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A buffer size of each voice terminal in packets
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B number of backlogged data terminals
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D maximum voice packet holding delay in slots
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talkspurt

Dmax maximum voice packet holding delay in seconds
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� uplink packet header error rate

� transition probability from talking to silent states

�f transition probability that a talkspurt ends in the most recent frame

� system or channel throughput

� Poisson arrival rate

1/� mean value of a call duration

� offered load of a system in Erlang of system Erlang capacity

� transition probability from silent to talking states

�d data packet generation rate

�s logarithmic standard deviation of shadowing

	 slot duration



xvii

Summary

   Packet reservation multiple access is a protocol for packet transmissions from wireless

terminals to a base station. In this thesis, a thorough performance analysis and simulation

of the PRMA protocol applied to cellular systems is presented. New analysis methods are

developed which allow the efficiency improvements over strictly assigned (TDMA) or

random (ALOHA) access schemes to be quantified. Adaptive control procedures and effi-

cient voice data integration scheme are proposed for further improvement of PRMA effi-

ciency.

   A Markov analysis (MA) technique for voice–only PRMA is proposed. The concept of

the system instability measure FET (First Exit Time), previously used in ALOHA sys-

tems, is introduced into the PRMA system. The FET and other system performance pa-

rameters such as voice packet dropping probability, throughput, and Erlang capacity are

calculated accurately with the MA. Calculation and simulation results show that PRMA

has encouraging potential as a statistical multiplexer of speech packets and the MA esta-

blishes a powerful tool for the performance study and design of the PRMA system.

   Based on the Markov analysis for voice–only PRMA, two analysis methods for joint

voice–data PRMA with uplink packet header errors are developed. The two approaches

give the distribution of the system state variables, thus a more accurate performance esti-

mate is obtained. Expressions for voice packet dropping probability in the presence of

uplink packet header errors are also derived. Computer simulation results are presented

for comparison with analysis results and good agreement is observed. The obtained per-

formance measures indicate that PRMA gracefully accepts low bit rate data terminals
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with moderate data packet delays. However, the data transmission is established at the

cost of a reduction of the number of voice terminals, due to the collisions between voice

and data packets.

   To further improve the PRMA channel efficiency, an adaptive retransmission probabili-

ty (ARP) scheme is proposed and an estimate ARP (E–ARP) procedure is given for pos-

sible practical applications. A channel efficient voice data integration which schedules

the data packets on the unused time slots, called slot stealing, is presented. Analysis and

simulation show that PRMA channel efficiency is improved significantly and the

throughput approaches the maximum value of unity.

   With consideration of propagation loss and fading, the packet capture effects on PRMA

performance and stability are investigated. The results show that for strong capture, sig-

nificantly improved performance is obtained. The investigation is then extended to the

case of co–channel interference. A seven–cell cluster with fixed channel allocation is con-

sidered. Numerical results show that there is no much increase in voice packet loss rate

with the increase traffic level in the interfering cells and the Erlang capacity of PRMA

is not degraded significantly by co–channel interference.
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Chapter 1 

Introduction

1.1  Motivation

   Recently, personal wireless communications have attracted considerable attention.

About a decade old, the first generation technologies, characterised by analog voice trans-

mission and limited flexibility, were used in cordless and cellular systems [11]. To en-

hance the quality and capacity of the cellular and cordless communications, a variety of

second generation systems have been developed [11]. All of them will employ digital

voice transmission. The cellular systems will have dedicated channels for the exchange

of network control information between mobile terminals and the network infrastructure

during the progress of a call. The cordless phones will have access to many channels, auto-

matically selecting the best available channel with respect to cochannel interference [10].

   As the development of these second generation systems proceeds, researchers are turn-

ing their attention to the third generation of wireless information networks [1] [3] [4]. The

vision of the third generation is the merger of cellular and cordless technologies into a

means of generalised wireless access for advanced information services. One challenging

requirement is that third generation systems serve large user populations in densely popu-

lated areas. To meet the demands of a large user population, systems will operate with

small cells (microcells) served by base stations arranged on a dense grid. The density of

base stations will add substantially to the volume of call control operations, such as ve-

hicle location and handoff, required of the network infrastructure. To support these
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burdens, call control and call management functions will have to be decentralised and dis-

tributed over many processors. In addition, in view of the growing importance of data

communications for applications such as paging, personal e–mail, and portable comput-

ing, the third generation systems will be required to support both voice and data services

in an efficient and integrated manner. As a consequence, researchers are exploring packet

switching technology for meeting those requirements [1] [8].

   Packet switching is attractive in a wireless network because the address and other in-

formation in packet headers make it possible for dispersed network elements to respond

to user mobility without the intervention of central controllers [8]. Packet switching also

accommodates various types of information from diverse sources [68] [69] [100]. In addi-

tion, packet–based wireless networks will harmonise with broad–band integrated services

digital networks (B–ISDN), which will rely heavily on asynchronous transfer mode

(ATM) communications [8] [9].

   A key technical issue related to packet switching is the selection of a suitable channel

sharing media access control technique. Major options are time division multiple access

(TDMA), code division multiple access (CDMA), and packet contention technologies

[31]. TDMA is a mature and well–understood technique. A major advantage is that

TDMA opens up new possibilities of cheaper base stations by performing the signal pro-

cessing in the baseband and time–sharing the more expensive radio equipment [7]. How-

ever TDMA suffers from the disadvantage that if a terminal has nothing to send, its slot

will be left idle, while other users may have packets waiting to be transmitted [5]. CDMA

has received extensive attention, in part, because it appears to have the potential of higher

system bandwidth efficiency, but suffers from certain technical difficulties such as power

control and higher delay due to peak transmission speed limitation [100]. In this thesis

we explore the third alterative, packet contention.
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   Packet contention techniques such as ALOHA [33] – [40], R–ALOHA [41] [42] and

carrier sense multiple access (CSMA) [51] [52] find widespread use in data communica-

tions, including common control channel signaling in cellular mobile radio systems.

Among the principal merits of packet contention methods is their ability to serve a large

number of terminals, each with a low average data rate and a high peak rate. While they

function with little or no central coordination, packet contention techniques often make

inefficient use of the shared transmission medium. When too many terminals try to com-

municate at once, throughput goes down and transmission delay increases substantially.

While recent studies [55] [59] – [61] indicate that packet contention schemes perform

better in local radio environments than elsewhere, unpredictable, possibly long, delays

have made packet contention appear unattractive for voice transmission.

   Addressing this problem, paper [68] explored PRMA, packet reservation multiple ac-

cess, as a technique for transmitting, over short range radio channels, a mixture of voice

packets and packets from other information sources. The PRMA protocol organises the

flow of information from dispersed terminals to a central base station. The channel is di-

vided into slots, the slots are organised into frames. The basic principle of PRMA is to

occupy a time slot only during speech talkspurts and release the channel during silence

periods. In each frame, time slots are dynamically reserved for packets from active voice

terminals. As a consequence, the terminals with reservation share the channel in a manner

closely resembling time division multiple access (TDMA). The throughput is high and

the voice packet delay is constrained to meet a specific design limit. To enforce this con-

straint, terminals discard packets that encounter excess delay. Dropped packets are the

main cause of speech impairment.

   PRMA is closely related to the reservation ALOHA protocol, R–ALOHA [41] [42].

PRMA is distinguished from R–ALOHA by its response to network congestion and by
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its short round trip transmission time [70]. In R–ALOHA, congestion causes long packet

delays. In PRMA, information packets from periodic packet sources, such as speech, are

discarded if they remain in the terminal beyond a certain time limit.

   PRMA makes efficient use of speech activity detectors to obtain a bandwidth efficiency

improvement over TDMA. The control complexity of TDMA makes it a difficult matter

to use speech detection to improve efficiency [68]. PRMA, on the other hand, gracefully

accommodates many types of information.

   In this thesis, a thorough performance analysis and simulation of the PRMA protocol

will be presented.

1.2  Literature Review

1.2.1  Voice–only PRMA System

   Packet reservation multiple access (PRMA) was originally proposed by Goodman et

al in [68] for packet voice terminals in cellular systems. At a speech terminal, the time

slots are grouped in frames. Each slot in a frame is recognised as ‘‘reserved” or ‘‘avail-

able” according to the acknowledgment message received from the base at the end of the

slot. When a talkspurt begins, the terminal uses the ALOHA protocol to contend for an

available slot. When it successfully transmits a speech packet, it reserves that slot in future

frames until the end of the talkspurt. Otherwise, it contends again with a certain permis-

sion probability. An initial study of voice–only PRMA is given in [68]. It was shown that

when voice terminals are equipped with speech activity detectors, PRMA efficiency can

exceed that of conventional multiple access techniques such as TDMA and FDMA.

   [69] presents a computer simulation study that explores in depth the effects on PRMA

efficiency of a variety of design and operating variables. Since conversational speech re-
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quires prompt packet delivery, packets delayed beyond a certain time limit are useless and

are dropped by the system. The speech quality gradually degrades with increased packet

dropping. The system performance measure of main interest is therefore the packet drop-

ping probability. PRMA capacity is defined in [69] to be the maximum number of termi-

nals that can share a common channel with an average value of packet dropping probabili-

ty consistent with speech quality objectives. The system throughput is also defined as the

fraction of system time slots that carry useful information [69]. Simulation results in [69]

indicate that PRMA has encouraging potential as a statistical multiplexer of speech

packets.

   Voice–only PRMA is further studied in [70] by Nanda et al. They develop a PRMA voice

terminal model and present an equilibrium point analysis (EPA) of PRMA. EPA is used

to analyse the system stability and performance measures. As ALOHA, some PRMA sys-

tem configurations lead to multiple (three) equilibrium points, only two of which are

stable. Such a system is called a bistable system. Performance measures such as packet

dropping probability and throughput are derived and obtained by deriving the expectation

of those measures with respect to the estimated state probability distribution by EPA. Nu-

merical calculation in [70] shows close agreement with computer simulation when the

system is stable. However, simulation results fall between two theoretical curves for bi-

stable systems. [70] also indicates that more accurate analysis results could be obtained

by Markov analysis (MA), but this idea is not developed further, nor is the relative insta-

bility of bistable systems, such as ALOHA [36] [41], derived. It is also noted that [68]

[69] [70] etc. all assume that the total number of terminals in the system is fixed. In prac-

tice, the number of users varies over time. In such a situation, Erlang capacity is an im-

portant performance parameter. Consequently, the development of an accurate analysis

method such as MA is a research goal in the PRMA study, so that the system performance

and instability measure can be obtained accurately.



PH.D. THESIS OF HONGHUI QI

6

1.2.2  Joint Voice Data PRMA System

   Access requirements for data terminals are different from that for voice terminals. A

reservation protocol is appropriate for speech terminals since conversational speech pro-

duces multi–packet messages during talkspurts. Data packets, on the other hand, are not

provided reservations. In the unreserved slots, speech and data terminals contend for the

channel as in slotted ALOHA, but with unequal permission probabilities. When a speech

terminal is successful, it obtains exclusive use of the slot in subsequent frames (a reserva-

tion). Data packets must not be dropped, but are assumed to tolerate longer delays. Such

a joint voice data system is studied in [72] [73]. 

   In [72], the author invokes elementary catastrophe theory to study the stability of the

coupled voice and data sub–systems. They derived the region in the design parameter

space that ensures that the joint system has a single equilibrium point with an uncongested

speech sub–system. Also [72] and [73] present an equilibrium point analysis of the joint

voice–data system and provide expressions for voice packet dropping probability, the dis-

tribution of data packet delay and system throughput, at equilibrium. The analysis is easi-

ly applied, but, it underestimates the data packet delay and voice packet dropping proba-

bility, since the delay and dropping probability are estimated from the equilibrium values

of system variables. In order to obtain a more accurate performance estimate, the distribu-

tion of these random system variables should be used. Two methods will be developed

in this thesis for accurate performance evaluation.

1.2.3  PRMA with Packet Header Errors

   A PRMA packet consists of a header and speech or data information. The header pro-

vides the base station the information it needs to forward the packet to its destination. If
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the base station is able to decode a header correctly, the packet transmission is considered

successful. If in a particular slot, the base station is unable to decode a header correctly,

it announces unsuccessful reception. In a wireless mobile radio environment, a channel

suffers from  noise and fading errors. Therefore these errors in the packet header have a

negative effect on the performance of PRMA. For the voice–only PRMA system, [77]

studies the stability of the system with transmission errors. [76] presents simulation re-

sults for PRMA with uplink packet header errors. [75] [78] and [79] present simulation

results for a voice–only system with header errors on both uplink and acknowledgment

packets. However, the calculation of an important performance measure, voice packet

dropping probability, is complicated and is not developed [77]. In this thesis, voice packet

dropping probability will be derived in the presence of uplink packet header errors.

1.2.4  Adaptive Retransmission PRMA

   In random access schemes, adaptive control schemes are generally used to improve the

system performance[45][46][48][50]. In ALOHA type systems, there exists a bistable be-

haviour [36] [40] [41]. This behaviour implies that the system may, due to statistical fluc-

tuations in the rate of attempts to transmit, drift to an undesirable operating point where

the system throughput drops to almost zero and delay increases to an unacceptable level.

Adaptive control ALOHA procedures [45] [46] are proposed to prevent the system from

drifting into such undesirable states and be capable of achieving a throughput–delay chan-

nel performance close to the theoretical optimum. Similarly, PRMA has the same bistable

phenomenon and the introduction of adaptive control methods into the PRMA system are

studied in this thesis. To the author’s best knowledge, work on adaptive control PRMA

has not previously been published. Based on some analytical properties of the PRMA sys-



PH.D. THESIS OF HONGHUI QI

8

tem, an optimal adaptive retransmission scheme (ARP) will be derived, and a practical

adaptive control scheme will also be given.

1.2.5  A Channel Efficient Method of Voice Data Integration in PRMA

   In random access schemes, like ALOHA, PRMA, etc., it is found that channel resource

is wasted due to packet collisions or simply lack of transmission attempts by users [33]

– [48], [69][70]. In order to increase the channel utilisation, other access schemes, such

as global scheduling multiple access (GSMA) [49], and integrated access schemes [48]

[92] – [100] have been proposed. The integrated access schemes also meet the integration

service requirement which is the key concept in the development of the third–generation

communication systems. [92] [96] – [98] describe circuit and packet integration access

schemes. [95] [99] propose schemes which enable data terminals to transmit multi–packet

messages when voice terminals are in silent periods. [48] proposes a mixed ALOHA

carrier sense (MACS) access scheme to introduce a separate large carrier–sensing user

who ‘‘steals” slots which remain unused by the background of ALOHA users. In PRMA

data terminals can also be efficiently integrated based on adaptive retransmission scheme.

When data packets are scheduled to transmit on the unused slots of voice packets, the

throughput of PRMA increases dramatically as shown in Chapter 5.

1.2.6  Effects of Capture and Co–channel Interference on 

           PRMA Performance

   Two salient characteristics of the cellular mobile radio environment are multipath propa-

gation and the near–far phenomenon which cause signals from different mobile terminals

to reach the base station with different power levels. When packets competing for access
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to a common radio receiver arrive from different distance and with independent fading

levels, it is no longer certain that all colliding packets will always be annihilated by each

other. The packet arriving with highest energy has a good chance of being detected accu-

rately. This gives rise to capture effects. This effect enhances the capacity of a channel

accessed by multiple contending transmitters, e.g. using the ALOHA protocol[55] –  [67],

or PRMA[68] [81]. [68] presents simulation results when the near–far effect is con-

sidered. [81] investigates PRMA performance in the presence of capture where test packet

suffers from Rician fading and the near–far effect and interference packets suffer from

Rayleigh fading and the near–far effect. In the ALOHA system, capture also reduces sys-

tem instability [57] [58], and shadowing enhances system capacity more than Rayleigh

fading does [66]. Therefore it is necessary to study the potential benefits of PRMA sys-

tems in terms of performance and stability with the three propagation mechanisms, sha-

dowing, Rayleigh fading and near–far effects.

   Moreover, in a cellular layout, interference from other cells is a factor which affects

PRMA performance [82][84]. The calculation of signal to interference ratio is described

in many publications [107] – [109]. If the signal to interference ratio of a packet is lower

than the minimum required value, then it is interfered. [84] examines PRMA performance

assuming that the interfered packets only apply to access packets. In [82] the authors ev-

aluate the performance of PRMA in a cellular environment with fixed and dynamic chan-

nel allocation and make a comparison between PRMA and multiple access with dedicated

channels (both TDMA and FDMA). In [82] the authors assume that packet headers have

ideal protection. In this thesis, we provide an analysis method to consider the case of non–

ideal header error protection. We assume that if a packet is interfered, the interfered

packet cannot be decoded correctly, and interfered packets apply not only to access

packets but also to reservation packets.
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1.3  Outline of the Thesis

   In chapter 2, cellular systems and the PRMA protocol are described. A cellular system

architecture [12] – [15] is reviewed. The three propagation phenomena in mobile radio

environment, Rayleigh fading, shadowing and path loss[16] – [24], are described. In sec-

tion 2.2 the ALOHA and R–ALOHA protocols [32] [33] [36] [41] are briefly described,

then PRMA [68] [69] is introduced. The concept of PRMA is described in detail.

   Chapter 3 presents a Markov analysis (MA) method for voice–only PRMA on an error

free channel. Particular emphasis is placed on the derivation of the MA and the new in-

sight which brings particularly in its application to the system instability measure. The

Erlang capacity of PRMA under different performance criteria is also calculated with the

MA approach. Detailed performance analysis is given for a typical example PRMA sys-

tem. A comparison of analysis and simulation results is presented.

   Chapter 4 focuses on joint voice–data PRMA over random packet error channels. Fol-

lowing the development of two analysis methods, which are combined Markov and equi-

librium point analysis, and Markov analysis by approximating marginal distribution, the

joint voice–data PRMA performance parameters, such as, voice packet dropping proba-

bility, data packet delay and channel throughput, are derived in the case of uplink random

packet header errors. The analysis is compared with the equilibrium point analysis in [71]

and simulation results are presented.

   In chapter 5, we propose and analyse adaptive retransmission probability (ARP)

schemes for PRMA systems to reduce system instability and increase channel efficiency.

An optimal adaptive retransmission probability is first derived, a practical control proced-

ure realising the ARP scheme is then proposed. Based on the ARP schemes, a slot stealing
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scheme, which can significantly increase the PRMA throughput, is presented. A compari-

son between the slot stealing PRMA and the joint voice–data PRMA is given.

   In chapter 6, packet capture effects on the PRMA stability and performance are studied.

Then the effects of co–channel interference on PRMA are evaluated. A seven–cell cluster

with fixed channel allocation is considered. The analysis and simulation results are pres-

ented.

   Chapter 7 summarises the results and contributions of the thesis and gives some topics

for future research in the area.

1.4  Contributions of the Thesis

   The main contributions of this thesis can be concluded as follows.

�  A Markov analysis (MA) method is developed for voice–only

PRMA. This analysis method enables us to obtain more accurate

performance and system instability measures, such as voice

packet dropping probability, channel throughput and FET (first

exit time).

�  A combined Markov and equilibrium point analysis, and Markov

analysis by approximating marginal distribution of backlogged

data terminals are developed for joint voice–data PRMA. Those

two analysis methods give the distribution of system state vari-

ables, thus a more accurate system performance estimate is ob-

tained than with the equilibrium point analysis (EPA) previously

developed by other authors.
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�  Expressions for voice packet dropping probability in the pres-

ence of uplink packet header transmission errors are derived.

�  The development, analysis and simulation of adaptive retrans-

mission probability (ARP) schemes for system stability and ca-

pacity improvement and estimation ARP scheme for possible

practical applications. The probability and effects of estimation

errors are analysed and simulated.

�  A channel efficient method, called slot stealing, for voice data

integration in PRMA is developed, analysed and simulated.  The

slot stealing PRMA can obtain near maximum channel through-

put.

�  Packet capture effects on system stability and performance are

analysed.

�  Cellular co–channel interference effects on voice packet loss rate

and Erlang capacity of PRMA are studied and simulated.

   This thesis has produced several papers as listed below.

Journal papers:

[1] Honghui Qi, and Richard Wyrwas, ‘‘Capture Effects on PRMA stability and Per-

formance”,  Electron. Lett., Vol. 30, No. 7, 31st March, 1994, pp 539 – 540.

[2] Honghui Qi, Richard Wyrwas, ‘‘Performance Analysis of Joint Voice–Data

PRMA over Random Packet Error Channels” revised and resubmitted to IEEE

Trans. Veh. Technol. for publication
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[3] Honghui Qi, Richard Wyrwas, ‘‘A channel Efficient Method of Voice Data Inte-

gration in Cellular PRMA” revised and resubmitted to IEEE Trans. Veh. Technol.

for publication

[4] Honghui Qi, Richard Wyrwas, ‘‘PRMA in Cellular Systems: Markov Analysis

and Adaptive Control Procedures”  submitted to IEE  Proceeding E for publica-

tion.

Conference papers:

[5] Honghui Qi, and Richard Wyrwas, ‘‘Markov Analysis for PRMA Performance

Study”, In Proc. 44th IEEE Veh. Technol. Conf., Stockholm, Sweden, June 7–10,

1994, pp 1184 – 1188.

[6] Honghui Qi, and Richard Wyrwas, ‘‘Effects of Capture on the Stability and Per-

formance of PRMA”, IEEE International Conference on Universal Wireless Ac-

cess, 18–19 April, 1994, Melbourne, Australia, pp175 – 178.

[7] Honghui Qi, and Richard Wyrwas, ‘‘Erlang Capacity of Cellular Packet Re-

servation Multiple Access (PRMA)” to be submitted to the 45th IEEE Veh. Tech-

nol. Conf.

[8] Honghui Qi, and Richard Wyrwas, ‘‘A combined Markov and Equilibrium point

analysis for Joint Voice–Data PRMA” to be submitted to the 45th IEEE Veh.

Technol. Conf.

[9] Honghui Qi, and Richard Wyrwas, ‘‘Performance Analysis of a Slot Stealing

Scheme in PRMA for Cellular Wireless Networks”  in preparation.
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Chapter 2 

Description of Cellular Systems and 

PRMA Protocol

2.1  Cellular Systems

2.1.1  Cellular Systems

   A typical cellular system architecture in which the geographic area is tessellated by hex-

agonal cells is considered. At the centre of each cell is a base station. Mobile terminals

are spatially distributed around the base station [12] [13]. One key feature of a cellular

system is frequency reuse [15] [17]. In cellular systems, the service area is divided into

a large number of cells, each with its own base station. The power radiated by the base

station is kept to a minimum and the antennas are located just high enough above the

ground to achieve the desired coverage. This enables non-adjacent cells to reuse the same

set of frequencies. In fact, a set of different frequencies is assigned to a group of cells con-

stituting the cluster. The same set can be reused only in different clusters. This is shown

in Figure 2.1. The closet distance between the centres of two cells using the same fre-

quency (in different clusters) is determined by the choice of the cluster size and the layout

of the cell cluster. This distance is called the frequency reused distance. The reused dis-

tance d, normalised to the size of hexagon, is [15]

d � 3Nf
� (2 .1)
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where Nf is cluster size. For hexagon cells, possible cluster sizes are Nf= 1, 3, 4, 7, 9, 12

and so on. Figure 2.1 shows a cell structure according to a hexagonal frequency repetition

pattern with clusters of Nf=7 cells. For Nf=7, d=4.6.

f0

f1

f2
f3

f4

f5

f6

f2

f2

f2

f2

f2

f2
d

FIGURE 2.1 –7–cell reuse pattern



PH.D. THESIS OF HONGHUI QI

16

   Within a cell, a portion of the available frequency spectrum is further divided into two

bands, supporting a frequency division duplexing (FDD) scheme. At any instant, each

mobile terminal is assigned to a base station (BS) according to relative signal strengths

received at the various frequency bands. Each of the two frequency channels, i.e. the

uplink channel for the mobile terminal to BS direction and downlink channel for the BS

to mobile terminal direction is dedicated to a cell. In each cell, mobile terminals share the

uplink channel for their transmission to the centre base station using an appropriate multi-

ple access protocol, e.g. packet reservation multiple access (PRMA) considered in this

work. In the downlink channel, transmissions are generally supported by time division

multiple access (TDMA) [68] [69] [100]. This is shown in Figure 2.2.

mobile terminal
base station

PRMA(f11)

TDMA(f11
′)

FIGURE 2.2 –Cellular System Architecture

   Although cells using the same frequency are positioned sufficiently apart from each

other, it is still possible for cochannel interference to arise when channels are used simul-

taneously in as many cells as possible [107] [109]. A base station receiving the wanted
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signal from a mobile station within its cell may also receive unwanted signals (interfer-

ence) from mobiles within other cell clusters using the same channel. The signal to inter-

ference ratio is an important parameter of cellular systems.

   Furthermore the cellular mobile environment is burdened with particular propagation

complications, compared to the channel characteristics in radio systems with fixed and

carefully positioned antennas [17]. The antenna height at a mobile terminal is usually very

small, typically less than a few meters. Hence, the antenna is expected to have very little

clearance, resulting in obstacles and reflecting surfaces in the vicinity of the antenna hav-

ing a substantial influence on the characteristics of the propagation path. Moreover, the

propagation characteristics change from place to place and, if the terminal moves, from

time to time.

   In generic system studies, the mobile radio channel is usually evaluated from statistical

propagation models: no specific terrain data is considered, and channel parameters are

modelled as stochastic variables. The statistical propagation models are summarised and

reviewed below.

2.1.2  Review of Statistical Propagation Models

   The land  mobile radio channel is characterised by three mutually independent, multipli-

cative propagation phenomena: multipath fading, shadowing, and path loss [16] [17] [18]

[19] [20]. Multipath propagation leads to rapid fluctuations of the phase and amplitude

of the signal if the vehicle moves over a distance on the order of a wavelength or more.

Multipath fading thus has a small–scale effect. Shadowing is a medium–scale effect: field

strength variations occur if the antenna is displaced over distances larger than a few tens

or hundreds of meters. The large–scale effects cause the received power to vary gradually

due to signal attenuation determined by the geometry of the path profile in its entirety.
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The large–scale effects determine a power level averaged over an area of tens or hundreds

of meters and are therefore denoted as the area–mean power. Shadowing introduces addi-

tional fluctuations, so the received local–mean power varies around the area–mean. The

term local–mean is used to denote the signal level averaged over a few tens of wave-

lengths. These propagation mechanisms are described in detail in the following.

2.1.2.1  Path Loss

   The characteristics of the path profile largely influence the behaviour of the radio link.

In statistical models, the path loss is often expressed as a function of the distance between

transmitter and receiver, the corresponding antenna height and the carrier frequency. Al-

though specific terrain data is not considered in statistical analyses, the average behaviour

of the attenuation as a function of range is influenced by the terrain parameters. In VHF/

UHF land–mobile radio, the principal large–scale mechanisms are free space loss,

groundwave propagation, and diffraction. For the statistical models employed in generic

system analysis, the effects of these large scale mechanisms are usually simplified by as-

suming an average attenuation, increasing with distance according to the attenuation

power law. Thus the power at distance RD from the transmitter, pa(RD), is

pa�RD
� � k R–�

D (2 .2)

where k is the transmitting power and � is the power propagation law. Typical values for

� are two in free space, between three and four in mobile radio applications within cities,

and perhaps greater than four inside buildings.

   We assume k to be the same constant for all mobile terminals. Thus the normalised area–

mean power received from a mobile terminal at a normalised distance rd from the trans-

mitter is
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pa�rd
� � r–�

d
0 � rd � 1 (2 .3)

2.1.2.2  Shadowing

   Consider a radio signal propagating in a mobile radio environment. When reaching the

mobile station the radio signal will have travelled through different obstructions such as

buildings, tunnels, hills, trees, etc. This results in the shadowing of the radio signal. Ex-

periments [21] showed that for paths longer than a few hundred meters, the received

(local–mean) radio signal power, pl, fluctuates with a log–normal distribution about the

area–mean power. By log–normal it is meant that the local–mean power expressed in

logarithmic values, such as decibels, has a normal (i.e. Gaussian) distribution. The proba-

bility density function (PDF) of the local–mean power is thus in the form of

fpl
�pl�pa� � 1

2�� �s pl

exp�–
�lnpl–lnpa�2

2�2
s
�

(2 .4)

where �s is the logarithmic standard deviation of the shadowing, typically from 6dB to

12dB [22].

2.1.2.3  Rayleigh Fading

      In mobile communications with relatively low antenna positions, the received signal

at a mobile will rarely have a direct line–of–sight to a transmitter. It is the sum of the sig-

nals formed by the transmitted signal scattered by randomly placed obstructions imposing

different attenuations and phases on the resultant signals. This is known as multipath

propagation, leading to rapid fluctuations around the local–mean power, pl. It is plausible

to suppose that the phases of the scattered waves are uniformly distributed from 0 to 2�
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rad and that amplitudes and phases are statistically independent from each other. Conse-

quently, we may expect that at a certain instant the waves will be in phase, producing a

large amplitude, whereas at another instants they will be out of phase, producing a small

amplitude. The envelope of the fading signal, �s� can be expressed by a Rayleigh distribu-

tion, that is

f���s�pl
	 �

�s
pl

exp�–�2
s�2pl

	
(2 .5)

   The PDF for the power, ps,  of the Rayleigh variable �s in (2 .5) is the exponential dis-

tribution, expressed as

fps
�ps�pl

	 � 1
pl

exp�–ps�pl
	

(2 .6)

   Combining the above three propagation mechanisms, the unconditional PDF of the in-

stantaneous received power, ps, can be obtained by combining equations (2 .3), (2 .4) and

(2 .6) [57]

fps
(ps) � �

�

0

�
�

0

1
pl

exp�–
ps
pl
	 f�rd

	
2�
 �spl

exp�
�



–
�lnpl � �lnrd

	2

2�2
s

�
�
�

drddpl (2 .7)

where f(rd) is the PDF of the distance between a mobile and the base station. It describes

the spatial distribution of the offered traffic around the base station. If a uniform spatial

distribution is considered, then the f(rd) can be expressed as [57]

f(rd) � �2 rd, 0 � rd � 1
0, otherwise (2 .8)
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2.2  Description of Packet Reservation 

        Multiple Access

   Before the description of packet reservation multiple access (PRMA) protocol, the

ALOHA and Reservation–ALOHA protocols are first briefly described.

2.2.1  Brief Description of ALOHA Schemes

2.2.1.1  Pure ALOHA

   The pure ALOHA protocol was first used in the ALOHA system, a single–hop terminal

access network developed in 1970 at the university of Hawaii, employing packet–switch-

ing on a radio channel [35] [34]. It is suitable for bursty users. The simplest of its kind,

pure ALOHA permits a user to transmit packets any time it desires. Therefore it is pos-

sible to cause packet collisions or overlap with other packets from other users. The over-

lap could be completely or partially overlapped, both resulting in the destruction of all

packets involved. If a user transmits a packet, and within some appropriate time–out pe-

riod it receives an acknowledgment from the destination (central computer or satellite),

then it knows that no conflict occurred. Otherwise it assumes that a collision occurred and

it must retransmit. To avoid continuously repeated conflicts, the retransmission delay is

randomised for all users, thus spreading the retry packets over time. Due to conflicts and

idle channel time, the maximum channel efficiency available using pure ALOHA is 18

percent.
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2.2.1.2  Slotted ALOHA

   Slotted ALOHA is a slotted version of pure ALOHA. It is obtained by dividing time

into slots of duration equal to the transmission time of a single packet [37] [38]. Each user

is required to synchronise the start of transmission of its packet to coincide with the slot

boundary. When two packets conflict, they will overlap completely rather than partially,

providing an increase in channel efficiency over pure ALOHA. The maximum channel

efficiency available using slotted ALOHA is 36 percent, twice that of pure ALOHA.

2.2.1.3  Reservation–ALOHA

   Reservation–ALOHA (R–ALOHA) [41] is another ALOHA scheme based on a slotted

time axis. The slots are organised into frames of equal size. A user who has successfully

accessed a slot in a frame is guaranteed access to the same slot in the succeeding frame

and this continues until the user stops using it. ‘‘Unused” slots, however, are free to be

accessed by all users in a slotted ALOHA contention mode. An unused slot in the current

frame is a slot which, in the preceding frame, either was idle or contained a collision.

Users need to simply maintain a history of the usage of each slot for just one frame dur-

ation. Clearly R–ALOHA is effective only if the users generate stream type traffic or long

multipacket messages. Its performance will degrade significantly with single packet mes-

sages, as every time a packet is successful the corresponding slot in the following frame

is likely to remain empty.

   In the above ALOHA systems, the acknowledgment packets are available in several slots

due to long propagation delay. The data packets are buffered until they obtain the acknow-

ledgment.
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2.2.2  Packet Reservation Multiple Access

   Packet Reservation Multiple Access (PRMA) [68][69][70][71][72], a modification of

R–ALOHA, is proposed by Goodman et al. for packet voice terminals in cellular systems,

especially for microcellular applications. It is a protocol between wireless terminals and

a base station, which organises the flow of packetized information over a shared channel

to a central base station. This particular application implies that the transmission delays

are negligible and the acknowledgment feedback packet is assumed to be available instan-

taneously (prior to the next slot). The speech application implies that delayed speech

packets are dropped, rather than buffered as in the ALOHA systems.

    In a cellular system, packet reservation multiple access (PRMA) uses packet contention

technology to control the upstream traffic, the downstream traffic is scheduled by a base

station [68] [69], as is shown in figure 2.2. Since the base station broadcasts a continuous

stream of packetized information to the terminals, there are no guard times required be-

tween packets and less synchronisation information required in each downstream packet.

Also scheduled downstream packets avoid all contentions. Therefore downstream

packets can carry more information than upstream packets. In PRMA this additional ca-

pacity will be used to carry the feedback information. The PRMA up and down–link

structure is shown in figure 2.3. This thesis will focus on the problem of dispersed termi-

nals competing for access to the upstream channel, that is, the PRMA protocol for the

uplink channel.



PH.D. THESIS OF HONGHUI QI

24

Uplink

Downlink

M–B M–B M–B M–B

B–M B–M B–M B–M

ÉÉÉÉÉÉÉÉ ÉÉÉÉÉÉÉÉÉÉÉÉ
ÉÉÉÉÉÉÉÉ ÉÉÉÉÉÉÉÉ

Acknowledgment 
packet

PRMA frame

ÉÉÉÉÉÉÉÉ
FIGURE 2.3 – PRMA up and Down–link Structure

   A description of the PRMA protocol is given in detail in the following.

2.2.2.1  Information Categories

   Terminals can send two types of information, referred to as ‘‘periodic’’ and ‘‘random’’.

Speech packets are always periodic. Data packets can be random, if they are isolated, such

as keyboard entries to a computer terminal, signaling messages and system control in-

formation; or periodic, if they are part of a long stream of information, such as those in-

volved in file transfers. The packet header specifies the nature of the information in a

packet.

2.2.2.2  Feedback

   Feedback information is multiplexed into the continuous signal stream broadcast by the

base station. Each downstream packet is followed by feedback based on the result of the
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most recent upstream transmission. If the base is able to decode the header of an arriving

packet, the feedback identifies the terminal that sent the packet to the base. If the base is

unable to decode the header of an arriving packet, the base broadcasts a negative acknow-

ledgment (NACK) by feedback to indicate this result. The base need not indicate why it

is unable to decoded an arriving header. Possible reasons are: no packet transmitted; more

than one packet transmitted; one packet transmitted but impaired by adverse channel

conditions.

2.2.2.3  Frame and Slot

   The channel bit stream is first organised in slots, such that each slot can carry one packet

from a terminal to the base station. The time slots, in turn, are grouped in frames. The

frame rate is identical to the arrival rate of speech packets. Within a frame, terminals re-

cognise each slot as being either ‘‘reserved’’ or ‘‘available’’ on the basis of a feedback

packet broadcast in the previous frame from the base station to all of the terminals. A re-

served slot can be used only by the terminal that reserved the slot. An available slot can

be used by any terminal, not holding a reservation, that has information to transmit to the

base.

2.2.2.4  Channel Access

   Contention: For a periodical terminal, e.g. a speech terminal, to access a channel, the

terminal contends with other terminals for an unreserved slot. The terminal must verify

two conditions. The current time slot must be ‘‘available’’, rather than ‘‘reserved’’ and

the terminal must have permission to transmit. Permission is granted according to the state

of a pseudo random number generator. The terminal attempts to transmit the initial packet
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of a burst at a permission probability p, until the base station acknowledges successful

reception of the packet. The permission probability p is a design variable of PRMA.

   Reservation: At the end of each upstream packet transmission, the base station broad-

casts the outcome in an acknowledgment packet when the base station acknowledges ac-

curate reception of a information packet. The terminal that sent the packet reserves that

time slot for future transmissions. All terminals then refrain from using that slot in future

frames. The terminal with reservation thus has uncontested use of the  time slot. At the

end of the information burst, the terminal transmits nothing in its reserved slot. This sti-

mulates a NACK feedback message from the base indicating that the slot is once again

available.

   Collision: It is possible that when a terminal transmits the first packet of a burst, another

terminal will simultaneously transmit a packet. When such a collision occurs, the base

station may fail to detect either packet, in which case, both terminals will have to retrans-

mit the packets involved in the collision. On the other hand, when colliding packets arrive

at the base with substantially different signal levels, the base is sometimes able to detect

the packet with the strongest signal. This is referred to as packet capture.

   Packet loss: When collisions happen, undetected packets will be retransmitted until the

base station acknowledges successful reception of the packet, or until the packet is dis-

carded by the terminal because it has been delayed too long. The maximum packet hold-

ing time is determined by delay constraints on speech communication. If a speech termi-

nal drops the first packet of a burst, it continues to contend for a reservation to send

subsequent packets. It drops additional packets as their holding times exceed the system

delay constraint.

   However terminals transmitting periodic data packets do not drop packets while they

contend for reservations. They store packets indefinitely until packets are successfully re-
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ceived by the base station. Thus they effectively operate with maximum packet holding

delay equal to infinity as in reservation ALOHA. Therefore when a PRMA system be-

comes congested, the speech packet dropping rate and the data packet delay both increase.

 

2.2.2.5  Random Information Packets

   A terminal transmits random information packets in unreserved time slots. When a ran-

dom packet is successfully transmitted, the terminal does not obtain a time slot reserva-

tion. If it has other packets to send, it must contend for subsequent unreserved time slots.

In the event of a collision, packets are retransmitted with retransmission permission

probability, pd. This probability could differ from p, the retransmission permission proba-

bility for periodic information packets. In general, setting p > pd, the system would give

priority to periodic over random information. That is simply because the periodic in-

formation is continues and also for speech terminals, it cannot tolerate long delays.

   The buffer size for random information packets can be quite long. As periodic data in-

formation packets, the effect of network congestion on random information is long packet

delay, rather than packet loss as with periodic speech information packets.

2.3  PRMA System Variables

2.3.1  Frame and Slot Duration

   Consider a PRMA channel with slot duration � seconds and frame duration T seconds.

Each voice packet is composed of a header and T seconds of speech information which

is generated during talkspurts. Let the channel rate be Rc bits per second (bps), the source
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rate Rs bps, and the packet header length H bits. Then the number of time slots in each

frame is

N � � RcT
RsT � H � (2 .9)

where  x   is the largest integer less than or equal to x . The time slot duration is � � T�N.

2.3.2  Speech Model

   A speech source creates a pattern of talkspurts and gaps, as classified by a speech activity

detector [70] [69]. A speech activity detector responds to the principal talkspurts and gaps

related to the talking, pausing, and listening patterns of a conversation. All spurts and gaps

can be modelled as having exponentially distributed durations. The durations of all spurts

and gaps are statistically independent. A PRMA speech terminal examines the output of

the speech activity detector which can be either ‘‘talking” or ‘‘silent” at the end of each

time slot of duration � seconds. The probability that a principal talkspurt with mean dura-

tion t1 seconds ends in a time slot is

� � 1 � exp(� ��t1) (2 .10)

   That is, the probability of a transition from the talking state to silent. Correspondingly,

the probability that a silent gap of mean duration t2 ending in a time slot is

� � 1 � exp(� ��t2) (2 .11)

   That is the transition probability from silent state to talking state. Figure 2.4 shows the

two–state speech model and its transition probabilities.
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FIGURE 2.4 –A speech activity model

2.3.3  Permission Probability

  When a speech terminal first becomes active, speech packets are generated and contend

for transmission on an available slot. The contention results are broadcast by the base sta-

tion on the downlink. If the contention is successful, a slot is reserved for the exclusive

use of that terminal in future frames until it gives up its reservation. Otherwise it contends

again with a certain permission probability p. The permission probability p, is a system

design parameter. In general, p is time invariant and the same for all terminals. Permission

to transmit at each terminal is independent of permission at other terminals.

2.3.4  PRMA Speech Terminal Model

   Figure 2.5 shows a model of a PRMA voice terminal [73]. It represents a PRMA speech

terminal with N reservation states RESi (1≤i≤N), 1 silent state (SIL) and 1 contention state

(CON). N is the number of slots in one frame. State RESi means holding the reservation

for the ith future slot. Hence being a user in RES1 state implies that the current slot is re-

served. All transitions occur at the end of a slot. A terminal which has no  message to trans-
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mit is said to be in the SIL state. When the first packet of a talkspurt is assembled, a SIL

terminal enters the CON state to contend for access to an available time slot. Its probabili-

ty is �. To leave the CON state for RESN, the terminal will be allocated a reservation if

the following 3 conditions are satisfied

�   the slot is unreserved (probability is (1–R/N))

�  the terminal has permission to transmit (probability is p)

�  no other contending voice terminal has permission (probability

is (1–p)C–1)

where C is the number of contending terminals at the current time slot, R is the number

of reservation terminals at the current frame. Since the permission occurs independently

at all terminals and are independent of the reservation status of the channel, all three

conditions for obtaining a reservation are independent and the probability of a transition

from CON to RESN in figure 2.5 is a product of the three terms. The factor (1–�) reflects

the probability that the terminal is in the talkspurt.

   From state RESi the terminal always goes to state RESi–1  (i� 1) at the next slot. From

state RES1, it returns to RESN, if the terminal has succeeding packets for transmission.

After transmitting the last packet in a talkspurt, the terminal enters the SIL state. The

probability of a transition from state RES1 to SIL is the probability that the talkspurt

ended in the most recent frame. This frame transition probability is

�f � 1–�1–��N (2 .12)

    In the model of figure 2.5, if a contending (CON) terminal does not obtain a reservation

before its talkspurt ends, it translates to the SIL state with a probability �.
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FIGURE 2.5 –A Model of a PRMA speech terminal

2.3.5  Speech Delay Limit and Buffer Size

   Since speech communication requires low time delay, the packet delay must be below

the maximum packet holding time denoted by Dmax. Hence every speech terminal con-

tains a first–in first–out (FIFO) buffer to store packets awaiting transmission. If the buffer

is full when a new packet arrives, the terminal drops the oldest stored packet and store

the new packet. It then attempts to transmit the oldest remaining packet. With this packet

dropping mechanism, the buffer size required is

A � � Dmax�T�   packets (2 .13)

where  x  denotes the smallest integer greater than or equal to x. T is the frame duration.

In analysing the packet dropping behaviour of PRMA, we refer to a variable, D, defined

as the maximum waiting time measured in time slots.

D � � Dmax��� (2 .14)
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where � is the slot duration.  Notice that T=�N does not automatically imply AN=D. In

general, AN�D, with equality only if D is an integer multiple of N.

   Packets delayed beyond the maximum packet holding time are dropped. Dropped

packets degrade the speech quality. With PRMA, packet losses occur at the beginnings

of talkspurts. This phenomenon is referred to as ‘‘front end clipping”.  It has been ob-

served that this ‘‘front end clipping” is less harmful to subjective speech quality than other

types of packet loss [25] [68]. The amount of front end clipping, is measured by the packet

dropping probability, Pdrop, which is an increasing function of the number of speech ter-

minals sharing the PRMA channel. For short packets (10 – 20 ms speech), the criterion

Pdrop�0.01 is often adopted [28][68][69]. It is estimated that speech quality with 1%

packet dropping probability is usually acceptable.

2.3.6  Data Terminal

   Assume the average data rate for data terminals is Rd bits per second (bps). From the

voice traffic model, the number of information bits in a PRMA packet is RsT bits, where

Rs is the speech source rate. Therefore the probability that a packet is generated at a data

terminal in any slot, �d, is

�d �
RdT

RsTN
�

Rd
RsN

 . (2 .15)

      For a random data terminal, the data packet buffers are assumed to be infinitely long.

When a data terminal has packets in its buffer it contends for access to an available time

slot. A successful data packet transmission does not provide the data terminal with a re-

servation. Data terminals must contend for each packet transmission. In the event of a col-

lision, data packets are retransmitted with permission probability pd. The permission
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probability is independent of time slot status and permission of other data terminals and

is another variable system design parameter.
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Chapter 3  

Markov Analysis for Voice–only PRMA

Performance Study

3.1  Introduction

   Packet reservation multiple access (PRMA) was originally proposed by Goodman et

al [68] as a method to improve the bandwidth efficiency of time division multiple access

(TDMA) for  bursty sources, such as voice activated speech. The performance of voice–

only PRMA and its stability have previously been analysed and simulated [68], [69], [70].

In [70], the stability of PRMA is examined. It was shown that PRMA would be unstable

if the system is heavily loaded or a large value of retransmission permission probability

p is used. Also in [70], an approximation analysis method is presented for PRMA per-

formance study. An estimate of the state probability distribution of the system state vari-

able is derived, then the expectation of the packet dropping probability function is used

to derive an estimate of the packet dropping probability. The system capacity in terms of

the maximum number of users which can be supported within a given voice quality, say,

1% packet dropping probability, is obtained. This analysis method applies only to stable

systems. It is also noted that the previous studies all assume that the total number of users

in the system is fixed, however the user number in a real system varies over time. More-

over, for any communication system, the measure of its economic usefulness is not the

maximum number of users serviced at one time, but rather the average traffic load or Er-
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lang capacity, that can be supported with a given quality and with available service as

measured by the blocking probability [87] [89].

   The chapter firstly presents a Markov analysis (MA) method which is suitable for both

stable and unstable PRMA systems. This method also provides a more detailed insight

into the channel’s dynamic behaviour and a quantitative estimate, known as FET (First

Exit Time), for the relative instability of unstable systems. Secondly, the calculation of

PRMA Erlang capacity by the MA is presented.

   Throughout the thesis, we assume that acknowledgment messages for the current time

slot on the downlink channel can always arrive at the terminals before the beginning of

the next time slot, and are always received correctly by all mobile terminals. This is re-

asonable given (i) the short roundtrip propagation time in microcellular systems, and (ii)

that powerful error control coding and signal processing technology can be used to make

the probability of acknowledgment errors very small, with little effect on system capacity

because the acknowledgment blocks are short compared with the data packets.

   In this chapter, the case of error free uplink channels is considered. Uplink channels with

transmission error case is considered  in subsequent chapters.

   This chapter is organised as follows. In section 3.2, a Markov model is established and

then the expressions for system instability measure and performance are given. Numeri-

cal results are given in section 3.3. In section 3.4, Erlang capacity is obtained. A conclu-

sion is given in section 3.5.

3.2 Performance Study with Markov Analysis

    In this section, a MA appropriate for PRMA is performed, leading to the calculation

of  mean packet dropping probability, system throughput as well as a measure of system
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stability. The Markovian model of the system is first formulated and the underlying Mar-

kov chain and system performance are then solved.

3.2.1  Markov Model

   According to [70], a PRMA system can be modelled as an N+2 dimensional Markov

process. N is the number of slots in a frame. Since each terminal can be in one of N+2

terminal states showed in figure 2.5, then with M terminals the number of possible system

states could be as large as 2NM2 [70]. Consequently the precise analysis of the Markov

process is prohibitively complex [70] and it is difficult to analyse this markov chain by

an ordinary Markov analysis (MA) technique in the theory of Markov chains which ob-

tains a stationary probability distribution by calculating state transition probability. In

fact, RES1, RES2, … , RESN terminal states all represent terminals in reservation. There-

fore each reserved terminal can be represented by one state RES. This treatment makes

it possible to apply MA to PRMA systems.

   Before establishing a Markov model, we make the following definitions. Let M be the

total number of terminals served in a PRMA system, Ct, Rt and St  be the number of termi-

nals in contention (CON), reservation (RES) and silent (SIL) states at the tth time slot re-

spectively. Here RES includes N RESi (1�i�N) states. Ct, Rt and St are random variables

in the sets of {0,1, … , M}, {0, 1, … , N} and {0,1, … , M} respectively, while

Ct+Rt+St=M. Assuming M to be time invariant, the system vector {Ct, Rt, St } is deter-

mined when any two of Ct, Rt and St are determined. Without loss of generality, we select

{Ct, Rt }. Therefore {Ct, Rt } serves as the state description for the system. Since the sys-

tem in a given state at time t only depends on a previous state at time t–1 and is independent

of the history of the system before the time t–1, {Ct, Rt } is a Markov process. Referring
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to figure 2.5, let CR, RS, CS, SC denote the following 4 events which may occur at the

tth time slot on each terminal, where

CR = the event that a new reservation terminal came from a contention state; 

RS = the event that a reservation terminal departed to a silent state;

CS = the event that a contention terminal departed to a silent state;  

SC = the event that a new contention terminal came from a silent state.

   The events CR, RS, CS and SC result in system state changes from (Ct =C, Rt =R) to

(Ct+1 =C–1, Rt+1 =R+1), (Ct+1 =C, Rt+1 =R–1), (Ct+1 =C–1, Rt+1  =R) and (Ct+1 =C+1,

Rt+1  =R) respectively.

   Lastly, denote Pr(i,j | C,R) as the one step transition probability from system state (Ct

=C, Rt =R) to (Ct+1 =i, Rt+1  =j) and let Pr(C,R) be the probability of the system being in

the state (Ct =C, Rt =R).

   Now we aim to obtain the one step transition probability Pr(i,j | C,R), then the probability

Pr(C,R).

   In the analysis, the case of either event SC or CS occurring on two (or more) terminals

at the same time slot is ignored. This is because the slot size is small and hence the proba-

bility of SC or CS occurring on two or more terminals in the same slot is small. Therefore

the one step transition probability is
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Pr(noSC,oneCR,oneCS)                                                                     i = C–2,   j = R+1

Pr(noSC, oneRS, oneCS)                                                                  i = C–1,   j = R–1

Pr(noSC, noCR, noRS, oneCS)                                                         i = C–1,  j = R

Pr(noSC, oneCR, noCS)+Pr(oneSC, oneCR, oneCS)                       i = C–1,  j = R+1

Pr(noSC, oneRS, noCS)+Pr(oneSC, oneRS, oneCS)                        i = C,  j = R–1  

Pr(noSC, noCR, noRS, noCS)+Pr(oneSC, noCR, noRS, oneCS)     i = C,  j = R

Pr(oneSC, oneCR, noCS)                                                                  i = C,  j = R+1

Pr(oneSC, oneRS, noCS)                                                                  i = C+1,  j = R–1 

Pr(oneSC, noCR, noRS, noCS)                                                         i = C+1,  j = R   

0                                                                      others

 

��������

��������
�

�

�

Pr(i,j | C,R) =

                                                                                                                            (3 .1)

where noX means that event X does not happen at the tth slot, oneX means that the event

X happens on one terminal at the tth slot and Pr(X,Y) is the probability of both X and Y

happening.

   The probabilities of these events and their combinations are listed in Table 1 with S=M–

C–R and u=(1–p)C–1(1–�).

Table 1:  Probabilities of events

                          Events                       Probability

                           noSC                         (1 – �)S

                           oneSC                    1 – (1 – �)S� �� S�

                           noCS                    (1 – �)C �1 – C�

                           oneCS                              C�

                           oneCR                         Cpu(1–R/N)

                           oneRS                           � �f R/N

                        noCR, noRS            (1 – �f)R/N + (1–Cpu)(1–R/N)
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                       oneCR, oneCS                   C(C – 1)pu(1 – R/N)�

                       oneCR, noCS               Cpu(1 – R/N)(1 – (C – 1)�)

   In Table 1, the probability Pr(noCR, noRS) is not the simple multiplication of the proba-

bility Pr(noCR) and Pr(noRS), because it is impossible for CR and RS to happen in a same

slot. The possible contributions for the occurrence of noCR and noRS are (a) the slot is

reserved and the packet being transmitted at the current slot is not the last packet in a talk-

spurt; or (b) the slot is available, but contending terminals fail to get permission or more

than one terminal gets permission. For Pr(oneCR,oneCS) and Pr(oneCR,noCS), because

events CR and CS can only happen on different contention terminals in a given slot, if

CR occurs on a terminal of C, CS can only occur on one of other (C–1) terminals.

   Substituting probabilities in Table 1 into (3 .1)  with b0   = (1–�)S, b1 = 1 – (1–�)S,  we

obtain
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b0C(C � 1)pu�1 � R
N
� � i � C � 2, j � R � 1

b0
R
N �f C� i � C � 1, j � R � 1

b0� �1 � �f
� R

N � (1 � Cpu)�1 � R
N
�� C� i � C � 1, j � R

b0Cpu�1 � R
N
�(1 � (C � 1)�) � b1C(C � 1)pu�1 � R

N
�� i � C � 1, j � R � 1

b1
R
N �f (1 � C�) i � C � 1, j � R � 1

b0
R
N �f (1 � C�) � b1

R
N �f C� i � C, j � R � 1

� �1 � �f
� R

N � (1 � Cpu)�1 � R
N
�� � b0(1 � C�) � b1C�� i � C, j � R

� �1 � �f
� R

N � (1 � Cpu)�1 � R
N
�� � b1(1 � C�)� i � C � 1, j � R

b1Cpu�1 � R
N
�(1 � (C � 1)�) i � C, j � R � 1

 0                                                                                                    others






























�




�

Pr(i,j | C,R) =

(3 .2)

   Since the Markov process {Ct, Rt} is irreducible [36], a stationary probability distribu-

tion Pr(C,R) always exists [90][91]. It can be obtained by solving a set of linear equations

with dimension (M – N/2 + 1)(N + 1) for M�N.

Pr(i, j) � 	N

R�0

	M–R

C�0

Pr(i, j | C, R)Pr(C, R) (3 .3)

and

	N

j�0

	
M–j

i�0

Pr(i, j ) � 1 . (3 .4)
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3.2.2  System Stability Measure

   It has been shown [70] that the system has multiequilibrium points including stable and

unstable equilibrium points. At a stable equilibrium point, any small excursion of the sys-

tem state results in statistical drifts tending to back the equilibrium point. At an unstable

equilibrium point, a small perturbation of the state is forced further away toward a stable

equilibrium point. The system is stable if it has just one equilibrium point, and is bistable

if it has two stable equilibrium points and one unstable equilibrium point [70]. These equi-

librium points can be obtained by an equilibrium equation (in [73]  let b=0 in equation

(8)).

�1 �
�
�� c � �N �

�f
�� r � M  , (3 .5)

or

F(c) � M   , (3 .6)

where c is the equilibrium number of contending terminals, F(c) is called the system equi-

librium function and r is the equilibrium probability of reserved time slots.

r �
cp(1 � p)c�1�1 � ��

�f � cp(1 � p)c�1�1 � ��
. (3 .7)

   For a bistable system, a stable equilibrium point with fewer contenders and hence lower

packet dropping probability and higher throughput is desirable, the other stable equilib-

rium point is undesirable. However, the system will oscillate between the two stable equi-

librium points. This phenomenon is similar to that in the ALOHA system [36]. Like  the

ALOHA system, an unstable PRMA system can also be partitioned into two regions: the

safe region consisting of the system states from initial state (C0 = 0, R0 = 0) to the unstable
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equilibrium point (Cu,Ru) and the unsafe region consisting of all other system states. The

system stability can also be measured by the FET, the average first exit time into the un-

safe region starting from an initially empty channel (0,0). It quantifies the relative insta-

bility of unstable systems. The FET of a PRMA system can be obtained by solving the

following set of equations[36].

Ti,j � 1 � 	
Cu

n�0

	K
m�0

Pr(n, m | i, j) Tn,m
   , (3 .8)

where i � 0, 1, ..., Cu; j � 0, 1, ..., K and

K � �N if n, i � Cu

Ru if n, i � Cu
   . (3 .9) 

   Ti,j is  the first exit time from state (i,j), that is, the number of transitions which the system

goes through before it enters the unsafe region for the first time starting from state (i,j)

in the safe region. Hence T0,0 is the FET of an unstable PRMA system.

3.2.3  Packet Dropping Probability

   The expression for speech packet dropping probability in a particular state (C,R) is [70]1.

Pdrop(C, R) � �f

vD�1–�f
�A–1

1–vN 

�

�
1–

�f
�1–�1–�f

�v2N�

�1–�1–�f
�vN�2 





�
�

�2
f
vN

�1–�1–�f
�vN�2 �

�2
f
�1–�f

�A–1�vD–vAN�

�1–�1–�f
�vN�2

(3 .10)

1    Note that the last term of the equation (75) in [70] does not contain the denominator term [1–(1–�f)vN]2,
which should be obtained by simplifying the combination of the equations (72)–(74) in [70].
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where D is the speech packet delay limit in slots and A is the speech terminal buffer size

(number of packets), v = v(C,R) = 1 – p(1–p)C (1–R/N)(1–�), which is the unsuccessful

contention probability of a terminal. When R = N, v(C,N) = 1 and  then Pdrop(C,N) cannot

be calculated from equation (3 .10). In fact, when v(C,N) = 1, no contending terminals

can obtain a reservation and all contending terminals are delayed until all packets in a talk-

spurt are dropped. Therefore, for any contention terminal in the state (C,N), its packet

dropping probability is equal to 1. So

Pdrop(C, N) � C�M. (3 .11)

It follows that the average packet dropping probability is

Pdrop � �N

R�0

�M�R

C�0

Pdrop(C, R) Pr(C, R) . (3 .12)

3.2.4  Throughput

   The throughput is defined as the proportion of time slots that successfully carry informa-

tion packets. From this definition, the throughput at state (C,R) is

�(C, R) � R
N

(1 � �f) � Cp(1 � p)C�1�1 � ��(1 � R
N

) (3 .13)

where the first term is the probability of a reserved slot that is not empty following a talk-

spurt. The second term is the probability of unreserved slots that carry speech packets.

The average throughput of this system is

� � �N

R�0

�M�R

C�0

�(C, R) Pr(C, R) . (3 .14)
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3.2.5  Random Access Delay

   Speech quality in voice packet communications is a function of both packet dropping

probability and random access delay. In a PRMA system a maximum delay constraint

Dmax is usually placed on the packet holding delay. When the packet holding delay is

greater than Dmax, the packet is dropped. The packet dropping probability is an important

performance parameter for PRMA. Here we obtain an expression for random access

delay.

   The random access delay consists of two parts, namely, fixed delay and random delay.

The fixed delay arises from speech packetized delay equal to the frame size. The random

delay is the contending time which is defined to be the average time from the moment the

initial packet of a talkspurt contends until the instant the talkspurt acquires reservation.

The random access delay is depicted in figure 3.1.

null packetnull packet

1 2

2121packet assember
output of 

packetspackets

output of  PRMA

speech detector

output of 

talkspurt talkspurt

talkspurt talkspurt

silence

silence

access
time   Dc

contention

delay  D
reservation  silence reservation

FIGURE 3.1 –A diagram of random access delay
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   At the system state (C,R), the probability of one successful contention is 1–v (C,R), so

the contention time can be expressed as

Dc(C, R) � 1
1 � v(C, R)

slots . (3 .15)

   When R= N, then v(C,N) = 1, and equation (3 .15) is not valid for calculating Dc(C,N).

Again because no contending terminals can obtain reservations at the states (C,N), all con-

tending terminals are delayed until the end of their talkspurts. Therefore the contention

time of each contending terminal is equal to the talkspurt duration. Hence

Dc(C, N) � �t1��� �C�M� slots (3 .16)

 where t1 is the mean duration of a talkspurt, and � is the slot duration. Therefore the aver-

age contending time for a voice terminal is

Dc � �N

R�0

�M�R

C�0

Dc(C, R) Pr(C, R) slots (3 .17)

The mean access delay is

Dav � Dc � T–� (3 .18)

where T is the packetized delay.

3.3 Example System

  In  this section, the performance of a PRMA system is evaluated by the formulas derived

in previous sections. The system parameters used in analysis and simulation are listed

below [68] [69] [70] [73]. 

Channel rate 720kbps

Source rate 32kbps

Frame duration 16 ms
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No. of slots 20

Slot duration 0.8 ms

Header length 64 bits

Maximum speech delay 32 ms

Permission probability variable

Mean talkspurt duration 1000 ms

Mean silent duration 1350 ms

   In the following, both analytical and simulation results for the given parameters are pres-

ented. The simulation methodology is briefly outlined below.

3.3.1  Simulation Methodology Outline

   In simulation program, the speech activity model in figure 2.4 is used to generate on–off

speech pattens for each of the terminals. These speech patterns are mutually independent.

Transmission permission probability p for contending packets at each terminal is gener-

ated by pseudo random number generator and is independent of slot status. According to

this model, the operation of the PRMA system is simulated and estimates of system per-

formance, such as packet dropping probability, throughput, and random contention time,

as a function of the number of simultaneous conversations, are obtained. The packet drop-

ping probability Pdrop is obtained as the ratio of the number of packets dropped to the total

number of packets generated. The throughput is the ratio of the total successfully trans-

mitted packets to the total time slots. The mean random contention time is the ratio of total

contention time to the total number of accesses during the simulation run. The simulation

time is chosen to exceed the FET for unstable systems to ensure a high probability of at

least one transition from the safe region to the unsafe region.
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3.3.2  Numerical Results

   Figure 3.2 shows the system equilibrium function F(c) for different permission proba-

bility p. It shows that with a large value of p, the system becomes unstable when the

number of users M is large. The example system is stable for p=0.3, 0.4 and 0.5 when

M<60, M<43, M<35 respectively [70].

    Figure 3.3 gives packet dropping probability Pdrop as a function of simultaneous con-

versations M and permission probability p. Figure 3.4 gives the relationship of mean

contention time to M for p=0.3. In those figures the isolated points are simulation results

for an initial state with all terminal buffers empty. Similar results are also reported in [69],

[70]. The solid lines are analytical results from the MA. From figure 3.3, it can be seen

that the agreement between the theoretical results by the MA and the simulation results

is good for both stable (p=0.3) and unstable (p=0.5, M�35) systems. Figure 3.5 shows

the stationary probability distribution of contenders for p=0.5 and M=45 from the MA

method. This corresponds well with simulation results reported in figure 6 of [70]. Figure

3.5 allows us to get a more detailed insight into the system behavior. It can be seen that

the system is not always at an equilibrium point, it really moves in the state space accord-

ing to the stationary state probability distribution Pr(C,R) in equation (3 .3). Consequent-

ly it is not completely accurate to base Pdrop calculations on equilibrium points. The MA

technique derived above directly accounts for the distribution of the state space relation-

ship and thus provides a more accurate calculation of Pdrop for both stable and unstable

systems. Also figure 3.3 shows that when the value of M is small, the packet dropping

probability with a larger value of p is lower and vice versa when the value of M is large.

    The FET system instability measure, in slots as a function of M, for different value of

permission probability is plotted in figure 3.6. The values of FET indicate the relative in-

stability of PRMA. It gives an indication of the required time to simulate unstable sys-
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tems. Also the value of FET, Pdrop and throughput enable us to design proper system pa-

rameters. From this figure, it can be seen that the value of FET of the unstable systems

with M�36 for p=0.5, M�43 for p=0.4 are small. In general these unstable systems are

unacceptable. Therefore, although p=0.5 has lower packet dropping probability than

p=0.3 when M�36, p=0.3 is still a proper system design value as indicated in figure 3.3.

   The system capacity can be defined as the maximum number of simultaneous conversa-

tions supported at the 1% packet dropping limit [69] [70]. Therefore, its capacity is M0.01

= 36.4. Then the normalized system capacity is �0.01=M0.01/(Rc/Rs)= 36.4/22.5 = 1.62

conversations per channel. The throughput is calculated from equation (3 .14) to be

0.758.
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3.4  Erlang Capacity of PRMA

   Having obtain the capacity in terms of the maximum number of simultaneous conversa-

tions supported for a given voice quality, we now pay attention to the Erlang capacity of

PRMA.

   Consider a wireless cell whose radio channel is shared among multiple users (mobiles)

for transmission of voice messages by the packet reservation multiple access (PRMA)

protocol. In such a cell, users have to request call set–up when they want to enter the cell.

If the number of users in the cell is less than a maximum threshold, the call is admitted

into the system, otherwise the call is blocked and discarded. Once the call is admitted into

the cellular system, the call is allowed to transmit its voice message according to the

PRMA protocol. Therefore the key performance measures of such systems are not only

the voice quality measured in packet dropping probability, but also the call blocking

probability. The average traffic load that can be supported in the system with a given voice

quality and within a certain call blocking probability is called the Erlang capacity of the

system. This section contributes to the calculation of the PRMA Erlang capacity.

3.4.1  Calculation of Steady State Distribution with Markov Analysis

    In section 3.2, PRMA is represented by a Markov chain {Ct, Rt } which is defined as

the number of users in contention and reservation at the tth time slot, assuming the total

number of users, M, in the system is constant. However the user number in the system

varies over time, M is no longer fixed. Therefore {Ct, Rt, Mt } is used to describe the dy-

namics of PRMA system, where Mt is the total number of users in the system at the tth

time slot.  Mt is in the set of { 0,1,.... Mmax}, Ct, Rt are in the set of {0,1,....Mt} and

{0,1,....N} respectively and meet the condition of Ct + Rt �Mt. Mmax is the maximum
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number of admitted users in the system. One state of the system can be described by

(Ct=C, Rt=R, Mt=M), simplified as (C,R,M). Now the main task is to find the steady state

distribution, thus the packet dropping probability and Erlang capacity can be calculated.

    It is noted that, for a typical application case, the total number of users in the system

remains constant over a large number of slots, although it varies over the time. This is due

to the fact that the time between changes in the number of calls in the system is of the order

of seconds whereas the slot duration is of the order of milliseconds. Thus the steady state

distribution of the system can be approximated by expressing it as the product of the mar-

ginal steady state distribution of the number of users in the system and the joint steady

state distribution of the number of contending users and the number of users with reserva-

tion, given the number of users in the system is constant. That is,

Pr�Ct � C, Rt � R, Mt � M� �� Pr(C, R, M) �
Pr�Ct � C, Rt � R�Mt � M�Pr�Mt � M� (3 .19)

where

Pr�Ct � C, Rt � R�Mt � M� � PrM(C, R). (3 .20)

PrM(C,R) is the steady state probability distribution for a system in which the number of

admitted calls in the system remains at a constant, M. It can be calculated by equations

(3 .2), (3 .3) and (3 .4).

    The Marginal steady state distribution Pr(Mt=M), simplified as Pr(M), of the total

number of users in the system can be calculated as follows. 

    Assume that the calls arrive into the system according to the Poisson process with the

intensity of � calls per second, and the call durations are exponentially distributed with

a mean of 1/� seconds per call. Then the average offered traffic load of the system mea-

sured in Erlangs is given by
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� � ���. (3 .21)

The maximum number of calls allowed into the system is Mmax. Therefore the system call

process is modelled as a M/M/Mmax/Mmax queue. The steady state distribution of the

number of admitted calls in this queue is given by Erlang’s loss formula[87][90],

Pr(M) �
�
�
�
�

�

�M�M!

�
Mmax

n�0

�n�n!

0 � M � Mmax

0 otherwise.

(3 .22)

3.4.2 Calculation of Packet Dropping Probability

   Having obtained the steady state distribution of the system we are now able to calculate

the packet dropping probability,

Pdrop � �
Mmax

M�1

�N

R�0

�M–R

C�0

Pr(C, R, M)Pdrop(C, R, M). (3 .23)

   Since from [70], it is noted that packet dropping at a particular state is only dependent

on how many contention users C and reservation users R in the system. Its probability,

Pdrop(C,R,M), is equal to Pdrop(C,R) in equation (3 .10). Therefore (3 .23) can be re-

written as

Pdrop � �
Mmax

M�1

�N

R�0

�M–R

C�0

Pdrop(C, R)PrM(C, R)Pr(M). (3 .24)

3.4.3 Blocking Probability

    In conventional multiple access systems, such as FDMA and TDMA, traffic channels

are allocated to users as long as there are channels available, after which all incoming
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traffic is blocked until a channel becomes free at the end of a call. In PRMA systems calls

are not blocked as in conventional systems. When no slot is available, PRMA allows users

wait up to maximum limit and then packets are dropped. This effect increases with the

offered traffic. Therefore there is an upper limit, Mmax, to the simultaneous users which

allows proper operation. When the number of simultaneous users in the system exceeds

the Mmax, the call is blocked. According to the previous assumptions, the call blocking

probability can also be obtained from the classical Erlang analysis of the M/

M/Mmax/Mmax queue which gives the blocking probability [87] [90].

Pblocking �
�Mmax�Mmax!

�
Mmax

n�0

�n�n!

. (3 .25)

   It is equal to the probability of Mmax users in the system, i.e. Pr(Mmax), letting M=Mmax

in (3 .22).

3.4.4  Simulation Model

   In the simulation program, a Poisson call arrival process (i.e., an exponentially distrib-

uted interarrival time of a new call with mean of 1/�) and an exponentially distributed call

duration with mean of 1/� are firstly generated. Two counters are used to keep track of

the number of total calls and the number of calls currently served in the system. The num-

ber of total calls is increased by 1 when a new call tries to access the system. The number

of calls currently served is increased by 1 if a new call is accepted into the system or de-

creased by 1 if a served call is terminated. The acceptance of a new call depends on the

number of calls currently served. If the number of calls currently served is less than the

maximum threshold, Mmax, a new call is accepted into the system; Otherwise the call is

blocked. The call blocking probability is then estimated by the ratio of the number of
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blocked calls to the number of total calls during the whole simulation time. For each call

accepted, its PRMA operation is simulated according to the outline described in section

3.3.1. Thus voice packet dropping probability, call blocking probability and Erlang ca-

pacity are obtained.

3.4.5 Numerical Results

    The same example system is used in this section. Three performance criteria are used:

1.  Call blocking probability less than 0.02, average packet drop-

ping probability less than 0.01.

2.  Call blocking probability less than 0.02, 99–percentile packet

dropping probability less than 0.01.

3.  Call blocking probability less than 0.02, 90–percentile packet

dropping probability less than 0.01.

   The 0.01 packet dropping probability requirement reflects the common assumption that

speech distortion due to a 1% packet dropping is barely audible. However packet drop-

ping probability for different terminals is different. Even if the average packet dropping

probability is less than 0.01, some terminals still experience unacceptable degradation le-

vels. Therefore 99–percentile and 90–percentile packet dropping probability serve as

better measures of the voice quality performance.

    For the example system, it is shown in section 3.3 that if the total number of terminals

in the system is greater than 36, the packet dropping probability is higher than 0.01.

Therefore in order for the x–percentile packet dropping probability to be less than 0.01

we require

Pr(M � 36) � x�100 � Pr(M � 37) (3 .26)
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where M is the total number of calls in the system at steady state.

    Figures 3.7 through 3.9 show the system average traffic load, ��� in Erlangs versus call

threshold Mmax under the above three prescribed performance criteria. Simulation and

analysis results are shown in the same figures for comparison.

    From these figures we can see that each curve has two distinct parts: an increasing part

and a decreasing part. If Mmax is selected small, the 2% call blocking probability is first

achieved before the packet dropping criterion is reached. This contributes to the increas-

ing part of the curves. The decreasing part of the curve is obtained when the reverse is

true. It is also obvious that there exists an optimal call threshold level for which the aver-

age traffic load of PRMA system is maximised.

    From figure 3.7 it can be seen that the maximum average traffic load, or the system

Erlang capacity, is 35.5 Erlangs when the maximum call threshold level, Mmax, is set to

be 45. Figure 3.8 shows that under criterion 2 the Erlang capacity for the system is 27

Erlangs. This is obtained when the call threshold level, Mmax, is set equal to 36. Under

criterion 3, the system Erlang capacity is 30 Erlangs when Mmax equals 40. The Erlang

capacity of PRMA under different performance criteria are listed in table 2.

Table 2:  Erlang capacity of PRMA

Erlang capacity � optimal Mmax

performance criterion 1  35.5 45

performance criterion 2 27.0 36

performance criterion 3 30.0 40

    For a fixed assigned TDMA scheme with 20 slots per frame and a maximum call block-

ing probability set to be less than 0.02, the Erlang capacity is 13.2. Compared to the

TDMA system, the Erlang capacity of the PRMA system is 2.67 times greater under cri-

terion 1, 2 times greater under criterion 2,  and 2.27 times greater under criterion 3.
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3.5  Conclusions

   In this chapter, the Markov analysis for the performance study of the PRMA system is

presented. With the MA, the system performance including packet dropping probability,

random access delay, and throughput can be calculated accurately for both stable and

unstable systems. Also with the MA, a more detailed insight into the channel’s dynamic

behaviour can be examined and an system instability measure by the FET (First Exit

Time) is obtained. Therefore system parameters can be designed properly. The PRMA

Erlang capacity is also calculated with the MA under different performance criteria. The

comparisons between theoretical calculation and simulation results are shown. It is con-

cluded that the Markov analysis establishes a powerful tool for the performance study and

design of PRMA systems. The capacity, in terms of the maximum simultaneous number

of conversations, is 1.62 times greater than for a fixed assigned TDMA system, and the

Erlang capacity of PRMA is more than 2 times greater than that of a fixed assigned TDMA

system.
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Chapter 4  

Performance Analysis of Joint Voice–

Data PRMA over Random Packet Error

Channels

4.1  Introduction

   In [69] – [70] and chapter 3, the voice–only PRMA on a transmission error free channel

was studied. It was found that PRMA is a simple and effective multiple access scheme

for a local wireless environment. According to [68], PRMA allows terminals to efficient-

ly transmit not only voice but also data packetized information. It operates in the reserva-

tion mode for speech traffic. Reservations are obtained by a contention procedure. Data

terminals transmit all their packets in a contention mode. In the unreserved slots, both

voice and data packets contend for the channel, but with unequal permission probabilities.

When a voice terminal contends successfully, it obtains exclusive use of the slot in subse-

quent frames, until it gives up its reservation. However, a data terminal must contend each

time it has a packet to transmit. Furthermore, shadowing, fading and interference in a real

wireless communication system would cause transmission errors. These transmission er-

rors in the packet header have a significant impact on the performance of the PRMA

scheme.
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   The performance of voice only or joint voice–data PRMA systems has been discussed

in several papers [68] – [73].  [72] and [73] give analysis results for joint voice data PRMA

on an error free channel, which were obtained by equilibrium point analysis. This method

underestimates the system performance since it assumes that the system is always at a

stable equilibrium point. In practice the system state moves in a state space according to

some state distribution. Chapter 3 presented a Markov analysis (MA) method which gives

the state distribution for voice–only systems under the error free transmission condition.

Although accurate, MA does not lend itself to extension to the joint voice–data case.

Therefore, it is necessary to develop a method for the joint voice–data system to obtain

more accurate performance estimates. The performance of voice–only PRMA in the pres-

ence of packet transmission errors is simulated in [76], and its stability is studied in [77].

However, performance parameters in joint voice–data PRMA with transmission errors

have not been derived. This chapter analyses the performance of joint voice–data PRMA

with forward path transmission errors.

   The chapter is organised as follows. In section 4.2, models of each PRMA voice and

data terminal are established. In section 4.3, two analysis methods for the joint voice–data

PRMA system are proposed. System performance measures, namely the voice packet

dropping probability, data packet delay and system throughput are derived in this section

and appendix A. Analysis and simulation results are presented in section 4.4 for compari-

son. Concluding remarks are given in section 4.5.
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4.2 Voice Data PRMA System and Models

4.2.1  Voice Subsystem

   Voice–data PRMA operates in the reservation mode and uses a contention mode for ob-

taining a reservation for speech terminals. When the first packet of a talkspurt in a voice

terminal is generated, the terminal starts to contend by transmitting the packet on unre-

served slots. A successful contention must meet the following five conditions:

�  The slot is available,

�  The terminal has permission (p) to transmit,

�  No other contending voice terminal has permission,

�  No backlogged data terminal has permission,

�  There are no packet header errors.

   After successful contention a slot reservation is allocated to the voice terminal for the

exclusive use of that slot in the future frames. However on a non–ideal channel, packet

header errors may cause the base station to be unable to decode the header correctly inter-

preting the result as a packet collision or the event that no packet was transmitted even

if the terminal is in a reservation state and has packets to transmit. Thus the base station

announces unsuccessful packet reception. In this case a packet header transmission error

causes a reservation terminal to lose its reservation prematurely. The terminal has to start

contending for another reservation and risks dropping packets while waiting. figure 4.1

shows the model of a voice PRMA terminal on a non-ideal channel. For convenience, sev-

eral parameters used in this Figure and other parts of this chapter are listed in table 3.
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 �(1–�f)

FIGURE 4.1–A model of a PRMA voice terminal

Table 3: Definitions of the symbols

Symbol Definition

�, � The transition probabilities of a voice terminal from talkspurt to silence

and from silence to talkspurt respectively

Rs, Rd Voice source rate and data source rate respectively

M, Md Total number of voice and data terminals respectively

N Number of slots in a frame

p, pd The permission probabilities of voice and data terminals respectively

�d The data packet generation rate in any slot for each data terminal, 

�d=Rd/(RsN) in equation (2 .15).

�f The transition probability from RES1 to SIL, �f=1 – (1 – ��� in equation

(2 .12)

C, B The number of contending voice and data terminals respectively

R The number of reservation terminals in one frame
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� Packet header error rate which can be obtain from [76] for both fast and

slow fading channels

u1 u1=(1–p)C–1(1–pd)B(1–�)

w Successful transmission probability of a data packet in equation (4 .1)

4.2.2  Data Subsystem

   For each data terminal, its data packet buffer is assumed to be infinitely long. A data

terminal is defined to be backlogged if its buffer is not empty. A backlogged data terminal

may transmit a packet in an unreserved slot if it has permission to transmit and its trans-

mission is successful if the following conditions hold:

�  The slot is available,

�  The terminal has permission (pd) to transmit,

�  No contending voice terminal has permission,

�  No other backlogged data terminal has permission,

�  There are no packet header errors.

   Therefore, successful transmission probability of a data packet is

w � w(C, R, B) � pd
�1–pd

�B–1
(1–p)C(1–�)�1– R

N
� (4 .1)

   A successful data packet transmission does not provide the data terminal with a reserva-

tion. Data terminals must contend for each packet transmission.

   A terminal which has j packets in its buffer is said in state BUFj. For a low bit rate data

transmission, it is assumed that no more than one packet arrival occurs in a slot at a par-

ticular data terminal. For each data terminal, a birth–death process is obtained, as shown

in figure 4.2.



PH.D. THESIS OF HONGHUI QI

69

BUFBUF BUF BUF

1−σ 
d d

0
1 2 j

.  .  .  . .  .  .  .

(1-w) (1-w) (1-w)
d dd d d

d
d

d

w w w

w w w

σ σ
d d

(1-w)(1-w)σ
d
(1-w)

(1−σ

(1−σ (1−σ (1−σ)

)))

(1−σw
d
)

(1−σ (1−σ

))

σ σ σ+ + +

d
σ

FIGURE 4.2 –A model of a data terminal in a PRMA system

   In this chapter, errors which corrupt the packet header are considered since these directly

affect the PRMA performance. Errors which occur within the data bits are not considered.

The effect of these errors will depend on the nature and requirements of the data in ques-

tion. In the analysis a simple error model is used where packet header errors are assumed

to occur independently and at random with some predetermined packet header error

probability. Based on this simple error model, this non–ideal radio channel is referred to

as a random packet error channel.

4.3  Joint Voice–Data PRMA Performance

   A joint voice–data PRMA system can be represented by a Markov process {Ct, Rt, Bt},

where Ct, and Rt are the number of  voice terminals in contention (CON) and reservation

(RESi 1�i�N) states and Bt is the number of backlogged data terminals at the tth time

slot respectively. Ct, Rt and Bt are random variables in the sets of {1, 2, �…�� �}, {1, 2,
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�…�� �} and {1, 2, �…�� �d} respectively, where M is the total number of voice terminals,

Md is the total number of data terminals, and N is the number of slots in a frame. M and

Md are assumed to be time invariant. System performance parameters such as the packet

dropping probability, data packet delay and channel throughput can be obtained by the

expectation of the system performance functions at a state (C,R,B) and the stationary state

probability distribution Pr(C,R,B). Pr(C,R,B) can be expressed as follows:

Pr(C, R, B) � Pr�C, R�B� Pr(B) (4 .2)

where Pr(C,R/B) is the conditional steady state distribution of (C,R) given the number

of backlogged data terminals, B.  Pr(B) is the marginal distribution of B.

   In the following, two approximation methods for calculating Pr(C,R,B) are presented.

One is a combined Markov and equilibrium points analysis. The other is a Markov analy-

sis using approximation of the marginal distribution of B.

4.3.1  A Combined Markov and Equilibrium Point Analysis

   Equilibrium point analysis (EPA) can be easily used to analyse multidimensional Mar-

kov processes since it is not necessary for EPA to calculate the system state distribution.

EPA assumes that the system is always at a stable equilibrium point [41]. In practice, the

PRMA system moves in a state space according to a state distribution. The combined

method described in this chapter uses the EPA methodology but also considers the sys-

tem′s dynamic behavior. Firstly the equilibrium number, b, of backlogged data terminals

is obtained. As for the EPA, the system always has b backlogged data terminals is as-

sumed, that is Pr(B=b)=1. Secondly, the conditional steady state probability distribution

Pr(C,R/B) can be approximated by Pr(C,R/b). Since the data subsystem operates near b

with a large probability, the process described by {C,R}, given b, is assumed steady, and
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its probability distribution Pr(C,R/b) can be calculated through Markov analysis. Lastly,

the steady state distribution Pr(C,R,B) is obtained by equation (4 .2).

4.3.1.1  System Equilibrium Points

   The equilibrium points of the joint voice data PRMA system can be obtained by the fol-

lowing two non-linear equations [72][73]

�1 �
�
��c � �N �

�f
��r � M (4 .3)

bpd(1–p)c�1–pd
�b–1

(1–�)(1–r) � �dMd (4 .4)

where c is the equilibrium number of contending terminals, r is the equilibrium probabili-

ty of a reserved time slot and

r �
cp(1–p)c–1�1–pd

�b�1–��(1–�)

�f � cp(1–p)c–1�1–pd
�b�1–��(1–�) � ��1–�f

�
. (4 .5)

    Since the values of b and c are not easily obtained from the equations (4 .3) and (4 .4)

an iterative technique was introduced [73]. After appropriate variable changes, the vari-

able b can be written explicitly in terms of c as follows,

b � min���
cp�1–pd

�
pd(1–p)

�dMd
�1–��

�f � ��1–�f
�� N � �f��

M–�1 � ����c
�, Md�

	



. (4 .6)

   Thus the equilibrium points and the system stability can be determined by (4 .3) and

(4 .6). If the data subsystem is unstable the number of backlogs at the data terminals will

grow without bound. The equilibrium value of b at this case is the total number of data

terminals. That is, b=Md.
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4.3.1.2  Markov Analysis

   In this section, the conditional stationary state probability distribution Pr(C,R/B=b) is

computed. The case of a single voice contender entering or a single voice terminal depart-

ing the silence state during any single slot interval is considered since in most practical

systems the slot size is small and the probability of this happening simultaneously to more

than one terminal is small. The one step state transition probability Pr(i,j | C,R,b) from

state (C,R) to (i,j) under the condition of given b can be obtained by

Pr(noSC,oneCR,oneCS)                                                       i = C–2,   j = R+1

Pr(noSC, oneRS, oneCS)                                                     i = C–1,   j = R–1

Pr(noSC, noCR, noRS, noRC, oneCS)                                i = C–1,  j = R

Pr(noSC, oneCR, noCS)+Pr(oneSC, oneCR, oneCS)          i = C–1,  j = R+1

Pr(noSC, oneRS, noCS)+Pr(oneSC, oneRS, oneCS)

+Pr(oneRC,oneCS,noSC)                                                     i = C,  j = R–1  

Pr(noSC, noCR, noRS, noRC, noCS)+

Pr(oneSC, noCR, noRS, noRC, oneCS)                               i = C,  j = R

Pr(oneSC, oneCR, noCS)                                                     i = C,  j = R+1

Pr(oneSC, oneRS, noCS) +Pr(oneRC, oneSC, oneCS)

+Pr(oneRC,noSC, noCS)                                                     i = C+1,  j = R–1 

Pr(oneSC, noCR, noRS, noRC, noCS)                                i = C+1,  j = R   

Pr(oneSC, oneRC, noCS)                                                    i = C+2,  j = R–1

0                                                         others

 

��������������

��������������
�

�

�

Pr(i,j | C,R,b)=

(4 .7)
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   As in chapter 3, SC denotes the event of new contention terminals coming from a SIL

state, RC denotes the event of new contention terminals coming from a RES state and so

on. The events oneSC, oneRC, oneCR, oneCS and oneRS result in system state changes

from (Ct =C, Rt =R) to (Ct+1 =C+1, Rt+1  =R), (Ct+1 =C+1, Rt+1  =R–1), (Ct+1 =C–1, Rt+1

=R+1), (Ct+1 =C–1, Rt+1  =R) and (Ct+1 =C, Rt+1 =R–1) respectively. The probabilities

of these events and their combinations are listed in table 4 with S = M – C – R and u =

(1–p)C–1 (1–pd)b (1–�)(1–�).

Table 4:  Probabilities of events

                          Events                       Probability

                           noSC                         (1 – �)S

                          oneSC                    1 – (1 – �)S� �� S�

                           noCS                    (1 – �)C �1 – C�

                          oneCS                              C�

                          oneCR                         Cpu(1–R/N)

                          oneRS                           � �f R/N

                          oneRC                       R/N(1 – �f)�

                    noCR, noRS,noRC      R/N(1 – �f)(1–�)+(1–Cpu)(1–R/N)

                       oneCR, oneCS                   C(C – 1)pu(1 – R/N)�

                       oneCR, noCS               Cpu(1 – R/N)(1 – (C – 1)�)

   Substituting probabilities in table 4 into (4 .7) with b0   = (1–�)S, b1 = 1 – (1–�)S,  we

obtain
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b0C(C–1)pu�1– R
N
� � i � C–2, j � R � 1

b0
R
N �f C� i � C–1, j � R–1

b0� �1–�f
� R

N
(1–�) � (1–Cpu)�1– R

N
�� C� i � C–1, j � R

b0Cpu�1– R
N
�(1–(C–1)�) � b1C(C–1)pu�1– R

N
�� i � C–1, j � R � 1

b1
R
N �f (1–C�) � R

N
�1–�f

�� �b1C� � b0(1–C�)� i � C � 1, j � R–1

b0
R
N �f (1–C�) � b1

R
N �f C� � b0

R
N
�1–�f

�� C� i � C, j � R–1

� �1–�f
� R

N
(1–�) � (1–Cpu)�1– R

N
�� � b0(1–C�) � b1C�� i � C, j � R

� �1–�f
� R

N
(1–�) � (1–Cpu)�1– R

N
�� � b1(1–C�)� i � C � 1, j � R

b1Cpu�1– R
N
�(1–(C–1)�) i � C, j � R � 1

 0                                                                                                                   others

���������������

���������������
�

	




Pr(i,j | C,R,b) =

b1
R
N
�1–�f

�(1–C�)� i � C � 2, j � R � 1

(4 .8)

   Therefore the conditional stationary state probability distribution Pr(C,R/b) can be ob-

tained by solving a set of linear equations.

Pr�i, j�b� � �N
R�0

�M–R

C�0

Pr(i, j | C, R, b)Pr�C, R�b� (4 .9)

and

�N
j�0

�
M–j

i�0

Pr�i, j�b � � 1 . (4 .10)
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   Therefore the steady state distribution Pr(C,R,B) is

Pr(C, R, B) � Pr(C, R�B) Pr(B) � Pr(C, R�b) (4 .11)

4.3.2  Markov Analysis by Approximating the Marginal 

           Distribution of B

   The above combined Markov and equilibrium point analysis assumes that the number

of backlogged data terminals is fixed at b, the equilibrium value. This assumption greatly

simplifies the computation. However, the impact of the simplification on the result is

somewhat unpredictable since it is dependent on the actual probability distribution of B,

Pr(B) [41]. In the following, a method for calculating Pr(C,R,B) more accurately is de-

rived. A probability distribution of B, Pr(B), is first derived. Then Pr(C,R/B) is calculated

under the assumption that the process described by {C,R} is stationary. Finally, Pr(C,R,B)

can be calculated from equation (4 .2). This procedure avoids the assumption that the

number of backlogged data terminals is fixed at the equilibrium value,b, at the expense

of introducing a weaker assumption of stationariness.

   The equilibrium value of backlogged data terminals is b in equation (4 .6), and the equi-

librium probability of backlogged data terminals is

q � b�Md (4 .12)

   Therefore the distribution of B is a binomial distribution [70], that is,

Pr(B) � �Md

B
�qB(1–q)Md–B (4 .13)

   Pr(C,R/B) can be derived directly from equations (4 .7) to (4 .10) with B substituted

for b, assuming the process {C,R} is stationary.  A similar assumption has been made in

[74].
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   Therefore Pr(C,R,B) can be obtained by equation (4 .2). It is noted that when the data

subsystem becomes unstable, b=Md, and from equation (4 .13), Pr(B=Md)=1. In this

case, since B takes only one value, b, this method is the same as the combined Markov

and equilibrium point analysis.

4.3.3  System Performance Measures

4.3.3.1  Voice Packet Dropping Probability

   A voice terminal drops all packets which incur a contention delay longer than some

maximum delay limit D slots. In order to obtain the voice packet dropping probability

Pdrop, the access procedure of a terminal from the beginning of a new talkspurt to the end

of the talkspurt is observed. At the beginning of the talkspurt, the terminal contends for

a reservation. Packets would be dropped at this contention state and the expression of its

dropping probability Pdrop0(C,R,B) is the same as the equation (3 .10)

Pdrop0(C, R, B) � �f

vD�1–�f
�A–1

1–vN �
�

	
1–

�f
�1–�1–�f

�v2N�

�1–�1–�f
�vN�2 �




�
�

�2
f
vN

�1–�1–�f
�vN�2 �

�2
f
�1–�f

�A–1�vD–vAN�

�1–�1–�f
�vN�2

(4 .14)

where the unsuccessful contention probability v now is

v � v(C, R, B) � 1–p(1–p)C�1– R
N
��1–pd

�B
(1–�)�1–�� . (4 .15)

   After a successful contention, the terminal will obtain a reservation. However, because

of the channel errors, the terminal may lose this reservation and return to the contention

state, thus risking further packet dropping. The packet dropping probability,
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Pdrop1(C,R,B), in this case is derived in appendix A. After that the terminal may repeat

this cycle: reservation, packet header error, contention and packet dropping, until the end

of the talkspurt. Let Pdropn(C,R,B) be the dropping probability at the nth such cycle. n is

an integer number from 1 up to the total number of the cycles during the talkspurt. There-

fore the total packet dropping probability at state (C,R,B) is the summation of all

Pdropn(C,R,B) and the Pdrop0(C,R,B). However, the total number of the cycles in a talk-

spurt is uncertain due to the random packet errors. Furthermore, the calculation of

Pdropn(C,R,B) for n�2 becomes prohibitively complex due to the accumulating time de-

lays in a talkspurt which requires multiple contentions. The methodology is similar as for

Pdrop1(C,R,B) in equations (4 .19) to (4 .29), but the calculation of Dn (cf. equation

(4 .29)) becomes conditional upon previous delays.

   Let k be the average number of packet header errors occurring during a talkspurt dur-

ation, k=�/�f. If � is small, k�1, and it is clear that Pdrop(C,R,B) can be very closely

approximated by

Pdrop(C, R, B) � Pdrop0(C, R, B) � Pdrop1(C, R, B) for k � 1. (4 .16)

    If � is large, k�1, (4 .16) is no longer valid and Pdrop(C,R,B) can be roughly approxi-

mated by

Pdrop(C, R, b) � Pdrop0(C, R, b) � kPdrop1(C, R, b) for k � 1 . (4 .17)

    Therefore Pdrop(C,R,b) can be calculated by combining (4 .16) and (4 .17)

Pdrop(C, R, b) � Pdrop0(C, R, b) � max{1, k}Pdrop1(C, R, b) . (4 .18)

    Pdrop1(C,R,B) is derived in appendix A and can be expressed as follows
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Pdrop1(C, R, B) � h0
�1–�f

�A
�

g1 � g2
�1–�f

�A–1
(1–�)A–1

1–�1–�f
�(1–�)

R
N

��f
�1–�f

��2

�
g3

��1–�f
� vN�A–1

� h6

1–vN�1–�f
� �f

�1–�f
� v2N �

h7�1–�vN�1–�f
��A�

�1–vN�1–�f
��2 �fv

N–h7�fv
N

(4 .19)

where

g1 � h1 � h5 , g2 � h2 � h3–h5 , g3 � h4–h6–Ah7 , (4 .20)

h0 � R
N

�f
�1–�f

� vD1

1–vN (4 .21)

h1 � ��–1–��–1–A0
�(1–�)–A0�(1–�)2 (4 .22)

h2 � � vN

1–vN(1–�)–1� 1
1–vN(1–�)–1 � A0–1��vN(1–�)–1�A0–1

– � vN

1–vN(1–�)–1� 1
1–vN(1–�)–1 � A–1��vN(1–�)–1�A–1

(4 .23)

h3 � ��A–1– vD1�(1–A)N

1–vN
� vAN�(1–�)1–A

1–vN(1–�)–1 –
vD1(1–�)2–A

1–vN � (4 .24)

h5 � �(1–�)1–A0vNA0

1–vN(1–�)–1 � 1
1–vN(1–�)–1 � A0–1� (4 .25)

h6 � – R
N

�f
�1–�f

� �(1–�)–2vN

�1–vN(1–�)–1�2 (4 .26)

h7 � – R
N

�f
�1–�f

� �(1–�)–1

1–vN(1–�)–1 (4 .27)

A0 � �D0(C, R, B)�N	 (4 .28)
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D1(C, R, B) � D–D0(C, R, B) (4 .29)

where D0(C,R,B) is the first successful packet contention time of a talkspurt derived in

appendix B. D1(C,R,B) is the remaining maximum packet holding delay for subsequent

packets in this talkspurt. Again for the special case of R=N, the same reason as explained

in section 3.2.3, the packet dropping probability for each contending terminal is equal to

1 and hence Pdrop(C, N, B) � C�M. Therefore the average packet dropping probability

can be obtained by

Pdrop � �
Md

B�0

�N

R�0

�M–R

C�0

Pdrop(C, R, B)Pr(C, R, B) . (4 .30)

4.3.3.2  Data Packet Delay

   The successful transmission probability of a data packet is w in equation (4 .1), therefore

the waiting time for one successful transmission at any backlogged data terminal is 1/w.

For a packet that arrives at a terminal that has j backlogged packets (i.e. is in state BUFj),

the waiting time is (j+1)/w. Thus the average waiting time for data packets at state (C,R,B)

[73] is

W(C, R, B) � ��
j�0

j � 1
w Prj (4 .31)

where Prj is the probability of a data terminal in state BUFj. Referring to figure 4.2, Prj

can be obtained from the following set of equations,
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��

��
�

	




Pr0�d � w�1–�d
�Pr1

Pr0�d � w�1–�d
�Pr2 � ��d(1–w) � w�1–�d

��Pr1

�d(1–w)Prj–1 � w�1–�d
�Prj�1 � ��d(1–w) � w�1–�d

��Prj , j � 2, 3, ... �

��
j�0

Prj � 1 .

(4 .32)

    The solution of these equations leads to

���

���
�

	




Pr0 �
w–�d

w

Pr1 �
�d

�w–�d
�

w2�1–�d
�

Prj ��
�
�d(1–w)

w�1–�d
��
�
�

j–1

Pr1 j � 2, 3, ...�.

(4 .33)

     Substituting (4 .33) into (4 .31), we obtain

W(C, R, B) �
w–�2

d

w�w–�d
� . (4 .34)

      Therefore the average data packet delay is

Wav � �
Md

B�0

�N
R�0

�M–R

C�0

W(C, R, B)Pr(C, R, B) . (4 .35)

4.3.3.3  System Throughput

   The throughput at the state (C,R,B) is

�(C, R, B) � R
N

�1–�f
� � �Cpu � bBpdud

��1– R
N
� (4 .36)

where u � (1–p)C–1�1–pd
�B

(1–�)�1–��, ud � (1–p)C�1–pd
�B–1

(1–�). The average

throughput of this system is
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� � �
Md

B�0

�N

R�0

�M–R

C�0

�(C, R, B)Pr(C, R, B) . (4 .37)

 Note that the number of terms in the computations using marginal distribution analysis

(equations (4 .30) (4 .35) (4 .37)) is (Md+1) times greater than that in the equivalent cal-

culation using the combined Markov and equilibrium point analysis because of the

summation over B.

4.3.4  Outline of Simulation Procedure

   In a joint voice data PRMA system, data packets are generated at a generation rate of

�d packets per slot and queued at its buffer. A timer at each data terminal is set to record

the time of data packets delayed in the buffer. The delay of each data packet is the time

from the moment the packet is generated to the instant the packet is successfully trans-

mitted. A data packet transmission is determined by slot status and a permission which

is generated by a pseudo random number generator, with a predetermined probability pd,

at each data terminal. For each voice terminal, its operation is simulated according to the

description in section 3.3.1. Therefore, the joint voice data system is simulated based on

the PRMA protocol for both voice and data terminals. The system performance estima-

tion is then obtained.

4.4  Results

   In  this section, the formulas derived in previous sections are used to evaluate the system

performance. The system parameters are listed in section 3.3. Additional parameters are

listed below. Data source rate = 1.2 Kbps or 2.4 Kbps, data packet retransmission permis-
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sion probability pd=0.044 or 0.07, voice packet retransmission permission probability

p=0.3 or 0.2.

   The two analysis results are firstly compared in table 5. The combined Markov and equi-

librium point analysis is referred to as analysis 1, and the Markov analysis by approximat-

ing marginal distribution of backlogged data terminals is referred to as analysis 2. The

results for Md � 27 are listed. If Md > 27, the data subsystem becomes unstable and the

two analyses give the same results. From this table it can be seen that the results of the

two analyses are very close. However, the computation of analysis 2 is Md+1 times more

complex than that for analysis 1. In the following, the results of the analysis 1 are pres-

ented and compared with simulation results.

Table 5: Comparison between two analyses

                                 Rd=2.4Kbps, p=0.7, pd=0.07, �=0.0, Md=M

                      Pdrop  (�10–3)                         Wav  (ms)

       Md 22 24 26 27 22 24 26 27

Analysis 1* 1.4561 1.815 3.4389 4.4219 36.147 39.609 55.795 71.324

Analysis 2** 1.1269 1.9066 3.4058 4.6446 32.791 40.223 54.745 71.761

   *  Analysis 1 = The combined Markov and equilibrium point analysis. 

  ** Analysis 2 = The Markov analysis by approximating marginal distribution of back-

logged data terminals.

   Figure 4.3 shows the relationship between packet dropping probability Pdrop and simul-

taneous conversations M for different � in a voice–only system. This is a special case of

the joint voice–data system (B=0). It can be seen that the analysis and simulation results

agree well, especially when the packet header error rate � is small. The discrepancy at

higher packet header error rates is because of the approximate nature of equation (4 .17).
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The accuracy of the approximation can be judged through comparison with simulation

results. It can be seen that the higher the ��� the worse the approximation. The reason for

this is that the analysis becomes less accurate if more than one header error occurs during

a talkspurt, as explained in section 4.3.3.1. It is also clear that the higher the value of �,

the higher the Pdrop and the poorer the system capacity. When � is increased to 0.05, simu-

lation shows that only 25 conversations can be supported for Pdrop�1%, little more than

the TDMA capacity Rc/Rs=22.5 conversations. However when �= 0.01, 34.3 conserva-

tions and 0.71 throughput can be supported. Therefore the system capacity is degraded

marginally compared with 36.4 conversations and 0.75 throughput for �=0.0. With refer-

ence to [76], it is possible to achieve � of less than 0.01 over slow and fast fading channels

using simple error correction coding and diversity schemes. A modified PRMA protocol

proposed in [78] is less susceptible to channel errors.

   Figures 4.4 and 4.5 show the Pdrop and data packet delay Wav versus number of terminals

respectively for joint voice–data PRMA on an error free channel assuming Md=M. The

lines represent analytical results and the isolated points represent simulation results. The

discontinuities in the figures indicate that the system becomes unstable. It can be seen that

good agreement between analysis and simulation is demonstrated. The difference be-

tween analysis and simulation is due to the approximation analysis using the equilibrium

value b of backlogged data terminals. Table 6 shows a comparison of the combined Mar-

kov and equilibrium point analysis, simulation and equilibrium point analysis in [72][73].

It is clear that the combined analysis introduced in this chapter provides an improved esti-

mate of the maximum number of users Mmax, whereas the analysis in [72] and [73] ap-

pears to provide a better estimate of dropping probability, Pdrop, due to the overestimate

in Mmax.
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Table 6: Comparison of analysis 1, simulation and EPA analysis in [72][73]

                 Rd=1200bps                   Rd=2400bps

   p  pd Mmax  Wav
(ms)

Pdrop
�10–3

  p   pd Mmax  Wav
 (ms)

  Pdrop
�10–3

Analysis 1 0.3 0.044 33 195 7.96 0.26 0.069 26 60 2.3

Simulation 0.3 0.044 33 194 9.94 0.26 0.069 27 126 6.5

Analysis
[72][73]

0.3 0.044 36 150 9.00 0.26 0.069 31 70 4.7

     Mmax: Maximum number of terminals with  (1) Pdrop<0.01, and (2) bound data packet

delays

   The capacity of the system is determined by the maximum number of users supportable

in the system under the constraints of Pdrop �0.01 and bounded data packet delay. It can

be seen that with a reduction in the number of speech terminals all terminals can provide

a low rate data capability with data packet delays of a few hundred milliseconds. For ex-

ample, at a data rate of 1.2 Kbps the system can support 33 simultaneous conversations,

down from 36 for a voice–only system. The average data packet delay is about 190 ms.

At 2.4 Kbps the system can support 27 simultaneous conversations with an average data

packet delay of about 100 ms. The system throughput for these two cases are calculated

to be 0.749 and 0.663 respectively. Compared with the throughput of 0.758 in the voice–

only PRMA system obtained in chapter 3, it can be seen that the throughput has not been

improved by integrating data information, the data packet transmission is established at

the cost of a reduction of the number of voice terminals.

   Figures 4.6 and 4.7 show the Pdrop and Wav versus number of terminals respectively for

joint voice data PRMA when �=0.01. Both approximate analysis using equilibrium value

b and the approximation introduced for Pdrop in equation (4 .16) – (4 .17) contribute to
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the discrepancy between the analysis and simulation. The figures show that a 0.01 packet

header error rate insignificantly degrades the joint voice data PRMA performance.
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4.5  Conclusions

   In this chapter, two analysis methods for a joint voice–data PRMA system are presented.

One is a combined Markov and equilibrium point analysis. The other is a Markov analysis

using an approximate marginal distribution of backlogged data terminals. Expressions for

voice packet dropping probability, data packet delay and system throughput in the pres-

ence of uplink packet header transmission errors are derived. The two analysis methods

are compared with each other for computation complexity and accuracy. It is found that

they give very close results, however computation with the latter method is more complex

than with the former one. Simulation results are also presented for comparison with analy-

sis results and good agreement is observed, especially when the packet header error rate

is small. The obtained performance parameters indicate that the joint voice data PRMA

gracefully accepts low rate data terminals with moderate data packet delay. However the

throughput is not improved by the integration of voice and data, the data packet transmis-

sion is established at the cost of a reduction of the number of voice terminals. Its perform-

ance is only marginally degraded for low packet header error rate.
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Chapter 5  

Adaptive Retransmission Probability

PRMA

5.1  Introduction

   In a PRMA system, the retransmission permission probability p is an important param-

eter. Its effects on the performance and stability of PRMA have been analysed in chapter

3 and in [68] – [70]. If the value of p is large, when the system is in low load, the system

has low packet dropping probability. However when the system is under a high load, it

has very high packet dropping probability and becomes a bistable system. Otherwise, if

the value of p is small, although the system is stable, the packet dropping probability is

high, thus channel efficiency and throughput is low. Therefore it is desirable to adjust the

retransmission probability p with the system load to obtain low packet dropping proba-

bility and maintain system stability.

   PRMA also allows data information to share the channel with voice information. The

performance of the joint voice–data PRMA has already been studied in chapter 4 and [72]

[73]. It is found that with a reduction of speech terminals, the voice data PRMA gracefully

accepts low rate data terminals with moderate data packet delay. However, the channel

efficiency is not improved by the integration of voice and data. Based on these previous

studies, an adaptive retransmission probability (ARP) scheme, then a k action estimation
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ARP for possible practical applications are proposed. Finally, a channel efficient method

of voice data integration in PRMA employing the ARP schemes is presented.

   The chapter is organised as follows. In section 5.2, an optimal and k action ARP schemes

are proposed and examined. An estimation ARP (E–APR) scheme is simulated in section

5.3. In section 5.4, a slot stealing scheme which efficiently utilises channel resource is

presented. Simulation and analysis results are also shown in this section. A conclusion

is given in section 5.5.

5.2  ARP Schemes

5.2.1  Optimal and k action ARP schemes

   An adaptive retransmission probability (ARP) scheme is a rule for varying the retrans-

mission probability p as system variables, such as the number of contending terminals,

change. The sequence of p values chosen by a scheme may depend on the history of the

process. However, for a stationary scheme, it depends only on the state of system at the

current time slot [45][46]. Thus a stationary ARP scheme would have a stationary retrans-

mission probability vector � ={p(0,0), … , p(C,R), … }, where p(C,R) is used for a sys-

tem in state (C,R). If the stationary ARP scheme is imposed on a PRMA system, {Ct, Rt}

is still an irreducible Markov process [45][46]. Thus there exists an optimal stationary

ARP scheme which has an optimal retransmission probability vector �o to minimize the

packet dropping probability Pdrop. The Pdrop can be obtained from formula (3 .12). How-

ever it is not easy to find �o through this formula. This problem is now examined from

the PRMA protocol itself. Let Ps(C,R) be the successful contention probability of C

contention terminals. It is clear that the larger the value of Ps(C,R), the smaller the number

of contending terminals. Consequently, lower average packet dropping probability and
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a stable system are obtained.  Therefore the optimal ARP scheme can be obtained by

maximising Ps(C,R) for all C and R except C=0.

   The Ps(C,R) is expressed in the form (cf Figure 2.5)

Ps(C, R) � Cp(C, R)(1 � p(C, R))C�1�1 � R
N
	�1 � �	 (5 .1)

   The �o can be obtained by taking the derivative of Ps(C,R) with respect to p(C,R) and

setting it to zero,

�Ps(C, R)
�p(C, R)

� 0 (5 .2)

   Thus we have

po(C, R) � 1
C

C � 1, 2, ��� M; R � 0, 1, ��� N (5 .3)

   It can be seen from (5 .3) that po(C,R) is only dependent on the number of contention

terminals C and independent of the number of reservation terminals R. Therefore the opti-

mal retransmission probability vector �o is reduced to {po(1), po(2), …  po(C), … po(M)}

and it is

�o � { 1, 0.5, ��� , 1
C

��� , 1
M

} (5 .4)

which contains M different values. To examine the sensitivity of system performance to

the value of p(C) and the possibility of practical applications, k (k�M) rather than M dif-

ferent p(C) values are used in an adaptive retransmission probability scheme. This scheme

is referred to as a k–action ARP scheme which is of the form {p(C)=p1 for C�C1,

p(C)=p2 for C1�C�C2,  … , p(C)=pk–1 for Ck–2 �C�Ck–1, p(C)=pk for C�Ck–1}.

   Ps(C,R) as a function of C for different values of retransmission probability p is shown

in figure 5.1. It is noted that the factor (1–R/N)(1–�) in (5 .1) is a constant with respect

to C. For simplicity, it is assumed to be 1 in this figure.
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5.2.2  Numerical Analysis

   In this section, a performance comparison of several ARP schemes employed in a PRMA

system is presented. The parameters of the PRMA system are listed in section 3.3.

    Simulation model for an ARP scheme is the same as described in section 3.3.1 except

that the transmission permission probability, p, now varies with the number of contending

terminals, C, according to the ARP scheme.

   Three ARP schemes are analysed and simulated. These are:

�  Optimal ARP scheme

�  5 action ARP scheme. From figure 5.1 with {p(C)=1.0 for C�1,

p(C)=0.5 for 1�C�2, p(C)=0.3 for 2�C�3, p(C)=0.2 for

3�C�7, p(C)=0.1 for C�7}

�  3 action ARP scheme. From figure 5.1 with { p(C)=0.85 for

C�1, p(C)=0.5 for 1�C�2, p(C)=0.3 for C�2}

   The selection of p(C) is based on making packet dropping probability as small as pos-

sible and keeping system stable. Other value of p(C) for 3 and 5 action schemes can also

be selected.

   Figure 5.2 shows the simulation and analysis results of the packet dropping probability

Pdrop versus simultaneous conversations M under the three ARP schemes. All ARP

schemes have lower Pdrop than that of fixed retransmission probability PRMA systems

shown in figure 3.3 and it is clear that the optimal ARP scheme is superior. It can be seen

from the figure that the optimal ARP and 5 action ARP schemes have nearly the same

Pdrop, although p(C) is not selected to be the optimal value when C�3 for the 5 action

ARP scheme. The 3 action ARP scheme has slightly higher Pdrop than the 5 action ARP

scheme mainly because p(C)=0.85 rather than 1 when C�1. It follows that the system

performance is sensitive to the value of p(C) for small C and insensitive to p(C) for large
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C. Figure 5.3 shows the analysis results for the probability distribution of the contender

number C for the optimal and 3 action ARP schemes. It is clear that the system stays at

zero and a small number of contender states with a large probability. That also explains

why Pdrop is more sensitive to the selection of p(C) for small C than for large C. Based

on the above analysis, it can be concluded that perfect contender knowledge can be re-

laxed when practical control procedures are considered.

   For the optimal ARP scheme, capacity is increased to 37.6 users as compared with 36.4

users for fixed retransmission probability PRMA and thus its normalised capacity is in-

creased from 1.62 to 1.67 conversations per channel. The throughput increases to 0.784

as compared with 0.758 of fixed retransmission probability PRMA. It is noted that a rela-

tively small increase in capacity and throughput are obtained.
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5.3  Practical Control Scheme

   The lowest packet dropping probability system performance given in the last section

is achievable if the system users have exact knowledge of the system contention number

at any time. In a practical system, the system users often have no idea about the contention

number in the system. Each user may individually estimate this contention number or the

base station may estimate it and broadcast it to each user. Here we give an estimation

method which can be executed by the base station and implemented using a feedback

mechanism.

5.3.1  Estimation ARP Scheme

   The states of a terminal can be classified into 2 categories: contention which represents

the terminal is in contention (CON) state, and non–contention which represents the termi-

nal is in reservation (RES) or silence (SIL) states. Assume that the base station has a

knowledge of the number of contenders at the tth slot. The base station can estimate the

contention number C for the (t+1)th slot, if all of terminals can inform the base station

their state change during the tth slot. Let 2 bits be reserved for all users to send their state

change to the base station at the end of each slot [39] [47]. One bit indicates a state change

from contention to non–contention, the other bit indicates the opposite change. After the

base station receives these 2 bits, it will estimate the increased or decreased number of

contenders at the end of the tth slot. If two or more terminals move into contention from

non–contention state during the tth slot, the base station will underestimate the number

of contenders (referred to as ‘‘underestimation” error). Similarly, if two or more terminals

change their state from contention to non–contention, an ‘‘overestimation” error will oc-

cur. Otherwise the base station can perfectly estimate the number of contenders for the
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(t+1)th slot. Then the base station selects the retransmission probability p(C) and feeds

it back to each user, along with the contention results of this slot. Following the same pro-

cedure, the base station estimates the number of C and selects the retransmission probabil-

ity p(C) for the slot t+2, t+3, … and so on. This estimation scheme is referred to as Es-

timation – adaptive retransmission probability control scheme (E–ARP). It is illustrated

in figure 5.4 where a high level at any terminal represents a contention state, and a low

level represents a non–contention state. Dashed lines indicate that state change informa-

tion will be transmitted by the bit indicated by arrows.

   The disadvantage of this E–ARP scheme is the estimation errors and their aggregation.

The effect of these errors is studied in section 5.3.4.

slot t t+1 t+2 t+3 t+4 t+5 t+6

underestimation error
overestimation error

terminal 1

terminal 2

terminal 3

terminal M

FIGURE 5.4 –Diagram of E–ARP control scheme
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5.3.2  Frequency of Estimation Errors and Error Correction

  The probability of these ‘‘underestimation” and ‘‘overestimation” errors can be calcu-

lated. Assume the system is in state {Ct=C, Rt=R} at the tth slot, S = M – C – R. The proba-

bilities of two or more terminals moving from silence into contention state at the tth slot

are

Pr(moreSC) � 1 � (1 � �)S � S�(1 � �)S�1 . (5 .5)

   Similarly, the probability of two or more terminals leaving contention status at the tth

slot is

Pr(moreLC) � Cp(C)(1 � p(C))C�1�1 � R
N
��1 � �� �1 � �1 � ��C�1�

� �1 � �1 � ��C � C��1 � ��C�1�
 . (5 .6)

   Therefore the probabilities of ‘‘underestimation” and ‘‘overestimation” errors are

Prob(underestimation) � �M
S�2

Pr(moreSC)Pr(S)  , (5 .7)

Prob(overestimation) � �N

R�0

�M�R

C�2

Pr(moreLC)Pr(C, R) (5 .8)

where Pr(S) is

Pr(S) � �M�S

C�0

Pr�C, RC
� and RC � M � S � C  . (5 .9)

   The value of Prob(underestimation) and Prob(overestimation) are very small. For the

optimal ARP scheme when M=37, Prob(underestimation) is 7.63587�10–5, Prob(over-

estimation) is  1.38826�10–6.

   As previously discussed in section 5.2.2, a good system is in a low contender number

state for most of time. In this case, only ‘‘underestimation” errors would occur. If new
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contenders appear, they will obtain reservations quickly. Thus the estimated contention

number could be negative which is impossible for a real system. Therefore we set the

negative estimated contention number to zero. This procedure can correct certain estima-

tion errors.

   In the next section, an example system studied in section 5.2.2 is given to examine the

effect of these estimation errors and E–ARP system performance. The results are obtained

by computer simulation.

5.3.3  Simulation Methodology

   The simulation methodology is quite similar as described in section 3.3.1. The only dif-

ference is that the retransmission probability, p, varies with the estimated number of voice

contending terminals, C. In the simulation program, the estimated C is incremented by

1 if one or more terminals enter talkspurts from silent states, or decremented by 1 if a con-

tending terminal obtains a reservation or reservation terminals give up their reservations

at the end of their talkspurts. Then the value of p is adapted according to the E–ARP

schemes. Therefore E–ARP system performance can be evaluated by combining the

above estimation procedure and PRMA protocol.

5.3.4  Effects of Estimation Errors and System Performance

   The packet dropping probability Pdrop as a function of simultaneous conversation M for

the estimation of the 3 and 5 action ARP schemes are shown in figure 5.5. It is found that

the 3 action E–ARP scheme has slightly higher Pdrop than the 3 action ARP schemes, but

the 5 action E–ARP scheme is much worse than the 5 action ARP scheme. The difference

between the 3 ARP and 3 E–ARP or between 5 ARP and 5 E–ARP schemes is caused by
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estimation errors. It is clear that the same estimation procedure used in different ARP

schemes has different consequences on system performance. This can be explained as fol-

lows.

   Consider an underestimation error case where the estimate of C is 1 while the actual

value of C is 2. If no estimation errors occur, both 3 and 5 action E–ARP schemes have

the same p(C) value, thus the same packet dropping probability. However, when an under-

estimation error occurs, different p(C) values are used in the two schemes. For the 5 action

E–ARP scheme no contender can obtain a reservation, while in 3 action E–ARP scheme,

its successful contention probability still takes a certain value. Therefore packet dropping

probability of 5 action E–ARP is higher than that of 3 action E–ARP. From this it can also

be concluded that the selection of p(C) when C�1 is very important for the E–ARP

schemes

   Figure 5.6 shows the packet dropping probability of 3 E–ARP scheme under the uplink

packet header error case. It can also be seen that 0.01 header error rate only marginally

increases the packet dropping probability. This conclusion is the same as obtained in sec-

tion 4.4 for fixed permission probability PRMA systems.

   Consider the 3 action E–ARP scheme and the example PRMA parameters used pervious-

ly. The capacity is 37.42 users as compared with 37.6 users for the optimal ARP scheme

assuming perfect knowledge of C. Hence the 3 action E–ARP scheme is a good choice

for this estimation procedure.



PH.D. THESIS OF HONGHUI QI

104

0.001

0.01

0.1

30 35 40 45 50

p
a
c
k
e
t 
d
ro

p
p
in

g
 p

ro
b
a
b
ili

ty

simultaneous conversations M

3 action ARP  
3 action E-ARP
5 action E-ARP

FIGURE 5.5 –Packet dropping probability for 5 and 3 action E–ARP schemes



PH.D. THESIS OF HONGHUI QI

105

0.001

0.01

0.1

1

30 32 34 36 38 40 42 44 46 48

p
a
c
k
e
t 
d
ro

p
p
in

g
 p

ro
b
a
b
ili

ty

simultaneous conversations M

3 E-ARP, header error rate=0.00
3 E-ARP, header error rate=0.01

FIGURE 5.6 –Packet dropping probability for 3 action E–ARP scheme

 for � = 0.0 and 0.01



PH.D. THESIS OF HONGHUI QI

106

5.4  A Channel Efficient Method of Voice Data 

Integration in ARP PRMA

   PRMA allows not only voice but also data information to share the channel [68] [69]

[72] [73] [92]. The nature of information is specified by the packet header in every packet.

A protocol for a joint voice data PRMA scheme is described and analysed in [72] [73] and

chapter 4. In the system, both voice and data terminals contend for time slots. The voice

terminals will reserve the slots if they contend successfully, while data terminals cannot

reserve slots and have to contend for each packet. The voice terminals have higher priority

than data terminals because of their sensitivity to delay. It was shown in chapter 4 and [72]

[73] that the data transmission is established at the cost of a reduction of the number of

voice terminals, due to the collisions between voice and data packets and unused time

slots.

   However the channel throughput may be significantly improved by avoiding collisions.

This can be achieved by synchronising the data terminals to utilise the time slots which

remain unused by voice terminals. The unused time slots may occur in 3 ways referred

to as type 1, 2 and 3. Type 1 occurs at the end of talkspurts, type 2 occurs when voice termi-

nals have packets to transmit but fail to obtain permission [69], and type 3 occurs when

no contending terminals are in the system. The first type of unused time slots cannot be

utilised unless the PRMA protocol is modified [78]. The second and third types of unused

time slots may be ‘‘stolen” by data terminals (as in the ALOHA system) through a carrier

sense type protocol which assumes that terminals are in line–of–sight and within range

of the data terminals [48]. However this assumption is not true in cellular systems, be-

cause terminals can be within range of the base station but out–of–range of each other;

or they can be separated by some physical obstacle opaque to UHF signals [52]. Since
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both simulation and analysis results show that the last type of unused time slots occur

much more often than the others, as will be shown in section 5.4.4, a scheme called ‘‘slot

stealing” is introduced. In this scheme data terminals ‘‘steal” the unused time slots when

no voice terminals contend for them. Therefore a knowledge of the number of contending

voice terminals in each slot is required, which can be satisfied if either the ARP or E–ARP

scheme is employed.

5.4.1  A Protocol for Slot Stealing PRMA

   In PRMA, voice packets contend and reserve time slots on the uplink channel. The slot

status is broadcast by the base station on the downlink channel via acknowledgment

packets. Thus each user is aware of the status of each slot in the current frame. In ARP

PRMA discussed in section 5.2, the voice terminals still contend and reserve time slots

in the PRMA fashion but their retransmission probabilities p are adapted according to the

number of contending voice terminals, C. For the optimal or k action ARP scheme, per-

fect knowledge of contending voice terminals is assumed to be available to all terminals.

In the E–ARP scheme, the number of contending voice terminals is estimated by a base

station, thus the base station has knowledge of the contending number at every slot.

Therefore data terminals can be integrated into PRMA by only transmitting their packets

on the time slots when no voice terminals need them. A protocol integrating data packets

into those time slots, called slot stealing, is proposed as follows.

5.4.1.1  A Single Data User

   A single data user ‘‘steals” unused time slots when there are no contending voice termi-

nals in the system. Because the base station has knowledge of the number of contending
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terminals at every slot, it feeds the information about whether the number of contending

voice terminals, C, is zero or nonzero to the data user by 1 bit in the acknowledgement

packet. The data terminal transmits its packet when C=0 and the current slot is unreserved.

If perfect knowledge of C is available (optimal ARP or k action ARP) the data terminal

does not collide with voice terminals. However, the estimation errors of C in the E–ARP

scheme could result in collisions between voice and data terminals. In order to decrease

the collisions, a transmission permission probability pd is introduced to the data terminal.

We have pd=0 for C�0; 0�pd�1.0 for C=0. Clearly pd=1.0 for C=0 only when perfect

knowledge of C is available.

5.4.1.2  Several Data Users

   When the above special case is extended to the case of several users, the data users have

to cooperate with each other to ‘‘steal” the unused time slots when no contending voice

terminals are in the system. Here we propose the following protocol for organising

packets from different data terminals into the unused time slots.

   During call set-up, each user is assigned an identification number (ID) by the base sta-

tion. If the estimated voice contention number at the base station for the jth slot is zero

and the slot is also unreserved, the base station informs a data terminal to transmit a packet

on this slot. The base station would typically select the terminal with, for example, the

lowest ID number. If there is no packet in the buffer of this terminal, the slot is wasted

and packets in other data terminals cannot access this slot. Again if the kth (k>j) slot is

unreserved and C is zero, the data terminal with the next ID number is informed to trans-

mit a packet. This process continues until the last ID number has arrived. It then restarts

from the lowest ID number. Therefore each user has one chance to transmit a packet in

each period. Similar to the single data user case, a permission probability pd is also
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introduced to each data terminal. We assume pd is the same for all data users. In this case,

0�pd�1.0 when C=0 and data terminals are informed of transmission, otherwise pd=0.

Clearly pd=1.0 is selected only when perfect knowledge of C is available.

   It is clear that this protocol is efficient when all data terminals have the same data source

rate. If the data terminals have different data rates, lower data rate terminals do not always

have packets to transmit when requested. This results in slots being wasted. Higher data

rate terminals have more packets to transmit but no extra slot assignments resulting in a

long queue and long data packet delay. However, the protocol could be adapted efficiently

by assigning more slots to the higher data rate users according to their data rate. Here the

case of data users with the same data bit rate is considered.

5.4.2  Throughput – Delay Analysis

In this section, the throughput–delay performance of the data subsystem is analysed. For

convenience, several symbols are listed in table 7.

Table 7: Definitions of the symbols

Symbols Definitions

Rs, Rd Source rate of each voice and data terminal respectively

M, Md Total number of voice and data terminals respectively

N Number of slots in a frame

�d The data packet generation rate in any slot of a data user �d=Rd/(RsN)

�d The total data packet generation rate in any slot of the data subsystem
�d=�dMd

�f The probability that talkspurt ended in the most recent frame 

R,C The number of reservation and contention terminals respectively

p(C) The transmission permission probability of voice terminals when system

has C contending voice terminals
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   As discussed in section 5.1, the unused time slots in a PRMA may occur in 3 ways re-

ferred to as type 1, 2 and 3. Type 1 occurs at the end of talkspurts, type 2 occurs when voice

terminals have packets to transmit but fail to obtain permission, and type 3 occurs when

no contending terminals are in the system. In a voice only system, the mean numbers of

unused time slots of type 1 per frame is

n1 � �N
R�0

R�fPr(R)  . (5 .10)

   The mean numbers of unused time slots of type 2 per frame is

n2 � N �
N

R�0

�M–R

C�1

(1–p(C))C�1– R
N
�Pr(C, R) . (5 .11)

   The mean numbers of unused time slots of type 3 per frame is

n3 � N �
N

R�0

�1– R
N
�Pr(C � 0, R) . (5 .12)

   Here Pr(C,R) is the stationary state probability of state (C,R) which can be obtained by

the Markov analysis method, and Pr(R) � �M
C�0

Pr(C, R).

5.4.2.1  Data Subsystem Throughput

   According to the protocol described in section 5.4.1, data terminals ‘‘steal” the unused

time slots n3 to transmit their packets. Therefore, the maximum packet generation rate

�dmax of the data subsystem supportable is

�dmax � n3�N . (5 .13)
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   The throughput of the data subsystem �d is the minimum of �d and �dmax,  that is,

�d � min { �d , �dmax }. (5 .14)

   Its maximum value is �dmax. The total channel throughput is the summation of �d and

the throughput of voice subsystem �c which was discussed in chapter 3 and [70]. For the

case of several data terminals with the same data bit rate, the maximum data rate of each

terminal supported is

Rdmax � �dmax Rs N�Md (5 .15)

Md=1 represents the case of a single data terminal.

5.4.2.2  Data Packet delay

   Assume that at each data terminal, data packets are generated, buffered in an infinite

size buffer and served on a first come first service (FCFS) basis. A terminal that has j

packets in its buffer is called in state BUFj. For low bit rate data transmission, that no more

than one packet arrival occurs in a slot at a particular data terminal is also assumed. Based

on the above assumptions and proposed protocol, a data terminal can be modelled by a

birth–death process, the same model as shown in figure 4.2. However for slot stealing

PRMA, the probability of a single successful data packet transmission, w, is given by

equation (5 .16), rather than (4 .1).

   A data packet at a data terminal is transmitted when the third type of unused time slot

occurs and the data terminal is informed by base station to transmit its packet. The proba-

bility of the third type of unused time slots occurring is n3/N, the probability of a data

terminal being informed is 1/Md. Hence, one successful transmission probability now is

w �
n3

N Md
. (5 .16)
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where Md is the number of data terminals in the system. The average waiting time for one

successful transmission at any data terminal is 1/w. For a packet that arrives at a terminal

that has j packets in its buffer, the waiting time is (j+1)/w. If the average number of buf-

fered packets at any data terminal is J, the expected data packet delay is

Wav � (J � 1)�w (5 .17)

   The average number of buffered data packets at any data terminal, J, can be obtained

by

J � ��
j�0

j Prj

(5 .18)

where Prj is the probability of a data terminal in state BUFj. It can be obtained in the same

way as in equations (4 .32) and (4 .33). Thus J is obtained by substituting (4 .33) into

(5 .18),

J �
�d
�1–�d

�
�w–�d

� (5 .19)

   Therefore

Wav �
w–�2

d

w�w–�d
� . (5 .20)

   In the E–ARP scheme, because of random estimation errors in the number of contending

voice terminals, the parameters defined in equations (5 .10) to (5 .20) are difficult to cal-

culate analytically. However, they can be generated by simulation.

5.4.3  Simulation Methodology

   The same simulation methodology and contention number estimation procedure as de-

scribed in section 5.3.3 and the same data packet generation model as described in section
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4.3.4 are used in this simulation procedure. A data packet transmission is determined by

the slot status, estimated contending number of voice terminal, C, and a permission which

is generated by a pseudo random number generator, with a predetermined probability pd,

at each data terminal. When a slot is available, the estimated C is zero and the transmission

is approved, a data packet of a data terminal is transmitted. If the above situation happens

again, a data packet of another data terminal is transmitted. The sequence of data termi-

nals being informed of transmission is determined by a predetermined order. If voice and

data packets are transmitted on the same slot, both packets are retransmitted according

to different protocols, that is, PRMA for the voice packet and the slot stealing scheme for

the data packet. Therefore, the voice packet dropping probability, data packet delay and

throughput are obtained according to the same definition in section 3.3.1 and section

4.3.4.

5.4.4  Results

   Simulation and analysis results for the slot stealing PRMA system are presented in this

section. The same example system is used. Optimal ARP {p(C)=1/C, when C�0}, 3 ac-

tion ARP and 3 action E–ARP {p(C)=0.85, when C�1; p(C)=0.5, when 1�C�2;

p(C)=0.3, when C�2} are considered.

   Table 8 lists the simulation and analysis results of voice only system with ARP schemes

assuming the total number of voice terminals M=37. This value of M represents the maxi-

mum number of simultaneous conversations supportable for the system under the limita-

tion of 1% voice packet dropping probability. However, we will show that the additional

data users can be added without significantly affecting the voice users performance. �dmax

and Rdmax classifies the upper limit which can be achievable only for a system with opti-

mal ARP or 3 action ARP when data terminals (Md=37) are integrated. It can be seen from
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this table that the number of unused time slots n3 is much larger than n1 and n2. Therefore

when data terminals ‘‘steal” the unused time slots n3, the majority of channel resources

wasted in a voice only system are utilised and the total channel throughput �c+�d is close

to 1.

Table 8: Results of voice only systems when M=37 (�max=�c+�dmax).

Schemes n1 n2 n3 � �c Pdrop �dmax �max Rdmax
(Kbps)

optimal ARP
   (analysis)

 
0.2470

 
0.0123

 
4.1695

 
0.780

 
0.0062

 
0.209

 
0.989

 
3.60

optimal ARP
   (simulation)

 
0.2471

 
0.0116

 
4.0776

 
0.783

 
0.0071

 
0.204

 
0.987

 
3.50

3 action ARP
   (analysis)

 
0.2468

 
0.0526

 
4.1405

 
0.773

 
0.0072

 
0.207

 
0.980

 
3.58

3 action ARP
(simulation)

 
0.2472

 
0.0530

 
4.0374

 
0.783

 
0.0074

 
0.202

 
0.985

 
3.49

3 action E–ARP
(simulation)

 
0.2469

 
0.0516

 
4.0359

 
0.782

 
0.0075

 
0.202

 
0.984

 
3.49

   Figures 5.7 and 5.8 show the simulation results of data packet delay and voice packet

dropping probability respectively as a function of data terminals’ permission probability

pd in the 3 action E–ARP scheme. It can be seen from the two figures that with the increase

of pd, the data packet delay, Wav, is decreased, voice packet dropping probability, Pdrop,

is increased very slowly, however, when pd approaches to 1.0, Wav is increased and Pdrop

is increased rapidly. This can be explained as follows. Increasing pd allows data terminals

to transmit more frequently, thus decrease the data packet delay. Meanwhile the increased

probability of data packet transmission leads to the increase of collisions between voice

and data packets and therefore increase the voice packet dropping probability. When pd

is close to 1.0, excessive collisions occur. This results in the increase of Wav and rapidly
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increased Pdrop. From the above, it is clear that pd is an important design parameter in such

a system. pd can be chosen according to different criteria, such as the lowest data packet

delay, or the lowest data packet delay under the condition of non reduction of voice termi-

nals and speech quality compared with voice only system when the system is fully uti-

lized. Different criteria can be set for different system requirements. From figures 5.7 and

5.8 pd can be selected to be 0.98 for the above criteria.

   Figures 5.10 and 5.11 show the mean data packet delay and throughput of data subsystem

for data users respectively versus data source rate Rd for systems with different ARP

schemes when  M=Md=37. They show that the lower the Rd, the lower the data packet

delay and throughput. With an increase of Rd from 1.2Kbps to 3.5Kbps, the data packet

delay increases from 178 ms to 2800 ms and throughput of data subsystem from 0.069

to 0.20 for the optimal ARP scheme. Therefore, the total throughput of the system in-

creases from 0.85 to 0.98. When Rd increases beyond a certain value, for example, Rdmax

in the optimal or 3 action ARP system, the mean data packet delay increases sharply and

is unbounded, the data subsystem become unstable and the channel is in saturation. How-

ever the voice terminals still work properly and the throughput of the data subsystem is

kept at the value shown in figure 5.11. The maximum throughput �dmax can be achieved

in optimal and 3 action ARP schemes but cannot be achieved in the 3 action E–ARP

scheme due to pd being less than 1 for C=0 and collisions between voice and data packets.

Figure 5.10 also shows that the analysis and simulation results agree very well. For the

case of a single data terminal, similar results can be obtained, but the data packet delay

as shown in figure 5.9 is much larger than for the several data user case.

   Figure 5.12 shows the mean data packet delay as a function of the number of voice or

data terminals for Rd=3.4Kbps. It displays the effect of voice traffic on the data terminals.
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With an increase of the  number of terminals (both M and Md) from 30 to 37, the delay

increases from 50 ms to 1900 ms for the optimal ARP scheme.

   The above figures also show us the effects of estimation errors on the data packet trans-

missions. The difference of data packet delay, or the difference of data subsystem

throughput, between the 3 action ARP and the 3 action E–ARP quantify the effects of es-

timation errors. Because of the estimation errors, there exist collisions between voice and

data packets, results in long data packet delay and low system throughput in the 3 action

E–ARP scheme.

   Finally, a comparison between the slot stealing PRMA and the joint voice data PRMA

studied in chapter 4 is made in table 9. The latter system is referred to as system 1, the

former system as system 2. The main performance parameters of the two systems are

listed in table 9. It can be seen that system 2 has lower voice packet dropping probability

and lower data packet delay compared with system 1 under the same input traffic load.

For system 1 the maximum number of supportable terminals is given in table 9 (cf table

6). With an increase of data bit rate, the maximum number of terminals supported in sys-

tem 1 is decreased. However, since slot stealing is employed, the addition of data termi-

nals causes no reduction in the supportable number of voice terminals. Higher rate data

transmission can be accommodated in the slot stealing scheme up to the maximum values

shown in table 3 (typically around 3.5 Kbps). Therefore, system 2 not only provides short

data packet delays but also can be applied to higher data rate terminals, while voice com-

munications are insignificantly affected by the data transmissions.
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Table 9: Comparison between two systems

Rd (Kbps) M=Md Wav (ms) Pdrop �
System 1 * 1.2 33 194 0.0099 0.75

System 2 ** 1.2 33 89 0.0017 0.76

System 1 * 2.4 27 126 0.0065 0.67

System 2 ** 3.2 37 3540 0.0090 0.96

*  System 1 =  joint voice data PRMA system studied in chapter 4. 

Rd=1.2 Kbps, p=0.3, pd=0.044, or Rd=2.4 Kbps, p=0.26, pd=0.069 

** System 2 = slot stealing PRMA with the 3 action E–ARP scheme.
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5.5  Conclusions

   In this chapter, we propose and analyse the optimal adaptive retransmission probability

(ARP) scheme based on maximising the successful contention probability. Since optimal

ARP requires perfect knowledge of the number of contenders, a k action ARP scheme is

presented to relax the requirement. A simple method to estimate the number of con-

tenders, which could be executed practically by the base station, is given. The sensitivity

of the system performance to the value of retransmission probability is examined for dif-

ferent number of contenders and it is shown that the estimation procedure is efficient

when the procedure applies to the 3 action ARP scheme. Results show that for the voice

only system, a relatively small increase in capacity and channel throughput is obtained

even for the optimal APR scheme.

   Furthermore, we propose a slot stealing scheme which multiplexes voice terminals and

data terminals to utilise the channel resource more efficiently. In this scheme, the protocol

for speech users is PRMA with an adaptive retransmission probability (ARP) scheme,

while data terminals are scheduled to transmit their packets on unused time slots when

no voice terminals are contending. The channel throughput and data packet delay are ana-

lysed and simulated. A comparison between slot stealing PRMA and joint voice data

PRMA studied in chapter 4 is made. It can be concluded that the slot stealing PRMA not

only provides short average data packet delays but also can be applied to higher data rate

services. For the slot stealing scheme, voice quality, in the sense of packet dropping

probability, and the maximum number of voice terminals supportable in the system are

not affected by data packet transmissions if perfect knowledge of the number of voice

contending terminals is available. In the practical E–ARP scheme the voice quality is only

insignificantly affected by estimation errors. The channel throughput is made to ap-

proaches unity.
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Chapter 6  

Effects of Packet Capture and Co–

Channel Interference on PRMA Per-

formance

6.1  Introduction

    In the pervious chapters and references [68] – [73], the performance of PRMA in a single

cell environment has been studied. These investigations assumed that the concurrent use

of one time slot by more than one terminal (this is called collision) would result in the

destruction of all packets involved. All those packets would have to be retransmitted in

later time slots. This is, however, not a realistic assumption in a PRMA radio network with

mobile terminals. In local radio environments, due to different distances between the ter-

minals and the base station, and due to shadowing and Rayleigh fading, different power

levels will be received at the base station. This phenomenon degrades the performance

of many transmission systems and it is often countered by power control devices that seek

to equalise the received power from all mobile terminals. In a PRMA system, this phe-

nomenon gives rise to capture effects at the base station. The packet arriving with the

highest energy has a good chance of being detected accurately, even when other packets

are present.

   The capture effects on the performance of PRMA have been studied in [68] [81]. [68]

presents simulation results when near–far problem is considered. [81] investigates the



PH.D. THESIS OF HONGHUI QI

126

PRMA performance in the presence of capture effects where a test packet suffers from

Rician fading and the near–far effect and interfering packets suffer from Rayleigh fading

and near–far effect. In the ALOHA system, it is shown that capture increases system effi-

ciency and reduces system instability [55] – [67]. Also shadowing enhances ALOHA sys-

tem capacity more than Rayleigh fading does [66]. Therefore it is necessary to study the

potential benefits to the PRMA system in terms of performance and stability with the

three propagation mechanisms, shadowing, Rayleigh fading and near–far effect.

   Moreover in a cellular layout, the performance of packet transmission, just like conven-

tional systems, is affected by the interference coming from other cells. The quantification

of this effect is somewhat different from the case of systems with dedicated channels. In

the PRMA system, every slot will experience a different interference level depending on

the status of the same slot in the neighbouring interfering cells. The level of interference

experienced depends on the average slot utilisation in cochannel cells and will be random

in nature due to the operation of the access protocol and the bursty nature of the source.

Another difference to the interference characteristics between packet transmission sys-

tems and dedicated channel systems is the duration of a particular slot occupancy. For a

TDMA based circuit switched system, a particular slot will be occupied for the total dur-

ation of a call, whereas in a packet system, each mobile will use a particular slot only for

the duration of the talkspurt.

   PRMA performance in the cellular radio environment is studied [82] [84]. [84] examines

PRMA performance assuming that the interfered packets only apply to access packets.

In [82] the authors evaluate the performance of PRMA with fixed and dynamic channel

allocation and make a comparison between PRMA and multiple access with dedicated

channels. In [82], it is assumed that packet headers have ideal protection. That is, in the

case of interference occurring during the transmission of a given packet, only that packet
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will be lost, but the following ones of the same talkspurt can be transmitted. In this

chapter, we provide an analysis method to consider the case of non–ideal header error

protection. We assume that if a packet is interfered, the interfered packet cannot be de-

coded correctly, and interfered packets can be access packets or reservation packets.

   The chapter is organised as follows. In section 6.2, the capture model is established and

the capture effects on PRMA stability and performance are analysed by Markov analysis

(MA). In section 6.3, the MA method is extended to study the effects of co–channel inter-

ference. Simulation results are also presented. Conclusions are given in section 6.4.

6.2  Effects of Capture on the Stability and 

Performance of PRMA

   In this section, a capture model is presented. Analysis results of capture effects on PRMA

stability and performance are shown.

6.2.1  Capture Model

    A test packet is assumed to capture the base station if and only if its instantaneous power

exceeds the instantaneous joint interference power by a certain margin,

ps � Z0pn (6 .1)

where ps is the power of the test packet, pn is the instantaneous joint interference power

and Z0 is the packet capture ratio or receiver threshold. The value of Z0 depends on the

modulation and coding schemes used. Z0=�represents no capture; Z0=1 represents per-

fect capture, i.e. the receiver always succeeds in correctly detecting the strongest packet,

irrespective of the number of simultaneously transmitted packets; 1<Z<� is referred to
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as partial capture. In this chapter, it is assumed that the received signal power ps is constant

over a packet duration and two successive packet transmissions by the same terminal are

entirely uncorrelated. The thermal and man–made noise will also be neglected.

    Let fps(ps) be the PDF of an instantaneous packet power ps of a test terminal, fpn(pn)

be the PDF of the instantaneous joint interference power pn of n interferers. Then the

probability that condition (6 .1) is true is obtained by [59]

Pr�ps�pn � Z0
� � �

�

z0

dz�
�

0

fps(zw)fpn(w)w dw. (6 .2)

    Assume that the distribution function of packet power is the same for all terminals and

the received packet powers from different terminals are independent of each other. Then

the probability distribution fpn(pn) of the instantaneous joint interference power pn of n

interferers is the (n–1)–fold convolution of fps(ps). Therefore the capture probability that

one out of n+1 packets captures the base station is found from

qn�1 � (n � 1)Pr(ps�pn � Z0) . (6 .3)

    However, it is difficult to calculate the conditional probability in equation (6 .3). [57]

gives a complicated weight function approach based on Laplace transform to analyse the

capture probability. A Monte Carlo simulation method for obtaining qn is used in this

study.

6.2.2  PRMA Stability and Performance

    As discussed previously, a PRMA system is assumed to comprise M identical, independ-

ently operating mobile terminals. During any time slot each terminal will be in any of
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(N+2) states [70]: the silent state (SIL), the contention state (CON), the reservation states

(RESi 1�i�N).

    The behaviour of the entire PRMA system is modelled by means of a finite Markov

chain. With M terminals, we have (M–N/2+1)(N+1) possible states (C,R), defined as the

number of terminals in contention and reservation states at the start of a time slot. The one

step state transition probability Pr(i,j|C,R) that the system will move from (C,R) to (i,j)

and  the system equilibrium function F(C) were obtained in chapter 3 with no capture.

    With capture, given i (0�i�M) CON terminals transmitting in one time slot, the proba-

bility that exactly one of them will contend successfully is the capture probability qi in

equation (6 .3). Therefore at state (C,R), the probability of any one terminal contending

successfully of C contenders Ps(C,R) is

Ps(C, R) � �C
i�0

�Ci �pi(1–p)C–iqi
�1–���1– R

N
��� Ps(C)�1– R

N
�                                                                        (6 .4)

    Therefore the system equilibrium function F(C) can be obtained

F(C) � �1 �
�
��C � �N �

�f
�� Ps(C)

�f � Ps(C)
(6 .5)

where p is the retransmission permission probability, � and � are the transition probabili-

ties for a speech terminal from talking to silent states and from silent to talking states re-

spectively, and �f � 1–�1–��
N

. Therefore the system stability can be determined by the

number of roots of the equilibrium equation F(C)=M [70].

    With capture, the one step state transition probability Pr(i,j|C,R) is found to be
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Pr(i,j | C,R) =

(6 .6)

where b0 � (1–�)S, b1 � 1–b0, S � M–C–R. Then the stationary state probability

Pr(C,R) can be calculated as in equations (3 .3) and (3 .4).

   The expression for the speech packet dropping probability at state (C,R), Pdrop(C,R),

is the same as in equation (3 .10). However, v, the unsuccessful contention probability of

a packet at state (C,R), is now given by

v � 1–p	
C

i�0

�Ci �pi(1–p)C–iPr�ps�pi � Z0
� �1– R

N
��1–��                                         (6 .7)

    The throughput at state (C,R) is
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�(C, R) � R
N

�1–�f
� � Ps(C, R) . (6 .8)

  Therefore the mean packet dropping probability and the throughput can be obtained by

averaging Pdrop(C,R) and �(C,R) over the stationary state probability Pr(C,R) in equa-

tions (3 .12) and (3 .14).

6.2.3  Applications

     The example system previously defined in chapter 3 is used in this section. Three propa-

gation mechanisms, i.e. near–far effect (�=4), log–normal shadowing (�s=1.36 (or 6dB))

and Rayleigh fading are considered. A uniform spatial distribution of the offered traffic

in equation (2 .8) is assumed.

    Figure 6.1 shows the capture probability qi that one of i colliding packets will be decoded

correctly by the receiver for various propagation models and different values of receiver

threshold Z0. It is observed that qi is monotonously decreasing with i, but does not tend

to zero when near–far effect is considered. The reason is the unrealistic traffic assumed

in the immediate vicinity of the base station (rd –> 0) [55]. It is also obvious that low re-

ceiver thresholds Z0 will result in high capture probability.

    The system equilibrium function F(C) is plotted in figure 6.2. It shows that Rayleigh

fading, shadowing and near–far effect serve to improve the system stability. Since the

capture effect is more pronounced on the above channel than that on a Rayleigh fading

channel, for a strong capture PRMA system, a large value of p can be selected and more

users can be accommodated before system stability suffers.

    Figure 6.3 shows the packet dropping probability as a function of the number of simulta-

neous conversations for the different propagation models and receiver threshold Z0 with

the same permission probability p. It can be seen that at 1% packet loss rate, compared
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with the no capture situation, capture causes little decrease to the packet dropping proba-

bility even if low receiver threshold Z0 is used, or high capture probability is achieved.

    However the results shown in figure 6.4 are very different. Figure 6.4 also shows the

packet dropping probability as a function of the number of simultaneous conversations

for the different propagation models and receiver threshold Z0 but with different retrans-

mission permission probability p. Firstly, PRMA on a Rayleigh fading channel with dif-

ferent receiver threshold Z0, thus employing different values of retransmission permis-

sion probability p, is considered. It can be seen that a low Z0 results in high PRMA

capacity. The number of conversations supported in the PRMA system goes from 38 with

Z0=4 to 39 with Z0=2 on a Rayleigh fading channel. Secondly, PRMA with receiver thre-

shold, Z0=4, on various propagation channels, is considered. It is clear that PRMA system

with Rayleigh fading, shadowing and near–far effect can support more simultaneous con-

versations than with Rayleigh fading only. This is because the former has higher capture

probability, its stability is improved significantly, thus a larger value of retransmission

permission probability p can be used, resulting in terminals waiting less time between

successive transmissions and eventually leading to lower packet dropping probability.

Taking the PRMA system with receiver threshold Z0=4 on the radio channel with Ray-

leigh fading, shadowing and near–far effect as an example, it is found that the example

system gains 3 simultaneous conversations compared with 37 conversations with no cap-

ture. Equivalently, its throughput is increased from 0.76 with no capture to 0.82 which

is 0.02 less than that with perfect capture.
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6.3  Effects of Co–Channel Interference on the Per-

formance of PRMA

   In this section, we study the effects of co–channel interference on PRMA system per-

formance. Signal and voice terminal models are described and the co–channel interfer-

ence probability is calculated. The capacity of PRMA is obtained by simulation and a

Markov analysis.

6.3.1  Model Description

6.3.1.1  Signal Model

   The transmission path between a base station and mobile units is generally characterised

by rapid Rayleigh fading and log–normal shadowing. Since diversity is quite effective in

mitigating Rayleigh fading, we will focus on log–normal shadowing. In a cellular radio

environment, the signal will also suffer co–channel interference due to other users in

neighbouring cells which simultaneously use same radio channel. The nearest 18 interfer-

ers corresponding to two tiers of cochannel cells in a seven–cell cluster are considered.

Signal to interference ratio (SIR) is usually used to characterise signal quality. Signal

quality is taken to be acceptable if SIR is above the required threshold, Rr. For packet com-

munications, if the SIR of a packet is lower than the minimum required SIR, then the

packet is said to be interfered. Therefore the interference probability, I, can be obtained.

I �
number of interfered packets�s

total number of transmitted packets�s
� Prob(SIR � Rr) .

 (6 .9)

   With log–normal shadowing, both the signal and individual interferer powers are log–

normally distributed. Since the sum of log–normal variates can be approximated by
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another log–normal variate [108], it follows that the interference power is also log–nor-

mally distributed. Therefore the interference probability can be obtained [107]

I � Prob(SIR � Rr) � 1
2�	 �

�

ms–mI–R

�u

exp�–x2�2�dx � Q�ms–mI–Rr
�u

�
(6 .10)

where �u � �2
s � �2

I
	 ,  ms, mI are the mean of the signal and interference powers re-

spectively, and �s, �I are their standard deviations respectively. The calculation of ms, mI�

�s and �I is shown in appendix C.

   From the expression of ms and mI in appendix C, it is observed that I is a function of

mobile positions (�, � �), � ������ �, � are the vectors whose elements are composed by

19 (1 test terminal plus 18 interfering terminals in the first 2 interference tiers) individual

mobile positions (ri, �i) shown in figure A.2. Consequently, to be more precise, I should

be written as I=I(�, � �). In order to obtain the average value of I, we use the following

equation

I � 1
N

N

j�0

I(�j, �j)
(6 .11)

by generating a large set of random positions (�j, � �j), evaluating I(�j, � �j) for each, and

then averaging. It is found that 2000 trails are enough for I to converge [107].

6.3.1.2  PRMA Voice Terminal Model

   As previously described, if the SIR of a packet is lower than the minimum required value

of Rr, then it is interfered. We assume that once a packet is interfered, the base station can-

not decode it correctly. That is, if interference occurs in the contention phase, the conten-

tion fails and the terminal continues to contend; if interference occurs in the reservation
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phase, the interfered terminal loses its reservation and it returns to the contention phase.

We also consider the capture effect when more packets are transmitted on the same slot.

The capture model is the same as described in section 6.2.1. Therefore, an access packet

is transmitted successfully if and only if the following two conditions are satisfied;

�  It is not affected by interference from other cells.

�  It captures the base station.

   A reservation packet is transmitted successfully if the first condition is met. From the

above, the model of a PRMA voice terminal is shown in figure 6.5 which is similar to the

one described in figure 4.1 of chapter 4.

CONSIL
�

� �f

 �

 (1–�)(1–�f)

RES2 RESNRES1

1 1 1
 ……

 1– �  1–�–Ps(C)(1–R/N)(1–I)/C

 Ps(C)(1–R/N)(1–I)/C

 �(1–�f)

FIGURE 6.6–A model of a PRMA voice terminal

   Markov model can also established in a similar way to chapter 4. Its one step transition

probability Pr(i,j | C,R) can be obtained in a similar way as equations (4 .7) and (4 .8).
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With the consideration of capture phenomenon discussed in section 6.2, the one step

transition probability Pr(i,j | C,R)  now is

b0(C–1)�Ps(C)(1–I)�1– R
N
� i � C–2, j � R � 1

b0
R
N �f C� i � C–1, j � R–1

b0� �1–�f
� R

N
(1–I) � (1–Ps(C)(1–I))�1– R

N
�� C� i � C–1, j � R

b0Ps(C)(1–I)�1– R
N
�(1–(C–1)�) � b1(C–1)�Ps(C)(1–I)�1– R

N
� i � C–1, j � R � 1

b1
R
N �f (1–C�) � R

N
�1–�f

�I �b1C� � b0(1–C�)� i � C � 1, j � R–1

b0
R
N �f (1–C�) � b1

R
N �f C� � b0

R
N
�1–�f

�I C� i � C, j � R–1

� �1–�f
� R

N
(1–I) � (1–Ps(C)(1–I))�1– R

N
�� � b0(1–C�) � b1C�� i � C, j � R

� �1–�f
� R

N
(1–I) � (1–Ps(C)(1–I))�1– R

N
�� � b1(1–C�)� i � C � 1, j � R

b1Ps(C)(1–I)�1– R
N
�(1–(C–1)�) i � C, j � R � 1

 0                                                                                                                           others
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Pr(i,j | C,R) =

b1
R
N
�1–�f

�(1–C�)I i � C � 2, j � R � 1

(6 .12)

where b0=(1–�)M–C–R, b1=1–b0, Ps(C) is in equation (6 .4).

   Then the stationary state probability of the Markov chain can be easily obtained by equa-

tions (3 .3) and (3 .4).
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6.3.2  Performance Study

   This section outlines the main procedures of calculation and simulation for evaluating

the effects of co–channel interference on the capacity of PRMA.

   In calculations and simulation, a seven–cell cluster with a fixed channel assignment

scheme and 18 interference cells is considered. A dynamic traffic model with a Poisson

process for arriving calls and a uniformly distributed mobile terminals in each cell are as-

sumed. The signal level follows an inverse 4th power law attenuation with distance; the

superimposed log–normal shadowing has a standard deviation equal to 6 dB. Two succes-

sive packet transmissions by the same terminals are assumed to be entirely uncorrelated.

Shadowing in the wanted and unwanted signals is assumed to be uncorrelated. The stan-

dard deviation of interference of individual component is also assumed to be 6 dB. Ther-

mal and man–made noise is neglected.

6.3.2.1  Analysis Methodology

   A Markov analysis (MA) method is used here to calculate the simultaneous number of

conversations supportable in each cell and the Erlang capacity of the system. The basic

aim is to compute the packet dropping probability, then the capacity. The following steps

are carried out:

1.  Calculate the co–channel interference probability, I, by using

equations (6 .10) and (6 .11).

2.  Calculate the capture probability qi in equation (6 .3) for

1�i�M by a Monte Carlo simulation

3.  Use (6 .12) to calculate the one step transition probability

Pr(i,j | C,R) for a fixed M
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4.  Use (3 .3) and (3 .4) to calculate the stationary state probabili-

ty Pr(C,R) for a fixed M

5.  Use (3 .10) to calculate Pdrop(C,R) and then (3 .12) to calcu-

late Pdrop(M) for a fixed M

6.  The maximum simultaneous number of conversations M0.01

supported in the system is the largest M for Pdrop(M)�1%

7.  (3 .22)  and (3 .19) are used to calculate Pr(M) and Pr(C,R,M)

8.  Pdrop is obtained by (3 .24).

9.  The x–percentile packet dropping probability can be obtained

from  Pr(M�M0.01)�x/100�Pr(M�M0.01+1)

10.  Use (3 .25) to calculate the blocking probability Pblocking

11.  Erlang capacity is obtained for the 3 different performance

criteria discussed in section 3.4.5.

6.3.2.2  Simulation Methodology Outline

   In the simulation program, one test cell and 18 interfering cells are considered. The

PRMA operation with the consideration of capture and interference from the 18 interfer-

ing cells is simulated. The simulation of PRMA with a teletraffic model, i.e. a Poisson

call process and an exponentially distributed call duration, in the test cell is based on the

outline described in section 3.4.4. The traffic load in each interfering cell is assumed to

be the same as the test cell. The simulation methodology of capture and co–channel inter-

ference is outlined below. Since the calls are assumed to be uniformly distributed in each

cell, the distance between a mobile unit and its base station is generated according to the

distribution in equation (2 .8). From figure A.2 in appendix C, the distances between in-
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terfering mobile terminals and the base station are also calculated. Thus the test and inter-

fering signals′ mean value can be calculated by the inverse 4th power law attenuation with

the distances. Finally the test signal and interfering signal levels are obtained with the su-

perimposed shadowing according to the log–normal distribution. Therefore, the signal

level is compared with the sum of interference levels to judge whether the packet is interf-

ered or not. For an access packet, whether the strongest signal captures the base station

is determined by simply examining whether it is larger than the sum of all other signals

transmitted on the same slot by a capture threshold Z0. Therefore the estimates of the sys-

tem performance can be obtained by combining the PRMA operation and the above simu-

lation model.

 

6.3.3  Results

   The same example system as previously defined in chapter 3 is employed in this study.

Additional parameters are listed below. The retransmission probability p=0.3, capture ra-

tion Z0=4, standard deviation �s=6dB, �=4, required signal to interference ration

Rr=8dB.

   Since the retransmission probability p=0.3 is selected, capture only marginally increases

system capacity, as shown in section 6.2. In the following discussion, the effects of co–

channel interference are examined.

   The packet dropping probability as a function of the number of simultaneous conversa-

tions for different traffic levels in interfering cells is shown in figure 6.7. It is known that

the interference probability depends on the interfering cell traffic. For the 55% and 75%

interfering cell slot utilisation, the interference probability is 0.0117 and 0.0194 respec-

tively. It can be seen from figure 6.7 that there is no much increase in voice packet loss

rate with the increasing traffic level in interfering cells. This is due to the retransmission



PH.D. THESIS OF HONGHUI QI

144

capability of PRMA. At 1% packet dropping level, the capacity of PRMA can be meas-

ured. From figure 6.7 we see that the average load of 75% in neighbouring cells decreases

the PRMA capacity by 1 user compared with 55% average load.
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FIGURE 6.7 – Packet dropping probability as a function of simultaneous 

                       conversations for different traffic levels in interfering cells
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   The effects of co–channel interference on the Erlang capacity of PRMA are now ex-

amined. The same traffic level in each cell is assumed. The 3 performance criteria de-

scribed in section 3.4.5 are used. Both simulation and analysis results are shown.

   Figures 6.8 to 6.10 show the average traffic load of PRMA under the 3 different perform-

ance criteria in co–channel interference. It is noted that the curves in these 3 figures have

a similar shape to that in figures 3.7 to 3.9. However they give different Erlang capacities.

Figure 6.8 shows that the Erlang capacity of  PRMA is 33 Erlangs when the maximum

call threshold level, Mmax, is set to be 43. Under criterion 2  and 3, Erlang capacity is 25.5

and 28.5, which are obtained when Mmax is 34 and 38 respectively. Compared with the

ideal case shown in figures 3.7  to 3.9, the co–channel interference decreases Erlang ca-

pacity by about 2 Erlangs for these 3 performance criteria.

Table 10:  A comparison of Erlang capacity between systems with co–channel interfer-

ence and no co–channel interference for a seven–cell reuse cluster.

Erlang capacity of PRMA

system with no co–channel
interference

system with co–channel
interference

performance criterion 1  35.5 33.0

performance criterion 2 27.0 25.5

performance criterion 3 30.0 28.5
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6.4  Conclusions

   In this chapter, the capture effects on the PRMA stability and performance in a single

cell by the means of Markov analysis (MA) is studied. Various propagation mechanisms

are considered for examining the different capture effects. It is shown that for strong cap-

ture, the PRMA system stability is improved significantly. Thus a larger value of retrans-

mission permission probability can be used, resulting in significantly increased capacity.

The MA method is then extended to analyse the effects of co–channel interference on the

PRMA performance. We calculate the interference probability, and examine the effect on

the voice packet dropping probability. We also investigate the effects of co–channel inter-

ference on the Erlang capacity of PRMA. A seven–cell cluster with fixed channel alloca-

tion is considered. Numerical results show that there is a minor increase in voice packet

loss rate with the increasing traffic level in the interfering cells and the Erlang capacity

of PRMA is not degraded significantly by co–channel interference.
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Chapter 7  

Conclusions

   The thesis presents a performance analysis of the packet reservation multiple access

(PRMA) protocol, from voice–only to joint voice–data systems, from fixed to adaptive

retransmission permission probability PRMA, and from a ideal channel case to a cellular

co–channel interference case. Simulation results are also presented.

   Starting with the PRMA configuration of previous studies [68] [69] [70], a Markov

model for voice–only PRMA is established. Voice terminals in a PRMA system can be

in one of the 3 states: contention, silent and reservation. The three system state variables

are defined to be the number of terminals in each of these states. A Markov analysis (MA)

of this model is then performed. Markov analysis allows the system performance includ-

ing packet dropping probability, random access delay, and throughput to be calculated ac-

curately for both stable and unstable systems. A more detailed insight into the channel’s

dynamic behaviour follows, and an indication of the system instability by the FET (First

Exit Time) is obtained. The Erlang capacity of  PRMA is also calculated with the MA

under different performance criteria. A close match between theoretical calculations and

computer simulation is shown.

   A typical PRMA system with 720 Kbps channel rate and 32 Kbps voice source rate is

studied. It is shown that the maximum simultaneous number of conversations is 1.62 per

channel (or slot) under the constraint of packet dropping probability less than 1%. The

Erlang capacity of PRMA is more than double that of a fixed assigned TDMA system with

the same slots in one frame.
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   The MA method is then extended to the joint voice–data system with uplink packet head-

er errors. Two new analysis methods have been derived in the thesis. One is a combined

Markov and equilibrium point analysis. The other is a Markov analysis using an approxi-

mate marginal distribution of backlogged data terminals. Equilibrium point analysis [72]

has the disadvantage of underestimating of system performance parameters, like data

packet delay and voice packet dropping probability, because these parameters are esti-

mated from the equilibrium values of the system state variables. The two analysis ap-

proaches proposed in this thesis give the distribution of the system state variables, thus

more accurate performance estimates are obtained. Following the derivation of expres-

sions for voice packet dropping probability, data packet delay and system throughput in

the presence of uplink packet header transmission errors, simulation results are presented

for comparison. Good agreement is observed, especially when the packet header error rate

is small.

   The analysis also indicates that the PRMA system performance is marginally degraded

for low packet header error rate. The joint voice–data PRMA gracefully accepts low rate

data terminals with moderate data packet delay. However, the data packet transmissions

are established at the cost of a reduction of the number of speech terminals.

   To further increase the PRMA channel efficiency, an adaptive retransmission probability

(ARP) scheme is proposed in chapter 5. Based on some analytical properties of the PRMA

system, an optimal adaptive retransmission scheme is derived, then a k–action estimate

ARP (E–ARP) scheme is presented for possible practical applications. Simulation results

show that a relatively small increase in capacity and channel throughput is obtained due

to wasted channel resource, e. g. unused time slots in voice only system. Consequently,

a slot stealing scheme, which efficiently utilises the PRMA channel resource, is proposed.

The access protocol for speech users is PRMA with an adaptive retransmission probabili-
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ty (ARP) scheme, while data terminals are scheduled to transmit their packets on unused

time slots when no voice terminals are contending. Analysis and simulation show that

PRMA channel efficiency is improved significantly and throughput approaches the maxi-

mum value of unity.

   Lastly, the performance of PRMA in the presence of packet capture and co–channel

interference is studied. In local radio environments, differences in propagation loss be-

tween terminals and base stations and the effects of shadowing and fading cause differ-

ences in received power levels. This phenomenon gives rise to the capture effect. The

packet arriving with the highest energy has a good chance of being detected accurately,

even when other packets are present. It is demonstrated that PRMA system stability and

capacity are improved by packet capture. The evaluation of PRMA performance is then

extended to the cellular co–channel interference case. A Seven–cell cluster with fixed

channel allocation is considered. We calculate the co–channel interference probability,

and examine the effects of co–channel interference on the voice packet loss rate and the

Erlang capacity of PRMA. Numerical results show that there is no much increase in voice

packet loss rate with the increasing traffic level in the interfering cells. These results also

show that Erlang capacity of PRMA is not degraded significantly by co–channel interfer-

ence.

   The main contributions of this thesis can be summarised as follows.

1.  Development of a Markov analysis method for voice–only PRMA

�  The Markov analysis method can obtain more accurate perform-

ance measures and provides more detailed insight into the system

dynamic behaviour.
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�  The system instability measure FET (first exit time), previously

used in ALOHA systems, is introduced into the PRMA system

and is qualified with the MA.

�  Utilising the MA, the packet capture effects on PRMA stability

and performance are obtained. The effects of cellular co–channel

interference are also obtained.

�  Erlang capacity of PRMA is obtained via the MA.

2.  Development of a combined Markov and equilibrium point analysis,

and a Markov analysis by approximating the distribution of back-

logged data terminals for joint voice–data PRMA. A comparison be-

tween the two analyses is made. The two analyses give a more accu-

rate estimate of system performance than equilibrium point analysis

previous proposed.

3.  Derivation of expressions for voice packet dropping probability in

the presence of uplink packet header transmission errors

4.  Development of adaptive retransmission probability (ARP) schemes

and a slot stealing scheme for efficient voice data integration. The

main components are as follows.

�  An optimal adaptive retransmission probability (ARP) scheme

is derived to maximise the channel efficiency for voice–only

PRMA. k–action ARP schemes are proposed for examining the

sensitivity of system performance to the value of retransmission

probability.
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�  A simple estimation procedure is proposed for possible practical

applications of k–action ARP schemes. The effects of estimation

errors are analysed.

�  A slot stealing scheme, which multiplexes voice and data termi-

nals to utilise the channel resource more efficiently, is developed

and analysed. The slot stealing PRMA channel throughput can be

made to approach the maximum value of unity.

   We now propose some topics for future study.

   Most of the research conducted in the area of PRMA performance study so far has fo-

cused on either ideal channel (error–free) or uplink channel error cases. In the presence

of downlink channel errors, only simulation results are presented in some publications.

Therefore, one issue in this area is to study the PRMA performance under the consider-

ation of downlink channel errors by an accurate analysis method. It is expected that the

Markov analysis (MA) method developed in this thesis can be applied to this case. The

remaining problem is to modify the models of PRMA voice and data terminals and possi-

bly modify the PRMA protocol for better performance.

   PRMA study is extended to cellular environments with fixed channel allocation (FCA).

FCA is commonly used in today’s systems. In this thesis we examine the effects of co–

channel interference on the PRMA performance. In cellular systems, there are other fac-

tors that affect the PRMA operations, e.g. handover, system cluster size and modulation

schemes. Therefore, another issue related to PRMA is the further investigation of its per-

formance in cellular environments. In addition, FCA requires complicated frequency

planning in cellular systems, dynamic channel allocation (DCA) is strongly recom-

mended. It is also necessary to study the compatibility between PRMA and DCA.
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     Recently spread spectrum (SS) techniques in mobile communications has received

wide attention. It has the advantages of multiple access capability, anti–multipath and

interference rejection. Spread spectrum is also proposed for packet switching [105]. In

addition to the above advantages, spread spectrum in packet switching provides a strong

capture capability and also offers very high immunity to the perturbation in the time of

packet arrivals. Such packet switched code division multiple access (packet CDMA), or

spread (slotted) ALOHA systems warrant further investigation, perhaps in conjunction

with techniques such as diversity, power control and powerful error correction coding.
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 Appendix A

Derivation of Voice Packet Dropping

Probability Pdrop1(C,R,B) [70]

   Pdrop1(C,R,B) is the packet dropping probability of a terminal at system state (C,R,B)

due to a first false transition from reservation to contention states in a talkspurt caused

by packet header errors. In order to obtain Pdrop1(C,R,B), we make the following assump-

tions:

� For a reservation terminal, its first reservation is obtained by the

first packet of its talkspurt, and the first packet is delayed by D0

slots. In the calculation, D0 is approximated by the first success-

ful packet contention time obtained in appendix B.

� After reservation, the first packet header error occurs at the ith

transmitted packet. So the remaining maximum packet holding

delay for all subsequent packets in this talkspurt  is D1 equal to

D–D0 slots.

� There are L packets in a whole talkspurt, and L1 packets follow-

ing the ith packet (inclusive).

    The basic mechanisms of packet dropping are the same as in the no error case. That is,

packets delayed longer than some maximum limit are dropped and all packets in its buffer

are dropped if a terminal still contends when a talkspurt ends. Three different packet drop-

ping cases are classified according to the different first transmission instant of the ith

packet as shown in Figure A.1.
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FIGURE A.1 –Relationships between transmitted packets and transmitting time 

                       and between dropped packets and waiting time for 3 different cases

    Case (a) holds when the first transmission instant of the ith packet is after the end of

talkspurt. That is, LN � D0 � (i–1)N , or L1N � D0. All L1  packets are dropped without

waiting and contending.

    Case (b) holds when the first transmission instant of the ith packet is before the end of

talkspurt and the time between the instant and the end of talkspurt is less than the remain-

ing maximum packet holding delay D1. That is, 0 � LN–�D0 � (i–1)N� � D1 , or

D0 � L1N � D. In this case, the ith packet will be retransmitted and will contend for an

available slot. If the ith packet gets a reservation before the end of talkspurt, no packets

are dropped, otherwise all L1 packets are dropped.

    In case (c), LN–�D0 � (i–1)N� � D1 , or L1N � D, the terminal drops the ith packet after

waiting D1 slots. The (i+1)th packet has waited exactly N slots less than the ith packet,
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therefore the terminal drops the (i+1)th packet if it is still contending for a reservation

after D1 + N slots. If after L1N slots, or at the end of the talkspurt, the terminal still has

no reservation, it drops all packets in its buffer.

   For a terminal that contends with C other terminals already in the contention state, its

unsuccessful contention probability is v(C,R,B) in equation (4 .15). Assume the terminal

waits j time slots to obtain a reservation. Its waiting probability is

Pw(j) � (1–v)vj–1 . (A .1)

   Referring to Figure A.1, ndrop(j), the number of dropped packets as a function of waiting

time j, can be obtained for case (a), (b) and (c)

ndrop
�j | L1N � D0

� � L1 j � 0 (A .2)

�
�
ndrop

�j | D0 � L1N � D� � 0 0 � j � L1N

ndrop
�j | D0 � L1N � D� � L1 j � L1N

(A .3)








�




�

ndrop
�j | L1N � D� � 0 0 � j � D1

ndrop
�j | L1N � D� � k

D1 � (k–1)N � 1 � j � D1 � kN

k � 1, 2 , . . . , L1–A

ndrop
�j | L1N � D� � L1–A � 1 D1 � (L–A)N � 1 � j � L1N

ndrop
�j | L1N � D� � L1 j � L1N

(A .4)

respectively. From (A .1), (A .2), (A .3) and (A .4), the conditional packet dropping

probability for these 3 cases are given below

Pr� ndrop � L1 | L1N � D0
� � 1 (A .5)




�



�

Pr�ndrop � 0 | D0 � L1N � D� � 	
L1N

j�0

Pw(j) � 1–vL1N

Pr�ndrop � L1 | D0 � L1N � D� � vL1N

(A .6)
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Pr	ndrop � 0 | L1N � D
 � �
D1

j�1

Pw(j) � 1–vD1

Pr	ndrop � k | L1N � D
 � �
D1�kN

j�D1�(k–1)N�1

Pw(j) � vD1�(k–1)N–vD1�kN

Pr	ndrop � K | L1N � D
 � �
L1N

j�D1�	L1–A
N�1

Pw(j) � vD1�	L1–A
N–vL1N

k � 1, 2, , . . . , L1–A; K � L1–A � 1

Pr	ndrop � L1 | L1N � D
 � ��
j�L1N�1

Pw(j) � vL1N

(A .7)

   Taking the expectation of (A .5), (A .6) and (A .7) respectively, we obtain the conditional

mean number of dropped packets,

E�ndrop | L1N � D0
� � �

L1

k�1

k Pr	ndrop � k | L1N � D0
 � L1 (A .8)

E�ndrop | D0 � L1N � D� � �
L1

k�1

k Pr	ndrop � k | D0 � L1N � D
 � L1vL1N (A .9)

E�ndrop | L1N � D� � �
L1

k�1

k Pr	ndrop � k | L1N � D


� vD1

1–vN
�1–v	L1–A�1
N� � (A–1)vL1N .

(A .10)

   According to assumptions (1) and (3), the conditional probability Pr[L1|L] of L1 packets

after the first packet header error in a talkspurt with L packets is

Pr	L1 | L
 � �(1–�)L–1–L1	1–�f

R
N

. (A .11)

   The factor (1–�f)R/N reflects the probability that the terminal is in the reservation state

and that packet header errors occurring during the last packet of the talkspurt do not neces-

sitate another contention.



PH.D. THESIS OF HONGHUI QI

161

   Now we have to consider the talkspurt length. Case (a) and (b) in the Figure A.1 would

occur if (L–1)N�D. Otherwise all 3 cases, (a), (b), (c), would occur. Therefore the mean

number of dropped packets given the condition of a talkspurt with L packets is

E�ndrop | L	 � E�ndrop | (L–1)N � D	 � E�ndrop | (L–1)N � D	 , (A .12)

   While

E�ndrop | (L–1)N � D	 � �
A0–1

L1�1

E�ndrop | L1N � D0
	 Pr�L1 |L	 �

�L–1

L1�A0

E�ndrop | D0 � L1N � D	 Pr�L1 |L	
(A .13)

E�ndrop | (L–1)N � D	 � �
A0–1

L1�1

E�ndrop | L1N � D0
	 Pr�L1 | L	 �

�A–1

L1�A0

E�ndrop | D0 � L1N � D	 Pr�L1 | L	 � �L–1

L1�A

E�ndrop | L1N � D	 Pr�L1 | L	

(A .14)

where A0 � 
D0�N�. Therefore the mean number of dropped packets is

E�ndrop
	 � �A

L�2

E�ndrop | (L–1)N � D	 Pr(L) � ��
L�A�1

E�ndrop | (L–1)N � D	 Pr(L)

(A .15)

where Pr(L) is the probability of a talkspurt with length L packets,

Pr(L) � �f

1–�f

�L–1
. (A .16)
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   The packet dropping probability is the ratio of the mean number of dropped packets,

E[ndrop], to the mean number of packets per talkspurt, 1/�f ,  that is,

Pdrop1(C, R, B) � �f E�ndrop� . (A .17)

   Substituting (A .8), (A .9), (A .10), (A .11) and (A .16) into (A .13) and (A .14), then

(A .15), finally into (A .17), we can obtain the Pdrop1(C,R,B) in equation (4 .19). During

the derivation, the following 2  main formulae are used

�J

j�J0

(1 � a)aj�1 � aJ0�1 � aJ (A .18)

�K
k�1

kak–1 � 1
1–a

�1–aK

1–a
–KaK� . (A .19)
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 Appendix B

Derivation of Mean Contention Time D0

   The mean contention time is defined to be the average time from the moment the initial

packet of a talkspurt contends until the instant the talkspurt acquires reservation. At the

system state (C,R,B), the probability of one successful contention is 1–v (C,R,B), where

v(C,R,B) is defined in equation (4 .15). The contention time can be expressed as

D0(C, R, B) � 1
1–v(C, R, B)

slots (A .20)

   When R= N, then v(C,N,B) = 1, and equation (A .20) is not valid for calculating

D0(C,N,B). In fact, when v(C,N,B) = 1, no contending terminals can obtain reservations

and all contending terminals are delayed until the end of their talkspurts. Therefore the

contention time of each contending terminal is equal to the talkspurt duration. Hence

D0(C, N, B) � �t1��� �C�M� slots (A .21)

where t1 is a talkspurt duration, � is a slot duration.  It is worthy to note that it is possible

for D0(C,R,B) to be larger than the maximum packet holding delay D slots. This means

that one or more packets are dropped at the beginning of a talkspurt. Since the next packet

has waited exactly N slots less than the immediately previous one, the first successful

packet contention time D0(C,R,B) used in the expression of Pdrop1 should subtract N until

the D0(C,R,B)�D. Therefore the remaining maximum packet holding delay for all sub-

sequent packets in this talkspurt D1(C,R,B) is

D1(C, R, B) � D–D0(C, R, B) slots. (A .22)
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 Appendix C 

Derivation of ms, mI, �s and �I

   Consider a ‘‘test” cell C0, at the centre of the cell is a ‘‘test” base station. Denote the

relative positions of a user in the cell from the base by (r0, �0), and external users in neigh-

boring interference cells Ci from the same base by (ri, �i), 1�i�18 for 2 tier interference

cells in a seven–cell cluster, as shown in figure A.2. The normalized power received by

the test base station from the user in its own cell is

ms � r–4
0 (A .23)

   The normalised power received by the test base station from any interference user is

mi � R–4
i (A .24)

where Ri � r2
i � D2

i –2riDicos�� . Di are 4.6 for 6 first tier cells, 2�4.6 for 6 second tier

cells and 3� �4.6 for other 6 second tier cells. �s and �i are assumed to be 6 dB.

   Since the individual interfering power are log–normally distributed, the sum of the 18

interfering power is also log–normally distributed with mean of mI and standard deviation

�I. The mI and �I can be approximated by the technique of Schwartz and Yeh in [107].

Therefore the interference probability can be obtained by equation (6 .10).
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FIGURE A.2 –Geometry for interference calculation
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