as the actual RSSI is below a certain threshold.

2.5.2 Mobile Assisted Handover (MAHQO): This type is used in GSM where the
handover process is more decentralised than NCHO. Both the mobile terminal and
the base station supervise the received signal strength and the channel quality, i.e.
RSSI and Bit Error Rate (BER). Measurements of alternative base -stations
transmission are made by the mobile terminal. The decisions, however, are still
made in the fixed network (Base Station Sub-system (BSS) and MSC). Both inter-

cell and intra-cell handovers are possible.

2.5.3 Mobile Controlled Handover (MCHO): This strategy is employed by the
DECT air interface protocol [19]. In this method the mobile terminal continuously
monitors the signal strength and channel quality from the current base station and
several handover candidate base stations. When handover is required, the mobile
terminal checks the best candidate base station for an available channel and

launches a handover request. Both inter-cell and intra-cell handovers are possible.
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Considering the increasing numbers of mobile subscribers and the continuous
development in the types of services provided in cellular systems, a decentralised
handover strategy 1s highly desirable to relieve the fixed network from the excessive

signalling loads associated with high teletraffic levels.

2.6 Handover Management Schemes

In any handover strategy (NCHO, MAHO, or MCHO), the success of a handover
process is dependent on two major factors: the first is the management of the
available frequency allocations in every cell in the system, and the second is how
fast a handover request is allocated the required resources. Efficient signalling also
represents an important issue as the time required to carry out the handover will be
affected by the level of traffic congestion in the network. This aspect is more
pronounced in microcells where the cell size 1s reduced to increase the system
spectral capacity [25,26]. Reducing the cell size will result in an increase in the
number of handovers taking place. It will also reduce the time available for the
mobile terminal to perform the handover, particularly in terminals moving at speed
through the microcellular area. Therefore fast and efficient handover procedures are
required. The following three sections review the different schemes suggested or
implemented to perform handover in the cellular systems. The schemes considered
in these sections deal with single call handover, multiple call handover, and

handover between different layers of cellular structure within the same network.

2.6.1 Queuing and Priority

Lin ef al [22] and Steele er al [27] investigated two basic schemes, the first is the
Non-Prioritised Scheme (NPS), where the base station handles a handover request
with the same priority as an originating call (i.e. the handover call is blocked

immediately if no channel is available). This is the scheme employed by typical
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radio technologies for personal communication service (PCS) in the frequency

allocation at 2 GHz. The second is the Reserved Channel allocation Scheme (RCS).
In this scheme the channels are divided into two groups: normal channels that serve
both new call attempts and handover calls, and reserved channels that serve
handover calls only. For Reserved Channel Schemes, increasing the number of
reserved channels will decrease the forced termination probability of an ongoing
call. However, since the reserved channels cannot be assigned to new calls,
increasing them will significantly increase the blocking probability of new call

attempts [28].

Lin et al [22] also suggested a number of queuing and priority schemes based on the
fact that in a cellular network, adjacent coverage areas would overlap, resulting in a
considerable handover area where a call can be handled by the old and the new base
stations. For a mobile-controlled handover, i1f a mobile terminal cannot find an
available channel at the new base station, the handover request would be queued
waiting for a channel. In this scheme, any released channel is allocated to a queuing
handover request, which has priority over new call initiation. If there is no idle
channel after the mobile terminal moves out of the handover area, then the call is
forced to terminate. In the case of Personal Access Communication System (PACS)
[29], a physical channel exists for the mobile terminal to signal to a blocked base
station the handover attempt. In DECT, however, if a base station is blocked then no
channel exists for the mobile terminal to make such a request. For network-
controlled handover systems, e.g. CT-2 Plus, the old base station can always make
such a request to the new base station. Service priority can be on a First-In-First-Out
(FIFO) basis, where the next handover call to be serviced 1s the earliest one to arrive
in the queue. In the Measured-Based Priority Scheme (MBPS) [30], the next
handover call is selected based on the power level that the mobile terminal receives
from the new base station. In this case the handover area can be viewed as regions
marked by the different ranges of power ratio, and the network is expected to

monitor the power levels of the queued handover calls dynamically.
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It 1s crucial to notice that the performance of the queuing schemes discussed

depends on the time that the mobile terminal stays in the handover area, also the
time that the mobile terminal and the network will maintain the call connection
while the radio link is down or unavailable. The queuing priority schemes add extra
implementation complexity (compared to NPS) to manage the waiting queues.
Considerable modifications to the base station and mobile terminal

hardware/software would be required.

A scheme proposed by Fujii [31] which was based on the concept of overlapping
cells is Selective Handover. In this scheme, if the traffic of a cell increases
temporarily so that the resource utilisation rate exceeds a threshold, the scheme
hands over some calls to the appropriate adjacent cells. Whenever a call reaches the
overlapping area it can be served by the base station of either of the overlapping
cells. The wider the cell overlapping, the more the traffic performance is expected to
improve. Everitt {32] had also suggested a similar concept to implement a Directed
Retry (DR), which takes advantage of the fact that some percentage of the mobile
terminals may be able to obtain sufficient signal quality from two or more cells. If a
mobile finds no free channels at its first-attempt cell, it can then try for a free
channel in any other cell that can provide sufficient signal quality. The motivation of
such schemes is to attempt to redistribute calls in heavily loaded cells to lighter
loaded cells. These schemes improve traffic performance and can be considered
superior to dynamic channel allocation (DCA) because it utilises the conventional
intercell handover function and no new functions are necessary {31]. However, the
performance improvement achieved by these schemes depends greatly on the
algorithm used for selecting a mobile terminal for handover from a heavily loaded
cell. Terminals chosen could be one of the following: mobile terminals with
minimum reception level, i.e. the furthest away from the base station, or mobile
terminals in the original cell that are capable of receiving an acceptable signal level
from the adjacent cells which have one or more idle channels. In both cases the

algorithms do not take into account co-channel interference.
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A Sub-rating Scheme has also been suggested [33]. If the new base station has no
1dle channels, a new channel for a handover access attempt is created by sub-rating
an existing call. Sub-rating means an occupied full rate channel is temporarily
divided into two channels at half the original rate: one to serve the existing call and
the other to serve the handover request. The PACS protocol allows for mobile
terminals to indicate to the network the need to make a priority call [34]. This
capacity is intended for emergency calls, maintenance calls and other priority calls
such as handover requests when no tratfic channel is available. Such a scheme has a
number of limitations regarding the type of the traffic that can be carried by the sub-
rated channel, and whether it tolerates delays or degradation in quality. For example
voice quality for a sub-rated channel will not be as good as for a full rate channel,
also coding size and time delay in real-time data transmission may require more

dedicated sources than those already available.

Chia [35] introduced another strategy to enhance the robustness of the handover
algorithm by implementing the concept of “forward” and “backward” handover.
With a backward handover, handover signalling is performed via the serving base
station. This is widely adopted in conventional cellular radio systems, but in
microcells where the uplink -carrier-to-interference ratio (CIR) could drop
significantly when a mobile terminal turns a street corner {21] (see Figure.(2.2)), a
backward handover process could fail. In order to circumvent this problem, a
forward handover procedure could be introduced. With this procedure the handover
signalling is performed via the new base station. Results showed improved
performance for low speed mobile terminals passing through microcells-only
coverage area. Handover success probability deteriorated with speed and high levels
of traffic, considerable improvement obtained only in the case of using an
“Umbrella” macrocell to assist in handovers. Such a strategy aims at recovering
calls that fail a backward handover, and therefore allowing call re-establishment.
However, higher time delays are very likely to occur, because the decision on the
signalling destination (old or new station) is decided while the mobile terminal is
suffering considerable degradation in the link quality. Also, a sudden improvement

in the old base station link quality might give rise to a Ping-Pong effect [36]
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whereby the handover signalling control is bounced within the network. The success

of this strategy is based on the assumption that the next base station, where the

mobile terminal is heading, is the 1st candidate on the candidate cell list. Therefore,
even though the uplink 1s deteriorating rapidly, the old base station is capable of
starting the handover procedure with the target base station. The probability of
success for such a strategy will be greatly reduced by the lack of free channels in the
target base station, or by the mobile terminal heading towards a base station

different from what the old base station predicts.

Macrocell Base
Station

Base Station

Figure (2.2): The Corner-effect in microcellular environments.

2.6.2 Multiple Call Handover

In IMT-2000, the small cell sizes anticipated will result in an increase in the
handover rate compared to the previous generation systems; there 1s also an increase
in the number of mobile terminals used for different types of teletraffic demand.
Some mobile platforms may support multiple calls simultaneously. Examples
include buses, taxis, trains, aircraft and boats where a number of mobile terminals
are in communication with the network, as shown in Figure.(2.3). A cell boundary
crossing by such a vehicle can concurrently generate multiple handover attempts,

thus increasing the signalling load imposed on both the radio and the fixed network

parts of the system.
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Rappaport [37] developed a model which reserves a number of channels in each cell
specifically for handover procedure. This method would prove beneficial when there
1s low to moderate loading on the system. Once the system 1s heavily occupied and
all the traffic channels are engaged, then even achieving a successful handover
might not guarantee the continuation of the call, due to the lack of traffic channels
in the cell concerned. Moreover, there will be a higher rate of call blocking
probability for calls initiating within that cell. Purzynski er a/ [38] implemented-a
prioritising scheme, similar to that mentioned in section 2.6.1, in which there was an
overlap between the adjacent cells in the coverage area. Conceptually a cell was
partitioned into two zones. Specifically, in one zone, the cell's own base station is
able to provide service, denoted as an "inner zone". In the other, called the
"transition zone", at least two base stations can establish a platform with a link of
acceptable quality. It was suggested in [38] that. the mobility of a platform can be
described by defining a dwell time in an inner zone and a dwell time in the
transition zone. The dwell time in an inner zone is the time a platform remains in
communication range of only one base station. As the mobile platforms enter a new
cell, handover requests are placed in a queue, awaiting the release of sufficient
number of channels to satisfy their demands. Results obtained showed that handover
queuing allowed significant improvement in forced termination probability, in
comparison to performance obtained by using a channel reservation scheme for

handovers only.

An environment where mobile platforms can support multiple independent calls
represents a magnified scale of the problems facing handover for individual
terminals as already discussed in section 2.6.1. Any improvement will be limited by

the availability of spectral and network resources to prevent forced termination.
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Figure(2.3): Simultaneous handover requests generated
by multi-terminal platforms.

2.6.3 Multi-layered Systems

The deployment of a multi-tier system with macrocells overlying microcells offers
system providers new opportunity to increase the networks capacity [7,6,39].
Intelligent use of the two tiers can lead to increased end-user performance and
system capacity. For example, stationary users can be assigned to microcells so that
they operate at reduced power and cause significantly less interference. When the
microcellular capacity is exhausted, the overflow traffic can be assigned to the

macrocells.

Microcell/macrocell system proposals often assign mobile tcrmi“nals to a particular
level according to the speed at which they are travelling. Fast moving terminals are
generally encouraged to handover to a macrocell, and slow terminals typically join
microcells, as illustrated in Figure.(2.4). Mobile terminals are then instructed to
move between the microcellular and macrocellular planes based on their speed. This
jointly reduces the handovers and increases the total system capacity [40,41,42].
Benveniste [43] suggested that calls should be initiated via the macrocell channels.
A user must remain in a macrocell for a sufficiently long time before being handed

over to the microcell layer. An extension to this technique estimates a mobile
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terminal's speed at a given point, prior to entering the microcell. This allows the

system to assign mobile terminals fast enough after they cross into the cell. Thus, in

all cases sufficiently slow terminals are more likely to be assigned a microcell than

are fast-moving terminals.

One major motivation for using microcell/macrocell overlays 1s increased capacity
without increased handover rates, although Eriksson er af [44] indicated that in some
cases, system capacity could be affected to a great degree by the multiple access
technique employed. A system with Code Division Multiple Access (CDMA) 1n
both the macrocells and microcells using the same Radio Frequency (RF) spectrum,
overcomes interference from the higher tier by forcing users in the microcell to
transmit at a higher power than that necessary to overcome the propagation loss. The
end result is that some of the cells are not overlaid; the microcell punches a hole in

the macrocell. Thus no reduction in the rate of handover is achieved.

In addition to spectral efficiency, implementing a mixed cell system would protect
handovers in situations like street-corner effect, where an umbrella macrocell could
act as a back-up cell. In such a system, sufficient channels have to be assigned to the
macrocells. It must be noted that under a low call arnival rate, a macrocell system
may still perform better than a mixed cell system. This is because a higher handover
failure rate will occur in the microcell system, if the same handover criteria were
used for both the macrocells and the microcells. However, under a high call arrival
rate, the situation is reversed. In this case the microcells clearly offer extra capacity

to the system in areas with high traffic loading.
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[§9)



Chapter Two: Handover Principles and Techniques

Macroceil

Picocell

Microceli

et S

\\\‘;___‘/)//

e Macrocell -Wide coverage area
e Microcell - Localised strategic coverage
@ Picocell - Indoor coverage

Figure (2.4): Mixed cell architecture.

2.7 Integrated Systems

The integration between terrestrial cellular networks and satellite systems is a very
promising issue, since it permits the immediate provision of radio services offered
by the cellular networks to areas lacking in terrestrial facilities. The satellite and the
cellular networks have complementary characteristics; the main advantages of using
satellites are: the expansion of the service area, and the availability of additional
capacity. On the other hand, the satellite resources cannot support the same traffic
volumes as a cellular network [45,46]. Therefore the satellite system acts as an
extension of the terrestrial network. Researchers [4748] regard the basic
requirement of full integration to be that the insertion of the satellite system should
not entail any modification of the existing GSM network (neither in the software,
nor in the hardware). Although modifications to the GSM protocols will be required
primarily at the mobile terminal level, a number of changes are considered
necessary in some aspects of the access procedure. In an integrated system a suitable
terminal (i.e. dual mode terminal) is expected to establish a call on both the RF
cellular link and on the satellite link, the network features should be designed to
take the maximum advantage from the presence of the two sub-systems, satellite and

cellular.
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Priscoli et al [47] considered full integration to be that which entails the reuse, as far
as possible, of the GSM equipment and protocols (i.e. the same hardware and
software) for the satellite system. In particular, the satellite system reuses the same
channels, access technique, modulation and coding as the GSM network. This work
showed that an integrated system can only work if a rural environment is considered,
since different environments (i.e. urban or suburban) would require very high figures
of shadowing margin (greater than 10 dB) and, consequently, too high a power level
of the mobile terminal. Hu et a/ [25] considered a personal system with multiple
hierarchical cellular overlays. The system included a terrestrial segment and a space
segment, where the terrestrial segment consisted of microcells and overlying
macrocells. At the highest hierarchical level, communication satellites comprise a
space segment. The satellite beams overlay clusters of terrestrial macrocells and
provide primary access for satellite-only subscribers, as shown in Figure.(2.5). Call
attempts for cellular/satellite dual subscribers are first directed to the terrestrial
cellular network, with satellites providing necessary overlay. At each level of the

hierarchy, handover calls are given priority access to the channels.

For the system which is based on non-zeostationary (mobile) satellites [25],
handover may occur due to the motion of mobile terminal platforms or due to the
motion of satellites. The system had suggested that once a call is served at a certain
hierarchical level, it will continue service at the same or higher level but will not
revert to service at a lower level. Hence, the system operation tends to create a
traffic distribution in which high mobility platforms are more likely to be served by
the larger cells, i.e. cells that are higher in the system hierarchy, and they will stay
there until the end of the call. In effect, this will inefficiently over-utilise the
channels assigned to the larger cells as mobile terminals will still be served even if

they have slowed down or become stationary.

34



Chapter Two: Handover Principles and Techniques

Figure (2.5): The integrated system where satellite
cells overlay terrestrial cells.

2.7.1 Selection and Re-Selection in the Integrated System

Since the satellite carriers are the most valuable resource as compared to the
terrestrial network channels, different studies [47,49,48,50] indicated that the GSM
and the satellite carriers should be given first and second priority; respectively. The
satellite spot beams can be considered as macrocells and the mobile terminal can
perform the selection and re-selection procedures, considering the satellite
frequency band in addition to the cellular one. At the start of a selection procedure
the mobile terminal operates in the GSM system, searching for a suitable cell in
every allowed terrestrial Public Land Mobile Network (PLMN). If the search is

unsuccessful, a similar procedure is activated on the satellite frequency bands.

The handover from a GSM cell to a spot beam could permit a call to be continued
when the mobile terminal is leaving the terrestrial cellular coverage, and still inside
the spot. The handover from a spot to a cell is an interesting traffic management
feature because it allows the reduction in the occupancy of the satellite resources. In

this case, the mobile switching centres (MSCs) should be able to perform an inter-
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MSC handover with all their cells. Apart from this problem, the handover could be

carried out according to the GSM procedures [48].

2.7.2 The Mobile Satellite System

Different solutions for achieving a global coverage Mobile Satellite System (MSS)
are under investigation. Promising alternative approaches seem to be those resorting
to the use of Geostationary Earth Orbiting (GEO) satellites or Low Earth Orbiting
satellites (LEO) [51]. In the context of personal communications, the large
propagation delay and the requirements for satellite Effective Isotropic Radiated
Power (EIRP) are serious drawbacks for GEO satellites when compared to LEO
satellites. This explains the growing interest in LEO satellite systems for world-wide
communication services, ranging from low speed data to voice communications

[52].

Figure (2.6): LEO satellites orbiting around the Earth
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GEO satellites are fixed with respect to a terrestrial observer and they are on an

equatorial circular orbit at about an altitude of 36,000 km. Only three GEO satellites
are required to serve all the earth. On the contrary, LEO satellites are placed in a
circular or elliptical orbit. Orbiting at an altitude ranging from 500 to 2000 km.
Many LEO satellites are needed to guarantee the coverage of the whole earth at all
times (see Figure.(2.6)). Despite this drawback, LEO satellites offer an advantage
over GEO by using satellites at relatively low altitudes. Therefore it is less difficult
to satisfy the link budget with low-power hand-held terminals as well as to reduce

propagation delays and cell size.

When defining the capacity in terms of satellite circuits, the network planner has to
take into account the handover traffic. Unfortunately, in a LEO satellite
communication network (where handover is most often due to the motion of a LEO
satellite with respect to a fixed point on the earth) the orbital speed of the satellite
increases when the altitude decreases, consequently resulting in higher number of
handovers. Dosiere ef al [49] proposed a model for the handover in LEO satellite
networks, where satellites were considered as single beam satellites, so that a cell 1s
defined as the single beam coverage of the satellite and moves along with it. The
model showed that the rate of handovers decreases as the altitude of the mobile

satellite increases, since it will be covering a larger area with the same beam spot.

Hence, handover traffic models for terrestrial cellular networks cannot be fully used
and specific models must be developed, since the handover process in mobile
satellite systems becomes a two dimensional issue, involving the motion of the

mobile terminal as well as the spot beam cell, as shown in Figure.(2.7).
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Figure (2.7): Handover due to the motion of the satellite.

2.8 Conclusion

Handover is a feature of high importance in mobile telecommunication systems. It
ensures the continuity of the calls while users are moving between cells or networks.
Handover should be fast enough, while at the same time should guarantee the proper
call continuation. The review presented in this chapter concludes that handover
performance is dependent to a great extent on the spectral capacity and the channel
allocation in the system. Also, algorithms implemented assumes a satisfactory level
of network congestion. An issue which has to be considered carefully when
analysing maximum loading conditions. In future cellular systems, the small cell
sizes anticipated will result in an increase of handover rates, thus increasing the

signalling load imposed on both the radio and the fixed network parts of the system.

The increasing interest in hierarchical cellular system structure, with macrocell
overlays, and the development of IMT-2000 has motivated the use of satellites for
large seamless coverage. Some technical issues behind the choice of non-GEO

satellites for PCS satellite constellations are transmission delay, path loss, and the
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antenna size required to produce narrow beams (i.e. small cells) [25]. An integration

of terrestrial and satellite cellular systems requires robust handover management

techniques to ensure optimum utilisation of the integrated system resources.
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CHAPTER THREE

MULTIPLE ACCESS TECHNIQUES

3.1 Introduction

An important issue when designing and standardising cellular mobile radio system 1s
the selection of the multiple access scheme, that is, the method of accommodating a
number of mobile terminals signalling on one channel and separating these signals at
the base station. The design of the air interface largely influences the total system
design, including the fixed network, and determines the cost and operational qualities of

the system.

Multiple access can be organised according to the well-known basic multiple access
principles. Frequency Division Multiple Access (FDMA), Time Division Multiple
Access (TDMA), and Code Division Multiple Access (CDMA), with practical access
schemes being usually hybrids (ie. combinations of the basic multiple access
pﬁnciples). A considerable amount of research work has been carried out to determine
multiple access schemes appropriate for third-generation cellular mobile radio systems
[4]. This is a major challenge because a large variety of scenarios and services have to
be taken into account and because it is likely that a unique optimum solution does not

exist.

Another major factor that determines reliable operation of the cellular system is the
efficient re-use of the scarce radio spectrum allocated to the system, i.e. the channel
allocation scheme. Channels can be allocated on a fixed or dynamic pattern depending
on the estimated offered traffic. The basic prohibiting factor in radio spectrum re-use 1S

interference caused by the environment or other mobile users. Efficient use of radio
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spectrum will also enable a reduction in the number of base stations required to service

a certain geographical area and therefore a reduction in the cost-of-service.

This chapter discusses different multiple access techniques, including the Packet
Reservation Multiple Access (PRMA) which is a variant of the TDMA access scheme.
Particular attention is paid to the PRMA access scheme because it will be considered in
subsequent chapters as the basis for the experimental work carried out in this research.
This is followed by a summary of the channel allocation schemes adopted in mobile

cellular systems and their suitability for different conditions.

3.2 Frequency Division Multiple Access (FDMA)

In frequency division multiple access scheme , the spectrum available is subdivided into
contiguous frequency bands and the bands assigned to the mobile terminals. For
frequency division duplex (FDD) transmissions using FDMA, there is a group of
contiguous sub-bands occupying a predefined bandwidth for downlink transmission and
a similar group of sub-bands for the uplink. A band of frequencies separates the two
groups. Interference in adjacent sub-bands due to imperfect channel filtering is designed
to be below an acceptable threshold. Each mobile station is allocated a sub-band, in
both uplink and downlink bands. Most of the first generation analogue cellular mobile
radio system use FDMA/FDD, with the speech conveyed by analogue Frequency
Modulation (FM), while the control is performed digitally with the data transmitted via
Frequency Shift Keying (FSK) [53].

3.3 Time Division Multiple Access (TDMA)

Time division multiple access (TDMA) is a method to enable a number of mobile
terminals to access a certain channel but for only a fraction of the time and on a

periodic basis. Instead of requiring N radio carriers to convey the communications of N
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mobile users as in FDMA, only one carrier is required in TDMA. Each user gains access

to the carrier for 1/N of the time and in an ordered sequence.

In TDMA/FDD there are two frequency bands; one for transmission and the other for
reception. When the base station transmits, the mobile terminals are switched to
reception, and when the mobile terminals transmit the base station receives their
signals. This significantly simplifies transceiver design compared to FDMA, where
transmission and reception are performed simultaneously. Further, the base station
needs only one transceiver to accommodate its N' TDMA mobile users, as it only
processes them one at a time, at instants according to their slot position. Another feature
of the TDMA is the transceiver's ability to monitor other channels during slots when it

is neither transmitting nor receiving signals.

3.4 Code Division Multiple Access (CDMA)
Originally known as Spread Spectrum Multiple Access (SSMA), this is another method

that allows multiple users to access the mobile radio network. Each user is allowed to
use all the bandwidth, like TDMA, and for the complete duration of the call, like
FDMA.

In CDMA all users communicate over the same bandwidth using an individual Pseudo-
random Noise (PN) sequence to spread the modulated data signal over a wider
bandwidth. The users’ transmission are therefore stacked upon one another in the
frequency domain causing interference to one another, yet due to knowledge held in the
coding, a receiver may demodulate the required signal once the codes are synchronised

[54].

Direct Sequence (DS-SSMA) or CDMA, is one of two basic types of spread spectrum
techniques [55]. The second is called Frequency Hopping (FH-SSMA). The latter
scheme was proposed as an alternative to the FDMA in the first generation cellular

systems [56].
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3.5 Packet Reservation Multiple Access (PRMA)

Packet Reservation Multiple Access (PRMA), is a statistical multiplexer of speech for
wireless communication systems. It exploits the silence periods in speech to
accommodate more users than there are channels available. A speech activity detector
classifies speech into talkspurts and silence periods. PRMA is similar to TDMA in the
sense that the transmission time scale is based on frames, each containing a fixed
number of time slots. However, unlike TDMA, where the terminals are granted access
to a channel for the entire duration of a call, PRMA voice terminals are granted access

to the channel only during talk spurts.

Each packet is composed of a header containing signalling information and an
information field. At the beginning of each activity period a user contends for a time
slot. If the base station is able to decode the header of the first packet of the talkspurt,
the contention is successful and the slot is "reserved" for that user for the whole
duration of its talkspurt. However, if contention is unsuccessful, in order to off-set the
re-transmission of the contending users, access is attempted according to a re-
transmission or permission probability, permissions at different terminals being

statistically independent.

Congestion leads to access delays and, since speech packets require prompt delivery,
those that are delayed beyond a certain time are discarded or dropped. Dropped packets
affect speech quality and hence the packet dropping probability is an important measure
of PRMA performance. Speech clipping at the beginning of a talkspurt proved not to be
very disruptive. Subjective tests point out that speech quality is preserved until packet
dropping probability is above 0.01 [57,58]. When a terminal is in the contention phase,
collisions may occur with contending users in the same cell, and with active users in co-
channel cells. The overall effect will depend on the capability of the base station
receivers for recognising one out of many contending users. This may be generally
accomplished by introducing a capture mechanism [59], which is based on the
capability of the base station to recover the packet header even when corrupted, up to a

certain degree, by interference.
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Once reservation has been gained by a given user, signals from co-channel cells may
produce interference on the talkspurt in progress. Different reservation policies have
been proposed. Frullone e al [57] suggested that the header and the information field
can be characterised by different coding protection levels, so that the carrier-to-
interference ratio required for the information bits (CIR;yg), can be different from the
carrier-to-interference ratio required for the header bits (CIRyeqq) - The slot reservation
could therefore be kept or lost according to pre-set CIR g, and/or CIRyead thresholds. In
other words, the criterion will be either a corrupted packet header or a corrupted
information field in the packet. Goodman et af [60] reported that PRMA performance 1S
sensitive to the choice of the transmission probability. If transmission probability is too
low, terminals wait too long between successive transmissions and eventually drop
packets as the waiting time exceeds the system limit. If transmission probability is t00
high, excessive collisions occur, and the resultant congestion will lead to high packet

dropping probability.

As with the case of TDMA, co-channel interference probability increases as cellular
cluster size decreases. Comparing the performances of PRMA with those of dedicated
channel multiple access (TDMA) schemes using the RSSI criterion, it is evident that in
equivalent situations (i.e. the same cluster size) the interference probability of PRMA is
always lower than the corresponding probability of dedicated channel multiple access
schemes [61]. This effect can be easily explained considering that, in the PRMA case,
only active talkspurts are transmitted and the interference level is correspondingly
reduced. Furthermore, the interference probability of systems with dedicated channels is
increased by the hysteresis introduced in the handover procedure, which forces mobile

terminals to operate with very low values of the received signal level.

3.5.1 Voice and Data Integration over PRMA

A flexible medium access scheme is highly desirable for Third Generation cellular
networks because of the expected wide range and variety of teletraffic demands. A

packet access protocol is well suited to such tasks since it can easily offer variable bit
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rates and also carry bursty traffic. Data-only and combined data-voice traffic 1s
expected to increase, and will comprise a substantial amount of the carried traffic. A
crucial issue regarding the integration of voice and data in PRMA is the contention, or
permission probability. Considering a system in which both voice and data terminals
contend for all free slots, permission probability for data access should be lower than
that for voice access. This will ensure higher priority for the delay sensitive voice

packets.

Lee et al [62] proposed a data multiple access protocol that combines random access
(i.e. slotted ALOHA) with a slot reservation mechanism (burst mode PRMA). It aims to
statistically multiplex data packets transmitted by data terminals with speech packets
transmitted by voice terminals over the shared uplink channel. Voice terminals were
assumed to be using the access protocol in Extended TDMA (E-TDMA) [3], which is
an enhancement of the emerging North American digital cellular standard (IS-54) [63].
By treating voice slot assignments with pre-emptive priority over data, data traffic
becomes transparent to the voice terminals. Furthermore, the proposed protocol can
accommodate multi-slot assignments per frame to match the throughput needs of

individual data terminals, as well as application dependent data transmission priorities.

Dunlop [67] considered a hybrid packet system with a fixed boundary between voice
and data sources, and a hybrid packet system with a dynamic boundary between voice
and data sources. In each case, PRMA in burst mode is used for voice talkspurts and
PRMA in random mode (slotted ALOHA) is used for data sources. In the fixed
boundary structure the position of the boundary is fixed according to the anticipated
mix of voice and data services and also the acceptable delay requirements for data and

the acceptable packet loss for voice.

Reported results showed that standard PRMA provided the best delay response'for data
services followed by dynamic boundary scheme and fixed boundary, respectively. It
also showed that at high data loads PRMA produces the highest voice packet loss, while
at low and moderate loads, voice packet loss was still below the 1% threshold. Dunlop

[67] had also evaluated a packet access mechanism for integrated voice and data
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transmission using random access (slotted ALOHA) as compared to the reserved access
(burst mode PRMA). For data transmission, there was no packet dropping threshold,
resulting in a superior access delay performance as compared to conventional PRMA.
This was a consequence of the much shorter collision resolution interval experienced
with the random access mechanism. This is significant in the case of data transmission
because colliding packets are continually offered for transmission until successfully
received by the base station. On the other hand, the performance of PRMA for voice
exceeded that of the random access mechanism and the performance gain increased as

the bit rate increased.

Narasimhan ef al [68] suggested a scheme in which the voice and data sub-systems are
logically separated. The total available bandwidth 1s divided into three regions: voice
information, voice contention, and data regions. The bandwidth available for the data
users depends on the fulfilment of the QoS requirements for voice users, which is
assumed to be a limit on the number of dropped voice packets. Numerical results
indicates that a significant amount of data traffic can be supported without sacrificing

the voice capacity of the system.

It can be concluded that service integration can result in high bandwidth utilisation
through statistical multiplexing of connections belonging to service classes with
different source activity factors, particularly voice sources with an activity factor equal
to 0.44 [69]. The utilisation becomes even higher when more bursty connections, such
as data, are multiplexed on the same link. Also by offering two alternative classes for

voice calls, the system can control its blocking and access delay performance.

3.5.2 Alternative Packet Access Techniques

Research findings have shown a number of new mechanisms, in principle based on
PRMA, but aimed at exploring this technique to find better ways of improving its
performance [64,65,66]. Some were aimed at integrating voice and data transmission by

taking advantage of the statistical multiplexing inherent in the PRMA scheme, as have
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been discussed in the previous section. Others have concentrated on introducing new

reservation policies, these are described in the following section.

Since permission probability in PRMA is introduced in order to offset subsequent
attempts after a collision had occurred, Frullone er a/ [57] questioned whether or not
this mechanism should be actively operated on the first attempt (i.e. at the beginning of
each talkspurt). An alternative strategy was envisaged in which the first attempt to
obtain the reservation doesn't require a permission to transmit. A random value of
permission would be generated only if a collision occurred. With permission probability
equal to one for new talkspurts; it was shown that the new strategy improves the
performance for low traffic loads only, while it is the same as PRMA for high traffic

loads.

Frullone et a/ [57] had also found that the dropping probability changes greatly upon
varying carrier-to-interference ratio in the packet header, whereas the information field
carrier-to-interference ratio is kept constant. The dropping probability was found to
increase as the header protection decreases (the higher the required CIRpead the higher is
the header protection) while interference probability exhibits an opposite behaviour.
This can easily be explained considering that a higher header protection reduces the rate -
of reservation losses due to interference (and thus the re-transmission attempts), thus
forcing the terminal to continue its transmission even when the information field is

corrupted by interference.

Wong et al [70] proposed a multiple access scheme, Shared Time-Division Duplexing
(STDD), suggesting that both uplink and downlink traffic can share a common control
channel, thereby achieving high statistical multiplexing even with low population of
simultaneous conversations. The approach of having separate control and speech
channels was reported to facilitate a better grasp of the overhead efficiency problem,

which is common in packet switched networks.

In order to increase the probability of successful reservation, Tafazolli er al [71]

modified the PRMA scheme by subdividing an unreserved slot into several sub-slots,
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and 1n each one only a reservation packet, which carries a small amount of information,
such as terminal ID, was transmitted. All terminals which have information to transmit
send a reservation packet in a sub-slot with a permission probability. If more than one
terminal has successful transmission, the base station will always allocate the slot to a
contending voice terminal. Voice traffic was given higher priority over the data traffic
to minimise the speech transmission delay and hence the average packet dropping
probability. Although this protocol allows more access to the channel by securing
reservation slots, it suffers from degrading speech quality as the number of mobile
stations waiting with transmissions becomes more than the available uplink slots,

causing packets to suffer too much delay and to be dropped.

A second protocol whereby a hybrid scheme using circuit switching for voice users and
packet switching schemes for data users was also proposed [72]. A voice user gives up a
fraction of its slot after it has entered the silent period, and uses the rest of its slot for
signalling purposes. This sub-slot can be used to request back its slot as soon as 1t enters
a talkspurt state. Data users do not have to contend for any slot, since the base station
has pre-knowledge of the subscribers which have traffic to transmit. As mentioned
above this information is obtained through the call set-up procedure. Once a slot is
released, the base station will broadcast the allotment of this slot in the next frame. The

protocol avoids wasting time slots due to repetitive collisions.

It is important to mention here that this scheme could work effectively for users who
wish to transmit data while they are transmitting voice, because the terminal will be
using the reserved.time slot efficiently in silence periods, provided that there are no
constraints on the type of data to be transmitted. If the time slot was used just for
signalling during silent periods, then it will be very much like a circuit switched

scheme, as the slot would be reserved for the duration of the call.

The two packet access mechanisms considered for Advanced TDMA (ATDMA)
[73,74], are both developments of PRMA and are known as Block Reservation Multiple
Access (BRMA) [75] and PRMA++ [76]. The essential difference between these

mechanisms is that in BRMA all slots on the uplink may be used for resource
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reservation, whereas in PRMA++ the slots on the uplink are separated into reservation
slots (R slots) and traffic information slots (I slots). In the case of BRMA, reservations
are acknowledged on a paired down slot, and in PRMA++ special slots (A slots) are
reserved on the downlink for acknowledgement purposes and uplink slot allocation.

Both mechanisms were evaluated for voice applications only.

With particular interest in the optimum choice of the number of reservation slots in the
uplink, results obtained in [75] show that if the number of R slots is too low it is
expected that collision resolution process will be the major contribution to access delay
and packet loss (in the case of voice). If the number of R slots is too high then this will
reduce the number of collisions due to contention but will, at the same time, decrease
the number of I slots per frame. This will produce longer queues for I slot allocation
and increased access delay and voice packet loss from this cause. As ATDMA is
specifically concerned with the concepts of an adaptive air interface capable of
accommodating variable bit rate services, the initial conclusion was that PRMA++ 1s

likely to provide a greater degree of flexibility than BRMA in such an environment.

3.6 Channel Allocation Schemes
For a given spectrum and a specific technology used, the traffic-carrying capacity of a
cellular system depends on how the channels are managed. The following sections

describe the types of channel allocation schemes used or that have been suggested for

use in the cellular networks:

3.6.1 Fixed Channel Allocation (FCA)

Fixed channel allocation (FCA) is used where each cell is permanently assigned with a
fixed set of nominal channels. A definite relationship is assumed between each channel
and each cell in accordance with co-channel interference constraints [77]. If a new call

finds that no free nominal channel is available, the call is blocked. The current GSM

system utilises FCA.
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FCA can be done following a uniform allocation, i.e. where the same number of
channels is allocated to each cell. This uniform channel distribution is efficient if the
traffic distribution of the system is also uniform. Also channels can be allocated in a
non-uniform pattern, depending on the expected traffic loading for the different cells of
the system. These are referred to as Channel Borrowing Schemes. In a channel
borrowing scheme, a cell that has used all its nominal channels can borrow free
channels from neighbouring cells to accommodate new calls. A channel can be
borrowed by a cell if that channel does not interfere with existing calls. When a channel
is borrowed, several other cells are prohibited from using it. This is called channel
locking. The number of such cells depends on the cell layout and the type of initial

allocation of channels to cells.

The borrowing strategy can be Simple Borrowing [78], whereby any channel in any cell
can be borrowed subject to interference requirements only. Alternatively a Hybnd
Borrowing [77,79,80] strategy can be used in which the set of channels assigned to each
cell is divided into two subsets: one is nominally for use inside that cell, and the other
one is allowed to be lent to neighbouring cells. The ratio between the two sets 18
dependent on the estimation of traffic conditions and can be adapted dynamically in a

scheduled or predictive manner.

For heavy traffic loading, the performance of borrowing schemes could deteriorate as
compared to uniform FCA because of channel locking. The channel usage efficiency
would drop drastically, causing an increase in blocking probability and a decrease in
channel utilisation [81]. However, the performance of the non-uniform FCA scheme is
superior to the uniform FCA in light and moderate traffic conditions only, because 1t

allows the system to respond to traffic fluctuations.

3.6.2 Dynamic Channel Allocation (DCA)
In contrast to FCA, there 1s no definite relationship between the cells of the system and
the channels that are used in them. In dynamic channel allocation (DCA) all channels

are kept in a central pool and are assigned dynamically to radio cells as new calls arrive
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in the system. Any cell can use any channel as long as the interference constraints are

satisfied [82]. Once a call is completed, its channel is returned to the central pool.

In DCA, a channel is selected according to certain interference constraints. Also the
cost of using each candidate channel is evaluated. The selected cost function might .
depend on the future blocking probability in the vicinity of the cell concerned the usage
frequency of the candidate channel, the reuse distance, channel occupancy distribution
under current traffic conditions, radio channel measurements of individual mobile
terminals, or the average blocking probability of the system [81]. DCA can be
performed by a centralised controller, whereby the specific cost function used is the
determinant factor. Such a system is characterised by high centralisation over-head
[83,84]. In contrast, Distributed DCA schemes use either local information about the
current available channels in the cell’s vicinity (cell-based) or signal strength

measurements [85,86].

In the cell-based schemes, a channel is allocated to a call by the base station at which
the call is initiated. The difference with the centralised approach is that each base
station keeps information about the current available channels in its vicinity. The
channel pattern information is updated by exchanging status information between base
stations. The cell-based scheme provides near-optimum channel allocation at the
expense of excessive exchange of status information between base stations, especially

under heavy traffic load.

On the other hand, the signal strength measurement schemes use only local information
at a particular base station, without the need to communicate with any other base station
in the network. Thus, the system 1s self-organising and channels can be placed or added
any where, as needed, to increase capacity or to improve radio coverage in a distributed
fashion. These schemes allow fast real-time processing and maximal channel packing at
the expense of increased co-channel interference probability with respect to ongoing

calls in adjacent cells, which may lead to undesirable effects such as interruption,

deadlock, and instability.
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3.6.3 Scheme Comparison

In FCA, the allocation control is made independently in each cell by selecting a vacant
channel among those allocated to that cell in advance. In DCA, the knowledge of
occupied channels in other cells as well as in the cell in question is necessary. The
amount of control is different in each DCA strategy. If the DCA requires a lot of
processing and complete knowledge of the state of the entire system, the call set-up
delay would be significantly long without high-speed computing and signalling. As
discussed in [87], the implementation complexity of the DCA requires a great deal of
processing power to determine optimal allocations and a heavy signalling load. On the
other hand, FCA requires a complex and labour-intensive frequency planning effort to

set up a system, which is not the case for the DCA schemes.

Regarding type of control, FCA is suitable for a centralised control system, while DCA
is applicable to a decentralised control system. A centralised control system creates a
huge control volume in a microcellular system, which can lead to bottleneck. One

solution is to divide the control area into several sub-areas of suitable size.

3.7 Conclusion

Basic PRMA is a scheduled access packet transmission technique which operates in a
reservation mode for voice traffic. It uses a contention mode for obtaining a reservation
for a voice terminal during periods of activity. A random access mode was defined for
data traffic (no reservation) but in a cellular mobile environment it is most unlikely that
the random access mode would be used for individual (independent) packets. What is
clear, however, is that the transmission of voice and data in blocks, corresponding to the
periods of activity, offers the potential of occupying valuable radio resource only during
these periods, thereby offering potential for increased efficiency over fixed allocation
TDMA systems. This has lead to the investigation of algorithmic changes for adapting
PRMA to the needs of cellular communications. Service integration can result in high
bandwidth utilisation through statistical multiplexing of connections belonging to

service classes with different source activity factors.
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In microcellular environments, the mobile terminal’s high mobility will temporarily
cause high spatial traffic inhomogenies that FCA schemes are not able to cope with,
even if a frequency pre-planning could be afforded. That is the reason why the
introduction of microcells implicitly requires DCA schemes which are able to adapt to
such variations. For the same blocking rate DCA has a lower forced termination rate
than FCA. In FCA a call must be handed over into another channel at every handoff
because the same channel is not available in adjacent cells. In DCA the same channel

can be assigned in the new cell if co-channel interference does not occur.

Generally, there is a trade-off between quality of service, the implementation
complexity of the channel allocation algorithms and spectrum utilisation efficiency.
Under low traffic intensity, DCA strategies perform better, due to the fact that DCA
uses channels more efficiently than FCA. In the case of FCA, channels are pre-assigned
to cells, so there are occasions when, due to fluctuations in traffic, calls are blocked,
even though there are channels available in adjacent cells. However, FCA schemes

become superior at high offered traffic, especially in the case of uniform traffic.

Although PRMA allows a reduction in interference probability, by restricting
transmission to activity periods only, this is not sufficient to permit the use of a DCA
scheme. The use of packet transmission in conjunction with DCA in microcellular or
picocellular environments, characterised by the difficulty to identify regular reuse
patterns, requires some specific technical solutions for facing the uncontrolled

interference. Therefore DCA and PRMA could well co-exist in cases of non-voice

communications characterised by a lower activity factor.
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CHAPTER FOUR

SIMULATION AND MODELLING

4.1 Introduction

Due to rapid development and availability of computer-based technologies, there has
been an increased desire to incorporate them into areas such as communication and
computer networks. This has resulted in communication and computer networks
becoming larger and more complex, hence the task of designing and managing these
systems has become increasingly more challenging. Moreover, the validation of designs
for major networks necessarily requires intricate simulation tools; manual calculations
are no longer feasible to perform design validation. An automated simulation tool
provides the flexibility of creating an abstract network model that can be used to
perform analysis such as the assessment of alternative designs and establishing the
merits and de-merits of different operational policies. Hence, a network designer can
use a simulation to explore the behaviour of a proposed system (without incurring the
task of constructing it), and the impact of proposed modifications to an existing system

can be ascertained without disturbing the actual network.

Typically, an off-the-shelf simulation tool performs a simulation in accordance to a set
of a specific range of parameters and variables that are designed to analyze certain
aspects of a network’s performance. However, this may impose limitations on the type
of analysis that can be performed. For example, the COMNET III simulation tool is
capable of simulating a range of fixed line networks with all the relevant protocols and
control policies. Also it is capable of representing an air link in terms of bit rates only.
However it does not provide a facility for simulating any channel access techniques, €.g.
TDMA, FDMA or CDMA. This thesis used the COMNET III simulation tool and
performed the task of simulation in two parts. In the first part a GSM PLMN model was

simulated and a measure of the packet delays over a fixed network (the fixed part of
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PLMN) was obtained. In the second part of the simulation it was necessary to develop
code in order to simulate a further detailed PLMN model. Code development was
necessary at this stage because the COMNET III tool could not perform simulation of
channel access policies. The simulation tool was developed using C++ object oriented
algorithms. This tool was used to implement a number of air interface protocols and the

simulation focused on measuring the delay figures during handover.

This chapter concentrates on describing the two cellular network models and the
methods used to create simulation models of them. The task of simulating these models
as well as presenting the design issues and parameters for each simulation is reserved
for chapter 5. However this chapter is organized as follows: section 4.2 defines the work
carried out with respect to the Open System Interface (OSI) protocols. Section 4.3
details the simulation package COMNET III. This is followed by an outline of the
multiple access technique modelling and the C++ algorithms used to simulate the

microcellular network.

4.2 The OSI Model
The OSI model for an open communication system defines seven layers; a description
of these layers is shown in Table (4.1). The signalling between all the interfaces from a

GSM mobile station to the MSC takes place in the lower three layers (i.e. layer 1 to 3)

[3,88].

All the schemes and mechanisms used to make communications possible on the mobile
radio channel, with some measure of reliability between a mobile and its base station,
are represented by the physical layer, or the Layer 1. These mechanisms include
modulation, power control, coding, timing, and a host of other details that manage the
establishment and maintenance of the channel. Layer 2 is the data link layer which is
responsible for the correct and complete transfer of information blocks between Layer 3
entities over the GSM radio interface. This includes peer-to-peer transmission of

signalling data in a defined frame format, and the establishment and termination of one
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or more (parallel) data links on signalling channels. The base station passes signalling
messages between the mobile station and the BSC or MSC; however, it seldom takes
part in the conversations except when it has to respond to commands for adjustment in
its operation. Layer 3 (or the network layer) in the GSM architecture, which is also
referred to as the signalling layer, uses a protocol that contains all the functions and

details necessary to establish, maintain, and terminate mobile connections for all the

services offered within a GSM PLMN.
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Table 4.1 The seven layers of the OSI model.

Three sublayers are defined for layer 3: a sublayer can be regarded as an entity in itself,
which handles the tasks and functions of a specific segment of signalling in the GSM
PLMN. These sublayers are:

(i) connection management (CM): This sublayer contains the call control entity which is
responsible for establishing, maintaining, and releasing call connections for
communication links;

(ii) mobility management (MM): This sublayer is responsible for the support of user
mobility, registration, management of mobility data and checking the user and the
equipment identity;

(iil) radio resource management (RRM): The tasks covered by the RRM sublayer are

closely connected to the physical layer. Procedures within this sublayer are defined
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to cover tasks like channel assignment procedures, channel change and handover
procedure, change of channel frequencies, hopping sequences (hopping algorithms),
and frequency tables [89]. The RRM sublayer handles all the procedures necessary to

establish, maintain, and release dedicated radio connections.

The work carried out in this research project deals with the signalling and time delays
associated with performing a complete handover procedure. Therefore the network
layer, and in particular the RRM sublayer is of specific interest. Moreover, the code
programming (which is an investigation into packet access mechanisms) is aimed at
exploiting layer 3 procedures to perform fast and reliable transfer of communication

between different cells as the mobile terminal roams in the cellular coverage area.

4.3 COMNET 111

COMNET III is a performance analysis tool that is used in the area of computer and
communication networks. The analysis performed by this tool is based on a description
of the network under consideration, its control algorithms and workload. The network
modelling approach used in COMNET [IT is designed to accommodate a wide variety of
network topologies and routing algorithms; these include: (1) LAN, WAN and inter-
networking systems; (2) circuit, message and packet switching networks. COMNET m
_simulates the operation of the network and provides measures of network performance
in terms of throughput and teletraffic blocking. COMNET II supports a modular
approach to the construction of a network, in which the modules are objects with
associated parameter lists that represent entities in the ‘real-world’. Example modules
are links and nodes. COMNET 11 has the capacity to adjust the parameters of different

objects to match the various design requirements.

COMNET III is mainly dedicated to modelling fixed line networks. Radio links can

only be represented in terms of bandwidth and transmission bit rate, which is not

adequate for air interface analysis. Although certain error probabilities can be applied to
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model lossy links, the software does not include RF activity, neither does it model
fading or shadowing. Hence, the simulated model assumes an error-free air link

between the mobile terminals and the base stations. Details of the network parameters

will be discussed in the following chapter.

4.3.1 Network Model

Figure. (4.1) shows a block diagram of a multi-tier cellular network that will be
simulated with COMNET 111. It consists of four micro-cellular base stations, and each
pair of microcells is connected to a LAN. The LAN in turn is connected to a macrocell
base station via a Signalling Point (SP). Each macrocell is connected to a BSC and both
BSCs are served by the same MSC. LANs are deployed to allow the exchange of
signalling traffic between each pair of microcells without resorting to the respective
BSC, particularly for intra-BSC handovers where the mobile terminal is handed over
between two cells within the same BSC. This technique has already been implemented

by Steele et al [13] and has been shown to reduce congestion in the fixed network.

l Macrocell

LAN
10 Mbps g

i Macrocell

LAN
\Jo Mbps

Microcelf
BS-3

BSC: Base Station Controlier
MSC: Mobile Switching Centre

SP: §57 Signalling Point Microcell
BS-4

Figure.(4.1): A multi-tier cellular network
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In order to avoid a complex and cumbersome model layout, each base station was
allocated a single channel serving eight mobile terminals, this is the maximum number
of users that can be accommodated on a GSM radio frame. To simulate a heavily loaded
network, variable loading levels were applied to the links in the fixed part of the
network. This allowed the flexibility of representing a maximum traffic loading
scenario without facing the physical difficulty of creating and integrating every single
mobile terminal. All the calls considered in this model are mobile to PSTN calls,

mobile to mobile calls were not included.
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Figure.(4.2): COMNET III Layout of the GSM
Public Land Mobile Network.

Figure.(4.2) shows the network layout as represented by the COMNET III graphics.
Blocks MS-1 to MS-8 represent single channels each serving eight users, Up-linkl to

Up-link8; respectively. In addition to the eight speech sources (Up-link1 to Up-link8),

four Inter-BSC handover requests Sources are used to generate handover request packets

from four mobiles in each cell. Speech packets and handover packets are expected to

use the same user channel. The “spider-web” figure of the MS-1 block and its eight

transmission sources (as shown in Figure.(4.2)) represents the standard physical layout
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of elements used to model a channel. Blocks MS-2 to MS-8 are integral versions of MS-

1, with exactly the same functionality.

4.4 Multiple Access Technique Modelling

In the COMNET III model, single measurements were taken at specific instants during
the simulation. These were measurements of the delays encountered by the signalling
packets exchanged between certain points across the PLMN. This type of model only
allowed for the inspection of the fixed part within the GSM PLMN. The second part of
the simulations (carried out by the simulation tool developed using C++ programming
code) evaluated the performance of the microcellular system under different air access
techniques and handover policies. The standard GSM handoff procedure was tested in
both TDMA and PRMA access schemes. In chapter 5 the results obtained from TDMA
and PRMA will be compared with those of the new improved handover strategy, the

Advanced PRMA. Figure.(4.3) outlines the main entities in this simulation.

Terminals per Cell

Terminals in HO

Advanced TDMA

public Land Mobile Network

/ ——
ﬂndover System
Performance Performance

Figure.(4.3): TDMA, PRMA & Advanced PRMA modelling
to investigate handover performance.
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The network consisted entirely of microcells and it was our intention to examine
complete handover procedures in systems with no overlying macrocells. Every mobile
terminal was modelled as an independent entity within the network, i.e. in terms of

generating calls and sustaining handovers. This was done so that the contribution to the

overall performance of the system could be better evaluated.

The network configuration in this part of the simulations comprised two clusters of
seven cells. Each cell was allocated 16 duplex channels. Each cluster was controlled by
a separate BSC, both supervised by the same MSC. A number of channel allocation
schemes and handover policies were implemented, such as FCA and DCA, with
prioritized and non-prioritized handover. Emphasis was placed on the handover
performance of mobile terminals handing over between the two clusters. Figure.(4.4)
shows the cellular layout represented in this model. The arrows indicate the direction of
travel for the mobile terminals handing over between the two clusters. In chapter 5 a
complete description of the design and operation parameters for this network, along

with a comprehensive demonstration of the results obtained, is given.

P Switching
Centre

Ficure.(4.4): 14 cells Micro-cellular system, with terminals crossing
- two pairs of adjacent cells.
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4.5 Conclusion

This chapter presented the modelling methods used to build and analyze two micro-
cellular systems. In particular, it focused on the delays and overall system performance
during handover procedures. The first part of the simulations, a PLMN model using
COMNET III, examined the behaviour of the individual speech and handover packets
while transferring calls between cells of different BSCs. In chapter 5, this model will be
used to provide real-time delay measurements of single events instead of complete
handover procedure sequences. COMNET III is capable of allocating different levels of
teletraffic loading to individual links in the network. Hence, it was possible to simulate
a PLMN with maximum loading without the need to physically create and place every

single mobile terminal on the COMNET III graphical user interface.

The second part of the simulations used C++ algorithms to design a model which was
an extended version of the network constructed in part one. Specific multiple access
schemes were implemented and different levels of teletraffic loading could be
considered. However, unlike the first part, the simulations in the second part focused on
complete procedures with regard to initiating and sustaining calls and handovers.
Therefore, comparisons among individual terminals’ performances were possible.
Object oriented programming proved suitable for detailed modelling of mobile

terminals because it permits the concurrent execution of a number of functions in a

single environment.
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CHAPTER FIVE

ADVANCED HANDOVER SIGNALLING
STRATEGY

5.1 Introduction

This chapter presents the design parameters and the models used to evaluate the
improved signalling strategy and compares it with existing_schemes in TDMA and
PRMA. It explains the reason why PRMA is considered as a medium access protocol
for implementing this strategy. A crucial fact to consider is that the new handover
signalling strategy concentrates on the steps and the functional units responsible for
performing the handover procedure. and that it 1s not concerned with the criteria that

initiates the handover process.

FCA and three different DCA schemes are simulated as part of the TDMA medium
access protocol while PRMA++ and the Advanced PRMA are simulated for the PRMA
medium access protocol. The simulation of FCA and DCA was necessary to compare
the handover delay output of each scheme; it was not aimed at examining the spectral
capacity of such schemes as this aspect has already been tested and evaluated by earlier
research work [91,92,93]. It is noticeable that the majority of past research studies into
handover performance have always accepted time delays as long as they were below the
current limits for the GSM standard, and rarely considered lowering the delay
thresholds below these limits. The work presented in this thesis suggested performing
faster handovers within lower time limits. thereby achieving higher probability of

successful handovers and better spectral efficiency.

The following sections will explain in detail the steps involved in performing a

complete handover procedure in the GSM standard. This will be followed by a detailed
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description of the principle of the advanced handover strategy and its functional
requirements. A model for the fixed part of the PLMN is simulated in section 5.4 using
COMNET III software where the behaviour of individual speech and handover packets
are assessed. Design parameters for the TDMA and PRMA medium access protocols
are demonstrated in section 5.5; also in this section a description of the mechanism used

to implement the advanced signalling technique in a PRMA medium is given. Results

and performance analysis follows in section 5.6.

5.2 Handover in GSM

The GSM system distinguishes between different types of handovers. Depending on
what type of borders the mobile terminal 1s crossing, a different entity may have to

control the handover to ensure that a channel 1s available in the new cell.

5.2.1 Types of Handover

o [nira-Cell Handover Procedure: Intra-cell handover occurs between radio channels
of the same base station. This capability is used when the radio channel carrying the
call is subject to interference or when a radio channel or channel equipment carrying
a call has to be taken out of service for maintenance or other reasons. The decision to
invoke and execute the procedure is taken autonomously by the Base Station Sub-
system (BSS), see Figure.(5.1). The decision process in the BSS is based on the

internally available radio and resource parameters.

o [nter-Cell Handover Procedure: Inter-cell handover procedure can be one of two
types. The first is known as intra-BSS handover and occurs between channels
pertaining to different cells of the same BSS. In this case the procedure is dedicated
and executed autonomously by the BSS. The second is known as inter-BSS
handover, this occurs between channels pertaining to different cells of two different

BSSs, in this case the procedure 18 performed by the MSC.
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o [nter-MSC Handover Procedure: This procedure takes place when the mobile
terminal moves from a cell in MSC-A area to a cell in MSC-B area. MSC-A sends a
Perform_Handover message to MSC-B [94], this message contains the parameters

needed by MSC-B for allocating a radio channel and identifying the BS to which the

call 1s to be handed over.

N S
To Another \ )/hiR ] e
mMsC / e __,.///

interface
Pl

d

PSTN /

ﬁemsc
\

HLR : Home Location Register Interface
VLR : Visitor Location Register
EIR : Equipment Identity Register

GMSC : Gateway MSC

Base Station Sub-system

Figure. (5.1): GSM Public Land Mobile Network Configuration.

5.2.2 Handover Required Indication

The mobile terminal performs continuous measurements on the quality and the power
level of the serving cell, and of the power level of adjacent cells. The measurement
results are sent back periodically to the serving base station. When the network detects
a deterioration in the perceived signal level from the mobile and realizes a need for
handover, the BSS requests that a handover be carried out for that particular terminal.
This is done by generating a Handover Required message from the BSS to the MSC
(see Figure.(5.2)). The Handover Required message contains the following
information: Message type, cause for handover, response request, preferred list of target

cells. and radio environment information. If a handover is not possible, the MSC
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informs the BSS that the handover cannot be carried out. This is done by a

Handover Required Reject message.

The Handover Required message relates to a particular dedicated resource on the radio
interface, either Dedicated Control Channel (DCCH' ) or a Traffic Channel (TCH), and
is sent using the Base Station Sub-system Application Part (BSSAP) connection already
set up for that transaction. The BSS therefore continually monitors all radio
information, and compares it with parameters such that if the transmission quality of a
given parameter (or set of parameters) falls below a pre-determined threshold then a

Handover Required message is generated towards the MSC.

5.2.3 Handover Execution

Handover execution in the context of the BSS/MSC interface is the process whereby a
MSC instructs a mobile terminal to tune to a new dedicated radio resource which may
be on a different cell. The MSC sends a Handover Request message to the target BSS
from which it requires a radio resource (Figure.(5.2)). This message contains an
indication of the type of channel required, and the terrestrial resource that will be used
if the request is for a traffic channel. On receipt of this message, the BSS will choose a
suitable idle radio resource. If queuing is managed, new requests which cannot be
served immediately are put in the queuing file according to the indicated priority levels.
[f radio resource becomes available before the expiry of the queuing timer, this will be
reflected back to the MSC 1n a Handover Request_Acknowledgement message. The

target BSS will then take all necessary action 1o allow the mobile terminal to access the

radio resource that it has chosen.

The MSC receives the Handover_Reque.s-thcknow/edgemem containing the

appropriate channel, and the radio interface Handover Command message is sent to the

mobile terminal via the serving BSS. At the same time a timer T8 is started at the

serving BSS. If at the target BSS a Handover Complete message 1s not received before
g , g

[
'DCCH : Dedicated control channels are used for transferring registration procedure

and call setup messages between the network and the mobile station.
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the expiry of T8 (650 milliseconds) then the procedure shall be terminated, and the
radio resource released for other calls ie. by sending a Clear Request message to the
MSC. This allows for the mobile terminal to return to the old dedicated resource. The

terrestrial resource will remain assigned until a Clear Command is received from the

MSC [95].

When the mobile terminal accesses the radio resource the target BSS checks the
handover reference number to ensure that it is the same as expected, and hence there 1s
a high probability that the correct mobile terminal has been captured (if the handover
reference is not as expected then the BSS will wait for an access by the correct
terminal). If the handover reference number is as expected, the target BSS will send a
Handover Detect message. When the mobile terminal is successfully in communication
with the network. i.e. the Handover Complete message has been received from the
mobile, then the new BSS will immediately send a Handover Complete message to the
MSC. This terminates the procedure at the BSS. The dedicated radio resource and
connected terrestrial resource will remain assigned until either the MSC instructs the
BSS to release the resource or a reset occurs. If either a Clear Command is received
from the MSC, or a Reset is received from the MSC before a mobile terminal with the
correct handover reference accesses the BSS then a handover resource allocation failure

had occurred. A complete overview of the handover procedure is shown in Figure.(5.2)

below.
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Figure.(5.2): Overview of the handover procedure between two
Base Station Sub-systems on the same MSC.

If a Handover Failure message with the cause value "radio interface failure, reversion
to old channel" is received from the mobile terminal on the old channel then, a
handover failure message is sent to the MSC. The generation of the Handover_Iailure
message terminates the procedure and allows all references to be released. The

procedure at the target BSS is terminated by the MSC using a clear sequence.

5.3 Advanced Signalling Strategy
The objective of the new strategy is to reduce the signalling load handled by the fixed

part of the PLMN during the handover process. This is achieved by re-routing the
exchanged handover signalling, from the fixed part of the PLMN fto the air interface via
the mobile terminal. Such a substantial diversion would require modifications to the
handover sequences already adopted in the GSM (explained earlier in Section 5.2.2)

due to the change in the tasks and functional requirements of each element in the

network.
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The new signalling strategy introduces major changes to the responsibilities and the
functions assigned to different entities in the PLMN. It aims to decentralize and transfer
part of the control for the handover procedure from the fixed part of the PLMN to the
mobile terminal. Effectively, the mobile terminal is assigned with an operational role
greater than that in the current GSM standard. Unlike the current setup, setup where the
handover procedure is initiated and conducted primarilv by the network, in the new
strategy the mobile terminal is expected to handle, process and initiate the handover

procedures in response to the changing environmental conditions.

5.3.1 Improved Handover Procedure

To implement the new signalling strategy, it is required to change and re-allocate some
of the functions performed by the fixed part of the PLMN to ensure correct handover
operation. Figure.(5.3-a) shows the functions and the internal procedures relating to the
handover process as adopted by the GSM standard, while Figure. (5.3-b) demonstrates
the alterations introduced and the resulting set of functions as required by the new
strategy. The following paragraphs will outline the main reason why these major

changes were introduced.

In the new handover strategy the mobile terminal will be responsible for initiating the
handover procedure. It will be exchanging handover signalling directly with the
candidate cell by accessing one of the channels on that particular cell. The multiple
access technique that would be used to allow the mobile terminal to perform such a task
is the PRMA++ technique. This technique was chosen as the medium 1n which to
implement the new strategy because it offers superior spectral capacity over
conventional TDMA structure. A time slot in PRMA+- is reserved during activity
periods only, while in TDMA the slot is reserved for the total period of the call. In
effect this will give the mobile terminal a higher probability of success in attempting to

reserve a slot on a channel in the new cell. Details of the frame structure and the access

procedure will be explained later in Section 5.5.4.
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Figure. (5.3): The fixed network and the mobile terminal internal procedures
required to perform inter-BSC handover in (a) GSM standard
and (b) improved signalling.

As the mobile terminal is in communication with its serving base station, it will be
carrying out measurements on the downlink transmissions from adjacent base stations.
Instead of reporting these results back to the serving base station (as in the case In
GSM), the mobile terminal is capable of compiling a list with a number of the up-to-
date strong base stations that it had detected. The number on the list can be set

according to the operation and maintenance (O&M) requirements.

70



Chapter Five: Advanced Handover Signalling Strategy

The mobile terminal will be carrying out measurements on the downlink transmission
from its serving base station. This is necessary to assist the terminal in initiating a
handover on DCCH channel when the terminal is in an idle condition (i.e. no call in
progress). Because the mobile terminal itself cannot determine the power level of its
uplink transmission, the serving base station will continuously measure the power level
of the uplink transmission (a process which already takes place in the GSM standard)
and regularly send bursts on the downlink to inform the mobile terminal of its current
uplink quality. If the quality or the power level drops below a certain threshold for
uplink or downlink transmissions, the mobile terminal will initiate the handover

procedure by attempting to access the first cell on the up-to-date list of candidate cells.

When the mobile terminal accesses a new cell, it will contend for a time slot in a
similar fashion to the rest of the terminals in that cell. If successful, the mobile terminal
will send a Handover Required message indicating that the following procedure 1s a
handover procedure. Consequently, the base station will reserve that particular slot for
the rest of the handover transmission and will not release it for contention until a
Handover Clear command is sent to the MSC. The Handover Required message will
also contain an indication of the type of channel required and the terrestrial resource it
will be connected to, for example whether it is a DCCH or TCH, and the number of
slots required. If more than one slot is required as in the case of data transmission, the
adjacent slots will be freed by the base station and allocated to the handover terminal.
Freed slots will either be unoccupied slots or slots used by voice transmission only. Any

packets already sent on them will be dropped and the relative terminals will have to

contend for a new slot.

Upon receiving the Handover Required message, the base station will send a
Handover_Rec]ueslmAcknowledgment message to the mobile terminal including a
Roaming number and a Handover Reference number. The Roaming number 1s requireq
to re-route the call at the MSC to the new BSS. The Reference number is generated by
the Visitor Location Register (VLR) of the new BSS, and it is used to reconnect the call
to the mobile terminal at the end of the handover procedure. These numbers will be

interrogated by the new base station to determine that they belong to this cell. This 1s
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important because the base station might have more than one handover procedure in
progress at the same time. When the mobile terminal receives the
Handover Request_Acknowledgment message, it will generate a Handover Detail
message that includes the Base Station Identification Code (BSIC) of the last cell the

terminal came from. This will assist the MSC in recognizing where the call is being

transferred from.

Following the Handover Detail message, the new BSS will issue a
Handover Complete command to the MSC upon which the call would be re-routed to
the new BSS. A Clear Command will be sent from the MSC to the old BSS to clear the
call and release the channels allocated to it. Figure.(5.4) gives an overview of the new

handover signalling procedure using PRMA++ .

Target BS NSC Serving BS oo

Uplink Measurement

Update
E——
Handover_Required ]
ndover Reare e
- B
al (TCH or DCCH Channeli)

Handover_Request

o _________} Acknowledgement
T
(Handover_Ref_No.&—%_ D
Roaming_No.)
Handover_Detail T
-
PR
Handover_Complete
e

___Clear_Comm and
E—
I
Clear_Complete

3

Figure.(5.4): Overview of the improved handover procedure using PRMA++.

Table (5.1) indicates the contents of the main three messages in the new handover
procedure. The Handover Required command issued by the mobile contains the type of
channel required, 1.¢. whether it is for data transmission, voice transmission or an idle

channel (when the terminal is not engaged in a call). However, in the GSM standard the
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fixed network (the serving BSS) is responsible for identifying the type of channel
required for handover. The Handover Request Acknowledgement message contains the
Handover Reference number and the Handover Roaming number which are issued by
the new base station rather than by the MSC as in the GSM standard. This 1s because
the control of the handover procedure is transterred from the MSC to the mobile
terminal and the new base station. Also the mobile terminal is choosing its own
candidate cell rather then relying on the serving BSS to compile a preferred cell list as it
is the case in the GSM standard. The Handover Required Acknowledgement message
also contains the BCCH of the new cell to enable the mobile terminal to transmit its
control information to the new base station. It is important to mention that the BSIC of
each cell should be included in the downlink transmission of that cell, otherwise the
mobile terminal will not be able to distinguish whether the channel it is accessing is in a
new base station or a channel in the old base station. The Handover Detail message
contains the BSIC for the old base station. This message is sent from the mobile
terminal to the new base station to indicate the origin cell of the mobile. The old cell
BSIC combined with the Handover Reference number and the Handover Roaming

number will enable the MSC to re-route the call to the new base station and disconnect

it from the old base station.

Message Name Contents

Handover Reguired Type of channel required for handover, number
B of slots required.

Handover Reference_No.

Handover Request_Acknowledgment Handover__RoamingﬂNo_
- BCCH of the Target Cell.

Handover_Detail Originating Cell (i.e. serving cell) BSIC.

Table(5.1): Message contents for the new handover signalling procedure.

The new handover procedure Dypasses the old BSS and therefore, eliminates the need
for the old BSS to interrogate the new BSS for the availability of free channels.

Utilizing PRMA++ as an qir access technique means that there is no real need for a

compiled list of candidate cells for handover, because the mobile terminal is accessing

the channels in the new cell on a contention basis. Hence the BSS Decision Algorithm
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[96], where the BSS should be capable of compiling a list of candidate cells, will not be
required. The mobile terminal will only be denied access to all the channels in the new
cell if all the slots were already occupied with active terminals transmitting packets.
This situation can only occur for a short time when voice terminals are involved due to
the inherent fluctuating nature of speech patterns.It is more likely to occur if a majority
of the traffic being handled by the new cell is data traffic. Even with intracell and
intercell handovers within the same BSS, the mobile terminal can access the available
channels without the need to contact the base station, or this procedure can be initiated

by both the mobile terminal and the base station, allowing priority to the mobile

terminal.

5.4 COMNET III Simulation

The network simulated in COMNET 11T is used to examine the handover signalling and
its effect on the transmission of speech packets in a heavily loaded GSM cellular
network. COMNET III offers the capability of monitoring single packets from the
instant of generation at the origin point to the time of delivery at the destination point.
This allows the determination of the time delays endured by individual speech and
handover packets during the handover procedure. Figure.(5.5) shows the network
simulated with COMNET IIL It 1s a typical GSM PLMN comprising physical units,
interfaces and transmission rate parameters. However, it differs from the standard GSM

PLMN configuration in that this model is a multi-tier network supporting both

macrocells and microcells.

74



Microcell
BS-1
PSTN"
<« MSC

2 Mbps

' BSC-2
2 Mbps

BSC: Base Station Controller
MSC: Mobile Switching Centre
SP: SS7 Signalling Point

Figure.(5.5): A multi-tier cellular network simulated
using COMNET IIL

Although the COMNET [II software 1s capable of specifying fixed network parameters
and transmission protocol specifications with considerable detail, the software is only
capable of simulating point-to-point air link transmission in terms of bit rates, with no
facility available for medium access technique representation. Therefore, the simulated
network model was assigned all the parameters relating to the fixed part of the GSM-
PLMN, but it was only possible to represent the TDMA medium access operation in
terms of regular packet generation within a specific time frame. This was performed

assuming that mobile terminals were close enough to the base stations and the air link

did not suffer from shadowing or multiple fading errors.

The network model consisted of four microcells representing the lower layer in the
multi-tier network. Each pair of microcells was connected to a LAN. The LANs in turn
were connected to macrocellular base stations representing the second layer in the
cellular structure. Each microcellular base station was allocated a single channel
serving eight mobile terminals, which is the maximum number of users that can be
accommodated on a GSM air frame. Since COMNET III offers a versatile range of

parameters for desioning transmission links in fixed networks, it was possible to

=l
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simulate a heavily loaded fixed nerwork by applying variable loading levels to the links
without physically creating every single terminal in the simulated coverage area. All the

calls considered in this model were mobile to PSTN calls; mobile to mobile calls were

not included.

As shown earlier in Figure.(5.2), the inter-BSC handover procedure is dependent on two
major parts. First is the availabilit' of a free channel in the target BSS and the time
spent to allocate that free channel to the mobile. This is determined by the time elapsing
from the instant of generating the Handover Required message at the serving BSS to
the instant where the Handover Command message is received at the mobile terminal.
Second, is how fast the mobile terminal physically accesses the free channel and
performs the handover; this is determined by the time period between recelving the
Handover Command at the mobile terminal, and issuing the Clear Command message
at the MSC. Figure.(5.6) shows the first part of the handover signalling which the
COMNET simulation deals with. At this stage the availability of a free channel in the
target base station is indicated in the Handover Required Acknowledgement. The time
period required to obtain this acknowledgement is greatly affected by the level of
signalling imposed on the fixed nerwork where heavy teletraffic conditions result in
higher delay figures. It is vital to mention this because the handover process is initiated
according to the most recent power and quality levels of the uplink transmission. It was
decided that in this simulation the handover procedure would be triggered with the last

transmission received from the mobile terminal.
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Fioure.(5.6): Free channel assignment at the target BSS in GSM.
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5.4.1 Design Parameters

In this simulation, mobile terminals were assumed to be always in communication with
the microcellular base station. During a handover, the traffic channel (TCH) is
substituted by the Fast Associated Control Channel (FACCH) [97,98]. Therefore for
each terminal, speech packets and handover packets use the same channel and time slot.
To simulate @ TDMA time frame, each terminal was represented by a speech packet
source. Packets are generated at an inter-arrival time equal to the period of the TDMA
time frame, which is 4.62 milliseconds (8 slots). The packet size was chosen equal to
the number of bits comprising the time slot, i.e. 156 bits as shown in Figure.(5.7).
Although only the coded bits are used for carrying signalling and speech information,
the rest of the slot had to be accounted for since it includes the channel coding for the
TDMA transmission. In the fixed network, the same packet size was used for handover

signalling to include transmission routing overhead.

Tall Blts Stealing Flags Guard Seriod

T Coded Data Training Sequence |g| Coded Data |T|GP

3 57 1 26 1 57 3825
156 Bits

Figure.(5.7): Structure of a normal burst in TDMA slot.

Handover requests were generated at a rate proportional to the proposed terminal speed
when passing through the microcell. A mobile terminal handing over from one
microcell to another will vacate a time slot on the channel of the first microcell. Since a
maximum loading situation is assumed, a vacant time slot will be filled again by an
active call that has either been initiated from the first microcell, or was handed over
from another microcell. The handover signalling is generated assuming that mobile
terminals are continuously passing through the microcell and handing over to the

adjacent base stations. Handover packets were assigned higher priority than the speech
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packets, 1.e. when queuing in a certain node's buffer; the handover packet will always be
advanced forward ahead of the rest. If a speech packet was already being processed, the

handover packet cannot abort the operation and it would have to wait until the latter

operation 1s finished.

5.4.2 Results and Performance Analysis

For the network shown in Figure.(5.5) four mobile terminals were handed over from
microcell BS-1 to microcell BS-3. The handover signalling was generated at an
exponential rate with a mean value of 6 seconds. This value was chosen to represent a
multi-terminal mobile platform crossing a microcell at an average speed of 20 km/h, in

terms of metric units this becomes:
mobile station moving at 20 km/h ==> 20 000 m/ 3600 s ==> 5.5 m/s

Thus in 6 seconds; a mobile terminal will be crossing a distance of 55x6=233m,
which was chosen as the average diameter of a microcell in dense urban areas. The
handover rate could be increased or decreased to represent faster or-slower moving

terminals respectively.

When BS-3 receives a handover packet transmitted from BS-1, a response packet will
be generated and sent back to BS-1. The response packet will be sent across the same
route over the fixed network. The simulation was executed for 90 seconds. This penod

was considered to be adequate to reflect a picture of the packet delay figures during the

handover process.

Figure.(5.8) shows the obtained actual values and the cumulative mean values for the
inter-BSC Handover Request packet delay. This is the time delay required by the
packet to traverse from the mobile terminal to BS-3, via BS-1, BSC-1, MSC and BSC-2.

The minimum value recorded for the handover delay is 0.913 millisecond, which 1s the
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minimum transmission delay a packet will endure if no further delays were included at

the network nodes. This can be calculated as follows:

Packet size (bits)

Transmission delay (in seconds) =
Transmission rate (bit per second)

(5.1)

Hence,

156 (bits) 156 (bits) 156 (bits)
Packet delay = --=--=vunn- + 2 X[ e 1 + 44X -mmee

270 (kbps) 10 (Mbps) 2048 (kbps)

=0.913 x 10™ seconds

Inter-BSC Handover Request Packet Delay

Actual Data
Cumulative Mean

40 50 60 70 80 90
Simulation time (sec)

Figure.(5.8): Inter-BSC Handover_Request packet delay.

Due to the heavy teletraffic loading in the fixed part of the PLMN, the maximum values
for handover delay changes greatly due to the queuing in the network nodes. Additional

delay occurs due to the fact that even though a handover packet has a higher priority in

queuing, it cannot pre-empt a speech packet in progress. Therefore the
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Handover Request packet will have to wait until the speech packet processing is
complete.

The effect of the resulting delays can be determined by looking at the RF activity
between the mobile terminal and the base station in Figure. (5.9). The mobile terminal
transmits a packet on the uplink slot and awaits for a period of four slots, after which it
will receive the transmission from the base station on the down link. An optimum
signalling situation is when the mobile transmits a Handover Request packet on its
uplink slot, and receives the desired Handover Response packet four slots later on its
downlink slot. Taking in consideration the fact that handover signalling cannot be
cancelled or predicted, as is the case with the speech packets, any delay in delivering
the Handover Response packet will result in the mobile terminal waiting for a the next
time frame to receive the desired response and consequently jeopardising the success of

the handover procedure.

Downlink
Rx ] Rx
0 [1 2’3721?15}7£LH}2%3]4[5[6l7 0
= [ N
P /,// \\
Uplink Tx T

g : “a
fjs}7lo[11213|4|5§s}7|o|{12§3j4|5
! I .

|

i
i
0.577 mSec

2.3 mSec

Figure.(5.9): RF Activity between the base station and the mobile terminal.
gure.(5.9): Rk . 3

From Figure.(5.8) the minimum delay of the Handover Request packet is 0.913 ms,
gure.(3.
which if the same delay was encountered on the route back for the Handover Response

packet, then the round trip delay would be 2 X 0.913ms = 1.826 ms which is within the

four time stot limit (2.3 ms).
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However, it 1s clear from Figure.(5.8) that the maximum values of the
Handover_Request packet delay are many times above 1.15 ms (1.15 ms would give a
round trip delay of 2.3 ms). It is also the case with the cumulative average, which 1s

slightly above the 1.2 ms value, giving a round trip delay of 2.4 ms minimum, which is

again outside the four slot limit.

Inter-BSC Handover Response Packet Delay
14 ~
A
12 - PN
—~ 1 —«{ ~ PV
Eel i A
c i
S !
§0.8 =
£06 -
S
@
504 -
02 - —4— Actual Data
Cumulative Mean
0
10 20 30 40 50 60 70 80 90
Simulation time (sec)

Figure.(5.10): Inter-BSC Handover_Response packet delay.

Figure.(5.10) shows the delay for the Handover Response packets generated at BS-3,
this is the equivalent of the Handover Request Acknowledgment —and  the

Handover Command messages 1n Figure.(5.6). The minimum value of 0913 ms is

recorded. Maximum values of up to 1.4 ms were also recorded which, if the same delay

were to be encountered in the Handover Request packet, would lead to a round trip

delay bevond the four slot limit However, it is noticeable that on average the

Handover Response packets have less time delay than that encountered in the inter-

BSC Handover Request packet. A mean value of around 1.1 ms was recorded during

the majority of the simulation time.
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This 1s due to the fact that when a Handover Request packet is generated and delivered
to BS-3, the rest of the TCH transmission with BS-1 (i.e. the time slot on the uplink and
the downlink) will be used by the FACCH for the handover signalling. The slot on the
downlink will thus be already reserved for the Handover Response packet and no

contention with speech packets will be required, which is the case with the

Handover Request packet.

Speech Packet Delay

i Maximum delay after one TDMA frame

Delay (millisecond)

———————— Actual Data

0 I e e T A R T N BT I
0 5 10 15 20 25
Simulation time (sec)

Figure.(5.11): Speech packet delay on the uplink.

Figure.(5.11) shows the time delays encountered by the speech packets for a simulation

period of 25 seconds rather than 90 seconds as shown previously. This is because the

time difference between the consecutive packets is far too small to be indicated

individually on the plotting graph (TDMA time frame period of 4.62 ms), and therefore

the packets are represented by a solid line. The horizontal line at the value of 0.577 ms

represents a transmission delay of a 156 bit packet over the 270 kbps air link, which 1s

the delay for the majority of the speech packets. The vertical lines represent speech
packets that suffered delay greater than the usual air link transmission delay due to the

coincidence with higher priority Handover Request packets. In Figure.(5.11) the

maximum delay value a speech packet had encountered is equal to the air link
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transmission delay (i.e. of 0.577ms) plus an extra 0.577 ms, which is the time delay
required to transmit a Handover Request packet. Such delays occur when a speech
packet is generated at an instant where the time slot is already occupied with the
Handover _Request packet. The speech packet cannot be transmitted until the

Handover Request packet is processed and transmitted.

In a typical TDMA transmission, when the speech packet is delayed by the
Handover Request packet, the speech packet will either be discarded or buftered for re-
transmission on the same slot in the next TDMA frame. Therefore, any speech packets
delayed beyond the air link transmission delay of 0.577 ms would have a delay figure of
4.62 ms added to it, which is the period of a complete TDMA time frame (see
Figure.(5.9)). However, in this simulation a delayed speech packet is transmitted as
soon as the Handover Request packet is processed and transmitted, therefore the delay
figures obtained here do not include the buffering time of waiting for the next TDMA
frame. In Figure.(5.11), the upper dotted hine indicates the maximum delay value 1f

buffering delay were to be included.

The reason behind ignoring the buffering delay and choosing the form of representation
used in Figure.(5.11) was because speech packets will only be delayed in the first stage
of the handover process (i.e. when the Handover Request packet is sent). Hence the
results indicated in Figure(5.11) are for the speech packets of an active terminal in
microcell BS-1 up to the first stage of the handover process. After that it would be the
delay for speech packets of another mobile terminal that occupied the vacated time slot. .
Also if speech packets were to be discarded as soon as they suffered any delay, it would

not be possible to determine the pattern of delays imposed by the handover signalling

on the normal transmission of the speech packets.
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Figure.(5.12): Inter-BSC Handover_Request & Speech packet
delay with air interface signalling.

For the mobile terminals handing over from BS-1, an air link was established between
these terminals and the target base station BS-3. Handover signalling between the old
and the new base stations was diverted from the fixed network to the air interface via
the mobile terminal. The result shown in Figure.(5.12) demonstrate the time delay for
the Handover Request packet generated from BS-1 and sent to BS-3 via the mobile
terminal. The packets have a constant delay value of 1.154 ms which is twice the air
link transmission delay of a 156 bit packet (156 b/270 kbps = 0.577 ms). This value was
the same for the Handover_Response packets which were transmitted from BS-3 to BS-
1 via the mobile terminal. Also shown in Figure.(5.12) is the uplink transmission delay
for the speech packets from the mobile terminals to BS-1. The round trip delay for
sending a Handover_Request packet and receiving a Handover Response packet 1s
rwice that indicated in Figure.(5.12). i e 2x1.154 ms = 2.3 ms. Therefore provided that
from BS-3 is immediate then the Handover Response packet will

the response obtained

be received within 4 time slots from the instance of sending the Handover-Request

packet.
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[t is clear from Figure (5.12) that diverting the handover signalling 1o the air interface
not only reduces the total delay required for achieving handover, but it also results in a
constant level of delay for the handover packets as well as the speech packets. This is
because the Huandover Request packet and the Handover Response packets were sent
over channels separate from that used by the speech packets. Therefore there was no
contention between the packets of different types. Also, the handover packets would not
have to pass through the fixed network and therefore they would not be affected by the

network congestion and the level of signalling handled by the PLMN.

Table (5.2) below presents a summary of the results obtained in the COMNET III
simulation where the total delay required for sending the Handover_Request packet and
receiving the Handover Response packet is indicated for two cases. The “Best Case
Delay” considers the total delay as double the maximum value recorded for the
cumulative mean of the Handover Request packet delay in Figure(5.8). The “Worst
Case Delay” considers the total delay as double the maximum value recorded for the
actual data in Figure.(5.8). Table (5.2) demonstrates that for handover signalling via the
fixed network, the total delay in both Best and Worst cases exceeded the 4 time-slot
limit (2.3 ms). Therefore the current signalling route would result in delayed responses
and hence an overall delay for the handover procedure. Even if the Best case was to
consider the average value of the cumulative mean instead of its maximum value
(around 1.25 ms from Figure.(5.8)), then this would result in a round trip delay of 2.5
ms which is beyond the 4 time slot limit. For signalling via the air interface, the Best
and the Worst case transmission delays are constant and exactly equal to 4 time-slots.

This enables the receipt of the Handover_Response packets within 4 time slots from

sending the Handover Request packets.

The model simulated in COMNET [II did not include any extra delays for packet
processing and handling at the different nodes in the network. The delay figures
obtained from this simulation were mainly queuing delays due to the high levels of
teletraffic handled by the network. Any delays relating to packet processing operations
and procedures will add to the figures already obtained. In this case the handover

sionalling via the fixed network will be mostly affected due to the number of nodes that
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handover signalling packets have to traverse on route to their destinations. For the
handover signalling via the air interface, the only delay that could be added is the time

required by the target BSS to provide the necessary information to be conveyed to the

mobile terminal in the Handover Response packet.

Handover Handover_Request Packet Best Case Total Worst Case Total
Signalling Delay (mSec) Delay Delay

Max. Mean Max. Actual (mSec) (mSec)
via Fixed
Nenvork 1.36 1.45 2x136=2.72 2x145=29
via Air
Interface 1.154 1.154 2x1.154=2308 | 2x1.154=2.308
(Mobile Terminal)

Table (5.2): Results summary indicates a significant reduction
in the worst case delay.

Transferring the handover signalling to the air interface requires a certain mechanism to
enable the dual communication between the mobile terminal and both the old base
station BS-1 and the target base station BS-3. Such a mechanism would ensure that the
mobile terminal does not communicate with both station in the same time slot. Also it
would require the mobile terminal to acquire a level of functional responsibilities
higher than that currently maintained in the GSM standard. The COMNET III
simulation presented above concentrated on demonstrating the effects of implementing
such a mechanism rather than explaining or simulating the mechanism itself. The
following sections will deal with the simulation of the medium access techniques and
will examine in full detail the specification and implementation of the new handover
mechanism. Also the next sections will analyze the new handover mechanism with

regard to its effects on the capacitv of the system and the quality of the overall

performance.
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5.5 Simulation of Medium Access Protocols

In order to investigate the performance of different medium access techniques and
introduce improved and enhanced schemes it is vital to have a detailed model of the
network under consideration. This part of the simulation was performed to measure the
time delays and evaluate system performance associated with the complete handover
procedure 1n the microcellular network. TDMA and PRMA medium access protocols
have been utilized to compare performance of both protocols when applying the
standard and the improved handover signalling strategy. Unlike the COMNET III
model, where the mobile terminals were presented as a percentage of teletratfic loading
applied to the fixed network links, the microcellular network demonstrated in this part
considered every mobile terminal as an individual entity. Hence it was possible to

evaluate the effect of every terminal on the overall performance.

Mobile
Switching
Centre

Figure.(5.13): Microcellular network with 2 clusters controlled
by two separate BSCs.

The network model shown in Figure.(5.13) consisted of two clusters controlled by two
separate BSCs. As in the case with COMNET 11, the handovers of interest are the inter-

BSC handovers, indicated by the double arrows in Figure.(5.13) on the inter-BSC
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mi : b ) ) .

microcells™. Intra-BSC handovers (i.e. handovers between microcells controlled by the
same BSC) are not taken into account when the delay measurements are performed.
This 1s because such handovers are carried out by the controlling BSC and usually

executed in a much shorter time period than inter-BSC handovers.

5.5.1 Network Configuration

Parameters for the modelled microcellular network are listed in Table (5.3).

Number of BSCs 2, each controlling a cluster.
Cluster number & size 2 clusters with 7 cells each.

Cell type Hexagonal.

Average cell diameter 30, 40 & 50 meters.

Access technique TDMA, PRMA++, Advanced PRMA
Channel Assignment FCA, DCA

Call arrival Poisson distribution.

Call duration Negative Exponential distribution.
Calls direction Mobile to PSTN only.

Mobile terminals distribution | Uniform across the coverage area.
Mobile Terminal speed 10-50 km/h, at steps of 10 km/h.
Handover type Inter-BSC only.

Table (5.3): Network design parameters for access
technique modelling.

The modelled network represents enclosed areas inside buildings, underground stations,
underground shopping centres or even enclosed areas between tall buildings. This type

of microcell shares the disadvantage of being shadowed from the macrocell antenna

transmission and therefore creating gaps in the cellular coverage. Maintaining a call in

this type of cellular layout might not be a problem for pedestrian-held mobile terminals,

but the same cannot be said for vehicular based terminals passing through such an

environment. Active mobiles roaming at speed through the microcellular area will

I
2 Inter-BSC microcells refer 1o the two pairs of microcells from the two clusters where

the handovers are taking place.
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require etficient microcell-to-microcell handovers, something which will 1mpose a

considerable signalling load on the fixed part of the PLMN, particularly when numerous
voice and/or data calls have to be transferred simultaneously.
Microcells vary in shape and size depending on the environment they are deployed to
cover. For simulation purposes the microcells were assumed to be hexagonal with
average cell diameters of 30, 40 and 50 meters. Calls considered in this simulation are
initiated from mobile terminals to PSTN only, mobile to mobile calls are not included.
This is due to the possibility that two terminals in communication could move to the
same cell or two cells controlled by the same BSC and effectively reduce the loading on
the fixed network links. Also, the termination of a mobile-to-mobile call even when the
two terminals are in different BSC cells will remove two calls from the signalling load
instead of one, effectively distancing the network from the maximum loading condition

which is an important and critical feature for this simulation.

Mobile terminals are distributed uniformly across the network. Calls are generated
according to a Poisson distribution and the call duration follows a negative Exponential
distribution with a mean value of 90 seconds. The teletraffic load offered to cach
microcell ranged from 0.6 Erlang per terminal to 3 Erlang per terminal, which is the
equivalent of 150 seconds to 30 seconds of call inter-arrival time per terminal;

respectively. The above can be explained by considering the Erlang definition [99]:

E=%h (52)

where: E = traffic in erlangs,

3 = mean call arrival rate (i.e. calls per unit time) = | / call inter-arrival time,

/ = mean call holding time,

A call inter-arrival time of 60 seconds per terminal is equivalent to a call arrival rate of

| call per minute per terminal, which is equivalent to 0.0166 call per second per

terminal. Hence by applying equation (5.2) with a mean call duration time of 90

seconds:
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Erlang per terminal = 0.0166 x 90 = 1.5

Since the simulation is mainly concerned with inter-BSC handovers, only terminals
crossing borders between inter-BSC cells are considered for handover statistics; intra-
BSC handovers are treated as new calls. Inter-BSC handover requests are generated
following a Poisson arrival rate with a mean value depending on the cell size and the
speed at which the terminal is moving. Speed ranged from 10 km/h to 50 kmv/h,
increased in steps of 10 km/h. Terminals in the inter-BSC microcells were assumed to
be moving at the same speed to represent active mobile terminals situated on moving
platforms like trains or cars passing through the microcellular area. For this type of
speed the handover performance is quite critical and relies on the availability of free
channels, as well as on the time delay taken to transfer the calls to the new channels

before the connection deteriorates and is lost by the old base station.

5.5.2 Parameters for TDMA Operation

Table (5.4) shows a list of the design parameters used for simulating TDMA operation.
Carrier bit rate and air frame specifications were to typical GSM  standard
specifications. The coded data bits, training sequence bits and the tail bits constituting
the contents of the time slot were all considered as one complete packet, as shown in

Figure.(5.7). Packet size for the air interface transmission and the fixed network

transmission was chosen as 156 bits.
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Medium access TDMA.
Channels per cell 16

Slots per airframe 8

Frame length 4.62 mulliseconds.
Carrier rate 270 kb/s.

Packet size (bits) 156

Channel Allocation ECA, DCA.
Voice activity detection None

Table (5.4): Design parameters for TDMA operation.

Although in real networks the number of channels allocated per cell could differ from
one cell to another (depending on the number of mobile terminals expected to be served
in the different cells), in this simulation each cell was allocated 16 channels to conform
with the GSM standard. Because the microcell size is small, cell sectorization was not
implemented and channels were filled in ascending order, i.e. the first free channel on
the ‘channel-per-cell’ list is allocated to the first new call request. To achieve a
maximum loading scenario, each microcell was populated with 128 mobile terminals at

the start of the simulation. This is the maximum number of the terminals that can be

served with the 16 channel set.

The channel assignment schemes implemented over TDMA were FCA and DCA. In the
FCA each channel can be equally assigned to the handover trafﬁé entering the microcell
or to new calls initiated within that microcell. In the DCA, each microcell was allocated
16 channels to start with. If the cell requires more channels, an extra channel is
allocated dynamically only if that channel satisfies the co-channel interference
requirements, 1.¢. the nearest microcell with a similar channel should be separated by a

minimum distance Ds, shown in Figure.(5. 14), which is defined as follows [100]:

Ds=RY(BK)=4.6R (5.1

where R is the cell radius and K is the cell re-use factor (K=7 in this case).
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Figure. (5.14): The minimal separation (Ds) required between
any two co-channel cells.

Dynamic channel assignment was implemented in three priorities: (1) channels can be
assigned dynamically to handover requests as well as new call requests in an equal
probability, (2) channels are assigned dynamically for handover requests only (this will
be performed merely in the four inter-BSC cells where handovers are taking place), and
(3) channels are assigned dynamically to new call requests only, while handover
requests will only be allocated channels from the primary 16 channels set. The
complete GSM handover procedure (mentioned earlier in Section 5.2.3) is adopted for

inter-BSC handovers in the TDMA network.

5.5.3 Parameters for PRMA++ Operation
The network structure shown in Figure.(5.13) was simulated with PRMA++ medium

access specifications [101]. The parameters implemented for the PRMA++ protocol are

listed in Table (5.5). It is vital to mention that although the uplink frame in the

PRMA++ standard comprises 72 time slots [102], in this simulation the uplink frame

consisted of 46 time slots in order to reduce simulation time. The 46 slots contained 30
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I slots (information slots) an

3.22 milliseconds. An information slot contains 66 user data bits and 59 bits for burst
overhead including guard bits, training sequence, and inband signalling as shown in

Figure.(5.15) [101,102]. The carrier bit rate is 1.8 Mbps and each microcell was

allocated two carriers. Th

reservation slots are substituted by A slots (acknowledgement slots). When a mobile
terminal makes a successful reservation on a certain R slot, the base station waill

transmit the mobile’s address and the allocated uplink slot on the corresponding down

link A slot.
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d 16 R slots (reservation slots), bringing the frame length to

e downlink frame has a similar number of slots, but

Medium access

PRMA.

Channels per cell

2

Slots per frame

46, 30 Info & 16 Reservation.

Frame length

3.22 milliseconds.

Packet dropping threshold 2 frames.
Carrier rate 1.8 Mb/s.
Packet size (bits) 125
Voice activity detection Yes

Table (5.5): Des

ign parameters for PRMA++ &

Advanced PRMA operation.

Downlink

Uplink

Header

A1 [A[T[T[A[T]L[A]------ (AT [I[A[A]L[T[A]T]

RIL[LRIIORIIJOR]--0m e RICJI[R[R{I]T]RT]

Training
Sequence

Slgnalhng Tail bits
S DATA T |Guard
5 33 41 12

Information slot contents

Figure. (5.15): Advanced P

RMA frame structure and Information slot contents .
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Mobile terminals reserve time slots on the basis of speech activity i.e. when there are
speech packets to transmit. The packet will be queued for a period of two frames, after
this period the packet will be discarded and the mobile will start contending with the
next packet. Once successtul, the mobile terminal will retain that uplink slot for the rest
of the talkspurt. At the end of the talkspurt or speech activity period, the information

slot is released by transmitting a corresponding release message to the base station.

As a minimum load, each cell was assumed to be populated with 60 terminals, which is
the number of slots available on the two carriers and therefore terminals can operate
without any contention. Terminal population is increased in steps and the system’s
overall performance is observed. For inter-BSC handover, the complete signalling
sequence for the GSM standard is followed. However, in PRMA++ the mobile terminal
will have to contend for a time slot to send its Handover Required message; once a
time slot is granted it will be reserved for the mobile terminal to resume its handover
signalling. The fact that a slot is reserved for the period of the handover might reduce
the contention delay expected every time the air interface is accessed, but the handover

process has to withstand the signalling load across the PLMN.

5.5.4 Signalling Mechanism in the Advanced PRMA

The principle of the new handover signalling strategy is to allow the mobile terminal to
perform the handover procedure by exchanging handover signalling directly with the
new base station. The mechanism used for this purpose must ensure that during the
handover process the mobile terminal continues to be in communication with the old

base station until a new link 1s established with the new base station. PRMA was chosen

as the medium to implement such a strategy for the following reasons.

(1) PRMA offers superior spectral capacity over the conventional TDMA structure,
because a time slot is reserved during activity periods only, as compared to the total

period of the call in TDMA. This in effect will give the mobile terminal higher
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robability of ' :
p ty of success in attempting to reserve a slot when accessing the new base

station.

(11) The number of slots per frame in PRMA is much greater than that in TDMA, hence

lustrated in Figure.(5.16).

allowing the mobile terminal to have more room for contention for a slot; this is
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Figure.(5.16) shows the time s
PRMA frames. Since the mobile terminal

durine a certain time slot, there wi

Y

The accessible and inaccessible slots on the new channel
for (a) TDMA, and (b) Advanced PRMA.

lots available for access to a new channel in TDMA and
can communicate with one base station only

1] be limitations in its period of activity with the new
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base station. In Figure.(5.16-a) the double arrows indicate the time slots during which
the mobile terminal is unable to communicate with the new base station in TDMA. An
active mobile terminal occupying slot no. 3 will have only 5 slots available to attempt
access on the new channel. Three slots in the new channel are excluded because they
coincide with slot no. 3 on the old channel (on the uplink and downlink). It should be

noticed that any of the 5 slots can only be accessed provided it is vacant and not already

occupied by an ongoing call.

For Advanced PRMA, a mobile terminal attempting to access a channel in a PRMA
frame would have to make a reservation on the first R slot available; when the
reservation is granted the terminal will be allocated a certain slot for transmission to the
base station. In Figure.(5.16-b) the double arrows indicate the activity periods for the
mobile terminal in the old channel overlapping with 2 information slots and one R slot
in the new channel. This means that the mobile terminal will have 15 R slots available
to make a reservation. Once successful, the mobile terminal will have a high probability
of being allocated one of the 28 information slots remaining in the PRMA frame. When
the mobile terminal accesses a slot in the new channel, it will send 1its
Handover Required message. Upon receiving the Handover Required message, the
new base station will reserve that particular time slot for the mobile terminal to resume
its handover signalling. Therefore, there will be no need for the mobile terminal to

contend with other terminals for a new slot to resume its handover signalling.

As previously mentioned, the success of the new strategy depends primarily on the
spectral efficiency inherent in the PRMA medium access technique, and the greater

number of slots per frame in comparison to TDMA. In addition a typical PRMA-++

frame will have 72 slots in total instead of 46 slots [101], leading to a higher probability

of success in attempting to access the target base stations.

5.6 Results and Performance Comparisons

The results presented 1n the following sections are split into two parts. The first part

lists the performance results obtained from the FCA and DCA schemes simulated in the
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TDMA model. While the second part presents the results obtained from the PRMA++

and the Advanced PRMA models and compares their performance with those of

TDMA. For each of the models simulated, it was necessary to evaluate different aspects

of the system performance and not just concentrate on the handover delay output. Such
an overall analysis was necessary to determine the validity and efficiency of the

mmproved handover signalling procedure in comparison to the existing standards.

The TDMA and PRMA simulation models are concerned with complete handover
procedures, therefore simulations for the TDMA and the PRMA models were run for 5
minutes instead of 90 seconds, which was the case with the COMNET model shown in
section (5.4). The simulations carried out are restricted to voice transmission only.
Other considerations, such as bandwidth requirements, have to be accommodated when
data transmission 1s included because of the multiple slot allocation with respect to the
application being handed over and the mechanism utilised to allocate the necessary

resources.

5.6.1 TDMA Simulations

Handover delays shown in the following results are due to packet transmission delays
over the different links in the network and also due to the packet queuing at the network
nodes en route to their destinations. Packet processing delays at the network nodes are
not included. Handover requests are processed as soon as they are received by the target
cell. If there are no free channels then the handover request will be blocked. Blocked

handover requests will not be queued to wait for a free channel in the target cell or any

other candidate cell.

The traffic loading applied to the TDMA models ranged between 20-160 Erlang per

cell. The mobile terminals were uniformly distributed across the network, therefore the
results obtained reflected the behaviour of the system in total as well as in the handover
cells. DCA schemes adopted utilize the channel re-use provided that a channel satisfies

the minimum distance for co-channel interference requirement. [t is assumed that when
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the DCA scheme is in operation, the system is capable of handling the increased
number of served terminals due to an increase in the channels per cell ratio. 1.e. the

system will not be blocking any increase in the spectral capacity.

Figure.(5.17) shows the average number of simultaneous calls in progress for the three
different microcell sizes. The FCA supports the lowest number of calls while the 3
different DCA schemes showed better performance than FCA. This is due to the limited
number of channels allocated per cell in the FCA scheme which becomes more
noticable as the level of teletraffic load increases. The difference between the 3 DCA
schemes, DCA for handover requests onlv (DCA-HO), DCA for handover requests and
new call requests (DCA-Call & HO), and DCA for new call requests only (DCA-Call),
does not appear clearly until the load reaches around 100 Erlang per cell, where the
DCA-HO shows a lower capacity for calls than the other two. DCA-Call supports the
highest number of calls while DCA-Call & HO hovers in between the latter two, but

more towards the DCA-HO curve.

Average Calls in Progress

0 T : T o : | i i
20 40 80 80 100 120 140 160
Erang per Microceli

—a— DCA-Call ——&—- DCA-Call& HO
......... % DCA-HO ——e—-  FCA

Figure.(5.17): Average simultaneous calls for 30, 40 and 50 metres microcells.
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Since the channels in DCA-HO are only allocated to handover requests, a higher
probability of successful handovers will be achieved and hence these calls will be
continued, thus increasing the number of instantaneous calls supported by the network.

Figures (5.18-5.20) show the maximum simultaneous calls for the FCA and DCA
schemes in the 30 m, 40 m and 50 m microcell diameters; respectively. It is clear that
there are very little differences between the maximum calls in the 3 different
microcells, which is as expected because of the limited frequency allocations. Therefore
the individual results obtained in the 3 different cells are very close to the average value

shown in Figure.(5.17).

Calis in Progress (30 m Microcell)
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Figure.(5.18): Maximum simultaneous calls for 30 metres microcells.
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Calls in Progress (40 m Microcell)
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Figure.(5.19): Maximum simultaneous calls for 40 metres microcells.
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re.(5.20): Maximum simultaneous calls for 50 metres microcells.
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The average blocking probability of new call requests is shown in Figure.(5.21). The
FCA scheme has the highest blocking probability and this is again due to the limited
frequency allocation per cell in comparison to the DCA schemes. DCA-HO has a lower
blocking probability than FCA but it is closer to the DCA-Call & HO. The best
performance is that of the DCA-Call scheme which allocates channels to new call
requests only, but this would be at the expense of a higher failure probability for
handover requests. The new call blocking probability for each microcell size is shown
in Figures (5.22-5.24). Although the results are very close, it is noticable that an
increase of 5% to 10% in the blocking probability for each scheme as the cell size
increases. This 1s because an increase in the cell size will result in an increase in the
dwelling time a mobile terminal spends in the microcell at a certain speed, and
therefore reducing the number of handovers taking place. The longer a mobile terminal
remains in the microcell, the longer it will take to vacate the slot it is occupying; this
lowers the probability of finding free time slots for new call requests. This is confirmed
by Figure.(5.25) which shows the decrease in the average number of successful

handovers performed per microcell as the size of the microcell increases.

Average New Call Blocking Probability
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Ficure.(5.21): Average new call blocking probabilities for 30, 40
) and 50 metres microcells.
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New Call Blocking Probability (30 m Microcell)
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Figure

.(5.22): New call blocking probabilities for 30 metres microcells.
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Figure.

(5.23): New call blocking probabilities for 40 metres microcelis.
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New Call Blocking Probability (50 m Microcell)

Blocking Prob. %
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Figure.(5.24): New call blocking probabilities for 50 metres microcells.

Average Successful Handovers per Microcell at 30 km/h
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Figure.(5.25): Average successful handovers per microcell at a speed of 30 km/h.
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Figure.(5.26) shows the average handover delay in the 3 different microcell sizes. The
FCA scheme has the lowest delay figures while DCA-Call has the highest time delay.
particularly towards the upper end of the teletraffic loading level. The results for DCA-
HO and the DCA-Call & HO exhibit values close to those of the DCA-Call, but the
latter two will be lower than DCA-Call as the loading approaches its maximum levels.
As explained earlier in section 3.2, the handover delay is greatly dependent on the level
of teletraffic handled by the cellular network at the time of the handover and
consequently the queuing time required at the different nodes in the network. It can be
clearly seen that Figure.(5.26) has a similar trend to Figure.(5.17) which represents the
number of simultaneous calls in the system. FCA has the lowest handover delay because
this scheme supports the lowest number of simultaneous calls and therefore there 1s less
signalling packets exchanged and less queuing time in the fixed part of the PLMN.
DCA-Call exhibits the worst case delays due to the high number of calls being handled
by the system. The queuing delays are partly due to the speech packets and partly due to
the handover packets from ditferent terminals across the network. It can be clearly seen

that the FCA achieves the lowest handover delay but at the expense of higher blocking

probability, lower spectral capacity and higher probability of failed handovers.

Average Handover Delay

20 40 60 80 100 120 140 160
Erang per Microcell

—=— DCA-Call ——&—- DCA-Call & HO
--------- x-  DCA-HO ~—e-= FCA

Figure.(5.26): Average handover delay for 30, 40 and 50 metres microcells.
gure.(5.26):

104




Chapter Five: Advanced Handover Signalling Strategy

As expected, the number of handovers performed will increase with the speed of the
mobile terminal and the success of the handover procedure relies primarily on the
availability of a free channel in the target cell. The numbers of terminated (or
disconnected) calls due to the unavailability of channels in the target cell are shown in
Figure.(5.27), Figure.(5.28) and Figure.(5.29) for 30m, 40m and 50m microcells;
respectively. These results are obtained for a loading level of 80 Erlang per microcell.
The DCA-HO scheme has the lowest number of failed handovers and that is mainly due
to the availability of channels for the handover request. The DCA-Call & HO scheme
has a higher number of failures due to the sharing of the channels between new call
requests and handover requests. Although FCA demonstrates a high number of failed
handovers, the DCA-Call has the highest number of failed handovers and this 1s due to
the large number of calls handled by the DCA-Call scheme.

Failed Handovers (30m Microcell)

0 1 I [ |
10 20 30 40 50
Speed (km/h}
——ea—— DCA-Call ——4&—- DCA-Call & HO
....... e DCA_HO ———— - FCA

Figure.(5.27): Handover terminated calls in 30 metres microcells.
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Failed Handovers (40m Microcell)

Failed Handovers
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Figure.(5.28): Handover terminated calls in 40 metres microcells.
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Figure.(5.29): Handover terminated calls in 50 metres microcells.
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The numbers of successful handovers performed per microcell with respect to speed are
indicated in Figure.(5.30), Figure.(5.31) and Figure.(5.32) for 30 m, 40 m and 50 m
microcells; respectively. It is noticeable that the 3 DCA schemes have very similar
results, while in the failed handovers figures there is marked difference. Also it is
noticeable that the number of successful handovers in the FCA is much less than that in
the DCA schemes. This can be explained in Figure.(5.33) which shows the ratio of
failed-to-successful handovers. It can be seen that the FCA scheme has the highest ratio
and this is due to the fact that FCA supports the lowest number of simultaneous calls in
the system, while the ratio for the DCA-Call scheme is much lower because of the high
number of simultaneous calls supported by DCA-Call. Despite this difference, DCA-
Call is still higher than DCA-Call & HO and DCA-HO because the latter two are

designed to accommodate handover requests better than DCA-Call and FCA.

Average Successful Handovers per Microcell (30m Microcell)
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Figure.(5.30): Successful handovers performed in 30 metres microcells.
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Average Successful Handovers per Microcell (40m Microcell)
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Figure.(5.31): Successful handovers performed in 40 metres microcells.
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Figure.(5.32): Successful handovers performed in 50 metres microcells.
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Ratio of Failed-to-Successful Handovers (30 m Microcell)
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Figure.(5.33): Ratio of failed-to-successful handovers in 30 metres microcell.

It is clear from the results obtained in the TDMA simulation that none of the 4 schemes
is capable of providing low handover delay, high spectral efficiency and high handover
success probability at the same time. Each one of these schemes suffer from a drawback
in one or more aspects which renders it difficult to choose as the optimum scheme.
Although it could be argued that the worst handover delays obtained were not higher
than the 650 ms limit for successfully completed handovers (section 5.2.3) [95], it 1s
crucial to remember that the handover delays reported in these simulations do not
include any processing delays at the network nodes. Also the handover requests are not
queued at the destination cell and therefore a handover process will either succeed or
fail at its first destination cell. No time was included for the serving cell to interrogate
other cells on the candidate cells list. The latter delays are very common in a typical

network and they will add to the values already obtained in the above simulations.
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5.6.2 PRMA Simulations

The performance metrics for the PRMA medium access protocol are different from
those of the TDMA medium access protocol. In TDMA a time slot is dedicated to the
call for the whole period of that call and consequently the call would not suffer any
interruption. In PRMA, slots are allocated only during voice activity periods, and
therefore the ratio of dropped packets to total packets supplied by a voice source
determines the overall quality of the call. The packet dropping ratio depends on the
access time required for a terminal to obtain a free slot for transmission, which is an
increasing function of the number of speech terminals sharing the PRMA channel.
Hence, a key measure of PRMA performance in voice transmission is the number of
speech terminals that can share a channel within a maximum value of packet dropping
probability equivalent to 1% [103]. Also, in TDMA, a new call initiating in a cell will
seek a free channel to be used for the whole period of the call. The unavailability of a
free channel will result in the call being blocked. Therefore call blocking probabiulity is
a performance measure for the spectral capacity in TDMA systems. For PRMA, a new
call initiating in a cell will be contending for a free channel (slot) in the same manner
and with the same contention probability as the rest of the calls already in progress in
that cell. Therefore the call will not be blocked but, instead, its quality will be affected
by the access time required to ob:ain a free slot. Consequently, the system spectral

capacity will be indicated by the mean access delay suffered by each terminal.

The teletraffic loading levels for PRMA++ and Advanced PRMA are applied in terms
of the number of active terminals per cell instead of call arrival in Erlang. Each
terminal would be generating a new call within 2 air frames period (6.44 ms) from the
termination time of the last call. The lowest number of mobile terminals per microcell
was 60, which is equivalent to the total number of information slots available per
microcell. This will give an indication of the behaviour of the PRMA++ and the
Advanced PRMA models in the maximum loading situation where the traffic handled 1s
higher than the nominal capacity. The number of terminals per microcell was increased

at steps of 20 terminals, reaching a maximum of 140 terminals per microcell. Using

equation (5.2) it is possible to show that the teletraffic loading levels applied to the
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PRMA simulations are comparable to those applied to the TDMA model. Calls in the

PRMA model are generated approximately every 90 seconds per terminal, hence:
A = mean call arrival rate = 1/call inter-arrival time = 1/90 = 0.011

However, from eq.(5.1) we have £ = A4, therefore:

Erlang per Terminal = 0.011 x 90 = |

where 4 1s the mean call holding time.

Hence for 140 terminals per microcell, the total Erlang per microcell = 140 E, which is

20 Erlangs less than the maximum loading level for the TDMA simulations.

For inter-BSC handover, two different procedures were investigated for the PRMA++
and the Advanced PRMA. In the PRMA++, when the serving base station detects a need
for handover it will issue a Handover Required message to the target base station via
the fixed network requesting a handover slot. The target base station would reserve a
certain time slot especially for the mobile terminal to perform its handover signalling,
the chosen time slot would be an aiready vacant slot. If no free slots are available then
the target base station will cancel one of the ongoing call reservations and allocate its
slot to the handover terminal. The signalling exchanged following this would be the
same as in the GSM handover procedure (section 5.2.3). It can be said that the typical
GSM handover procedure 1s followed in PRMA++, apart from one major difference,
which is the lack of the candidate base stations list. Because, in a packet access
mechanism, a slot is only allocated to the call in voice activity periods, the target base
station will always be capable of accommodating a handover request and consequently

there is no need for a list of candidate base stations.

In the Advanced PRMA, the handover procedure adopted 15 the same as the improved

handover procedure explained earlier in Section 5.3.1. When the mobile terminal

detects the need for handover it will attempt to access a time slot in the target base

station by contending with other terminals already in the target cell. Once the mobile
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terminal acquires a slot, it will send the Handover Required message to the target base
station. The slot occupied by the handover terminal will be reserved for the handover
terminal until the handover related signalling is exchanged and the call is re-routed to
the new base station. As previously mentioned in section 5.3.1, the improved handover

procedure bypasses the fixed network and assigns greater functional responsibility to

the mobile terminal.

Unlike the TDMA simulations, one cell size and one speed were chosen for all the

PRMA++ and Advanced PRMA simulations. Cell diameter was 50 m and the mobile

terminal speed was 50 km/h. Neither the speed nor the cell diameter were changed due

to the following reasons:

(1) Changing the terminal speed or the cell size will only affect the number of handovers
taking place; it was shown earlier that it does not affect the handover delay.

(1) In the handover procedures of both PRMA++ and Advanced PRMA, a handover
request will always be allocated a channel (either by the target base station or by
contention, respectively), therefore there will not be any blocked or failed handovers

and all handovers are considered successful.

In addition to the above, the fact that no dynamic channel allocation was implemented
in the in PRMA medium access technique means both PRMA++ and Advanced PRMA

will have a similar performance regarding the number of handovers performed.

Figure.(5.34) shows the handover delay for the PRMA++ and the Advanced PRMA
handover procedures. Clearly, the delay figures for handover signalling via the fixed
network are much higher than those for the handover signalling via the air interface.
This is because handover delay in the PRMA++ is greatly affected by the number of
simultaneous calls handled by the fixed part of the PLMN, which leads to higher
queuing delays at the network nodes (similar problem to the TDMA model). For the
Advanced PRMA, the handover delay is mainly due to the access time required by the

mobile terminal to reserve a slot in the target cell. Also, the PRMA++ handover

sicnalling requires the exchange of eight messages to carry out a complete handover
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procedure, while in the Advanced PRMA scheme the handover procedure requires the

exchange of three messages only, and therefore performing faster handovers.

Handover Delay (mSec)

60 80 100 120 140
Terminal per Microcell

—#—— PRMA++
——4&—-  Advanced PRMA

Figure.(5.34): Handover delay for the PRMA++ and the Advanced
PRMA handover procedures.

Achieving faster handovers also helps in lowering the mean access delay in the system.
This is because a mobile terminal during handover would be occupying two channels to
communicate with the old and the new base stations simultaneously. Therefore faster
handover ensures quicker release of a slot with the old base station. This can be seen
clearly In Figure,(5.35) showing the mean access delay for the PRMA++ and the
Advanced PRMA models. Advanced PRMA demonstrates a better performance than
that of the PRMA++ by approximately 0.5 ms for most of traffic loading levels. Also,
considering the packet dropping threshold of 2 air frames period (2x3.22 ms = 6.44 ms),
we can see clearly that Advanced PRMA is capable of supporting around 110 terminals
within the acceptable packet dropping probability, while PRMA++ is only capable of

handling 80 terminals within the same acceptable limits.
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Mean Access Delay (mSec)
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Figure.(5.35): Mean Access Delay.

Figure.(5.36) shows the calls with higher than 1% packet dropping probability, while
Figure.(5.37) shows the average dropped packets. In both figures the Advanced PRMA
has a slightly better performance because of the low mean access delay as compared to
that of the PRMA++. It is obvious that the reduced handover signalling for the
improved signalling procedure has a substantial effect in reducing the mean access
delay even though the mobile terminal has to contend for a time slot to start the
handover signalling. Also it should be mentioned that a reduction in the number of

reservation slots would result in delays higher than those already obtained with 16

reservation slofs.
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Dropped Calls ( >1% Packet Loss)
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Figure.(5.36): Calls with >1% packet dropping probability.
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Figure.(5.37): Average dropped packets in PRMA++ and Advanced PRMA.
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Due to the changing speech pattern for each user during a call, the number of packets
comprising a speech burst could vary depending on the level of voice activity for each

user. The results shown so far have presented the PRMA++ and the Advanced PRMA
handover

performance for voice transmission with average burst length of
approximately 30 packets. To demonstrate the effect of the speech burst length on the -,

performance of the PRMA++ and Advanced PRMA, the two models were simulated

with speech bursts lengths ranging from 10 to 45 packets. Figure.(5.38) and
Figure.(5.39) show the effect of the speech burst length on the handover delay in the
PRMA++ and Advanced PRMA; respectively.

Handover Delay (PRMA++)
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Figure.(5.38): Handover delay vs. speech burst length for PRMA -+
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Figure.(5.39): Handover delay vs. speech burst length for Advanced PRMA.

Figure.(5.38) shows that for certain number of terminals per microcell, an increase in
the number of burst packets will result in a slight increase in the handover delay. Also
changing the number of terminals per microcell will result in relatively equal steps of
change in the handover delay. The case is rather different with the Advanced PRMA as
handover delay becomes lower with the increase of burst packets and the difference
between handover delay for different loading levels (terminals per microcell) increases
as the number of terminals increase. An explanation for the above results is presented in

the following paragraph.

When a mobile terminal already has a reserved time slot, an increase in the number of
packets in a speech burst means that the terminal will be reserving the time slot for
longer periods. If the majority of terminals in a cell would have long speech bursts, this
would result in more terminals holding on to their time slots and, consequently, there
will be fewer contending terminals for the remaining free slots. The remaining
terminals will have higher probability of success n acquiring a free slot provided that

the number of terminals per cell does not increase. Therefore the increase in the number



Chapter Five: Advanced Handover Signalling Strategy

of packets per burst would have a stabilizing effect on the packet access mechanism and

reduce the number of contention events taking place.

In principle, both PRMA++ and Advanced PRMA should show similar handover delay
figures when the burst length is increased. However, it is only possible to see it in the
Advanced PRMA because the handover delay is dependent mainly on the access time
delay. For the PRMA-~| the access delay figures are over-shadowed by the queuing
delay in the fixed part of the PLMN, resulting from the increasing numbers of
simultaneous calls handled by the network. The above can be confirmed by looking at
the mean access delay for the PRMA++ and the Advanced PRMA shown in
Figure.(5.40) and Figure.(5.41): respectively. It is clear that for the different numbers of
terminals per microcell, the mean access delay decreases with the increase in the
number of packets, even though the reduction might not be in similar proportions. Also,
it 1s important not to confuse the declining mean access delay values shown in
Figure.(5.40) and Figure.(5.41) with those presented earlier in Figure.(5.35), This is
because the latter represents the average values for delays presented in Figure.(5.40)

and Figure.(5.41).

Mean Access Delay (PRMA++)
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Figure.(5.40): Mean access delay vs. speech burst length for PRMA++.
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Figure.(5.41): Mean access delay vs. speech burst length for Advanced PRMA.

Due to the inherent nature of the human speech pattern, the speech bursts will
continuously have changing lengths and the final effect is the average of all the lengths.
Hence, it can be said that changing the burst lengths will not be highly effective for
voice calls. However, burst length variation can be better exploited in data transmission.
This is because for a certain transmission rate a data application would regularly
transmit data blocks of similar sizes. Hence, in cases where a number of mobile
terminals are engaged in data transmission, 2 central control mechamism would be
implemented to alter the data block sizes for each application to ensure optimized
handover and mean access delay performance as shown earlier in the PRMA++ and the
Advanced PRMA results. Such a control mechanism should introduce changes within

the allowed bandwidth and delay limits for each data application. Table.(5.6) below

shows a performance comparsion 1n terms of the number of frames lost when

transmitting a 300 frames video sequence equivalent to 147.5 Mb. Different
transmission rates have been considered to represent different resolutions [107]. The

handover delay figures adopted are the values obtained from Figure.(5.34) at a load of

60 terminals per microcell.
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Transmission Rate 36.5 Mb/s < > 9.1 Mb/s
Compression Rate 1000 10 000 1000 10 000
Time fo Transmit 300 frames 4.04 ms 0.404 ms 16.2 ms 1.62 ms

Frames lost at handover delay of

25 ms with Advanced PRMA 6.1 x300 61 x 300 1.5x300 15.43 x 300

Frames lost at handover delay of

175 ms with PRMA ++ 4331 x300 433.1 x 300 10x 300 108 x 300

Table.(5.6): Time delay and frame loss during handover using
PRMA++ and Advanced PRMA

Comparing the output from the Advanced PRMA to that from the FCA, DCA and
PRMA-++, a considerable reduction in the handover delay has been achieved by
diverting all the handover signalling from the fixed network and transferring it to the air
interface. However, because the handover delay in the Advanced PRMA is dependent
on the mean access delay, it can be said that the handover delay is indirectly dependant
on the level of teletraffic handled by the network. Also, the reduction in the handover
delay results from the combination of air interface signalling and the new functional
role assigned to the mobile terminal. It is important to notice that the improvement in
the handover delay did not cause any deterioration in the mean access delay and the
average dropped packets. Instead there was an improvement in comparison to the

performance of the PRMA++,

5.7 Conclusion

The new handover signalling strategy is aimed at reducing the total handover delay and
improving the handover procedure by redefining the functional roles for the base station
and the mobile terminal. A number of functional responsibilities were transferred from
the base station to the mobile terminal to allow the decentralization of handover
management. This is clearly represented by making the mobile terminal capable of

initiating the handover procedure instead of relying on the base station to perform this
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crucial task. Such a change in the functional entities required the introduction of a new

handover signalling sequence different from that currently implemented in the GSM

standard.

The results obtained showed that for the FCA, DCA-Call, DCA-HO. and DCA-Call &
HO schemes, the handover delay is greatly dependent on the traffic handled by the
network. The FCA had the lowest handover delay, but it suffered from the worst
spectral efficiency and this is due to the limited resources of the fixed channel
allocation scheme. The three DCA schemes demonstrated close results but the increase
in the simultaneous call traffic led to an increase in the handover delay; it also resulted
in an increase in the number of failed handovers. The number of handovers taking place
increases with the speed of the mobile terminal and the reduction in the microcell size.
However, handovers in TDMA were more sensitive to the latter factors than was the
case with PRMA. This was due to the limited spectral capacity and the lack of voice
activity allocations in TDMA. In PRMA, handovers had a higher probability of success
due to the allocation of slots during activity periods. The Advanced PRMA
demonstrated the effect of implementing the new handover strategy on the performance
of the PRMA++ scheme. Handover delay was greatly reduced while the mean access
delay and packet dropping probability were maintained at levels similar, and in some

cases better, than those of the PRMA+-+.

The maximum handover delays obtained in this chapter are within the acceptable limits
for the GSM standard normal operation. However, these delays are only due to queuing
at the fixed network nodes. Delays due to packet processing at the network nodes were
not included in these simulations. This is because such delays are dependent on the type
and speed of the equipment used which would differ from one network operator
another. Also, the simulations assumed that there 1s only one target cell for each
terminal performing a handover, hence there were no delays included for interrogating
other cells on the candidate cell list. The latter delay should be considered in cases
where the mobile terminal is capable of receiving transmission from more than one cell
in the handover direction, e.g. microcells and macrocells in outdoor urban areas.

Therefore. it is vital to remember that in a real network, the delay figures obtained
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could rise to levels beyond the GSM acceptable limits, and consequently increase the
number of failures in the handovers carried out. Lowering the minimum levels for
handover delay would increase the probability of handover success. It allows the
handover procedure to undergo further delays before reaching the maximum limits,
hence increasing the margin of success. This is quite effective for future applications
requifing lower thresholds for the handover delay and more stringent transmission delay

requirements. As already stated, the improvements obtained from the new strategy have

resulted from a combination of signalling path re-routing and a major change in the

functional structure within the PLMN elements.
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CHAPTER SIX

DISCUSSION, CONCLUSION and FUTURE
WORK RECOMMENDATIONS

6.1 Results Discussion

In the GSM system, the base station initiates a handover procedure when detecting a
drop in the perceived quality of the uplink transmission from a mobile terminal. The
serving base station will interrogate the candidate base stations (reported by the mobile
terminal) to determine the availability of a free channel. Until a suitable channel has
been found, the handover procedure signalling between the old and the candidate base
station(s) 1s exchanged via the fixed part of the PLMN. However, signalling packets
exchanged via the PLMN can experience delays due to packet queuing and congestion
at the different network nodes. Such delays can increase with an increase in the number
of mobile terminals simultaneously supported by the PLMN. For intra-BSC handovers
the signalling is exchanged within the BSC and the handover process is relativelv fast.
However in the inter-BSC handovers, the signalling has to be exchanged via the MSC
which would impose extra delays, particularly when more than one candidate base

station has to be contacted to find a free channel.

The new handover strategy introduces two concepts: (1) the handover signalling is
diverted via the air interface; this avoids the fixed part of the PLMN and any delavs or
congestion that might occur due to the traffic levels. (i1) the control of initiating the
handover procedure from the base station is transferred to the mobile terminal which
enables the reduction in the number of messages exchanged to perform a complete
handover. The latter is particularly beneficial in dealing with the “corner-effect” where a
mobile terminal tums round a corner and the levels of uplink and downlink
transmission can deteriorate rapidly. The fact that the mobile terminal is capable of

communicating directly with the new base station means that it can initiate a handover

ocedure as soon as it detects a drop in the downlink transmission of its old base
pr e
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station, and start accessing a channel in the next base station with a stronger

transmussion. This is especially effective when the mobile terminal is moving in a

microcells-only environment and there are no overlaying macrocells that the terminal

can attempt to access.

In the new strategy, the mobile terminal wil] carry out measurements on adjacent base
stations transmission, but instead of reporting a list to the serving base station as in
GSM, it will only update its register with the identity code of the strongest base station.
Implementing PRMA as a medium access technique meant that during handover the
mobile terminal is capable of accessing the target cell channels by using the inherited
statistical multiplexing in the PRMA mechanism to contend for a free time-slot. Since
the mobile terminal is capable of communicating with and accessing the target base
station, the new strategy had shown that the mobile terminal did not require a list of
candidate base stations, which is the case in the GSM standard. In addition, the delay
that the mobile terminal will have to endure during the handover procedure in PRMA is
the contention delay to access a free slot. Once a slot is acquired, it will be retained
until the handover procedure is complete. Results obtained in Chapter Five have shown
that the slot access delay is considerably lower than the queuing, congestion and

multiple cell communication delays which takes place in the fixed part of the PLMN.

Chapter Five shows simulation comparisons between FCA scheme and three different
DCA schemes using TDMA as a medium access technique. The simulated DCA
schemes included DCA for handover requests, DCA for new call requests, and shared
DCA between the latter two provided that channels were allocated within the co-
channel interference requirements. The results obtained showed that despite the
increase in the number of successful handovers in the case of DCA for handover
requests, handover delays were affected by the teletraffic levels in the PLMN even
though they were slightly lower than the rest of the DCA schemes. Whereas in the case
of D;IA fo-r call requests, an increased number of simultaneously supported calls have
resulted in higher handover delays and less successful handover attempts. Allocating

channels dvnamically to both call and handover requests provided a compromise

between the two previous schemes but not a major improvement in the overall
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performance, particularly with the handover delay. FCA demonstrated lower delay

figures than those for the DCA schemes but that was at the expense of reduced spectral

efficiency and a lower number of successful handover attempts.

In comparison with the above mentioned TDMA based channel allocation schemes, the
new handover strategy demonstrates a substantial reduction in the time delay required
for performing a complete handover procedure. Even when comparing the Advanced
PRMA with the conventional PRMA performance (in which handover procedure is
carried out via the PLMN), the Advanced PRMA demonstrated a considerable
improvement in the handover delay figures. The Advanced PRMA demonstrates a

similar access delay and spectral capacity characteristics to those of the conventional
PRMA.

6.2 Conclusions

Previous research work on improving handover performance has investigated numerous
techniques for dealing with queuing and priority schemes. Such schemes included
queuing handover requests at the new base station as long as the mobile terminal is
residing in the overlap area between the old and the new cell [22,38]. Selective
handover methods have also been considered in which certain calls are handed over to
adjacent cells when the number of calls handled by one cell exceeds certain thresholds
[31]. Executing queued handover requests according to the deterioration in the uplink
transmission as perceived by the old base station was also suggested [30]. The
disadvantage of such schemes is the additional complexity involved in updating the
queuing lists whether 1t was on a network level or on a base station level. Also, the
majority of these schemes are based on the assumption that there will always be a
sufficient overlap area between the adjacent cells, something which might not be a

common occurrence in all microcellular environments.

Reservine certain channels solely for handover requests while the rest of channels in the

cell are shared between new originating calls and handover requests has also been

considered as a method to improve handover performance [22,273791]. Reserving
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channels for handover performs efficiently in low to moderate loads, but-in high loads

the system will be saturated and achieving a successful handover will not necessarily

mean a continuation of the call, because the channel would be reserved for the

handover process only [37]. In addition, reserving sets of channels will result in higher
rates of new call blocking within the cell. DCA has also been implemented to assign
channels to handover requests as well as new call requests [83.86]. However, this kind
of channel allocation would add a new signalling burden to the network infrastructure

especially when implemented on a large scale. Additional information processing will

be necessary to determine which channels can be used within the co-channel

interference requirements [87].

Multiple hierarchical systems with microcells, macrocells, and a mobile satellite
segment have been investigated as a method to improve the probability of handover
success and achieve global coverage [40,41,47,25]. However, switching the call
between the two layers would be subjected to a number of parameters such as the speed
of the terminal, the cost of the link and the spectral capacity available at both terrestrial
and satellite levels [43]. The handover process to and from the mobile satellite system is
more complicated than it is within terrestrial systems, this is due to the motion of the
mobile terminal and the satellite beam spot. Although the use of satellite and overlying
macrocells would present a perfect solution for the handover problem in dense
microcells, more research efforts are required to evaluate the effect of teletraffic levels
on handover performance in isolated microcellular environments [104]. Although the
microcellular environment might represent a specific area in the cellular coverage map,
smaller cells will constitute a considerable proportion of the future cellular networks,

and the performance in the microcells will affect the overall performance of the celtular

network.

The majority of past research work is concerned with manipulating the available
frequency spectrum or integrating more than one system to improve the handover
success probability. However, 1t is evident that all the suggested policies and systems
utilise the fixed network in performing any signalling related to the handover procedure.

Hence, the performance of these systems is greatly affected by the levels of call traffic
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supported by the network, and consequently any cellular system operating at its

maximum  capacity will not be capable of providing an acceptable handover

performance. The research presented in this thesis was thus aimed at:

(1) reducing the total handover delay for mobile terminals roaming in microcellular
environments without overlaying macrocells,

(11) minimising the effect of the overall system traffic on the efficiency and the time

delay of the handover procedure, particularly for mobile terminals situated on mobile

platforms.

These goals where achieved by diverting the handover signalling from the fixed part of
the PLMN to the air interface using the PRMA technique as a medium access protocol.
The new strategy involves the decentralisation of the handover procedure control by
transferring the handover initiation function to the mobile side. This approach reduces
the number of exchanged signalling operations and hence speeds up the handover

process.

It should be clear that the objective of this research was to improve the handover
performance of the TDMA-based GSM standard by re-routing the handover signalling
through the air interface. The objective was not to provide a comparison of the
handover performance of the major multiple access techniques like TDMA, FDMA,
CDMA, and PRMA. However, it was the inherited characteristics of the reservation
based packet access mechanism and the functionality and control requirements of the

new signalling strategy that made PRMA a suitable mechanism for performing the

improved handover procedure.

6.3 Future Work Recommendations

In addition to the conventional voice communications, the Third Generation mobile
communication systems are expected to provide a wide range of non-voice based
applications like Data services (e.g. file transfer and Internet access) and Multimedia
applications (Video conferencing and 1mage transmission) [105,106]. Also it is

expected to provide other services which are mobility specific, such as the capability of
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maintaining the communication while roaming across different cellular networks with

different standards around the globe. Efficient implementation of these services will

require reliable handover techniques to maintain the expected level of quality of

service, while the mobile terminal js moving within the same network or across
different networks. The handover strategy suggested in this thesis represents an
effective policy to provide fast and swift handover procedures, particularly for voice
applications as indicated in the results in Chapter Five. However, applying this strategy
to future Third Generation systems would require the undertaking of a number of

practical steps before the strategy could be applied successfully. These can be

summarised in the following points:

e Multimedia services are based on the transmission of synchronised audio, real-time
images, and data between two or more parties, with the addition and deletion of
resources and participants within a single communication (e.g. conferencing
services). Complex compression techniques are required to enable the transmission
of the vast amounts of visual information over the limited bandwidth of the mobile
channel [107]. Providing these applications to mobile terminals moving at speeds
through the cellular coverage area would require robust handover techniques to
reduce delays that might arise due to the cell border crossing. Such delays are very
likely to cause errors when taking into consideration the high bit-rate and the real-
time nature of the information exchanged. Re-routing the handover signalling from
the fixed network to the air interface will substantially reduce the overall time for
performing handover in such critical applications. However, data applications are
expected to occupy a multitude of slots depending on the application and its
bandwidth requirements. Hence it is recommended that an investigation of the
performance of the new handover strategy using PRMA as a medium access
protocol with flexible slot assignment mechanism be performed. The use of priority
management in the slot assignment process will be crucial to ensure that all
applications are provided with the necessary resources within the specified time
constraints. It is also important to notice that with real-time 1mage transmission, a

visual contact is alwavs maintained even when there 1s no new data to transmit.
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Hence, any transmission algorithms used for this purpose should be able to
accommodate the statistical multiplexing characteristic of the PRMA technique.

To achieve global communications roaming facility is required to allow the

mobile terminals to access and maintain 3 communication not only between the
different layers of a single network (macrocells and microcells), but between
networks of different standards (terrestrial and satellite networks). Currently, in
GSM, roaming is operational where a GSM mobile terminal can operate in any GSM
network. However, handing over active communication between two separate GSM
networks is not implemented, despite the fact that it is a functional requirement of
the GSM standard. It is therefore recommended that a further investigation is carried
out that considers the decentralisation of the handover and registration procedures,
particularly transferring the control of these functions from the fixed network to the
mobile terminal. Furthermore, the substantial improvement obtained by the new

handover strategy on a single network level prompts the need for an evaluation of

this strategy between networks of the same standard, and those of different standards.
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APPENDICES

K ook ok sk okok ok ok K ok
/ *****************************************************************/

/* GSM FCA for HO & Call initiation.

ok oK oK ok Ok ok ok ok %
/ K ko ***************************************$************************/

#include <iostream.h>
#include <fstream h>
#include <stdlib.h>
#include <iomanip.h>
#include <time.h>
#include <math h>
#include "my _lib.h"

float greatest=0.0;

float longest=0.0;

unsigned int fail_count=0;

unsigned long channel_failed HO=0;
unsigned long delay failed HO=0;
int terminal _no;

int next_channel=0;

int channel_per_cell=16;

int total _channels=224;

int no_of cells=14;

int canddate=2; /I candidate cells for Handoff //

int new_cell[2], // new_cell[canddate] //

int channel[14][16]; // channel[no_of cells][channel per cell] /
int cell;

int hello=0;

int set_limit=(total channels/2)*8;

unsigned long new_call_block=0;
unsigned special_block=0;

unsigned long new_call_start=0;
unsigned long HO_terminated_call=0;
unsigned long HO_perf=0;

unsigned int call_finished=0;
unsigned int ongoing_call=0;

float slot_period=577.0;

float call_period[8][224] // call_period[8][total_channels] //

unsigned long time1[8][)224]; // time1[8][total _channels] /
unsigned long next_call[8][224]; // next_call[8]{total_channels] //
unsigned long next HO[8][224]; // next_HO[8][total_channels]  //

unsigned long global_timer=0;
char outcome;
char burst[2][8][224;

char file_name_1[]="OUT_LTXT";
ofstream out_file 1=file_name_1;
char ﬁle_name_2[]="OUT_2.TXT”;
ofstream out_file_2=file_name_2;
char file_name_3[}="OUT_3 TXT",
ofstream out_file_3=file_name_3;
char ﬁle_name_4[]="OUT_4.TXT";
ofstream out_file_4=file_name_4;

138



'
.
|

char file_name_5[]="OUT 5.TXT":
ofstream out_file_5=file name 5:

class Pair
{
public:
intch 1
int sit_1;
int ch_2;
int slt_2;
float figure;
5
Pair set[896]; /I set[set_limit] //

char Handoff(unsigned long global_timer,int slot_1,int channel_1,unsigned int ongoing_call,int cell,char

burst[2][8][224],int new_cell[2])
{

fail_count=0;

char result; /I to indicate the result of HO //
int channel_2=0;

int slot 2=0;

float Q_Timer Delay=0;

float Q Timer Expiry=2000000; // Queuing Timer at Target //
float T8 Timer Delay=0; // T8 Timer (Rec.Value) //
float T8 Timer Expiry=650000; // Base Station (Rec.Value) //

float PLMN_delay=1000000*ongoing_call*3.9e-5;

float delay=577 // Measurement Report (ISDN) //
unsigned long old_timer=global_timer;

if (cell==5)
{ new_cell[0]=10;

new_cell[1]=9; }
if (cell==6)
{

new_cell[0]=9;
new_cell[1]=10;

}

if (cell==9)
{
new_cell[0]=6;
new_cell[1]=5;

}
if (cell==10)

new_cell[0]=5;
new_cell[1]=6;

}
// (0.1*random(6)) gives a value between 0-0.5//
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delay=delay+PLMN delay; // HO i
/ K ; R
Q‘_Txmer_‘Delay=PLMN__delay; el ASon

delay=delay+PLMN_delay; // HO_Request (ISDN) //

ke ok sk kK ok % ok ok ok ok ok 3k 3 3 ok ok 3k o : :
/ ok ' * Kok ok Lookmg for anldlechannel********************************/
for (int i=0; i<canddate;i++)

{
for (int k=0; k<channel per_cell; k++)
{
for (int p=0; p<=7; p++)
{
int tempo=channel[new_cell[i]][k];
if (burst[0][p][tempo]=="1")
{
channe! 2=tempo;
slot_2=p;
goto stepl;
)
}
}
}

[ R RR KR SRR ok ok KK KRR AR sk ook R KR K K R R KR R Rk s K s ko /

burst[0][slot_1][channel 1]=1; //reset a failed HO & change //
burst[1][slot_1][channel 1]=1"; //the old channel to idle //

call period[slot 1][channel 1]=global timer-timel[slot 1][channel 1];
return result='F";

stepl:

if (Q_Timer_Delay>=Q_Timer_Expiry)
{
burst[0][slot_1][channel_1]=1; //reset a failed HO & change //
burst[1][slot_1][channel_1]=1; //the old channel to idle //

call_period[slot_1][channel_1]=global_timer-timel[slot_1][channel _1J;
fail_count=fail_count+1;
return result="F";

}

delay=delay+PLMN_delay; // HO Request_Ack (ISDN) //

T8 Timer Delay=PLMN_delay;
delay=delay+PLMN_delay, // HO_Command (ISDN) //

/******************** T8 timer starts here ok Aok sk kR ok Kok dOR K Kk o

delay=delay+577, // HO_Command (downlink) //
T8_Timer_Delay=T8_Timer_Delay+577;

; Kook R K KKK
AR AKX Check for T8 expiry ok sk ok ok K kKoK % /

if (T 8_Timer_Delay>=T8__Timer_Expiry)
{ (M)
burst[0][slot_1][channel _1}=1;
burst[1][slot_1][channel_1]
call_period[slot l][channelwl]=global_timer-timel[slot_]][channel_l];

fail_count=fail_count+1;

// reset a failed handoff  //
// and change channel to idle //

=1
=1

H
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return result="F";

sk Aok ok ok KK ok ok ok ok ; .
/ *****************************************************************/

delayfdelay+577; /' HO_Ref Number (uplink) //
T8_Txmer_Delay:TS_TimeLDelawaS77;

[EFFFHFAAEE Chocle for TS expixy *********************/

if (T8_Timer_Delay>=T8__Timer_Expiry)
{
burst[0][slot_1][channel 1]="1", // reset a failed handoff  //
burst[1][slot_1][channel 1]=1; //and change channel to idle //

call_period[slot_1][channel_1]=global timer-timel [slot_1][channel 1];
fail_count=fail_count+1; - -
return result="F";

$
/***************************************************;
delay=delay+577, /1 HO_Detect (downlink) /

T8_Timer_Delay=T8_Timer Delay+577;

/********** Check for T8 expiry *********************/

if (T8_Timer_Delay>=T8 Timer Expiry)
{
burst[0][slot_1][channel 1]=1;  //reset a failed handoff //
burst[1][slot_1][channel 1]=1;  //and change channel to idle //
call period[slot_1][channe] 1]=global timer-timel[slot 1][channel 1];
fail_count=fail_count+1,;

return result="F";

[ AR R KR SR AR RS R SRR R R R R AR KKK
delay=delay+577,; // HO_Complete (uplink) //

T8 Timer Delay=T8_Timer_Delay+577,

JRxFxF kxR % Check for T8 expiry sk s ok Kok f KR Ok KRR KR OK K
if (T8_Timer_Delay>=T8_Timer_Expiry)
{ .
burst[0][slot_1][channel _1]=1;  // reset a failed handoff . I
burst[1][slot_1][channel_1]=1;  //and change channel to idle //
call_period[slot_1][channel_1 ]=global_timer-timel[slot_1][channel 1],
fail_count=fail_count+1;
return result=T";

/**2*****************************:«***********************************w********/

delay=delay+PLMN_delay; // HO_Complete (ISDN) //

T8 Timer_Delay=T8_Timer~De]ay+PLMNﬁdelay;
JEskkkrrkk Check for T8 expiry s AR R Rk KRRk R R ARk koK
if (T8-Timer_“Delay>=T8_Timer_Expiry)

{ 7 J/ reset a failed handoff  //

burst[0][slot_1][channel 1]=T1; ’
burst%l%%slot_] J{channel 1]=1; // and change channel to idle /

call_period[slot 1][channel 1 ]=global_timer—timel [slot_1]{channel_1];

fail_count=fail_count+1;
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return result="F";

3k 3K K ok ok ok ok 3¢ 3 ¥ ok ;
/ *******x*********************************************************

delay=delay+PLMN_delay,  // Clear_Command (ISDN) //
delay=delay+PLMN _delay;  // Clear_Complete (ISDN) //

koK

burst[0][slot_1][channel
burst[1][slot_1][channel

=T
=T

burst[0][slot_2][channel 2]='H",
burst[1][slot_2][channel 2]="H",

3

ok ok sk ok 3ok ok ok ok ok kK . .
[ ***¥* finding an available set to allocate the Handover channel pair FEXEEIK A Ak

for(i=0; i<set_limit; i++)

{
if (set[i].figure==0.0)
{
set[i].figure=old_timer+delay;
set[i].ch_l=channel 1,
setfi].slt_1=slot_1;
set[i].ch 2= channel 2;
set[i].slt_2=slot 2;
goto step3;
}
}
step3:
result='S";

return result;

}

AR AR R R R R R I\ ATIN RS Ao O S ok ok

void main()
{

time tt;
srand(unsigned (time(&t)));

out_file 1 << "Handover Dealy in Ascending order " << endl,

out_file 3 << "Number of Ongoing calls " << endl;
out_file_4 << "Poisson call rate periods " << endl;

for (int x=0; x<set_limit; x++)

{

set[x].ch_1=0;

set[x].slt_1=0;

set[x].ch_2=0;
) set[x].slt_2=0;

set[x].figure=

}

for (int y=0; y<=7; y*++)

for (int k=0, k<total channels; k++)

{
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next_ HO[y][k]

H

=0
next_call[y][k]=0;

5

call_period[y][k]=0;

3

}
}

e mn
'/ Rk doklokk R xokok CH ANINEL ASSIGNEMENT %% %% %% s ko ek ok ok ok ok ok ok ok /
int number=0;

for (int i=0; i<no_of cells ; i++)

{

for (int j=0; j<channel per cell; j++)
{
channel[i][j]=number;
number=number+1;
}

}

[RE¥ExR koo EUNCTION TO MAKE IDLE CHANNELS %%k otk ko ok ok o/

for (int v=0; v<=7 ;v++)

{

for (int y=0; y<total channels; y++)
{
burst[0][v][y]=1;
burst[1][v][y]=""
}

}

JEEFFRR Rk FUNCTION TO DEFINE THE NO. OF TERMINALS *# %%k ot sk ok |
int dan=0;

cout << "1-100% capacity 1792 terminals" << endl;
cout << "2- 50% capacity 896 terminals" <<endl;
cout << "3-25% capacity 448 terminals" << end],
cout << "4- 12.5% capacity 224 terminals" << endl;
cout << "5- 6.25% capacity 112 terminals" << endl;
cout << endl << endl;

cout << "Enter your choice (1-5): ";

cin >> dan;

switch(dan)

{

case (1):
terminal_no=1;
break;
case (2):
terminal no=2;
break;
case (3):
terminal_no=4;
break;
case (4):
terminal_no=g8;
break;
case (5):
terminal_no=16;
break;
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}

Aok ok ok ok ok e skok skok sk ok K oK K ok sk sk ok 3 ok

for (long u=0; u<65000; utt)
{
for (int x=0; x<=7 ;x++)

{

global_timer=global_timer+slot_period;
next_channel=0;

for (int cell=0; cell<no_of cells; cell++)  /**** cell loop ****/

{
for (int z=0; z<channel_per cell; z++)  /**** channel loop ****/
{
prxxxxxex FUNCTION TO GENERATE HAND-OFF REQUESTS AT Poisson RATE *** ¥k
* ¥
. /
/* Perform inter-BSC Hanodover in the cells 5,6,9 & 10 only */

/*********************xm*******************************************************/

if ((cell==5) || (cell==6) || (cell==9) || (cell==10))

{
if{(next_HO[x][channel[cell][z]]==0) && (burst[0][x][channel[cell}[z]]=="D"))

{
next HO[x][channel[cell][z]]=global timer+(1000000*Poisson_10());

goto step_Xx;

}

if ((global_timer>=next HO[x][channel[cell][z]]) && (burst[0][x][channel[cell][z]]=='D"))
{

outcome=Handoff{(global timer,x,channel[cell][z],ongoing_call,cell,burst,new_cell);
if (outcome=='S"} HO_perf=HO_perf+1;
if (outcome==T")

{

HO_terminated_call=HO_terminated_call+1;
ongoing_call=ongoing_call-1;

}
if ((outcome=="F") && (fail_count==0)) channel_failed_HO=channel_failed_HO+1;

if ((outcome=="F") && (fail_count >0)) delay_failed HO=delay_failed_HO+1;
next_HO[x][channel[cell][z]]=0;
goto step2;

}

/MWW end of Handover function VWWWWWWWWWWWV/

/************** FUNCTION TO GEN'ERATE CMLS ATPOISSOH RATE ****************/

if (channel[cell][z]snext_channel)
if (next_call[x] [channel[cell][z]]==0)

{ .

next call[x][channel[cell][z]]=global_nmer+(144OOQOOO);

out -f:ﬂe_4 << next_ﬁcall[x][channel[cell][z]]-globa]ytxmer << endl,
nex?_channelzchannel[cell][z]+termina1_no;

goto step_X;

}
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if (g{lobal_timer>=next_call[x] [channel[cell][z]])
for (int j=0; j<channel_per cell; i+
{
for (int k=0; k<=7, k++)
{
if (burst[0][k][c channel[cell][j]]==1"
{
burst[O][k][channel[cell][j]]='D‘;
burst[1][k][chanxlel[cell][j]]:'D’;
float period=1 000000*Exponential_1();
gall _period[k][charmel[cell][j]]=period;
timel[k][channel[cell][j]]=global _timer;
next_call[x][channel[cell][z]]=0;
new_call_start=new_call_start+1;
ongoing_calf=ongoing_call+1;
if (ongoing_call>greatest)

{

greatest=ongoing_call;

}
next_channel=channel[cell][z]*+terminal no;
goto step_x;

}
}
}

new call block=new call block+1;

if ((cell==5) || (cell==06) || (cell==9) || (cell== 10))
{
special_block=special_block+1;

}

next_call[x][channel[cell][z]]=0;
next_channel=channel[cell][z]+terminal_no;
goto step_x;

INMWWVWWA end of next_call Function AWVVVVVVVVAL

step_x:

if ((burst[O][x][channel[cell][z]]:='D') && (global_timer-
time1[x][channel[cell][z]])>=call _period[x][channel[cell](z]])

1t

{

burst[0][x][channel[cel z]1=1,
burst[1][x][channel[cell][z]]=1
call_period[x x][channel[celi][z]]=0;
call_finished=call finished+1;
ongomg_call ongomg_call 1;
goto step2;

}

|'(.
>

i 0 hannel[cell][z]]=="T") && (global_timer-
grr(l(eblu[;?[[c&gﬁ;[:(Iellr;]e[zﬁ]?:call _period[x] [channel[cell][z]])
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{

for (int k=0; k<set_limit; k++)

{

if ((?et[k],slt_1==x) && (set[k].ch_1==
burst[O][set[k]Aslt_2][set[k].ch_2]=’i‘
burst[l][set[k].slt_2][set[k].ch_2]=‘1"
burst[O][set[k]‘slt_l][set[k].ch_1]=‘i‘
burst[l][set[k].slt_l][set[k] ch_ 1=,
timel[set[k].slt =0;

1
call_period[set[k].s
set[k].figure=0;
set[k].ch_1=0;
set[k].ch 2=0;
set[k].slt_1=0;
set[k].slt_2=0;

ll_ﬁmshed =call_finished+1;
ongoing_call=ongoing_call-1;
goto step2;

k
k
k
k

if (burst[0][x][channel[cell][z]]==TH")
{

for (int k=0; k<set limit; k++)

{
if ((set[k].slt 2==x) && (set[k].ch 2==channel[cell][z]))
{
if (global_timer>=set[k] figure)
{
burst[0][set[k].slt_2][set[k].ch 2]=D';
burst[1][set[k].slt_2][set[k].ch_2]=D",
burst[0][set[k].slt_1][set{k].ch_ ]‘
burst[1][set[k].slt_1][set[k].ch_1]="
time1[set[k].slt_2][set[k].ch_: 2]~tlme1[set[k] sit_1][set[k].ch_1];
time1[set[k].slt_1][set[k].ch_1]=0
call_period[set[k ]s 2][set[k].ch 2]-ca11ﬂpenod[set[k] sit_1][set[k].ch 1
call_period[se t[ ].slt_1][set[k].ch_1]=0;
set[k].figure=0,
set[k].ch_1=0;
set[k].ch 2=0;
set[k].slt_1=0;
set[k].slt 2=0;
goto step2;
}
goto stepZ;
}
}
}
step2:
} /¥*** 7 (channel) loop kK ]
} /%% cell counter loop ****/
} jEx5% x (slot) loop  *F*F*/

hannel[cell][z]))
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} /****Uloop ******/

cout << end} << endl;

cout << "Max ongoing_call= " << greatest << endl;

cout << "Max HO_delay=" << |o ongest << endl;

cout << "new_call_start=" << new_call_start << endl;

cout << "call finished=" << call _finished << endl;

cout << "new_call block=" << new _call_block <<end];

cout << "special_block=" << special _block << endl;

cout << "HO_terminated call=" << HO _terminated_call << endl;
cout << "channel_failed HO=" << channel |_failed HO << endl;
cout << "delay_failed HO=" << delay_failed HO << endl;
cout <<"HO_performed=" << HO perf << endl:

cout << "global_timer=" << global_timer << endl:

} [H¥EFFF AR KKK ain function ko K K K K
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ok K ok ok ok ok
/ **********************************************************************/

/* DCA for HO & Call initiation */

* ok ok k ok
/ ************************************************************************/

#include <iostream.h>
#include <fstream.h>
#include <stdlib.h>
#include <iomanip.h>
#include <time h>
#include <math. h>
#include "my _lib.h"

float greatest=0.0;

float longest=0.0;

unsigned int fail_count=0;

unsigned long channel_failed HO=0;
unsigned long delay_failed HO=0;
int zz=0;

int xx=0;

int terminal_no;

int channel_per_cell=16;
int total_channels=224;
int location[224];

int no_of_cells=14;

int canddate=2;

int new_cell[2];

int channel[14][16];

int cell;

int hello=0;

int set_limit=(total _channels/2)*8;
unsigned long rino=0;

/" candidate cells for Handoff //
/I new_cell[canddate] //
// channel[no_of cells][channel per cell] /

unsigned long
unsigned
unsigned long
unsigned long
unsigned long
unsigned int
unsigned int

float

float

unsigned long
unsigned long
unsigned long
unsigned long
char outcome,

char burst[2][8][224];

new_call_block=0;
special_block=0;
new_call_start=0,

HO _terminated_call=0;
HO _perf=0; ‘
call_finished=0;
ongoing,_call=0;

slot_period=577.0;
call_period[8][224];
time1[8][224];
next_call[8][14][16];
next HO[8][224];
global_timer=0;

// call_period[8][total channels] //
// time1[8][total_channels] /

// next HO[8][total_channels]  //

/**************************************/

/* burst[0-1][0-7][total_channels] */

/*************************************/

char file_name_1[]="OUT_1.TXT";
ofstream out_file_1=file_name_1;
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char file_name_2[]="OUT 2.TXT";
ofstream out_file_2=file_name 2;

char file_name_3[]="OUT 3.TXT":
ofstream out_file_3=file name 3;

char file_name_4[]="OUT 4.TXT";
ofstream out_file_4=file name 4;

char file_name_5[]="OUT_5.TXT";
ofstream out_file_5=file name_5;

char file_name_6[]="OUT_6. TXT";
ofstream out_file_6=file_name_6;

class Pair
{

public:

int ch_1,

int slt_1;

int ch_2;

3

int slt:Z;
float figure;
3
Pair set[896];

[AFFAA A A AR AR ROk s R K R R KKK KKK R A KKK KKK KKK KR K

char Handoff{unsigned long global_timer,int slot_1,int channel_1,unsigned int ongoing_call,int cell,char

burst[2][8][224],int new_cell[2])
{

fail count=0;

char result;

int  channel_2=0;
int slot_2=0;

float Q_Timer_Delay=0;

float Q Timer_ Expiry=2000000;
float T8 Timer Delay=0;

float T8 Timer Expiry=650000;

/l set[set_limit] //

// to indicate the result of HO //

/I Queuing Timer at Target //
// T8 Timer (Rec.Value) //
// Base Station (Rec.Value) //

float PLMN_delay=1000000*ongoing_call*3.%e-5;

float delay=577,
unsigned long old_timer=global_timer;
if (cell==5)
{
new_cell[0]=10;
new_cell[1]=9;
}
if (cell==6)
{

new_cell[0]=9;
new_cell[1]=10;

/I Measurement Report (ISDN) //
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5
new cell[1]=6;
}
/1 (0.1*random(6)) gives a value between 0-0.5 //
delay=delay+PLMN _delay; /I HO_Required //

Q_Timer_Delay=PLMN_delay;
delay=delay+PLMN delay; /I HO Request //

/*********************** Looking for an ]dle Chal\l]el ********************************/
for (int i=0; i<canddate;i++)

{
for (int jj=0; jj<total channels; jj++)
{
if (location[jj]==new _cell[i])
{
for (int xx=0; xx<8; xx++)
{
if (burst[0][xx][jj]==1)
{
channel_2=jj;
slot_2=xx;
goto step 1,
}
}
}
}
}
for (zz=0; zz<total_channels; zz++)
{
for (xx=0; xx<8; xx++)
{
if (burst[0][xx][zz]==1)
{
channel 2=zz;
slot_2=xx;
location[zz]=cell;
goto step_1;
}
}

}

/*m******************************************#*********************************/

burst[0][slot_1][channel_1]=; //reseta failed HO & change //

i
burst[1][slot_1][channel_1]=1; //the old channel toidle //
call _period[sTot_l J[channel 1]=global_timer-timel{slot_1 ][channel 1];
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return result="F";
step_1:

if (Q_Timer_Delay>=Q_Timer Expiry)
{
burst[0][slot_1][channel 1]=1 //reset a failed HO & change //
burst[1][slot_1][channel 1]=1" // the old channel to idle //
call_period[slot_1][channel_1]=global_timer-timel [slot_1][channel 1]
fail_count=fail count+1;
return result="F',

}

delay=delay+PLMN_delay; // HO_Request_Ack (ISDN) //
T8_Timer Delay=PLMN _delay;
delay=delay+PLMN _delay; // HO_Command (ISDN) //

>

[HHREEEFAAAAK TG timer starts here ***k#kkkkkdokok sokskok ko

delay=delay+577; /' HO_Command (downlink) //
T8_Timer_Delay=T8_ Timer Delay+577;

JRFF*AR SR * Check for T8 exph}r*********************/

if (T8_Timer_Delay>=T8 Timer_ Expiry)
{
burst[0][slot_1][channel 1]=4"; //reset a failed handoff  //
burst[1][slot_1][channel 1]=; //and change channel to idle /

call_period[siot_1][channel_1]=global_timer-timel[slot_1][channel 1];
fail_count=fail count+I;
return result="F";

[RAEAAAAAAAAAAAAAAAAAAAA A S oA A oo ok R o K AR o o A ok

delay=delay+577, // HO_Ref Number (uplink) //
T8 Timer Delay=T8 Timer Delay+577,

JR¥FE*AREA** Check for T8 exphyr*********************K
if (T8_Timer_Delay>=T8_Timer Expiry)
{
burst[0][slot_1][channel 1]="1; //reset a failed handoftf //
burst[1][slot_1][channel 1]="1; // and change channel to idle //

call period[slot _1][channel_1]=global_timer-timel{slot_1][channel 1];
fail count=fail count+l;

return result="F";

}

AR K AR R R AHR KRR AR AR S R R SRR R ok

delay=delay+577, // HO_ Detect (downlink) //
T8 Timer_Delay=T8_Timer_Delay+577,

Jexxxxskxkx Check for T8 exphy oo koK R kKRR KRR R S K o
if (T8_Timer_Delay>=T8_Timer_Expiry)

{ .
burst[0][slot_1][channel_1]="1; // reset a failed handoff . /!
burst[1][slot_1][channel _1]=1" // and change channel to idle //
call_period[slot_1][channel_1]=global_timer-timel[slot_1 ][channel 1];

fail count=fail_count+l,
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return result='F",

/****************************************************************M************/
delay=delay+577; // HO_Complete (uplink) //

T8_Timer_Delay=T8 Timer Delay+577:

[REFER KRR X Chack for T8 expiry ook KK KKKk ok

if (T8_Timer_Delay>=T8_Timer Expiry)
{
burst[0][slot_1]{channel 1]=1; // reset a failed handoff  //
burst[1][slot_1][channel 1]=' // and change channel to idle //

call_period[slot_1][channel_1]=global timer-timel [slot_1][channel 1];
fail_count=fail count+1;

return result="F";

}
/******************************************************************************/
delay=delay+PLMN_delay; /I HO_Complete (ISDN) //

T8_Timer_Delay=T8_Timer_Delay+PLMN_delay;

JRksoKsokkokx Check for T8 expiry ARk o KK K Ak o ok /

if (T8_Timer_Delay>=T8 Timer Expiry)
{
burst[0][slot_1]{channel 1]=1 // reset a failed handoff  //
burst[1][slot_1][channel 1]=1, // and change channel to idle //

call_period[slot_1][channel_1]=global_timer-timel[slot_1][channel 1];
fail count=fail count+1;

return result="F";

}

[ AA A A A AAAAAA A A A AR R R s KR KRR K AR A K ACK K Ak e

delay=delay+PLMN_delay; // Clear_Command (ISDN) //
delay=delay+PLMN delay;  // Clear_Complete (ISDN) //

burst[0][slot_1][channel 1]="T",
burst[1][slot_1][channel 1]="T",

burst[0]slot_2][channel 2]='H',
burst[1][slot_2][channel 2]=H'

[HF®®xpdokacokx finding an available set to allocate the Handover channel pair **x#x ookt

for(i=0; i<set_limit; i++)
{
if (set[i].figure==0.0)
{
set[i].figure=old_timer+delay,
set[i].ch_l=channel_I;
set[i].slt_1=slot_1I;
set[i].ch 2= channel 2;
set[i].slt_2=slot_2;
goto step3;
}
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step3:

result='S";
return result;

}

[/ 3 ok ok ok ok ok ook sk ok sk ok ok ok ok ok s s sk ok sk o sk ok sk sk sk ok MAIN ******************************************/

void main()

{

time tt;
srand(unsigned (time(&t)));

out_file_1 << "Handover Delay in Ascending order " << endl;
out_file_3 << "Number of Ongoing calls " << endl;
out_file_4 << "Poisson call rate periods " << endl;

for (int x=0; x<set_limit; x-++)

for (int y=0; y<=7; y++)

{

for (int k=0; k<total channels; k++)
{
next HO[y][k]=0
call_period[y][k]=0;
}

}

JARAFA A A A A A A A A KA CHHANNEL ASSIGNEMENT ¥k kst ek ok ks ko ok ok |
int number=0;

for (int i=0; i<no_of cells ; i++)
{
for (int j=0; j<channel per cell; j++)

{

channel[i][j]=number;

location[number]}=i;

number=number+1;

for (int w=0; w<8; w++)
{
next_call{w][i][j]=0
}

}

JHAFFAAAAE A A AAAA K FUNCTION TO MAKE IDLE CHANNELS A AR A KA K KA A KKK |
for (int v=0; v<=7 ;v++)

{

for (int y=0; y<total_channels; y++)

{
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burst[0][v][y]=1",
burst[1][v][y]=1";
}

}

(*t****:;***;**** FUNCTION TO DEFINE THE NO. OF TERMINALS ootk xokdokdoxokok /
in an=0;,

cout << "1- 100% capacity 1792 terminals” << endl;
cout <<'"2- 50% capacity 896 terminals" << endl;

cout << "3-25% capacity 448 terminals" << endl;

cout << "4-12.5% capacity 224 terminals" << endl;
cout << "5-6.25% capacity 112 terminals" << endl;
cout << end| << endl;

cout << "Enter your choice (1-5): ";

cin >> dan;

switch(dan)
{
case (1):
terminal_no=1;
break;
case (2):
terminal_no=2;
break;
case (3):
terminal_no=4;
break;
case (4):
terminal_no=8,;
break;
case (5):
terminal_no=16;
break;
}

int ram_Jimit=16/terminal_no;

/*****’k***************** SIMULA’I‘ION START***********************************/

for (long u=0; u<65000; ut++)
{
for (int x=0; x<=7 ;x++)
{
global _timer=global_timer+slot_period;
for (int cell=0; cell<no_of_cells; cell++)  /**** cell loop *rAKS

{

int ram=0;

for (int z=0; z<total_channels; z++) ~ /**** channel loop ****/
{
if (location[z]==cell)

{

jsxssssx FUNCTION TO GENERATE HAND-OFF REQUESTS AT Poisson RATE **#*++/
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/*

. */
/* Perform inter-BSC Hanodover in the cells 5,6,9 & 10 only */

/******************************************************************************/

if ((cell==5) || (cell==6) || (cell==9) || (cell==10))
{

if((next_HO[x][2]==0) && (burst[0][x][z]=='D"))
{

next HO[x] (z]=global_timer+(1 000000*Poisson_5());
goto step x;

}
if ((global_timer>=next_HO[x][z]) && (burst[0][x][z]==D")
{

outcome=Handoﬁ‘(global_timer,x,z,ongoing_cail,cell,burst,new_cell);

if (outcome=='S") HO_perf=HO perf+1;
if (outcome=='F") HO_terminated_call=HO_terminated_call+1;

if ((outcome==F") && (fail_count==0)) channel_failed_HO=channel_failed HO+1;
if ((outcome=="F") && (fail_count >0)) delay failed HO=delay failed HO-+1;

next HO[x][z]=0;

goto step 2;

}

IMVWWWY end of Handover function VWAWVVVVVVVVN/

pexksxsesinsst FUNCTION TO GENERATE CALLS AT Poisson RATE * ¥k skstosstist k)

if (ram<ram_limit)
{
if (next_call[x][cell][ram]==0)
{
next_call[x][cell][ram]=global_timer+(18000000),
ram=ram+1;
goto step_x;

}

if ((next_call[x](cell][ram]>0) && (global_timer<next_call[x][cell][ram]))
{
ram=ram+1;
goto step_Xx;

}

if (global_timer>=next_call[x][ce]l][ram])

{

for (int j=0; j<total_channels; j*+)

{

if (location[j]==cell)

{
for (int k=0; k<8; k++)

{ »
if (burst[0][K]G1=="1)

{
burst[0][k][j]=D}

burst[1](k][]=D’; ' ’
float period=1000OOO*Exponentlal_](),
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gall_period[k][j]=period;
timel [k][j]=global_timer:
next_call[x][cell][ram]=0;
new_call_start=new_call_start+1:
ongoing_call=ongoing_ca11+] ;
ram=ram+];

goto Step_x;
}
}
}
}

for (int jj=0; jj<total channels; it
{
int zimm=0;
for (int xx=0; xx<8; Xx++)
{
if (burst[0][xx][jj]==1")
{

zimm=zimm-+];

}

}

if (zimm==38)
{
burst{0J[0][jj}=D;
burst[1][0][jj]=D};
float period=1000000*Exponential _1();
call_period[0][jj]=period;
location[jj]=cell;
time1[0][jj]=global timer;
next_call[x][cell][ram]=0;
new_call start=new call start+1;
ongoing_call=ongoing_call+1;
ram=ram+1;
goto step_X;
}

}

new_call_block=new_call_block+1;
if ((cell==5) || (cell==6) || (cell==9) || (cell==10))
{

special_block=special_block+1;

next_call[x][cell][ram]=0;
ram=ram+];
goto step_x;

}
}

IAMAMAMAAAN end of next_call Function VWVVVWWWVWA

step X:

if ((burst[0][x][z]=="D") && (global_timer-timel [x][z])>=call_period[x][z])

{
burst[0][x][z]=1}
burst[1][x][z]=1}
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if ((burst[0][x

call_period[x][z]=0

all_finished=call_finished+1;
ongoing_call=ongoing_call-1;
goto step_2;

}

{
for (int k=0; k<set_limit; k++)
{
f((set[k].slt_1==x) && (set[k].ch

{
burst[0][set[k].slt_2][set[k].ch_:
burst[1][set[k].slt_2][set[k].ch_:
burst[0][set[k].slt_1][set[k].ch
burst[1][set[k].slt_1][set[k].ch_
set[k].figure=0;

set[k].ch 1=

set{k].ch_2=0;

set[k].slt 1 O,

set[k].slt_2=0;

timel[set[ ].slt_1][setfk].ch 1]=0

call_penod[set[l\], slt_1]{set[k].ch_1]=0;

call_finished=call finished+1;
ongoing_call=ongoing_call-1;

goto step 2;

}
}
}

if (burst[0][x][z]=="H")

{

for (int k=0; k<set_limit; k++)

{

if ((set[k].slt_2==x) && (set[k].ch_2==2))

if (global_timer>=set[k].figure)

timel[set[k].
timel[set[k].slt 1
call_period[set[k].
call period[set[k].
set[k ]ﬁgure=
set[k].ch 1=
set[k].ch 2=
set[k].slt 1
set(k].slt 2=
goto step_2;

}

goto step_2;
}

O
=0,
0;

}
}

2
1

]

.ch

ch 1=
ch 11=1
=

0;

[z]=="T) && (global_timer-time1[x][z])>=call _period[x][z])

J.ch 2]=D;
].ch_2]='D";
1
1

tlmel[set[k] slt_1][set[k].ch_17;

,2]—calljenod[set[k] sit_1][set[k].ch_1];
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step_2:

} /**¥*¥ location[z] loop ****¥/
} [**¥% 7 (channel) loop ****/

step_3:

if (ram<ram_limit)

{

rino=rino+1;

if (next_call[x][cell][ram]==0)
{
next_call[x][cell][ram]=global_timer+(30000000);
ram=ram+1;
goto step_3;

}
if ((next_call[x]{cell][ram]>0) && (global_timer<next_call[x][cell][ram]))

ram=ram+1;
goto step_3;

}

if (global_timer>=next_call[x][cell][ram])
{
for (int j=0; j<total channels; j++)
{
if (location[j]==cell)
{
for (int k=0; k<8; k++)
{
if (burst[0][k][j]=="1)
{
burst{0][k][j]=D";
burst[1][k][j]="D’;
float period=1000000*Exponential_1();
call_period[k][j]=period,
timel[k][j]=global timer;
next_call[x][cell][ram]=0;
new call start=new call start+1;
ongoing_call=ongoing_call+1,
ram=ram+1;
goto step 3;
}
}
}
}

for (int jj=0; jj<total_channels; jj++)
{

[§
int zimm=0,
for (int xx=0; xx<8; xx++)

{
if (burst[0][xx][jj]==1")
{

zimm=zimm+1;

}
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}

if (zimm==8)
{
burst[0][0][ij]="D’;
burst[ 1][0](jj]="D"
float period=1000000*Exponential_1();
call_period[0][jj]=period;
location[jj]=cell;
time1[0][jj]=global_timer;
next_call[x][cell][ram]=0;
new_call_start=new call start+1;
ongoing_call=ongoing_call+1;
ram=ram+1;
goto step_3;

}
}

new_call_block=new_call block+1;
if ((cell==5) || (cell==6) || (cell==9) || (cell==10))
{

special_block=special block+1;
}
next_call[x][cell][ram]=0;
ram=ram+1;

goto step_3;
}
}
} /**** cell counter loop *****/
} /**** X(S}Ot) loop ******,{
} JRFEEX ] loop ***)))*}/
for (int p=0; p<total channels; p++)
{
out file 6 <<p<<" "<<location[p] <<endl;
}
cout << endl << end|;
cout << " Max ongoing call= " << greatest << end],
cout << Max HO Delay=" << longest << endl;
cout << " new_call_start=" << new_call_start << endl,
cout << call_finished= " << call_finished << endl;
cout << new_call block=" <<new_call_block <<endl,
cout << special_block=" << special_block << endl,
cout << " HO_terminated_call=" <<HO_terminated_call << endl,
cout << channel _failed HO=" << channel_failed_HO <<endl,

cout << delay failed HO=" << delay_failed_ HO <<endl;
cout << HO performed= " << HO_perf << endl;

cout <<" global timer=" << global_timer << endl;

cout << rino=" << rino << end],

sk oK kK KK K K K : nCtion ¥ ¥ %k xkionk/
yoo/ main

159



/******************************************************************/

/*
/*

/* Normal PRMA operation with Handover function through PLMN

PRMA++

/* (NO-PRIORITY).

/* ie. A handover terminal has to contend for slot reservation

/* every time and for any channel access attempt.

/*

/*  Standard Specifications
S e

/* PRMA++ Transmission: Packet Size= 125 bits ==> 70 MicroSec
/* Channel Rate= 1.8 Mb/s ==> 0.55 MicroSec/bit
/*  Packet Dropping Threshold= 10 milliSec (2 frames)

/* slots per frame= 72
/* Voice encoder= 13 kb/s
/* Acceptable Packet loss Rate= 1 percent or lower

/*

/*  Algorithm Specifications:

/*

/* 46 slots per channel (30 Info. & 16 Reservation)

/*
/* Changable
/*

specifiations:

/*  max_terminal

s= start_up_limit+80

/*  start_up_limit= 30*2*scaling factor
AR A A AR RS K R KR S K R o

#include <iostream.h>

#include <fstream

h>

#include <stdlib.h>

#include <time.h>

]
1
1
#include <iomanip.h>
1
]

#include <math.h>
#include <alloc.h>

#include <string.h

>

#include "my_lib.h"

/***************** SPECIFICATIONS DATA **************************************/

int channel_per_cell=2;
int slots_per frame=46;

int no_of cells=7;

int total channels=14;

int max_terminals=140
int start_up_limit=60;

unsigned int termi

/******************************************************************************/

int hello;
int pkt_length=70

unsigned long
unsigned long
unsigned long
unsigned long
unsigned long
unsigned long

unsigned int

nal_per cell[7];

>

average dropped_pkt=0;
HO_performed_1=0;
HO performed_2=0;
worst_dropped=0;
global_timer=0;
total_dropped_pkt=0;

reserve[7][2];

// max terminals allowed per cell //
// start_up no of terminals per cell //
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*/
*/
*/
*/
*/
*/
*/
*/
*/
*/
*/
*/
*/
*/
*/
*/

[***#** packet_length in Micro.seconds *****/



unsigned long far
unsigned long far
unsigned long far
unsigned long far
unsigned long far
unsigned long far
unsigned long far
unsigned long far
unsigned long far

int

unsigned char far
unsigned long far
unsigned int. far
unsigned int far
unsigned long far
unsigned long far
unsigned int far
unsigned char far

int set_limit=600;
int new_cell;

class Pair

{
public:

call_period[7][140];
dropped_pkt[7][140];
access_delay[7][140];
HO_delay[7][140];
speech_pkt[7][140];
silence_pkt[7][140];
speech_pkt_count[7][140];
silence_pkt_count[7][140];
max_access_delay[7][140];
ack[7][140];
burst[7][140];

next HO[7][140];
user_slot[7][140];
pkt_ready[7][140];
next_call[7][140];
next_stage(7][140];
pkt_exp_timer[7][140];
slot[644];

unsigned int cell _1;
unsigned int slt_1;
unsigned int ter;
unsigned long figure;

I

Pair set[600]; [AAFAAE set[set_limit] HrdRRRRE/

char file_name I1[]="OUT 1.TXT",
ofstream out_file 1=file name_1;

char file_name 2[]="OUT_2.TXT";
ofstream out_file 2=file name_2;

char file_ name 3[]="OUT_3.TXT";
ofstream out_file 3=file_name_3;

int contention_prob()

int k=random(40);
return k;

/************************************#**#**************************************/
unsigned Jong Handoff_1(unsigned long global_timer,int slot_I,unsigned long ongoing_call,int
cell,unsigned int terminal)

{

HO_performed_1++; '
unsigned long PLMN_delay=80*ongoing_call;
unsigned long old_timer=global_timer;

// 1e6 * 3.9e-5=40 //

unsigned long delay=70; // Measurement Report //
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delay=delay+PLMN _delay; /' HO_Required /

delay=delay+PLMN_delay; /I HO_Request 1
delay=delay+PLMN _delay; /I HO_Request_Ack  //
delay=delay+PLMN _delay; /I HO_Command /

* ok 5k . .
[k RSk %* finding an available set to allocate the Handover channel pair FRRRk ok ok ok

for(int i=0; i<set_limit; i++)

{

if (set[i].figure==0)
{
set[i].figure=old_timer+delay;
setfi].cell I=cell;
set[i].slt_1=slot 1;
set[i].ter=terminal;
goto step3;
}

}

step3:

return delay;

}

JRAAAAA A A A A AR A AR KRR KK R Rk R K S oo o ok ok

unsigned long Handoff 2(unsigned long ongoing_call)

{
HO_performed 2++;

unsigned long PLMN_delay=80*ongoing_call;
unsigned long delay=0;

delay=delay+70; // HO Ref Number (uplink) //
delay=delay+70; // HO Detect (downlink) 1
delay=delay+70; // HO_Complete (uplink) /
delay=delay+PLMN_delay; /I HO_Complete /
delay=delay+PLMN_delay; // Clear_Command  //
delay=delay+PLMN_delay; // Clear_Complete  //

return delay;

}

A AAAAA A A A AR KA AR AR R AR AR KA SO ok KKk /

void call_period_function(int xx, int yy, unsigned long global_timer)
{ﬂoat period=1000000.0*Exponential_1();
speech_pkt[xx][yy]=(0.45*period)/pkt_length;
silence_pkt[xx][yy]=(0.55*period)/pkt_length;
call_period[xx][yy]=speech_pkt[xx}[yy]+silence_pkt[xx][yy];
next_call[xx][yy]=global_timer+(3220 *Poisson_call_50());
}

/*******************************************************************************/
int quality_check_function(int xx, int vY)

{

int quality=0;,

long v=speech_pkt[xx][yy}/100; '

if (dropped_pkt[xx][yy]>=V) qua}lty=0;

if (dropped_pkt[xx][yy]<v) quality=1;

if (dropped _pkt[xx][yy]>worst_dropped) worst_dropped=dropped_pkt[xx][yy];

return quality;
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}

/*************************************************************‘k*****************/

void call_terminate_function(int xx, int yy)

{

burst{xx][yy]=1"
pkt_ready[xx][yy]=0;
ack[xx][yy]=0;
dropped_pkt[xx][yy]=0;
pkt_exp_timer[xx][yy]=0;

speech_pkt[xx][yy]=0;
speech_pkt_count[xx][yy]=0
silence_pkt[xx][yy]=0;
silence_pkt count[xx][yy]=0

call_period[xx][yy]=0;
next_call[xx][yy]=0;
next HO[xx][yy]=0;
next_stage[xx][yy]=0;
access_delay[xx][yy
max_access_delay[
HO_delay[xx][yy]

0’

if (user_slot[xx][yy]!=6000)

{

user_slot[xx][yy]=600

}

slot[user_slot[xx ][yy]]—"

}

A A A A R KRR KRS Kok KK KR o KK RS K R ARk R A o /

char silence_activity_function(unsigned long ww, unsigned long xx, unsigned long yy, unsigned long zz)

{

char result;
int coin_toss=random(20);
if (coin_toss>0)
{
if ((ww-xx)>0)
{
result="D";
goto out_side;
}
result='S";
goto out_side;

}
if (coin_toss==0)

if ((yy-zz)>0)
{
result='S";
goto out_side;
}

result="D";

goto out_side;

}

out_side:
return result;

}

0
I=

xx][yy]=0
=0
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/********************************** I\/‘[fAIN **************************************/

void main()
{
int pkt_buffer=2*slots_per frame;
int slot_period=70;
char result;
int temp=0;

unsigned long  ongoing_greatest=0;
unsigned long  longest=0;

unsigned long  bad_call=0

unsigned long  ongoing_call=0;
unsigned long  call_finished=0;
unsigned long new_call start=0;
lon
!

unsigned lon total_access delay=0;
unsigned ong mean_access_delay=0;

time _ts;
srand(unsigned (time(&s)));

unsigned int slot_counter=0;
for (int i=0; i<slots_per frame; i++)

{
for (int j=0; j<total channels; j++)
{
if ((>1) && (fmod(i+1,3)==0))
{
slot[slot_counter]="R’;
goto step_slot;
slot[slot_counter]=T};
step_slot
slot_countert++;
}
}

for(int 1i=0; ii<set_limit; ii++)
{
set[ii]. ﬁgure‘“
set[ii].cell _1=6000;
set[ii].slt 1=6000;
set[ii].ter=6000;

for (int r=0; r<7; r++)
{ . .
terminal_per_cell[r]=start_up_limit;
for (int y=0; y<max_terminals; y++)

{

burst[r][y]=1";
pkt_ready[r ][ 170,
pkt_exp_timer[r][
dropped_pkt[r]ly

1=0;
~0;
speech_pkt[r][y]=0;

>
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speech_pkt_count[r][y]}=0;
silence_pkt[r][y]=0

silence_pkt_count[r][y]=0;
ack[r][y]=0;

access_delay[r][y]=0;
max_access_delay[r][y]=0

HO_delay[r
user_slot[r]
next_stage[r] y]=O
next_call[r][y]=0
next HO[r][y]
call period[r ][y]= :

if (y < start_up_limit) call_period_function(r,y,global_timer);

}

y
r][y]=0;
[y]=6000
r][
[

I

}

int w=0; [*¥*** w= slot counter ****/
for (long u=0; u<80000; u++)
{W:O' /**********************************/
for (int pp=0; pp<no_of cells; pp++) /* Resetting the reservation slots */
{ JRAAAAAA AR A oo oK KA KKKk
for (int }j=0; jj<channel _per_cell; jj++)
{
reserve[pp][jj]=0;
}
}

for (int x=0; x<slots_per_ frame ;x++)
{
global timer=global timer+slot period,
for (int cell=0; cell<no_of cells; cell++)
{

for (int z=0; z<channel per cell, z++)

{

[EF R AR A KRR AR KRRk TR SEOT[W]=1 LOOP KK KR KR KRRk AR Kk K /
if (slot{w]=="R") goto step_2;

if (slot[w]==1)
{

int highest prob=0;

int user_number=0;

for (int t=0; t<terminal_per_cell[cell]; t++)

{if ((burst[cell][t]==") && (global_timer>=next_t call[cell][t]) && (next_call[cell][t]>0))
{
burst[cell][t]=D}
pkt_ready[cel ][]
ack[cell][t]=-
next_call[ce ][t} =0;
new call_start++,
if((c_ell==0 || cell==3 || cell==4 || cell==5) && (next_HO[cell][t]==0))

{next HO[cell][t]=global_timer+(1000000*Poisson_15());

}
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}

if ((speech_pkt_count[cell][t]+silence pkt =c i
’ _ pkt_count[cell][t]>=call per 3
(call. period[cell][1]>0)) [cell][t]>=call_period[cell][t]) &&
{

%f (ack[f:ell][t]==1) ongoing_call--;
if (quality_check_function(cell,t)==0) bad_call++;
Fotal_dropped _pkt=total_dropped_pkt+dropped pkt[cell][t];
if (access_delay[cell][t]>max_access_delay[cell][t])
max_access_delay[cell] [t]=access_delay[cell][t];
if{burst[cell][t]=="H")
{
for (int kk=0; kk<set_limit; kk++)
{
if ((set[kk].cell_I==cell) && (set[kk].ter==t))
{
set[kk].figure=0;
set[kk].cell 1=6000;
set[kk].slt_1=6000;
set[kk].ter=6000;
goto step_H;

}

}
step H:

total access_delay=total_access_delay+max_access_delay[cell][t];
call terminate function(cell,t);

call period function(cell,t, global timer);

call_finished++;

goto step_1;

}

if ((burst[cell][t]=="H") && (ack[cell][t]==1) && (next_stage[cell][t]==1))
{

for (int k=0; k<set_limit; k++)

{
if ((set[k].cell_1==cell) && (set[k].ter==t))
{
if ((global_timer>=set[k] figure) && (set[k].figure>0))

{
if (cell==0) new_cell=3;
if (cell==5) new_cell=4;
if (cell==3) new_cell=0;
if (cell==4) new_cell=5;
int new_terminal=terminal_per_cell[new_cell];
burst[new_cell][new_terminal]="H'
ck[new_cell][new_terminal]=-1;
pkt ready[new_cell][new_terminal]=1;
pkt_exp_timer[new_cell][new_terminal]=0;
dropped _pkt[new_cell][new_terminal]=dropped_pkt[cell]t];
speech_pkt[new_cell][new_terminal]=speech _pkt[cell][t];
speech _pkt_count[new_cell][new_terminal]=speech _pkt_count[cell][t];
silence_pkt[new_cell][new_terminal}=silence - pkt[cell][t];
silence_pkt_count[new_cell][new_terminal]=silence -~ pkt_count[cell][t];
call _period[new_cell][new_terminai]=call _period[cell][t];
access__delay[new_cell][new_terminal]=access_delay[cell][t];
max_access_delay[new_cell][new_terminal]=maxﬂaccess_delay[cell][t];
next_stage[new_cell] [new_terminal]=2;
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call_terminate_function(cell,t);
terminal_per_cell[new_cell]++;
terminal_per_cell[cell]--;
set[k].figure=6000;

set[k].cell 1=6000;
set[k].slt_1=6000;
set[k].ter=6000;

goto step_1;

if ((cell==0 || cell==3 || cell==4 || cell==5) && (global_timer>=next_HO[cell][t]) &&
(next_HO[cell][t]>0))
{
if ((burst[cell][t]=="D") && (ack[cell][t]==1))
{

burst[cell][t]="I;

HO_delay[cell][t]=HO_delay[cell][t]+Handoff 1(global_timer,w,ongoing_call cell,t);
next HO[cell][t]=0;

goto step_1;

}

if ((burst[cell][t]==D") && (ack[cell][t]==-1))
{
burst[cell][t]="H';
next_stage[cell][t]
next HO[cell][t]=
goto step;,

0;

}

if ((burst[cell][t]=='S") && (ack[cell][t]==0))
{

burst[cell][t]='H',
ack[cell][t]=-1;
pkt_ready[cell][t
next_stage[cell][
next HO[cell][t]
goto step;

=1
t]=1,
=Q-

>

) [rernekif ell=0 & 3 & 4 & 5 Loop ***¥hxinsks/

step:
if ((pkt_ready[cell][t]==1) && (ack[cell][t]==-1))
{ . .

int probability=contention_prob();

if (probability > highest_prob)
{ vy
highest_prob=probability;
user_number=t;

}
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step_1:
} JRHRE SRR, LOOp A Kk KK

%% ok ok sk kK K ok K ok K ok ok ok ROk K ok ok ok ok ok ok K ok ok TRANSMISSION LOOP *************************/
if (reserve[cell][z]>=15) goto step 2;

if (highest_prob>0)
{
if (burst[cell][user_number]=="H")
{
if (next_stage[cell][user_number]==1)
{

ongoing_call++;
if (ongoing_call>ongoing_greatest) ongoing _greatest=ongoing_call;

HO_delay[cell][user_number]=HO_delay[cell][user_number]+HandofT 1 (global_timer,w,ongoing_call,

cell,user_number);

ack[cell][user_number]=1;

pkt_exp_timer[cell][user_number]=0;

user_slot[cell]{user_number]=w;

slot[w]='H",

if (access_delay[cell][user_number] > max_access_delay[cell][user_number])
max_access_delay[cell][user_number]=access_delay[cell][user number];

access_delay[cell][user_number]=0;

reserve[cell][z]++;

goto step 2;

}

if (next_stage[cell][user _number]==2)
{
HO_delay[cell]{user_number]=HO_delay[cell][user number]+Handoff 2(ongoing_call);
if (HO delay[cell][user_number]>longest) longest=HO_delay|cell]{user number];
HO delay[cell][user_number]=0;
}
}
ongoing_call++;
if (ongoing_call>ongoing_greatest) ongoing_greatest=ongoing_call;
burst{cell][user_number]='D";
ack{cell][user_number]=1;
pkt_exp_timer{cell]{user_number]=0;
user_slot[cell][user_number]=w;
slot[w]="D’,
if (access_delay[cell][user_number] > max_access_delay[cell][user_number])
max_access_delay[cell][user_number]=access_delay[cell][user_number];
- access_delay[cell][user_number]=0;

reserve[cell][z]+,
goto step_2;
}
goto step_2;
) JRHAE KKK ifslot[w]=='i‘ LOOp KA AR KKK

ok ok ok o oK ok oK ok ok K ok Ok
/***************************#* IF SLOT{W]:'D' LOOQP #¥*kdokkokshdor dok /

if (slot[w]=='D")

for (int t=0; t<terminal_per_cell[cell]; t++)

{

if (user_slot{cell][t}==w)

{
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temp=t;
goto skip_1;
}
}
skip 1:

if ((speech_pkt_count[cell][temp]+silence _pkt_count[cell][temp]>=call_period[cell][temp]) &&
(call_period[cell][temp]>0))

{
if (quality_check_function(cell,temp)==0) bad call++;
total_dropped_pkt=total_dropped_pkt+dropped _pkt[cell][temp];
if (access_delay[cell][temp]>max_access_delay[cell][temp])

max_access_delay[cell][temp]=access_delay[cell][temp];

total_access_delay=total_access_delay+max_access_delay[cell][temp]
call_terminate_function(cell,temp);
call_period_function(cell,temp, global_timer);
ongoing_call-~;
call_finished++;
goto step_2;

}

goto step_2;
} [k ifslot[w]=D *****************/

>

KA AR SRR AR OR R KAk KRRk SLOT[W]="H' LOOP ¥k kb ook sk stk dokdodohodokok kokok /

int set_no;
int p;
if (slot[w]=='H")
{
for (int k=0; k<set_limit; k++)
{
if ((set[k].slt_1==w) && (set[k].cell_1==cell))
{
set_no=k;

p=set[k].ter;
goto step_M;
}

}

step M: A . . A
if((speech_pkt_count[cell][p]+silence~pkt__count[cell][p]>=call_perlod[cell][p]) &é&
(call_period[cell][p]>0))

{ if (quality _check_function(cell,p)==0) bad_call++;
total_dropped_pkt=total_dropped_pkt+dropped_pkt[cell][p];
if (access_delay[cell][p]>max_access_delay[cell][p])

max_access_delay[cell][p]=access_delay[cell][p];
set[set_no].figure=0;
set[set_no].cell_1=6000;
set[set_no].slt_1=6000;
set[set_no].ter=6000; _
total access delay=total_access_delay+max_access_delay[cell][p];
call ?erminate_ﬁmction(cell,p);
call:periodjunction(cell,p, global_timer);
ongoing_call--;
call_finished++;
goto step_2;
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if (next_stage[cell][p]==1)

if (cell==4) new_cell=5;
int new_terminal=terminal_per cell[new_cell]

{
if (global_timer>=set[set_no].figure)
{
if (cell==0) new cell=3;
if (cell==5) new cell=4;
if (cell==3) new cell
l

>

burst[new_cell][new_terminal]='H',

ack[new_cell][new_terminal]=-1;
pkt_ready[new_cell][new_terminal]=1;
pkt_exp_timer[new_cell][new_terminal]=0;
dropped_pkt[new_cell][new_terminal]=dropped_pkt[cell][p];
speech_pkt[new_cell][new_terminal]=speech pkt[cell][p];
speech_pkt_count[new_cell][new_terminal]=speech pkt_count[cell][p];
silence_pkt[new_cell][new_terminal]=silence_pkt[cell][p];
silence_pkt_count[new_cell][new_terminal]=silence_pkt_count[cell][p];
call_period[new_cell][new_terminal]=call_period[cell][p];
access_delay[new_cell][new_terminal]=access_delay[cell][p];
max_access_delay[new_cell][new_terminal]=max_access_delay[cell][p];
next_stage[new_cell][new_terminal]=2;

call_terminate function(cell,p);

terminal per cell[new_cell]++;

terminal_per_cell[cell]--;

set[set_no].figure=0;

set[set_no].cell 1=6000;

set[set _no].slt 1=6000;

set[set_no].ter=6000;

goto step_2;

}
}

} /*****ifslot[w]='H' LOOp ok KKK KK
step_2:
w=w+1;

} [¥**x% 5 channel loop **¥***/

SRR RO S R SOk K K PACKET_EXPIRY_TIMER UPDATE **¥#%%sh ko sohokododokokokhonon /
for (int k=0; k<terminal_per_cell[cell]; k++)
char temp_burst, out_come;

if ((ack[cell][k]==0) && (burst[cell][k]==1")) goto step_4;
if ((ack[cell][k]==0) && (burst[cell][k]=='S")

{

}
if (ack[cell][k]==-1)

silence_pkt_count[cell][k]=silencejkt_count[cell][k]+1,

access delay[cell][k]=access_de]ay[cell][k]+slotfperiod;
if (accgss_delay[cell][k] > max_access_delay[cell][k])
max_accessﬁdelay[cell][k]=access_delay[cell][k];
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if (burst[cell][k]=="H")
{

HO_delay[cell][k]=HO_delay[cell][k]+slot _period;

goto step_4;

}
pkt_exp_timer[cell][k]++;

>

if (pkt_exp_timer[cell][k]>=pkt_buffer)

dropped_pkt[cell][k]++;
pkt_exp_timer[cell][k]=0;
speech_pkt_count[cell][k]++
access_delay[cell][k]=0;
}
goto step 4;

}

>

if ((ack[cell][k]==1) && (burst[cell][k]=='D")) speech pkt count[cell][k]++;

temp_burst=burst[cell][k];

unsigned long no_1, no 2, no 3, no_4;
no_l=speech_pkt[cell][k];
no_2=speech pkt count[cell][k];
no_3=silence_pkt[cell][k];
no_4=silence_pkt count[cell][k];

out_come=silence_activity function(no_1, no_2, no 3, no_4);

if ((temp_burst=="D") && (out_come=="D")) goto step 4;
if ((temp_burst=="S') && (out_come=='S")) goto step 4;

if ((temp_burst=="D") && (out_come=='S"))

{

burst[cell][k]='S};
pkt_ready[cell][k]=0;
ack[cell][k]=0;
slot[user_slot[cell][k]]=1}
user_slot[cell][k]=6000;

ongoing_call--;
}
if ((temp_burst==S") && (out_come=='D"))
{
burst[cell][k]=D";

[
pkt_ready[cell][k]=1;
ack[cell][k]=-1;

}
step 4.
} JRERFRRE | loop HHR Kk Kk KK [
/**** cell counter loop ****/
} /****x(slot) Ioop SEEEL LY
} /****Uloop st s o ok ok ok o Rk Ok K

if (call_finished>0)
{

average dropped_pkt=total_dropped _pkt/call_ﬁnished;
mean agcess_delay=tota1_access_delay/call_ﬁmshed;



}

cout << "
cout << "
cout << "
cout << "
cout << "
cout << "
cout << "
cout << "
cout << "
cout << "
cout << "

}

Max ongoing call= " << ongoing _greatest << endl;
Max HO_delay= " << longest << end];
HO_performed_1=" <<HO_performed 1 << endl;
HO_performed_2=" <<HO_performed 2 << endL;
new_call_start=" << new_call_start << endl;
call_finished= " << call_finished << end|
bad_call=" <<bad_call << endl;
worst_dropped=" << worst_dropped << endl;
average_dropped pkt=" <<average dropped pkt << endl;
mean_access_delay=" << mean_access_delay << endl
global_timer=" << global_timer << endl;

3

>

/*** main function ****/
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/********************************************************************************/
/* Advanced PRMA++ */
*

/ */

; * IMPROVED HANDOVER SIGNALLING USING 3 MESSAGE SEQUENCE ONLY */
*

*/
/* New PRMA operation with Improved Handover function through */
/*  Air Interface (NO-PRIORITY). */
* */
/* Standard Specifications: */
* i
/* PRMA++ Transmission: Packet Size= 125 bits ==> 70 MicroSec */
/* Channel Rate= 1.8 Mb/s ==> 0.55 MicroSec/bit */
/* Packet Dropping Threshold= 10 milliSec (2 frames) */
/* slots per frame= 72 */
/* Voice encoder= 13 kb/s */
/*  Acceptable Packet loss Rate= 1 percent or lower */
/¥ */
/*  Algorithm Specifications: */
/ o
/* 46 slots per channel (30 Info. & 16 Reservation) */
/* */
/*  Changable specifiations: */
/* */
/*  max_terminals= start up limit+80 */
/*  start_up_limit= 30*2*scaling factor */

A A SR SRR R R R SRSk KRR o KRR K ook K K K K R RS ok ok |

#include <iostream.h>
#include <fstream.h>
#include <stdlib.h>
#include <iomanip.h>
#include <time.h>
#include <math.h>
#include <alloc.h>
#include <string.h>
#include "my_lib.h"

JHA koK Rk Aok Ak k% SDECIFICATIONS DATA  * ¥k kokotokokodok oot sodtokoksododod k% k |
int shift_slots=5;

int channel_per_cell=2;

int slots_per frame=406;

int no_of cells=7,

int total channels=14;

int max_terminals=220; // max terminals allowed per cell //

int start:upmlimit=l40; // start_up no of terminals per cell //

unsigned int ter_per_cell[7];
/*****************************************************************************ﬁ:/

int cell=0;

int hello;

int pkt length=70;

unsigned long  average_dropped_pkt=0;
unsigned long ~ HO_performed=0;
unsigned long ~ worst_dropped=0;
unsigned long  global_timer=0;
unsigned long total_dropped_pkt=0;
unsigned long total_dropped_pkt 2=0;

[**¥4%* packet_length in Microseconds ****/
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unsigned int reserve[7][2];

3

unsigned long far call_period[7][220];
unsigned long far dropped_pkt[7][220];
unsigned long far access_delay[7][220];
unsigned long far HO_delay[7][220];
unsigned long far speech_pkt[7][220];
unsigned long far silence_pkt[7][220];
unsigned long far speech_pkt_count[7][220];
unsigned long far silence_pkt_count[7][220];
unsigned long far max_access_delay[7][220];
unsigned char far burst{2][7][220];

unsigned int far user_slot[7][220];
unsigned int far pkt_ready[7][220];
unsigned int far pkt_exp_timer[7][220];
unsigned long far next_call[7][220];
unsigned long far next HO[7][220];

int ack[7](220];

int new_cell[4];
unsigned char far slot[644];

int set_limit=600; /**%% HANDOVER SET_LIMIT ***k#xx/

class Pair

{

public:
unsigned long figure;
unsigned int cell 1;
unsigned int slot_1;
unsigned int ter no_1;
unsigned int cell_2;
unsigned int slot_2;
unsigned int connected,

}

Pair s’et[4][600]; [RAREAA I KK, got[set Jimit] FxkxARRRRAR/

char file name 1{]="OUT_1.TXT";
ofstream out_file 1=file_name_1I;

char file_name 2[]="OUT_2.TXT";
ofstream out_file 2=file_name_2;

char file_name 3[J="OUT_3.TXT";
ofstream out_file 3=file_name_3;

/******************************************************************************/
int contention_prob()

int k=random(40),
return k;

}
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/******************************************************************************

char slot_check(int slot_number 1, int slot_number 2, int shift
channel_per_cell, int no_of cells) - -
{
int slot_indicator 1=0;
int slot_indicator 2=0;
int adjacent_slot_diff
char output;
int lower;
int upper;
adjacent_slot_diff=channel_per_cell*no_of cells;
for (int i=0; i<slots_per_frame; i++)
{
if ((slot_number_1-(i+1)*adjacent_slot_diff)<0) goto skip_A:
slot_indicator_1=slot_indicator 1+1;

}

skip_A:

/

slots, int slots_per_frame, int

for (int j=0; j<slots_per_frame; j++)
{
if ((slot_number_2-(j+1)*adjacent_slot_diff)<0) goto skip AA;
slot_indicator_2=slot_indicator 2+1;

}

skip AA:

if ((slot_indicator 1-shift_slots)>=0)
l{ower:slot_indicator_l -shift_slots;
goto skip B;
}

if ((slot_indicator_1-shift_slots)<0) lower=slots_per_frame+(slot_indicator_1-shifi slots),
skip B:

if ((slot_indicator_1+shift_slots)>(slots_per_frame-1))

{

upper=(slot_indicator_1+shift_slots)-(slots_per_frame),
goto skip_C;
}

if ((slot_indicator 1+shift_slots)<=(slots_per_frame-1)) upper=slot_indicator_1+shift_slots;

skip_C:

if ((slot_indicator_2==slot_indicator 1) || (slot_indicator_2==upper) |l (slot_indicator_2==lower))

{

output="N';
goto skip_D;
}

output="Y";
skip_D:
return output;

}
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/******************************************************************************/
unsigned int Handoff 3()

HO_performed++;
unsigned int delay=70%3;
return delay;

}

/******************************************************************************/

void call_period_function(int xx, int yy, unsigned long global_timer)
{
float period=1000000.0*Exponential 1();
speech_pkt[xx][yy]=(0.45*period)/pkt_length;
silence_pkt[xx][yy]=(0.55*period)/pkt_length;
call_period[xx][yy]=speech_pkt[xx][yy]+silence - pkt{xx][yy];
next_call[xx][yy]=global_timer+(3 220*Poisson_call_50());
}

/" Measurement Report (ISDN) //

/******************************************************************************/
int quality_check_function(int xx, int yy)

{

int quality=0;

long v=speech pkt[xx][yy]/100;

if (dropped_pkt[xx][yy]>=v) quality=0;

if (dropped_pkt[xx][yy]<v) quality=1;

if (dropped_pkt[xx][yy]>worst_dropped) worst_dropped=dropped_pkt[xx][yy];
return quality;

}

R A KA AR A A A SRR SRR KK RO AOK RS K K R KK R KARA K /

void call_terminate_function(int xx, int yy)

{
burst[0][xx][yy]=1
burst[1][xx][yy]=1;

PkLready[XXJ[yy]:O,
ack[xx]{yy]=0;
dropped_pkt[xx]{yy]=0;
pkt_exp_timer[xx][yy ]=O'
speech_pkt[xx][yy]=0;
speech_pkt_count{xx]{yy]=0;
silence_pkt[xx][yy]=0;
silence_pkt_count[xx][yy]=0
call_period[xx][yy]=0;
next_call[xx][yy]=0;
next HO[xx][yy]=0;
HO delay[xx][yy]=0;
access_delay[xx][yy]=0;
max_access_delay[xx][yy]=0
if (user_slot[xx][yy]!=60 OO)

>

slot[user_slot[xx][yy]]=1;
user_slot[xx]{yy}=6000;

}
}

e o ok Rk R o ok ok ok s S K S K o K oo SRRk R K oK KR S ok S KRR SRR ok K SRk o KRk Ak
JRxx

char silence _activity_: function(unsigned long ww, unsigned long xx, unsigned long yy, unsigned long zz)

{

char result;
int coin_toss=random(25);
if (coin_toss>0)
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{

if ((ww-xx)>0)
{
result="D";
goto out_side;
}

result='S";

goto out_side;

}

if (coin_toss==0)

{

if ((yy-zz)>0)
{
result="S";
goto out_side;
}

result="D";

goto out_side;

}

out_side:
return result;

}

JHRF AR SRk KK KRR R ROk ook VA TN AR AR KRR R o o ook o

void main()

{

int pkt_buffer=2*slots_per frame;
int slot_period=70;
int chk_cell;

int set_cell;

int set_no;

int p;

char result;

int temp=0;

int HO_stage=0;
int highest_prob=0;
int user_number=0;

new_cell[0]
new_celi[1]

unsigned long
unsigned long
unsigned long
unsigned long
unsigned long
unsigned long
unsigned long
unsigned long
unsigned long
unsigned long
unsigned long
unsigned long

time_t's;
srand(unsigned (time(&s)));

:3,

3

ongoing_greatest=0;

longest=0;,
bad_call=0;
bad call 2=0;

ongoing_call=0;
call_finished=0;
call_finished 2=0,
new_call start=0;
mean_access_delay=0;
mean_access_delay_2=0;
total_access_delay=0;
total_access_delay_2=0;
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new_cell[2]=1
new_cell[3]=0

3

/********************** FUNCTION TO I\',IAKE IDLE CHANNELS *******************/

unsigned int slot_counter=0;
for (int i=0; i<slots_per_frame; i++)
{
for (int j=0; j<total_channels; j++)
{
if ((>1) && (fimod(i+1,3)==0))
{
slot[slot_counter]=R";
goto step_slot;

slot[slot_counter]='1";
step_slot:
slot_counter++;

}

for(int 1i=0; ii<4; ii++)
{

L

for (int jj=0; jj<set_limit; jj++)

set[ii][jj].figure=0;
set[ii][j)].cell_1=6000;
et[ii] ]slot 1=6000;
set[ii] ]ter no_1=6000;
set[ii][jj].cell 2= 6000
[ii] ()5
(] ij].

w2

]
[ij
(i)
et[ii][jj ot 2=6000;

[jj].connected=0;

w2

set|1

}

for (int r=0; r<7; r++)

{

ter_per_cell[r]=start_up limit;

for (int y=0; y<max_terminals; y++)
{
burst[0][r][y]=1}
burst[1][r][y]=1;
pkt_ready([r ][y]=0,
pkt_exp_timer[r][y]=0;
dropped_pkt[r][y]=0;
speech_pkt[r][y]=0;
speech_pkt_count[r][y]=0
silence_pkt[r][y]=0;
silence_pkt count[r][y]=0
ack([r][y]=0;
HO_delay[r][y]=0;
access_delay[r][y]=0;
max_access_delay[r][y]=0
user_slot[r][y]= 6000,
next_call[r][y]=0;
next_HO[r][y]=0;
cal _per10d[r][y]=0,
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]’if (y <start_up_limit) call _period_function(r,y,global_timer);

}
/R KKKk ok 3k 3k o ok 3 ok ok 3k ok ok o o SIMULATION START **********************************/
unsigned int counter=0; [¥*** slot counter **¥¥/
for (long u=0; u<80000; utt)
{
counter=0;

for (int pp=0; pp<no_of _cells; pp++)

for (int jj=0; jj<channel_per cell; jj++)
{
reserve[pp][jj]=0;
o)
J

for (int x=0; x<slots_per frame ;x-++)
{
global _timer=global_timer+slot_period;
for (int cell_counter=0; cell_counter<no_of cells; cell_counter++)

{

cell=cell_counter;
for (int z=0; z<channel_per_cell; z++)

{
R A s K kR ok sk ok o ok ok ok H:SLOT[COUNTER]Z'i'LOOP ks ok ook ok kR S Kk K K

if (slot[counter]=="R") goto step_2;
if (slot[counter]=="")

{
1f((cell———0) H (Cen::l) H (cell==2) H (CCH=:3))
(
for (int i=0; i<set_limit; i++)
{

if ((set[cell][1].cell_2==cell) && (set[cell][i].connected==0))

char check=slot_check(set[cell][i].slot_1, counter, shift_slots, slots_per frame,
channel_per_cell, no_of cells),
if (check=="Y")
{
burst[1][set[cell][1].cell_1][set[cell][i].ter_ no 1]="H’,
set[cell][i].figure=global timer+Handoff 3();
slot[counter]='H',
set[cell][i].slot_2=counter;
set[cell][i].connected=1;
goto step 2;

}

if ((set[cell][i].cell_2==cell) && (set[cell][i].connected==1))
if ((global_timer>=set[cell][i] figure) && (set[cell][1].figure>0))
int A_cell=set[cell][i].cell_1;
int A_ter_no=set[cell][i].ter_no_1;

HO delay[A_cell] [A_ter_no]=HO_delay[A_cell][A_ter_no]Jt+Handoff _3();
unsigned long temp_delay=HO_delay[A_cell][A_ter_no];
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if (temp_delay>longest) | ongest—temp_delay;

burst[0][A_cell][A_ter _noJ=1

burst[1][A_cell][A_ter _noj= '1’

burst[0][cell][ter_per_cell[cell]]='D";

ack[cell][ter_per_cell[cell]]=1:

pkt_ready[cell][ter_per cell[cell]]=1;

user_slot[cell][ter _per_cell[cell]]=set[cell][i].slot_2;

slot[set[cell][i].slot_2]='D";

speech_pkt[cell][ter_per_cell[cell]]=speech _pkt[A_cell][A_ter no];
speech_pkt_count[cell][ter_per_cell[cell]]= =speech _pkt count[A_cell][A_ter_noJ;
silence_pkt[cell][ter_per_cell[cell]]=silence _pkt[A_cell][A_ter_no];
silence_pkt_count[cell][ter_per cel I[cell]J=speech_pkt count[A _cell][A_ter_no];
call_period[cell][ter_per_cell[cell]]=cal I_period[A_cell][A_ter_no];
dropped_pkt[cell][ter_per_cell[cell]]= dropped_pkt[A_cell][A_ter no];
access_delay[cell][ter_per_cell[cell]]=access_delay[A _cell][A_ter_no];
max_access_delay[cell][ter_per_cell[cell]]=max_access delay[A _cell][A_ter_no],
call_terminate_function(A_cell,A_ter no);

ter_per_cell[cell]++;

ter_per_cell[A_cell]--;

set[cell][1].figure=0;
set[cell][i].cell_1=6000;
set[cell][1]. slot 1=6000;
set[cell][i].ter_no_1=6000;
set[cell][i].cell 2=6000;
set[cell][1].slot_2=6000;
set[cell][1].connected=0;
}
}
} [HRAHrREEEX for i<set_limit foop *Akkk*kxk/
} JRKEEAAR K GF cal]=(0) ” 1 ”2”3 A KA A K

highest_prob=0;
user_number=0;,

for (int t=0; t<ter_per_cell[cell]; t++)

{

if ((burst[0][cell][t]==1") && (global_timer>=next_call[cell]{t]) && (next_call[cell][t]>0))
{
burst[0][cell][t]='D";
pkt_ready[cell][t]=1
ack[cell][t]=-1;
next_call[cell][t]=0;
new_call start++; _
if ((cell==0 || cell==1 || cell==2 || cell==3) && (next_HO[cell][t]==0))

{ .
next HO[cell][t]=global_timer+(1000000*Poisson_15());
}

goto step;

}

if ((speech_pkt_count[cell][t]+silence - pkt_count[cell][t]>=call_period[cell][t]) &&
(call_period[cell][t]>0))
{ .
if (ack[cell][t]==1) ongoing_call--;
if (quality check ﬁmction(cell,t)==0) bad_call++;
if (cell==0 || cell==1 || cell==2 || cell==3) bad_call 2++;
total_dropped_pkt=total _dropped_pkt+dropped_pkt[cell][t];
if (access_delay[cell][t] > max_access _delay[cell][t])
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max_access_delay[cell] [t]=access_delay[cell][t];
iftburst[0][cell][t]=="T")
{

for (int kk=0; kk<set_limit; kk++)
{
if ((set[new_cell[cell]][kk].ce11_1==cell) && (set[new_cell[cell]][kk].ter no 1==t))
{ _ho_
set[cell][1].figure=0;
set[cell][i].cell_1=6000;
[cell][i].slot_1=6000;
set[cell][i]. ter _no_1=6000;
[cell][i].cell 2=6000;
[cell][i].slot_2=6000;
set[cell][i].connected=0;

goto step H;
}

step_H:

total_access_delay=total_access_delay+max_access _delay[cell][t];
if (cel =0 || cell==1 I} cell==2 || cell==3)
{

total_access_delay 2=total access d elay_2+max_access_delay[cell][t];
call_finished 2++;
}
call_terminate_function(cell,t);
call_period_function(cellt, global_timer);
all finished++;
goto step_1;

}

[RHERFFEF A KA A A K JANDOVER GENERATION FUNCTION SRRk R R Kk

if (((cell==0) || (cell==1) || (cell==2) || (cell==3)) && (global_timer>=next_HO[cell][t]) &&
(next_HO[cell][t]>0))

if ((burst[0][cell][t]=="D") && (ack[cell][t]==1))
{
burst[0][cell][t]="T",
next HO[cell][t]=0
slot[user_slot[cell][t]]="T",

/¥#%kx find an empty set in the next_cell ******/

for (int j=0; j<set_limit; j++)

i{f (set[new_cell[cell]][j].cell_1==6000)
iet[new cell[cell]];]. figure=0;
set[new_cell[cell]][i].cell_1=cell;
set[new_cell[cell]]{j].slot_ l—user ~slot[cell][t];
set[new_cell[cell]][j].ter_no_I=t;
set[new_cell[cell]][j].cell_2=new_cell[cell];
set[new_cell[cell]][j].slot_2=6000;
set[new_cell[cell]][j].connected=0;
goto step_1;

}

}
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}

if ((?urst[O][cel]][ 1=='8") && (ack[cell][t]== ==0))
burst[0][cell][t]="T";
ack[cell][t]=-1;
pkt_ready[cell][t
next_HO[cell][t]=0
goto step;

}

if ((?{3urst[0][cell][t]==‘D') && (ack[cell][t]==-1))
burst[0][cell][t]="T";
next_HO[cell][t]=0;
goto step;

}

step:

J=1

if((;{)kt_ready[ce [t]==1) && (ack[cell][t]==-1))
?nt probability=contention_prob();
if (probability > highest _prob)
{
highest_prob=probability;
user_number=t;

}

goto step_1;

step_1:
} /***********t LOOp *******************/

*ok ok ok K :
JE* FA AR AR ARk TR ANSMISSION LOQP  #H 5k oo ok deddoodk ook ok %k ok

if (reserve[cell][z]>=15) goto step_2;

if (highest_prob>0)
i{f (burst[0][cell][user_number]=="T")
éor (int j=0; j<set_limit; j++)
i{f(set[new_cell[cell]][j].cell_ ==6000)
{

set[new_cell[cell]][j].figure=0;

1G]
set[new_cell[cell]][j].cell_1=cell
set[new_cell[cell]][j].slot_ l—counter
set[new_cell[cell]][j]. ter no_l=user_number;
set[new_cell[cell]][j].cell_2=new cell[cell];
set[new_cell{cell]][j]. s]ot 2=6000;
set[new_cell[cell]][j]. connected=0;
goto step_T;
}

}

step T:
ack[cell][user_number]=1;
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}

JEEERE L EL]

pkt_ready[cell] [user_number]=1;
pkt_exp_timer[cell] [user_number]=0;
user_slot[cell] [user_number]=counter;
slot[counter]="T";

if (access*delay[ce]l][user_number] > max_access_delay[cell][user_number])

max_access_delay[cell][user_number]=access_de1ay[cell][user_number];
access_delay[cell][user_number]=0;

ongoing_call++;
if (ongoing_call>ongoing _greatest) ongoing _greatest=ongoing_call;
reserve[cell][z]++;

goto step 2;

burst[O][cell][user_number]=‘D';

ack[cell][user_number]=1;

pkt_ready[cell] [user_number]=1;

pkt_exp_timer[cell][user_number]=0;

user_slot[cell][user_number]=counter;

slot[counter]='D",

if (access_delay[cell][user_number] > max_access_delay[cell][user_number])
max_access_delay[cell][userﬂnumber]=accessmdelay[cell][user_number]
access_delay[cell][user_number]=0;

ongoing_call++;

if (ongoing_call>ongoing_greatest) ongoing _greatest=ongoing_call;

>

reserve[cell][z]++;
goto step_2;

JRAEF A Ak ifslot[counter]=='i' Loop **¥xkxtonkx/

AR CRR A R AR [ SLOT[counter]='D‘ LOQP ¥k soodosdototokdotok ko ook ook /

if (slot[counter]==D")

{

for (int

{

t=0; t<ter_per_cell[cell]; t++)

if (user_slot[cell][t]==counter)

}
skip_1:

if ((speech_pkt_count[cell][temp]+silence _pkt_count[cell][temp]>=call_period[cell]{temp]) &&

(call perio
{

{

temp=t;
goto skip_1;
}

d[cell][temp]>0))

if (quality_checkﬂ_function(cell,temp)==0) bad_call++; '
if (cell==0 || cell==1 || cell==2 || cell==3) bad_call 2++; '
total_dropped_pkt=total_dropped _pkt+dropped_pkt[cell][temp];

if (acce

ss delay[cell][temp] > max_access_delay[cell][temp])

= Jay[cell][temp];
ccess delay[cell][temp]=access_delay |
gizl_iccess— delay=total_access_d elay+max_access_delay[cell][temp];

if (cell==0 || cell==1 || cell==2|| cell==3)

{

total_access_delay_2=tota

| access delay 2+max_access_delay[cell][temp],

call_finished_2++;

}
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call_terminate_function(cell, temp);
call_period _function(cell Ltemp, global _timer);
ongoing_call--;

call_ﬁmshed++,

goto step 2;
}
goto step 2;
} [HHRFFFRE end of slot[counter]=D loop ******x+xxx/

[k kR R K K S ok ook ok ok ok
IF SLOT[counter]=‘H' LOOP *****************************/

if ((slot[counter]=='H") || (slot[counter]=="T"))
{
for (int h=0; h<set_limit; h++)

{

if ((slot[counter]=='"T") && (set[new_cell[cell}][h].slot_1==
(set[new_cell[cell]][h].cell 1==cel 1) el o rounten &&

set_no=h;
p=set[new_cell[cell]][h].ter no 1;
set_cell=new _cell[cell];
chk_cell=cell;

goto step CHK;

}

if ((ilot[counter]=='H') && (set[cell][h] slot_2==counter) && (set[cell][h]. cell 2==cell))
set_no=h;
p=set[cell][h].ter no_I;
set_cell=cell;
chk_cell=set[cell][h].cell 1;
goto step CHK;;
}

} [RRxxskx end of h <set_limit loop ******/

5

step_CHK:

if ((speech_pkt_count[chk_cell][p]+silence_pkt_count[chk_cell][p]>=call_period[chk_cell][p]) &&
(call_period[chk_cell][p]>0))

{
if (quality _check_function(chk_cell,p)==0) bad_call++

if (chk_cell==0 || chk_cell==1 || chk_cell==2 || chk_cell==3) bad_call_2++;
total dropped _pkt*total_dropped_pkt+dropped | pkt{chk_cell][p];

if (access_delay[chk_cell][p] > max_access_delay[chk_cell][p])
max_access delay[chk_cell][p]=access_delay[chk_cell][p];
set[set_cell][set_no]. ﬁgure=0;

set[set_cell][set_no].cell_1=6000;
set[set_cell][set_no]. slot 1=6000;
set[set_cell][set_no].ter_no_l =6000;
set[set_cell][set_no].cell 2= 6000
set[set_cell][set_no].slot_2= 6000;
set[set_cell][set_no]. connected=0;
total_access_delay=total_access delay+max_access_delay[chk_cell][p];

if (cell==0 || cell==1 || cell==2 || cell==3)

total access_delay 2=total_access_delay 2+max_access_delay[chk_cell][p};
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call_finished 2++;

}

call_terminate _function(chk_cell,p);
call period _function(chk_cell .p, global_timer),

ongomg call--;
11_ﬁmshed++,
goto step 2;
}
step M:
if (set[set_cell][set_no].connected=:l)

{

if (({globai_timer>=set[set_cell][set_no]_ﬁgure) && (set[set_cell][set_no] figure>0))
int xxx_1=set[set_cell][set _no].cell

int yyy_1=set[set_cell]
int zzz_1=set[set_cell]
int xxx_2=set[set_cell][set no].cell 2,
int yyy_2=set[set_cell][set_no].slot_2;
HO_delay[xxx_1][zzz_1]=HO_delay[xxx_ 1][zzz_1]+HandofT 3();
unsigned long temp_delay=HO _delay[xxx_1][zzz 1];
if (temp_delay>longest) longest=temp . delay;
burst[0][xxx_1][zzz_ 1]—"
burst[1][xxx_1][zzz_1]=
burst[0][set_cell][ter_per cell[xxx 2]]='D,
ack[set_cell][ter_per_cell[xxx_2]]=1
pkt_ready[set_cell][ter_per cell[xxx_2]]=I;
user_slot[set_cell][ter_per_cell[xxx_2]]=set[set_cell][set_no].slot 2;
slot[set[set_cell][set_no].slot 2]=D"
speech_pkt[set_cell][ter_per_cell[xxx_2]]=speech_pki[xxx_1][zzz_1];
speech_pkt_count[set_cell][ter_per_cell[xxx_2]]=speech_pkt_count[xxx_1][zzz_1];
silence_pkt[set_cell][ter_per_cell[xxx_2]]=silence_pkt[xxx_1][zzz 1];
silence_pkt_count[set_cell][ter_per_cell[xxx_2]]=speech_pkt_count[xxx_1}[zzz_1];
call_period[set_cell][ter_per_cell[xxx_2]]=call_period[xxx_1][zzz_1];
dropped_pkt[set_cell][ter_per_cell[xxx_2]]=dropped pkt[xxx_1][zzz_1];
access_delay[set_cell][ter_per_cell[xxx_2]]=access_delay[xxx_1]{zzz_1];
max_access_delay[set_cell][ter_per_cell[xxx_2]]=max_access_delay[xxx_1]{zzz_1];
call terminate function{(xxx_1,zzz_1),
ter _per_cell[xxx_Z]%—F ’
ter_per cell[xxx_1]--;
set[set_cell][set_no]. ﬁgmre:O;
set[set_cell][set_no].cell_1=6000;
set[set_cell][set_no].slot_1=6000;
set[set_cell][set_no]. ter no_1=6000;
set[set_cell][set_no].cell_2=6000;

[set_cell)[set_no].s!

i ]

[
[set_no]. s]ot ]
[set_no].ter no I;

set[set_cell][set_no].slot_2=6000;

set[set_cell][set_no].connected=0;

goto step_2;

}

}
} /xx* %% if slot[counter]=H' Loop HAAAAAAKAK |
step_2:
counter=counter+l;
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JALETE

z  channel loop *¥¥¥x%/

for (int k=0; k<ter_per_cell[cell]; k++)

{

char temp_burst, out_come;
if ((burst[0][cell][k]==1") && (ack[cell][k]==0)) goto step_4;
if ((burst[0][cell][k]=='S") && (ack[cell][k]==0))
{
silence_pkt_count[cell][k]=silence _pkt_count{cell][k]+1;
}

if (burst[0][cell][k]=="T")
{
if (ack{cell][k]==-1)
{
HO_delay[cell][k]=HO_delay[cell][k]+slot_period;
goto step 4,

}

for (int jj=0; jj<set_limit; jj++)

{

if ((set[new_cell[cell]][jj].cell_1==cell) && (set[new_celi[cell]]{jj].ter no_1==

{

if (set[new_cell[cell]][jj].connected==0)
{
HO delay[cell][k]=HO_delay[cell][k]+slot_period,
goto step_4;
}

goto step_4,

3

3
}

if ((burst[0][cell][k]=='D") && (ack[cell][k]==-1))

{
pkt_exp_timer[cell][k]++;
access_delay[cell][k]=access_delay[cell}[k]+slot_period;
if (access_delay[cell][k] > max_access_delay[cell}[k])
maxgccess_delay[cell][k]=acces§_delay[cell][k];
if (pkt_exp_timer[cell][k]>=pkt*buffer)

dropped_pkt[cell][k]++;
pkt_exp_timer[cell}{k]
speech_pkt_count[ce
access_delay[cell][k]=

}

goto step_4;

][i
=():

b

}
if ((burst[0][cell][k]=="D") && (ack[cell][k]==1)) speech_pkt_count[cell][k]++

temp_burst=burst[0][cell][k];
unsigned long no_1, no_2, no_3, no_4;
no_l=speech_pkt[cell][k];
no_2=speech _pkt_count[cell][k];
no_3=silence_pkt[cell][k];
no_4=si1ence_pktﬁcount[celi][k];
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out~come=silence_aotivity_function(noj, n0_2,no_3, no_4);

%f ((temp_burst=='D') && (out_come':—"»'D')) goto step 4;
if ((temp_burst=='8") & & (out_come=='8")) goto step :l

if ((temp_burst=="D") && (out_come=='S"))

burst[0][cell][k]='S";
pkt_ready[cell}[k]=0;
ack[cell}[k]=0;
slot[user_slot[cell][k]]="i"
user_slot[cell]

1][k]=6000;
ongoing_cal

3

Q

}

if ((temp_burst=='8") && (out_come=="D"))
{
burst[0][cell][k]=D";

pkt_ready[cell][k]=1;

ack[cell][k]=-1;

step_4:
} JRER AR | Ioop Aok ok Aok ok
} [**** cell counter loop ****/
} /****x(slot) lOOp Ak A KK KKK ]
} JHHAH Uloop A ATk

if (call_finished>0)

{
average dropped pkt=total dropped pkt/call finished;

mean_access_delay=total access_delay/call_finished;

}

if (call_finished 2>0)

I{nean_access_delay_2=total_accesswde]ay*Z/call_ﬁnished_Z;
}
cout << " Max ongoing call= " << ongoing_greatest << endl;
cout << Max HO_delay=" << longest << endl;
cout <<"  HO performed="<<HO_performed <<endl,
cout << new call_start=" << new_call_start <<endl,
cout << " call finished=" << call_finished << endl
cout << " call:ﬁnished_HO= " << call finished 2 <<end];
cout << " bad call total=" <<bad_call << end];
cout << " bad call HO="<<bad_call 2 <<end,

. cout << " worst d;opped= " << worst_dropped << endl;

) cout << average_dropped _pkt=" << average_dropped_pkt << endl;
cout << " mean access_delay=" << mean_access_delay << endl;
cout <<" mean:access_delay#HO= " << mean_access_delay 2 <<endl,
cout << " global_timer=" << global_timer <<endl,

e £ H e L LI L it
} /***************** main function ***** /
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