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Abstract

This dissertation is devoted to the performance analysis ofbroadband cellular networks. The

first part sets the general modelling framework of a cellularsystem. The model investigates ses-

sion level performance parameters. The main contribution of this method is the incorporation

of arbitrarily distributed session durations and cell residence times, along with the modelling

of variable bitrate or bursty traffic sources. The resultantqueueing model is analysed by the

generalised version of the Kaufmann-Roberts formula. The second part investigates the effect

of handover: a calculation method is shown, that enables thedetermination of the distribution

of the time that remains from a communication session, when an already transferring customer

hands over to an examined cell. The third part is focussing onthe capacity issues of 3G cellular

networks. A method is presented which enables the estimation of cell capacity under realistic

circumstances. The main novelties are the incorporation ofmultipath propagation, multiple ra-

dio bearer types, user spatial distribution and the investigation of achieveable useful capacity.

HSDPA services and its interaction with Release’99 UMTS services is also analysed in terms of

achieveable HSDPA performance and cell throughput.



Chapter 1

Introduction

Following the mayor research areas within the broader field of telecommunications, we may

conclude that that the topic of wireless multimedia networking deserves special attention today.

Currently (July2008) 30 out of around140 EU financed research projects1, as part of the 7th

research Frame Programs explicitly deal with wireless/radio communications, in topics spanning

from physical device planning to mobile 3D TV broadcasting,having the total EU financial

contribution of around95 million Euros. Numerous other projects also – inevitably – consider

wireless access, although the main profile is not on mobile communications.

The highlighted importance of wireless research, current and foreseen flowering of this area

is based on the success of the related industry and the rapid deployment of cellular networks in

the past15 years. This is partially fueled by the exponentially growing capability of electronic

devices. The the current IC technology is now approaching its maximum in terms of computing

speed, but for the production of user friendly small portable terminals it is enough abundantly.

This is supported by the ever improving quality of visualization and battery lifetime.

On the other hand, the enormous success of 2G digital cellular systems proves that customers

are willing to use mobile devices. In parallel, we witnessedthe spreading of personal computers

and the supporting industries. Putting these into one smallportable will assure customers’ atten-

tion (if such a device is produced cheaply). In the past2 years, after the deployment of HSDPA

(High Speed Downlink Packet Access) services over 3G networks, we see the rapid spreading of

the use of cellular Internet access.

Meanwhile the networking science also provided the extensions of the most popular protocols

1within the topic Pervasive and Trusted Network and Service Infrastructures of ICT (Information and Commu-

nication Technologies)
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to support moving terminals. The mobile IP extension of todays basic Internet applications is

available since1996. The wireless ATM protocol had also been standardized during the end of

90’s, but today WATM seems to be just an interesting historicalidea. Currently no one really

considers the deployment of end-to-end WATM services, ATM itself rather became a high-speed

(but expensive) solution for carrying large amounts of aggregated user data traffic, rather than a

transport mechanism of desktop.

But the clear requirement of provisioning QoS in wireless and wired networks forces en-

gineers to introduce changes into the proven techniques, since the IP protocol family and its

intended bearers were optimized for asynchronous, connectionless, distributed data communica-

tions. QoS is a must in future networks, since important applications (such as streaming audio

and video, video telephony) require its information elements to be delivered with preserving

timing relations and keeping the loss of information at a lowlevel.

Keeping QoS parameters within a certain interval for each customer application is much

more difficult in mobile environments, compared to wired networks, because of two main sets

of reasons. One is the problems risen from using the error prone, low bandwidth, noisy radio

channel. The other set is of the problems following the phenomenon that a user terminal may

change its physical point of attachment to the network, while it continues transmission. This

handover should happen seamlessly, with preserving the values of QoS measures. Additional

delay and/or loss is not a surprise, because of necessary administrative messaging between the

terminal and the network, or because of the lack of transmission capacity at the next network

attachment point (usually referred to as access points or base stations).

The building and maintenance of a wireless network with suchhard requirements requires

modeling methods, that assist the performance evaluation of the system. As cellular network

deployment is very expensive, the determination of the proper amount of necessary equipment is

a must for mobile operators. Planning a cellular network is therefore a long and costly process.

The procedure can be roughly divided into three main tasks:

• Dimensioning: this is the task where the number and placement of radio cells is deter-

mined. This phase can be viewed as rough capacity planning, as according to estimations

on traffic volume and characteristics the required amount ofradio resource is determined

over an area, under the constraints of quality parameters.

• Radio planning: during this task the radio coverage is estimated, starting from the dimen-

sioning plan, taking into account geographical properties, coverage requirements and other
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constraints, such as possible placement of base stations. These two tasks are iteratively re-

peated, until both coverage and capacity requirements are fulfilled.

• Optimisation: according to field measurements and live network measurements, the cov-

erage and cell capacity parameters are tuned.

The dimensioning task is where capacity and performance modelling solutions are needed. Such

methods must be detailed enough to capture the main attributes of user traffic and network be-

haviour. Yet these models should be simple enough to get results soon. This dissertation is

devoted to present such analytical methods, that can be utilized during cellular network dimen-

sioning tasks.

Chapter 2 presents the basic general model and system description of a cellular system (in-

cluding the modelling of customer behaviour), regardless the actual wireless technology used.

The next part, Chapter 3 present the Markov model of the previously presented system, its anal-

ysis and some numerical results. The main novelty of this modelling is in the possibility to

use general distributions – in place of the traditional exponential assumption – for describing

customer behaviour (mobility, session duration), the presentation and inclusion of a new traffic

modelling framework to model bursty or variable bitrate user generated traffic and the applica-

tion of different traffic handling policies. Moreover as opposition to numerous papers, where

infinite capacity is assumed and overload probability is given as quality measure, this approach

considers finite capacity. The proper and exact interpretation of customer describing time vari-

ables is also often missing in the literature, this is shown and handled in the model proposed in

this dissertation. This modelling can answer the question:what is the quality of the network,

under given traffic load and user characteristics. Directlyusing it during planning will mean:

what amount of radio capacity is needed over an area, in orderto keep the quality parameters

under a given threshold.

In the literature there are studies that use somewhat similar approaches that are presented in

this dissertation. Since the basic and often referred work of Hong and Rappaport [1] a lot of

effort was put into the research of queueing analysis of cellular networks. These works mainly

focused on call level modelling and analysis of mobile telephone systems, later more general

models with multiple traffic classes appeared. Usually continuous time queueing theory methods

are used to evaluate network performance, some capacity sharing or admission control schemes,

or to calculate several system parameters. The number of papers in the area is abundant, without

the need of completeness a short review of some interesting ones follows.
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In [2] a multidimensional Markov model of a radio cell is outlined. The authors supposed

three types of traffic and the standard exponential time variables and evaluated call blocking and

handoff failure probabilities in case of channel reservation for handover connections. The au-

thors of [3] analyse blocking performance of systems consisting of multiple cells. They sketch

the framework for proper model, then to obtain product form solution investigate special mobil-

ity cases (very slow mobility – the handoff rate tends to zero, very fast mobility – the handoff

rate tends to infinity). At the end an approximate method of calculating handoff blocking is

formulated based on the isolate evaluation of three cells. In [4] a network topology was con-

sidered consisting of microcells, that are overlayed by macrocells used to handle connections

that cannot be served by microcells. Iterative algorithms are proposed to compute micro- and

macrocell loads and then call incompletion probabilities are derived. The work presented in [5]

was devoted to analyse blocking performance in linearly placed cell arrays, with the dynamic

assignment of a single channel for handover purposes. Closed form expressions are derived for

handoff blocking and new call blocking probabilities. Multiservice wireless network with real-

time and non-realtime connections was examined in [6]. In the paper the evaluation of different

capacity sharing mechanisms was presented, where realtimetraffic was allowed to occupy dif-

ferent amounts of capacity, according to the sharing method, and non-realtime traffic shared the

remaining capacity. The performance of these sharing mechanisms was evaluated in terms of

forced termination probability and the probability of having more than a threshold amount of

capacity available to non-realtime traffic. In [7] an approach was provided for multimedia traf-

fic, based on the performance parameter of cell overload probability. Here the connections were

forced to occupy less capacity in case of lack of resources, this approach is similar to one policy

what is presented in this dissertation. In the paper the goodold exponential assumption was used

for customer description. The work presented in [8] shows a connection level modelling frame-

work for cellular systems. In this paper the exponential assumption of user describing time is

released, also the required modelling modifications (residual lifetime of connections) because of

non-exponential connection holding times and dwell times are described. This approach can be

viewed as a subset of what is presented in this dissertation.The work presented in [9] is suppos-

ing voice calls (newly originated and handover traffic) and data calls. A finite buffer queueing

model of a cell is set up, including queueing priority and guard channels for handoff calls. Closed

form expression of the queue lengths is derived, as well as the Laplace-Stieltjes transform of the

actual waiting time distributions. This study also incorporated the usual exponential assumption

for channel holding time. In [10] two different handoff schemes were proposed and analysed,
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containing guard channels preserved for handover connections. Preemptive and non-preemptive

channel borrowing schemes were proposed; the analysis is based on a multi-dimensional Markov

model of the system. In [11] a connection level Markov model was set up to analyse blocking

and partial blocking schemes applied in OFDM (Orthogonal Frequency Division Multiplexing)

systems. The framework uses either exponential, or hyper-Erlang distributions to describe con-

nection lengths, the well established techniques for such analysis with fixed number of channels

is here used to describe subcarrier allocation mechanisms.The approach of [12] was to set-up

a closed queueing network model for a base station in OFDM based systems and use the given

basic frameworks to analyse the effect of different frequency reuse schemes. The work pre-

sented in [13] considers cellular system with hybrid channel allocation scheme. This means that

some channels are assigned to cells statically, but some channels are dynamically divided among

several cells, taking inter-cell interference limits intoaccount. Call blocking probabilities are

derived, based on standard exponential channel holding time assumptions. The work presented

in [14] is focusing on the queueing evaluation of a dynamic guard channel scheme in cellular

networks. Again, customer describing times are supposed tohave an exponential distribution.

The authors of [15] stepped forward in terms of properly analysing a teletraffic framework in

terms of handling cell dwell times (by means of Coxian distributions), however they sticked to

fixed cell capacity and connections with exponential distribution, requiring unit capacity.

Later in this document more literature is shown, as the presentation of the modelling frame-

work requires. During the elaboration of this framework, another interesting question had risen,

namely how to determine the distribution of the (residual) duration of a communication session,

that was initiated somewhere in the network earlier and arrives to the point of observation after

some time has already elapsed. As mentioned, [8] partially touches this problem and deter-

mines the expected channel occupancy time is some special cases. The model presented in [4]

also considers residual time variables. The authors of [16]investigate the effect of mobility on

blocking performance, hence they provide means and Laplacetransform of the holding time for

connections initiated in a given cell, with exponential call holding time and general cell residence

time distributions. Other papers often do not derive this quantity, either because the exponential

assumption does not require this, or this descriptor is supposed to be given in the modelling.

The approach shown in Chapter 4 of this dissertation takes network geometry and user mobility

patterns into account and enables the use of general distributions.

The last topic investigated in this dissertation is presented in Chapter 5 and it is the prob-

lem of determining capacity of current 3G networks with HSDPA (High Speed Downlink Packet
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Access) enabled. This topic deserved special attention in the past few years, and this is be-

cause the applied multiple access technology behind 3G radio networks. Namely, as CDMA

(Code Division Multiple Access) is applied, due to interference reasons the offered capacity is

not pre-determined, rather it itself depends on traffic and propagation issues, thus radio capacity,

coverage and carried traffic are dependent on each other and are strongly coupled. The nov-

elty of the approach presented in this dissertation is the method of handling the multiservice

nature of UMTS, in contrast with the fact that most literature deals with capacity only in case

of the presence of a single connection type. Moreover, this modelling captures the effect of

multi-path propagation by means of the usage of distance-dependent orthogonality factor. The

effect of users’ spatial distribution and cell size is also incorporated and investigated, as well as

the co-existence of traditional Release’99 UMTS traffic andHSDPA traffic on the same carrier

frequency in a cell. Last, but not least, the fact that there are several HSDPA terminal types

with different capabilities is also incorporated. The parameter under investigation is the average

cell throughput, as this can be directly used for network dimensioning purposes. The analysis

shown in this dissertation is focusing on the downlink, or forward link of 3G systems. Natu-

rally, the motivation behind is that currently most 3G systems are deployed using FDD mode in

paired spectrum, thus the same physical bandwidth is available for uplink and downlink traffic.

However, the volume of downlink traffic is usually much higher than that of upload traffic, as

consequence the capacity dimensioning task is usually performed for downlink.

The early works on CDMA system capacity issues [17][18] set the basic framework for

CDMA analysis research. However, these works did not include multiple connection classes

with heterogeneous signal to interference ratio requirements and transmission rates. Moreover,

these works focused on the uplink performance, as they considered only symmetric voice calls

and in this case the uplink is the bottleneck direction. As the 3G systems were standardized,

from the beginning of2000’s several papers appeared targeting the WCDMA radio interface.

Numerous papers deal with this problem using simulations, but we are rather interested in those

that use analytical approach. The basic downlink pole equations were formulated and used for

the estimation of used power in [19] and the approach presented here is the common base for a

number of studies in the area. Results were shown for speech connections only, but the method of

generalisation for multiple service classes was also outlined in the paper. The calculations shown

in [20] are similar, but in this case authors consider the gain from soft-handover (macro diver-

sity) as well. Again, total output power was calculated and presented numerically, but for single

connection types only. In [21] a closed form expression was derived for the outage probability
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and capacity was defined as bounded by the outage probability. The approach is based on an as-

sumption, that was introduced by Viterbi [22] and appears quite often in the literature: as CDMA

is having a soft capacity nature, the radio cell is modelled as an infinite server queueing system,

resulting in the number of customers to have Poisson distribution. Than outage probability is

defined as the probability of the total power exceeds the maximum available. This approach was

used e.g. in [23]. Here the the outage in case of voice connections was determined using a Gaus-

sian approximation of the total used power, in case of data connections lognormal approximation

was used. In [24] the authors derived an analytical approximation method to examine the mean

and variance of used power in UMTS downlink and modelled the total used power as having

lognormal distribution. Based on this, in [25] they presented a Markov model for determining

soft blocking and total blocking probabilities. In [26] an interesting approach was outlined, as

the author defined a dimensionless quantity that serves as the amount of used radio capacity

(which takes into account the multiple connection types andconsiders the random placement of

users over the cell). As HSDPA services became standardized, papers appeared evaluating its

performance. However, analytical approaches are less frequent, authors rather base their work

on simulations. A flow level approach was shown in [27]. In this paper the basic methodology

of evaluating HSDPA is well described, then two scheduling schemes are evaluated analytically

and one more using simulations in different scenarios. In [28] all the necessary equations are

written for joint UMTS/HSDPA performance evaluation, however the authors do not deduce re-

sults, but use the equations in computer simulations and present curves obtained by simulations.

A clear work was presented in [29] in terms of the necessary equations. The effect of hybrid

ARQ and the use of MIMO antenna systems was also included in the equations shown. Again,

simulation results are available. Similarly, the authors of [30] present the necessary equations

for UMTS/HSDPA analysis but evaluate these by means of simulations. The work presented

in [31] derives a multidimensional Markov model of a 3G cell with HSDPA. This model con-

siders uplink and downlink in parallel, taking into accountfixed rate streaming connections and

elastic data flows. The resulting quasi birth-death processis solved by matrix geometric meth-

ods. 3G specialties are taken into account by means of the derived maximum capacity in uplink

and downlink. Interesting results are shown regarding the effect of uplink transfer rate on the

achieved downlink performance. The technical report of Qualcomm [32] well summarises the

capacity issues of 3G radio interface, however for Release ’99 only circuit switched data (single

service) is considered. Moreover, for HSDPA service only simulations are presented. The book

written by the same operator [33] discovers very detailed aspects of 3G network capacity and
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planning, however lacks the simple and compact formulationof multi-service 3G and HSDPA

radio interface capacity.

The methods shown in this dissertation are analytical approaches to evaluate wireless net-

work performance. The general analysis shown in Chapters 2 and 3 requires a fraction of time

compared to simulation, because of the applied fast recursive solution. As the method presented

is an approximate one, the accuracy is tested against simulations of the system as well. The

results of Chapter 4 can be obtained using different approaches, as shown there. Again, as proof

of concept, numerical results are compared to that of simulations. The evaluation of 3G systems

presented in Chapter 5 relies on numerical computations based on presented analytical expres-

sions. The results are compared with snapshot simulations in this Chapter as well.
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Chapter 2

Analytical model of mobile radio network

In this Chapter I introduce and investigate a general analytical model of broadband cellular

networks. The model is capable of investigating session level performance parameters of a single

radio cell or sector. To obtain these performance measures the model requires very general and

realistic assumptions regarding customer behaviour. Moreover the method is capable of handling

flows with data rates that vary in time.

2.1 Overview of mobile network model

In this Section I present the overall modelling assumptionsregarding the cellular network

under consideration.

2.1.1 Cell capacity

The cellular system considered during the elaboration of the analytical model presented in

this document consists of a number of radio base stations. Inpractical cases base stations usually

maintain more than one cells using sector antennas. In this case each sector is a cell, containing

a number of radio channels allocated to the sector during radio network planning, according

to the requirements of frequency reuse and radio capacity needed at a particular geographical

location. Each cell can be characterised by the amount of transmission capacity it can provide

for customers. However, in this document it is often supposed that a single base station maintains

a single cell, thus the phrase cell or base station is used interchangeably. The model presented in

this thesis does not require the assumption of any particular radio interface, nor does it deal with
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the networking technology used to sustain communication among the base stations and between

the cellular system and external networks. The base stations are characterized by the transmission

capacity provided on their air interface, regardless the actual channel access and sharing method.

This approach enables the investigation of wide range of current and future cellular networks.

However, the notion of capacity is not as simple and straightforward in a wireless environ-

ment, as in a wired network offering given link data rates. Namely, cell capacity is itself hard

to define, as well as in general is not a time invariant constant. The reasons of these are the

following:

• depending on their location, the perceived Signal to Interference and Noise Ratio (SINR)

of different users is different, hence the achievable bitrate of customers (that is the cell

capacity seen by a user if it were alone in the cell) is different

• due to multipath radio propagation and signal fading phenomena, the quality of the trans-

mission channel is time-varying even for a stationary user,resulting in the variation of

capacity for that user

• in modern mobile systems channel coding and modulation is chosen adaptively according

to instantaneous channel state, resulting in the variationof the number of net information

bits in a given time slot; that is the change of useful bitrate

• in today’s systems radio resource has several capacity dimensions (e.g. in 3G systems time,

channelization codes and transmission power are the capacity dimensions), that complicate

the notion of capacity (e.g. transmission power cannot be translated into a transmission

rate/capacity directly)

Despite these facts, calculations with a single, fixed capacity can be applied in the following

cases:

• for some of the given radio resource dimensions of a system a fixed capacity may be

directly assigned (e.g. the channelization codes in UMTS system, see the results of Section

3.5), independently of the channel conditions

• it is possible to define and serve data connections with givenuseful bitrates in cellular sys-

tems. In this case the applied modulation and coding allow for serving the customer with

the given useful rate in case of bad channel conditions. For these given bitrates the neces-

sary amount of physical resources is well defined (fixed) for at least some of the capacity
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dimensions, hence capacity can be expressed in terms of multiples of such bitrates. As

example, in UMTS system typically64, 144 and384 kbps useful bitrate connections are

defined, the amount of channelization codes required for these is fixed.

• ”best case” or ”worst case” scenarios can be defined and evaluated, assuming a best or

worst capacity case (e.g. worst case is when in all positionsall customers may only use

the most robust transmission format, hence the less bits canbe transferred per time unit)

• taking all these into account, definition of and average or equivalent capacity can be cal-

culated and the performance analysis of the systems is carried out with assuming this

capacity. As example the work presented in Chapter 5 of this Thesis is on the definition of

the average radio capacity in a multiservice 3G environment, but other authors (e.g. [26])

define the single dimensioned radio resource for 3G systems as well

2.1.2 Arrival processes and customer classes

The model focuses on the performance of a cell. The incoming traffic of the examined radio

access point is assumed to be known, independently of other base stations. The effect of the

fact that customers are roaming throughout an area that is covered by several cells is taken into

consideration by means of some of the user describing time variables, that is affected by other

cells. When using the basic method presented here, one may calculate the performance of all the

base stations in the network by applying this method for all base stations one by one throughout

the cellular system.

The model is used to calculate session level performance parameters of a radio base sta-

tion, namely the probability of blocking a communication session initiated within the cell, the

probability of terminating a connection due to handover failure and channel utilization. These

measures typically used to describe system quality when connection oriented services are used,

such as conventional voice transmission, video telephony or video conferencing, streaming video

and circuit switched data services. Using the notion of session rather than connection, this ap-

proach is capable of characterizing connectionless, packet switched services as well. In this

context a session is a time interval when a customer is likelyto generate data traffic pertaining

to one information transfer session. For instance a sessionof web browsing is the time interval

a user downloads and reads several pages or an FTP session is the time interval of transmitting

one or more files. These sessions have definite beginning and termination, although during the
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session transmission is completed by means of independent data packets or bursts. In the rest of

this thesis the word session or connection is used interchangeably.

The model presumes that the number of customers that are not transmitting is very large in

the coverage area of the cell under investigation and these users initiate communication sessions

independently of each other and with small probabilities. Therefore the number of sessions

initiated within the cell is approximated by a Poisson process. These connections are referred as

new connections or new sessions, the arrival rate of such sessions is denoted byλN. Similarly, the

number of active customers that roam in the vicinity of the cell is supposed to be large, and they

initiate handover into the examined cell with small probability and independently of each other,

therefore the incoming volume of active connections (handover) also follows a Poisson process,

with the rate ofλH. Obtaining these rates is completely out of the scope of thisthesis, in practical

cases the rates may be the results of measurements on the number of arriving connections, or can

be calculated as it was suggested in [1].

While almost every paper dealing with the session level examination of cellular networks

use the well tried Poissonian arrival processes, this may seem old-fashioned when investigating

multimedia services. However, the assumptions of the previous paragraph are quite realistic, es-

pecially in densely populated areas with fairly large cells. In this case the assumptions inherently

cause the incoming process of sessions to be Poissonian. Moreover, while numerous studies

prove thatpacketarrivals are not Poissonian, according to the literature the inter arrival time of

connectionsare still well described by exponential distribution. The authors of [34] and [35]

showed that the arrival of TCP connections carrying user initiated Telnet and FTP sessions are

well modeled by homogeneous Poisson processes within one hour intervals and in ten minutes

intervals this is a good approximation for SMTP connectionsas well. In [36] the authors prove

that the Poisson assumption for handover traffic is realistic. Nevertheless, some other models of

incoming handover flow appear in the literature, in [37] a twomoment representation of handoff

traffic is used claiming that it is superior to the Poissonianassumption when a call generates nu-

merous handovers. In [38] a two state MMPP is applied to modelhandoff traffic and the system

is analyzed using this assumption, but with little indication of whether this approach is better

or more realistic than the Poissonian. Similarly, in their recent paper [14] the arrival of new

calls is assumed to be Poissonian, while the handover call arrival process is described by a two

state MMPP. It also has to be noted that besides the cited papers above, the majority of the very

rich literature dealing with analytical modelling of wireless networks assumes Poissonian arrival

process for sessions.
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I suppose that there areK different customer types and a mobile that arrives to the cell is of

typek with probabilityαk, k ∈ {1...K}. These types are not identical with the possible service

classes (for example QoS classes of UMTS). Users of different types may vary in terms of their

generated traffic pattern and the length of their sessions (in this case they do belong to different

traffic classes), or they might follow different mobility behaviour. The latter means that from

modelling point of view customers of the same traffic class may belong to different user types if

their mobility is different.

2.2 Customer describing times

In this Section the most important random time variables that describe users’ mobility and

duration of their transmission are described. Users of the system are characterized by two type of

random time variables. Thesession length, or connection duration, or connection holding time is

the time interval that lasts from the instant of initiating aconnection until its termination. From

the modelling point of view this is a continuous random variable. The general modelling allows

the supposition that the holding time is different for different customer types, this could model

the fact that session lifetime of a given service might depend on user mobility (e.g. web brows-

ing sessions are generally lengthier in case of fixed terminals, than on fast moving terminals).

However, useful and accurate data traffic models (includingsession lengths) that reveal such a

dependence between mobility and traffic behaviour do not exist in the literature. The session

length of a typek customer is denoted byτkL . Thedwell timeis a random variable characterizing

the mobility of a user. It is often called cell residence timeor cell sojourn time as well. This is

the time interval that begins when the terminal enters the coverage area of a given cell (regardless

it is transmitting or not) and lasts until the mobile leaves the cell. This time for a typek customer

is denoted byτkD. We supposed that the mobility is independent of the communication pattern,

τkL andτkD are independent. In the previous paragraph it was written that session duration may

depend on mobility, but this would mean that the distribution of session length of a customer,

that is described by an other distribution of dwell time willbe different, than the distribution

of session length with an other mobility behaviour. In the description, the two mobiles would

belong to different classes. Hence it is not controversial with the assumption that the dwell time

and connection lifetime is independent for a customer of a given class.

To create a queueing model of a radio base station we need the amount of time a customer oc-

cupies some capacity of the air interface. This time variable is frequently calledchannel holding
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time. Generally this is not equal to either former time variables, rather it is calculated from those.

We do not assume the session length nor the dwell time to have exponential distribution (al-

though this is a very common supposition in the literature).Considering this, the session length

and the dwell time do not have memoryless distribution, thusa refinement of the interpretation

of session length and dwell time is necessary before the expression of the channel holding time.

Regarding the duration of a mobile’s connection, the model requires the amount of time that

lasts from the instant the connection attaches to the base station, until the instant of connection

termination. For sessions initiated inside the examined cell this time is equal to the session length

(the connection attaches to the base station at the instant of its initiation). Handover connections

are set up somewhere else in the network, thus some time elapses until the mobile hands over

to the examined cell. We are interested in the amount of time that remains from the instant

of handover until connection termination. We refer to this time asresidual session lengthand

denote it byτkL,R. Considering exponentially distributed session lengths,τkL,R would have the

same distribution asτkL due to the memoryless property of this distribution. The model presented

here allows the use of more general distributions, in this case the residual session length has

different distribution. Chapter 4 of this dissertation is dedicated to the calculation ofτkL,R using

the information on network topology, the session length andthe dwell times. At this point it is

enough to suppose that the residual session length is available somehow when analysing a radio

cell.

The notion of dwell time also requires differentiation between the users of handover and new

connections. For a customer that arrives to the cell after a handover, the dwell time is defined

as described above. Regarding new connections, the notion of residual dwell timeis introduced,

denoted byτkD,R. This time interval begins at the instant of initiating the session in the cell and

finishes when the mobile leaves the coverage of the base station (regardless it is still transmitting

or not).

Assuming exponentially distributed dwell times is very common in the literature, this would

make the notion of residual dwell time unnecessary. Other authors ([1][39][40]) derive the dwell

time separately for handover and new connections. Another method is applicable to determine

the distribution of the residual dwell time if we suppose that the system consists of homogeneous

cells. This homogeneity means that the dwell time distribution is identical in all the cells of the

system. A user that is constantly roaming throughout the area is supposed to initiate a session

at a time instant that is evenly distributed along a very longtime period. Then the problem of

the residual dwell time is identical to the problem of travelling hippie presented in Kleinrock’s

14



A B C

t
τ
�

τ
���

τ
���

τ
�

A B C

t
τ
�

τ
���

τ
���

τ
�

Figure 2.1: User describing times

famous book [41].

As the final result for the residual dwell time distribution is somewhat not intuitive, it is

worth presenting its derivation shortly. For this, we divide the problem into two parts. First

we suppose that we look at a related problem, where in every dwell time interval a connection

would be initiated. So the question is in this case, that whatis the distribution of the residual time

that lasts from the connections initiation until the dwell time’s end, given the probability density

function and cumulative distribution function of the dwelltime of a typek customer is denoted

by fk
D(t) andF k

D(t) and the connection is initiated evenly over that given dwelltime interval.

According to this evenly distributed assumption, if the dwell time were actually of lengthx,

both the initiation instant and the residual dwell time would have even distribution with density

function 1
x
. Hence the joint distribution of the dwell time length and that of the residual dwell

time could be expressed as

Pr
(

y ≤ τkD,R ≤ y + dy, x ≤ τkD ≤ x+ dx
)

=
1

x
dy · fk

D(x)dx, (2.1)

From here, we would get the pdf of the residual dwell time after integrating the above expression

overx, from y to infinity

f̃k
D,R(y) =

∫ ∞

y

1

x
fk
D(x)dx, (2.2)

where the notioñfk
D,R(y) in (2.2) is to indicate that this is not the residual dwell time pdf what

we were looking for, rather the one that would result in the special case when in every dwell time

intervals a connection would be initiated.
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To arrive to the final result, we should incorporate the effect of length biased sampling.

Namely this is the fact that in our problem it is more likely that the user initiates call in a particu-

lar dwell time interval that is longer (it is more likely to pick a longer interval than shorter ones,

as we supposed that the instant of picking is evenly distributed over a very long period). This

eventually means that the pdf of the dwell times that will be actually ”chosen” to initiate a call

within is not fk
D(x). This means that although the form of (2.2) is appropriate, it is not the dwell

time’s pdf, but thechosendwell time’s pdf should appear in (2.2). Let us denote this latter pdf

by f̂k
D(x). With this assumption, we can write

f̂k
D(x)dx = K · x · fk

D(x)dx, (2.3)

where the left hand side is the probability of having the ”chosen” interval to be ”around”x and

the right hand side expresses that this is proportional to the interval lengthx. The value of factor

K appears when we integrate (2.3), as this should result in one. From this, we get

K =
1

∫∞

0
x · fk

D(x)dx
, (2.4)

that is the reciprocal of the mean dwell time! Substituting now this f̂k
D(x) into (2.2) instead of

fk
D(x), we arrive to the pdf of the residual dwell time distribution, namely

fk
D,R(y) =

∫∞

y
fk
D(x)dx

E[τkD]
=

1− F k
D(y)

E[τkD]
, (2.5)

whereE[τkD] denotes the expected value ofτkD.

Figure 2.1 illustrates the proposed time variables as a mobile follows a route through the

cellular area. The black circle denotes the point of sessioninitiation, the residual dwell time in

cell A is depicted in the Figure. From the instant of handoverinto the examined cell B begins

the residual session length, as well as the dwell time for cell B. As we can see, the connection is

terminated in another cell, denoted by a black square.

Considering the above interpretation of residual session length and residual dwell time, the

channel holding time is expressed as

τk,NCH = min(τkD,R, τ
k
L), τk,HCH = min(τkD, τ

k
L,R). (2.6)

for new and handover connections respectively. From now on in this dissertation the superscript

H denotes a variable describing handover connections, N refers to newly initiated sessions within

the cell, R denotes the residual value of a variable. Expression (2.6) simply means that a user

16



may terminate its occupancy of the channel either by means offinishing the connection, or by

means of handing out of the cell. Thus either the (residual) dwell time or the (residual) session

length is shorter for a customer, this will be the channel occupancy time.

In this dissertation I assume that all the customer describing times are modelled by having

phase type distributions. From this point sometimes I use the short notion PH instead of writing

phase type. PH distributions were first introduced by MarcelNeuts [42] and are composed as a

mixture of a number of exponentially distributed phases. Aninitial probability vector determines

the first phase, than upon ending a phase the next phase or the termination of the process is cho-

sen according to a transition probability matrix. In other terms a PH distributed time is the time

a finite state continuous time Markov chain reaches an absorbing state. Using this latter interpre-

tation, the phase type distribution is characterised by theinitial probability vector of the Markov

chain and its infinitesimal generator matrix. Supposing that the states of the Markov chain are

numbered such that the absorbing state’s number is the biggest, the infinitesimal generator matrix

of the chain has the following structure:
[

T T 0

0...0 0

]

,

whereT contains the rates among non-absorbing states andT 0 is the column vector of rates from

each state to the absorbing state. The sum of the elements of arow of the infinitesimal generator

matrix must be equal to0, thereforeT 0 is determined byT , namelyT 0 = −T · h, whereh is

a column vector containing1s. Thus the distribution is well described by the initial probability

vectort and matrixT . For this reason, in the following discussions of this dissertation I also use

the general notion of PH(t,T ) to refer to a phase type distribution with these descriptors. The

cumulative distribution function and the probability density function of a phase type distribution

with the above parameters has the form of:

F (x) = 1− teTxh, f(x) = teTxT 0. (2.7)

Numerous distributions are known and used widely that are PHdistributions with special

phase structure. The exponential distribution itself is the simplest PH, a bit more complex PHs

are the Erlang, the sum of exponentials (which is a generalisation of Erlang by letting different

means of each exponential phase) and the hyperexponential distribution. The acyclic PH distri-

butions contain a linear sequence of phases, but the processmay terminate in each phase with

a certain probability, or continue with the next phase. Thisdistribution is also used quite fre-

quently and it is often referred as Coxian distribution. Thesum of hyperexponentials (SOHYP)
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Figure 2.2: Hyper-Erlang (upper) and SOHYP distributions

and the hyper-Erlang distributions have even more complicated phase structure with generally

more phases than the previous ones. The hyper-Erlang is constructed as choosing an Erlang

with certain probability from a group of Erlangs, each having distinct phase numbers and phase

means. The SOHYP is a concatenation of different hyperexponential distributions, with different

means of distinct phases and with same set of branching probabilities from each phase of one

”layer”. On top of Figure 2.2 an example of the hyper-Erlang distribution is shown, the bottom

of the picture depicts a SOHYP distribution. The different dashed lines of the latter are simply

for better visibility purposes.

Studies show ([43][44][45][46][47][48][49]) that most distributions, even heavy tailed ones

can be properly and effectively approximated by an appropriately chosen phase type distribution.

Moreover, if statistics are available on a random variable with unknown distribution, a phase

type distribution can be chosen that follows the statisticsof the variable. Given these reasons it is

quite general and yet realistic assumption to model all the user describing times as having a phase

type distribution, since this assumption may include models with other proposed distributions,

after the fitting of an appropriate PH, or this model can be used when real measurement data is
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available about user describing times.

Thus the session holding time of typek new connections is phase type distributed PH(l(k),L(k)),

the residual session length of handover connections is described by PH(l(R,k),L(R,k)). The dwell

time of handover connections and the residual dwell time of new sessions have phase type distri-

butions PH(d(k),D(k)) and PH(d(R,k),D(R,k)) respectively. In Section 3.1 we show that in this

case the channel holding time is also phase type distributed.

This distribution family also sometimes appeared in the literature as model of some customer

describing time variable. In [50] the author used sum of exponentials as model of the dwell time,

later he modelled this time to follow SOHYP distribution in [51], but the connection holding time

was still exponential. The authors went a bit further in [52]and analyzed cellular base stations

with the session length also having SOHYP distribution. In [53] the dwell time was modelled

by hyper-Erlang distribution, the same topic and argumentsregarding the validity of this model

was abundantly covered by one of the previous article’s authors in [54] and [55]. The same

distribution was used in [56] but as model of session length.The authors of [8] derived formulas

supposing Erlang distributed call holding times and general dwell times only known by its mean,

the effect of this assumption on the call completion probability was examined in [57]. General

PH distribution modelled the channel occupancy time in [58]and the authors calculated system

parameters by solving the resultantM/PH/n queue. In [59] both the session length and dwell

time was modelled by general PH distributions. The time a user resides within the overlap area

of two cells was analyzed in [60], that has significant relevance when investigating soft handover.

The authors fitted numerous distributions onto numerical data and found that the hyper-Erlang

distribution is the best approximation. The authors of [11]also analysed the exponential, Erlang

and hyper-Erlang distributions as session length distributions in their work. The work shown in

[15] elaborated teletraffic modelling framework with Coxian approximation of the dwell time

also.

Other distributions (different from the conventional exponential assumption) also frequently

appear in the literature regarding user describing times. To show some insights of such efforts

a number of references given here. After fitting an appropriate PH distribution to any of these,

our general model covers all these cases. Regarding the dwell times, in probably the most often

referred early article in the field of teletraffic modeling ofcellular networks ([1]) the authors de-

rived special density functions of the dwell times of new andhandover customers, depending on

the cell radius and speed of mobiles. Based on this work the authors of [39] and [40] introduced
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the generalized gamma distribution as model of the dwell time, with pdf

f(t) =
c

ba·cΓ(a)
ta·c−1e−(t/b)c , (2.8)

wherea, b andc are parameters dependent on the cell radius and on the fact that the call is a

handover or new connection,Γ(a) is the gamma function defined asΓ(a) =
∫∞

0
xa−1e−xdx. A

slightly different model, gamma distribution was used in [61] and [62] to describe cell residence

time, while in [63] lognormally distributed dwell times were used. In [64] authors claimed that

the dwell time is well approximated by Pareto distribution.Interesting result was shown in [65],

where the session length of network game applications was described by Weibull distribution

based on experimental data (although in [66] the good old exponential distribution seemed ap-

propriate to describe game lengths, also based on measurements). The work presented in [67]

and [68] investigated the holding time in PAMR (Public Access Mobile Radio) systems, based

on measurement data. The authors found that hyper-Erlang and mixture of lognormal distribu-

tions are the best approximations. The authors continued measurements on the cellular network

of Barcelona and found that the channel holding time in this system is also well described by the

mixture of3 lognormal distributions ([69],[70]). The authors concluded their previous results in

[71]. The authors of [72] also presented their work with the assumption of gamma distributed

dwell times.

After reviewing a number of previous customer describing time models we may conclude

that assuming these to follow some general PH distribution is a realistic proposition, covering

the most of the models presented in the literature.

2.3 User traffic model – general Markovian sources

In this Section the model describing customers’ generated traffic pattern is described. When

modeling cellular networks with other applications besides speech connections – such as web

browsing, streaming video viewing, on-line game playing, video telephony, etc. – one has to

take into account that these sources do not generate data at constant rates, rather aperiodic bursts

and silences follow each other, or data rate varies in time during a session. Although numerous

studies were published about analysis of wireless networkswith different but constant trans-

mission rate connections (see references in the Introduction), it is very difficult to efficiently

demonstrate the validity of these approaches in the multi-service wireless networks of today and

the near future.

20



One argument could be the assumption of circuit switched data connections with different

rates, that carry the workload of various applications, similar to the HSCSD (High Speed Cir-

cuit Switched Data) service on GSM networks. Although this interpretation is a step closer to

the concept of multimedia wireless systems it is unrealistic in sight of the operation of packet

switched services in current and future networks. Moreoverit would be very inefficient and ca-

pacity wasteful to maintain a fix rate connection at a bursty source’s disposal. Another approach

would be to substitute each source with a virtual CBR (Constant BitRate) one with rate equal

to the source’s effective bandwidth. Effective bandwidth concepts were introduced in the early

90’s to somehow describe bursty sources by a single transmission rate, yet keeping the ability of

examining system behavior, such as queueing delays, connection admission control, etc. ([73],

[74],[75],[76]).

At first sight it might not seem straightforward to ensure thevariability of user data rate

on the radio interface. Regarding random access wireless networks, such as the IEEE 802.11

family the medium access method inherently causes the data flow to be bursty: the terminals

compete for the channel wherever a bulk of data is ready to be transmitted, the winner transmits

using the total capacity of the channel, then remains silentuntil another transaction. Actually it

is not the realization of bursty transmission, but communication using time variable data rates

that needs some comments. Considering networks with organised medium access, time division,

code division and OFDMA systems dispose current and future significance. In TDMA networks

user rate variability is assured by means of variable amountof time slots allocated to a terminal in

different time frames. Usually the customer notifies the central infrastructure about its capacity

requirement in the following frames (using either explicitsignalling channel or piggybacking

this information attached to application data sent earlier) and a scheduler decides the number of

time slots allocated to customers.

To fulfill user rate variability in CDMA networks is a bit moretricky (burstiness is again

straightforward: the customer simply transmits or not withthe code allocated to him). Although

numerous papers deal with multi-service CDMA networks, this usually means the assumption

of different, but constant rates per user class. However thebasic ideas of assuring different

data rates can be used to outline the way of providing time varying data rate for a customer.

One approach is to use different spreading gains – utilizingorthogonal variable spreading factor

(OVSF) codes –, for different bitrates (e.g. [77],[78],[79]). In this case bits of higher rates are

spread by shorter codes, therefore by maintaining the same chip rate more bits are transmitted

during a time interval than with longer codes. The other approach is to use multicode CDMA
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transmission1 (see e.g. [80], [81], [82]). In this case user data is transmitted as parallel low rate

flows, each spread by unique codes, thus creating parallel sub-channels via the different codes.

Varying user rates are than achieved by the varying number ofparalell streams. To assure variable

rates during a communication, the former approach would require to change the spreading factor

(thus the spreading code) during a connection according to the actual required bit rate. This

demands some special signalling to inform the receiver about the new code it has to despread

the user signal with, or some complex blind rate detection algorithm has to be implemented

in the receiver side. In the case of applying multicode CDMA this additional signalling is not

neccessary, since the receiver only has to despread all the parallel flows constantly, gaining no

data from those sub-channels that are not used for transmission in case of lower bit rates. But

if the system is planned for the maximum traffic carrying capacity, the codes not used by a

source for a given period may be allocated to other sources. In this case again special signalling

is required to inform the receiver about the instantaneous set of codes the source is transmitting

with. Moreover, the so-calledcode blockingphenomenon (see references above and later Section

3.5.1 in this thesis) also complicates the use of OVSF codes or multiple codes for variable bit

rate communications.

To capture the variable and bursty nature of general user traffic, in this dissertation I suppose

Markovian traffic sources. This means that the data traffic generated by a connection is charac-

terised by a finite state continuous time Markov chain. Each state of this chain is assigned with

a transmission rate (that might be zero as well), meaning that the customer is able to transmit

with a finite set of possible data rates. The customer starts its transmission with a rate that is

determined by the initial probability vector of the underlying Markov chain and it keeps sending

data with this rate for an exponentially distributed time, then the underlying chain jumps into

another state. A state transition may result in the change oftransmission rate (if the new state is

assigned with a different rate), but the data flow may continue with the same rate as well, since

more states may be assigned by equal rates. The traffic pattern of this model is characterized by

the infinitesimal generatorQ(k) for a typek connection, the first rate upon session initiation is

determined by the initial probability vectorq(k,N). The transition rates of the traffic describing

Markov chain are obviously the same for new and handover customers but the initial probability

vectors are different. It is because handover sessions wereset up earlier than attaching to the

examined base station, therefore the underlying Markov chain jumped several times until the

instant of handover. We suppose that the change of transmission rates is very fast compared to

1often abbreviated MC CDMA which can be mistaken with multi-carrier CDMA
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the dwell times or the session lengths, thus when a handover connection attaches to the base sta-

tion it has been communicating long enough that the traffic describing Markov chain reached its

equilibrium. Therefore the initial probability vector of handover connectionsq(k,H) is supposed

to be the steady state distribution of the chain, calculatedby solving the well known

0 = q(k,H) ·Q(k), q(k,H) · h = 1 (2.9)

system of equations, whereh denotes a column vector with1s in its each position.

This type of traffic model is quite common in the literature. Such a Markovian model was

used in [83] to describe video sources with single or two activity factors as well as the aggregate

traffic of several video sources. This type of source model was supposed in [84] to describe bursty

video traffic, in [76] this general model was used to calculate the sources’ effective bandwidth.

In [85] a superposition of multiple on-off sources was used to model VBR traffic, that is also a

case of the general Markovian model. Similar approach was applied in [86] and [87] to describe

a multimedia source as the superposition of on-off monomedia traffics. The on-off model itself

that appears frequently in the literature as description ofspeech transmission with voice activity

detection or as model of other services is the simplest form of the proposed Markovian traffic

model.

This approach of multi-rate Markovian traffic sources alongwith the ability of phase type dis-

tributions to follow almost any arbitrary distribution allow us to introduce very general models

of bursty sources, yet exploiting the Markovian property ofindividual phases and thus allow-

ing the use of well-established queueing theory methods to examine systems with such sources.

One straightforward model is to use on-off sources with generally distributed on and off period

durations. To indicate the significance of this approach we refer [88], where the authors investi-

gated the capabilities of on-off sources with arbitrary distributions to model traffic generated by

ATM endpoints. According to measurement data, a web traffic modell with Pareto distributed off

periods and on periods dependent on web page size distributions was used in [89] and in [90].

Similar model but with lognormally distributed think timesbetween web pages was claimed in

[91]. The authors of [92] also found the on-off model to appropriately describe user web traffic,

but with Weibull distributed on and off times. Sources with heavy-tailed on periods were anal-

ysed in [93] also. The effect of heavy tailed on periods was simulated in a P-persistent CSMA

medium access evironment in the recent paper [94].

In order to reproduce these general on-off models as Markovian sources, appropriate PHs

should be fitted to the distributions of the on and off durations and the Markovian model is the
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Figure 2.3: Traffic pattern of general bursty source

result of connecting the phases of the two PHs with finishing rates of the first PH multiplied

by the initial probabilities of the second PH. This approachis described fully in the subsequent

paragraphs as part of a more general traffic model introducedin this thesis.

Data traffic of packet-switched applications is often generated during active periods with idle

time intervals between them. It is common that during activeperiods the transmission is not con-

tinuous in fact, rather consist of periods of sending data packets or files (bursts) interrupted by

short silent intervals (think times). Web browsing is a typical application that is well character-

ized by this type of source model: usually several files are downloaded with short think periods

until the customer finds the information he looks for, then follows a longer idle interval while

the user studies the desired page. This type of model was suggested in [95] to describe traffic

generated by interactive applications, such as web browsing, email and query/response informa-

tion services (although numerical results were presented supposing constantly active customers

with Pareto distributed think times). Similarly active periods with on-off intervals and inactive

off periods modelled web user traffic in [96] emphasizing that the inactive off periods should not

be ignored to get a realistic model. A good overview of earlier source traffic models for wireless

networks is summarised in [97], the models listed here are basically in alignment with what was

written earlier. Figure 2.3 shows an example of the traffic pattern generated according to the

proposed source model. Note that this description with idleperiods, silent periods and burst may

be used as model with finer granularity: in this case a burst would be the transmission of a packet,

silent period would be the time a packet is generated and the idle period would be transmission

gap between packet bursts. To describe such a source as Markovian, we suppose that the active

interval’s length is a continous random variable with pdfa(t), the idle periods’ distribution is

described by the density functioni(t), the length of the bursts during the active period is de-
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Figure 2.4: Markov model of active periods

scribed by the densityb(t), that of the short silent periods between bursts is denoted by g(t). Let

us assume that each distribution is approximated by a properly fitted phase type distribution, or

only samples of the above time variables are available, and phase type distributions are chosen

to fit the experimental data. The parameters of the four phasetype distributions are denoted by

(a,A), (i, I), (b,B) and(g,G) respectively.

First we create the model of active periods, with bursts and short silent periods between

them. If a general ON-OFF model is needed (without the longeractive and idle periods), with

arbitrarily distributed ON and OFF times, this approach should be used to obtain its description.

To achieve this, the phases of the silent period distribution are connected to those of the burst

length distribution. The rates between the two groups of phases are the following: those phases

that correspond to the non-zero elements of the initial probability vectorg are connected to those

phases of the burst length distribution that correspond to the non-zero elements of the finishing

rate vectorB0. The rate between phasek of the burst length distributions and phasel of the

silence distributions isB0
k · gl. To model the repetitive nature of bursts and silent periodsthose

phases of the latter’s distribution that correspond to the nonzero elements of its finishing rate
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Figure 2.5: Markov model of active periods, including duration

vector are fed back to the phases of the burst period, with ratesG0
k · bl between phasek andl of

the two distributions. Figure 2.4 shows an example of creating the model of active periods. The

upper left and right graphs show the phase type model of the burst and silent periods respectively.

Below is the joint Markov model with the proposed connections among the two groups of states.

It is easy to see that using appropriate numbering of states,this aggregate active period model

has its transition rate matrix and initial probability vector with the following form:

A∗ =

[

B B0 · g

G0 · b G

]

, a∗ =
[

b, g
]

. (2.10)

Here the parameters are denoted byA∗ anda∗ since this model does not capture the duration of

the active period (described by(a,A)), but the durations of bursts and silences within the active

term.

The next step of creating the general bursty source model is to achieve that this active period

lasts for a phase type distributed time with parameters(a,A). Thus the previously described

model of the active period is taken as many times as many phases the length distribution of the
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active period has. Each phase of each group is connected according to the rates of the active

period distribution, namely phasej of groupk is connected to phasej of groupl with rateAkl.

Figure 2.5 shows an example of creating the model of active periods including its duration. In this

example the length of active periods is supposed to follow a two phase acyclic phase type (often

referred as Coxian as well) distribution, represented at the top of the Figure. The Markovian

model of Figure 2.4 is used to describe bursts and silences within the active period. The thick

dashed connectors of the figure represent that each state of the two groups are connected with

appropriate rates. It is easy to see, that when the states of this latter model are enumerated

appropriately, the resultant phase type model of the activeperiod (including the alternation of

bursts and silent periods) has the following descriptors:

Aeff = A⊕A∗, aeff = a⊗ a∗, (2.11)

where⊗ and⊕ denote the Kronecker product and Kronecker sum respectively. The Kronecker

product of matrixA of sizem× n andB of sizek × l is a matrix of sizemk × nl defined as:

A⊗B =









A11 ·B A12 ·B . . . A1n ·B

. . . . . .

Am1 ·B . . . . . . Amn ·B









(2.12)

The Kronecker sum is defined on quadratic matricesA of sizem ×m andB of sizen × n is a

matrix of sizemn×mn calculated as:

A⊕B = A⊗ In + Im ⊗B, (2.13)

whereIn andIm denote the identity matrices of sizen× n andm×m respectively.

Regarding an equivalent problem that rises during the elaboration of the service time dis-

tribution of the presented queueing model, it is shown in Section 3.1, Theorem 3.1.2 that this

distribution with parameters in (2.11) has the same densityfunction as the one with descriptors

(a,A), thus this model appropriately describes the duration of the active period as well.

Finally, to include idle periods in the source model, similar approach is needed that was used

when creating the active period model. The phases of the idleperiod distribution are connected

to those of the total active period distribution and its finishing phases are fed back to the active

period distribution with finishing rates multiplied by the initial probabilities of the other distribu-

tion. Thus, the infinitesimal generator and the initial probability vector of the final source model

is constructed as:

Q =

[

Aeff A0
eff · i

I0 · aeff I

]

, q = [aeff , i] . (2.14)
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This source model was shown as a general ON-OFF model, but is is straightforward to suppose

not only2, but arbitrary number of possible transmission rates in themodel, let us denote this

number now byR. More specifically, different possible rates could be given, with all the PH

distributions of the duration of a burst with the given transmission rate. Compared to the previous

case, the difference is that one more parameter is needed in this case, namely the probability, that

after finishing the burst with a given rate, the transmissioncontinues with another one. Let

us suppose that these probabilities are collected in matrixP , Pij meaning the probability that

after ratei ratej follows. Another vector,p should contain the probabilies of starting the bursts

with given bitrates. If the descriptors of the duration of rate i burst are (b(i),B(i)), than the

resultant joint PH distribution, that describes the burst with different transmission rates will have

the generator matrix as

A∗ =















B(1) P12 · B
0
(1) · b(2) ... P1R · B0

(1) · b(R)

P21 · B
0
(2) · b(1) B(2) ... P2R · B0

(2) · b(R)
...

PR1 · B
0
(R) · b(1) ... B(R)















(2.15)

and the initial probability vector is

a∗ =
[

p1 · b(1)...pR · b(R)

]

. (2.16)

2.4 Base station model

This Section presents the modelling assumptions applied todescribe the behavior of the ra-

dio cell or radio base station. In our representation this isthe basic element of the network, that

provide radio capacity to users and as such, this is the target of performance evaluation presented

later. The model presented here does not require the assumption of a particular radio access

technology, therefore a base station here is generally modeled as a channel pool ofC0 units of

capacity. This capacity is expressed in the same units as thetransmission rates of the connec-

tions, typically bits per second. However, when using our method during the investigation of a

particular system, the capacity may be expressed in other units – although these are also closely

related to the rate expressed in bits per second –, for example in TDMA systems the number

of time slots in a frame (and users’ used capacity is also in this unit), or bandwidth and users’

equivalent bandwidth in CDMA systems. As a special case we investigate the scenario when

C0 = ∞ as well, clearly indicating the use and significance of this case.
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This kind of session level model is applicable to calculate the rejection probability of newly

initiated session or handover attempts. It is clear, that different connection types tolerate rejection

differently, e.g. a streaming video session is completely broken when blocked during handover,

but the user of a web-browsing session will probably not evennotice blocking. Moreover, gen-

erally it is less desired to drop a handover attempt than to reject a newly initiated one of the

same connection type. Therefore we suppose that several capacity sharing methods are applied

at the base station. NamelyComplete Sharing (CS)policy means that all sessions may enter the

system, whenever the unused capacity of the base station is sufficient for handling the session.

In the other case channel reservation is applied at the radiointerface, implemented by means of

aPartial Sharing (PS)policy. Practically this means that not all connection types may utilize the

whole capacityC0, namely there is a maximum available capacityCk,H andCk,N for typek han-

dover and new connections, meaning that a typek connection can be admitted if the total amount

of capacity occupied by typek sessions after admission is less then or equal toCk,H orCk,N and

the total occupied capacity does not exceedC0. A less general form of Partial Sharing policy is

often used in the literature, namely the guard channel concept. This restrains connections that

were initiated in the cell from using the total capacity, in favour of handover sessions. Clearly,

assuming infinite radio capacity makes the principle of capacity allocation pointless, since there

is always enough capacity to serve an arriving customer.

Based on the applied channel sharing policy, the base station may operate according to several

admission control mechanisms. LetCoc denote the amount of instantaneously occupied capacity

of the base station at the moment of a session arrival and letc(k) denote the vector containing the

possible transmission rates of a typek connection.

Burst levelCAC controls arrivals by using instantaneous rate information of sessions. Namely

a call is accepted at burst level ifCoc plus its instantaneous rate is less than the allowed capacity.

Using symbols, in case of partial sharing, the acceptance ofa typek handover session is assured

if

Coc + c
(k)
j ≤ C0 and

∑

i

n
(H,k)
i · c

(k)
i + c

(k)
j ≤ Ck,H (2.17)

when the customer arrives with ratej, heren(H,k)
i is the number of typek handover customers

transmitting with ratei at the moment. Burst blocking occurs if (2.17) does not hold.In some

cases burst blocking would not cause the breakdown of the session, but while the connection

is maintained it suffers some degradation of packet level QoS measures (for instance increased

queueing delays or dropped packets). From the users point ofview it appears as some "distur-
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bance" in the transmission, for example missing or incomprehensible periods of speech, "broken

up" or stilled pictures of video, or suddenly decreased resolution of images. To model main-

tained, but temporarily degraded connections due to burst blocking, we introduce therate reduc-

tion policy of burst level admission control. If rate reduction is applied, upon arrival of a type

k handover flow and if (2.17) does not hold the connection is forced to reduce its rate to a level

that "fits into" the channel. To conclude, within burst levelCAC two policies can be considered,

depending on the type of arriving connection:

• policy 1, immediate blocking: the connection is immediately blocked. In case of handover

connection or blocking sensitive connection type this is not tolerable.

• policy 2,rate reduction: the connection is forced to reduce its transmission rate. Assuming

again an arriving handover session and partial sharing, ifc
(k)
j is the highest transmission

rate so that

Coc + c
(k)
j ≤ C0 and

∑

i

n
(H,k)
i · c

(k)
i + c

(k)
j ≤ Ck,H,

the connection is forced to begin its transmission with ratec
(k)
j . The connection is only

blocked when

Coc + c
(k)
min > C0 or

∑

i

n
(H,k)
i · c

(k)
i + c

(k)
min > Ck,H,

wherec(k)min is the lowest possible transmission rate. Again, applying this policy may result

in the degradation of packet level QoS.

It is worth noting that these two approaches can be found in the literature, sometimes named full

and partial blocking (e.g. [11]).

It is clear that when sources are characterized by possible zero transmission rate and the

probability of arriving with zero rate is not zero, burst level CAC does not bound the maxi-

mum number of admittable sessions. Applying the rate reduction policy may accept even more

connections.

Because the connections change their transmission rate during the session, the amount of

occupied capacity at the base station may change without thearrival or termination of a con-

nection. This means that burst blocking of an already admitted connection may occur during

transmission. This happens when a flow tries to switch to a transmission rate with which the

total occupied capacity would exceed the maximum available.
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Chapter 3

Queueing model of the radio cell

In this Chapter the queuing model of the formerly described cellular system is derived and

investigated. In order to utilize well known queuing theorymethods and to keep the model

general and comprehensive I formerly supposed that the customer describing times have phase

type distributions and I have shown the viability of this assumption. Based on this, an appriximate

formula is derived, that enables the fast and efficient computation of session level performance

parameters with reasonable error.

3.1 Service process

This Section is devoted to present the notion and derivationof the parameters of the service

process applicable in the queueing model representing the cellular environment described in the

previous Chapter. In order to formulate this queueing model, a service process is needed that has

the following properties:

• the service time distribution is equivalent with the channel occupancy time distribution, it

satisfies (2.6),

• the service process describes the instantaneous transmission rate of the customer.

In order to define the service process with the above properties, first we compose the channel

holding time distribution for typek new connections, using the distributions of the residual dwell

time and the session duration. The same method should be usedwhen determining the channel

occupancy time distribution for typek handover sessions, using the dwell time and residual

session length distributions.
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Figure 3.1: Construction of the channel holding time distribution

Let the phase number of the residual dwell time of a typek customer be denoted byNk
D,R,

that of the connection duration is denoted byNk
L . Then the channel holding time also has a

phase type distribution withNk
D,R · Nk

L phases and descriptors(T (N,k), t(N,k)). This distribution

is composed as follows. We formNk
D,R groups representing the phases of the residual dwell

time, each containingNk
L phases. Among the phases of a group the rates are equal to the rates of

the phase type distributed session length. Among those phases of different groups that represent

the same phase of the session duration the rates are equal to the rates of the residual dwell time

distribution. This means that the rate between phasei of groupn and phasej of groupm is:

• L
(k)
ij if n = m, i 6= j,

• D(R,k)
nm if i = j, n 6= m

• 0 if i 6= j, n 6= m,

for i, j = 1, . . . , Nk
L , n,m = 1, . . . , Nk

D,R.

If the phases of the channel holding time are enumerated appropriately, the initial probability

vector and generator matrix of its distribution are given as:

t(N,k) = d(R,k) ⊗ l(R,k) T (N,k) = D(R,k) ⊕ L(k) (3.1)

where⊗ and⊕ denotes the Kronecker product and Kronecker sum of two matrices. An example

of the composition of the channel holding time is presented on Figure 3.1. Here both the dwell
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time and session length has a2 phase Coxian distribution, the right hand side of the Figure

contains the4 phase channel holding time distribution with its rates. First we have to see that

this distribution satisfies (2.6).

Theorem 3.1.1.Letx, y be independent phase type distributed random variables with distribu-

tions characterized by(d,D) , (l,L). If z is a PH distributed random variable with descriptors

(t,T ) and (3.1) holds, thenz =min(x, y).

Proof. Let the distribution function ofx andy be denoted byX(t) andY (t). The distribution

function of min(x, y) is thenM(t) = 1 − (1 − X(t))(1 − Y (t)). Substituting the cdf of PH

distributions from (2.7), we get

M(t) = 1− deDthND
· leLthNL

(3.2)

whereND andNL denote the number of phases of the distributions ofx andy, hND
andhNL

are

column vectors of lengthND andNL filled with 1s. Introducinga(t) = deDt and b(t) = leLt,

(3.2) has the form:

M(t) = 1−

(

ND
∑

i=1

ai(t)

)(

NL
∑

i=1

bi(t)

)

.

The distribution function ofz is:

Z(t) = 1− teT thT = 1− (d⊗ l)e(D⊕L)thND·NL
.

Using the properties of the Kronecker operations1 the expression is transformed to

Z(t) = 1−
((

deDt
)

⊗
(

leLt
))

hND·NL
.

Substitutinga(t), b(t) and using the definition of the Kronecker product, we get

Z(t) = 1−

ND
∑

i=1

ai(t) ·

(

NL
∑

j=1

bj(t)

)

= 1−

(

ND
∑

i=1

ai(t)

)

·

(

NL
∑

j=1

bj(t)

)

= M(t). �

To include the instantaneous transmission rate of a customer into the service process, a similar

method is necessary, using the PH distributed channel occupancy time and the rate describing

1

• (A⊗B)(C ⊗D) = AC ⊗BD,

• e
A⊕B = e

A ⊗ e
B.
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Figure 3.2: Construction of the service time distribution

underlying Markov chain. In this case the states of the traffic describing Markov chain are

organized in as many groups as many phases the channel holding time distribution has. Among

the states of the same group the rates are equal to the rates within the state structure of the general

Markovian model. Between two states of two different groupsthat are in the same position within

their group the appropriate rate of the channel holding timedistribution characterizes the phase

transition. Following its construction, we arrive to the service process, that is described by a PH

distribution, with the following parameters

s(N,k) = t(N,k) ⊗ q(k) S(N,k) = T (N,k) ⊕Q(k). (3.3)

The duration of this service process is equivalent with the channel holding time duration, while

the actual state is assigned to the actual state of the transmission rate generator Markov chain.

Figure 3.2 shows an example of constructing the service process. Here the channel holding

time is presented with2 phases and the rate describing Markov chain has2 states. The right hand

side of the Figure depicts the service time distribution with its appropriate rates. As we can see,

this construction of the service process is analogous with the construction of the active period

model presented as part of the general Markovian source model in Section 2.3, equation (2.11),

thus the following theorem applies for the active period model as well. Now we have to show

that this service time has the same distribution as the channel holding time.

Theorem 3.1.2.Let x denote a PH distributed random variable with descriptors(t,T ) and

probability density functionf(t). LetQ andq denote the infinitesimal generator matrix and the

initial probability vector of a finite state CTMC. Ify is a PH distributed random variable with

descriptors(s,S) and (3.3) holds, then its pdf isf(t).
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Proof. Following the construction of the distribution ofy, it is obvious that the column vector

S0 containing the finishing rates from all the phases of this distribution is expressed as

S0 = T 0 ⊗ hNQ
,

whereNQ denotes the number of states of the Markov chain andT 0 is the column vector con-

taining the finishing rates from each phase of the distribution ofx.

Substituting (3.3) into the density function ofy according to (2.7) we get:

g(t) =
(

t⊗ q
)

e(T⊕Q)t
(

T 0 ⊗ hNQ

)

.

Using the properties of the Kronecker product the expression changes:

g(t) = (t⊗ q)(eT t ⊗ eQt)(T 0 ⊗ hNQ
) = (teT t)⊗ (qeQt)(T 0 ⊗ hNQ

) = (teT tT 0)⊗ (qeQthNQ
).

The second argument of the last Kronecker product is always1, sinceqeQt is a probability vector.

Thus the equation reduces to:

g(t) = teT tT 0 ⊗ 1 = teT tT 0 = f(t). �

This composition of the service process allows us to determine the instantaneous transmission

rate of a connection as well as the phase of the dwell time and the session length distributions.

Namely if a new session is in the(m−1) ·N
(k)
L ·N

(R,k)
D +(j−1) ·N

(k)
L + ith phase of the service

time, its transmission rate isc(k)m and the actual phase of its session length and residual dwelltime

is i andj respectively. The service time of a typek new session hasN (k)
L · N

(R,k)
D ·N

(k)
Q phases

which causes that the Markov chain model of the system has multiple dimensions and possibly

huge state space.

It is also clear from the composition of the service process that the transmission rate of a

connection in those phases of the service time that correspond to a particular state of the traffic

describing Markov chain is identical. Namely ifr(N,k) denotes the vector containing the trans-

mission ratesr(N,k)
i of a typek new connection if the session is receiving theith phase of the

service time (r(H,k) is the same for handover connections), then

r
(N,k)
1 = r

(N,k)
2 = · · · = r

(N,k)

N
(k)
L ·N

(R,k)
D

= c
(k)
1

r
(N,k)

N
(k)
L ·N

(R,k)
D +1

= r
(N,k)

N
(k)
L ·N

(R,k)
D +2

= · · · = r
(N,k)

2N
(k)
L ·N

(R,k)
D

= c
(k)
2

...

r
(N,k)

(N
(k)
Q −1)·N

(k)
L ·N

(R,k)
D +1

= · · · = r
(N,k)

N
(k)
Q ·N

(k)
L ·N

(R,k)
D

= c
(k)

N
(k)
Q

.

(3.4)
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The above construction of the service process should be carried out for each customer type

k, k ∈ {1...K}. Moreover, handover and new connections of the same type aredifferent in terms

of their describing times and the initial probability vector of the traffic characterising Markov

chain, thus each customer type requires the use of two service time distributions. This results

in the composition of2K service time distributions. In this proposed model we do notallow

a customer to change its service type during a session, thus the service times could be handled

independently.

3.2 The driving process

In this section the Markov process that describes the cellular model is presented. Given the

incoming process of new and handover sessions is supposed tobe Poissonian, the service time is

PH and customers change their amount of occupied capacity during service formally the system

is described by a multiclassM/PH/C0 queue with phase dependent capacity requirements.

The state of the resulting Markov process is the vector

n = [n(N,1), . . . , n(N,K), n(H,1), . . . , n(H,K)], (3.5)

where theith element of vectorn(N,k), n(N,k)
i denotes the number of typek sessions that arrived

to the cell as new connection and receiving theith phase of the typek new connection service

time,n(H,k) contains the same quantities regarding handover connections.

Considering the capacity reservation described in Section2.4 and the transmission rates in-

troduced in (3.4) we may determine the boundaries of the state space. Namely the valid states of

the system are thosen-s, where

n(N,k) · r(N,k) ≤ Ck,N, n(H,k) · r(H,k) ≤ Ck,H, k = 1, . . . , K

K
∑

k=1

n(N,k) · r(N,k) +

K
∑

k=1

n(H,k) · r(H,k) ≤ C0

(3.6)

holds. This simply means that the amount of occupied capacity of each type new and handover

connections may not exceed the maximum available for that type and the total amount of used

capacity cannot be larger than the maximum available at the base station.

The state space of the system is finite if the connections always transmit with some rate. This

means that none of the traffic describing Markov chains contains a state that is associated with

zero transmission rate. In this case the system is irreducible and finite, hence it is stable and its
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steady state distribution exists. If zero transmission is allowed (e.g. the well known and widely

used on-off sources) the state space becomes infinite. However, regardless a session’s transmis-

sion state it stays in the system until the channel occupancytime and since no restrictions were

given on the number of customers in the cell from this point ofview the cell acts as an infinite

server queue, thus the criteria for stability is to have incoming rates finite, that is completed in

our case with the requisite of having finite rates of the traffic describing Markov chain.

To unambiguously describe the Markov chain representing the proposed cellular system, the

possible state transitions and the rates of these transitions are needed. State transitions may occur

because of the following events: a handover or new connection arrives to the system, a session

leaves the system either by handover or by connection termination or a customer changes the

phase of its service time, this latter obviously includes the change of transmission rate of a

customer. To simplify notations in the following discussion we do not use the whole state vector

n, rather its subvectorn(N,k) or n(H,k) that changes due to a state transition. The state transition

rates are also dependent on the applied admission control policy of the base station described in

Section 2.4.

Recalling Section 2.1 the incoming rate of handover and new connections is denoted byλH

andλN, the probability that a particular arriving customer is of typek is denoted byαk. If for

typek admission control policy1 is applied the state transition rates are the following:

• state transition due to a new connection arrival: this eventresults in a state transition from

staten(N,k) into staten(N,k)+ ei at rateλN ·αk · s
(N,k)
i , whereei is a vector of the same size

as the phase number of the service time of typek connections, filled with0’s and one1 at

its ith position;

• state transition due to handover arrival: this results in a state transition from staten(H,k)

into staten(H,k) + ei at rateλH · αk · s
(H,k)
i ;

• state transition due to session termination: this event results in a transition from staten(N,k)

into staten(N,k) − ei at raten(N,k)
i · S

(N,k,0)
i , where the vectorS(N,k,0) contain the finishing

rates from all the phases of the typek new connection service time;

• state transition due to the phase change of the service time distribution: this results in a

transition from staten(N,k) into staten(N,k) − ei + ej at raten(N,k)
i · S

(N,k)
ij .

Obviously the above transitions may occur when the total occupied capacity after transition

does not exceed the amount that is allowed for a particular connection type, namely in case of an
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arrival with transmission ratec(k)i

Coc + c
(k)
i ≤ Ck,N or Coc + c

(k)
i ≤ Ck,H,

or in case of phase change that result in a change of transmission rate fromc
(k)
i to c

(k)
j

Coc − c
(k)
i + c

(k)
j ≤ Ck,N or Coc − c

(k)
i + c

(k)
j ≤ Ck,H,

where againCoc denotes the amount of total occupied capacity prior to statetransition.

To classify the transition rates when admission control policy 2 (burst CAC, rate reduction)

is applied, we suppose without the loss of generality that the possible transmission rates (so the

states of the traffic describing Markov chain as well) are enumerated in increasing order from the

lowest rate to the highest. It is clear from the constructionof the service time distribution that

for those phasesi andj of the service time distribution that correspond to different states of the

rate describing Markov chain, but to the same phase of the channel holding time distribution

|i− j| = l ·N
(R,k)
D ·N

(k)
L l ∈

[

1, . . . , N
(k)
Q − 1

]

holds. In the case when policy2 is applied and a connection is forced to reduce its transmission

rate due to the lack of capacity, the initial phase of its service time is altered to a phase that

corresponds to a lower transmission rate but to the same phase of the channel occupancy time.

Supposing that phasei of the service time distribution corresponds to the highestadmissible

transmission rate the state transition rates due to arrivalhas the form:

• a new or handover connection results in a state transition from staten(N,k) or n(H,k) into

staten(N,k) + ei or n(H,k) + ei at rate

λN · αk ·

N
(k)
Q −

⌊

j

N
(k)
Q

⌋

−1

∑

l=0

s
(N,k)

i+l·N
(R,k)
D ·N

(k)
L

and λH · αk ·

N
(k)
Q −

⌊

j

N
(k)
Q

⌋

−1

∑

l=0

s
(H,k)

i+l·N
(k)
D ·N

(R,k)
L

.

By observing the difference between the incoming rates of the two investigated admission

control policies it is clear that policy2 allows more connections to be admitted in case of an

overloaded base station. After all, although this policy generally reduces blocking probabilities,

reducing the transmission rate of a connection may not be realized for some type of connections

due to the resulting degradation of packet level QoS measures.
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After having determined all the possible transition rates among system states, calculating the

steady state distribution of the system is the straight way to achieve session blocking probabili-

ties and channel utilization values. We assume Poissonian arrival of sessions and these type of

arrivals have the well-known property of seeing the time average (PASTA property – Poisson

Arrivals See Time Average), e.g. stationary distribution of the system ([98]). Thus determin-

ing blocking probabilities means summing up the probabilities of those states in which session

rejection may occur due to the lack of base station capacity.

To determine the steady state distribution of the system we must enumerate the states and

compose the infinitesimal generator matrix of the system using the above determined possible

transmissions and their rates. Given the infinitesimal generatorQ∗ (note that it is not the same

as the infinitesimal generator of the Markov chain describing the variability of the transmission

rate of a customer, formerly denoted byQ(k)), the steady state probability vectorp∗ is calculated

by solving the well known set of global balance equations, i.e.

p∗Q∗ = 0 p∗h = 1.

Unfortunately in practical scenarios solving this system of equations is not possible because of

the huge number of states. In very simple scenarios the statespace may contain only a few

hundred thousand states. In this case the system of equations may be solved by some numerical

method (e.g. Gauss-Seidel). But in most cases the number of states easily exceeds tens of mil-

lions, than solving the system of global balance equations is impossible. Moreover, if a session

may arrive with zero transmission rate, the state-space becomes infinite, thus this approach is not

applicable as well.

Fortunately, to determine blocking behavior and system utilization, we do not need the steady

state distribution itself. Rather it is enough if the probability of having m units of system capac-

ity occupied is known,m = 1, . . . , C0. These parameters are referred as channel occupancy

probabilities in the remainder of this Chapter.

3.3 Local balance and product form

This Section presents the local balance and product form steady state distribution that holds

in case of infinite capacity assumption; this will be used later for deriving the approximate anal-

ysis. To develop a fast and efficient method of calculating channel occupancy probabilities of

the system we have to take a deeper insight of the balance equations of the system describing
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Markov chain. To do this, we consider the theoretical case when the base station has infinite

capacity, i.e.C0 = ∞. Moreover, this case has not only theoretical, but practical significance

in teletraffic modeling of systems, namely when system performance is determined in terms of

overload probability, that is the probability of total occupied capacity exceeding a given value.

This approach is used in the literature when dealing with CDMA networks, where capacity does

not have a hard bound, but overload can be well defined.

It is clear, that when the base station is supposed to have infinite capacity, the Markov chain

has a product form solution. This is because the infinite capacity case is equivalent with a queue-

ing network, if each phasei of the service time distribution is modelled by a single infinite server

exponential queue with rate−Sii and with routing probabilitySij

−Sii
between queuesi andj. We

know from the famous BCMP theorem [99], that this network hasa product form equilibrium

distribution, containing the product of the steady state distribution of individual queues. In the

context of queueing networks, this is the usual use of the term product form solution. However,

as the system under consideration in this thesis is a single queue we use the term in more general

sense. That is: product form distribution is a multi-dimensional distribution that is the product

of its marginal distributions (e.g. [100]). Naturally, this latter more general definition contains

the stationary distributions of product form queueing networks, as the distribution of the queue

length of individual queues are the marginal distributionsof the joint queue lengths distribution.

The system’s analogy with the BCMP network containing IS queues also means that this

system is quasi-reversible and local balance equations hold (e.g. [101]). We now that in BCMP

networks the local balance equations equate the input and output rates of a network station.

Obviously, in our problem the non-blocking part of the statespace (i.e. those states, where any

state transition can take place, the idle capacity of the base station is enough to accommodate

a new connection with any instantaneous transmission rate)is equivalent with the state space

of the infinite capacity case, in terms of the possible state transitions and their rates. Thus, in

the non-blocking part the local balance equations will alsohold. We will use the local balance

equations to determine the closed form equilibrium distribution (product form) and later use it

for approximate analysis as well. The BCMP analogy means that the following transitions hold

balance in our system:

• transitions that result in an increment of the number of customers receiving a particular

phase of the service time, caused by an arrival of a new or handover session, or by the

phase change of an active customer

40



• transitions that result in the diminution of the number of customers receiving the same

phase of the service time, caused by one customer leaving thesystem (either by handover

or by connection termination), or by phase change of a customer.

Since no transition is allowed among different customer types, the following equations are

valid for any typek sessions initiated within the examined cell or arrived after handover. The

following derivation considers typek new connections, but for the sake of better readability the

corresponding part of the state vector, i.e. vectorn(N,k) is simply denoted byn∗. Moreover,

for better readability we omit the superscript(N, k) of the corresponding service time matrix

and initial vector as well. Putting all these into the language of mathematical symbols, the local

balance equations have the form:

λNαksip(n
∗) +

P
∑

j=1,j 6=i

(n∗
j + 1)Sji · p(n

∗ + ej) =

(n∗
i + 1) · p(n∗ + ei)

(

S0
i +

P
∑

j=1,j 6=i

Sij

)

,

(3.7)

whereei denotes a vector of lengthP filled with zeros and a1 in its ith position and for the sake

of simplicity the number of phases of the service time of typek new sessionsN (k)
D,R ·N

(k)
L ·N

(k)
Q

is denoted byP . Although these local balance equations are determined using the system’s

identity with a BCMP network, an alternative proof of the validity of (3.7) equations can be

found in Appendix C.

Rearranging (3.7) and writing all the local balance equations into a single vectorial equation,

we get

−λNαks ·p(n
∗) = [(n∗

1+1)p(n∗+e1), . . . , (n
∗
i +1)p(n∗+ei), . . . , (n

∗
P +1)p(n∗+eP )]S. (3.8)

Introducing the vector

F =

(

(n∗
1 + 1)p(n∗ + e1)

p(n∗)
, . . . ,

(n∗
P + 1)p(n∗ + eP )

p(n∗)

)

(3.9)

from (3.8) we have

F = −λNαksS
−1. (3.10)

We can see that the relation of the steady state probabilities of neighboring states is contained

in this vector, namely

Fi · p(n
∗) = (n∗

i + 1) · p(n∗ + ei). (3.11)
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Figure 3.3: Two dimensional state space example

This indicates that the equilibrium probability of staten∗ in the infinite capacity case can be

calculated recursively from state0, by means of iteratively substituting into (3.11). This results

in the steady state probability ofn∗ as

p(n∗) = p(0) ·
P
∏

i=1

F
n∗

i

i ·
1

n∗
i !
. (3.12)

An alternative derivation of (3.12), based on the BCMP analogy can be found in Appendix C.

We observe that (3.12) is identical with the steady state distribution of a multiclassM/G/m/m

or M/G/∞ system (e.g. [102]), withP classes and with offer loadsFi for classi (no change

of required capacity during a connection). Figure 3.3 showsan example of a two dimensional

system, namely the state space around state(i, j). This state space would describe a system with

single session type that has two possible transmission rates and exponential channel occupancy

time. Only those transitions and states are plotted that affect state(i, j). The right hand side

of the figure shows the equivalent state space: here the elements ofF replace the arrival rates,

while the leaving rates are normalised to1. We see that with this description based on the local

balance equations the ”crossing” transitions disappearedand their influence is included inF . As

the elements ofF characterise the ratio of the stationary probabilities of two neighboring states

(3.11), I use the notion ofmultiplier factor for the elements ofF andmultiplier vectorfor F .

Now, returning to the original, complete notions of this thesis, the complete and correct form of

the multiplier vector for a typek new connection is:

F (N,k) = −λNαks
(N,k)

(

S(N,k)
)−1

. (3.13)
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The complete expression of the product form distribution defined in (3.12) is [99]

p(n) =
1

G

K
∏

k=1





P (N,k)
∏

i=1

(

F
(N,k)
i

)n
(N,k)
i 1

n
(N,k)
i !

P (H,k)
∏

i=1

(

F
(H,k)
i

)n
(H,k)
i 1

n
(H,k)
i !



 (3.14)

whereP (N,k) denotes the number of phases of typek new customers’ service time andG is the

normalization constant so that the sum of probabilities of all states equals to one. Namely

∑

alln

p(n) = 1 ⇒ G =
∑

alln

K
∏

k=1





P (N,k)
∏

i=1

(

F
(N,k)
i

)n
(N,k)
i 1

n
(N,k)
i !

P (H,k)
∏

i=1

(

F
(H,k)
i

)n
(H,k)
i 1

n
(H,k)
i !



.

(3.15)

Recognizing that the infinite capacity assumption allows the sum to run from0 to∞ for all ni-s,

the sum is the Taylor series of the exponential function, namely

G = exp





K
∑

k=1

(
P (N,k)
∑

i=1

F
(N,k)
i +

P (H,k)
∑

i=1

F
(H,k)
i )



 . (3.16)

In practical cases the number of phases of the service time distribution may be quite large, es-

pecially if exact PH fitting with numerous phases (e.g. 10-12) is used for the session length

and dwell time distributions and sophisticated user trafficmodel is used. In this case the matrix

inversion of (3.13) is the most resource demanding task.

3.4 Approximate analysis of the finite capacity case

This Section presents the approximate formula that allows the determination of the distri-

bution of channel occupation, which is the base for determining performance measures. Now

let us consider the state space of the system proposed, in particular the subspace that contains

states where the highest capacity demands cannot be admitted, because customers using lower

rates occupy the capacity. To visualise this situation, I consider a simple system with20 units of

capacity and users might transmit using1, 3 or 10 units. If we consider the channel occupancy

distribution to be exponential, this system has three dimensional state space, each dimension rep-

resenting the number of customers instantaneously using a given amount of unit from the three

possibilities. The state space of this example is shown in Figure 3.4. Here the abscissa is the

number of users transmitting with1, the ordinate is the number of customers using3 capacity

and the overlapping rectagular means one customer using10 units (one level ”up” along thez
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coordinate), the overlapping trianle means two customers using10 units (two levels ”up” along

thez coordinate).

The subspace under consideration consists of the states denoted by single circles and not

side neighbors of the plotted rectagulars: these are the states where there is zero customers

using10 units and the swithcing to10 units or arrival with10 units instantaneous requirement

is not allowed because of capacity limitations (in the states that are side-nighbors of the plotted

rectagulars, switching to the highest rate is still possible, but arrival with the highest rate is not),

in the Figure these are the states over the dashed line. It is obvious that the transitions within

this subspace are governed by the matrix of the service time distribution, without those entries

that describe the transition rates into or from phases that would mean switching to or from the

highest capacity demand. The arrivals are characterised bythe initial probability vector of the

service time distribution as well, with those entries set tozero that refer to arrival to the phase

with highest capacity demand.

So in terms of arrival rates, finishing rates and phase changerates this subspace is governed

by the same state transitions as if we were considering a system where the highest transmission

rate does not exist. If we consider a system with infinite capacity and a service time distribution

that lacks those phases that correspond to the highest instantaneous capacity requirement, natu-

rally all the findings of the previous Section would hold (local balance equations, product form

stationary distribution) for this system. This inspires the derivation of the multiplier factors for

this system, which is naturally calculated according to (3.10), with the new versions ofs and

S (not containing entries corresponding to phases with highest transmission rate). This train of

thought can be further continued, considering the subspacewhere the second largest transmission

rates also cannot be admitted or switched to, the analogous system where the two largest trans-

mission rates do not exist, derivation of corresponding multiplier factors, etc. In the previous

example (Figure 3.4) this means the two states at the right end of the Figure.

Actually, in the subspace where new arrival with and switching to the highest capacity re-

quirement is not allowed (blocking subspace) – note that this general definition contains more

states we considered above, namely those states as well, where the number of customers using

the highest capacity requirement is not necessarily zero, e.g. the states denoted by thos rectangles

in Figure 3.4 that are not side neighbors of the triangle –, the system behaves as if the sevice time

distribution changed. This change depends on the instantaneous occupied capacity at that state

and the allowed capacity for the given customer type.

Formulating the change of the service time of a typek new call, when admission control
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Figure 3.4: Two dimensional state space example

policy 1 (immediate blocking) is applied andx units of capacity is occupied we get

S
(k)
ij (x) = 0 , s

(k),N
j (x) = 0 , ∀j : r

(k)
j > Ck,N − x. (3.17)

The diagonal elements of the rate matrix are updated so that
∑

j S
(k)
ij (x) + S

(k),0
i = 0. For

handover connections the rate matrix and the initial probability vector is changed analogously.

If the second admission control policy is applied, the rate matrix changes the same way as

for policy 1. If r(k)i denotes the highest transmission rate such thatr
(k)
i ≤ Ck,N − x the initial

probability vector changes as:

s
(k),N
i (x) =

∑

j: r
(k)
j >Ck,N−x

s
(k),N
j + s

(k),N
i , (3.18)

wheres(k),Nj means thejth element of the original initial probability vector.

The multiplier factor defined by (3.13) is calculated from the parameters of the service time

distribution. As we have seen, in blocking subspaces the system behaves as if the service time

distribution changed, it is straightforward to introduce to load dependent multiplier factor, that is

calculated from the changed service time distribution, namely

F (k),N(x) = −λN · αk · s
(k),N(x).(S(k)(x))−1. (3.19)
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To derive an approximate formula for investigating the system described above, we should

look at the work of Kaufman [103] and Roberts [104]. The problem they addressed is the cal-

culation of blocking probabilities on a shared channel (i.e. radio interface, high speed link),

without the calculation of the steady state distribution ofthe Markov chain modeling the shared

channel. Their model included several customer types, withdifferent but constant capacity re-

quirements, Poisson arrivals and arbitrary holding time distributions sharing a common channel.

This model is the multiclassM/G/m/m queue that has a product form steady state distribution

[102], in the form of (3.12). The basic idea introduced was a mapping of the system describing

Markov chain, from the multi-dimensional state space into aone-dimensional space, where the

total amount of occupied capacity is followed. Then a recursive solution is given, to calculate the

channel occupancy probabilities and this recursion uses the multiplier factors (Fi) that occur in

the product form solution. From these channel occupancy probabilities the blocking probabilities

and channel utilisation are easy to calculate.

The original Kaufman-Roberts recursive formula is applicable to systems having product

form stationary distributions as (3.12). The recusion is asfollows. Let p̃(m) = 0 for m < 0,

p̃(0) = 1 and

p̃(m) =
P
∑

i=1

ri
m
p̃(m− ri) · Fi, (3.20)

and the probability of havingm units of capacity occupied is obtained after normalisation,

namely:

p(m) =
p̃(m)
∑

j p̃(j)
. (3.21)

If we suppose a system with moderate load, this would mainly dwell in non-blocking sub-

spaces (arrivals and switching to any phase is allowed) and blocking parts will have low steady

state probability. In this case, the product form stationaryt distribution defined by (3.14) well

approximates the steady state distribution. On the other hand, the local balance equations can

be derived and are valid in the blocking subspaces, as it was described above. So the heuristic

idea of approximating the system is: treat the states of non-blocking subspaces with the multi-

plier factors derived and as if these were valid in all the state space, treat the states of blocking

subspaces with the multiplier factors derived from the changed service time distribution, as if it

were true in the whole state space.

Considering these, the main heuristic idea is to define a modified version of (3.20) recursive

formula. The modification considers the multiplier factorsappearing in (3.20). Namely I use the
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load dependent multiplier factors defined above. This meansthat when adding an element in the

recursion,Fi is not constant, rather its value for channel occupancy value 0 − ri is used. This

approach will not provide exact results, as this is based on product form approximations, but as

we describe it in Section 3.5 the results have reasonably small error.

Thus I introduce the modified version of Kaufman-Roberts formula, applicable for approx-

imating occupancy probabilities in the multiclassM/PH/C0 queue with phase dependent ca-

pacity requirements. The following formula is expressed with the parameters of the current

application in this thesis, namely the model of a mobile radio cell.

I define p̃(m) andp(m), the relative and the normalized probability of thatm amount of

capacity is occupied in equilibrium.̃p(m) is computed as̃p(m) = 0 for m < 0, p̃(0) = 1, and

for m > 0

p̃(m) =
∑K

k=1

∑

i p̃(m− r
(k)
i )

r
(k)
i

m
F

(k),N
i (m− r

(k)
i ) + p̃(m− r

(k)
i )

r
(k)
i

m
F

(k),H
i (m− r

(k)
i )

p(m) = p̃(m)
1

∑C0

m=0 p̃(m)
. (3.22)

This recursive formula, along with the definition of the multiplier factor (3.19) are the main

results of all the modelling work and queueing system definition. Using (3.19) and (3.22) allows

the determination of channel occupancy probabilities veryefficiently, despite the huge state space

of the model.

3.4.1 Performance parameters

Here I present the key session level performance indicatorsthat allow the characterisation of

the radio network. If the channel occupancy probabilities are given as (3.22), the performance

parameters of the system are calculated as follows.

The call blocking probability in case of applying policy 1 for a typek call initiated in the cell

is:

p
(k),N
B =

N
(k)
Q
∑

i=1

q
(k),N
i ·

C0
∑

m=Ck,N−c
(k)
i +1

p(m) . (3.23)

The same measure for handover calls is calculated analogously.

If we denote the minimum possible capacity requirement of a typek call with c
(k)
min, the call

blocking probability for a typek call initiated in the cell applying the second admission policy
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has the form of:

p̂
(k),N
B =

N
(k)
Q
∑

i=1

q
(k),N
i ·

C0
∑

m=Ck,N−c
(k)
min+1

p(m). (3.24)

The channel utilization is simply given as:

̺ =

C0
∑

m=0

m · p(m). (3.25)

3.5 Numerical results: Analysis of UMTS downlink channel

The analysis presented in this Section is accomplished in order to examine the performance

of 3G UMTS radio interface in the downlink direction, with the modelling framework and ap-

proximate analytical method proposed in the previous Sections. Results were compared to that

of simulations.

3.5.1 Overview of basic UMTS radio operation

In order to understand the assumptions applied here, a briefintroduction to the operation

of UMTS radio interface is presented in this Section. In downlink direction the UMTS uti-

lizes OVSF spreading codes to provide channels with different bitrates to different customers.

The time is divided into frames of10 ms length, each containing38400 complex chip symbols,

feeding a QPSK modulator. Because of the four level modulation two symbols are transmitted

during a chip period, resulting in the doubling of the effective chiprate and corresponding bi-

trates. For every user a spreading code of the Walsh-Hadamard codes (OVSF codes) is selected.

UMTS data is transmitted through dedicated physical channels, that are realized by means of a

selected Walsh-Hadamard codeword for the user (theoretically more codewords might be used

in parallel to define higher rate physical channels, but practical systems do not support this op-

eration, however the HSDPA extension fundamentally contains the use of more codes creating

a single high-speed channel). The complex spreading is effectively achieved by applying two

OVSF codes on the real and imaginary branches of the QPSK modulation. These codes can be

generated recursively using:

W 0 =
[

1
]
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C0,1={1}

C1,1={1,1} C1,2={1,-1}

C2,1={1,1,1,1} C2,2={1,1,-1,-1} C2,3={1,-1,1,-1} C2,4={1,-1,-1, 1}

C3,4={1,1,-1,-1,-1,-1,1,1}

C0,1={1}

C1,1={1,1} C1,2={1,-1}

C2,1={1,1,1,1} C2,2={1,1,-1,-1} C2,3={1,-1,1,-1} C2,4={1,-1,-1, 1}

C3,4={1,1,-1,-1,-1,-1,1,1}

Figure 3.5: Code tree and code assignments

and

W i =

[

W i−1 −W i−1

W i−1 W i−1

]

,

where each row of matrixW i contain a spreading code of length2i chips. The maximal code

length assigned to a user in UMTS downlink is512 chips (per bit), resulting in the transmission

of 2 ·75 bits per frame, i.e. a rate of15 kbps. The shortest applicable code is of length4, resulting

in the transmission of19200 bits per frame, namely a rate of1920 kbps. The set of assignable

codes are often represented using a code tree, where the nodes mean codes. The tree is generated

recursively similar to the code matrix: placingC0,1 = 1 code in the root, the descendant codes

of codej at leveli (Ci,j) – meaning one of the codes of length2i – areCi+1,2j−1 = {Ci,j;Ci,j} at

the left branch andCi+1,2j = {Ci,j;−Ci,j} at the right branch. This tree view has the advantage

of showing the so called code blocking phenomenon. Namely, not all Walsh-Hadamard codes

are orthogonal, but those that are not ancestors or descendants of each other. This means that

in any moment the codes allocated to users may not be arbitrary, but just orthogonal codes, to

assure separation of different users’ signals at the receiver. Figure 3.5 shows an example of code

tree with maximum code length16. As it is clear from the composition of codes, if we denote

the maximum theoretical bitrate (achieved by using length1 code, i.e. no spreading, only one

user is serviced at once) byR, then a code with length2i (codeCi,j) results in a bitrateR/2i.

At any moment the code allocation results in the total rate ofall customers being less thanR,

namely ifni connections use codewords of length2i, then
∑

i ni · R/2i ≤ R. But due to the

nonorthogonality of Walsh-Hadamard codes of different lengths a code allocation may happen,
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where the total rate of customers is low enough to admit one more customer with higher rate (i.e.

shorter code), but this cannot happen because of the lack of free orthogonal codes. In Figure 3.5

an example is shown, with the assigned codes denoted by dark nodes. Here the total occupied

rate isR · 13
16

, but no more connection with code length8 (rateR · 1
8
) can be admitted because

of code blocking. Thus code blocking is the phenomenon that arises when sufficient capacity is

available in a CDMA system, but connections with certain rates may not admit because of the

inefficient allocation of spreading codes. Returning to theexample of Figure 3.5, assigning to

one of the low rate users codeC4,3 orC4,15 instead ofC4,2 would free codeC3,1, allowing a new

connection with code length8 to enter the system.

It is clear that optimal allocation of codes can vanish code blockings, but this require the re-

arrangement of the code allocation scheme after a code is disengaged (transmission terminated).

Regarding the situation presented at Figure 3.5 it is clear that when codeC4,16 is disengaged,

then reallocatingC4,15 andC4,16 instead ofC4,2 andC4,4 makes two codes of length8 or one

code of length4 available. The problem of optimal assignment and rearrangement of codes was

addressed in several papers, e.g. [78], [105], [106], [107], [108].

In our numerical example we suppose that optimal channelisation code assignment and reas-

signment take place, therefore code blocking does not happen. As described here, the space of

orthogonal spreading codes can be viewed as the capacity of aUMTS carrier in a cell. However,

as it will be detailed in forthcoming sections of this dissertation, this is not the only dimension

of the capacity. In reality, the finite base station transmitpower is the bottleneck capacity of a

cell, due to interference caused by neighboring cells and self-interference that occurs in mul-

tipath environment, due to the loss of perfect orthogonality between OVSF codes. However,

for this particular set of results I consider only the code capacity of the system, interference is

not taken into account, therefore the following results aredealing with the theoretical maximum

performance of an UMTS carrier. Thus, these examinations consider the case when radio en-

vironment is ”friendly” (flat area, users dwelling mainly inthe Node B’s vicinity, no multipath

effect, abundant Node B power).

In practice in the UMTS downlink traffic channels and dedicated signalling channels are time-

multiplexed, meaning that each frame carries a number of traffic and some signalling bits. In the

following example we suppose that if a source requires a given transmission rate, that includes

the necessary signalling information as well, hence the capacity requirement of a transmission

is given by the necessary gross physical bitrate, containing signalling, channel coding and other

overheads. Moreover, in UMTS it is not allowed to exploit thetotal downlink capacity by user
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Figure 3.6: Capacity occupation in lightly loaded cell

traffic, since some codes should be preserved to create othersignalling channels. Here we neglect

this, so all the capacity can be used by traffic. But the effectof signalling channels can easily

be included in the proposed modelling framework, namely by setting the maximum amount of

capacity that connections of any class may occupy smaller than the total capacity.

3.5.2 Parameters used in the analysis and results

Here I present all the actual distributions, parameters andcustomer types that were used in the

analysis as well as numerical results of actual investigations. I examined a cell with the proposed

modelling framework. User mobility was described by residual dwell times and dwell times.

These were modelled to follow lognormal distributions as itwas suggested in [63]. Here I chose

lognormal distributions with means6.55 and8.84 minutes and variances18.6 and33.9 minutes

for residual dwell time and dwell time respectively. Mobility descriptors were the same for each

class and the distributions were approximated by properly chosen6 phase PH distributions.

I supposed three types of connections:

• The first type is speech, that lasts for exponentially distributed time with mean2 minutes

and generates traffic of exponentially distributed spurts of 15 kbps (corresponding to codes
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of length512) and exponentially distributed silence periods (no transmission), i.e. a clas-

sical ON-OFF model. In practice, the traditional AMR (Adaptive MultiRate) voice codec

of UMTS generates speech data at the rate of12.2 kbps maximum, requiring the use of64

kbps physical bitrate, and the constant occupation of a corresponding channelisation code

of length128. However, in this example I supposed VoIP transmission, with a low data rate

predictive voice codec with activity detection, hence the required low physical rate and the

simple ON-OFF structure.

• The next type is streaming video, with normally distributedduration, approximated by

a proper8 phase PH distribution for new connections, and a PH residualsession length

calculated by the method described in Chapter 4. Streaming video is supposed to generate

traffic at constant physical rate of240 kbps (meaning the spreading factor is32). This

bitrate corresponds to a low resolution and low frame-rate video transmission of96 kbps

and the attached16 kbps voice stream with channel coding.

• The third session type is interactive data session, that last for an exponentially distributed

time with mean15 minutes, generating480 kbps (code length16) bursts that last for a

Weibull distributed time with mean around0.5 second and OFF periods that are also

Weibull distributed with mean half minute (this kind of source model was suggested in

[92]), both Weibull distributions are approximated by14 phase PHs. The480 kbps physi-

cal bitrate corresponds to a144 kbps data bearer service, that has robust channel coding.

The analysis an UMTS downlink channel with such connection types was carried out by the

proposed approximate Kaufman-Roberts method and computersimulations. During simulations

the user descriptor times were simulated according to theirfitted PH distributions, therefore the

results contain the inaccuracy introduced by the product form approximation, not the PH fitting.

Moreover, in real life problems the adequate method of obtaining user describing distributions is

to fit a PH distribution according to measured or simulated data, namely other distributions that

appear in the literature are also risen as approximation of measurement data and the ability of

arbitrary PHs to approximate an unknown distribution is better than that of a special distribution

(e.g. Weibull, lognormal, etc.). The reason why we described the original supposed distributions

is to show that the presented framework is applicable for evaluating arbitrary scenarios.

In Figure 3.6 the channel occupancy probabilities of the UMTS downlink are plotted. In

this system the basic capacity unit is15 kbps (SF= 512 codes), therefore it is the unit of the

X axis. The total capacity is the theoretical maximum achievable by no coding, it is7680 kbps
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Figure 3.7: Capacity occupation in lightly loaded cell

in this case. It was supposed that each class new and handoverconnections may occupy all the

capacity and admission control policy 1 (immediate blocking) is applied. The system was lightly

loaded, resulting in a channel utilisation of32%. Simulations were run for50000 minutes of

system time, that resulted in approximately300000 arrivals. The system is lightly loaded, shown

by channel occupancy probability disappearing after5000 kbps. It is apparent, that the results

obtained by the approximate Kaufman-Roberts method and simulations are indistinguishables.

The special shape of the curve is due to the fact that multiples of 240 kbps occupancies have

the highest probabilities, as this is the rate of streaming video connections, as well as half of the

rate of interactive data bursts. To get a closer view, on Figure 3.7 a section of the previous curve

is plotted. The results obtained by the two methods are almost identical, as it was anticipated

in a lightly loaded system. A system with heavier load, resulting in a 72% utilisation is also

evaluated. Channel occupancy probabilities are presentedon Figure 3.8. The simulations were

run for17650 minutes of system time, resulting again in approximately300000 arrivals. We can

see that under heavier load conditions the approximate method works with less accuracy; we

anticipated this since the probability of blocking sub-spaces increased in this case. However,

this accuracy is still reasonable and results in just a slight difference in performance parameters.

It is apparent in Figures 3.6-3.8 that the channel occupancyprobabilities are plotted with solid
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Figure 3.8: Capacity occupation in loaded cell

curves, despite the discrete possible values of total occupied capacity. The solid plot was chosen

for better visibility purposes. The plots are created using15 kbps granularity of the capacity axis

(because this is the smallest unit the occupied capacity maychange with). Thus, the reason of

zero occupancy probabilities is that especially in lightlyloaded cases the probability of occupying

that amount of capacity is close to zero. Naturally, Figure 3.8 showed an example when load is

heavier, here occupancy probabilities do not reach zero (for capacity values shown in the Figure).

To get a deeper insight of the accuracy of the approximate method we created Figure 3.9,

where the deviation of the approximate results from that of simulation is plotted as the system

load increases. At the original configuration (Figure 3.6) the incoming rate of all classes were1

per minute. As accuracy measure, the left side of Figure 3.9 plots the sum of the absolute values

of the differences of channel occupancy probabilities calculated by the two methods, i.e. the

measure of accuracy ism =
∑

i |psim(i)− pK−R(i)|, wherepsim(i) is the probability of havingi

amount of capacity occupied, obtained by simulation andpK−R(i) is the same quantity calculated

by the approximate method. Note that this accuracy measure is simply the sum of the deviation of

the results. The accuracy measure is plotted as the rate of new and handover data sessions grow

while the rate of other connections remains the same, similarly accuracy is plotted as the rate
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Figure 3.9: Accuracy of the approximation

of streaming video connections increase, while all others do not change. The case of applying

admission control policy 2 (i.e. rate reduction) on interactive data sessions (both handover and

newly initiated) is also plotted. On the X axis the incoming rate of both handover and new

connections is represented in all cases, so the arrival ratewas increased from1 to 7 arrivals

per minute. The results show, that the sum of deviations of occupancy probabilities are around

0.15 under the highest load conditions, knowing that this resultrises from summing up513

differences indicates the accuracy of the approximate algorithm. The right hand side of Figure

3.9 plots the average value of the relative absolute differences, that ism = 1
I

∑

i
|psim(i)−pK−R(i)|

psim(i)
,

whereI denotes the total number of possible occupancy values (513 in the particular examples).

As it is apparent, when the load is increased by means of the constant bitrate streaming video

connections, the average relative accuracy stays around0.04−0.05, because in this case the state

space would rather dominated by the fixed rate connections, making it similar to a product form

space. On the other hand, when the ON-OFF type data traffic generates the load, the average

deviation of the results increase, as it was anticipated. However, for very high loads this measure

is still around0.1.

Figure 3.10 shows the utilisation of the downlink UMTS channel as system load increases.

The values obtained when streaming load is increased are practically the same for the approxi-

mate method and simulations, either policy 1 or policy 2 is applied on interactive data. This is

because the state space is governed by the arrival of constant rate streaming connections, making
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Figure 3.10: Utilisation of the channel (left) and accuracyof approximation (right)

the problem similar to a product form one. Thus for this case only the result of the immediate

blocking policy is plotted. In the case when the rate of data sessions is increased, the results are

slightly different for the two policies and depend on the means of calculation (i.e. simulation

or the approximate method). The right plot in Figure 3.10 shows the relative difference of the

utilisations, calculated by the proposed approximation and simulation. Formally, what is plotted

is the amount|Usim−UK−R|

UK−R
, whereUsim is the utilisation value gained by means of simulations,

whereasUK−R is the utilisation obtained based on the proposed Kaufman-Roberts based approx-

imation. Apparently the difference is practically zero when streaming load is increasing, but in

case of high data loads the utilisation values differ by lessthan3 percent.

Figure 3.11 gives insight of the performance parameters of the UMTS downlink channel with

the described connection types. Both cases of increasing handoff and new connection arrival rates

of either streaming video or interactive data sessions is examined. The former case is plotted on

the graphs at the top of Figure 3.11, while the latter is at thebottom. Regarding the blocking

performance of streaming connections, we may conclude thatsince no capacity reservation was

applied, the blocking probabilities of handoff and newly initiated sessions are equal.

The effect of applying admission policy 2 on interactive data connections is also evaluated.

Regarding data sessions, the blocking probabilities of newand handover connections are differ-

ent, since according to the applied model a new session always begins with an ON burst, while

for handoff connections the burst process is supposed to have reached equilibrium until the in-
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(b) Blocking probability of streaming video
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(c) Blocking probability of interactive data
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(d) Blocking probability of interactive data

Figure 3.11: Blocking probability of streaming (top) and data (bottom) connections

stant of handoff, thus the connection is in OFF state with higher probability so it is not blocked.

In this case the application of policy 2 on data sources is notevaluated, since according to the

definition of the policy this would result always in zero blocking.

One may observe the following: if the system is loaded by increasing the streaming video

traffic, the approximate method gives very good results evenunder extremely heavy loads. This

is because in this case the majority of the capacity is occupied by the constant rate streaming

connections and the state transitions are mainly determined by the arrival and leaving rates of

these. So we intuitively feel that in this case the approximating the system with a product form

solution is more accurate, since having only constant rate applications would result in a product

form solution, thus the modified Kaufman-Roberts method would provide exact results.
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(a) Relative error of streaming blocking probabilities
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(b) Relative error of data blocking probabilities
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(c) Absolute error of streaming blocking probabilities
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Figure 3.12: Relative (top) and absolute (bottom) error of the approximation in blocking proba-

bilities of streaming (left) and data (right) connections

More inaccuracy is introduced when the volume of data trafficcauses the cell to be heavily

loaded, since in this case the state space is mainly ruled by the transitions of the general ON-

OFF traffic. Since the system dwells in states near the borderof the state space with higher

probability, the product form approximation becomes less accurate. But we may conclude, that in

a reasonable network the blocking probability of a streaming video connection should not exceed

0.02, data connections may acceptably be blocked with a bit higher probability, say around0.04

and under load conditions resulting in these blocking measures the approximation still provides

acceptable accuracy.

In the top of Figure 3.12 the relative error of the blocking probabilities calculated by the

approximation and simulations is shown (again, this is the absolute value of the difference be-
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tween the blocking probabilities obtained by simulations and the approximation, divided by the

result of simulation). The left hand side shows this relative error for the blocking probabilities

of streaming, whereas the right hand side for data connections. We might observe quite high

values approaching70 percent, contraintuitively for the case of lower loads. Thereason of this

is the following. For very light loads, the value of blockingprobability is close to zero. In this

case a minor deviance, in absolute value, will result to be high as relative value. As example, if

the simulation results in0.0001 and the approximation in0.0002, the relative error is100 per-

cent, however the difference in actual values is negligible. Therefore we might conclude, that the

relative deviations in terms of blocking probabilities might not be as informative.

For this reason, the bottom of Figure 3.12 shows the absoluteerrors in the blocking probabil-

ities. One might observe, that the absolute error can be as high as0.02 − 0.05 for higher loads,

that might seem unacceptably high, as this is the allowed range for blocking probabilities in a

real network. However, comparing this to the blocking probabilities itself shown in Figure 3.11,

we can conclude that this high inaccuracy occurs only when the system is so overloaded, that

blocking probability well exceeds0.1, meaning that presumably no system would be designed to

operate under such heavy traffic circumstances. As conclusion, under realistic traffic loads the

proposed approximation gives very good results.

{
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Chapter 4

Calculating the residual session length

distribution

In Chapter 2 the meaning of residual session length or residual connection holding time was

introduced. It is not straightforward to determine the distribution of this time. Hence this Chapter

is devoted to the investigation of the residual session length distribution of connections attaching

to a particular base station via handover. To calculate this, the distribution of the session length,

the dwell time and the residual dwell time is needed, along with topological information on

the cells of the area surrounding a particular examined basestation. If the residual connection

holding time distribution is derived, the blocking performance and utilization of the cell can

be calculated, for instance by the method we described in theprevious Chapter. The problem

analysed in this Chapter is very weakly covered in the literature. Among publications of the

recent years [109] could be seen as dealing with the similar problem, but with covering a much

narrower scope.

It has to be noted that for practical usability purposes (in terms of using the modelling frame-

work described in previous Chapters) the residuall sessionlength distribution might be approx-

imated with a simpler distribution, having the same mean andvariance as of the actual residual

session length, as would not greatly influence the system level performance results achieved

by the model. However, in order to sketch the modelling framework in full details, we see

the determination of the actual distribution of the residual connection duration as an interesting

meaningful problem, that actually can be solved.
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4.1 Modelling assumptions

In this Section I present the cellular network in which the following calculations targetting

the resudual session length distribution are carried out.

The aim is to determine the residual session length distribution of handover customers arriv-

ing to a particular base station in a cellular system. The cellular structure is supposed to have

the following properties. It consist of several homogeneous cells, meaning that the dwell time

and residual dwell time distributions are identical in all cells of the examined area. This propo-

sition models the case when the network covers an area with mostly identical or similar radio

environments and with base stations transmitting with equal powers, hence the cell sizes are

equal, moreover the users’ mobility patterns and speeds areidentical from the resulting dwell

time point of view. However, the generalisation of the following calculation with different dwell

time distributions is possible.

Naturally, the dwell time depends on not only the cells but the type of users roaming through-

out the region (e.g. pedestrians, slow vehicles, fast vehicles, etc.). In case of several customer

types in terms of mobility, the following analysis should becarried out for each type indepen-

dently, since we propose that a customer does not change its mobility class during a connection.

The following paragraphs suppose a single session length distribution as well, although this

parameter may also depend on the connection class. Assumingthat the connection type of a cus-

tomer does not change during transmission, the presented calculation should again be performed

for all classes independently.

We suppose that for a given mobility and connection class there is a maximum number ofI,

so that the probability that a customer performs more thanI handovers is negligible. Therefore

the residual session length is influenced only by those cellsthat can be reached by less thanI+1

handovers from the examined cell. There is no restriction onthe shape and nearness of the cells.

The mobility of the users was described by the dwell times within a cell, but for the final

goal the movement between cells must also be characterized.We assume that while roaming,

a mobile enters celll after leaving cellk with probabilityΠkl, regardless of its previous route

among cells. These values are collected in routing matrixΠ. Obviously those entries of this

matrix that correspond to not neighboring cells is0.

One more parameter is needed, that is the distribution of connection initiation among cells.

Namely, a probability vectorB is given to describe session initiation density in the region, with

Bi meaning the probability that if a new session is initiated inthe area that happens in celli.
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Customers of a particular mobility and connection class arecharacterized by their session

length distribution. Its distribution function and probability density function is denoted byF (x)

andf(x) respectively, the same descriptors of the dwell times and residual dwell times areG(x),

g(x), GR(x) andgR(x).

4.2 Calculating the Residual Session Length

This Section presents the calculation method for the residual session length distribution, for

general distributions and for phase type distributions as well.

4.2.1 General Distributions

Let us consider the event that a mobile customer attaches to the examined base station after

completing itsith handover. This means that a residual dwell time plusi − 1 dwell times have

elapsed after the instant of connection initiation. Let this time be denoted byτ (i) and its density

function byg(i)(x). In this case the residual session length isτ
(i)
S,R = τS − τ (i), whereτS is the

session length andτ (i)S,R is the residual session length conditioned on the case when the connection

arrives after theith handover. First, we are interested in the distribution function ofτ (i)S,R, that is

F
(i)
R (t) = Pr(τ

(i)
S,R < t) = Pr(τS − τ (i) < t|τS > τ (i)) =

Pr(τ (i) < τS < t + τ (i))

Pr(τS > τ (i))
. (4.1)

After the expression of probabilities in (4.1), we arrive tothe distribution function of the

residual session length supposing that the connection arrives via itsith handover is

F
(i)
R (t) =

∫∞

0
(F (t+ x)− F (x))g(i)(x)dx
∫∞

0
(1− F (x))g(i)(x)dx

. (4.2)

The next goal is to derive the probability of the event that anincoming handover is theith cell

change of the connection. If this quantity denoted byp(i) is given, then the resultant residual

session length has the distribution function of

FR(t) =
I
∑

i=1

p(i) · F
(i)
R (t). (4.3)

Assuming general dwell time distributions one may have two options to calculateg(i)(x) of

equation (4.2). One is to perform multiple convolutions of the pdfs of the residual dwell time
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andi− 1 dwell times, i.e.

g(i)(x) = gR(x) ∗ g(x) ∗ ... ∗ g(x). (4.4)

The other option is to determine the Laplace transforms of the pdfs of residual dwell times

and dwell times (denoted byGR(s) andG(s) respectively), multiply them and inverse Laplace

transform the result:

g(i)(x) = L−1
{

GR(s) ·G(s)i−1
}

. (4.5)

In most cases both approaches and therefore the calculationof (4.2) can only be performed nu-

merically, thus allF (i)
R (t)-s of (4.3) will be available as series of numerical data. Nevertheless

one would need the distribution function in analytical formto perform further system analysis.

The solution may be to fit some distribution to the resultant numerical data and use this. More-

over, convolutions and numerical Laplace transforms are rather time consuming tasks, requiring

huge amount of computational capacity.

4.2.2 Phase Type Models

By applying the family of Phase Type distributions as modelsof the dwell time and session

length distribution, we may overcome some drawbacks of the previous calculations and the dis-

tribution function of the residual session length will be available in analytical form and ready to

use in analytical system models.

Let us denote the parameters of the PH distributed session length byl,L andL0. Substituting

the distribution function from (2.7) with these parametersinto (4.2) we get:

F
(i)
R (t) =

∫∞

0
l · eLx · h · g(i)(x)dx−

∫∞

0
leL(t+x) · h · g(i)(x)dx

∫∞

0
l · eLx · h · g(i)(x)dx

=

1−

∫∞

0
l · eLx · g(i)(x)dx · eLt · h
∫∞

0
l · eLx · h · g(i)(x)dx

.

(4.6)

By comparing this with the distribution function of the PH (2.7) we may observe that the resultant

distribution is also PH, with the same phase structure as theoriginal session length has, only

its initial probability vector changes. If we denote the initial probability vector of the residual

session length distribution of a connection given that it arrived after itsith handover byl(i)R we

get

l
(i)
R =

∫∞

0
l · eLx · g(i)(x)dx

∫∞

0
l · eLx · h · g(i)(x)dx

. (4.7)
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Figure 4.1: Composition of sum of PH distributions

It straightly follows, that in this case the resultant residual session length differs from the con-

nection lifetime only by means of its initial probability vector, and instead of (4.3) one has to

calculate

lR =

I
∑

i=1

p(i) · l
(i)
R , (4.8)

where againp(i) denotes the probability that a customer arrives after itsith handover. Now we

see that after performing these calculations the PH residual session length is known in analytical

form, with parameterslR, L andL0.

Modelling the dwell time and residual dwell time by PH distributions also makes the calcu-

lation of g(i)(x) of (4.2) easier. Namely, the sum of two PH distributions is also PH and can be

composed as follows: the absorbing state of the first PH distribution is replaced by the phases of

the one we want to add. From each phasei of the first PH into each phasej of the added PH the

transmission rate isD0
i · dj. Figure 4.1 represents an example of adding two identical PHs with

3 phases. We denote the parameters of the PH distributed dwell time byd, D andD0, that of the

residual dwell time bydR, DR andD0
R, hence the former denotion in the Figure. Considering

this method of adding up PH distributions, the sum of a residual dwell time andi−1 dwell times

(that has the density functiong(i)(x)) is also PH distributed. Let us denote the number of phases

of the dwell time byND, that of the residual dwell time byND,R, then the summed distribution

obviously hasND,R + (i − 1)ND phases. The initial probability vector of this distribution is

d(i) = [dR 0], where0 is a row vector containing(i − 1)ND zeros, its rate matrixD(i) is a
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hypermatrix with the following structure:

D(i) =



















DR D0
R · d 0 0 ... 0

0 D D0 · d 0 ... 0

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

0 0 ... 0 D D0 · d

0 0 ... 0 0 D



















.

The column vector containing the rates into the absorbing state of this summed PH hasND,R +

(i − 2)ND zeros and the elements ofD0 at the lastND entries. When calculating (4.2),g(i)(x)

has the form of (2.7) with these parameters.

4.2.3 Determining handover probabilities

To calculate the quantityp(i) of (4.3) and (4.8) we have to consider how a user can arrive

to the examined cell (without the loss of generality this cell is denoted by number1 from now

on) after having initiatedi handovers. Let us denote the minimum number of handovers that

is necessary to reach celll from cell k by H(k, l), this can be viewed as the distance of cellk

and celll. It is clear that only those customers may arrive to the examined cell1 after theith

handover that initiated their connections in cellk so thatH(k, 1) ≤ i. The series of cell numbers

a customer follows during its roaming to cell1 is referred in this document as a route. A route of

lengthi (i handovers) from cellk to cell 1 is stored in a vector of lengthi+ 1 and is denoted by

r(i)(k). For instance, a route of length5 from cell 4 to cell 1 may ber(5)(4) = [4, 3, 2, 5, 2, 1] as

it is depicted in Figure 4.2. Obviously follows from the previously described mobility model of

customers that a particular cell may appear several times ina route, moreover the target cell may

appear in the route not only at the last position. The probability that a mobile follows a route is

the product of the corresponding elements of the routing matrix Π described above:

Pr(r(i)(k)) =
i
∏

j=1

Π
r
(i)
j

(k)r
(i)
j+1(k)

. (4.9)

Using these network information, we are interested in the probability that when a handover

connection arrives to cell1, it was the connection’sith cell change, this quantity was previously

denoted asp(i). To determine this, we should note that since this system described is ergodic,

thus:

p(i) =
N

(i)
HO

NHO

, (4.10)
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Figure 4.2: An 5 handover route to cell 1

whereN (i)
HO denote the number of connections that arrive to the reference cell after theith han-

dover andNHO is the total number of handover connections. Let us follow what happens if a

large number ofN connections are initiated in the system. It is clear thatN · Bk · Pr(τS > τ (i))

of them will be initiated in cellk and last long enough to initiate at leasti handovers (the last

term in this product is the probability that the session duration is longer than the sum of a residual

dwell time andi − 1 dwell times). To determine the number of those, that arrive to the refer-

ence cell from cellk following any route of lengthi (denoted byNk,i), this expression should be

multiplied by the sum of probabilities of all lengthi routes from cellk to 1. That is:

Nk,i = N · Bk · Pr(τS > τ (i)) ·
∑

all r(i)(k)

Pr(r(i)(k)) (4.11)

As last step, these quantities should be summed up for all possible cellsk, namely those cells

that are closer than distancei to the reference cell:

N
(i)
HO = N ·

∑

k:H(k,1)≤i

Bk · Pr(τS > τ (i)) ·
∑

all r(i)(k)

Pr(r(i)(k)) = N · p̂(i), (4.12)

wherep̂(i) is the simple denotion of the fraction of connections that weare interested in. The

total number of handover connections will be simply the sum of (4.12) for all possibleis, namely

as we supposed that initiating more thanI handovers has negligible probability, the sum is for

all i ≤ I:

NHO = N ·

I
∑

i=1

∑

k:H(k,1)≤i

Bk · Pr(τS > τ (i)) ·
∑

all r(i)(k)

Pr(r(i)(k)) = N ·

I
∑

i=1

p̂(i) (4.13)
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As consequence, the probability in question is:

p(i) =
N

(i)
HO

NHO
=

∑

k:H(k,1)≤iBk · Pr(τS > τ (i)) ·
∑

all r(i)(k) Pr(r(i)(k))
∑I

j=1

∑

k:H(k,1)≤j Bk · Pr(τS > τ (j)) ·
∑

all r(j)(k) Pr(r(j)(k))
=

p̂(i)
∑I

j=1 p̂
(j)

.

(4.14)

To calculate this, along with network topological and mobility description parameters we

need:

Pr(τS > τ (i)) =

∫ ∞

0

(1− F (x))g(i)(x)dx, (4.15)

that is calculated using the results of the previous section. Now given every necessary expres-

sions, the residual session length is calculated accordingto (4.3) or (4.8).

4.3 Special scenarios

Before showing some calculated residual session length distributions, I investigate two spe-

cial network layouts.

4.3.1 Motorway model

The first is a linear series of radio cells. This layout is the model of the part of a radio network

that is covering a motorway. Customers are moving in either direction, but do not change their

heading during movement. This means that from each cellk there is only one route to cell1

and that is of lengthH(k, 1). We suppose that mobiles initiate new connections evenly ineach

cell, that isBk = 1
2I+1

= B. We assume that the traffic is not balanced, namely mass movement

of mobiles may point to one of the two possible directions. For us this means that a customer

that initiates new connection travels in one direction withprobabilityP0. In this case (4.12)

gets a much simpler form, since a user may arrive to cell1 after i handover only if it initiated

its connection in either of the two cells that are exactly in distancei from cell 1 and the route

probability is simplyP0 or 1− P0. Thusp̂(i) from (4.12) has the form:

p̂(i) = B · P0 · Pr(τS > τ (i)) +B · (1− P0) · Pr(τS > τ (i)) = B · Pr(τS > τ (i)) (4.16)

for everyi ≤ I. Substituting this into (4.14) we get:

p(i) =
Pr(τS > τ (i))

∑I
j=1 Pr(τS > τ (j))

. (4.17)
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4.3.2 Homogeneous hexagonal layout

The other investigated scenario is an area covered by homogeneous hexagonal cells. This

means that new connections are evenly distributed in the area, soBk = B for every cell. In terms

of mobility, the homogeneity means that from each cell the mobile might move to any other of

the six neighbors with equal probability, that isΠkl =
1
6

for each neighboring cellsk andl.

In this case all routes of lengthi have probability
(

1
6

)i
. When calculating (4.12) the total

number of all the routes of lengthi starting from the cellsk and ending at cell1 is needed.

Clearly, these routes might begin in a cellk that is within thei distance vicinity of cell1 (i.e.

H(k, 1) ≤ i). To determine the number of these, a simple change of directions help. Namely

the set of such routes is the same as the set of all routes of length i that are initiatedfrom cell 1.

Since in all steps6 possible destinations are available, the total number of such routes is6i, each

with route probability of
(

1
6

)i
.

Therefore (4.12) gets the simple form of

p̂(i) = B·Pr(τS > τ (i))·
∑

k:H(k,1)≤i

∑

all r(i)(k)

Pr(r(i)(k)) = B·Pr(τS > τ (i))·6i
(

1

6

)i

= B·Pr(τS > τ (i)).

(4.18)

Substituting this into (4.14), we arrive to 4.17 that is we have the same result as with the motor-

way model case! We may conclude that in this two unique scenarios the residual session length

distribution is equal and is affected by the customer describing times only, because of the special

cellular topologies.

4.4 Numerical results

The method was tested in an environment containing standardhexagonal cells that were

homogeneous in terms of the dwell time and residual dwell time distribution of users roaming

in any of the cells. The residual dwell times and dwell times were modeled to follow lognormal

distributions as it was suggested in [63]. Here we chose lognormal distributions with means6.55

and8.84 minutes and variances18.6 and33.9 minutes for residual dwell time and dwell time

respectively. The connection holding time was supposed to follow normal distribution with mean

7 variance2 minutes. In this example this was supposed to model length ofshort streaming video

connections, e.g. trailers, video clips or commercials. With these parameters the probability of

initiating more than five handovers (i.e. the probability ofa random normally distributed variable
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being greater than the sum of five lognormally distributed variables with the above parameters)

was negligible. For this reason the area under investigation contained91 cells (cell 1 in the

middle and surrounding cells not further than5). The routing probabilities among cells (Πkl),

as well as the connection initiation probabilities in cells(Bk) were chosen randomly, but strictly

not uniformly. The resultant routing matrix(Π) was used as the connectivity matrix of the

graph description of the area, with the nodes representing the cells and the edges representing

the borders of neighboring cells. An auxiliary algorithm was applied to find all the routes to the

given cell with length less than six, and their probabilities.

The distribution of the residual of the normally distributed connections was computed in

this scenario. The results on one hand were obtained by calculating g(i)(x) of equation (4.2) as

multiple convolutions. On the other hand6-phase PH distributions were fitted to the original

lognormal dwell time distributions and a8-phase PH to the normal session length, with the

EM algorithm [44]. The pdfs of the original and fitted distributions are plotted in Figure 4.3.

It is visible, that the PH fitting of the lognormal distribution resulted in a pdf that is hardly

distinguishable from the original one, while the normal distribution was not approximated very

closely by the8 phase PH. The latter approximation naturally could be improved by fitting PH

with more phases, or letting the EM algorithm to run for longer time. However, for demonstrating

the validity of the calculation this approximation accuracy was enough and resulted in just slight

degradation in the accuracy of the derived residual sessionlength distribution, as it is shown

in subsequent paragraphs. Figure 4.4 plots the probabilitydensity function of the residual

session length in the described example system. Besides thegraph obtained by the convolutional

method, the effect of utilizing easier summation of PH random variables is also visible. The

curve labelled by “PH fitting all” plots the density functionof the residual session length if all

the three descriptor distributions were replaced by a fittedPH, as mentioned above and the result

was calculated according to (4.7) and (4.8). The curve labelled “PH fitting dwell” presents the

result of the approach when only dwell times were approximated by PH (to avoid time consuming

numerical convolutions) and the session length was taken into account with its original pdf. The

Figure presents probability density function, while the method described in Chapter 4 computes

cumulative distribution function. Naturally, the latter was computed, than the pdf was calculated

by numerical derivation. It is apparent that both PH fitting approaches result in a pdf that slightly

differs from that of obtained by convolutions, especially around time zero. As it was intuitively

anticipated, substituting all three descriptor distributions with fitted PHs resulted in the most

inaccurate result, because of the inaccuracy introduced byPH fitting. However, with this method
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Figure 4.3: Results of PH fitting

the time consuming numerical convolutions are avoided, moreover, the resultant residual session

length pdf is available in analytical form, thus useful for further analysis, while the other methods

result in only series of numerical data. The Figure containsthe experimental pdf of the residual

session length, obtained by running a simulator of the described system as well. This curve

was generated during simulating the motion and session lengths of customers in the area and

after recording the remaining connection holding time of50000 handover connections into the

examined cell.

The cumulative distribution functions obtained by the fourapproaches are also depicted in

Figure 4.5. In this graph the slight differences are less apparent, and the cdf obtained by simula-

tion is practically equal to the one obtained by the “PH fitting dwell” approach.

70



0 2 4 6 8 10 12 14 16 18
0

0.05

0.1

0.15

0.2

0.25

time

de
ns

ity
simulation
convolution
PH fitting all
PH fitting dwell
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Chapter 5

Capacity and performance of 3G systems

In this Chapter I focus on the capacity issues of the 3G radio interface. The radio access

technology of the UMTS (Universal Mobile Telephone System)is based on a spread–spectrum

method, namely WCDMA (Wideband Code Division Multiple Access). Due to the inherent

properties of CDMA access, users cause interference to eachother when transmitting, or being

transmitted to. This results in the phenomenon, that the capacity of the radio interface, the

radio coverage and carried traffic are strongly coupled and depend on each other. The previous

investigations of this Thesis were focused on the case when the capacity of the radio interface

is given. This Chapter rather focuses on taking into accountthe effect of interference, hence

examining the effective capacity of 3G systems, but the method can be directly generalised to

any other CDMA system. Besides Release ’99 UMTS radio interface, the HSDPA (High Speed

Downlink Packet Access), defined in Release 6 of the 3G standards family is also examined.

5.1 3G radio interface

In Section 3.5.1 the basic operation of UMTS radio interface(in terms of usage of OVSF

codes for defining physical carriers) was described. Here I investigate more on the properties

of the radio interface and HSDPA extension, for the sake of better description of the issues

investigated in this Chapter.

As mentioned earlier, in downlink direction the physical traffic channels of different users

are separated by giving different orthogonal codes to each channel. Since these are orthogonal,

theoretically the transmission to other users does not cause interference at the receiver. However,

due to multipath propagation of radio signals, reflected components with different delays and
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different attenuations are added to the main component at the receiver. Since OVSF codes are

orthogonal only if all codes are chip-synchronous, the reflected signals lose orthogonality at the

receiver, effectively causing interference. The result ofthis multipath effect is that each user’s

signal cause interference to each other user in the cell, moreover the pilot and control channels,

as well as the reflected components of a given user’s own useful signal cause interference. This

happens even if rake receiver is applied (used to mitigate inter symbol interference). This ef-

fect is usually taken into account by means of the orthogonality factor (OF)ρ. In the literature

the supposed values ofρ are between0.5 and0.9, accounting for bad multipath conditions (0 or-

thogonality would mean the complete loss of orthogonality)to good channel (OF1 means perfect

orthogonality, no multipath effect, no intra-cell interference). It is intuitively not surprising, that

in practice the orthogonality factor is not constant, but rather time variant and also depends on

the receiver’s distance from the base station (the greater the distance, the more serious multipath

effect may occur, causing the OF to decrease as function of the distance from the base station).

Thus the determination of the orthogonality factor itself is addressed in the literature quite often

[110][111][112][113]. In [111] the authors revealed that the median of the orthogonality factor

decays with the distance according to the following simple function:

ρ(r) =
1

1 + β · r
, (5.1)

where the distancer from the base station is expressed in kilometers andβ = 2.9 value was

suggested in the paper. Later in this dissertation I use thisexpression to describe the distance-

dependency of the orthogonality factor.

It is easy to see that the OVSF spreading codes (channelisation codes) are not enough for

UMTS operation. As the OVSF codes are not orthogonal if different signals do not arrive to the

receiver synchronously and uplink transmission of UMTS is not synchronised among the users,

OVSF codes are inherently not capable of differentiating the uplink channels of different users.

Hence, another type of codes, the so-called scrambling codes are also used to separate signals of

different terminals in uplink direction. These are fractions of long pseudorandom codes, having

good orthogonality (cross-correlation) properties. Withsuch a second coding of the signal (that

does not spread the signal spectrum anymore, it’s chiprate is the same 3.84 Mcps as that of the

channelisation codes) in uplink all other terminals’ signal cause interference to a particular user,

with an effective interference power reduced by the processing gain, or spreading factor of the

transmission applied for the user. The OVSF codes are used tocreate different physical channels

(signalling and data channels) of a terminal. In downlink, the same quasi-orthogonal scrambling
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codes are also used, but the role is to differentiate the signal of cells (sectors) that use the same

carrier frequency. This means that unlike in 2G, in 3G the same carrier frequencies might be

used in neighboring cells, and the cells are identified by different scrambling codes. Naturally

this cause the level of interference to increase: each neighboring cell’s (supposing that they use

the same carrier frequency) total transmit power adds up to the total interference of a user. It

is easy to see, that in both uplink and downlink, users and cells are coupled by means of the

interference caused to one another: if power is increased tomitigate interference, this will force

the neighbors to increase their powers. Thus, the maximum output power of the base station in

downlink, and the maximum power level of users in the uplink are the limiting factors of system

capacity.

In both uplink and downlink direction power control is present, to avoid unnecessarily high

transmitted powers and therefore unfair access to the radiochannel due to the near-far problem

and to mitigate the effect of fast fading on the channel. Power control ensures that the transmitted

powers are enough to maintain the necessary signal to interference ratio (SIR) for each user.

Fast power control is performed in every0.667 ms, that is in every UMTS slots. In downlink

direction this means that prior to modulation each users’ symbols are multiplied by a factor that

results in the difference of the transmitted power targeting the given user. This means that in

downlink, the total output power of the base station has to accommodate not only the power

requirement of different dedicated traffic channels, but this power adjustment on each channel

as well. Moreover, the output contains the power of pilot andcontrol channels and that of the

extra dedicated channels of soft-handover connections. Furthermore, if HSDPA is deployed, the

shared channel carrying HSDPA traffic also requires transmission power.

As a conclusion, it is apparent that the RNC (Radio Network Controller) device of the UMTS

system performs the distribution of radio resources along three dimensions. One dimension is

the number of channelisation codes, allocated in discrete quantities. The other dimension of the

radio capacity, the transmit time is also discrete, as the transmission time is usually allocated in

10 ms frames (or multiples,20 ms,30 ms). The third dimension is the transmission power, that

can be viewed as a continuous resource.

5.1.1 HSDPA operation

Release 6 of 3GPP standards introduced the new HSDPA (High Speed Downlink Packet Ac-

cess) services. The goal was to increase the download rate ofUMTS (theoretical maximum of
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1920 kbps using one channelisation code, in practice typically384 kbps) with almost an order of

magnitude, to the theoretical maximum of14.4 Mbps. The theoretical maximum term refers to

the fact that the transmission rates cited here are the highest achievable bitrates of the physical

layer. The motivation was that currently widespread applications generate bigger mass of down-

link transmission than uplink. Latter in Release 7 the high-peed uplink extension of the standard,

the HSUPA (High Speed Uplink Packet Access) was also defined.

The main features of HSDPA compared to Release’99 are the following. Transmission is ac-

complished on a shared channel (High-Speed Downlink SharedChannel, HS-DSCH), in contrast

with the dedicated channel approach of Release ’99 UMTS (although a shared transport channel

is also part of the original standard). On HS-DSCH the lengthof channelisation codes is fixed

to 16. Multiple channelization codes can be clamped together to create a single transport chan-

nel, namely a single transmission uses these codes parallely, in order to multiply the achievable

throughput. The maximum number of parallel codes is5, 10 or 15, depending on terminal and

base station capabilities. Code multiplexing might be optionally present, meaning that within

a transmission interval more users are served parallely, using different subsets of the available

channelisation codes.

The channel is distributed among users in2 ms frames (3 UMTS slots). The scheduler is

placed into the base station, in order to reduce round trip time compared to original UMTS

standard, where the scheduler sits at the RNC. The schedulerdecides which user gets the next

2 ms time frame and chooses an appropriate transport format and send a frame on the shared

channel. The transport format is described in terms of the number of parallel spreading codes

used, the channel coding and the modulation. Hence, for a given transport format, the number

of useful payload bits is determined. In case of HSDPA, the use of 16 QAM modulation is also

allowed, resulting in the doubling of possible physical layer bitrates.

Considering the explanation of Section 3.5.1, we may conclude that a HSDPA channelisation

code of length16 provides480 kbps physical bitrate. As HSDPA allows the concatenation of

maximum15 such codes and16 QAM modulation, hence the30 fold highest physical rate of

14400 kbps mentioned earlier in this Section.

Changing modulation, coding and number of channelisation codes is the channel adaptation

mechanism of HSDPA. This approach is used in contrast to fastpower control, to comply trans-

mission with changing channel and interference characteristics. Channel adaptation is based

on the user terminals’ constant report of the channel quality. There are separate uplink control

channels, where users send their experienced CQI (Channel Quality Indicator) based on their
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Figure 5.1: Resource sharing between UMTS and HSDPA

measurements on the common pilot channel. A given CQI value and the terminal capabilities

determine the transport format the base station should sendwith. According to the standard, the

reported CQI and corresponding transport format must enable the user to receive and decode the

HSDPA frame with frame loss probability less then0.1. The values of CQI may vary between

0 and30, ranging from very bad channel with no chance of transmission to very high signal to

interference ratio, allowing the transmission of least robust (thus highest useful bitrate) formats

with maximum number of parallel codes.

In order to achieve the highest spectrum utilisation, HSDPAcan operate together with con-

ventional UMTS services on the same carrier frequency. In this case the HS-DSCH channel gets

the power that is remaining after satisfying all UMTS dedicated channels and the remaining free

spreading codes of length16. Thus HSDPA operates on the remaining resources left unusedby

UMTS. Figure 5.1 shows this basic resource sharing policy. Analogous idea is present in 2G

networks: GPRS service may use the time slots left vacant by the GSM services. As in case of

2G, where time slots might be permanently allocated for GPRStraffic only, it is possible that the

operator pre-configures some resources (power, SF16 codes) for only HSDPA use, in order to

maintain a minimal HSDPA capacity. Moreover, some manufacturers’ systems are not capable

of dynamically allocating remaining resources to HSDPA, but fix assignment must be used, or

even separate carrier frequency must be dedicated to HSDPA services. Clearly, the best spec-

trum utilisation is achievable in case of common HSDPA/UMTScarriers, thus my investigations

will focus on this operation. However, if HSDPA traffic is present, this also increases interfer-

ence level at UMTS terminals. Thus, the remaining total power cannot be allocated to HSDPA,
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since the power level of UMTS traffic must also be increased due to the interference induced

by HSDPA. Primarily HS-DSCH channel is transmitted with theallowed remaining power level.

However, there is some form of ”hidden” power control in HSDPA. Namely when the channel

is very good (high CQI), the system would transmit with high bitrate transport format, it may

happen that the scheduled user terminal is not capable of receiving transmission over10 or 15

parallel codes and/or16 QAM modulated signals. In this case the high CQI value notifies the

base station to reduce its transmission power with a given amount and this reduced power is still

enough for the user to decode its signal.

Along with the channel adaptation, error free transmissionis achieved by means of new

ARQ mechanism in HSDPA. The so-called Hybrid-ARQ uses chasecombining (the erroneous

packet is kept at the receiver and combined with the retransmitted one), incremental redundancy

(retransmission is done with a more robust transport format) and selective repeat techniques (just

damaged frames are re-sent within a transmission window) toincrease robustness and efficiency

of the retransmission procedure.

The standard defines12 terminal categories. These are different in terms of their capability

of receiving16 QAM or not, the maximum number of channelisation codes they can decode, the

number of soft bits they can store for turbo decoding and the required time (expressed in number

of frames) between two consecutive receipt of transmit data. Figure 5.2 summarizes the most

relevant features of different terminal categories. It is apparent, that the useful maximum bitrate

achievable by HSDPA ranges from around830 kbps to12.78 Mbps, depending on the terminal

category. Naturally, these rates are achievable only in case of good channel conditions and lone

users. The shared nature of HS-DSCH results in the drop of individual transmission rate if other

users are present. As mentioned earlier, the base station has the role of scheduling transmissions,

based on channel quality measurements coming from users andpast scheduling information. In

the literature there are numerous HSDPA scheduling mechanisms (see e.g. [114] and references

therein), but practical implementations usually considerthree scheduling disciplines:

• Round Robin Scheduler: the Node B (the base station in 3G terminology) fairly schedules

timeslots to users, one after the other. This scheduling is fair in terms of even distribution

of timeslots among users, however unfair in terms of received throughput. Namely ter-

minals under worse channel conditions will receive less data, due to the applicable more

robust (thus lower data rate) transport formats. In case of different terminal categories,

this discipline allows the better terminals (with more advanced capabilities) to gain higher

throughput.
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Figure 5.2: HSDPA terminal categories

• Proportional Fair Scheduler: this assures fair throughputdistribution, as scheduling deci-

sions are based on the past actual throughput of the users. Literally it means that users

with bad channel receive more frames. If this scheduling is applied without taking into

account different user capabilities, better terminals maynot utilise their more advanced

capabilities, as they will receive much less frames.

• Max CQI scheduler: this discipline schedules the user with the best channel conditions.

This is an unfair approach, since users suffering from high interference might not be sched-

uled. However, this results in the highest system throughput.

5.2 Capacity analysis

Given the CDMA access of 3G radio interface, capacity, coverage and carried traffic are cou-

pled and changing in time. Therefore it is not straightforward to characterize the radio interface

with a single transmission capacity, given in say kbps. However, for rough capacity dimension-

ing purposes, both for UMTS and UMTS/HSDPA cells simple and fast methods are needed that

capture the most important properties of 3G radio interfaceand derive results for radio capac-

ity. The method described here takes into account user distribution, cellular topology, different

transmit powers and most importantly the multiservice nature of the UMTS. What follows is a

method that is applicable to answer the following questions:

• What is the average throughput of a UMTS carrier, if the available power resource is given?
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• Given an average carried capacity, what is the amount of output power used? How much

power is allocated to HSDPA services?

• What is the available cell throughput of HSDPA? What is the achievable user throughput

over the edge of cells?

• How does these above parameters depend on user distribution, Node B powers, channel

characteristics, interference level, etc.?

5.2.1 System description

The forthcoming analysis is carried out supposing the system described in this Section. Ba-

sically the analysis will concentrate on a given cell, however the effect of surrounding cells will

be considered. I suppose omnidirectional transmit antennas and terrain without mayor obstacles,

resulting in circular cell areas, with the base station in the middle of the circle. Due to the inter-

ference limited nature and coupled coverage and traffic of CDMA networks, usually cell size in

UMTS is much smaller than in GSM. The radius of the examined cells is denoted withRcell. The

placement of neighboring base stations are determined according to standard hexagonal layout,

the influence of two rings of neighboring cells (18 base stations) will be considered.

The interference effect of neighbors are calculated based on channel attenuation model.

Channel is considered to influence the signal power with exponential path loss, generally

PL(r) = β · r−γ. (5.2)

This exponential model incorporates well known channel models, such as COST 231, Okumura-

Hata or Hata models, where different propagation environments (e.g. rural, suburban, urban),

carrier frequencies and topological parameters (base station height, mobile antenna height) are

considered via the parametersβ andγ in (5.2). Neighboring base stations are modelled as source

of interference power, transmitted at constant level, but unlike most of the literature, here base

station powers may be different. Thermal noise will be basically neglected in numerical calcula-

tions, but shown in basic theoretical expressions. The reason of this is that at room temperature,

the noise has power of around−107 dBm at the5 MHz wide UMTS band. Considering the

cellular layout described above,1 W of the furthest interfering base station would cause around

−117 dBm interference power at a customer that is placed into the far end of the considered

radio cell. The noise power hence is just10 dB above this itself negligible interference. More-
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over, we are rather interested in how interference influences system behaviour. Nevertheless, the

incorporation of thermal noise into the calculations is straightforward.

I assume that UMTS users and HSDPA users are present in the cell and a single carrier ac-

commodates both traffic. Users of UMTS might use any ofK service classes (bearers). Based

on the chiprate and modulation described earlier and on the possible lengths of OVSF codes,

the physical transmission rate in downlink direction may vary between15, 30, 60 ... 1920 kbps,

corresponding to the use of channelisation codes of length512, 256, 128 ... 4 chips. However,

in practical systems just a few services (radio bearers) areused. The typical services have useful

data rate (not including the redundancy induced by forward error correction and necessary sig-

nalling bits) of12.2 kbs (maximum rate of the variable bitrate AMR speech codec),64 kbps (low

resolution video, high quality audio or low rate data),144 and384 kbps bearers (video or data).

The corresponding spreading factors are128, 32, 16 and8 (the amount of redundancy is notable,

considering the corresponding physical data rates of60, 240, 480 and960 kbps).

Each service class is characterised by the signal to interference ratio required for acceptable

performance. This is more precisely expressed in terms of required bit energy per interference

spectral density ratioEb

I0
, for now on theEb

I0
requirement is denoted byεk for service typek or

userk. The values ofǫk are assumed to be known. In the literature, several sets of values can

be found, based on link-level simulations or just estimations. However, as it will be shown, the

performance of the system is highly dependent on these values, thus in a real capacity planning

procedure should be chosen very carefully.

User distribution is assumed to be known over the cell area and given in terms of the pdf of

user positions. However, it is reasonable to assume that users of different services have differ-

ent distribution over the cell disc (e.g. HSDPA users are rather found on places that represent

residential area, while UMTS voice bearer users rather dwell on street area, etc.). Thus differ-

ent distribution for different service class users may be assumed. Usually the basic and most

common assumption is the even distribution of users over thearea, but this assumption will be

released in this dissertation.

5.2.2 Capacity of Release ’99 radio interface

In order to analyse the 3G operation with HSDPA deployed, first a cell with only conven-

tional UMTS traffic is analysed. The following investigation is based on the basic downlink SIR

equation of UMTS systems (e.g. [19], but naturally all papers use some form of these basic
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equations). To investigate the capabilities of the 3G radiointerface, the basic signal to interfer-

ence ratio equation should be formulated, for a given useri, served by base station0. Namely,

approximating interference as Gaussian, the bit energy over interference spectral density ratio

should be over a given threshold, to achieve the necessary bit error ratio for a service. Given the

user is placed on polar coordinates(ri, φi) with the serving base station in the origo this is:
[

Eb

I0

]

i

=
Rc

Rbi
·

P 0
i (ri, φi) · L

0(ri)

(1− ρ(ri)) · P 0
inst · L

0(ri) +
∑

b6=0 P
b
inst · L

b(ri, φi) + Pnoise

≥ εi, (5.3)

whereP 0
i (ri, φi) is the transmission power targeted to useri, L0(ri) is the channel gain between

the serving base station and the user, depending on the user’s distanceri, P 0
inst-s is the total in-

stantaneous transmitted power of the serving base station,P b
inst denotes the instantaneous power

radiated by thebth neighboring base station,Lb(ri, φi) is the path gain between this and useri.

The power of the pilot and control channels is included inP 0
inst, thus its power is

P 0
Pil = P 0

inst −
∑

i

P 0
i . (5.4)

ρ(ri) is the orthogonality factor,Pnoise is the power of the thermal noise.Rc andRbi are the

chiprate and bitrate of the given service used by the customer. Regarding the latter quantity,

in some cases it is the useful bitrate of the service, that is much lower than the actual physical

bitrate. In other interpretationRbi is the physical symbol rate, in this case the fractionRc/Rbi

(processing gain) is equivalent with the spreading factor (length) of the channelisation code used

for the given service. Note that any interpretation might beused analogously, the difference

results in the change of the requiredεi threshold. In the following I use the former representation.

It is worth noticing here, that inequality (5.3) does not contain antenna gain, however if

supposed, this should be simply incorporated in the expression of the path gain as a multiplier

factor (or an additive factor on dB scale). Moreover, although in this analysis omnidirectional

antennas of base stations were supposed, the incorporationof sectorized antennas is easy at this

step. Namely a horizontal antenna characteristic should beused (that gives the extra attenuation

of the antenna, as the function of the angle between the main direction and the position we are

interested in). This again can be incorporated into the expression of path gain, but now this will

depend on not only the distance from the base station, but on the direction of the position vector,

i.e. L0(ri) is replaced byL0(ri, φi). The direction-dependent extra attenuation should also be

taken into account when calculation interference power from neighboring base station.

Inequality 5.3 must hold for all active connections. By examining relationship (5.3) one can

see how the capacity and traffic is coupled: any additional transmission will raise the interference
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power at the denominator, requiring the raise of the useful power at the nominator, that results

in the raise of transmitted powers to all users. The amount oftraffic is bounded by the finite

transmission power of the base station, namely
∑

i

P 0
i (ri, φi) + P 0

Pil ≤ P 0
0 . (5.5)

The code dimension of downlink radio resource also bounds the number of parallel connections.

Referring to Section 3.5.1, the code constraint can be formulated as
∑

k

nk · 2
9−k ≤ 504, (5.6)

whereni is the instantaneous number of connections using channelisation code of length2i.

This expression is valid for data traffic channels. As the primary and secondary Common Control

Physical Channels (CCPCH) and the Common Pilot Channels (CPICH) typically occupy4OVSF

codes of length256, data physical channels might occupy504 at the bottom level of the code tree,

hence this number in (5.6) instead of512.

The problem of the multi-service nature of UMTS is taken intoaccount by means of different

ε requirements and the different processing gains of services, hence the power required for a

service depends not only on its distance from the base station.

The problem of determining the capacity of such a multiservice network is arisen because

of the high number of possible combinations of active users of different service types, not to

mention the problem of their position. Therefore I propose the following method.

I define the average capacity of a UMTS carrier as following. Let the useful bitrate of the

kth bearer type be denoted byRbk and the average number of active bearerk is Nk. This latter

average is understood as, supposing any given user traffic profile and service mix, the average

number of typek bearers scheduled in every radio frame isNk. Clearly, this quantity depends on

the traffic demand as well as scheduling policy of the networkand user positions in the network

(as this basically influences required power). Given these circumstances the average capacity of

a UMTS carrier is defined as

RUMTS =
K
∑

k=1

Nk · Rbk. (5.7)

In the following, we will use the average number of total scheduled connections,N and the ratio

of typek bearersnk, clearlyNk = N · nk and

RUMTS = N ·
K
∑

k=1

nk · Rbk. (5.8)
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This quantity characterizes the average amount of useful throughput carried over a UMTS carrier,

therefore the term capacity is used. However, because the coupled nature of traffic and capacity,

this may not be straightly seen as a given capacity to be shared (but from a system level point of

view, a given cell can be seen offering this capacity on average) among users. In the following,

the term capacity and throughput will be used interchangeably for this quantity.

This quantity is very useful during network dimensioning phase. At this stage the operator

needs rough estimate of the average traffic that can be transmitted over an area with a given

number of cells (in order to estimate the required number of cells). As we will see, that this

defined average capacity takes into account the multiservice nature of UMTS, as well as radio

conditions (path loss) and interference.

To obtain carrier throughput, the following calculations should be performed. After rearrang-

ing (5.3) and considering that power control forces the system to achieve, but not to exceed the

SIR requirement (i.e. the equality is supposed), we get:

P 0
i (ri, φi) = εi ·

Rbi
Rc

·

(

(1− ρ(ri)) · P
0
inst +

∑

b6=0

P b
inst ·

Lb(ri, φi)

L0(ri)
+ ηi

)

, (5.9)

whereηi = Pnoise

L0(ri)
is the relative noise power. Using the expression ofP 0

inst from (5.5) this

expression results in the linear system:

P 0
i (ri, φi) = εi ·

Rbi
Rc

·

(

(1− ρ(ri)) ·

(

P 0
Pil +

∑

j

P 0
j (rj, φj)

)

+
∑

b6=0

P b
inst ·

Lb(ri, φi)

L0(ri)
+ ηi

)

,

(5.10)

The latter sum in the right hand side of (5.10) draws special attention in the literature.

Namely, considering all neighboring base station transmits with the same power as the exam-

ined base station, the sum
∑

b6=0

Lb(ri, φi)

L0(ri)
= f(ri, φi) (5.11)

is called other to own cell interference factor or geometry factor. In our analysis it is not required

that all neighboring Node B-s transmit with the same power, although it is convenient to introduce

the notion of other to own cell path gain factor, however in this case this describes the effect of

only one interfering Node B. That is:

f b(ri, φi) =
Lb(ri, φi)

L0(ri)
. (5.12)

Let us concentrate on the mean of transmitted powers in the system. If we take the expectation

of (5.9), this result in the average power transmitted to a user. This average will be the same for
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all terminals using a given bearer typek (as the parameters affecting the average are the bearer

type dependent processing gain, SIR requirement and spatial distribution). Consequently, the

following expression is viewed as the average transmitted power to a typek connection. That is

P
0

k = εk ·
Rbk
Rc

·

(

(1− ρk) · P
0
avg +

∑

b6=0

P b
avg · f

b
k + ηk

)

. (5.13)

The average orthogonality factor depends on the service class, since user distributions of each

service classk might be different, the same argument applies to the other toown cell path gain

factor. In the expression above,P 0
avg andP b

avg denote the average output powers of the examined

base station and that of the interfering base stations. The average orthogonality factor can be

calculated as

ρk =

∫ R

0

∫ 2π

0

ρ(r) · gk(r, φ)dφdr, (5.14)

wheregk(r, φ) is the probability density function of classk user distribution over the cell, ex-

pressed on a polar coordinate basis. It is obvious, that if the user distribution is given in carte-

sian coordinates (and the corresponding density function as well), first the coordinate transform

should be performed to getgk(r, φ). As an example, if users are evenly distributed over the disc

representing a cell, the density function on cartesian coordinates isgk(x, y) = 1
R2π

, after trans-

forming the density function in polar coordinates isgk(r, φ) =
r

R2π
. Sticking to the example of

evenly distributed users and using the distance dependencyof the orthogonality factor (5.1), for

the average we get:

ρk =
2

β2 · R2
(βR− ln(1 + βR)) , (5.15)

whereR is the cell radius. One can observe, that – in contrast with the common assumption of

having constant orthogonality factor – the cell radius willhave impact on performance, through

the average OF.

The average relative noise power is similarly calculated:

ηk =

∫ R

0

∫ 2π

0

Pnoise

L(r)
gk(r, φ)dφdr, (5.16)

if we assume even user distribution and exponential path loss model with parametersβ andγ,

this results in

η =
2 · Pnoise

β · γ + 2β
Rγ. (5.17)

With regards to the other to own cell path loss ratio, the following can be stated. According to

Figure 5.3, with a customer dwelling at point(r, φ), supposing exponential pathloss model with

γ exponent:
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Figure 5.3: Distances for calculatingf b
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fk
b (r, φ) =

(

D2
b

r2
−

2Db

r
cos(ωb − φ)

)− γ
2

, (5.18)

whereDb is the distance between base stationb and0, ωb is the angle between the line connecting

these two base stations and thex axis. Based on this, the average other to own cell path loss ratio

is calculated as:

f b
k =

∫ R

0

∫ 2π

0

f b
k(r, φ) · gk(r, φ)dφdr. (5.19)

After determinating the required mean parameters, equation (5.13) must be solved for allK

service classes with a supposed level of average used power (P 0
avg). As result, we have average

power levels of allK bearer types, namelyP
0

k.

The average number of simultaneous transmissions at the radio interface was earlier intro-

duced and denoted byN . As stated earlier, this means that on a long time average, there isN ·nk

active connections of typek on the radio interface. This inherently means, that the average used

output power is

N ·

K
∑

k=1

nk · P
0

k + P 0
Pil = P 0

avg. (5.20)

After the average power levels are calculated from (5.13),N has to be determined from (5.20).

After havingN , the average useful capacity (or average useful throughputusing a given average

power level) of the UMTS bearer is simply calculated as (5.8).
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For the further capacity evaluation of 3G radio interface, with HSDPA enabled, we need

another measure of the system. As it was outlined earlier, HSDPA may use the remaining trans-

mission power of the base station, thus it is required to somehow characterize the used power

of Release ’99 transmission. The specific question to be answered is ”what is the average used

power for Release ’99 transmission, given an average Release ’99 traffic amount ofRUMTS kbps”.

The former idea can be used again in the reverse direction. Namely, for obtaining the used power,

N is expressed from (5.8), with the givenRUMTS traffic. Then, since in this caseP 0
avg is unknown,

it’s expression from (5.20) with the previously determinedN should be substituted into (5.13).

Then we arrive to a slightly modified version of the basic equations, namely

P
0

k = εk ·
Rbk
Rc

·

(

(1− ρk) · (N ·

K
∑

l=1

nlP
0

l + P 0
Pil) +

∑

b6=0

P b
avg · f

b
k + ηk

)

. (5.21)

This linear system has to be solved for allP
0

k-s, then the resultant average used power is

given as in (5.20).

When performing this calculation, some notes on the power ofinterfering base stations should

be given. One method of modeling the neighboring interference power is simply to use a constant

value, given in Watts and substitute this into the calculations. By choosing this value to be the

largest possible power, a worst case scenario can be evaluated. The former investigations allow

the use of different powers in neighboring base stations as well.

However, an important and realistic scenario is when the neighboring base stations carry

about the same amount of traffic as the examined one. If we wantto calculate the average used

power for accommodating a given amount of traffic, this raises the problem that interfering Node

B power should appear in equations (5.21) that is only available after solving it. This implies the

use of the following iterative approach.

• Step 0. Suppose arbitrary level of interfering Node B powers(less than the maximal output

power).

• Step 1. With the given interfering power level solve (5.21).Determine the used power of

the Node B in question with (5.20).

• Step 2. Substitute the resultant power level as interferingpower. Repeat step 1 and step 2

until convergence.

Convergence is achieved when the powers calculated in two successive iterations do not differ.

It is straightforward to extend this iterative approach, when the neighboring base stations carry
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unequal traffic. In this case the calculation of used power should be performed in all cells, one

by one, with using interfering powers calculated earlier for neighboring cells. The iteration goes

”round” all the cells until convergence is achieved.

5.2.3 Capacity and performance of HSDPA

To evaluate the average capacity of a 3G carrier when HSDPA isdeployed, the basic SIR

equation is the starting point, written for the HSDPA channel. For a HSDPA useri, served by

base station0 that is

SIRHS(r, φ) = 16 ·
P 0
HS · L

0
i (r, φ)

(1− ρ(r)) · P 0
inst · L

0
i (r, φ) +

∑

b6=0 P
b
inst · L

b
i(r, φ) + Pnoise

. (5.22)

In this expression the term16 is the fixed spreading factor used in the HSDPA channel. Giventhat

HSDPA uses multicode transmission, each physical channel (spreading code) causes interference

to the other ones due to multipath propagation, hence the power of HSDPA also appear in the

denominator of (5.22) as the part of the total output power. Considering this, the only change

regarding the former equations is that the HS-DSCH channel appears as if it was a new type of

UMTS service class, but itdoes not have an explicit SIR requirement, rather it chooses transport

format according to the SIR of the channel.

As it was outlined earlier, the HSDPA terminal reports it’s perceived SIR to the base station

by means of the CQI parameter, that – along with thew terminalcategory – explicitly determines

the transport format it can receive. Thus, in order to evaluate HSDPA in terms of transmission

capacity, a relationship is needed which connects SIR with CQI. In general this depends on the

quality of the receiver at the terminal – if a manufacturer isable to produce a receiver that can

decode the least robust transport format at very low SIR, theterminal should report high CQI.

Therefore it is very hard to find general SIR-CQI relationship. In fact, most of the literature rely

on [115], where, based on detailed link-level simulations,the following relationship was found

for 0.1 block error probability:

CQI =















0
⌊

SIR
1.02

+ 16.62
⌋

30















SIR ≤ −16

−16 < SIR ≤ 14

SIR > 14

(5.23)

where the SIR should be given in decibels. Another expression found for this relationship is

given in [116], that is simply

CQI = ⌊SIR+ 3.5⌋ . (5.24)
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By observing the two expressions we see that the term corresponding to the spreading factor16 is

the difference, namely the definition of SIR differs in this term in the two expressions, otherwise

they are identical.

The basic method to evaluate HSDPA is to assign a single powervalue to the interfering

base stations and another value for the Release ’99 (P 0
UMTS) traffic within the cell, and set HS-

DPA power (P 0
HS) to a constant level (this models HSDPA systems with pre-configured HSDPA

power). Than in (5.22) the termP 0
inst = P 0

UMTS + P 0
HS + P 0

Pil. Obtaining the SIR from this,

transforming SIR into CQI with (5.24) and using the CQI-transport format tables given for each

terminal categories in the standard, the following simple questions can be answered

• what is the available transmission rate of a terminal of given category placed at a specific

location

• what is the available throughput of a given terminal at the cell border

• what is the average cell throughput achievable by HSDPA.

For obtaining the average capacity, the following method isproposed.

As it is outlined earlier, the instantaneous SIR a terminal perceives determines the CQI it is

reporting to the base station, with the relation defined by (5.23) or (5.24). The standard contains

tables that define the applicable transport format when a given CQI is reported, for each terminal

category. The transport format explicitly determines the transmitted useful bits during a frame,

hence the instantaneous useful transmission rate. Thus, from (5.22) the achievable throughput of

a terminal of categoryi can be directly derived, using the mapping

SIRi(r, φ) ⇒ CQIi(r, φ) ⇒ Ri(r, φ), (5.25)

whereRi(r, φ) is the achievable transmission rate of a categoryi terminal at position(r, φ).

Earlier we supposed that user distribution is given in some form over the disc representing

the cell area, let us now denote the density function of HSDPAusers’ position bygHS(r, φ). The

average throughput achievable by the category is then calculated as:

Ri =

∫ R

r=0

∫ 2π

φ=0

Ri(r, φ)gHS(r, φ)dφdr. (5.26)

We assume that there is information on the ratio of differentterminal categories among all

the HSDPA devices, that isαi, i ∈ [1..12] for categoryi. The average cell capacity of HSDPA is
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then given by averaging over the device categories:

RHSDPA =
12
∑

i=1

Ri · αi. (5.27)

This quantity is well characterizing the HSDPA service in terms of the average amount of traffic it

can serve, if the operator configures a given maximum level ofradio resource (codes and power)

to HSDPA.

To take deeper insight into system performance we have to handle the case when HSDPA

service uses the power and code resource that is left unused by the Release’99 traffic. That is, the

HSDPA resource is not supposed to be known in advance, but it is calculated from the Release’99

traffic amount.

In this case the following method is applicable. The aim is todetermine the average available

power and with this, the achievable average throughput of HSDPA services, given that the cell

is carrying an average ofRUMTS kbps UMTS traffic. The used power of UMTS has to be deter-

mined basically according to the method described above. The difference is, that HSDPA traffic

also means intra-cell interference for Release’99 traffic and vice versa, thus the linear system of

equations (5.21) is changed. As we are interested in HSDPA capacity and HSDPA utilizes the

total remaining power of the Node B, the modified expression contains all the maximum possible

output power of the Node B, namely

P
0

k = εk ·
Rbk
Rc

·

(

(1− ρk) · (P
0
0 ) +

∑

b6=0

P b
avg · f

b
k + ηk

)

, (5.28)

and the average HSDPA power is coming from the last equation of the system, that is the one

that assures that all achievable power is allocated, namely

P
0

HS = P 0
0 −N ·

K
∑

k=1

nk · P
0

k − P 0
Pil. (5.29)

As earlier, during this task the average number of ”virtual”Release’99 connections is given

through the average useful trafficRUMTS, namely

N =
RUMTS

∑K
k=1 nk · Rbk

. (5.30)

It is easy to see from the (5.21) and (5.28) what was explainedearlier: including HSDPA traffic

will increase the necessary power level for UMTS, thus allowed HSDPA power is is not just the

difference between the total output power and UMTS power.
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Obtaining average HSDPA throughput and mean achievable HSDPA user throughput on a

location again simply means determining the SIR from (5.22), with the averageP
0

HS used and

then applying (5.24) and the averaging technique describedabove.

5.3 Numerical evaluation

In this Section the average capacity of 3G systems is evaluated, based on the numerical

methods investigated in previous sections. The analyticalexaminations are compared with results

of snapshot simulations. The latter is based on uncorrelated random snapshots of the possible

traffic scenarios.

During a snapshot, users placed within the cell randomly, according to user distribution over

the surface. For each customer the service classk is chosen with given probabilitynk. The

system (5.10) is solved for a current set of users, and the total used power as well as the number

of occupied spreading codes is determined. The placement ofnew customers is continued one by

one and with each new customer (5.10) is solved again, until the total used output power reaches

a given level or the number of occupied codes gets greater than the maximum. The placement is

stopped at this moment.

Here it is important to note that the aim of the simulations isnot to investigate some advanced

admission control, load balancing or scheduling, etc. mechanisms, but to provide results in terms

of average used power and average cell throughput, or user distribution if necessary, in order to

compare these with the results coming from analytical investigations. Therefore just two very

simple simulation policies are applied during the investigations:

• In the conservative processing method, the last customer, with whom the power level

or number of spreading codes exceeded the maximum is ignored. Snapshot statistics

(used power levels of customers, actual position of customers, total used power, total used

spreading codes, total useful transmission rate of customers, ratios among service classes

in the current snapshot) are collected for the previously admitted users, discarding the last

one.

• The second processing method is to include the last user intothe statistics as well. As user

generation stops when the given amount of maximum power is exceeded, this method is

unrealistic since it may let the used power to exceed the maximum. However, if this level
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is set to be less than the physical maximum power of the base station, most snapshots will

result in feasible total transmission power level.

With the first processing policy the simulation is realisticin terms of not letting more than

the given maximum amount of transmission power and spreading codes to be used. However,

it is apparent that this policy will bias the actual statistics compared to the parameters given as

inputs to the simulations. Namely users’ actual spatial distribution will change, as it is likely that

a distant user is discarded due to its required higher power level (hence the actual distribution

will be sparser in the vicinity of cell border, compared to the given input distribution). Same

argument applies to the actual service class probabilities: higher bitrate (thus lower processing

gain) connections will be often the last ones to be discardeddue to their required higher power

levels. This result in the distortion of actual service class ratios. The average used power level is

naturally less than the given maximum level.

By applying the second simulation method, neither the spatial distribution nor the service

class probabilities of customers will be distorted, as all generated users will be served. However,

if the last customer is also accounted, the actual total power level might far exceed the given

maximum (and can be easily greater than the typical maximum of 30 Watts of Node Bs available

on the market). In most scenarios, where users are spread around the base station, usually the

power is the bottleneck resource, namely user generation during a snapshot stops because of lack

of base station power. However, in scenarios where customers are likely to appear near the base

station, thus experiencing less interference, the code resource may become bottleneck, hence the

OVSF code tree ”runs out” before the power. This would mean that the customer generation is

stopped because the code limit is exceeded. Considering thesecond processing policy, the actual

average power level or even the average used spreading code number might be greater than the

given thresholds. To overcome these shortages, typically smaller threshold values should be

given, than the actual physical thresholds. Another problem with this method is the possibility of

reaching the pole of power equations. Namely the possible solutions of the linear system (5.10)

might get values that result in extremely high total power, or even negative powers. To see this

we should sum up (5.10) for all usersi, hence the left side of the resulting sum is the total used

power, without pilot and signalling channels:

P 0
inst =

∑

i εi
Rbi
Rc

(

(1− ρ(ri))P
0
Pil +

∑

b P
b
instf

b(ri, φi)
)

1−
∑

i εi(1− ρ(ri))
Rbi
Rc

. (5.31)

The nominator of this expression can be viewed as the downlink loading factor, as this expres-

sion approaches0, the total used power approaches infinity. Moreover, the downlink loading
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factor can easily become negative (in case of small OFs and small processing gains, hence with

high-speed connections and distant mobiles in case of largecells). Therefore, if during the sim-

ulation, the last customer is also taken into account in the statistics (with whom the total output

power exceeded the given maximum level), this may cause thatan extreme high level of power

is accounted. Nevertheless, this method is also applicableto test the accuracy of the numerical

method.

Taking the above reasoning into account the conservative processing method is used during

the simulations, despite its biasing effects. As the analytical method presented in previous Sec-

tions require the knowledge of user spatial distribution, service class probabilities and average

used powers, to evaluate the validity of this method in an actual scenario, first the snapshot sim-

ulation should be run to obtain actual parameters. The actual user spatial distribution is collected

numerically, in terms of experimental probability densityfunction of the actual distances from

the base station, per service class, and used in the analytical calculations. In this manner the

biasing effect of the snapshot simulation is overcome.

It is very important to point out that during the investigations the role of the simulations is

to obtain the actual parameters needed for the calculationsand to justify the analytical method.

Apparently no specific assumptions on actual detailed data traffic characteristics, scheduling

principles, etc. are used, nor do we simulate system behaviour in details. For this purpose the

two basic snapshot simulation methods are sufficient. From the presented point of view, specific

radio resource management operation, based on traffic characteristics would result in the change

of average used power level and the service mix, thus the propose method will be basically

applicable for evaluating other scenarios.

In real life situations, the proposed methods may be used forrough dimensioning purposes.

This phase of radio network planning precede the detailed cell planning and its main output is

the number and position of cells to cover a given area with. This means that inherently the pa-

rameters available for this task are also rough estimations. User spatial distribution might be

estimated according to population statistics and anticipated penetration of UMTS usage of users,

or based on previous experiences on 2G networks. Service usage ratios may be estimated based

on anticipated popularity of different services among users (this can be significantly influenced

by pricing) and on the knowledge of the basic scheduling and load distribution mechanisms im-

plemented in the actual network devices, or experiences of already operating network segments.

Development of the method presented in this Chapter was motivated by actual network dimen-

sioning problems and was conducted in collaboration with a hungarian 3G operator. The method
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was partially implemented as part of a network dimensioningsoftware tool, that is currently used

by the operator.

5.3.1 Capacity of UMTS system without HSDPA service

The first set of investigations target a UMTS cell without HSDPA services. The effect of

used power, user spatial distribution, service class ratios, cell size and distance-dependent or-

thogonality factor are revealed. In all the calculations4 service classes are assumed, with12.2,

64, 144 and384 kbps useful throughputs. The requested signal to interference ratios for the ser-

vices are assumed to be8, 7, 3.5 and4 decibels, respectively. The channel path loss is taken

into account with exponent4.8 (this model approximates the Okumura-Hata path loss model

fairly accurately). In the basic setting two rings of neighboring base stations (18 Node Bs) were

accounted as interferers, with equal transmission powers of 21 Watts. The power necessary for

pilot and signalling channels was set to constant3 Watts.

In general, three basic service mixes are investigated, namely the ratio of12.2, 64, 144 and

384 kbps connections are assumed to be0.4 0.3 0.2 and0.1 in service mix1; 0.3 0.3 0.2 and0.2

in service mix2; 0.2 0.3 0.2 and0.2 in service mix3, that is we examine the effect of increasing

the amount of highest bit-rate connections at speech connections expense.

Figure 5.4 displays the average achievable cell throughputas cell radius is increased, sup-

posing even user distribution over the cell. The two set of results compare the case of constant

orthogonality factor (ρ = 0.7) and distance-dependent OF according to (5.1). The graphs were

obtained with simulations according to the second processing policy, with threshold power usage

of 20 Watts. It is apparent, that with constant orthogonality factors the cell size does not influ-

ence the achievable throughput. This is because during thiscalculations the thermal noise was

neglected. The effect of white noise would become significant in case of large distances from

the Node B, hence with noise, the average cell capacity woulddecrease as cell size increases.

The same applies to the used average power levels, as revealed by the Figure (power levels are

obtained by means of simulation and were input to capacity calculations). Though the decrease

of average OF forces higher level of average used power, thisis still not enough to stop the

decrement of cell throughput in the variable OF case. It is apparent, that calculating with the

distant variable nature of the OF reflects the experience that smaller cells have higher capacity,

in contrast with the constant OF resulting in cell size independent capacity.

Figure 5.4 indicates that in case of applying the distance-dependent orthogonality factor
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Figure 5.4: Average cell throughput (first row) and used power (second row), with constant (left)

and distance-dependent (right) orthogonality factors

model, the accuracy of the numerical method decreases when considering bigger cell sizes, es-

pecially for service mix3. Figure 5.5 plots the accuracy measure for the distance-dependent

orthogonality factor scenario. Accuracy is defined as the ratio of the difference of results (anal-

ysis and simulation) and the results obtained by simulation. This increasing inaccuracy is due

to the fact that was explained regarding the snapshot simulation: small orthogonality factors and

the relatively higher ratio of384 kbps services allow the cell to approach its pole, and in particu-

lar snapshots the actual power level gets very high, causingthe average used power to increase.

The analytical model reflects this increment in terms of a bithigher number of users, hence total

cell throughput. The case of constant orthogonality factordoes not have this effect, hence the

accuracy of the numerical method remains under0.005 for all examined cell sizes in that case

(not plotted).

The proposed capacity evaluating method is also useful in determining the effect of user

distribution in the cell. To capture this effect, besides the even user distribution over the cell

(referred to in the following as ”even scenario”) two otherswere considered:
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Figure 5.5: Accuracy of the analysis in case of even user distribution, distance-dependent or-

thogonality factor

• ”hotspot scenario”: user distribution over the plane follows a symmetric two dimensional

normal distribution (with independent normally distributedx andy coordinates, with means

0 and equal variances), this is used to model the case when users are mainly placed around

the base station

• ”concentrated scenario”: asymmetric two dimensional normal (x andy coordinates are

independent normally distributed variables, with different means and variances) user dis-

tribution that models the case when users are mainly localized in a well defined small area,

apart from the base station.

Naturally both distributions are truncated and normalizedto be based over the cell.

Using these latter two scenarios (and especially the hotspot scenario) and the second sim-

ulation policy would often lead to reaching the pole of the system, due to the high number of

admitted users near the base station (the proximity of the base station mean low inter-cell inter-

ference and high orthogonality). Therefore the following investigations were carried out using

the first simulation policy.

Figure 5.6 compares the effect of user distribution: it is apparent that in the hotspot case

cell capacity is more than the double of the capacity in the evenly distributed scenario. Bigger

capacity of the hotspot scenario is not a surprise, as users generally enjoy higher SIR values as

they generally dwell around the base station.

The accuracy of the proposed analyis was determined for the even distributed and hotspot

scenarios and shown in Figure 5.7. Apparently our method does not deviate by more than2-2.5
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Figure 5.6: Average cell throughput (left) and used power (right), with even user distribution

(top) and hotspot scenario (bottom)

percent for both scenarios. We may also conclude, that in thehotspot case there is a steady rising

trend in inaccuracy, as the cell size grows, while for even distribution scenario the accuracy does

not have this clear trend.

Figure 5.8 shows the same results in the concentrated scenario. As it was anticipated, the cell

throughput in this case is between that of the even and hotspot scenarios. The Figure plots the

average throughput of the UMTS cell as function of the cell radius in case of the three service

mixes described above. In the hotspot scenario the varianceof the user distribution is set to

be the one-third of the cell radius, in the concentrated scenario the mean and the variance of

bothx andy coordinates are set to be2
5
Rcell and Rcell

5
respectively, whereRcell denotes the cell

radius. Regarding the accuracy in case of concentrated scenario, it is similar to that of the hotspot

scenario, with inaccuracy reaching the maximum value of2.5%, with the increasing trend in
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Figure 5.7: Accuracy of the numerical analyis in even distributed (left) and hotspot (right) sce-

nario
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Figure 5.8: Average cell throughput (left) and used power (right), in concentrated scenario

inaccuracy as the cell size increases.

With regards to the planning of the cellular UMTS network, the following statements can be

concluded. If customers are generally condensed over some distinct locations (e.g. residential

blocks with rarely visited areas in between), it is worth installing base stations to the center of

these locations as this result in significant increment of cell capacity. Cell size (by means of the

pilot channel power) can be set to be higher: this allows the fulfillment of coverage requirements

with smaller number of base stations!

With regards to the simulated values of used power, it is worth noticing, that applying the

previously described simple simulation method results in different used power patterns for dif-

ferent user distributions. First it may seem controversarythat the average used power is slightly
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decreasing as cell radius increasing in even scenario. Thisis because of the simple simulation

assumptions: generally, bigger cell means that higher power is required for a single customer,

thus the remaining unused power (power of the ”last” customer, with whom the total power ex-

ceeds the maximum) is higher, as a consequence the total usedpower is smaller. This is not the

case in the hotspot scenario, as users are unlikely to be placed far from the base station.

5.3.2 HSDPA capacity results

This section investigates the capacity of the 3G system, if HSDPA service is deployed. Cur-

rently available 3G equipment of the market not always support the dynamic sharing of resources

between conventional Release’99 traffic and HSDPA service,but requires the operator to previ-

ously configure the available resources (power, number of channelization codes) for the two

types of traffic. This facilitates the capacity evaluation of HSDPA, as the effect of existing R’99

traffic can be taken into account by means of the reduced, but constant power level and spread-

ing codes allowed for HSDPA. It is straightforward to account self interference caused by R’99

traffic with the highest power level allowed. This results ina worst case capacity estimation.

Also, this method allows the evaluation of cells that do not accommodate conventional R’99

users but HSDPA traffic only. This is useful, as we anticipatethe HSDPA and HSUPA services

to displace conventional R’99, as all services become packet switched IP based (hence circuit

switched services, along with the dedicated channel philosophy of original UMTS will slowly

vanish).

Figure 5.9 shows the average cell capacity as the function ofcell radius, calculated by the

proposed analytical method (curves denoted by ”a.”) and also simulated values (dots denoted by

”s.”). Results were obtained for the following settings.

Five sets of radio resources (denoted by ”HS set1” ... ”HS set5”) were defined for HSDPA,

modeling situations from abundant to scarce HSDPA resources (power changing from25 to 5

Watts along with the number of codes changing from15 to 7). Total power of28 Watts was con-

sidered, with constant3 Watts pilot and signalling channel power, consequently self-interfering

power was rising from3 to 23 Watts in the five sets. Only three types of terminals were con-

sidered among the12 possible types (type6, 7 and10, with assumed ratios of0.5, 0.3 and0.2

respectively).

It can be stated that as we anticipated it, hotspot scenario results in the highest HSDPA

capacity, and even scenario provides the least HSDPA throughput. Capacity is not very sensitive
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Figure 5.9: Average cell throughputs in even (left), hotspot (right) and concentrated (bottom)

scenarios as function of cell size

to cell size, except in case of scarce radio resources. Average throughput does not exceed6.5

Mbps even in case of abundant resources.

Figure 5.10 reveals average cell throughput in case of500m cell radius, as the function of

HSDPA power. Other settings are as in the previous scenario,except the number of HSDPA

codes, that is also a parameter that labels the different curves. It is apparent that in case of

hotspot scenario the HSDPA capacity approaches its maximumsteeply as HSDPA power is in-

creased, while in concentrated and even scenarios capacitygrows less quickly. The bottom right

corner of Figure 5.10 shows the average achievable throughput over the edge of the cell. This

result is naturally the same for hotspot and even scenarios (as the angle of user position in polar

coordinates is evenly distributed in both cases), but differs only marginally in concentrated sce-

nario (denoted by ”con” in the Figure). Although results were calculated for higher number of

spreading codes, results were the same as for8 codes. This is because the fact that over the cell

edge higher rate transport formats (i.e. more spreading codes) cannot be used because of more

significant intra-cell interference experienced there.
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Figure 5.10: Average cell throughputs in even (top left), hotspot (top right) and concentrated

(bottom left) scenarios and average throughputs over cell edge (bottom right) as function of

HSDPA power

The accuracy of the analysis method is expected to be higher for these HSDPA capacity anal-

ysis cases, than for Release’99 UMTS. This is due to the fact that for Release’99 the method

contain inherent approximation of user numbers of different service types by their mean values.

In contrast, for the HSDPA case the analytical formulas do not contain such bias by mean ap-

proxoimation. The evaluation of the accuracy was conductedfor all the cases plotted in Figure

5.9 and in Figure 5.10. Generally the accuracy measure does not show typical trend for cell sizes

of power values and stays at very low value. The worst accuracy measure was around0.5%, with

most of the values remaining below0.3%.
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Chapter 6

Conclusive remarks

This dissertation is devoted to the development and presentation of analytical models and

methods that allows the fast and efficient performance evaluation of cellular radio networks.

The first main group of results contain a general queueing model of mobile networks, taking

into account user mobility, session duration and bursty nature of generated traffic. The queue-

ing model is analysed using a recursive approximate solution and its accuracy is tested against

simulations. The approach shown here has the advantage of enabling general distributions to

model user behavior (namely phase type distributions), hence can be viewed as a generalised and

conclusive version of several prior, more restrictive works. The other advantage is the capability

of modelling general variable bit rate traffic sources, hence more realistic view on the network

performance is achievable. The performance metrics analysed are traditionally applied for cir-

cuit switched services (namely blocking probability, radio interface utilization), however using

the approach of communication sessions and bursts, connectionless, packet switched communi-

cations can also be investigated with the approach. The proposed recursive solution enables the

investigation of the presented queueing model, otherwise in practical cases it would be impossi-

ble due to the resulting very large state space. This solution makes the performance analysis not

only possible, but fast as well. In contrast, we get only approximate results. However, as shown

by numerical results, that were obtained for the same systemusing the proposed algorithm and

computer simulations as well, the accuracy of the approximation is reasonable. The accuracy is

very good in case of moderate network load, which is the domain a cellular network should be

dimensioned (namely blocking probabilities should be keptlow enough). Numerical results are

shown for UMTS radio interface, taking the code dimension ascapacity.

Another problem investigated in the dissertation is the determination the distribution of the
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residual duration of a connection that arrives to a cell after handover. This quantity is needed in

order to perform correct session level analysis of a cellular system. Closed form expressions are

given for general network layouts and two special, yet important network topologies are further

investigated. In general case the resultant distribution is only given numerically. However, if

phase type distributions are used to model customer behavior, the resultant distribution is given

in analytical form and can be used directly in further analysis. Numerical results obtained via the

direct method (no phase type approximation of user behavior) and results after phase type fitting

to descriptive variables show very good correspondence. The resultant residual session length

distributions of both methods were compared to experimental distribution obtained by computer

simulation and this also fits well to the distributions obtained by calculations (not surprisingly,

as here the topic is pure calculations, so matching simulation results are rather showing that the

implementation of the numerical calculations and the simulator is correct).

The last topic investigated here is the problem of determining 3G radio capacity. As 3G net-

works are based on WCDMA radio interface, the inherent interference-limited nature of CDMA

access cause that capacity, coverage and carried traffic of 3G cellular networks are strongly cou-

pled. Moreover, multiple radio bearer types with differentcharacteristics might be developed and

used and adaptive modulation and coding is also present in HSDPA enabled networks. All these

cause the radio capacity, expressed in bits per second cannot be determined easily. Therefore a

calculation method is shown in this document, that defines the average capacity or throughput of

the cell and shows how to calculate it, for a given average used base station output power. This

analysis takes – as it is in reality – the finite transmission power as the limiting resource. Multi-

ple bearer types are taken into account by means of the distribution of usage of different bearers,

radio path loss is taken into account with appropriate propagation models, while multipath effect

is considered via the use of distance dependent orthogonality factor. Numerical results show that

user distribution has mayor impact on cell capacity, in a hotspot scenario, where customers tend

to dwell near the base station, the carried traffic of the cellmight be twice that of the capacity

with evenly distributed customers. Average HSDPA capacityis also derived. The case when

both Release’99 and HSDPA services are deployed on the same carrier frequency is investigated

also. Here the interaction between the two is taken into account by means of the amount of used

power for each services. The effect of HSDPA terminal category penetration is also taken into

account, as well as the allowed code resource to HSDPA service. All numerical results regarding

3G performance are justified by results obtained from snapshot simulations.
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6.1 Future research

One research direction within the topic of 3G analysis is straightforward: the extension of the

proposed capacity model to uplink direction, including HSUPA services. The main differences

and challenges of extending the downlink model are because of the fact that intra-cell interference

powers are attenuated individually for each user (whereas in downlink, the attenuation of inter-

ferers’ signals and useful power was the same) and inter-cell interference is the sum of powers of

randomly placed users (while in downlink, outer interference could be well modelled by a given

power level from a fixed neighboring Node B location). Moreover, the level of outer terminal

powers is affected by the power level of terminals in the examined cell. Intuitively it seems that

the method of writing the expression of average terminal power and define the ratio of different

radio bearers may work. The problem of interacting powers inneighboring cells may be handled

by either solving the system of average power equations for the whole network under examina-

tion, or to use an iterative method. The latter would start with solving the power equations for

a given cell, supposing no outer interference, than solvingthe equations for a neighboring cell,

with the interfering powers calculated in the previous stepfor the previous cell, and continuing

iteratively with substituting updated power values until convergence. To model HSUPA service,

the first approach could be – as HSUPA uses power controlled dedicated channels as Release’99

UMTS – to simply consider HSUPA as specific radio bearer types. However, HSUPA scheduling

enables not only the change of transmit power, but the adaptation of transport format to changing

radio environment. Hence, if the level of interference doesnot allow a HSUPA connection with

a given bitrate, it may switch to another, lower bitrate transport format.

Another straightforward step toward more detailed evaluation of joint Release’99-HSDPA

performance is the computation of not only the average, but the distribution of used powers and

customer numbers. One idea to calculate the exact distribution of the power allocated to a user,

from (5.9). However, by examining the expression we may conclude that it is computationally

unattractive. First, the total used power is also present inthe equation (that is dependent on the

distribution we want to determine). On the other hand, the other to own path loss ratios are

summed in the equation, so the convolution of multiple distributions are required. These can

be overcome if we suppose that HSDPA traffic is always present, then the random termP 0
inst

should be replaced with the constant base station powerP 0
0 . On the other hand, the other to own

cell path loss ratio could be approximated by some distribution. In the literature sometimes it is

approximated by lognormal distribution. In this case, the distribution of the sum of these factors
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will be again well approximated by lognormal. The distribution of the orthogonality factor can be

easily determined by variable transformation. This yieldsthat the random terms in the equation

will have closed form distributions, their sum has to be calculated using numerical convolution.

The other option to use PH fitting to the distribution of the sum other to own cell path loss ratios

and the orthogonality factor, in this case the user power distribution will be in hand as having

also a PH distribution. after having the distribution of transmitted power to a typek user, this

will allow the following analysis: determination of the sumRelease’99 power distribution under

any traffic mix and thus the determination of HSDPA power distribution. Having this will allow

the determination of the distribution of HSDPA signal to interference ratio from (5.22). As the

denominator is analysed in the previous step, the last (but not trivial) task is to compute the

distribution of the fraction of the two resultant random quantities. From the random SIR the

mapped random CQI and achievable bitrate follows. This computation will give much deeper

insight into the performance of 3G cellular systems, moreover, it allows the development of an

elaborate queueing model. The skeleton of this queueing modelling could be: the flow of sessions

using any Release’99 radio bearer is supposed to be Poissonian and the used power distribution is

given previously. Than the occupied total power can be analysed by for example the "‘stochastic

knapsack with continuous sizes"’ model [102] to determine the cdf of total occupied power (and

session blocking performance of Release’99 connections).If this continuous handling proves to

be computationally infeasible, than the discretization ofthe power levels and assigning discrete

probabilities to these result in well known loss queueing model. The HSDPA performance is the

analysed as following: supposing that there is a scheduler that provides fair share of the radio

capacity (in terms of bitrate achieved) in all possible states of residual radio resource (power

and codes) the HSDPA is analysed as a processor sharing system, with the average HSDPA

throughput determined for each state. The overall performance is then calculated by summing

up all the results weighted by the state probabilities.

It is inevitable to expand the capacity analysis shown in this dissertation to the recently stan-

dardized radio interface of 3GPP LTE (Long Term Evolution, this system is also often referred

as Enhanced UTRA). The method shown here is applicable more or less directly, if there are

results on the usable transport formats (hence transmission rates) as function of the signal to

interference ratio. Somehow this analysis will be simpler than that of 3G, because of the fact

that users are separated in time and frequency domain, self-interference will not occur in perfect

LTE system. The detailed approach would require the investigation of network topologies with

different frequency allocations (different bandwidths might be used in different cells, these can
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be overlapping as well). In LTE it is an essential requirement from the industry, that frequency

reuse of1 should be able to be used (same bands in neighboring cells). This can be achieved by

means of intelligent scheduling, that avoids the allocation of the same physical resource (carrier

frequency and timeslot) for users dwell near cell borders, as the required high power would cause

high interference. This mechanism – without the detailed knowledge of such operation – should

also be taken into account when investigating neighboring cell interference issues in LTE.
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[C17] Törős István, Fazekas Péter, "Automatic Base Station Deployment Algorithm in Next

Generation Cellular Networks."In: AccessNets 2010: 5th International ICST Conference on

Access Networks.Budapest, Hungary, 2010.11.03-2010.11.05. Budapest: pp.1-14. Paper 2.

(ISBN: 978-963-9995-09-3)

[C18] Albert Mráz, Péter Fazekas, "Effect of Imperfect Channel Estimation on LTE MU-MIMO

120



Performance."In: Paul Cunningham, Miriam Cunningham (editor) Future Network and Mobile-

Summit 2011 Conference Proceedings.Warsaw, Poland, 2011.06.15-2011.06.17. pp. 1-8. Paper

72.

[C19] Mráz Albert, Fazekas Péter, "Analysis of Channel Estimation Imperfections Within the

3GPP LTE Physical Layer."In: Second International Conference on the Network of the Future:

NOF’2011.Paris, France, 2011.11.28-2011.11.30. (IEEE) IEEE
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Appendix B

New scientific results formulated in the

dissertation

Result group 1: Analytical modelling framework of broadband

cellular networks with multi-rate traffic sources

Result 1.1

I have developed a general connection level stochastic modelling framework of a radio cell

of broadband wireless networks. The model has the followingnovel capabilities:

• it incorporates arbitrary connection duration distributions,

• it describes user mobility with arbitrary dwell times

• it models the variability and burstiness of user generated traffic

• it describes immediate rejection and service rate reduction admission policies.

The channel holding time is modelled by a phase type distribution, which is proven to have

descriptors according to

t(N,k) = d(R,k) ⊗ l(R,k) T (N,k) = D(R,k) ⊕ L(k),

whered(R,k), D(R,k) are the descriptors of typek customers’ residual dwell time andl(R,k), L(k)

are the descriptors of the session duration distribution. The service process of the system is
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proven to have phase type service time distribution with descriptors

s(N,k) = t(N,k) ⊗ q(k) S(N,k) = T (N,k) ⊕Q(k),

whereQ(k) is the infinitesimal generator of the Markov chain that describes generated bitrate

pattern of a typek session and the service process defines phase dependent capacity requirements

for the connections.

Result 1.2

I have introduced a general Markovian source model that is able to capture the variability

of generated user bitrate. The novelty of the model is that itdescribes active traffic generation

phases, containing actual transmitted bursts; there can begaps between bursts and bursts may be

transmitted by different bitrates. The model describes inactive phases between active transmis-

sion of a session. The model enables the assumption of arbitrary Phase Type distributed durations

of traffic generation phases and burst lengths. This source model is described by an underlying

Markov chain, characterised by its infinitesimal generatorand initial probability vector

Q =

[

Aeff A0
eff · i

I0 · aeff I,

]

, q = [aeff , i] .

wherei andI are descriptors of the inactive idle periods and

Aeff = A⊕A∗, aeff = a⊗ a∗,

wherea andA are the descriptors of the duration of active transmission periods and

A∗ =















B(1) P12 · B
0
(1) · b(2) ... P1R · B0

(1) · b(R)

P21 · B
0
(2) · b(1) B(2) ... P2R · B0

(2) · b(R)
...

PR1 · B
0
(R) · b(1) ... B(R)















a∗ =
[

p1 · b(1)...pR · b(R)

]

,

whereb(r) andB(r) are the descriptors of the durations of rater bursts,r ∈ 1...R andPr1r2 is the

probability that a burst with rater1 is followed by a burst with rater2. (Section 2.3)
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Result 1.3

I have identified the state space and transitions of the queueing system describing the general

model of broadband cellular networks. I described the statetransitions for immediate blocking

and rate reduction admission policies. (Chapter 3)

Result 1.4

I have shown that the local balance equations of the form

λNαksip(n
∗) +

P
∑

j=1,j 6=i

(n∗
j + 1)Sji · p(n

∗ + ej) =

(n∗
i + 1) · p(n∗ + ei)

(

S0
i +

P
∑

j=1,j 6=i

Sij

)

.

hold within the non-blocking part of the state space. Based on this, I have elaborated the modified

version of the Kaufman-Roberts recursive algorithm for thecalculation of the channel occupancy

probabilityp(m), which I gave as̃p(m) = 0 for m < 0, p̃(0) = 1, and form > 0

p̃(m) =
∑K

k=1

∑

i p̃(m− r
(k)
i )

r
(k)
i

m
F

(k),N
i (m− r

(k)
i ) + p̃(m− r

(k)
i )

r
(k)
i

m
F

(k),H
i (m− r

(k)
i )

and

p(m) = p̃(m)
1

∑C0

m=0 p̃(m)
.

I used this algorithm to obtain approximate results of session level performance parameters of the

modelled system. I compared the analytical results with simulations and found that the accuracy

of the approximation is suitable. (Sections 3.4, 3.5)

Result group 2: Residual lifetime of handover connections in

cellular systems

Result 2.1

I have developed a general method that is applicable to determine the distribution of the

residual session duration of a customer that arrives to a given radio cell with handover. I have

shown that for customers having dwell time distribution with densityg(t) and residual dwell time
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densitygR(t) and session duration distributionF (t), the residual session duration after handover

is given as

FR(t) =
I
∑

i=1

p(i) · F
(i)
R (t),

where

F
(i)
R (t) =

∫∞

0
(F (t+ x)− F (x))g(i)(x)dx
∫∞

0
(1− F (x))g(i)(x)dx

,

and

g(i)(x) = gR(x) ∗ g(x) ∗ ... ∗ g(x).

and

p(i) =
N

(i)
HO

NHO

=

∑

k:H(k,1)≤iBk · Pr(τS > τ (i)) ·
∑

all r(i)(k) Pr(r(i)(k))
∑I

j=1

∑

k:H(k,1)≤j Bk · Pr(τS > τ (j)) ·
∑

all r(j)(k) Pr(r(j)(k))
=

p̂(i)
∑I

j=1 p̂
(j)

.

I have validated the method using computer simulations.(Sections 4.2, 4.4)

Result 2.2

I have developed the method of determining the residual connection lifetime distribution

when user describing time parameters have, or approximatedby phase-type distributions. I have

shown that in case of phase-type session duration, the residual distribution has the same phase

structure, only the initial probability vector changes according to

l
(i)
R =

∫∞

0
l · eLx · g(i)(x)dx

∫∞

0
l · eLx · h · g(i)(x)dx

.

Using computer simulations I have shown that the phase-typeapproximation introduces tolerable

inaccuracy into the method.(Sections 4.2.2, 4.4)

Result 2.3

I have investigated two specific scenarios, the motorway andthe homogeneous cell structure

scenarios and I have shown that the residual session length has the same distribution in these

cases. (Section 4.3)
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Result group 3: Capacity and performance of 3G systems

Result 3.1

I introduced a new interpretation of the average useful capacity of a UMTS radio cell as

RUMTS = N ·

K
∑

k=1

nk · Rbk,

whereN is the average number of scheduled radio interface connections,nk is the ratio of typek

connections,Rbk is the useful datarate of a typek radio bearer. I have developed the calculation

method of this capacity, that is

N =
P 0
avg − P 0

Pil
∑K

k=1 nk · P
0

k

,

whereP 0
avg is the average power used for data transmission,P 0

Pil is the power of pilot and control

channels andP
0

k is the expectation of the power used to serve a typek bearer. The latter should

be calculated as

P
0

k = εk ·
Rbk
Rc

·

(

(1− ρk) · P
0
avg +

∑

b6=0

P b
avg · f

b
k + ηk

)

,

whereεk is the required SINR (Signal to Interference Noise Ratio) level of bearerk, Rc is the

chiprate of the system,ρk is the average orthogonality factor,P 0
avg andP b

avg are the average power

levels of the serving andbth neighbouring base stations,f b
k andηk are the average of the path

loss ratios and relative noise power.

I have shown by means of comparison to the results of snapshotsimulations, that the calcu-

lation method is applicable with reasonable accuracy. (Sections 5.2.2, 5.3.1)

Result 3.2

I have introduced a method that is capable of determining theaverage used power level of a

UMTS Node B, if the average amount of carried traffic is given.The method is composed of the

following steps:

N =
RUMTS

∑K
k=1 nk · Rbk

,

whereRUMTS is the given amount of average carried traffic. Then the linear system

P
0

k = εk ·
Rbk
Rc

·

(

(1− ρk) · (N ·
K
∑

l=1

nlP
0

l + P 0
Pil) +

∑

b6=0

P b
avg · f

b
k + ηk

)

. (B.-18)
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is solved for allP k. The total average used power is then

P 0
avg = N ·

K
∑

k=1

nk · P
0

k + P 0
Pil. (B.-18)

I proposed an iterative method to obtain the average used power level, if the neighbouring (inter-

fering) base stations are modelled as carrying the same amount of traffic. The method consists

of the following steps

• Step 0. Suppose arbitrary level of interfering Node B powers(less than the maximal output

power).

• Step 1. With the given interfering power level solve (B). Determine the used power of the

Node B in question with (B).

• Step 2. Substitute the resultant power level as interferingpower. Repeat step 1 and step 2

until convergence.

(Section 5.2.2)

Result 3.3

I developed a method to analyse HSDPA useful throughput and average cell throughput of

HSDPA services. The method is the following. SINR is determined according to

SIRHS(r, φ) = 16 ·
P 0
HS · L

0
i (r, φ)

(1− ρ(r)) · P 0
inst · L

0
i (r, φ) +

∑

b6=0 P
b
inst · L

b
i(r, φ) + Pnoise

,

whereP 0
HS is the power allocated for HSDPA transmission (considered as remaining power left

unused by Release’99 services),Pnoise is the power of the thermal noise, other quantities are as in

previous equations. It is assumed that SINR is mapped to achievable useful datarate denoted by

Ri(r, φ). The average throughput achievable by a categoryi HSDPA terminal is then calculated

as:

Ri =

∫ R

r=0

∫ 2π

φ=0

Ri(r, φ)gHS(r, φ)dφdr,

wheregHS(r, φ) is the probability density function of the HSDPA user spatial distribution over

the plain. The average HSDPA capacity is

RHSDPA =
12
∑

i=1

Ri · αi,

whereαi is the ratio of categoryi HSDPA devices among all devices. (Sections 5.2.3, 5.3.2)
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Appendix C

Theorems and proofs

C.1 Proof of the existence of local balance equations (3.7)

Theorem The local balance equations (3.7) hold in the non-blocking part of the state space

(and in the whole state space of an infinite capacity system).

Proof.The global balance equation equating the incoming and leaving rates of staten∗ has

the form of

p(n∗)

(

λNαk −
P
∑

i=1

n∗
iSii

)

=
P
∑

i=1

λNαksip(n
∗ − ei) + (C.1)

P
∑

i=1

(n∗
i + 1)S0

i p(n
∗ + ei) +

P
∑

j=1

(n∗
j + 1)

P
∑

i=1,i 6=j

Sijp(n
∗ + ei − ej)

An equivalent local balance equation with (3.7), expressing the balance around staten∗ is

λNαksip(n
∗ − ei) +

P
∑

j=1,j 6=i

(n∗
j + 1)Sjip(n

∗ + ej − ei) = (C.2)

n∗
i p(n

∗)

(

S0
i +

P
∑

j=1,j 6=i

Sij

)

.

Due to the properties of Markov chainsS0
i +

∑P
j=1,j 6=i Sij = −Sii in the right hand side

of (C.2), thus−n∗
iSiip(n

∗) can be substituted into (C.1). After substitution and cancelling the
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obviously equal terms, we arrive to

λNαkp(n
∗) +

P
∑

i=1

P
∑

j=1,j 6=i

(n∗
j + 1)Sjip(n

∗ + ej − ei) = (C.3)

P
∑

i=1

(n∗
i + 1)S0

i p(n
∗ + ei) +

P
∑

j=1

(n∗
j + 1)

P
∑

i=1,i 6=j

Sijp(n
∗ + ei − ej).

The second terms of both sides of this equation are equal, i.e.

P
∑

i=1

P
∑

j=1,j 6=i

(n∗
j + 1)Sjip(n

∗ + ej − ei) =

P
∑

j=1

(n∗
j + 1)

P
∑

i=1,i 6=j

Sijp(n
∗ + ei − ej), (C.4)

since both sides sum up the same quantities but in different orders. Cancelling these terms (C.3)

gets the form

λNαkp(n
∗) =

P
∑

i=1

(n∗
i + 1)S0

i p(n
∗ + ei). (C.5)

Substituting(n∗
i + 1)S0

i p(n
∗ + ei) from (3.7), using that

∑P
i=1 si = 1 and applying the same

argument that was used regarding (B.3), we get

λNαkp(n
∗) = λNαkp(n

∗),

hence the local balance equations of the form (3.7) holds.�

C.2 Alternative proof of the existence of equilibrium distribu-

tion 3.12

As it was stated in Section 3.3 that the queueing system modeldescribed in analogue with a

BCMP network containing infinite server (or type 3) queues, in terms of state transitions and rates

in the non-blocking subspace; considering unbounded system capacity the system is equivalent

with a BCMP network of IS queues. It was derived that the system has the equilibrium probability

distribution of (3.12), whereFi-s are elements ofF from (3.10).

This can be shown from the BCMP point of view, as follows. As inSection 3.3 the states

and transitions considering a classk new connection were described, here we refer to this case

as well. This means that the incoming rate of the corresponding BCMP network isλN · αk. We
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know that the joint queue length distribution of the BCMP network with exponential IS queues

with service rates ofµi has the form of:

p(n∗) =
1

G

P
∏

i=1

(

λi

µi

)n∗

i 1

n∗
i !
, (C.6)

where the individual arrival ratesλi are calculated from the traffic equations, namely

λi = λN · αk · π01 +
P
∑

j=1,j 6=i

λj · πji. (C.7)

Hereπ0i denote the probability that an arrival jumps into queuei andπji is the probability that

a job enters queuei after finishing in queuej. As each queue of this analogous BCMP system

represents a phase of the service time of the system considered (with initial probability vectors

and rate matrixS), the parameters in (B.7) are:π0i = si, πji =
Sji

−Sjj
and in (B.6)µi = −Sii.

Collecting allλ-s in (B.7) into one side and writing the equation into vectorial form, we get:

−λN · αk · s = λ · diag(
1

−Sjj

) · S, (C.8)

whereλ containsλi-s and diag( 1
−Sjj

) is a diagonal matrix containing1
−Sjj

values. From this we

have

λ = −λN · αk · s · S
−1 · diag(−Sjj). (C.9)

Comparing this with (3.10), we see that

λ = F · diag(−Sjj). (C.10)

If we substitute eachλi into (B.6), we get back to the original statement (3.12).
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Appendix D

List of Abbreviations

3GPP - Third Generation Partnership Project

ARQ - Automatic Repeat reQuest

ATM - Asynchronous Transfer Mode

CCPCH - Common Control Physical Channel (UMTS radio interface)

CDMA - Code Division Multiple Access

CIR - Carrier to Interference Ratio

CPICH - Common Pilot Channel (UMTS radio interface)

CQI - Channel Quality Indicator

CTMC - Continuous Time Markov Chain

FDD - Frequency Division Duplex

FTP - File Transfer Protokol

GPRS - General Packet Radio Service

GSM - General System for Mobile communications

HSCSD - High Speed Circuit Switched Data

HSDPA - High Speed Downlink Packet Access

HS-DSCH - High Speed Downlink Shared Channel

HSUPA - High Speed Uplink Packet Access

IP - Internet Protocol

IS - Infinite Server

LTE - Long Term Evolution, the next generation radio interface of 3GPP

MMPP - Markov Modulated Poisson Process

Node B - base station in 3GPP terminology
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OF - Orthogonality Factor

OFDMA - Orthogonal Frequency Division Multiple Access

OVSF - Orthogonal Variable Spreading Factor codes

QAM - Quadrature Amplitude Modulation

QoS - Quality of Service

Release’99, R’99 - 3G network without extensions defined in later standard releases

RNC - Radio Network Controller

SIR - Signal to Interference Ratio

SMTP - Simple Mail Transfer Protocol

SNR - Signal to Noise Ratio

TCP - Transmission Control Protocol

TDMA - Time Division Multiple Access

UMTS - Universal Mobile Telecommunication System

UTRA - UMTS Terrestial Radio Access

UTRAN - UMTS Terrestial Radio Access Network

WATM - Wireless Asynchronous Transfer Mode

WCDMA - Wideband Code Division Multiple Access
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