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The fusion of computers and communications has promised to herald the age 

of information super-highway over high speed communication networks where the 

ultimate goal is to enable a multitude of users at any place, access information from 

anywhere and at any time. This, in a nutshell, is the goal envisioned by the Personal 

Communication Services (PCS) and Xerox's ubiquitous computing. In view of the 

remarkable growth of the mobile communication users in the last few years, the radio 

frequency spectrum allocated by the FCC (Federal Communications Commission) to 

this service is still very limited and the usable bandwidth is by far much less than the 

expected demand, particularly in view of the emergence of the next generation wireless 

multimedia applications like video-on-demand, WWW browsing, traveler information 

systems etc. Proper management of available spectrum is necessary not only to 

accommodate these high bandwidth applications, but also to alleviate problems due 

to sudden explosion of traffic in so called hot cells. 

In this dissertation, we have developed simple load balancing techniques to cope 

with the problem of tele-traffic overloads in one or more hot cells in the system. The 

objective is to ease out the high channel demand in hot cells by borrowing channels 

from suitable cold cells and by proper assignment (or, re-assignment) of the channels 

among the users. We also investigate possible ways of improving system capacity by 

rescheduling bandwidth in case of wireless multimedia traffic. In our proposed scheme, 

traffic using multiple channels releases one or more channels to increase the carried 

traffic or throughput in the system. Two orthogonal QoS parameters, called carried 

traffic and bandwidth degradation, are identified and a cost function describing the 



total revenue earned by the system from a bandwidth degradation and call admission 

policy, is formulated. A channel sharing scheme is proposed for co-existing real-time 

and non-real-time traffic and analyzed using a Markov modulated Poisson process 

(MMPP) based queueing model. 

The location management problem in mobile computing deals with the problem 

of a combined management of location updates and paging in the network, both of 

which consume scarce network resources like bandwidth, CPU cycles etc. An easily 

implementable location update scheme is developed which considers per-user mobility 

pattern on top of the conventional location area based approach and computes an 

update strategy for each user by minimizing the average location management cost. 

The cost optimization problem is elegantly solved using a genetic algorithm. 
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CHAPTER 1 

INTRODUCTION 

Similar to the revolution brought about by microprocessors and later by multipro-

cessing technology in the last two decades, this decade is beginning to experience the 

fruits of yet another technological revolution, called wireless communication and mo-

bile computing. The fusion of computer and communication technologies has promised 

to herald the age of information super-highway over high speed communication wire-

line and wireless networks. The ultimate goal is to enable a multitude of users at any 

place access information from anywhere at any time. Thus, the desire for ubiquitous 

access to information is expected to characterize entirely new kinds of information 

systems and technology as we move into the 21st century. The rapidly emerging 

wireless communications systems based on radio and infrared transmissions, the ad-

vent of such technologies as cellular mobile telephony, personal communications sys-

tems (PCS), wireless PBXs, wireless LANs (local area networks), and the promise of 

broadband ISDN through ATM networks prelude a not-so-distant future realization 

of this goal. The driving force behind the field of mobile computing is also due to 

the commercial availability of hand-held, portable (e.g. laptop, palm-top) comput-

ers and personal digital assistants (PDAs) such as Apple Newton MessagePad and 

PARC Tab. This field has the potential to dramatically change the society as workers 

become untethered from their information sources and communication mechanisms. 

1.1. What is Mobile Computing ? 

Wireless or cellular mobile computing has three essential components - communica-

tion, mobility and portability - which distinguish it from its wire-line counterpart 

(see Figure 1.1). The issues and challenges in mobile computing belong to one of 
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OMMUNICATION 

Figure 1.1: A Venn Diagram for Mobile Computing 

these three components which are not necessarily independent. Wireless communi-

cation aspects deal with efficient bandwidth management and allocation to mobile 

applications attempting to solve the fundamental problem in wireless domain - that 

of low bandwidth availability. The mobility related issues are location management 

for the mobile user, data management, disconnections due to unreliable radio links 

and transmission security. The portability issues are concerned with the design of 

lightweight terminals with limited storage capacity and power consumption and also 

effective user interface design for them. Note that, designing portable computers for 

wireless applications entails consideration of many mobility related issues like discon-

nections due to unreliable links, as well as communication aspects like low bandwidth 

availability. Also, there are significant overlaps between mobility and radio commu-

nication domains, and as we will see later, one cannot be considered independent of 

the other. 

In this dissertation, the portability issues of mobile computing are not being dealt 

with. The focus is mainly on the other two areas - radio communication and mobility 

management. The communication aspects have not been considered from a radio 

frequency (RF) engineer's point of view, but have been used to the extent required 



for developing an algorithmic framework for managing the radio frequency resource, 

which is the underlying thread of continuity for this dissertation work. 

1.2. Issues and Challenges in Mobile Computing 

1.2.1. Bandwidth Management 

In spite of the tremendous growth of the mobile communication users, the frequency 

spectrum allocated by the FCC (Federal Communications Commission) to this ser-

vice in USA is still very limited. In particular, the alloted 824-894 MHz spectrum can 

only accommodate 832 40-KHz communication channels and 42 control channels. Al-

though the 1850-1990 MHz band has recently been auctioned to the personal commu-

nication services (PCS) by the FCC, the amount of usable bandwidth is by far much 

less than the expected demand, which becomes even more prominent with the emer-

gence of and the need to support the next generation wireless multimedia applications 

for roving users with portable computers. Examples include video-on-demand, news-

on-demand, fax, e-mail, WWW browsing and traveler information systems. Proper 

management of available spectrum is necessary not only to accommodate these high 

bandwidth applications, but also to alleviate problems due to sudden explosion of 

traffic in so called hot cells. 

Bandwidth management deals with the efficient allocation of the scarcely available 

radio frequency (RF) spectrum among the various wireless applications run by the 

mobile users in the system. The limitation of the frequency spectrum was felt about 

one and half decade back leading to the concept of cellular architecture [Mac79] as a 

collection of geometric areas called cells (typically, hexagonal-shaped), each serviced 

through an RF transceiver by a base-station (BS). A number of cells (or BS's) are 

linked to a mobile switching center (MSC) which also acts as a gateway of the cellu-

lar network to the existing wire-line networks like PSTN, ISDN, LAN/WAN or the 

Internet. A base station communicates with the mobile stations (or users) through 

wireless links, and with the MSC's through wire-line links. The cellular architecture 



is shown in Figure 1.2. 

Cell WIRE-LINE 
NETWORK 

overlap 
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Mobile Switching Center (MSC) 
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Base Station (BS) 

wireless links 

Figure 1.2: System model of a cellular mobile architecture 

At the heart of bandwidth management in mobile computing is the channel as-

signment problem which deals with how to allocate wireless channels to the cells with 

a goal to maximize the frequency reuse. To this end, many channel assignment strate-

gies have been proposed over the past few years. There is an associated problem with 

channel assignment which is motivated by the non-uniformity of user traffic in differ-

ent cells which may lead to a gross load imbalance in the system. For example, there 

might be a traffic jam in the downtown area of a big city in the late afternoon, and 

the home-bound drivers are just too eager to call home using their cellular phones. 

This is typically known as the hot cell or hot region problem. 

1.2.2. Mobility Management 

There are several fundamental issues involved in mobility management. They are 

outlined here. 



• Location Management is associated with the user mobility. As an user moves 

from one area (e.g. cell, or a subnetwork) to another, his location informa-

tion need to be updated properly so that in case he receives a call, the system 

should be able to page him and track him down within a finite amount of time. 

Both update and paging necessitates exchange of messages to and from the 

system as well as some amount of computation and storage of user location 

data. These are expensive resources from the system's perspective as millions 

of roving users will be trying to use them simultaneously. Hence, an efficient 

location management scheme should be able to keep track of user movements 

with minimal consumption of of both wire-line and wireless resources. Various 

such schemes, seeking to maintain accurate location informations of the mobile 

users by efficient utilization of the system resources like wireless and wire-line 

bandwidth, buffer space, or CPU cycles, have been proposed. A common way 

to implement location management is to partition the entire geographical area 

into zones or location areas (LA) of cells, and maintain accurate informations 

about the current zone of each user. In case of an incoming call, the current 

zone is paged for the user. 

• Data Management deals with location dependent data such as vehicular traffic, 

weather, local yellow pages, data like "where is the nearest gas station", which 

the mobile user may need to access frequently and quickly with the least possible 

consumption of wireless bandwidth and battery power. 

• Disconnections may be either due to communication failures or deliberately 

executed by the mobile user. Disconnected operation is a mode that enables a 

mobile client to continue its operation during temporary suspension of wireless 

connection. The more autonomous the mobile equipment is, the better it can 

tolerate network disconnectivity. 
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• Security is also very important issue in mobile computing because radio trans-

mission is more prone to eavesdropping and fraud than wire-line networks. Use 

of personal identity number (PIN), subscriber identity module (SIM) and en-

cryption of the wireless data are some of the commonly used techniques. 

1.2.3. Portability Management 

Traditionally desktop computer/terminal design has been liberal with respect to di-

mension, power requirements, cabling, and heat dissipation. In contrast, we need 

exactly converse features in mobile terminals. Some of the major challenges faced in 

designing a mobile terminal are: 

• Terminal should be lightweight, portable, and with a long battery life. 

• Power consumption of the terminal should be low. 

• Terminal can have only limited storage capacity. 

• Minimal user interface is provided on the terminal. 

• Cost of the terminal should be low. 

1.3- Contributions of this Dissertation 

In this dissertation, efficient resource utilization techniques are proposed in two impor-

tant areas of wireless mobile computing, namely, bandwidth management and location 

management. Our contributions are summarized below. 

1. Bandwidth Management: 

In this dissertation, we propose to use simple load balancing techniques in cellu-

lar mobile environment to cope with the problem of teletraffic overloads which 

happens when there is suddenly a great demand in one or more hot cells in the 

system. A cell is classified as 'hot' if the number of available channels is less 



than a certain threshold. The primary objective of our approach is to ease out 

the high channel demand in hot cells by borrowing channels from suitable cold 

cells and by proper assignment (or, re-assignment) of the available channels 

among the users. Assuming a fixed channel assignment scheme is available to 

start with, we have proposed a centralized and a distributed channel borrow-

ing schemes, and a channel assignment strategy as part of our load balancing 

algorithm. Performance of our algorithm is analyzed using simple birth and 

death Markov models and detailed simulation experiments. Comparisons with 

other existing schemes show significant improvement of performance in case of 

a highly loaded system. 

We also propose another load balancing scheme to cope with the problem of 

traffic overloads in a hot spot which is a region of adjacent hot cells. A hot 

spot is conceived as a stack of hexagonal 'Rings', each containing at least one 

hot cell. In our load balancing approach, a hot cell in 'Ring i' borrows channels 

from its adjacent cells in 'Ring i+1' with the help of a channel demand graph, to 

ease out its high channel demand. This structured lending mechanism decreases 

excessive co-channel interference and borrowing conflicts, which are prevented 

through channel locking in other schemes. A probabilistic analysis model for 

our system incorporating load balancing is proposed and extensive simulation 

experiments are conducted to compare our scheme with other existing schemes. 

While load balancing strategies attempt to eliminate teletraffic imbalances in 

the system by resource (channel) migration, we investigate possible ways of 

improving system capacity by rescheduling bandwidth in case of wireless mul-

timedia communication systems, in which certain classes of traffic use multiple 

channels for a single high bandwidth application. In our proposed scheme, traf-

fic using multiple channels releases one or more channels to increase the carried 

traffic or capacity of the system, thereby undergoing graceful degradation. A 

framework for modeling QoS degradation strategies for real-time and non-real-
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time multi-media traffic is proposed. Two orthogonal QoS parameters, called 

carried traffic and bandwidth degradation, are characterized and a function de-

scribing the total revenue earned by the system from a bandwidth degradation 

policy is formulated. This cost function model is then extended to incorporate 

a call admission policy. Detailed simulation experiments are conducted to vali-

date the proposed model. In most systems, the real-time traffic has preemptive 

priority over the non-real-time traffic. As more real-time traffic vies for band-

width, the already existing non-real-time traffic are preempted and buffered for 

future rescheduling which is dynamically adjusted against bandwidth availabil-

ity. A novel channel sharing scheme is proposed for co-existing real-time and 

non-real-time traffic and analyzed using a Markov modulated Poisson process 

(MMPP) based queueing model. A suitable QoS metric called the average queue 

length for non-real-time traffic, is derived from the model which is also validated 

by simulation experiments. 

For wireless systems requiring contiguous spectrum allocation to high band-

width traffic, a new approach called bandwidth compaction (similar to memory 

compaction in operating systems) is proposed for efficient utilization of the 

available spectrum. 

2. Location Management: 

An optimal and easily implementable location update scheme is proposed which 

considers per-user mobility pattern on top of the conventional zone (LA) based 

approach. Most of the practical cellular mobile systems partition a geographical 

region into location areas (LAs) and users are made to update on entering a 

new LA. The main drawback of this scheme is that it does not consider the indi-

vidual user mobility and call arrival patterns. Combining per-user mobility and 

call arrival patterns with the LA-based approach, we have proposed an optimal 

update strategy which determines whether or not a user updates in each LA. 



The update strategy minimizes the average location management cost derived 

from a user-specific mobility model and call generation pattern. Thus, the user 

updates in certain preselected location areas called reporting areas. The loca-

tion management cost optimization problem is elegantly solved using a genetic 

algorithm. Detailed simulation experiments are conducted to capture the ef-

fects of mobility and call-arrival patterns on the location update strategy. The 

experimental results clearly demonstrate that for low user residing probability 

in LAs, low call arrival rate and high update cost, skipping location updates in 

several LAs leads to minimization of the overall location management cost. 

1.4. Chapter Organization 

The rest of this dissertation is organized as follows. Chapter 2 gives an overview of the 

various bandwidth allocation schemes with or without load balancing considerations. 

Our load balancing strategies for hot cell problem are detailed in Chapter 3, which 

also includes performance analysis using probabilistic models and simulation. A load 

balancing scheme for a cluster of hot cells (or a hot region) is described in Chapter 

4. Chapter 5 introduces the Quality-of-Service issues for the next generation wireless 

multimedia applications. Our QoS provisioning algorithms, using bandwidth degra-

dation and call admission policies for both real-time and non-real-time calls as well 

as a novel approach called bandwidth compaction, are also detailed in the same chap-

ter. In Chapter 6, we develop a new selective location update scheme for individual 

user using the conventional location area infratsructure in already deployed wireless 

systems. The scheme proposes to optimize both wireline and wireless resources and 

is implemented using a genetic algorithm. Chapter 7 concludes this dissertation with 

a summary and directions of future research. 



CHAPTER 2 

THE CHANNEL ASSIGNMENT PROBLEM 

In spite of the tremendous growth of the mobile communication users, the frequency 

spectrum allocated by the FCC (Federal Communications Commission) to this ser-

vice in USA is still very limited. In particular, the alloted 824-894 MHz spectrum can 

only accommodate 832 40-KHz communication channels and 42 control channels. Al-

though the 1850-1990 MHz band has recently been auctioned to the personal commu-

nication services (PCS) by the FCC, the amount of usable bandwidth is by far much 

less than the expected demand, which becomes even more prominent with the emer-

gence of and the need to support the next generation wireless multimedia applications 

for roving users with portable computers. Examples include video-on-demand, news-

on-demand, fax, e-mail, WWW browsing and traveler information systems. Proper 

management of available spectrum is necessary not only to accommodate these high 

bandwidth applications, but also to alleviate problems due to sudden explosion of 

traffic in the so called hot cells. In a practical wireless system, a channel is defined 

to be a fixed block of communication medium such as (time slot, carrier frequency) 

tuple in the narrow band TDMA systems or simply a fixed block of radio frequency 

bandwidth as in FDMA systems. 

Since frequency channels are a scarce resource in a cellular mobile system, many 

schemes have been proposed to assign frequencies to the cells with a goal to maxi-

mize the frequency reuse. They can be broadly classified as fixed or static [Mac79, 

ESG82, ZY89], dynamic [CR73, ZY89] and flexible or hybrid [TI88, ZY89] assignment 

schemes. 

In the fixed assignment (FA) schemes, a set of channels are permanently allocated 

to each cell, which can be reused in another cell, sufficiently distant, such that the 

co-channel interference is tolerable. Such a pair of cells is called co-channel cells. 
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In one type of FA scheme, clusters of cells, called compact patterns, are formed by-

finding the shortest distance between two co-channel cells [Mac79]. Each cell within 

a compact pattern is assigned a different set of frequencies. The advantage of an FA 

scheme is its simplicity, but the disadvantage is that if the number of calls exceeds 

the number of channels assigned to a cell, the excess calls are blocked. Variations of 

FA generally use channel borrowing methods [ESG82, TJ91], in which a channel is 

borrowed from one of the neighboring cells in case of blocked calls, provided that it 

does not interfere with the existing calls. 

In dynamic assignment schemes, there is a global pool of channels from where 

channels are allocated on demand. A channel assignment cost function is computed 

and the channel with the minimum cost is assigned. For example, a channel can be 

selected for allocation from the global pool if it allows the minimum number of cells 

in which that channel will be locked. Flexible channel assignment (FCA) schemes 

combine the concepts of both fixed and dynamic strategies, whereby there is a fixed 

set of channels for each cell, but channels are also allocated from a global pool in case 

of shortage. 

In this chapter, the compact pattern based fixed assignment scheme is first intro-

duced. Various borrowing strategies as variations of this scheme are also discussed. 

Then we describe two major schemes proposed in the literature to include load bal-

ancing as one of the major criteria in the assignment strategies. 

2.1. Fixed Assignment Scheme Using Compact Pattern 

In the fixed assignment scheme, a set of frequencies is statically allocated to each 

cell and the same frequencies are reused in another cell sufficiently far apart such 

that the co-channel interference is negligible. The minimum distance at which the 

frequency can be reused with no interference is called the co-channel reuse distance. 

The signal-to-interference ratio is an index of channel interference. The objective is 

to maximize the reuse of the assigned frequencies under the constraints of co-channel 
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Compact 
Pattern 

Co-channel 

Cells 

Shift parameters: i = 3, j = 2 

Figure 2.1: Determination of co-channel cells 

Two parameters i and j, called shift parameters, are first determined This is 

illustrated in Figure 2.1. Starting from any cell, move i cells along any one of the six 

emanating chains of hexagons, turn clock (or counter-clock)-wise by sixty degrees and 

then move j cells along the chain. The destination cell is the nearest co-channel cell 

of the originating cell. For each cell, there are two sets of six nearest co-channel cells, 

depending on the clockwise and anti-clockwise moves. By repeating this pattern, 

clusters of cells are formed in which each cell is assigned a different set of frequency 

channels. Such a cluster is called a compact pattern. 

The number of cells in a compact pattern is given by NQP = i2 + ij + j2, which 
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determines the number of different channel sets to be formed [Mac79]. If Dec is the 

Eucledian distance between two nearest co-channel cells and Rceu is the cell radius, 

the co-channel reuse ratio is defined as Dcc/Rceii• Now = \/3NCp for hexagonal 

cells [Lee96]. The signal-to-interference ratio, S/I « ^ c c^ c ' "^4 , in most practical 

systems. If the minimal allowable S/I is known, DCc/Rceii can be easily determined 

and hence the size of the compact pattern in terms of i and j. 

Various graph coloring techniques have also been used to solve the frequency as-

signment problem optimally, i.e. to maximize reuse of the available frequency chan-

nels. An alternative approach using simulated annealing has been suggested recently 

[DKR93]. Although the fixed assignment schemes perform well under heavy traffic 

conditions, one major drawback is that if the number of calls exceeds the channel 

set for the cell, the excess calls are blocked until channels become available. To cope 

with this situation, strategies have been proposed to borrow channels from other 

neighboring cells [ESG82, TJ91]. 

2.2. Borrowing Strategies 

• Simple Borrowing: This variant of the fixed assignment scheme proposes 

to borrow a channel from neighboring cells provided it does not interfere with 

the existing calls. The borrowed channel is locked in those co-channel cells of 

the lender, which are non-co-channel cells of the borrower. Since channels are 

locked, system performance suffers under heavy traffic conditions. 

• Hybrid Borrowing: In this variant, the fixed channel set assigned to a cell 

is divided into two groups, one for local use only and the other for lending 

channels to neighboring cells on demand. The number of channels in each 

group is determined apriori depending on the history of traffic conditions. 

• Channel Ordering: This is an extension of the hybrid scheme, where the 

number of channels in the two groups can vary dynamically depending on traffic 
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conditions. Each channel is ordered such that the first channel has the highest 

priority of being locally used, and the last channel has the highest priority of 

being borrowed. The ordering may change according to the traffic pattern. A 

released higher order channel is relocated to an ongoing call in a lower order 

channel, so as to reduce locking of the borrowable channels. 

2.3. Frequency Assignment Schemes with Load Balancing 

There is an associated problem with channel assignment which is motivated by the 

non-uniformity of user traffic in different cells which may lead to a gross load imbal-

ance in the system. For example, there might be a traffic jam in the downtown area 

of a big city in the late afternoon, and the home-bound drivers are just too eager to 

call home using their cellular phones. This is typically known as the hot cell or hot 

region problem. It has been seen in already deployed systems that, in highly con-

gested areas of a modern city, there can be up to 40% call blockade due to channel 

(carrier) unavailability. Under these circumstances, load balancing or sharing should 

be an intrinsic part of the channel assignment schemes. The schemes described next 

attempt to alleviate this non-uniformity of traffic demand which might affect the 

system performance to a significant extent. 

2.3.1. Directed Retry 

The directed retry scheme due to Eklundh [Eklun86] assumes that the neighboring cells 

overlap and some of the users in the overlapping region are able to hear transmitters 

from the neighboring cells almost as well as in their own cell. If there is a channel 

request from a subscriber and there is no free channel, then the subscriber is requested 

to check for the signal strength of the transmitters in the neighboring cells. If a 

channel from a neighboring cell with adequate signal strength is found, the call is set 

up using that channel. If no such channel is found, the call attempt fails. 

To alleviate this drawback, Karlsson and Eklundh [KE89] proposed to incorporate 
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load sharing by treating subscribers differently based on whether they are able to hear 

more than one transmitter. Whenever the base station finds more than a certain 

number of channels occupied, it requests the users to check for the quality of the 

channels in the neighboring cells. If some of the users report that they are able to 

receive transmission from neighboring cells adequately well, a search for free channels 

begins in those cells and an attempt is made to move as many subscribers to those 

cells as possible. There is no concept of borrowing channels from neighboring cells 

but subscribers are simply moved from one cell to another by the process of hand-off 
1. If no subscriber finds an adequate channel to setup or switch a call to, the base 

station tries to find a free channel in the original cell or let the call proceed as usual. 

Although this load sharing scheme increases the number of potential channels to 

a certain extent, the main disadvantages are the increased number of hand-offs and 

the co-channel interference. Also since a user has to be in the bordering regions of 

neighboring cells in order to be a potential candidate for a hand-off, it puts a severe 

constraint on the efficacy of the algorithm to share load. The bordering region of two 

cells can be very small which reduces the probability that a sufficient number of users 

can be found in those regions to carry the load over to the neighboring cells in case 

of a drastic increase of the channel demand in a cell, as might happen in the so called 

hot cells. Some of the neighboring cells may themselves be hot, in which case it may 

not be a good idea to transfer load between them. 

2.3.2. Channel Borrowing without Locking (CBWL) 

In the CBWL scheme, Jiang and Rappaport [JR94] proposed to use channel borrowing 

when the set of channels in a cell gets exhausted, but to use them under reduced 

transmission power. This is done to avoid interference with the other co-channel 

cells of the lender using the same frequency. Channels can be borrowed only from 
1A user, communicating via a channel in a cell, finds channel quality very poor and switches over 

to a new channel. 
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adjacent cells in an orderly fashion. The set of channels in a particular cell is divided 

into seven groups. One group is exclusively for the users in that cell, while each of 

the six other groups caters for channel requests from one of the neighboring cells. 

This structured lending mechanism decreases excessive co-channel interference and 

borrowing conflicts, which are prevented through channel locking in other schemes. 

If the number of channels in a channel-group gets exhausted, a subscriber using one of 

the channels can be switched to an idle channel in another group, thereby freeing up 

one in the occupied group. Since borrowing channels are transmitted at low power, 

not all users (within range) are capable of receiving them. If such a user finds all the 

channels occupied, an ordinary user using regular channel can handover its channel 

to the former while itself switching to a borrowed channel if available. This particular 

variation is called CBWL with channel rearrangements or CBWL/CR. 

The CBWL scheme has some advantages over the dynamic and flexible assign-

ment, because channel utilization is increased without channel locking. But one 

serious drawback of the reduced power transmission strategy is that not all users 

are in the right zone all the time for borrowing channels if the need arises. The 

CBWL/CR attempts to solve this by channel reassignments thereby increasing the 

number of intra-cellular hand-offs. Also since only a fraction of the channels in all the 

neighboring cells is available for borrowing, this coupled with the previous drawback 

can seriously affect the performance in case of hot cells. For example, if there exists 

a cluster in which a hot cell is surrounded by six other hot cells, then the CBWL 

scheme performs very poorly for the hot cell in the center, since no channel is avail-

able for borrowing. Additionally, the limitation on the number of channels available 

for borrowing places severe restriction on the system performance if at least some of 

the neighboring cells are hot as well. 

The above mentioned problems in the directed retry with load balancing or CBWL 

scheme are magnified when the channel demand is very high, e.g. in a hot cell. The 

load balancing schemes which we are going to propose in the next two chapters 
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overcome these problems when the channel demand is prohibitively high in some cells 

and comparatively low in others. The experimental results show that in an overloaded 

cellular environment with a large number of hot cells, our scheme exhibits a significant 

performance improvement over the other existing schemes in terms of reduction in 

the call blocking probability. 

2.4. Summary 

In this chapter, various schemes for the channel assignment problem are introduced. 

The problem of high traffic demand in certain cells at certain parts of the day, leading 

to the formation of hot cell or hot spot is described. A few schemes which lead to 

load balancing or sharing in such a cellular mobile environment are summarized from 

the existing literature. Some specific drawbacks of these schemes, which motivated 

the load balancing schemes proposed in the next two chapters of this dissertation, are 

also discussed. 



CHAPTER 3 

LOAD BALANCING STRATEGIES FOR THE HOT CELL PROBLEM 

While the motivation behind any assignment strategy is the better utilization of 

the available frequency spectrum with the consequent reduction of the call blocking 

probability in each cell, not much attention [Eklun86, KE89, JR94] has been paid on 

the problem of non-uniformity in traffic demand in different cells which may lead to 

a gross imbalance in the system performance. As in the example discussed earlier, a 

situation might arise where there is a traffic jam in the downtown area of a big city 

after a big football game and the mobile users are just too eager to call home, making 

a few cells heavily loaded. It is desirable that the system is able to cope with such 

traffic overloads in certain cells. We will designate those cells as 'hot, in which the 

traffic demand exceeds a certain threshold value at any time instant. Otherwise, they 

will be denoted as lcol(F. In the next section, we shall give a more formal definition 

of hotness and coldness of a cell. 

Fixed assignment schemes, by themselves, are unable to handle the hot cell prob-

lem [JR94] as the number of channels assigned to each cell cannot be changed, 

although they usually perform better under heavy traffic conditions than dynamic 

schemes. Dynamic assignment schemes are expected to cope better with traffic over-

loads to a certain extent, but on high demands the computational overheads deceive 

the purpose of the scheme. Flexible schemes will face the same problem as they are 

basically reduced to dynamic schemes on high channel demand, presumably after the 

fixed channel sets get exhausted. 

Two schemes - directed retry with load balancing [KE89] and channel borrow-

ing without locking [JR94] - brings load sharing into consideration while assigning 

channels. Their relative merits and demerits have been discussed in Chapter 2. The 

problems in the directed retry or CBWL schemes are magnified in the presence of a 
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hot cell. Our load balancing scheme proposes to alleviate these problems when the 

channel demand is prohibitively high in some cells and comparatively low in others. 

The experimental results show that in an overloaded cellular environment with a large 

number of hot cells, our scheme exhibits a significant performance improvement over 

the other existing schemes in terms of reduction in call blocking probability. 

In this chapter, we propose and analyze a centralized and a distributed load bal-

ancing scheme for cellular mobile architecture. Such implementations form a novel 

approach for load balancing in the channel assignment problem in mobile computing. 

Each of these schemes consists of two parts - (i) a resource migration (channel bor-

rowing) algorithm and (ii) a resource allocation (channel assignment) algorithm. Our 

load balancing architecture is described in Section 3.1. In Section 3.2, the new load 

balancing schemes, a centralized and a distributed version of the same basic scheme, 

are described in detail. The proposed scheme is analyzed using a Markov model and 

some numerical results are given in Section 3.3. Section 3.4 describes the simulation 

experiments in detail. The performances of the centralized and distributed versions 

of our load balancing scheme are also compared in the same section. A comparison 

of the new scheme with two of the existing ones, namely, directed retry and CBWL, 

is laid down in Section 3.5. 

3.1. Load Balancing Architecture 

The high level architecture for our load balancing scheme is as in Figure 1.2. A 

given geographical area consists of a number of hexagonal cells, each served by a base 

station. The base station and the mobile users communicate through wireless links 

and form small localized wireless networks. A group of cells are again served by a 

mobile switching center (MSC), each of which also acts as a gateway for the wireless 

networks to the base stations. The MSC's are connected through fixed wire-line 

networks. 

Each cell is statically allocated a fixed set of C channels according to a compact 
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pattern based fixed assignment scheme. Let us now classify the cells and also the 

mobile users in a cell. 

3.1.1. Cell Classification 

A cell can be classified as hot or cold according to the value of its degree of coldness, 

which is defined as 

_ number of available channels _ number of available channels 
0 total number of channels C 

If dc < h, where h > 0 is a fixed threshold parameter, the particular cell is 

hot, otherwise it is cold. Typical values of h are 0.2, 0.25 etc., and determined by 

the average call arrival and termination rates, and also by channel borrowing rates 

from other cells. The usefulness of the parameter h is to keep a subset of channels 

available so that even when a cell reaches the hot state, an originating call need not 

be blocked. When a cell reaches a 'hot' state, it merely serves as a warning that 

the available resource (i.e. channel) in that cell has reached a critical low point and 

migration of resources is necessary to mitigate the pressure which might arise due to 

a sudden traffic explosion. 

3.1.2. User Classification in a Cell 

The mobile users in a cell are classified as one of three types - new, departing or 

others. 

• A user is new if it is in the current cell for a period less than rnew time units. 

• A departing user is one who is within the shaded region bordering an hexago-

nal cell A as shown in Figure 3.1, and receiving a steadily diminishing signal 

strength from the base station of A for the last a d time units, where ad < rnew. 

The width, rp, of the shaded region determines the probability of finding an 

user in that region. 
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RSS = received signal strength 
Rt = some threshold 

Start timer to count alpha time units 

Classify user as "departing" in A 

Classify user as "new" in D 

Start timer in B to count tau time units 

(classify user as "others" in D 

RSS from A over Rt 

RSS from A below threshold Rt 

RSS from B greater than RSS from A 

Reset timers. 

Classify user "others" in A 

Figure 3.1: Classification of users in a cell 

• A user who is neither 'new' nor 'departing' will be classified as others. 

The class of a user is determined as follows by the base station (BS) controlling it. 

The BS periodically monitors the quality of the received signal strength (RSS) from 

each user through special control channels. Whenever a user enters a new cell, BS 

designates it as a 'new' user and starts a timer for rnew time units. The user remains 

'new' if its state does not change over this period of time. 

If the RSS from a mobile user is less than a certain threshold value, it means that 

the user is within one of the shaded peripheral regions in the boundary of a cell (refer 

to Fig. 3.1). If a 'new' or 'others' type of user is within one of the peripheral regions 

and its signal strength begins to diminish, the BS starts another timer for ay time 

units. If the signal strength continues to decrease for the next ad time units as well, 

the user is classified as 'departing'. If within this time period, the signal strength 

stops diminishing, the counter is reset and the user's state remains unchanged. 

As defined earlier, a user who is neither 'new' nor 'departing' is classified as 

'others'. A 'new' user who remains in that state for rnew time units, is converted to 

'others' at the end of the period. A 'departing' user will change its status to 'others' 
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if the RSS from the user stops decreasing for over three time periods (of duration 

a) as monitored by the BS. An user can never be converted from the 'departing' or 

'others' class to the 'new' class. 

3.2. Load Balancing with Selective Borrowing (LBSB) - A New Scheme 

In this section, first our channel borrowing strategy is described in detail. This 

includes (i) derivation of a lender cell selection criteria, and (ii) computation of 

certain channel borrowing parameters, such as the number of channels to borrow, the 

width of the peripheral region, and the destination cell of a 'departing' user. Then a 

centralized and a distributed implementation of the channel borrowing algorithm are 

described. The performances of these two implementations are compared based on 

the number of messages exchanged and the running times (speedup). 

Dynamic load balancing is commonly used in processor scheduling in distributed 

systems to achieve better processor utilization [WLR93]. Such a scheme can be either 

centralized or decentralized. In centralized schemes, there is one central server running 

the load balancing algorithm either periodically or on demand from certain number 

of processors. When a processor (or group) becomes overloaded, it sends a message 

to the server to initiate load balancing in the demand-driven scheme. In the periodic 

scheme, processors have to wait for the server to initiate load balancing. The problem 

with centralized schemes is that much depends on the central server and maintaining 

continuous status information of the processors may lead to enormous update of traffic 

as well as computational overheads. 

In decentralized (or distributed) schemes, each processor is capable of running 

the load balancing algorithm whenever it gets overloaded. After the necessary task 

migrations, each processor updates its individual status and obtains the status of 

other processors in the system through polling. In such schemes, a lot of overhead is 

incurred from the large number of messages needed to exchange status information by 

the processors. Also each processor should be capable of running the load balancing 
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algorithm when required. 

In this chapter, we propose and analyze a centralized and a distributed load bal-

ancing scheme for cellular mobile architecture. Each of these schemes consists of two 

parts - (i) a resource migration (channel borrowing) algorithm and (ii) a resource 

allocation (channel assignment) algorithm. In the centralized scheme, the resource 

migration algorithm runs centrally in an MSC server, while in the distributed scheme, 

a distributed resource migration algorithm runs in all the base stations. It is the 

resource migration algorithm which distinguishes the centralized scheme from the 

distributed one. The resource allocation algorithm, on the other hand, is common to 

both the schemes and runs locally in each base station whenever there is a resource 

demand. 

The centralized resource migration algorithm is run periodically by a server resid-

ing in the MSC in charge of a group of cells. This means that this scheme is applied 

only to a few cells implying that the load on the central server would not be too 

high. It is the task of the base stations to update the server about the current degree 

of coldness of the corresponding cells. On the other hand, the distributed resource 

migration algorithm is triggered by a base station as soon as its cell reaches the hot 

state. Here the base stations exchange messages among themselves concerning the 

degree of coldness, cell distance etc. and all these messages are routed through the 

MSC. Hence the MSC, in the distributed load balancing scheme, acts mostly as a 

basic router. 

3.2.1. Basic Idea of Channel Borrowing in LBSB 

The underlying idea is the migration of channels from the cold cells to the hot ones. 

A cold cell is not allowed to borrow channels from any other cell. Similarly, a hot 

cell cannot lend any channel to another cell. The privilege of borrowing channels is 

strictly limited to hot cells and the 'departing' users in such a cell will have the highest 

priority of using the borrowed channels. Also a certain fixed number of channels need 
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to be borrowed to relieve pressure from hot cells. When a cell is hot and channel 

migration is needed, channels are borrowed from some cold cells and stored in the 

available channel set of the borrower cell as borrowed channels. How these available 

channels are assigned to the users in a cell to maximize resource utilization is the 

problem of resource allocation. Under suitable conditions, borrowed channels are 

re-assigned to 'departing' users in the cell and the local channels which they were 

using are returned to the available channel set. Thus the channel set of the hot cell 

is replenished. 

When a channel is borrowed from a cold cell, in order to avoid co-channel inter-

ference with the borrower cell, the borrowed channel has to be locked not only in the 

lender cell but also in its co-channel cells which are non-co-channel cells to the bor-

rower. This group of cells might in turn include some hot cells where locking channels 

will be detrimental to our purpose of load balancing. We counter this drawback as 

follows. 

1. Each cell will still have a limited number of available channels (h • C) when it 

reaches the hot state, so total call blockade will not result immediately. But 

conditions can become precarious soon. 

2. Since a channel is borrowed in most cases by a 'departing' user from a hot cell, 

the duration of borrowing (and hence, locking) for a channel is expected to be 

low. Two cases may arise: 

• Departing user going towards a cold cell: In this case, the departing 

user usually borrows a channel from the destination cold cell and this 

channel being local to the destination cell, gets unlocked as soon as the 

user does a hand-off. This is a form of soft hand-off scheme and also a new 

channel is not required for the incoming user. 

• Departing user going towards a hot cell: In this case, the departing 

user borrows a channel from a particular cold cell satisfying some borrowing 
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conditions which are detailed in the next subsection. This 'departing' user 

soon becomes a 'new' user in the destination hot cell, where the available 

channel set is continuously being replenished by the local channels released 

by 'departing' users as they are re-assigned borrowed channels (Type 2 

channel re-assignment). Some of these local channels are re-assigned to 

the 'new' or 'others' users carrying borrowed channels in order to release 

them (Type 1 channel re-assignment). 

The reason why borrowed channels are assigned to 'departing' users with the highest 

priority in a hot cell is that they have the highest probability of crossing over to 

another cell and releasing the borrowed channels. 

3.2.2. Parameter Computations 

Channels are borrowed by a hot cell only from suitable cold cells within the compact 

pattern as discussed in Chapter 2. There are three parameters which determine the 

suitability of a cold cell as the potential lender, L. 

• Coldness: The ratio of the number of available channels in a cell L to the total 

number of channels allocated to L determines the degree of coldness, dc(L), of 

that cell. It is a desirable property of any lender cell, the colder the cell the 

better. The coldest cell is analogous to the most lightly loaded processor in a 

distributed computing system and most often it is the best choice to migrate 

tasks to. Certainly, in our load balancing schemes this is not the sole criterion 

behind the determination of an appropriate lender. 

• Nearness: This parameter is given by the cell-distance D(B, L) between the 

borrower (hot) cell B and the lender cell L. It is desirable to have the lending 

cell as close to the borrowing cell as possible (the immediate neighbors being 

the most preferred) to decrease the message latency in the wire-line network. 
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• Hot cell channel blockade: This is another important parameter affecting 

the choice of the lender cell. The co-channel cells of the lender might contain 

certain number of hot cells where the borrowed channel has to be locked in 

order to avoid co-channel interference with the borrower cell, B. It is desirable 

to keep the number of such channel locking as low as possible in hot cells where 

channels are already a scarce resource. The number of hot co-channel cells of 

the lender cold cell, which are non-co-channel cells of the borrower, is denoted 

by H(B,L). 

Selection Criteria for Borrower and Lender Cells 

For a user in a hot cell, a channel is borrowed from a cold cell such that the state of 

the cold cell is not altered. This means that after lending a channel to another cell, 

the degree of coldness, dc, for that cell should not be equal to h, i.e. the cold cell 

should not become hot when a channel is reduced from its available channel set. We 

call this as the basic borrowing criterion. 

Let B be a hot cell (borrower) which needs to borrow channels from cold cells. The 

set of cold cells in the compact pattern CP with B as the center cell (henceforth we 

will refer it as the compact pattern of B), are all probable candidates for borrowing 

a channel from. Let L be a probable candidate cell in CP for lending a channel. 

We select that cold cell as the lender whose parameters maximize the value of the 

following function 

F(B, L) = D^,L) 
RCP * 7 ^ 

Thus, the objective is to find a lender cell with a high degree of coldness, dc{L), 

close to the borrower cell, i.e. low D(B,L), and having a low value of H(B,L), 

i.e. fewer hot cell channel blockade. Here RCP denotes the radius of the compact 

pattern in terms of cell distance which means 1 < D(B, L) < RCP. Also 0 < 

H(B, L) < 6 holds for hexagonal cellular geometry. Hence, the factors RCp and 7 in 

the denominator are used for normalization purposes. 
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Destination Cells for 'departing' Users 

A 'departing' user listens to the transmissions of all the nearby base stations. The 

RSS from the current base station will be the highest. The next best signal strength 

is received from the closest neighboring cell of the user, towards which it is probably 

heading. We call it the destination cell for the user. A 'departing' user updates the 

base station about its current destination cell. 

Thus, for each 'departing' user, the base station keeps track of which destination 

cell it is heading to. The six neighboring cells of any particular hot cell, B, are 

sequentially numbered from 1 to 6. The number of 'departing' users in B heading 

towards the ith neighboring cell is stored in an array, NumDepart[i\. 

A borrowed channel will be re-assigned to a 'departing' user with the highest 

priority. To make this scheme useful, we follow a directed borrowing strategy. This is 

an extension of the directed hand-off strategy described in [KE89], where the users 

in the overlapping regions are handed over to the neighboring cells. In our scheme, 

the channels borrowed from the «th neighboring cell are re-assigned to the 'departing' 

users heading towards that cell. This is useful because of the following reasons: 

1. This is a form of soft hand-off1 scheme. The mobile user does not have to re-

tune to a new channel after hand-off, as it can continue using the same channel 

in the new cell. 

2. When a channel is borrowed by the user from its destination cell, it is assumed 

that the user will reach there in no time and release all the locked channels. So 

the channel locking time in most cases will be low. 

3. The cell-distance of any destination cell from the borrower cell is 1, which is 

optimal. 

1user acquiring a new channel before the current channel becomes unusable. 
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Number of channels to borrow 

Let us define a parameter called the average degree of coldness of a cell, d®V9, which is 

computed by the MSC as the arithmetic mean of the dc's of all of its cells over a certain 

period of time. In general, d™9 is the degree of coldness which every hot cell tries to 

achieve through channel migration from cold cells. Therefore, we can estimate the 

number of channels a hot cell needs to borrow, assuming that the number of available 

channels in the cell is h • C. 

Let X be the required number of channels to be borrowed. This leads to an 

increase in the number of available channels by the same margin. Hence, 

d»9 = h£&Lt y i e W i n g 

x=\ C-(dr-h)l 

Of course, we have not specified yet how to estimate h, the threshold value of the 

degree of coldness of a cell where it turns hot from cold. To summarize, a hot cell 

needs to borrow X = \C • (da
c
v° - h)] number of channels from other cold cells. 

Width of Threshold Region for 'departing' Users 

As depicted in Figure 3.1, let rp be the width of the shaded region on the boundary of 

a hexagonal cell with radius R. Assuming rp « R, the area of the shaded region can 

be approximated by p • rp, where p is the cell perimeter. If the call originating rate 

is assumed to follow a uniform spatial distribution within a cell, then the number of 

departing users making calls is given by •p-rp, where is the density of mobile 

users (in a cell) making calls. If we confine the use of borrowed channels to the set 

of departing' users only, then Kd-p-rp> X. Thus, a lower bound on rp is given as 
rP ~ Kdp • 

3.2.3. A Centralized Channel Borrowing Algorithm 

The MSC periodically sends a message to each cell x in the region requesting two 

parameters, namely, dc(x) and Kd. If there is any hot cell in the region, determined 
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by the values of dc(:r)'s, the MSC needs to run the channel borrowing algorithm. As 

an initialization step, the MSC computes the following parameters. 

The parameter, H, can be computed for each cell once all the dc's are known 

followed by the computation of d™9. The value of h is computed once and for all 

at the MSC due to (i) the small range of variation of h, and (n) the computation 

intensive nature of evaluating h. The values of the global parameters like C (fixed 

number of channels initially assigned to each cell), p (cell perimeter), d™9 and h and 

the obtained local parameter Kd are used to estimate the value of rp (width of the 

threshold region) for each cell x, which is then conveyed to x by the MSC. Each 

hot cell B uses this parameter to compute the array, NumDepart, which stores the 

number of users departing from B and entering the neighboring cell. The value of X 

is computed at the MSC using the parameters d™9, h and C. 

The centralized channel borrowing algorithm, which runs at the MSC once for 

each hot cell, is outlined below. 

Step 1: Send a message to the hot cell requesting the array NumDepart. Receive 

NumDepart from the hot cell. 

Step 2: Select those neighboring cells of the borrower cell B as the probable lender cells, 

which are cold and and for which there are non-zero NumDepart entries. Order 

the candidate cells according to the decreasing values of the function F(B,L) 

for each probable lender cell L. 

Step 3: For each cell i in the listed order, continue borrowing channels until either 

the basic borrowing criterion is violated, or the number of borrowed channels 

NumDepart[i]. Lock each lended channel in the lender and its co-channel 

cells which are non-co-channel with B in order to avoid interference. 

Step 4: Repeat Step 3 until either (i) the required number of channels are borrowed, or 

(ii) the list of ordered cells is exhausted. Terminate for Case (i). 
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Step 5. Compute the function F(B, L) for all cold cells L in the compact pattern of B 

except those already considered in Steps 2 to 4. 

Step 6: Borrow a channel from the cell L with the maximum value of F(B,L). Lock 

the channel in L and its co-channel cells which are non-co-channel with B. Get 

the new values of dc and recompute function F for each of these cells (since dc 

is going to change). Repeat Step 6 until the required number of channels are 

borrowed. 

Performance Analysis 

The performance of the centralized algorithm is analyzed with the help of two metrics: 

the number of messages exchanged during one iteration and the running time. We 

assume static links between all base stations and the MSC, with a uniform message 

delay time of S units. Also message exchanges between MSC and the base stations 

are concurrent. Let there be a total of N cells in the system. The messages and 

the corresponding delay times for one iteration of the centralized channel borrowing 

algorithm are enumerated in Table 3.1. Here X is the number of channels to be 

borrowed by a hot cell. 

The 'Lend Channel' message in Table 3.1 is composed of three independent mes-

sages: (i) channel request from the MSC to the selected lender cell, («) a channel 

id and updated dc value from the lender cell to the MSC, and (Hi) the channel id 

conveyed to the borrower cell. Since a total of X channels are borrowed by a hot 

cell, each message is transmitted X times. Also each channel borrowing is accompa-

nied by locking of the same channel in some of the co-channel cells of the lender cell. 

We consider the worst case scenario where the channel has to be locked in all the 

six cells. After X channels are borrowed, the borrower cell base station conveys the 

new value of its dc (the degree of coldness) to the MSC which accounts for the last 

message. From Table 3.1, the total number of messages exchanged in one iteration of 

the centralized channel borrowing algorithm is given as, 
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Table 3.1: Messages during a iteration of centralized channel borrowing 

When Message Between Number of messages Message delay 

Initialization request dCi Kd MSC-*BS's N S 

time send dCiK<i BS's->MSC N 5 

Run time send rp and MSC—>hot BS 1 S 

request NumDepart 

(number of send NumDepart hot BS-+MSC 1 8 

iterations = Lend Channel 

number of hot (i) request channel MSC-^lender BS X X6 

cells, Nh) (ii) channel id, dc lender BS—»MSC X X6 

(iii) channel id MSC-*borrower BS X XS 

Co-channel locking 

(a) request locking MSC-»Co-channel 

cells of lender cell 6X X8 

(b) send dc Co-channel cells of 

lender cell-)-MSC 6X X5 

send dc Borrower BS-*MSC 1 8 

Mcentral — 2N + 15 X + 3, 

and the total message delay is (5 + 5X)<5. 

The running time of the algorithm is dominated by the delays from message 

exchanges. In many cases, the algorithm waits for parameter values from the base 

stations, which are required for further computations. These message delays are many 

orders of magnitude larger than the running times of individual steps of the algorithm 

without message passing. Hence, we can assume that the complexity of the algorithm 

is determined entirely by these delays, which is shown, for each message transmission, 

in the last column of Table 3.1. Assuming that there are Nh hot cells in the system at 

the time the algorithm is run (implying that all the run time messages are transmitted 

Nh times), the running time of the algorithm is given as, 

tcentrai = 26 + (5 X6 + 3 S)Nh = 26 + (5X + 3)6Nh. 
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3.2.4. A Distributed Channel Borrowing Algorithm 

Each base station is capable of running the channel borrowing algorithm when its cell 

reaches the hot state. We assume that each cell knows the set NCC of its non-co-

channel cells, the set of cells forming its compact pattern CP (C NCC), as well as 

the set CC of its co-channel cells. For the implementation of the channel borrowing 

algorithm, each cell needs to maintain three cell parameters - (i) its own degree of 

coldness, dc, (ii) the set HNCc of its hot non-co-channel cells, and (Hi) the set HCc 

of its hot co-channel cells. Whenever there is a channel allocation, blockade or release 

in the cell, the value of dc is updated. We assume that every cell in the system 

maintains its HCc independent of the running of the load balancing algorithm. This 

means that whenever a cell changes its state, it informs all its co-channel cells. The 

set HNCC is computed by the hot cell B at the initialization phase of the channel 

borrowing algorithm. When the channel borrowing algorithm is running in B, if 

one of its non-co-channel cells changes state, it immediately informs B to update its 

HNCC-

As mentioned earlier, there are three parameters - d™9, h and C - which are used 

globally by all the cells. Out of them, we assume that C (fixed number of channels 

initially assigned to each cell) is known to all the cells. The computation of these 

parameters for the distributed channel borrowing algorithm is as follows: 

• Computation of d™9: A newly formed hot cell initiates the d™9 computation 

before starting the channel borrowing algorithm, in order to have the latest 

value of the parameter which it needs for computing X and rp. It broadcasts 

a message to all other cells inquiring about their dc values and then computes 

d%°9 with the received information. Thus the newly formed hot cell knows the 

state (hot or cold) of all other cells in the system. 

• Computation of h: The value of h is computed once and for all at the MSC 

due to (i) the small range of variation of h, and (ii) the computation intensive 
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nature of evaluating h. 

Channel Borrowing Algorithm 

This algorithm is run by the base station server as soon as the corresponding cell 

becomes hot. The activities of the probable or selected lender cells will also be men-

tioned as we describe the algorithm. 

Initialization Steps: 

1. Send messages to all other cells in the system inquiring about their dc's. Com-

pute d™9 and H^cc from the received informations. 

2. With the help of the known global parameters - C, d f 9 and h - and known 

local parameter K& (spatial density of mobile users in the cell), the width of the 

threshold region, rp, is estimated. 

3. With the help of rp and the user classification algorithm, the array NumDepart 

is computed. 

4. The value of X is computed using the parameters C, dand h. 

Main Algorithm: 

Step 1: Send messages to the cold neighboring cells L for which Numdepart[L] > 0, 

requesting the computed value of the function F(B,L). Three pieces of infor-

mation are sent to the probable lender L in the request message - («) the set 

NCC (ii) the set H^cc and (Hi) D(B,L) = 1. 

Cell L computes the number of its hot co-channel cells H(B, L) which are non-

co-channel to B by comparing the received H^cc with its own Hcc• Then L 

computes the function F(B, L) and sends it to B. 
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Step 2: The set L of neighboring cold cells in Step 1 are ordered according to decreasing 

values of the received F(B, L) and then selected according to the listed order 

for channel borrowing. The selected cell computes the set of its co-channel cells 

which are non-co-channel with B by comparing the received set NCC with its 

own set CC. 

Step 3: Channels are borrowed from the jth selected cell until either the basic borrowing 

criterion is violated, or the number of borrowed channels = NumDepart[j]. 

Upon each lending, the lender cell instructs its co-channel cells which are non-

co-channel with the borrower cell (computed in Step 2) to lock the lended 

channel. Repeat Step 3 until either (i) the required number X of channels are 

borrowed, or («) the list of cells are exhausted. Terminate for case (i). 

Step 4: Send a message to each cell V in its compact pattern excluding the neighboring 

set of cells mentioned in Step 1, requesting the computed value of F(B, L') if L' 

is in the cold state. The parameters required for this computation, namely, the 

cell distance D(B, L') and the set HNCc, and also the set NCC are conveyed 

in this message. Note that, only the cold cells in the compact pattern of B 

respond to this message. 

Step 5: Select the cell, I/, with min{F(B,L')} for channel borrowing, if the basic bor-

rowing criterion is not violated. 

The selected cell V computes the set of its co-channel cells which are non-co-

channel to B by comparing the received NCC from B with its own CC. These 

cells are instructed to lock the borrowed channel. 

Repeat Steps 4 and 5 until the required number of channels is borrowed. 

In Step 4, a particular hot cell B asks for the recomputed values of the function F 

from all the cells although channel borrowing changes F only in the lender and some 

of its co-channel cells where a channel is locked. This is because, at any time, multiple 
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number of hot cells might be running their channel borrowing algorithm leading to 

the change of F in many other cells. Hence, at every step of the algorithm global 

information of the current status of each cold cell is required. 

Performance Analysis 

The performance of the algorithm is analyzed with the help of two metrics: (i) the 

number of messages exchanged during one iteration with one hot cell, and (it) the 

running time. As in the centralized case, we assume static links between a base 

station and the MSC with a uniform message delay time of 5 units. We consider a 

group of N cells under a single MSC. The BS-BS communication can only take place 

through their parent MSC, with a uniform message delay of 28. Message exchanges 

between pairs of base stations can be concurrent. Hence, a base station can broadcast 

a message to all other base stations in time 25. The messages and the corresponding 

delay times for one iteration of the distributed channel borrowing algorithm are given 

in Table 3.2. 

Table 3.2: Messages during an iteration of distributed channel borrowing 

When Message Between Worst case Worst case 

number of messages message delay 

Initialization request dc hot BS-»other BS's N-l 25 

time send dc other BS's->hot BS N-l 25 

Run time request F hot BS-*other BS's X(\CP\ - 1) 26X 

(run concurrently receive F other BS's—•hot BS X(\CP\-l) 25X 

in all hot cells) lend channel: 

(i) request channel borrower BS—blender BS X 2 5X 

(«) receive channel id borrower BS<— lender BS X 25X 

co-channel locking: 

(i) request locking lender BS-»co-channel cells 6X 25X 

(ii) acknowledgment lender BS«-co-channel cells 6X 25X 

As discussed in the previous section, a hot cell requests for computed values of 
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the function F from all other cells in its compact pattern (of size, \CP\) after each 

channel borrowing. Since X channels are borrowed, the number of messages sent out 

requesting F is X(\CP\ - 1). Only the cold cells will respond to this message; in the 

worst case, all the cells in CP might be cold, implying that the worst case number 

of messages received is also X(\CP\ - 1). The lend channel message comprises of a 

"channel request" message sent out to the selected lender and an "acknowledgment" 

with the lended channel id, from the borrower. Each channel lending is accompanied 

by locking the same channel in those co-channel cells of the lender which are non-co-

channel to the borrower. Again we consider the worst case scenario where the channel 

has to be locked in all six co-channel cells of the lender. Prom Table 3.2, the number 

of messages exchanged in one iteration of the algorithm is given as, 

Mdistribute = 2{N - 1) + 2(|CP| + 6)X. 

Note that the message complexity is a function of the compact pattern size - the larger 

the size of the compact pattern, the greater is the number of messages exchanged. 

The running time of the algorithm is dominated by the delays from message ex-

changes. In many cases, the algorithm waits for parameter values from other base 

stations, which are required for further computations. These message delays are many 

orders of magnitude larger than the running times of individual steps of the algorithm 

without message passing. Hence, we can assume that the complexity of the algorithm 

is determined entirely by these delays, which is shown, for each message transmis-

sion, in the last column of Table 3.2. Each of the messages during initialization is 

concurrently sent or received only once. Hence the time delay is 28 for each message 

type. Each of the messages for the main algorithm during run time is exchanged 

concurrently between multiple BS's, but X times in all, resulting in a delay of 2SX 

for each type of message. Hence the running time of the algorithm is given as, 

tdistribute — 128X . 
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3.2.5. Comparison Between Centralized and Distributed Borrowing 

The distributed channel borrowing algorithm is run concurrently in all the hot cells 

in the system at any point of time, while the centralized scheme is run periodically 

at the MSC. Hence, a system running the distributed scheme is more sensitive to any 

load imbalance and seeks to rectify it by triggering off the load balancing algorithm 

immediately at the point of imbalance, namely, a hot cell. The effectiveness of the 

centralized scheme can be severely limited by the choice of a suitable period to run 

the algorithm. The period should be dynamically varied, with shorter periods ideal in 

case of frequent load variation and longer periods suitable for a more stable system. 

However, there are some problems associated with the distributed channel bor-

rowing scheme which is typical of the concurrent nature of execution of the algorithm. 

At any time, all the hot cells in the system will be running the channel borrowing 

algorithm. This might lead to simultaneous channel requests from multiple hot cells 

to the same cold cell. A way to arbitrate between these requests is to assign priority 

to each request and satisfy them according to the assigned priorities. The hotter 

the cell, the higher the priority assigned to a channel request from that cell. Another 

problem typical of the distributed environment as discussed in the previous section is, 

every time a channel is borrowed, the borrower cell needs to know the current value 

of the function F of all the other cells in the system (this is a global knowledge). 

The value of F may be changed for any cell when a channel is borrowed from that 

cell by another hot cell running the channel borrowing algorithm concurrently. This 

is different from the centralized scheme where the MSC needs to know the changed 

value of F of a limited number of cells, namely, the lender and its co-channel cells 

(this is local knowledge in some sense). 

The message and time complexities of the two schemes are compared below. 

• Number of messages: The number of messages exchanged in one iteration of 

the centralized channel borrowing algorithm is given by, Mcentrai = 2iV+15X+3. 

Note that the message complexity is independent of the compact pattern size. 
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The message complexity for the distributed algorithm is given by, Mdistrbute = 

2(N-1) + 2(\CP\ + 6)X. 

Hence, Mdistribute > Mcentral if \CP\ > §(1 + ^ ) - For X » 2, Mdistribute > 

Mcentrai if \CP\ > §, which is true for all practical purpose. Therefore, we con-

clude that the message complexity is higher in the distributed scheme. However, 

we will see from experiments that the ratio i s c o n s t a n t a n d indepen-

dent of Nh-

• Speedup: The running time for the centralized channel borrowing algorithm is 

^central = 2<5 + (5X + 3)8Nh, where Nh is the number of hot cells in the system. 

The centralized algorithm acts sequentially for each hot cell of the system. The 

distributed algorithm has time complexity tdiStribute = 45 + 128X. Hence, the 

speedup of the distributed scheme over the centralized is given as, 

C _ tcentral _ {2 + (3 + 5X)Nh}5 _ 2 + (3 + 5X)Nh , 
P ~ ^-distribute ~ (4 + 1 2 X ) S 4 + 12X ( ' 

Under the assumption that X » 1, the above expression can be approximated to, 

Sp « ^Nh. Thus in our system model with Nh hot cells, a speedup of about 0 . 5 ^ 

of the distributed scheme over the centralized scheme is expected. We will verify this 

later from our simulation experiments. 

3.2.6. Channel Assignment Strategy 

The way to assign channels to the users in a cell is now described. The set of available 

channels in a hot cell can be divided into two classes: channels local to the cell, and 

borrowed channels. Clearly, cold cells contain only local channels. 

The channel demands arising in a hot cell can be divided into four priority classes 

which are enumerated below in the order of decreasing priority. Also described are the 

types of users who generate such channel requests or demands. The proposed channel 

assignment algorithm uses these demand classes to prioritize channel requests. 
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Channel Demand Classes 

• Class 1 demands: These are the channel requests generated by the users 

crossing over from the neighboring cells and are also called hand-off requests. 

To make sure that an ongoing call is not disrupted, this class gets the highest 

priority for channel assignment. 

• Class 2 demands: These are channel requests made by the originating calls. 

Demands of this class gets the next higher priority after Class 1 demands. 

• Class 3 demands: These are Type 1 channel reassignment requests which 

are not generated by a mobile user, but generated internally by a base station 

function which continuously monitors the state of channel assignments to the 

users in the cell. A 'new' or 'others' type of user communicating through a 

borrowed channel is reassigned a local channel by the base station if the local 

channel is not used to satisfy a Class 1 or Class 2 demand. 

• Class 4 demands: These are Type 2 channel reassignment requests which are 

also internally generated. A 'departing' user communicating through a local 

channel is reassigned a borrowed channel by the base station, if the borrowed 

channel is not used to satisfy a Class 1 or Class 2 demand. 

In a cold cell x, channel demands are of Classes 1 and 2 only, because there is 

no concept of borrowed channels. However, there will be cases when a hand-off user 

to cell x from a neighboring hot cell, communicating through a channel borrowed 

from x, will be assigned the same channel, thereby releasing channel locking in other 

co-channel cells. This is nothing but a hand-off scenario where the incoming user is 

assigned the same frequency channel that he was using in the previous cell. 
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Channel Assignment Algorithm 

At any instant, there can be more than one simultaneous channel requests to the 

base station. Each such request must fall in one of the above four demand classes 

for a hot cell, or in one of the first two classes for a cold cell. The channel requests 

are prioritized according to the class they belong to. In case of multiple requests 

of the same class, they are selected in any random order by the channel assignment 

algorithm, which is shown as a flowchart in Figure 3.2. 

yes 
Class 1 demand ? 

no 

yes 
Class2 demand? 

no 

yes 
Class3 demand? 

no 

yes 
Class4 demand? 

Re-assign a borrowed channel to 
a local channel. 

Re-assign a local channel to a 
borrowed channel. 

Incoming Request 

Assign local or borrowed channel 

If unavailable, block request. 

Assign local or borrowed channel 

If unavailable, block request. 

Figure 3.2: Channel allocation algorithm for the users in a cell 
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COLD HOT 

Figure 3.3: Markov model for a cell 

3.3. Markov Model of a Cell 

In this section, we derive a discrete Markov model of a cell x in the system. This cell 

is in state Si, if i is the number of occupied channels in the channel set of that cell. 

By channel occupation, we mean that either the channel is being used for a local call 

in the same cell or it is borrowed by another hot cell. The Markov chain model is 

shown in Figure 3.3. 

If the cell is in any one of the states Si, for i < ["(1 — h)C~\, then it is a cold 

cell. From now on, wherever we use (1 - h)C, it is interpreted as [(1 - h)C] and 

hC as [hC\. When the cell enters the state S(i-h)c from S(i-h)c-i, it becomes a 

hot cell from a cold one. The cell remains in the hot state as long as it is in one of 

the states Si, where i > (1 - h)C. The state transition probabilities are different for 

the system depending on whether it is in the hot state or in cold state. For a cell 

in cold (respectively, hot) state, the forward transition probability is pf (respectively, 

p'j) and the reverse transition probability is pr (respectively, p'r). 

In our channel assignment algorithm within each cell, a channel request in a hot 

cell can be classified as one of the four classes and a request in a cold cell as one of 

the first two classes. In deriving our Markov model, we assume that a Class i (for 

1 < i < 4) channel demand is a Poisson process with parameter Aj. The aggregate 

channel demand process in a hot cell is a superposition of these four Poisson processes, 
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and hence, by an well-known queuing theoretic result [NEL96], it itself is a Poisson 

process with rate £i=i At. Similarly, the aggregate channel demand process in a cold 

cell is the superposition of only Class 1 and Class 2 channel demand processes, and 

is itself a Poisson process with parameter Y%= i 

Apart from the local channel requests in each cell, we need to model the global 

channel requests arising when a hot cell requests for channel borrowing from a cold 

cell. It has been shown in [JR94] that modeling the channel borrow demands from 

other cells as a Poisson process leads to good analytical results. Hence, in our ana-

lytical model, the channel borrow demand is also modeled as a Poisson process with 

parameter A'. Since, in our load balancing scheme, a cold cell lends one channel at a 

time, this channel lending process suitably models the resource migration phase of our 

load balancing strategy. With these assumptions, let us now compute the transition 

probabilities of the Markov model of a cell. 

Let pf define the probability that the cold cell goes from state Si to Si+1, where 

0 < i < (1 - h)C - 1 . This can occur in any of the two ways: 

Case(l): There is a new channel request in the cell. 

Case(2): A channel is lended on demand from another hot cell. 

A new channel request in a cold cell is equivalent to a Class 1 type channel de-

mand with probability of arrival Ai or a Class 2 channel demand with probability 

A2. Moreover a Class 2 demand is satisfied only when there is no Class 1 demand. 

The probability of a channel borrow demand from a remote hot cell is A', and this is 

satisfied only when there are no Class 1 or Class 2 demands. Considering these facts, 

the forward transition probability for a cell in the cold state is given as 

Pf — Ai + (1 — Ai) A2 + (1 — Ai — A2)A' (3-3) 

Let the call holding time in a cell be an exponentially distributed random variable 

with mean - . The reverse transition probability, pr, for a cold cell, is the probability 
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of a local call terminating or a lended channel release. The probability of a lended 

channel release is equal to the probability that a call terminates on lended channel. 

Since the state of the cell is cold, a channel borrow demand will always be satisfied. 

Hence; the probability of lending a channel is equal to the probability of a channel 

borrow demand from a hot cell. This gives, 

pr = prob(local call termination) + prob(lended channel release) 

= prob (local call termination) + 

prob(ch. lending)-prob (call termination on lended channel) 

— fj> + (1 — m)A'/̂  

We do not distinguish between an ongoing call in local or borrowed channel as far as 

call termination is concerned. 

Next we compute the forward transition probability p'f for a cell in the hot state. 

Since borrowing is not allowed from a hot cell, this can be triggered by any one of 

Class 1, Class 2 or Class 3 channel demands. The channel is assigned according to 

the priority classes. Hence 

p'f = Ai + (1 — Ai)A2 + (1 — Ai — A2) A3 (3.4) 

A reverse transition by a cell in the hot state will occur when there is a local call 

termination or a Type 2 channel reassignment. The probability of a Type 2 channel 

reassignment (Class 4 demand) is A4. Hence, the reverse transition probability p'r is 

given as 

p'r = p,+ (1 - ^)A4 (3.5) 

Let Pi be the limiting (or steady state) probability of the state <Sj. Let I = and 

l< =z^l. Solving the state equations for this birth and death Markov chain, we have 

l*Po : 0 < i < (1 - h)C 

l^-h)cV{i-{i-h)c)pQ . (1 _ h)C <i <C 
< 
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where, 

The probability of a cell being hot is 

P* = E Pi (3-6) 
i=(l-h)C 

1 _ V{hC+l) 

= l{l-h)C{ ! _ v }Po (3-7) 

Also the call blocking probability in a cell is given by the limiting probability of 

the state Sc, where all the channels in the cell are occupied. 

Hence, the call blocking probability is given by 

Pbiock = l{1-h)Cl'h°Po (3-8) 

3.3.1. Estimation of Threshold, h 

The probability of a cell being hot, Ph, is given as 

i(l-h)C i-i'(hC+1) 

_ 1 / O Q \ 
Ph — i_f(i-fe)c+i ^ 

The value of h (the threshold for the degree of coldness of a cell below which it will 

be hot) is one of the factors determining the above probability, Ph• Other parameters 

determining h are Aj's, 1 < i < 4, A', fi and C. Given these parameters, the problem 

is to estimate the value of h such that any channel borrowing will lead to channel 

blockade in not more than b (0 < b < 6) hot cells with a very high probability, p. 

Let us describe a two step method to estimate the parameter h. In the first step, we 

describe a procedure to estimate pu. In the second step, using this value of Ph and 

the other given parameters, Equation (3.9) is solved for the value of h. 

We estimate the value of ph such that any channel borrowing will lead to channel 

blockade in no more than b (0 < b < 6) hot cells with probability p. The number 
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of hot cells among the co-channel cells of a cold lender cell will follow the binomial 

distribution with probability ph. Each set of co-channel cells of a particular cell 

consists of six cells. Hence, the probability that i cells among the six co-channel cells 

are hot, is given by 0 ) ^ ( 1 - Phf~l- For any channel borrowing scheme to have a 

channel-locking with probability p in less than b hot cells, 0 < b < 6, the following 

equation must be satisfied: 

6 ( 6n 

i=0 

(3.10) 

A solution to Equation (3.10) gives an estimate for the probability, ph, of a cell being 

hot. 

3.3.2. Experimental Results 

For given values of the parameters Ai, A2, A3, A4, A', ju and C, the values of Ph a r e 

estimated for b varying from 1 to 5 and with p = 0.98. Then the value of h is estimated 

by solving the non-linear Equation (3.9) for each estimate of pn- The results are shown 

in Table 3.3 for two sets of values for Ai and A2, with A3 = A4 = 0.05, /x = 0.7, A' = 0.3 

and C = 20. 

Table 3.3: Estimated h for various b, Ai, A2 

b Ai =0.5,A2 = 0.4 

C
O
 

O
 II C
M
 

<
<
 

<̂
T 

0
 II r
H
 

<
<
 

Ph ' h Ph h 

1 0.04 0.00 0.04 0.00 

2 0.10 0.15 0.10 0.09 

3 0.20 0.28 0.20 0.20 

4 0.34 0.44 0.34 0.34 

5 0.52 0.60 0.52 0.51 
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Figure 3.4: Variation of call blocking probability with A and C 

From Table 3.3, it is seen that as b increases, the estimated value of the probability 

of a cell being hot, ph, increases. This is expected because only a corresponding 

increase in the probability of a cell becoming hot will lead to an increase in the 

number of its hot co-channel cells. The third and fifth columns of Table 3.3 show 

the estimated values of h solving the non-linear Equation (3.9), from where it can be 

seen that the values of the threshold, h, where a cell becomes hot increases almost 

proportionately to the value of ph. If the value of h increases, we can declare a cell 

hot with less number of channels blocked than it was before. This implies that the 

probability of a cell becoming hot, ph, increases with increasing h, and serves as a 

sanity check for our estimate of h. 

The call blocking probability, Pbiock, from our analytical model is shown as a 

function of call arrival rate A in Figure 3.4. Figure 3.4(a) depicts the variation for 

various ratios of the arrival rate Ai of Class 1 (hand-off) demands to the arrival 

rate A2 of Class 2 (originating call) demands. Here call blocking implies blocking of 

both originating and hand-off requests. As expected, the call blocking probability 

increases with an increase in the call arrival rate in all cases. It is also observed that 
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as the ratio of A2 to Ai (or vice versa) increases from one (we considered the cases 

A2 = 2Ai and A2 = 3Ax), the call blocking probability also increases. This leads 

to a very interesting conclusion: the call blocking probability is minimum when the 

distributions of originating and hand-off calls tend to be equal and increases with the 

amount of imbalance between them. 

Figure 3.4(b) depicts the variation of call blocking probability with the number 

of channels C initially allocated to each cell. As C is increased, the call blocking 

probability reduces for a given call arrival rate. 

3.4. Simulation Experiments 

A sequential simulation for the proposed channel-borrowing and channel-assignment 

algorithms is implemented. The problem domain naturally lends itself to parallel 

simulation or simulation using multiple threads since there are a lot of concurrency 

and global resource management issues in the system. However, we have implemented 

a sequential simulation algorithm since this would suffice for us to test our algorithms 

and would also simplify the design of the simulator. 

3.4.1. Simulation Parameters 

Modeling Received Signal Strength (RSS): In order to classify the users 

correctly we need to model the role of the signal strength received by the base 

station from the user. Since actual signal strengths cannot be generated, we 

overlay on each cell a grid of size 100 x 100. A user position within a cell is 

given by a pair of co-ordinates (x, y) in this grid. When we update a user's 

position within a cell, we change its co-ordinates. A user is modeled as new, 

departing or others according to the user-classification algorithm. A fixed set of 

co-ordinates defines the peripheral shaded region of a cell shown in Figure 3.1. 
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Modeling User Mobility: We model user mobility pattern as a simple ran-

dom walk on a grid. This implies that a user at a particular co-ordinate (x, y) in 

a cell has equal probability of moving to one of the four neighboring co-ordinates 

(x - 1 ,y), (x + l,y), (x,y- 1) or (x,y + 1). 

Call Origination and Termination: Call arrival in a cell is programmed as a 

Poisson process with inter-arrival time exponentially distributed with mean 

The call holding time is programmed as an exponentially distributed random 

variable with mean 

3.4.2. Performance Results 

The main metric used to evaluate the performance of our load balancing algorithm and 

compare it with other existing schemes is the call blocking probability. The impact of 

varying various system parameters like (i) the threshold h, (ii) the number of channels 

C initially allocated to each cell, and {Hi) the size of the compact pattern, on the 

performance of our load balancing scheme are observed to determine the stability of 

our algorithm. The results from our experiments are presented below. In carrying out 

these experiments, we used the distributed channel borrowing algorithm. In terms of 

functionality, both the centralized and distributed algorithms are the same and the 

particular algorithm used does not affect the results. 

Impact of threshold, h, on the call blocking probability, Pblock 

This experiment used the number of channels C = 100 per cell and a total of N = 

100 cells in the system. As expected and also as observed from the results of our 

analytical model, the call blocking probability increases with the call arrival rate. 

The similarity in the trend of variations of the call blocking probability with A from 

the simulation experiments (Figure 3.5), with that from the analytical results (see 

Figure 3.4) validates our analytical model. 
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Figure 3.5: Call blocking probability vs arrival rate for various h 

It is also observed that the call blocking probability increases with increasing h 

for heavy traffic load, A. Increasing the threshold h implies that we are accommo-

dating more hot cells in the system, which thereby reduces the number of cold cells 

from which channels can be borrowed. This decrease in channel borrowing provision 

increases the probability of call blockade in the existing hot cells under heavy traffic 

load. 

Impact of the number of fixed channels, C, on call blocking probability 

Figure 3.6 shows the variations of the call blocking probability with A for three values 

of C, the number of channels initially allocated to each cell under the fixed assignment 

scheme. It is observed that for small value of C (say C = 20), the blocking probability 

is as high as 0.22 for A = 0.9. As C is increased, the blocking probability decreases 

under heavy traffic load (i.e., A > 0.5). With C = 40, the blocking probability is as 

low as 0.03 for the same value of A. We again observe a similar trend of variation in 
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Figure 3.6: Call blocking probability vs arrival rate for various C 

our performance metric from simulation with that from the analytical model. 

Impact of the size of the compact pattern on the call blocking probability 

A change in the shift parameters affects the compact pattern size. We ran the simu-

lation for different tuples of shift parameters, i and j, where i = j. This would also 

test if the algorithm behaved differently when its co-channel cells were different. This 

is important to know because channels are locked in the co-channel cells when bor-

rowing. Figure 3.7 shows the experimental results. The experiment was conducted 

with h = 0.2, and N = 1000 cells in the system. The values of i (or j) are shown 

along the horizontal axis. We observe that the call blocking probability decreases 

with an increase in the shift parameters because in that case, the compact pattern 

size increases, which in turn implies that the hot cells will find more cold cells to 

borrow channels from. 
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Figure 3.7: Call blocking probability vs compact pattern sizes for various A 

3.4.3. Comparison of Centralized and Distributed Schemes from Simulation 

Figure 3.8 compares the performance of the centralized and distributed schemes with 

increasing number of hot cells. The comparison metrics are the number of messages 

(M) exchanged and the running times (t) in sec. While computing the running times, 

we assumed the message delay 5 = 1 sec. The values of M and t obtained from the 

experiments are also shown in Table 3.4. We define a new metric called the message 

ratio as Mr = , analogous to the speedup defined as Sv = , Antral . 
' Mdistributed ' ^distributed 

Figure 3.8(b) shows that, as the number of hot cells (Nh) is increased, the running 

time of the distributed scheme remains approximately constant. The algorithm works 

concurrently in all the hot cells and since the total message delay (which dominates 

the running time) is independent of the number of hot cells this result is expected. 

The running time of the centralized scheme, on the other hand, increases with a 

progressively higher rate as Nh is increased. A speedup of over 0.4Nh is observed in 

all cases, as shown in Table 3.4. We estimated a speedup of around 0.4A^ from the 
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Figure 3.8: Message Complexity and Running Times of Centralized and Distributed 

Schemes 

analytical model of our system. From the results in Table 3.4, the speedup increases 

from 0.56A^ to 0.72Nh as the number of hot cells (Nh) is increased from 5 to 50. 

In case of the number of messages, we observe that the message ratio, Mr, hovers 

around 0.20 with a slight decrease to 0.17 as Nh is varied from 5 to 50. This implies 

that there are approximately five times as many messages exchanged in the distributed 

scheme as in the centralized scheme, and this remains more or less constant with 

varying number of hot cells. This also validates the results from our analytical model. 

The above analysis concludes that in a region with large number of hot cells, the 

distributed scheme will be more suitable to use. 

3.5. Comparison of LBSB scheme with Directed Retry and CBWL 

The main disadvantage of the directed retry (with load balancing) scheme [KE89] is 

that it shares load between two cells depending on the number of users in the overlap 

region. If the number of such users is few, proper load balancing is not achieved. 

In our LBSB (load balancing with selective borrowing) scheme, on the other hand, 
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Table 3.4: Speed up (Sp)and message ratio ( M r ) for the distributed scheme with 

varying Nh (# of hot cells) from simulation 

Nh tcentral tdistributed Sp Mcentral Mdistributed M r 

5 163.3 58.3 2.8 705 2775 0.25 

10 323.8 58.7 5.5 1110 5550 0.20 

15 516.9 58.8 8.8 1596 8325 0.19 

20 644.4 58.6 10.9 1920 11100 0.17 

25 835.8 58.5 14.2 2406 13875 0.17 

30 1045.0 58.8 17.7 2945 16650 0.17 

35 1158.3 58.7 19.7 3230 19425 0.16 

40 1527.7 58.7 26.0 4174 22200 0.18 

45 1749.1 58.3 30.0 4845 24975 0.19 

50 2125.6 58.6 36.2 5691 27750 0.20 

a fixed number of channels is always transferred between multiple underloaded cells 

and an overloaded one. This achieves almost perfect load balancing, because not 

only the overloaded cell gets the necessary number of channels, but also the increase 

in load (in the form of decreasing number of channels) is shared evenly by multiple 

underloaded cells. Another problem with the directed retry scheme is that channels 

may be shared with a neighboring cell which is hot. Since channel borrowing from a 

hot cell is not allowed in our scheme, this problem will not occur. 

The channel borrowing without locking (CBWL) scheme [JR94] performs poorly 

for certain clusters of hot cells. Consider, for example, a cluster where a hot cell has 

six hot neighbors. Then, in case the channel sets of these six cells get exhausted, the 

inner hot cell is going to starve as channels are allowed to be borrowed only from the 

neighboring cells. Our LBSB scheme performs equally well for all types of hot cell 
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distribution because channels are allowed to be borrowed from any suitable cold cell 

in the compact pattern. Another drawback of CBWL is its limited scope of usage of 

the borrowed channels (due to low power transmission). This problem is also absent 

in our scheme. 

Call Blocking 
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— No LB -+-SB •*" DR 

CBWL Proposed 

Call Blocking 
Probability 

0 . 1 0 . 2 0 . 3 0 . 4 0 . 5 0 . 6 0 . 7 0 . 8 0.S 
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(a) 

Figure 3.9: Comparison of our scheme with others 

(b) 

Figure 3.9 compares the performance of our scheme with the fixed assignment (no 

load balancing), simple borrowing (SB), directed retry (DR) and CBWL strategies, 

using the call blocking probability as the metric. The total number of cells in the 

system is N = 100 in all cases. The first set of graphs in Figure 3.9(a) shows the 

variation of call blocking probability (Pblock) with A with Nh = 40 hot cells. It is 

observed that for moderate call arrival rate (A = 0.5), our scheme performs the best 

followed by simple borrowing, directed retry, CBWL and no load balancing (fixed 

assignment) schemes in that order as shown in Table 3.5. As A increases, CBWL 

outperforms both directed retry and simple borrowing but the blocking probability is 

still the least for our proposed load balancing scheme. In fact, our proposed scheme 

outperforms all the other schemes under heavy traffic load (A > 0.5), while the 

performance of all schemes are neck to neck under moderate and low loads (A < 0.5). 
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Table 3.5: A comparison of blocking probabilities for various channel assignment 

schemes with and without load balancing 

Schemes for A = 0.5 II ©
 

C
O

 

Number of hot Number of hot 

Channel Assignment cells, Nh = 40 cells, Nh = 60 

Fixed Assignment 0.015304 (5) 0.177662 (5) 0.018584 (5) 0.076577 (5) 

(No load balancing) 

Simple Borrowing (SB) 0.000229 (2) 0.111761 (4) 0.0 (1) 0.033140 (3) 

Directed Retry (DR) 0.000485 (3) 0.100101 (3) 0.002266 (4) 0.035151 (4) 

Channel Borrowing 0.000986 (4) 0.096539 (2) 0.000889 (3) 0.025806 (2) 

Without Locking (CBWL) 

Proposed scheme (LBSB) 0.000012 (1) 0.059354 (1) 0.0 (1) 0.000965 (1) 

Table 3.5 shows the actual data for A = 0.5 and 0.9. A number in the parentheses 

gives the rank of that scheme in terms of achieving a low call blocking probability. 

In the second set of graphs in Figure 3.9(b), the call blocking probabilities for 

each scheme are plotted against the number of hot cells in the system. It is observed 

that with Nh = 40 hot cells in the system, our scheme and the simple borrowing 

perform equally well, followed by CBWL, directed retry and fixed assignment in that 

order as shown in Table 3.5. As Nh > 40, the CBWL scheme outperforms simple 

borrowing which continues to perform better than directed retry. The distributed 

LBSB scheme outperforms all others in all cases. Also as the number of hot cells in 

the system increases, the proposed scheme shows the least variation among all other 

schemes in terms of call blocking probability (Figure 3.9(b)). These results show the 

efficacy of our load balancing strategy to mitigate the load imbalances in the system 

and to improve the system performance. 
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3.6. Summary 

In this chapter, we have proposed dynamic load balancing strategies for the hot cell 

problem in cellular mobile environment, which can be implemented in a centralized 

or distributed manner. These strategies constitute two main parts. In the first part, 

a channel borrowing strategy is proposed where channels are borrowed by a hot cell 

from suitable cold cells. The suitability of a cold cell as a lender is determined by an 

optimization function constituting three cell parameters - coldness, nearness and hot 

cell channel blockade. In the second part, a channel assignment strategy is proposed 

where the assignment is done on the basis of different priority classes in which the 

user demands are classified. The relative merits and demerits of the centralized and 

distributed schemes are discussed both quantitatively and qualitatively. 

A Markov model for an individual cell is also proposed and expressions for the 

probability of a cell being hot and the call blocking probability in a hot cell are 

derived. One of the important parameters of our model is the threshold h, below 

which a cell is classified as hot. A method to estimate the value of h is described and 

the variations of call blocking probabilities with the call arrival rate are noted from 

the analytical model, which are compared later with similar results from simulation 

experiments. Exhaustive simulation is also carried out to compare the centralized and 

distributed schemes. From these results, we conclude that in a region with a large 

number of hot cells, the distributed scheme performs better. Simulation experiments 

showed a significant improvement of our scheme in system performance as compared 

to the fixed channel assignment, simple borrowing and two existing load balancing 

strategies like directed retry and CBWL. 



CHAPTER 4 

STRUCTURED LOAD BALANCING FOR A HOT REGION 

One of the disadvantages of the schemes proposed in Chapter 3 is the large number of 

message exchanges among base stations or between base stations and MSC's during 

a run of the load balancing algorithm. Also, we do not have a definite bound on the 

number of cells in which the borrowed channel has to be locked. Our objective in 

this chapter is to propose another load balancing scheme based on structured channel 

borrowing mechanism between adjacent cells, which is not as computation (message) 

intensive as our previous schemes, yet achieves almost perfect load balancing and 

eliminates the drawbacks of both the directed retry and the CBWL schemes, i.e. 

performs equally well under all types of traffic conditions and load distribution in the 

hot cells of a region. 

The proposed dynamic load balancing scheme employs channel borrowing in order 

to cope up with the problem of teletraffic overloads in a region of adjacent hot cells 

called a hot spot. Designating a particular cell within the hot spot as the center cell, 

hot spot can be conceived as a stack of hexagonal 'Rings' around the center cell, where 

each 'Ring' consists of at least one hot cell among others like cold safe, cold unsafe 

and cold semi-safe cells. A hot spot will be called complete if all the cells within it 

are hot. Otherwise it is incomplete. In our load balancing approach, a hot cell in 

'Ring i' borrows channels from its adjacent cells in 'Ring i+1' to ease out its high 

channel demand. This structured lending mechanism decreases excessive co-channel 

interference and borrowing conflicts, which are generally prevented through channel 

locking in other schemes. Also the number of channels to be borrowed by each cell will 

be predetermined by its class and its position within the hot spot. By using a simple 

and efficient construction of a demand graph, unused channels are migrated from the 

cold cells within or in the periphery of the hot spot to the hot cells constituting the 
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hot spot. 

Assuming a fixed channel assignment scheme is available to start with, we have 

proposed a channel migration scheme through borrowing between cells of adjacent 

rings such that all the hot cells are provided with the required number of channels 

to cope up with their teletraffic overloads. A discrete Markov model for a cell in 

our system incorporating load balancing is also proposed and another similar model 

is developed to capture the evolution of the hot spot region. Extensive simulation 

experiments are carried out to evaluate the performance of our scheme. 

The rest of this chapter is organized as follows. The classification of cells and 

regions are described in Section 4.1. The structured load balancing schemes for com-

plete and incomplete hot spots are laid down in Section 4.2. In Section 4.3, the 

scheme is analyzed using a Markov model and detailed simulation experiments are 

described in Section 4.4. 

4.1. Classification of Cells and Regions 

As discussed in Chapter 3, a cell is classified as hot or cold according to its degree of 

coldness defined as 
. number of available channels 

dc =
 J- - (4.1) 

where C is the fixed number of channels allocated to that cell. 

If dc < h where h > 0 is a fixed threshold parameter, the particular cell is hot, 

otherwise it is cold. Typical values of h are 0.2, 0.25 etc., and determined by the 

average call arrival and termination rates and also by channel borrowing rates from 

other cells. The usefulness of the parameter h is to keep a subset of channels available 

so that even when a cell reaches the hot state, an originating call need not necessarily 

be blocked. With these distinctions between hot and cold cells, let us now define a 

hot spot region. 
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Figure 4.1: A hot spot region shown as a collection of hexagonal rings 

4.1.1. Definition of a Hot Spot and Ring 

Two cells are said to be adjacent if they have a common edge. For example, a 

hexagonal cell has six adjacent cells. A set S of hot cells (marked as H) is said to 

form a hot spot if any cell in S is adjacent to at least another cell in S. Figure 4.1 

depicts an example of a hot spot in cellular mobile environment. 

Let us now introduce the concept of a 'Ring'. We first select a center cell for the 

hot spot. A preferable way to make the selection is to compute the diameter, <4S, of 

the hot spot which can be defined as the maximum cell distance between two cells in 

the hot spot. The cell lying at a distance of [^-] from either end of the two farthest 

cells yielding the diameter, is selected as the center cell. 

Now consider the center cell and the hexagonal rings of cells around it. If the 

center cell itself is hot, we call it 'Ring 0'. Otherwise the ring of cells nearest to the 

center cell containing at least one hot cell is denoted as 'Ring 0'. We define 'Ring i' 
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(i > 0) as the ring of cells containing at least one hot cell, at a cell distance i from 

'Ring 0' and further away from the center cell. Note that, if a hot spot consists of n 

'Rings', then all the 'Rings' have to be contiguous by definition. 

In the example of Figure 4.1, there are four such 'Rings' - numbered as 0, 1, 2 and 

3 - consisting of 1, 6, 11 and 4 hot cells, respectively. The first ring of cells outside 

the hot spot containing all cold cells is called the 'First Peripheral Ring'. The next 

such ring is the 'Second Peripheral Ring', and so on. So we distinguish between two 

types of hexagonal structures, one type containing at least one hot cell called 'Rings' 

and the other type containing no hot cell called 'Peripheral Rings'. While referring to 

both of them, we use the generic term ring. Henceforth, the center cell will be called 

ring 0 and a 'Ring' (or a 'Peripheral Ring') at a cell distance i from the center will 

be called ring i. 

For hexagonal geometry, the number of cells in ring i is 1 for i = 0 and 6i, 

otherwise. Let Hn denote a hot spot whose outermost 'Ring' is ring n. Therefore, HQ 

is equivalent to a single hot cell and the total number of cells in Hn is given by 

Nn = Sfi(n + 1) +1 . (4-2) 

A hot spot, Hn, is said to be complete, if it contains Nn hot cells. Otherwise it is 

defined as incomplete. For a complete hot spot, 'Ring 0' always happens to be the 

center cell. Also, the number of cells in the 'First Peripheral Ring' of a complete hot 

spot Hn is 6(n + 1). 

4.2. A Structured Load Balancing Scheme 

The underlying idea behind this scheme is the migration of channels between cells 

through channel borrowing mechanism, in order to satisfy the channel demand of 

overloaded (hot) cells. Channel migration takes place between a borrower and a 

lender cell. Unlike our previous schemes, the borrower (hot) cell does not have the 

opportunity to select its lender from among all the cold cells in its compact pattern. A 



61 

hot cell in 'Ring i' of a complete hot spot can borrow channels only from its adjacent 

cells in 'Ring i+1' or the 'First Peripheral Ring' if 'Ring i' is the outermost 'Ring' 

of the hot spot. This structured borrowing mechanism reduces the amount of co-

channel interference between the borrower cell and the co-channel cells of the lender 

using the borrowed channel. Thus, in at most two cells the borrowed channel needs 

to be locked. Also a certain fixed number, X, of channels is needed by each hot cell 

to relieve the excess traffic demand. The estimation for X is similar to the method 

used in Chapter 3. 

A hot cell in 'Ring i' should borrow sufficient number of channels so that not only 

can it satisfy its own requirement X, but also cater for the channel demand from 

adjacent hot cells in 'Ring i-1'. In this way, each 'Ring' of cells caters for the channel 

demand of overloaded cells in the next inner 'Ring' as well as within itself, borrowing 

channels from the immediate outer 'Ring'. The hot cells in the last 'Ring' of the hot 

spot borrow channels from the cold cells in the 'First Peripheral Ring'. Here we make 

the following assumptions: 

• The base station transmitter of each cell has the capability of transmitting any 

of the frequencies of the available spectrum. A channel borrow implies locking 

the same in the lender cell transmitter and unlocking it in the borrower cell 

transmitter. 

• Due to the structured borrowing mechanism used in our load balancing scheme, 

the borrowed channel needs to be locked in at the most two cells. This will not 

significantly affect the system performance even under heavy load. To avoid 

channel locking, a borrowed channel may be used under reduced transmission 

power as in CBWL [JR94]. 

• Only local channels of a cell are lended on demand to adjacent cells in the next 

inner ring. After borrowing channels from adjacent cells, a ring i cell reassigns 

the borrowed channels (by intra-cellular handoff) to some of the users to release 
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sufficient number of local channels and meets the demands of the ring i-1 cells. 

• All cells in the 'First Peripheral Ring' are able to provide the required number of 

channels to the hot spot without exhausting their channel set or becoming hot 

themselves. If this is not true, channels are borrowed from multiple 'Peripheral 

Rings' and the algorithm adopted is the same as in the more general case of an 

incomplete hot spot. 

For the general case of an incomplete hot spot (having cold cells along with hot 

ones), a cold cell is further classified as cold safe, cold unsafe and cold semi-safe. Cold 

unsafe, cold semi-safe or hot cells in ring i need to borrow channels from adjacent cells 

in ring i+1, the number of channels borrowed being different for different classes. A 

cold safe cell does not need any channel borrowing. A demand graph is constructed 

describing the number of channels required by the cells in a ring from their neighbors 

in the next outer ring. It can be shown that the following channel borrowing algorithm 

for a complete hot spot is equivalent to the demand graph approach in the general 

case. 

4.2.1. Channel Borrowing for a Complete Hot Spot 

Starting from the center cell, all the cells along any of the six emanating chains of 

hexagons, will be referred to corner cells (see Figure 4.2). Each ring, except ring 

0, will then contain six corner cells. The cells between two corner cells in a ring 

are called non-corner cells. For example, ring 1 contains no non-corner cells, ring 2 

contains 6, ring 3 contains 12 and so on. 

Every ring is a repetitive pattern of a corner cell and a fixed number of non-

corner cells constituting what will be called a cell array. Ring 1 is composed of six 

such arrays, where each array consists of only a single corner cell. Ring 2 is again 

composed of six arrays, each consisting of a corner and a non-corner cell. In general, 

ring i is composed of six cell arrays, each of which consists of a single corner cell and 
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(i — 1) non-corner cells. Our load balancing scheme for a complete hot spot does not 

differentiate between corner (or non-corner) cells of different arrays in a ring. When 

developing the algorithm for the more general case of an incomplete hot spot, we will 

use a different convention of addressing the cells which will be described later. 

Corner cells 

Corner cell: 

Corner cells Corner cells 

Corner cells 

Corner cells 

Figure 4.2: Co-ordinates of a cell within a hot spot 

All the corner cells in a particular ring of a complete hot spot will have the same 

co-ordinate, (i, 0). Moving in the anti-clockwise direction along ring i from one corner 

cell to the next, the co-ordinate of the jth. non-corner cell in a cell array, will be 

where 1 < j < i — 1. The co-ordinates repeat for the other cell arrays. Hence, in a 

complete hot spot Hn, the co-ordinate of any cell (except the center cell) is given by 



64 

(i, j), where 1 < i < n and 0 < j < i — 1. The co-ordinate (0,0) is assigned to the 

center cell. A cell with co-ordinate (i,j) will be denoted by Cij. See Figure 4.2 for 

illustration. 

Enumeration of Channel Borrow Demand 

We consider a complete hot spot Hn, a hexagonal region of cells containing (n + 1) 

'Rings', such that there is no cold cell in any of the 'Rings' within Hn. Figure 4.3 

shows a complete H^. 

Ring 0 

Ring 1 

Ring 2 

Ring 3 

First Peripheral Ring 

H = hot cell 

Figure 4.3: Channel lending in the complete hot spot, H± 

The total channel demand of all the cells from 'Ring 0' to 'Ring i' (for 0 < i < n) 

of Hn is {3i(i + 1) + 1}X which, according to our channel borrowing protocol must 

be provided by the 6(i + 1) cells in ring i+1. If each cell in ring i+1 can lend k+\ 
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channels to adjacent hot cells in ring i, then 

1 _ { 3 ^ + 1) + 1}^ (A q\ 
6(iTTj ' ( 4 ' 3 ) 

Let us now derive the general expressions for channel demand, i.e., the number of 

channels to be borrowed by a cell in 'Ring i' of a complete hot spot from its adjacent 

cells in ring i+1. For this purpose, let us consider the example of Figure 4.3 and trace 

the channel bargain (lending-borrowing) between the cells, starting from 'Ring 0' to 

'Ring 3' and the 'First Peripheral Ring'. 

Putting i = 0 in Equation (4.3), we obtain l\ = f , implying that each of the six 

cells in 'Ring 1' lends f channels to the center cell thereby satisfying its own demand 

of X channels. Each of the 'Ring 1' cells require X channels themselves. So each cell 

will borrow f + X = ^ channels from adjacent cells in 'Ring 2'. We make use of 

the following two simple facts. 

Fact 1. Any corner cell in ring i has three adjacent cells in ring i+1 and any non-

corner cell has two adjacent cells in ring i+1. 

Fact 2. Any corner cell in ring i can lend channels to its only adjacent corner cell in 

ring i-1, while any non-corner cell in ring i can lend channels to its two adjacent cells 

in ring i-1. 

Since all the cells in 'Ring 1' are corner cells, each of them can borrow channels 

from three adjacent cells in 'Ring 2'. 

Putting i — 1 in Equation (4.3), we obtain l2 = i f . Each cell in 'Ring 2' can lend 

channels to adjacent cells in 'Ring 1'. A borrower cell Ci(0 in 'Ring 1' requires ™ 

channels, and it has three adjacent lenders in 'Ring 2' such as one corner cell C2,o and 

two non-corner cells (one belonging to the same cell array as C^o and another to an 

adjacent array). Cell C2,o lends all it can (i.e., ~ channels) to the only borrower cell 

Ci)0, while the rest of the channel demand IT ~ i f = i f of Clfi is satisfied by equal 

contributions from the other two non-corner lender cells. Since all the cells in 'Ring 
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1' are corner cells, the same distribution is applicable to all of them. We propose the 

following convention of channel borrowing for the corner cells in every 'Ring'. 

Proposition 1. The cell Ct)o will borrow the whole of what its adjacent corner cell 

Ci+ito in ring i+1 has to offer, and its remaining channel demand will be satisfied by 

equal contributions from its two other adjacent non-corner cells in ring i+1. 

Now each cell of 'Ring 2' requires X channels for itself, thus borrowing + X = 

channels from its adjacent cells in 'Ring 3'. Let us now find out what each cell in 

'Ring 3' has to offer. Putting i = 2 in Equation (4.3), we obtain l3 = Proceeding 

in a way similar to the case for i = 1, it can be shown that a corner cell C*2,o in 'Ring 

2' will borrow Z3 channels from its adjacent corner cell C3to in 'Ring 3' and ^ channels 

each from its two adjacent non-corner cells, one of which ((73,1) belongs to the same 

cell array as C3i0. 

Note that C3ji has also another adjacent cell (£2,1) in 'Ring 2' to which 6*3,1 lends 

its remaining (§)/3. The cell C^.i requires another ( |) /3 channels to fulfil its demand 

of = |/3 channels, which it borrows from its other adjacent cell in 'Ring 3'. 

Next, a 'Ring 3' cell array has one corner and two non-corner cells. This is the 

last 'Ring' of our hot spot, and its cells borrow channels from the adjacent cold cells 

of the 'First Peripheral Ring'. According to Equation (4.3), each cell in the 'First 

Peripheral Ring' lends U = ^ channels. Proceeding similarly, a corner cell C3;o 

in 'Ring 3' borrows I4 channels from a corner cell in the 'First Peripheral Ring' and 

(|)^4 channels from two adjacent non-corner cells in the same ring. The non-corner 

cell C3) 1 borrows (jp^ and ( | ) ^ channels from its adjacent cold cells C4ii and C4]2 

respectively. The other non-corner cell C3>2 borrows (|)i4 and (|)/4 channels from the 

adjacent cold cells 64,2 and C4)3 respectively. 

For a complete hot spot, it is easy to generalize the expressions for the number of 

channels borrowed by a hot cell in 'Ring i' from adjacent cells in 'Ring i+1'. Recall 

that li+1 = is the number of channels that each cell in 'Ring i+1' can lend 

to its adjacent cells in 'Ring i'. 
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Lemma 1. (a) A corner cell C^o in ring i will borrow k+i channels from its adjacent 

corner cell Ci+1,0 and ij^- channels from each of its other two adjacent non-corner 

cells in ring i + 1. 

(b) A non-corner cell CtJ in ringi will borrow (1 — and )h+i channels 

from its adjacent non-corner cells Ci+ij and Cj+ij+i respectively. 

Prom the viewpoint of a lender cell, the generalized expressions for the number of 

channels lended is as follows: 

Lemma 2. (a) A corner cell C^o in ring i will lend all of its li lendable channels to 

its adjacent corner cell Cj-i,o in ring i-1. 

(b) A non-corner cell Cij will lend yji-i) k and {1 - }k channels to the adjacent 

cells Ci-ij-i and Cj-ij in ring i-1. 

The channel borrowing algorithm is sketched below. For a complete hot spot 

Hn, each cold cell in the 'First Peripheral Ring' lends ln+1 channels to the adjacent 

cells in 'Ring n', each of which, in turn, retains X channels for its own use and 

lends ln channels to the adjacent cells in 'Ring n-1'. This continues until 'Ring 0' 

is reached. When the algorithm terminates, the number of available channels in all 

the cells within the hot spot will be increased exactly by X. If all cells in the 'First 

Peripheral Ring' are not capable of lending the required /n+1 channels, then channels 

are borrowed from the subsequent 'Peripheral Rings' using the method described in 

the next section. 

4.2.2. Channel Borrowing for an Incomplete Hot Spot 

In this section, we further classify a cold cell into three subclasses, which will lead 

to a general channel borrowing algorithm for cells in an incomplete hot spot. This 

channel borrowing algorithm can also be used for the complete hot spot as well as its 

'Peripheral Rings'. 
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Let us fix any one of the six emanating chains of corner cells as the reference 

chain. The co-ordinate of such a reference corner cell is (i, 0) if it belongs to ring 

i. Moving in the anti-clockwise direction along ring i from the corner cell C^o, the 

co-ordinate of the j th cell will be Here we distinguish between the different 

cell arrays since the same set of co-ordinates cannot be assigned to the cells within 

different cell arrays. 

Classification of Cold Cells 

We will classify a cold cell into three groups - cold safe, cold semi-safe and cold 

unsafe - according to the demands of the adjacent cell(s) of the next inner ring and 

the number of channels available within the cell, denoted as Navau. The definitions 

will be different for each class depending on whether the cell is a corner or a non-corner 

cell. 

Consider first a cold corner cell Cy in ring i, having a channel demand fdiX, 

where fdi is a fraction given as w or w' (Figures 4.4(vii)-(x)) depending on whether 

its adjacent cell in ring i-1 is hot or cold. From the previous section, w = 3t(*~|)+1. 

Let w' represent the demand from a cold cell, i.e. w' will assume different values for 

different classes of cold cells. 

On the other hand, let the channel demands for a non-corner cell in ring i be 

denoted as f ^ X and fdsX. Then is represented by a or a' depending on whether 

the demanding cell is hot or cold (a' will assume different values for the different 

classes of coldness). Similarly, fa3 can assume the values b or b' as in Figures 4.4(i)-

(vi). Here a = GfcMjgfcp11 a n d f, = { i _ {*!"!+!}. 

The criteria for cell classification are given in Table 4.1. The intuition behind this 

classification and the channel lending/borrowing protocol for each class of cells are 

described below. 

1. A corner cell is termed cold unsafe if its channel availability falls below the aver-

age, i.e., it does not have enough channels to satisfy the demand faiX without 
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itself becoming hot. Such a cell borrows faiX channels from its three adjacent 

neighbors in the next outer ring and lends them entirely to its neighboring cell 

in the immediate inner ring. 

2. A corner cell is termed cold safe if it has sufficient number of channels to satisfy 

the demand of its adjacent cell(s) without itself changing state. Hence a cold 

safe cell does not need to borrow any channel. 

3. A non-corner cell is classified as cold unsafe if its channel availability is less than 

average or it does not have enough available channels to cater for the minimum 

of the two demands faX and fdaX without itself becoming hot. Such a cell 

borrows (fd2 + fdz)X channels from its adjacent cells in the next outer ring and 

lends the whole of it, without retaining any for itself. 

4. A non-corner cell is in the cold semi-safe state if its channel availability is more 

than average and it has enough available channels to satisfy the maximum 

demand out of f$iX and f&X, but does not have enough to satisfy both. Such 

a cell will lend channels from its available channel set to the adjacent cell with 

the minimum channel demand, i.e., min(/ r f 2X,/ r f 3X). This kind of lending 

strategy guarantees that the available channel set will not be reduced to the 

critical value hC in the worst case, after channels are lended. 

To cater for the channel demand of the other adjacent cell(s), a cold semi-

safe cell acts like a cold unsafe cell, i.e. it borrows the requisite channels from 

adjacent cells in the next outer ring only to lend them to the demanding cell. 

5. A non-corner cell is termed cold safe if it has sufficient number of channels to 

satisfy the demand of its adjacent cell(s) without itself changing state. A cold 

safe cell does not need to borrow any channel. 
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Table 4.1: Cell Classification for Incomplete Hot Spot 

Cell position Class Condition 

corner cold safe , {Navaii > df°C) and (Navail - fdlX > hC) corner 

cold semi-safe does not exist 

corner 

cold unsafe (Navaii < d?9C) or (Navail - fdlX < hC) 

corner 

hot Navail — hC 

non-corner cold safe (NaVau > dT9C) and (Navail - (fd2 + fd3)X > hC) non-corner 

cold semi-safe (Navau > df9C) and (Navaii - {max(fd2, fd3)}X > hC) 

and (Navau — (fd2 + fdz)X < hC) 

non-corner 

cold unsafe (Navail < d°V9C) or (Navail - {min(fd2,fd3)}X < hC) 

non-corner 

hot Navail — h C 

Modification of Channel Demands 

Figure 4.4 shows the channel demand of a ring i cold cell from adjacent cell(s) in 

ring i+1. This demand is a function of the classification of the cold cell as well as 

the demand from its neighboring cell(s) in ring i-1. Figure 4.4(i) shows the case for 

a complete hot spot, where both the ring i-1 cells are hot. Thus, the coefficients a, 

b, c and d can be computed exactly the same way as shown in the previous section. 

For the other classes of cells in ring i, our objective is to determine the coefficients 

c', d! etc. in Figures 4.4(ii)-(vi) in terms of the known coefficients and the modified 

channel demands a! and b' from ring i-1 cells, whenever applicable. 

In the case of corner cells, Figure 4.4(vii) shows the situation for a complete hot 

spot where the ring i-1 cell is hot. The coefficients w, e, f and g then are determined, 

and our objective is to determine the modified demands e', / ' , g' etc. (refer to 

Figures 4.4(viii)-(x)) in terms of these known parameters and the modified demand 

w', whenever applicable. 
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. . . ring i-1 

ring i 

(i) 

• Cell 

H hot 

CU cold unsafe 

CSS cold semi-safe 

(ii) (iii) (iv) 

ring i+1 

ring i-1 

ring 

ring i+l 

(v) (vi) 

For non-corner cells of type H, CU and CSS. 

(vii) 

CU 

(viii) 

For corner cells of type H and CU. 

w 

CU 

. . . ring i-1 

. . . ring 1 

ring i+1 

(x) 

Figure 4.4: Channel demand graphs for corner and non-corner cells 

Non-Corner Cells of Types Hot, Cold Unsafe and Cold Semi-safe 

The channel demand equation for a hot non-corner cell in ring i whose adjacent cells 

in ring i-1 are also hot (see Figure 4.4(i)) is given by 

cX + dX-aX-bX = X (4.4) 

The channel demand equation for a cold unsafe non-corner cell in ring i, whose adja-

cent cells in ring i-1 are hot (Figure 4.4(ii)) is given by, 

c'X + d'X - aX - bX = 0 (4.5) 
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Rewriting Equation (4.4) as 

c(l - - ^ ) X + d( 1 - - j - , ) X - oX - bX = 0, (4.6) v c+d c + d 

we get c' = c( 1 - ^ ) and <f = rf(l - ^ ) . 

The channel demand equation for a cold semi-safe, non-corner cell in ring i whose 

adjacent cells in ring i-1 are also hot (Figure 4.4(v)) is given by 

civX + (fvX - {rnax(a, b)}X = 0 (4.7) 

Rewriting Equation (4.4) as 

l + m i n ( o i ) , i r l + min(a, 6 ) w r , ,X1 „ „ 
c(l V — ) X + d( 1 7 - ^ ) * - {rnaa;(a, b)}X = 0 (4.8) 

c + a c+a 

we get c™ = c(l - 1+7+
n]Q'fe)) and d™ = rf(l -

Proceeding in a similar way, it can be shown that 

= c ( i _ ("+tHfl'+t')) d" = rf(l - (a+6H^,+fc')) 

g"' _ _ l+(a+ft)-(a>+fc')̂  /̂// _ — 1+(a+&Ma'+6')) 

_ r ( i _ (a+b)-(a'+b') _ l+min(a',b') \ w _ JQ _ (a+6)-(a'+6') _ l+mm(a',h')\ 
^ V c+d c+d '' * c+d c+d *' 

Corner Cells of Types Hot and Cold Unsafe 

The channel demand equation for a hot corner cell in ring i whose adjacent cells in 

ring i-1 are also hot is given as, 

eX + fX + gX-hX = X (4.9) 

Proceeding in a similar way as in non-corner cells leads to Figure 4.4(vii)-(x). It can 

be then be shown that 

~ ^ e+f+g 

e" = e(l - h~h> 

e e+f+g 

e'» = eCl _ Jd 

r = / ( i - i \ 
e+f+g 9' = 5(1 i \ 

e+f+g J 

;), r = / ( i - h-ti \ 
e+f+g ^ 9" = g( i h-h! ^ 

e+f+g ' 

l') = / ( i - \+H—hf \ 
e+f+g g'" = 5 (1 - 1-hfo—h/ \ 

e+f+g r 
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4.2.3. Channel Demand Graph for Hot Spot 

Initially, a channel demand graph is constructed based on the channel demand and 

class of each cell in the hot spot and its 'Peripheral Rings'. A demand graph is a 

layered graph with the uppermost layer representing the 'Ring 0' of the hot spot, 

while each subsequent layer consists of nodes representing cells in the next outer ring, 

until we reach a 'Peripheral Ring' consisting only of cold safe cells which form the 

lower most layer. Therefore, the demand graph spans all the 'Rings' of the hot spot 

as well at least one of its 'Peripheral Rings'. Let ring i correspond to layer j of the 

demand graph. Then for a node u in layer j and a node v in layer j+1, there exists an 

edge (u,v) if there is channel demand from the ring j cell, to the ring j+1 cell. The 

edge weight is given by deman^u 'v). Hence the lower most layer of the demand graph 

consists only of cells in the cold safe state with no channel demand. 

The preceding section shows that given the channel demands towards a cell in 

ring i in an incomplete hot spot, we can find exactly how the ring i cells' own channel 

demands from adjacent ring i+1 cells are modified with respect to the same demands 

if it belonged to a complete hot spot. Since we know the expressions for these channel 

demands in a complete hot spot, the modified channel demand for a ring i cell in an 

incomplete hot spot from adjacent ring i+1 cells can be derived in terms of these 

demands in a complete hot spot and the demand(s) from the ring i-1 cell(s) in our 

incomplete hot spot. Construction of the demand graph involves computing these 

modified demands for the cells in a layer by layer fashion, starting from the uppermost 

layer. 

Let the uppermost layer of the graph consist of node(s) representing the hot cell(s) 

of 'Ring 0'. Let us assume for the time being that it is the center cell itself. The 

demands from each of its six adjacent cells in ring 1 is y . Depending on this demand 

and the channel availability of these cells, they are classified as hot, cold safe, cold 

unsafe or cold semi-safe, and thus form the second layer of nodes in the demand graph. 

The demands of the ring 1 cells from ring 2 cells can now be computed, which lead to 
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H = hot cell 

CS = cold safe 

CU = cold unsafe 

CSS = cold semi-safe 

RingO 

Ring 1 

Ring 2 

First Peripheral Ring 

(i) Incomplete Hot Spot 

CS CS CS CS CS CS CS CS 

(ii) Demand Graph of the Incomplete Hot Spot 

CS CS CS CS 

highest layer 
('RingO') 

'Ring I' 

- lowest layer 
(cold safe cells) 

Figure 4.5: Channel demand graph for an incomplete hot spot 

the classification of the ring 2 cells. In this way, the demand graph is constructed in 

a top down fashion. The construction of the demand graph terminates when a ring 

consisting only of cold safe cells is reached. An example of an incomplete hot spot 

and its demand graph is shown in Figure 4.5. The edge weights are not shown in this 

figure. 

Now consider the case when the center cell does not constitute the uppermost 

layer of the demand graph, i.e. the center cell is not hot. Then the uppermost layer 

consists of node(s) representing the hot cells(s) of the ring j (say) nearest to the 

center cell and containing at least one hot cell. To compute the channel demand of 
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the hot cells in ring j from the adjacent cells in ring j+1, we proceed as in the previous 

subsection and for non-corner hot cells in ring j, we obtain 

Similarly for corner hot cells in ring j, we obtain 

r-m-rrTTj' ^ ( 4 - n ) 

Let us now sketch the channel borrowing algorithm. After the channel demand 

graph for the incomplete hot spot is constructed, the channel borrowing algorithm 

works in a bottom up fashion, starting from the lower most layer of the demand 

graph. These cold safe cells lend the necessary amount of channels to adjacent nodes 

in the next higher layer to satisfy the edge demands. This brings all the cells in this 

layer to the cold safe state thereby allowing them to lend channels to nodes in the 

next higher layer, and so on. The algorithm continues till the uppermost layer of the 

demand graph is reached. Thus, all the cells in the hot spot will have their channel 

demands fulfilled and will be in the cold state. 

4.3. Performance Modeling 

We develop two discrete time Markov models, one for a complete hot spot and the 

other for a cell within the hot spot. In fact, the Markov model for a cell is developed 

first and some of the analytical results obtained in this model are then used to capture 

the evolution of a complete hot spot. Although a complete hot spot is assumed to 

simplify the analysis, our analysis be easily extended to the case of an incomplete hot 

spot. 

4.3.1. Markov Chain Model of a Cell 

We develop a Markov chain model of a cell in a complete hot spot, to capture the 

channel availability pattern in that cell with respect to discrete time intervals. Figure 



76 

4.6 shows the Markov chain model for such a cell. Let the stochastic process describing 

this Markov chain take up the discrete set of values {n : 0 < n < C}, where n denotes 

the number of available channels in the cell. The process is said to be in state Si if 

n = i. Let us assume that the call arrival process in the cell is Poisson with rate A. 

Let the call termination process be also Poisson with parameter fi. These are valid 

assumptions so far as the normal telephone calls are concerned. 

If the cell is in any one of the states Si, for 0 < i < \hC], then it is a hot cell, 

where C is the total number of channels assigned to the cell and h is the threshold 

parameter. Prom now on, wherever we use hC, it should be interpreted as \hC]. 

When the cell enters the state Shc+I from ShC, it becomes a cold cell from a hot 

one. The cell remains in the cold state as long as it is in one of the states Si, where 

hC H-1 5; i ^ C. 

Our cell is in state Si if the number of available channels is i, i.e. the number of 

channels in use is C — i. Hence the cell will make a state transition from Si to S*i 

whenever any one of C - i ongoing simultaneous calls terminate. This implies that 

the forward state transition probability from Si to Si+i, is given as (C - i)ji. Some of 

these forward transition probabilities are shown in Figure 4.6. The reverse transition 

will take place whenever there is a new call arrival, implying that the probability is 

given as A. Also, there can be a discrete increase of X (the number of channels to 

be retained by a hot cell) in the number of available channels of the cell in hot state 

when the load balancing algorithm runs. We assume that this increase in the number 

of channels can take place with a constant probability fjf from any of the states Si, 

0 < i < hC, which accounts for the forward arcs from Si to Si+x in Figure 4.6. In 

the next subsection, we will describe a method to estimate the value of //'. 

Let us now compute the steady state probability 11,- for state Si of the Markov 

chain. It is evident from Figure 4.6 that the balance equations are not identical for all 

the states. We can actually partition the whole chain into four subchains and derive 

the limiting probabilities of the states within each subchain individually, in terms of 
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((l-h)C+l) |i (l-h)C n (C-X) fi 

hC+X-l hC+X+l 

Figure 4.6: Markov model for a cell in a complete hot spot 

the limiting probability n 0 of the state SQ. The subchains are: 

Subchain 1 : consists of the states Si for 0 < i < hC, 

Subchain 2 : consists of Si, for hC + 1 < i < X — 1, 

Subchain 3 : consists of Si, for X < i < hC + X, 

Subchain 4 : consists of rest of the states. 

Let us now write down the balance equation for a state Si in Subchain 1. The 

boundary cases for the recursive balance equation are 

n0 : i = 0 

( C ^ ) n o . i = 1 

and the balance equation for Si is 

I W C — i + l)n + Ilj+iA = IIj((C — i)fx + /J! + A). (4.13) 

To solve for the closed form expression for Ilj, we apply Geometric transform (G-

transform) to Equation (4.13). The G-transform of Ilj is given as, (2(11;) = G(z) = 

Also, by the shifting and scaling properties of G-transform, we have, 

C?(ni+T.) = z~r(G(z) — Rjzj) and G(iUi) = = zG'(z), respectively. Using 

the initial conditions of 11, given in Equation (4.12), the following linear first order 

differential equation is solved for G(z). 

C'(~\ i ^ z 2 ~ (C + p'+ p)z + p r ( . PTIQ n i n 
° (2) + ^(l - z) = I T (1-14) 

n,= (4.12) 
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where p = j and p' = lf-. 
r r 

The expression for the steady state probability for Subchain 1 is obtained by 

taking the inverse transform of G(z) as 

n* = E ( £ ) E n { f l + i ' - k + 1 ) n ( t - j - m + 1 ) (4.15) 
lJ-i'=o\1/ j=0 Jfc=l P m=l 

where 1 < i < hC. 

Equation (4.13) can be used to derive the steady state probability 11/̂ +1 of SHC+I 

in terms of ITftc, which in turn is given by Equation (4.15). Let Tihc+i = Vî -hc- The 

values of UhC and Tluc+i are the boundary cases for the recursive balance equation 

for Ilj in case of Subchain 2, which is given below. 

nj-i(C7 — i + 1 )fi + Ilj+iA = Ili(A + (C ~~ i)A0* (4-16) 

Proceeding in a similar manner as in the case of Subchain 1, we obtain 

n , = n„[^ • {(„, - i)p - c}+{£ n { c + j ' k ) - £ n ( g + i - ^ - i ) } ] ( 4 1 7 ) 

k—lj—l P k=lj=l P 

1 

where, hC + l<i<X — \ and 

E ^ 0 ^ * 7 E £ E 

k=ij-i jez i'ez-{ o} j'sz i»zz 

l k 
p ; i + y 

fc=ij=i jez if£Z-{o} j'ez " i"ez 
(4.18) 

Here Z is the set of positive integers and the variables i',j, i",j' will assume certain 

integer values from Z such that the following two conditions are satisfied. 

(1) i' and j are integers satisfying the equation k = i + i' + j - C for 0 < k < i'. 

(2) i" and j' are integers satisfying the equation k' = C + 2i" - j' - i + 1 for 

0 < k' < 2i" + 1. 

Henceforth, wherever A will be used, it is assumed that A is given as in Equation 

(4.18) satisfying the above two conditions. 
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Using Equation (4.16), the boundary cases for the recursive solution for the steady 

state probabilities of Subchain 3 can be derived as in the case of Subchain 2. Let 

Tlx = Villx-i. The recursive balance equation for ITj in Subchain 3 is given as 

i ij_i(c — i + i)n + n i—xtf + ni+1A = n , ( (c — i)fj, + A). (4.19) 

Here we note that IIt_x, for X < i < hC + X, are the steady state probabilities 

of Subchain 1. Hence the G-transform of is equal to the G-transform of n* 

for 0 < i < hC, which is derived earlier. Let At denote the same expression as 

A with the constant C replaced by the variable I. Substituting G(Hj)|0<i</ic for 

G(IU —x) \x<i<hc+x and proceeding similar to the cases of Subchains 1 and 2, we 

obtain 

n i = n o W w - c ) + { E n ( C + f " f c ) - E n ( C + , ' " " t " 1 ) } + p . i : ! i r ] 
k=lj=l p k=lj=l P i=0 

(4.20) 

where X < i < hC + X and 

» = £ 0 e n ¥ + i ' - k ' + 1 ) n ( i < - j - m + ( 4 . 2 i ) 
i'=0 V / j~0 k=l r m= 1 

Let the base cases for the recursive solution for the steady state probabilities 

of Subchain 4 be Uhc+x (derived from Equation (4.20)) and II/ic+x+i = V^hc+x 

(derived from Equation (4.19)). Then the steady state probability 11* for Subchain 4 

will have the same expression as that for Subchain 2 with 774 replacing Hence 

n f = n„[^ • {(„< - I V - C]+{£ n { c + j ~ k ) - £ n ( g + j - * - i ) } 1 ( 4 2 2 ) 
k=lj=l p k=lj=l p 

for hC + X + 1 < i < C. 

Using Equations (4.15), (4.17), (4.20), (4.22) and the fact that £-Lo n i = 1, we 

first derive the expression for n0. Expressions for the steady state probabilities n i ; 

where i > 0, are then derived in terms of n 0 using Equations (4.15), (4.17), (4.20), 

(4.22). Two important performance metrics for our load balancing algorithm are the 
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probability of call blockade in a cell and the probability of a cell being hot. The 

steady state probability IIo gives the call blocking probability of a cell. 

The probability of a cell being hot is given by 

PH = ESllj 

= n „ [ i + E S S Xchij-, E?=o (?) n{= 1
 (g ,+''; i+1' n £ s ( i ' - j - ™+1)]. 

4.3.2. Estimation of the probability / / 

Let us consider a cell in 'Ring j' of a complete hot spot. By our channel borrowing 

strategy, fi' is the probability that sufficient number of channels are available in the 

system excluding the part of the hot spot from 'Ring 0' to 'Ring j' to meet the channel 

demand, Dhs = {3 j ( j + 1) + 1}X. Let Hj denote the set of cells forming 'Rings' 0 

to j and Hj is complement set. A cell will only be able to lend channels if it is in the 

cold safe state. If Navaii(i) be the number of available channels in cell i of the system, 

this implies that the actual number of channels available in the system for lending 

purposes is A = Zieg. Navail(i) - \Hj\(hC + l). Thus, 

ji' = Prob[̂ 4 > Dhs) 

= Prob[total number of available channels > Dhs + |Hj\(hC + 1)]. 

To compute //, let us consider the evolution of the entire system in the time period 

between two successive calls of the load balancing algorithm. Assume that the system 

contains M cells. 

By our previous assumption, the call arrival and termination processes in each 

cell i are Poisson and denoted as A-' and fi", respectively. Then, using results from 

queuing theory, the call arrival and termination processes for the entire system are 

Poisson, and the rates are given by A" = i A" and ji" = 1^1 respectively. Our 

system can then be modeled as an M/M/k/k queuing system with state Si = i, where 

0 < i < MC is the total number of available channels in the system (see Figure 4.7). 

From known queuing theoretic results, the steady state probability of St for such a 
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MCu (MC-1) u 

Figure 4.7: Markov model of the system between two runs of the load balancing 

algorithm 

birth and death Markov chain is given by, 

TU = ^ - n 0 (4.23) 

where n 0 = [Efio 

Thus, the expression for the transition probability / / can be derived as 

// = Prob[total number of available channels > Dh„ + |Hj\ (hC + 1)](4.24) 
Dha+\Hj\(hC+l)-\ 

= 1 - E n i (4.25) 
i=0 

where Ilj is given by Equation (4.23). 

4.4. Simulation Experiments 

Simulation experiments are carried out emulating a real time cellular mobile environ-

ment in an urban area. For example, the downtown area of the city is chosen as the 

hot spot and the suburbs comprise the outer rings of cells. A considerable reduction 

in the blocking probability of the system with load balancing is observed as compared 

to the system without load balancing. Also the performance of our scheme is com-

pared with CBWL (channel borrowing without load balancing) scheme proposed in 

the literature. In our simulation model, call arrivals and terminations are modeled 

as Poisson processes with rates A and n, respectively, and 'time' is equivalent to the 

number of iterations. A fixed channel assignment scheme with an initial allocation 
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of C channels per cell is assumed. The hot spot density and the number of rings 

comprising the hot spot are variable. 

4.4.1. Impact of size and density of hot spot 

0.07 

Without load balancing 
With load balancing 

g 0.03 

10 20 30 40 50 60 70 80 90 100 
No. of rings 

Figure 4.8: Blocking probability vs. size of the hot spot 

The goal of this experiment is to measure the stability of our load balancing 

scheme under most severe tele-traffic demands. For this we define a parameter called, 

spot density (sd), varying which we can control the number of hot cells in the hot 

spot. For example, sd = 0.1 gives only 3 hot cells in a 4 'Ring' hot spot, while sd = 

0.5 gives 16 and sd =0.9 gives 32 hot cells in the same hot spot. The size of the hot 

spot is varied by the number of rings that comprise hot cells. For this particular run, 

the spot density was fixed at sd = 0.5 and the size was varied. The total size of the 

system was 100 rings. 

It is observed from Figure 4.8 that the percentage reduction of blocked calls attains 

a maximum of 62.50% with a very small hot spot (number of rings = 10), and a 

minimum of 14.38% with almost the entire system being a hot spot (number of rings 

= 90). Hence, under very high tele-traffic demand, there is still a 15% improvement 

in system performance with the introduction of load balancing. 
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4.4.2. Impact of call arrival rate 
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Figure 4.9: Blocking probability for various call arrival rates 

This experiment evaluates the performance of the load balancing strategy under 

various call generation rates. With a low call generation rate of A = 0.1, the average 

percentage reduction in the number of blocked calls is 85.9%. With a very high 

call generation rate of A = 0.9, the performance of the algorithm suffers, but still 

an improvement of about 7% is observed as compared to the system without load 

balancing. 

4.4.3. Comparison with CBWL 

The proposed load balancing scheme is compared with the CBWL scheme [JR94]. In 

Chapter 3, we observed that CBWL outperforms every other existing load balancing 

scheme under moderate tele-traffic load, while under heavy load only LBSB (Load 

Balancing with Selective Borrowing) performs better. Hence CBWL is chosen as the 

most suitable candidate for comparison with our new load balancing scheme. 

Figure 4.10 compares the performance of our scheme with CBWL with respect to 

the call blocking probability for various call arrival rates. The results show that our 
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Figure 4.10: Comparison of our scheme with CBWL and no load balancing 

scheme performs better than CBWL, both for moderate and high tele-traffic loads 

in the system. This is expected because in case of a dense hot spot, the interior 

cells tend to starve in the CBWL channel assignment scheme. Our scheme adopts 

a layered (structured) approach of channel migration from the exterior cold cells to 

the interior cells of the hot spot region. Performance improvements over a scheme 

without load balancing are 12.0% for our scheme and 7% for CBWL for a high arrival 

rate of 0.9, whereas for an arrival rate of 0.3 the improvements are 95.3% for our 

scheme and 98.7% for CBWL. 

4.5. Summary 

In this chapter, we propose a load balancing strategy for the tele-traffic hot spot 

problem in cellular networks. A hot spot is viewed as a stack of hexagonal rings of 

cells and is termed complete if all the cells within it are hot. We first propose a 

load balancing scheme for a complete hot spot, which is later extended to the general 

case of incomplete hot spots. Load balancing is achieved by a structured borrowing 

mechanism whereby a hot cell can borrow a fixed number of channels (depending 
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on its relative position within the hot spot) only from adjacent cells in the next 

outer ring. In this way, unused channels are migrated into the hot spot from its 

peripheral rings. The structured borrowing mechanism also reduces the amount of 

interference between the borrower cell and the co-channel cells of the lender. Detailed 

analytical modeling of the system with our load balancing scheme captured certain 

useful performance metrics like call blocking probability, the probability of a cell 

being hot and the evolution of the hot spot size. Exhaustive simulation experiments 

are carried out proving that our load balancing algorithm is robust under severe load 

conditions. Also, comparison of our scheme with the CBWL strategy demonstrates 

that under moderate and even very high load conditions, a performance improvement 

of as high as 12% in terms of call blockade is achievable with our load balancing 

scheme. 



CHAPTER 5 

QUALITY-OF-SERVICE BASED RESOURCE MANAGEMENT FOR WIRELESS 

MULTI-MEDIA 

Over the last decade there has been a rapid growth of wireless communication tech-

nology. Voice communication over wireless links using cellular phones has matured 

and become a significant feature of communication today. Alongside, portable com-

puting devices such as notebook computers and personal digital assistants (PDA) 

have emerged - as a result of which such applications as electronic mail and calen-

dar/diary programs are being provided to mobile or roving users. Observing this 

trend, it can be predicted that the next generation of traffic in high-speed wireless 

networks will be mostly generated by personal multimedia applications including fax, 

video-on-demand, news-on-demand, WWW browsing, and traveler information sys-

tems. For multimedia traffic (voice, video, and data) to be supported successfully, it 

is necessary to provide quality-of-service (QoS) guarantees between the end-systems. 

QoS means that the multimedia traffic should get predictable service from re-

sources in the communication system. Typical resources are CPU time (for the 

communication software to execute) and network bandwidth. The communication 

software also gives an acceptable end-to-end delay and maximum delay jitter, i.e., 

maximum allowed variance in the arrival of data at the destination. In most cases, 

QoS requirements are specified by the 3-tuple (bandwidth, delay, reliability). The 

QoS provisioning problem for multimedia traffic in non-wireless networks such as 

broadband wire-line networks (e.g., B-ISDN) has been extensively studied. For a 

good introduction of the relevant issues, refer to [Kur93]. The ongoing work mainly 

concentrates on the problems of bandwidth management and switch-based schedul-

ing to provide deterministic guarantees on end-to-end delay, throughput and packet 

losses. 
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However, the two major differences [NSA96] between wire-line and wireless net-

works are in link characteristics and mobility. The broadband wire-line network 

transmission links are characterized by high transmission rates (in the order of Gbps) 

and very low error rates. In contrast, wireless links have a much smaller transmission 

rate (Kbps-Mbps) and a much higher error rate. The most recent private wide area 

wireless data networks such as ARDIS or Mobitex offer a channel rate of about 8Kbps 

to 2Mbps and similar local area wireless networks such as Motorola's Altair-II offer 

about 6 Mbps [NT95]. Additionally, wireless links experience losses due to multi-

path dispersion and Rayleigh fading. The second major difference between the two 

networks is the user mobility. In wire-line networks, the user-network-interface (UNI) 

remains fixed throughout the duration of a connection whereas the UNI in a wireless 

environment keeps on changing throughout the connection. Therefore, it is necessary 

to re-design or revise existing QoS provisioning techniques for wireless networks. 

Traffic 
type 

Delay 

10000/ 

Voice 

Data file 
transfer 

f Low speed \ 
\^inte^tivedatay 

f Packetized 
video 

IK 10K 100K 1M 10M 100M 

Bandwidth 

Figure 5.1: Characteristics of multimedia traffic 

Figure 5.1 shows the characteristics of traffic types in wireless networks, in terms of 
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the bandwidth usage and typical tolerable delay. Since the traffic varies significantly 

within a wide range of parameters, guaranteeing QoS becomes even more challeng-

ing. From this viewpoint, multimedia traffic can be broadly classified as real-time 

and non-real-time [AN95]. Real-time traffic (e.g., video and voice) is highly delay 

sensitive, while non-real-time traffic (e.g., TCP packets and text data transfers) can 

tolerate large delays. Existing public data networks such as cellular digital packet 

data (CDPD), general packet radio service (GPRS), and high speed circuit switched 

data (HSCSD) utilize the unused voice capacity to support low-priority, non-real-

time data. In case of scarcity of available bandwidth, the transmitted data packets 

are buffered or suitable flow control techniques are used leading to an increase in 

transmission delay. 

In spite of the recent auction of 1850-2000 MHz band by the FCC for personal 

communication services (PCS) users, bandwidth is still the major bottleneck in most 

real-time multimedia services. Such services can substantially differ in bandwidth 

requirements, e.g. 9.6 Kbps for voice service and 76.8 Kbps for video. Most of 

the earlier research on wireless bandwidth allocation concentrated on the problem 

of optimizing frequency reuse, and hence the carried traffic, for only one class of 

service (i.e., voice). For a multi-class wireless service provider, the carried traffic in 

the system for each class is to be considered individually. 

5.1. Related Work 

Recently, some work has been proposed for providing better QoS guarantees for mul-

timedia traffic in wireless cellular networks [OKS96, AN94, AN95, NSA96, Sur96a, 

Sur96b, PTP94, RP96]. Rappaport and Purzynski [RP96] have developed analytical 

models for a cellular mobile environment consisting of mixed platform types with 

different classes of channel and resource requirements. Different platform types are 

pedestrian, autos etc. where a mobile terminal is installed. Different call types will 

require different types and amounts of resources. The authors have considered two 
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broad cases - with hand-off queuing and without. In both cases, hand-off calls are 

given priority over ordinary calls with the former given a certain cut-off resource 

priority over the latter. Also, quotas for the usage of each type of resource is im-

plemented. The problem is mapped into multi-dimensional Markov chains, with per-

missible states determined by the resource usage constraints. The underlying driving 

processes of the model are call arrivals, call completions, hand-off arrivals into and 

departures from a cell. Numerical algorithms are devised to solve for the steady state 

probabilities. Various performance measures like carried traffic, blocking and forced 

termination probabilities for each platform and call type are numerically computed 

from the analytical models. 

The carried traffic in a wireless network can be increased by the graceful degra-

dation of some or all of the existing services in the system [Sur96a, Sur96b]. Seal 

and Singh [Sur96b] have identified two QoS parameters namely, graceful degradation 

of service and guarantee of seamless service. Graceful degradation of service refers 

to reducing allocated bandwidth to the existing calls. The quality of each connec-

tion deteriorates as data is discarded by the base station transmitter to adjust to 

the reduced allocated bandwidth. It is highly possible that discarding of data results 

in the loss of some critical portions of data which may not be recoverable. With 

the help of user-supplied loss profiles which tell the system the user-preferred way 

to lose data, bandwidth usage of applications that can sustain loss is degraded in 

situations where user demands exceed the network's capacity to satisfy them. A new 

transport sub-layer called, loss profile transport sub-layer (LPTSL), is proposed to 

implement loss profiles by selectively discarding data out of special applications like 

a compressed video stream. This is implemented as a library of discarding functions 

which discard data in various manner (e.g., clustered loss, uniform loss etc.), and the 

user chooses the most appropriate function according to his needs. The algorithms 

have been incorporated in the Multi-stream Protocol (MSP) and MPEG-2 transport 

systems. 
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Based on the minimum requirement criteria provided by the user, Oliveira, Kim 

and Suda [OKS96] proposed a bandwidth reservation algorithm for guaranteeing QoS 

to multimedia traffic. Two main types of multimedia traffic was considered - real-

time and non-real-time. For real-time traffic, the call is admitted only if the requested 

bandwidth can be reserved in the call-originating cell and all its neighbors. For a 

non-real-time call, the requested bandwidth is reserved only in the originating cell. 

Various approaches for bandwidth reservation for real-time traffic in neighboring cells 

were suggested. The amount of bandwidth reserved is either a function of the number 

of real-time calls or the requested bandwidth of all real-time connections in the cell. 

Detailed simulation experiments were performed to compare this scheme with two 

other variants. In one variant, the incoming real-time call is accepted if the requested 

bandwidth is available. If not, the algorithm attempts to allocate the minimum 

required bandwidth (provided by the call) only if it is a hand-off request. In the 

second variant, if this minimum required bandwidth is not available, bandwidth is 

"stolen" from the ongoing non-real-time calls and allocated to the hand-off request. 

Although this scheme guarantees QoS, the main drawbacks are: (i) bandwidth is 

reserved redundantly, since the user moves only to one of the six neighboring cells 

(assuming hexagonal cell geometry), and (u) the stringent call admission procedure 

might not admit many real-time requests in a highly overloaded system. 

Acampora and Naghshineh [AN94] proposed a virtual connection tree (a cluster 

of base stations) approach which is used for call routing, call admission and resource 

allocation. This concept is used to reduce the call set-up and routing load on the 

network call processor such that a large number of mobile connections can be sup-

ported. A virtual connection tree is a collection of base stations and wire-line network 

switching nodes and links, with the root being a fixed switching node. For setting up 

a call for a mobile terminal, the call processor allocates two sets of virtual connection 

numbers (one in each direction), with each member pair of the set defining a path 

between the root and a base station in the virtual connection tree. When the mobile 



91 

user wishes to hand-off to another BS in the same tree, it simply begins to transmit 

packets with its allocated connection number for the new BS. In the reverse direction, 

a hand-off is identified by an arriving packet bearing a new connection number. In 

both cases, the routing table at the root of the tree is updated accordingly. Whenever, 

the mobile user reaches the boundary of a virtual connection tree, it seeks hand-off to 

a new tree, and the network call processor is invoked. The network traffic is divided 

into three classes in decreasing order of priority. Class I comprises of real-time traffic 

like voice/video and has hand-off dropping probability as its QoS metric. Class II con-

nections can be "put on hold" and will suffer packet losses and delay when the system 

enters an overloaded state. Class III connections utilize the leftover bandwidth of the 

other two classes of traffic and its QoS metric is average queuing delay. Call admission 

decision is based on the number of ongoing calls of each class, hand-off rate, call dura-

tion statistics etc. Acampora and Naghshineh [AN95] also proposed a call admission 

control algorithm for QoS provisioning for multimedia traffic, based on an adaptive 

resource sharing policy among two different classes of traffic, namely, real-time and 

non-real-time, with the former having preemptive priority over the latter. A simple 

analytical model (based on Poisson call arrivals and departures, and threshold rules 

for each class of traffic) is proposed to capture the various QoS parameters like call 

blocking and dropping probabilities and the probability for a minimum bandwidth 

availability for non-real-time requests which share the available bandwidth equally 

among themselves. 

Some of the above related work, either experimentally evaluates QoS degradation 

[Sur96b] or model resource scheduling policies in a multi-class user network [AN95, 

RP96]. 

5.1.1. Our Contribution 

In this Chapter, we propose a framework for modeling QoS degradation strategies 

for real-time and non-real-time traffic. Two orthogonal QoS parameters are identi-
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fied, namely, total carried traffic and bandwidth degradation, such that improvement 

of either of them leads to the degradation of the other. A cost function describing 

the total revenue earned by the system from a bandwidth degradation policy is for-

mulated, and methods to compute the optimal policy maximizing the net revenue is 

discussed. This model is extended to compute combined call admission and degrada-

tion policies, where the incoming calls are grouped into a demand vector. In most 

systems, the real-time traffic has preemptive priority over the non-real-time traffic, 

based on which a novel channel sharing scheme for non-real-time users is proposed. 

This scheme is analyzed using a Markov modulated Poisson process (MMPP) based 

queuing model, and the average queue length, a QoS metric for non-real-time traffic, 

is also derived from the model. Detailed simulation experiments are conducted to 

validate our proposed models and policies for real-time and non-real-time traffic. 

The rest of this chapter is organized as follows. The framework for QoS degrada-

tion in case of real-time traffic is described in Section 5.2, along with some numerical 

results and detailed simulation results. In Section 5.3, we develop the MMPP model 

capturing the preemptive priority of real-time calls over non-real-time ones. Simula-

tion results for the average queue length is also presented. A novel approach called 

bandwidth compaction to maximize spectrum utilization for multi-rate traffic requiring 

contiguous allocation of bandwidth is described in Section 5.4. 

5.2. Graceful Degradation of User Traffic: the Real-Time Case 

Various types of real-time multimedia services require different bandwidth require-

ments depending on the application. For example, low motion video telephony re-

quires about 25 Kbps and generic video telephony over 40 Kbps, whereas a band-

width of 9.6 Kbps is sufficient for voice services. In a practical wireless system, a 

channel is defined as a fixed block of communication medium such as (time slot, car-

rier frequency) tuple in TDMA systems or simply a fixed block of radio frequency 

bandwidth as in FDMA systems. A GSM channel has a data rate of 9.6 Kbps and 
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multiple such channels can be allocated to a single user application. For example, 

HSCSD allows up to 8 GSM channels to increase the bandwidth to 76.8 Kbps for 

transmitting high bandwidth video. The analysis presented below is applicable to 

both FDMA and TDMA based wireless systems unless otherwise mentioned. 

5.2.1. A Framework for Bandwidth Degradation 

Let us consider that there are K classes of traffic where a call of class i, for 1 < % < K, 

uses i channels under normal operation. We also define a degraded mode of operation 

in which a call in class i (2 < i < K) uses i - 1 channels and releases a channel 

to a common pool. These released channels are used to accommodate new incoming 

calls and hence to increase the total carried traffic in the system. For example, if a 

video transmission in an HSCSD system using 76.8 Kbps is allowed to degrade by 

one channel (9.6 Kbps), then this released channel can accommodate one more voice 

call. Bandwidth degradation such as this, translates to poor Quality-of-Service for 

the call which may not be acceptable to the user. Therefore, all class i > 1 calls in 

the system may not be degradable. 

In fact, there is a trade-off between the total carried traffic of various classes and 

the number of degraded calls in an saturated system. A saturated system is one in 

which there are no free channels available. In order to admit more incoming calls, 

channels have to be released through bandwidth degradation. While increased carried 

traffic generates positive revenues for the system, bandwidth degradation leads to a 

negative revenue generation. Therefore, we define two orthogonal QoS parameters -

carried traffic and bandwidth degradation - and formulate a cost function based on 

these parameters to compute the net payoff generated out of bandwidth degradation. 

A bandwidth degradation policy, Dt,w = {2/2,2/3, - - -, VK}I specifies the number y, 

of the ongoing class i calls to be degraded, where 2 < i < K. We assume that the 

degradation of (y2 + 2/3 + • • • + VK) number of calls take place sequentially in any 

arbitrary order. Thus the number of channels released by degradation of class i calls 
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is yi. An optimal policy D£w is one that maximizes the revenue cost function. 

Let us assume a static distribution of various classes of calls (call mix) in an 

overloaded system with C channels where the fraction of class i calls is given by 

where 1 < i < K. Then the number of class i calls in the system without degradation 

is Xi = —.KiC. • Let the system degrade with a policy Dbw = {y2,2/3, • • •,VK} where 
3aj 

V i < Xi, and the released channels are used to admit incoming calls of various classes. 

Let TCJ(XI, y 2 , 2 / 3 , , UK) denote the total number of admitted class % calls in the 

system and Ct>i, the revenue generated by each such call. Then the total revenue 

earned due to carried traffic in the degraded system is 
K 

= YJ 2/2, J/3, • • •, VK) (5.1) 
t=i 

The system will also lose revenue proportionately to the number of degraded calls 

in the system. Let ^(2/2, 2 / 3 , , UK) denote the number of class i calls in the system 

degraded in any arbitrary order. Degradation of a class i call (say, k) will have a cost 

Cd,i,k associated with it. In general, the larger the number of degraded calls in the 

system the costlier it is to degrade a call. Therefore, Cd,i,k will be proportional to the 

number of degraded class i calls in the system when call k is being degraded. 

The number of degraded class i calls increases uniformly from 0 to td,i{y2,2/3, • • •, VK), 

so the average degradation cost for a class i call is proportional to . Then 

the total cost due to the td,i{y2,2/3,, yk) degraded class i calls is 

cd,itd,i(y2,y3,-,yK)̂ d i^y^ yz ^ y^)5 where the proportionality constant Cd,% is the degra-

dation cost per unit of class i traffic. Hence the total revenue loss due to the degra-

dation of all classes of calls is 

= Ys^rttdAy-iiy^ • • • iVK)f (5.2) 
i=2 L 

Thus the effective revenue earned by the system from the bandwidth degradation 

policy Dbw is given by 

$0/2,2/3, ••-,2/*:) = - $d (5.3) 

An optimal policy Dlw maximizes the revenue function 
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5.2.2. Derivation of the Revenue Function 

In this section, expressions for „2, Vk) a n d t<i{y2,y3,... ,Vk) are de. 

rived, assuming the same static distribution {a„ a 2 aK} of incoming calls using 

the channels released by bandwidth degradation. To reduce the complexity of the 

problem, we also assume that the system admits these new calls (excepting class 1 

calls) to operate only in degraded mode. This assumption will be removed later. 

It can be shown easily that under the static distribution of calls and using £ * 2 V j 

released channels, the number of admitted class i calls is where 1 < 

i < K. Hence «+£,-,«-•>«, ' 

tc,i(Xi,V2,yi,...,yK) = X i + W , . 
+ EfrfO' - 1 )aj ( 5 ' 4 ) 

where JQ = —. 

Also, by the policy the y, calls of class i > 1 are already operating in the 

degraded mode. Hence, for 2 <i<K, 

k i t e>s /3 , . . . , f e ) = i,, + — 
«i + v-5> 

The complete form of the revenue cost function is 

# = t { X i + a i + i i u - l ) * ? 0 ' - ' - £ < * + a 1 + z t 7 u - l ) a f 9 ? <5'6> 

where yt < X{ for 2<i<K. 

Our objective is to find an optimal policv Dt — /?/„ n \ u* u • • 
p puucy vbw — 12/2,2/3, - - -, yK\ which maximizes 

®(V2,Vs,...,Vk) under the constraints YT < X{ for 2 < i < K. This is equivalent to 

a (K- ^-dimensional constrained optimization problem which can be solved by La-

grange's multiplier method [GW73], The procedure for finding the extrema for such 

a function is as follows. First we ignore the inequality constraints and proceed to op-

timize the given function. If the solution obtained satisfies the inequality constraints, 
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then the extremum lies within the boundaries of the constrained region. Otherwise 

we change the inequality constraints to equality constraints one by one and apply 

Lagrangian Multiplier's technique until the remaining inequality constraints are also 

satisfied. 

It is appropriate to mention here that the estimation of the parameters, Ct)i and 

Om, will be driven mainly by market research and the third generation system de-

ployment issues. For this, the various application services have to be defined and 

their market penetration, calculated. This is a separate research issue by itself and 

beyond the scope of this work. 

Illustrative Example 

Equation (5.6) is considered for K = 3 leading to the following 2-dimensional con-

strained optimization problem for three classes of traffic. 

Maximize $(y2,y3) = { X l 

y2 +
 Q 2 (y 3 )}2 _ 3 ^ + az(y2+y3)y ' A 

where y2 < X2 and y3 < X3, and A = ai+a2 + 2a3. 

The unconstrained optimization problem is solved by setting ^(v^ya) = n = 
my2M) rp, , ,. . . dV* 

dy3 • l h e function $(y2, y3) is maximized at the surface point (y2, yz) given by 

y3 + a2CU2 + a3Ct,3)/A 
{Cd,2{l + *f)2 + Crf,s(af)2}r + {^^(1 + sa) + 52^(1 + fla)} 

Vi = Ty3 

where T = 

^ f u n c t i ° n $ ( 2 / 2 , 2 / 3 ) is plotted for C = 5 0 , ^ = 0.5, c*2 = 0.3, a3 = 0.2 and 

assuming the cost constants CM = 10 units, Cf,2 = 20 units, C,3 = 40 units, and 

Cd,2 - 1 unit, Cdy3 = 2 units. Among the three classes, class 1 is assumed to constitute 
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of voice calls, and classes 2 and 3 constitute of data and low speed video. In spite of 

the rapid popularity of multimedia applications, the predominant service in the next 

generation wireless networks will still be voice, hence, 50% of the traffic is assumed to 

be generated by voice users. The assumptions for cost parameters are based on the 

fact that both the revenue per call and the degradation cost will be proportionately 

higher for higher bandwidth traffic. The number of class 2 and class 3 calls in the sys-

tem at the time of degradation is X2 = 9 and = 6, respectively. Using Equations 

(5.7) and (5.8), it is seen that Vz) is maximized at the point (y2 — 8.2, y3 = 3.6), 

which satisfy the inequality constraints for the given set of parameters. This implies 

that a degradation of eight out of the nine class 2 calls and three out of six class 3 

calls will generate the maximum effective revenue for the system. 

5.2.3. Undegraded Admissions and Degradation Constraints 

In the last section, we have followed the strategy that all incoming calls (except class 

1) scheduled with the channels released by degrading existing calls, will themselves 

operate in the degraded mode. The maximum revenue generated can be obtained from 

Equation (5.6) under this strategy which, however, may not be optimal. Allowing the 

incoming calls the freedom to operate either in a degraded or undegraded mode, the 

optimal revenue can be attained. We introduce two additional variables yid and yin 

(2 <i< K) denoting respectively the number of released channels from class i calls 

used by the incoming traffic in degraded and non-degraded modes. This increases the 

dimensionality of the revenue function by 2 (K - 1). 

Since an incoming class 1 call cannot operate in degraded mode, it can only access 

the yin channels released by each class i. Other classes can access all the released 

channels. Thus the revenue function can be rewritten as 

$ = (Jgx-f
 Vin )cf 1 + y.- -u Q' ^'=2 y,n | Q' Vjd \^Cdti , 

k { + E j L , a - i ) o 5
) ^ - S ~ ( w +

 E ^ - 1 M ) a <"> 
under the constraints: 

(i) Vi = yin + yid and (ii) yf < for 2 < % < K. 
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Therefore, the number of degrees of freedom of the 3(K - l)-dimensional function 

$ is 2(K - 1). Here the parameters a-, 2 < i < K, describe the new distribution of 

the incoming calls from all classes except class 1, using the £ * 2 yid released channels. 

As observed earlier, not all higher bandwidth calls in the system are capable of 

undergoing degradation. Consider, for example, the case where bandwidth degrada-

tion leads to discarding data in a compressed video stream. The receiver may not 

always be able to de-compress the data from the received information. Bandwidth 

degradation is prohibitive in such a situation. If the distribution of such calls among 

a class of traffic can be estimated, then the allowable number of call degradations in 

that class can be restricted accordingly. Let $ < 1 denote the fraction of ongoing 

calls allowed to degrade in a certain class i. For this case of constrained degradation 

among each class of traffic, the revenue function $ is also given by Equation (5.9) 

with constraint (11) modified as y{ < SiXi. The problem is again amenable to solution 

by Lagrange's multiplier method [GW73] in a similar way as described earlier. 

5.2.4. Degradation and Admission Policies for a given User Demand 

In the previous sections, we assumed a static mix of various classes of calls in the 

system and that the incoming calls follow the same mix. In this section, we remove 

that assumption and consider a batch arrival scenario where all the incoming calls 

are periodically grouped into a demand vector and admitted into the system through 

an optimization cost function similar to that derived in the previous section. Once a 

call arrives, the system waits for an amount of time equal to the permissible delay in 

admitting that call, before computing the degradation and admission policies. Other 

calls which arrive during the waiting period are included in the demand vector. If we 

assume that no waiting time is permissible for any call, the demand vectors will only 
consist of a single request. 

Let us denote the demand vector as V = {du d,, • • •, dK}, where d, is the number 
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of requests of class i. Allocation to all the requests is possible without any degradation 

if the following condition is satisfied 

C - Y , i x i > Y , i d i (5.10) 
i=l i= 1 

which means that the demand is less than the number of available channels. 

If allocation of bandwidth to all the requests is not possible without degradation, 

then let us denote by A = {ai,G2, • • • , a K } an allocation vector to be computed, 

where a* denotes the number of class i calls admitted. We also compute a vector T = 

{l2,73) • • •, IK}, where 7* denotes the fraction of incoming class i calls to be admitted 

in degraded mode. Recall that the degradation policy Dbw = {yi,y2,...,yK} is a 

vector denoting the number of ongoing calls to be degraded. The objective is to 

compute a solution vector S = {-4, A™, T}, which maximizes the following reward 

function 

$ = E - £ ( & + (5.11) 
i= 1 i=2 * 

while satisfying the constraint that, 

K K K 
°1 + Z W - + *(1 - i M i } ^ C - f ^ i X i + ^ V i (5.12) 

i=1 i=2 

The condition given by Equation (5.12) ensures that the leftover bandwidth and 

the bandwidth released by degrading some of the existing calls (specified by the 

degradation policy) are fully utilized to accommodate new incoming calls, some of 

which will be admitted in degraded mode (7* denotes the fraction of class i calls 

admitted in degraded mode). The obvious constraints on the variables yit a* and 
are < Xj, a4 < di and < 1. If some of the Xi ongoing calls are not allowed to 

degrade, the constraint will be changed to Vi < XJ, where, X[ < Xt. Similarly, if some 

of the incoming calls of class * are not allowed to degrade, 7 i will have a constraint 

value less than 1. 

This is a (3K - 2)-dimensional constrained optimization problem. The solution 

vector S determines a combined allocation and degradation policy which maximizes 
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the utilization of the wireless bandwidth from the point of view of the net revenue 

earned by the system. 

5.2.5. Experimental Results 

Simulation experiments are carried out for 5 classes of user traffic. In a practical 

system like GPRS, the maximum number of different classes of bandwidth that can be 

allocated to users is 8, but the different types of multimedia services will hardly exceed 

5. The maximum number of full-duplex radio-frequency (RF) channels supported by 

any cell is assumed to be 50. In our simulation model, the maximum number of 

channels required by any service is 5. We assumed that class 1 service will be voice 

requiring 1 channel, class 2 is low speed data requiring 2 channels on the average, 

and the classes 3, 4 and 5 are for various types of high speed data and video services. 

A static call mix for the different types of services is assumed. Again, there is no 

practical evidence to support the call mix because some of these services are futuristic, 

but it is predicted that even for the third generation wireless multimedia, voice and 

data services will predominate. On an average, we assumed around 50% of the traffic 

will be voice calls, 20% data and the rest equally distributed among the other three 

service classes. 
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In the absence of accurate estimates for the quantities Ct/s and Cd/s from a real 

system, a set of values for Ct)i's is assumed and experiments are conducted for various 

ratios of CM to Cdji, each ratio assumed to be the same for all classes. We primarily 

focus on call degradation and admission policies in a single cell. 

% Blocked 25 
Calls 20 

~i i i—i—i—r 
70% occupancy — 
80% occupancy O 

<i> <!> <D 0 0—0—€> 
0 1 2 3 4 ^ 6 7 8 9 10 

Figure 5.3: Percentage of blocked calls with various ratios of 
Cd 

The call arrival patterns in a cell are generally distinctive in nature. Generally, the 

cell traffic peaks around mid-day or late afternoon and the average load at that time 

stays around 70-80% of the cell capacity. In other parts of the day, the typical load 

varies from 5% to 30% of the capacity. The following experiments were conducted 

with these types of load values. 

Figure 5.2 shows the effective revenue earned by the system from the degradation 

and call admission policies using our scheme. The revenue earned per unit call is 

assumed as CM = 5i where 1 < i < 5. The ratio gj- is assumed the same for all 

classes and varied from 0.5 to 10. The total number of channels occupied at the time 

of running our algorithm is denoted by ch_occupancy. The interesting observation is 

that the net revenue is very sensitive to changes in the & ratio when Ct < Cd- The 

revenue progressively increases as the ratio increases. Another observation is that 

the revenue earned is higher for a highly loaded system with 80% occupancy than 
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a moderate 30% loaded system. This is because of our assumption of almost the 

same call mix for incoming calls as the present mix of ongoing calls in the system. 

This mix is observed to change quite slowly compared to the periodicity of our call 

degradation/ call admission strategy, which is of the order of hundreds of seconds. 

Hence, an already overloaded system is expected to receive a high number of calls, 

and our degradation and admission policies ensure that they are admitted in such a 

way that maximum revenue is earned by the system. 

Figure 5.3 shows the variation of % blocked calls with the ratio g- for a highly 

loaded system with 70% and 80% channel occupancies. The variation is, however, 

very slight between the two cases. For nearly equal values of Ct and Cd, call blockade 

is quite high. For relatively low degradation costs, there is provision of degrading 

more calls to accommodate new ones and hence % blockade sharply decreases. There 

is almost 0% call blockade for ^ > 3. For channel occupancies less than 70%, the 

call blocking is almost zero. Thus we conclude that for the bandwidth degradation 

strategy to be fully utilized, the system must ensure that the ratio of net revenue per 

call to the cost of degrading the call is at least 3. 
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Figure 5.4. Percentage of blocked calls with various channel occupancy 

Figure 5.4 shows call blockade percentage with various system loads (channel 

occupancies). Till about 60% channel occupancy, there is insignificant call blockade. 
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For higher system load, the call blockade % increases depending on the ^ ratio. 

There is about 45% call blockade for ^ = 0.5, but it decreases to 7% when = 2. 

This shows that the system performance is highly sensitive to the proper choice of 

the ratio and the system should be engineered accordingly. 

5.3. Graceful Degradation of Non-Real-Time Traffic 

Real-time traffic for voice and video is unacceptable to the user perception if the 

end-to-end delay is greater than 200 msec. Since non-real-time traffic packets can 

sustain much longer delays, real-time traffic usually has preemptive priority over the 

former in case of scarcity of available channels in the system. The preempted non-real-

time traffic are buffered for future scheduling to the available channels or when free 

channels become available. Let us describe how this simple idea will be implemented 

in a TDMA/FDMA based wireless system. 

Wireless systems use circuit switched dedicated channels between the mobile user 

and the base station or MSC in order to send data or voice packets. A contention-

less multiple access protocol is required for certain types of services because of their 

real-time requirements, where a dedicated channel or bandwidth is allocated to the 

user for the entire duration of its call. For non-real-time packet services, assuming 

that a large but finite amount of delay is tolerable, the free channels (after allocating 

the required number of channels to every real-time user) can be equally shared by the 

receivers [AN95]. Next, we propose and analyze a new channel sharing scheme. 

One approach for channel sharing is used by the CDPD, in which a non-real-time 

data user hops to a different free channel when there is a voice (real-time) call in the 

currently occupied channel. The disadvantage of this scheme is that the available 

resources (channels) are not utilized uniformly and a data call gets blocked when 

there is no available channel. In our proposed strategy, all the non-real-time calls 

share the available channels equally, in a synchronized manner. For this purpose, it is 

assumed that each channel has a buffer associated with it to store incoming packets 
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of the non-real-time calls. This queue is used only by the arriving non-real-time 

packets being serviced by that channel. If the channel is servicing a real-time call, 

its queue remains empty. The incoming packets of the non-real-time calls are equally 

distributed among these queues. Such a distribution ensures that all the available 

channels are always fully utilized. 

Packets are uniformly distributed among the queues 

Channel 
queues 

DESPATCHER forms blocks of packets 

for each user and schedules them to free 

channels 

Available channels for non-real-time users 

Figure 5.5: A channel sharing scheme for non-real-time users 

The problem now is to dispatch the packets for multiple users residing in a queue 

to the corresponding users using the single channel associated with the queue. For 

this purpose, there is a despatcher function (see Figure 5.5) which divides the packets 

for each user in the queue into equal sized blocks. The despatcher constructs these 
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packet blocks for each user from the data arriving in the qneue and schedules them, 

in a synchronous manner, to be transmitted to the user through the channel. Block 

transmission for aU the channels being used by non-real-time users begins and ends 

at the same time. In case of a transmission error, the entire block is scheduled for 

retransmission at a later time. For the duration of the block transmission, the user 

is linked to the base station through a particular channel and may have to re-tune to 

a different channel to receive the next data block. In that case, the new channel id is 

sent out to the user in the last message of the current block. 

When an user, U, does not have any block of data to receive, he is asked by the 

system in the last message of the current block, to drop the connection. The released 

channel can then be used to transmit blocks to other non-real-time users. When 

sufficient data for the user U has arrived in the queue(s) of one (or more) channel(s) 

to form block(s), V is paged and connection is re-established with the base station. 

In spite of the possibility that this scheme may lead to some additional paging, the 

main advantages are as follows : 

• A large number of non-real-time users can be accommodated even with a small 

number of available channels and finite delay is guaranteed provided a fair 
despatcher exists. 

• The activities of the despatcher can be overlapped in order to ensure maximum 

possible channel utilization. For example, when it is scheduling the block of 

user 1, it will construct the block for user 2, to be scheduled next. 

In order to reduce the amount of paging, the user V, when asked to drop connection 

Will enter a doze mode where he will not occupy any channel but will update whenever 

he enters a new cell. In that way, whenever the system acquires some new blocks to 

be sent out to U, he is paged only in one cell. 

With this channel sharing mechanism in mind for the non-real-time users, let us 
formulate a QoS parameter. 
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5.3.1. A QoS Parameter for Non-Real-Time Users 

A suitable QoS parameter describing the performance of non-real-time traffic in a 

cellular mobile system is the average queue length for a channel queue. A gracefully 

degrading cellular mobile system will preempt the ongoing non-real-time users in case 

of arrival of a real-time call and release channels being used by the non-real-time calls. 

The non-real-time calls will be rescheduled later using the available bandwidth. As 

the non-real-time communications are preempted and directed towards the queues 

being used by other non-real-time communications, the average queue length (and 

hence, the queuing delay) for these packets increases. In the analysis that follows for 

estimating the average queue length for non-real-time packets, the following system 

related assumptions are made: 

1. The total number of channels in the base station is C and both real-time and 

non-real-time traffic use a single channel. 

2. Real-time packets are never buffered and always allocated a channel if one is 

available or being used by non-real-time traffic. Hence, the real-time traffic has 

not only preemptive priority over non-real-time traffic but uses a contentionless 

multiple access scheme where each user communicates via a single channel for 

the entire call duration. 

3. The non-real-time users, on the other hand, may use different channels at dif-

ferent pomts of tune (based on channel availability) as discussed in the previous 
subsection. 

4. When a non-real-time call is preempted from a channel, the system distributes 

the incoming packets (from the queue associated with the channel) equally 

among the queues servicing other ongoing calls of similar type (non-real-time). 
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5.3.2. Queuing Analysis 

Let the call arrivals and departures for real-time traffic be Poisson with mean rates 

As and ;i„, respectively. For the real-time calls, the system follows an M/M/C/C 

queuing discipline, leading to the simple birth and death Markov chain as shown in 

Figure 5.6. Let us also assume that there is always high traffic overload for non-real-

time calls and whenever a real-time call arrives, it preempts an ongoing non-real-time 

communication. Suppose the packet arrival and departure rates for non-real-time 

traffic are Poisson distributed with mean A™, and »P f l R , respectively. 

V . PR 

M/M/C/C model: real-time calls 

K 

1— 

T \ ' 1 
X A,' + V/(C-1) V + Jf/(C-1) 

+ V/(C-2) 

c-i 
Jt' + X *'/(C-k) 

k=l 

non-real-time packet arrival rates 

Figure 5.6: A Markov Modulated Poisson Process (MMPP) 

As shown in Figure 5.6, with no real-time calls in the system, the packet arrival 

rate for a queue is XPHR. With the arrival of a single real-time call, the packet arrival 

rate in an active queue increases by For i real-time calls in the system, the 

packet arrival rate in an active queue is XP„R + £<=1 Aga Since, on preemption, 

a Poisson stream of arriving packets is split among all other active queues in the 

system with equal probability, the new arrival process for an active queue is also 

Poisson [NEL96J. The fact that the mean arrival rate for non-real-time packets in 
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any active queue is dependent on the state of the Markov chain for the real-time call 

arrival and departure process, leads to a Markov modulated Poisson process with 

the two dimensional state space (i,j), where i denotes the number of non-real-time 

packets in a queue and j denotes the number of ongoing real-time calls. An absence 

of packets in a queue is possible with all C channels occupied by real-time traffic, so 

0 < j < C for i = 0 and 0 < j < C - 1 for i > 0. Let be the joint probability that 

1 packets are in the queue with j ongoing real-time calls. 

Solving this system using traditional matrix-geometric solution techniques [NEL96] 

leads to a compound matrix equation of the form 

p = p T (5.13) 

where («) p - [po,Px,P2,-- ,Pi ,•••] and p} is a C-element row vector defined as 

Pi = [p»,0J Pi,i j • • -,Pi,c-i], and (ii) T is a compound tri-diagonal matrix of the form 

B 0 >
 

0 0 0 

B i Ax Ao 0 

0 a 2 A x Ao 

0 0 a 2 A x 

0 0 0 a 2 

(5.14) 

The matrices Bo,Bi , Ao, Ax and A2 are given below. 

B 0 is an C x C tri-diagonal matrix given by 
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0 

0 

B0 = 
1 - XPNR -AR \R 0 0 . . 

PR 1 ~ XR — f j , R — XR 0 . 

—Azjo. 
C-l 

2/ij? 1 - \ R - 2 f i j { — A P N R XR . o 

Ẑ fc=i c-fc 
A/2 . . . 0 

0 0 0 0 0 0 (C- 1W 1 - (C - ! ) „ * - A™* 

- E L I 
Bi and A 2 are C x C diagonal matrices given by 

d i a g { f i P N R , f x P N R • • . f j , P N R } 

A0 is an C x C diagonal matrix given by 

d i a g { \ P N R , \ P N R + ^ a u i > . . . , \ P N R + 

Ax is an C x C tri-diagonal matrix given by 

Ax = 
1 - VPNR - XPNR -AR X R 0 0 . . 

1 ~ PPNR - A R - HR X R 0 . . 

—XPNR — XC-IR 

^ R 1 ~ V p n r — X r - 2/J,R XR . . . 

- X P N R - E l = i ^ 

0 

0 

0 

0 0 
0 0 0 0 (C - 1 ) / j , R 1 - n P N R - (C - 1 ) h r 

- A p i V f l - E L i 1 ^ 
Following [NEL96], the desired solution for the C-element row vector, P i , is given 

by the recursive matrix equation 

Pi = Pi- iR (5.1.5) 

where R is the minimal non-negative solution to the matrix equation R = A0 + RAX + R 2 A2 

from Equations (5.13) and (5.15), the C-element vector p0 is obtained as the eigen-

vector solution of the equation p 0 = p0(B„ + R B l ) . Knowing p0 and R, the vectors 
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Pi can be computed. The marginal probability distribution of the queue lengths is 

then given as 

f 2̂ 7=0 Pi J ' 2==0 

P i = I EfcoPij • i > o 

The average queue length is given by Lavg = ipt. 

Javg 
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A' 

Figure 5.7: Lavg versus non-real-time packet arrival rate. Ai = A 
R 

Pigure 5.7 shows the average queue length, Lavg, for non-real-time traffic for vari-

ous values of packet arrival rates, XPNR. As expected, Lavg increases with a progres-

sively faster rate with XPNR. It is also observed that as the call arrival rate XR of 

real-time traffic increases from 0.2 to 0.5, the average queue length increases. As the 

real-time calls arrive at a faster rate, more non-real-time calls are preempted increas-

ing the average queue length. This clearly demonstrates the QoS degradation of the 

non-real-time traffic in the presence of the real-time traffic. 
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5.3.3. Experimental Results 

A real-time and non-real-time user traffic profile is simulated in a particular cell. The 

maximum channel capacity in the cell is assumed to be C = 50. The call arrival 

process for real-time and non-real-time calls are both Poisson with different rates 

X R and AJVTJ, respectively. Within the call holding period of the non-real-time calls, 

the packet arrival process is also assumed to be Poisson with rate XPNR. It is also 

assumed that X P N R » X R , X N R . 

Each channel is assumed to have a bandwidth of 10 Kbps and the packet size is 

500 bits. Hence, the channel packet rate is 20 packets/sec. A queue is assumed to 

be associated with each channel. As discussed previously, the packets are distributed 

evenly among the queues associated with the available channels for non-real-time 

calls and, hence, the packet rate is dependent on the number of real-time calls in the 

system. Since all the queues will have similar packet arrival rate, the average queue 

length for a particular queue is studied in the simulation experiment. 

Javg 
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Figure 5.8: Average queue length versus real-time call arrival rate 

Figure 5.8 shows the variation of average queue length, L a v g , with the arrival rate 

X R of real-time calls which is varied from 0.1 to 1 call per second. The packet arrival 

rate is assumed to be 500 packets/sec for all non-real-time calls. The average service 
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Figure 5.9: Average queue length versus packet arrival rate for nonreal-time calls. 

= XR 

rate for both real and non-real time calls is assumed to be fj,R = jiNR = 0.05 in our 

simulation. 

Three curves are shown in Figure 5.8 for three different values of non-real-time 

call arrival rate A NR. It is observed that for low values of XR, the effect of increase in 

non-real-time call arrival rate is small on the average queue length. For XR > 0.5, the 

effect of change in ANR is more noticeable and the rate of increase of LAVG is higher. 

Increase in the values of XR and ANR leads to the same effect - increase in the packet 

arrival rate in the queue. Hence, higher the values of both these parameters, the 

faster is the rate of build-up of the queue, i.e., the greater is the degradation. 

Figure 5.9 shows the variation of LAVG with the packet arrival rate XPNR for non-

real-time calls for various values of AR, when ANR = 0.3. It is observed that LAVG 

increases with a greater rate as APNR increases. Also, the rate increases as the value 

of AR increases, and the curves spread apart for higher values of XPNR and XR. Com-

paring the curves for A# = .2 and .5 in Figure 5.9 with those in Figure 5.7 obtained 

from analytical model, we observe that our analytical model very closely follows the 

simulation results. 
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Figure 5.10: Average queue length versus packet arrival rate for nonreal-time calls 

Figure 5.10 shows the variation of L a v g with the packet arrival rate X P N R for non-

real-time calls for various values of X N R , and with X R = 0.9. The curves follow the 

same trend as with XR as parameter (see Figure 5.9), but the average queue lengths 

are observed to be higher in this case because of the higher call arrival rate of real-time 

traffic. 

5.4. Bandwidth Compaction : A Technique for Maximizing Spectrum Uti-

lization for Multi-rate Real-time and Nonreal-time Traffic 

As discussed earlier, a channel is defined to be a fixed block of communication medium 

such as (time slot, carrier frequency) tuple in TDMA systems or simply a fixed block 

of radio frequency as in FDMA systems. Multiple channels can be allocated to a 

single user to satisfy high bandwidth requirements, e.g. HSCSD allows up to 8 time 

slots per carrier to transmit high bandwidth video. Let us define a bandwidth segment 

as a block of radio frequency bandwidth constituting a variable number of channels 

in a real system (e.g. 1-8 time slots/carrier for HSCSD). A fixed number of channels 

(e.g., one , in the simplest case) defines a bandwidth page. 

Given the concepts of bandwidth segments and pages, let us now describe a simple* 
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(b) After Bandwidth Compaction 

Figure 5.11: Bandwidth allocation pattern showing segments and pages 

call admission algorithm (CAA) for real-time and non-real time traffic (please refer 

to Fig. 5.11). The originator of real-time traffic provides a minimum bandwidth 

requirement for that service. Based on that, a bandwidth segment is allocated by the 

system. Bandwidth pages will be allocated to non-real time traffic successively from 

the rear end of the spectrum allocated to the cell. The system will have the provision 

of "removing" a bandwidth page depending on the traffic load. This means that 

the non-real time communication using the bandwidth page is temporarily buffered. 

Bandwidth allocation in this fashion ensures that the segments and pages form two 

disjoint sets for efficient utilization of the spectrum. The "page size" can vary dy-

namically depending on non-real-time traffic load and the maximum tolerable delay 

of the system. 

Since real-time users are assigned bandwidth segments, there can be unutilized 

"holes" in the frequency spectrum caused by call terminations. For example, in 

Figure 5.11, call terminations for users 2 and 4 lead to the creation of unutilized 

bandwidth "holes". In a system requiring contiguous allocation of bandwidth for 
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multimedia traffic, such a hole can only be filled again by a call request of equal or 

smaller bandwidth size. We describe below a method called bandwidth compaction 

for efficient utilization of the available spectrum in such a system. 

The idea behind bandwidth compaction is to shuffle the ongoing communications 

to place all free bandwidth together in one contiguous block. For example, the spec-

trum with holes as in Figure 5.11(a) becomes as in Figure 5.11(b) after compaction. 

Moving a bandwidth segment to a different part in the frequency spectrum implies 

re-tuning the channels (constituting the segment) to a different set of carrier frequen-

cies, also known as carrier re-assignments. The bandwidth compaction algorithm 

will sequentially shuffle the existing bandwidth segments towards the lower frequency 

side to absorb the holes, requiring the communicating users to tune to new carrier 

frequencies almost instantaneously. This scheme can sometimes be very expensive 

and time consuming as a large number of channel re-assignments needs to be done. 

A real-time traffic request will generally not tolerate long delays to receive ac-

knowledgment. Hence, a partial compaction of bandwidth will be executed during 

the call admission phase. The partial compaction scheme checks the spectrum allo-

cation pattern to determine if by removing a few (in the range of 2 or 3) bandwidth 

segments to adjoining holes, sufficient contiguous spectrum can be released in order 

to satisfy the user request. This scheme only involves very few channel reassignments 

and sustains lower delays. 

5.4.1. Experimental Results 

A sequential simulation experiment is conducted to evaluate the effectiveness of our 

bandwidth compaction algorithm against a bandwidth allocation scheme without any 

means of spectrum management. The QoS parameter used for the comparison is called 

bandwidth utilization, 7, defined as the ratio of the average amount of bandwidth in 

active use to the total amount allocated to the system. 

Five classes of traffic are used where a class i call uses i contiguous channels, 
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where 1 < i < 5. The call origination and termination processes are both assumed as 

Poisson. For simplicity, we assumed the same average rates for all classes of traffic. 
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Figure 5.12: Bandwidth utilization versus traffic load 

Figure 5.12 shows the improvement in spectrum efficiency achieved if bandwidth 

compaction is implemented, over a scheme which does not use compaction. Band-

width utilization is defined as the ratio of the average amount of bandwidth in active 

use to the total amount allocated to the system. An improvement in bandwidth 

utilization of about 6% and 24% are observed with call arrival rates A = 0.1 and 

0.9, respectively. Therefore, we conclude that for mulitrate traffic using contiguous 

bandwidth allocation, a spectrum management technique like bandwidth compaction 

is a necessity in the low bandwidth wireless domain. 

5.5. Summary 

Bandwidth degradation and call admission strategies are proposed based on modeling 

quality-of-service (QoS) degradation of real-time and non-real-time traffic in a multi-

media wireless network. The real-time traffic is classified into K classes, where a class 

i call uses i channels. Two orthogonal QoS parameters are identified, namely, total 

carried traffic and bandwidth degradation, such that an improvement of either of them 

leads to the degradation of the other. A cost function describing the total revenue 



117 

earned by the system from bandwidth degradation and call admission policies is for-

mulated. Methods to compute the optimal policy maximizing the net revenue earned 

are discussed. Simulation results demonstrate that the system performance is highly 

sensitive to the proper choice of the cost of degradation and the revenue earned per 

admitted call, and the system should be properly engineered for maximum benefit. 

In most systems, the real-time traffic has preemptive priority over the non-real-

time traffic, based on which a novel channel sharing scheme for non-real-time users 

is proposed. This scheme is analyzed using a Markov modulated Poisson process 

(MMPP) based queuing model, and the average queue length, a QoS metric for non-

real-time traffic, is also derived. The sensitivity of the average queue build-up (for 

the non-real-time traffic packets) to the call arrival rates of both types of traffic and 

also the packet arrival rate, are observed from simulation experiments. However, the 

degradation is minimal as long as the system works in the stable region. 

For multi-rate traffic requiring contiguous spectrum allocation, a novel scheme 

called bandwidth compaction (conceptually similar to memory compaction in com-

mercial operating systems) is described. Simulation results show an improvement in 

spectrum utilization as high as 24% for high traffic load. 



CHAPTER 6 

A LOCATION UPDATE STRATEGY FOR PCS USERS AND ITS GENETIC 

ALGORITHM IMPLEMENTATION 

Location management in a personal communication services (PCS) network environ-

ment deals with the problem of tracking down a mobile user. The cellular wireless 

service area is composed of a collection of cells, each serviced by a base station (BS) 

(see Figure 1.2). A number of base stations are wired to a mobile switching center 

(MSC) as clusters. The backbone of the PCS network consists of all these BSs, MSCs 

and the existing wire-line networks (such as PSTN, ISDN etc.) between them. These 

MSCs act as the gateway for the base stations to the wire-line counterpart of the 

network. 

In order to route an incoming call to a PCS user, his (or her) whereabouts in the 

cellular network need to be determined within a fixed time delay constraint. Location 

management as a whole involves two kinds of activities, one on the part of the user 

and the other on the part of the system providing service. A mobile user can report 

as soon as he crosses a cell boundary. This reporting, initiated by the user to limit 

the search space at a later point of time, is called a location update. The system, on 

the other hand, can initiate the search for a user, called paging, by simultaneously 

polling all the cells where the user can possibly be found. 

Both paging and updates consume scarce resources like wireless network band-

width and mobile equipment power, and each has a significant cost associated with 

it. The mechanism of paging involves the MSC sending a page message over a for-

ward control channel in all the cells where the user is likely to be present. The mobile 

user listens to the page message and sends a response message back over a reverse 

control channel. The update mechanism involves the mobile user sending an update 

message over a reverse control channel, which may initiate a good amount of traffic 
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and switching in the backbone network. 

6.1. Previous Work on Location Management 

In the simplest case, the user is paged simultaneously in the whole network. The 

resulting signaling traffic will be enormous even for moderately large networks [PL94]. 

An improvement to this scheme is to split the whole area into paging areas (PAs), 

where all the cells within a PA are paged simultaneously. The number of PAs in the 

system is governed by a total allowable delay to locate an user, termed as the delay 

constraint [RY95]. In case of an incoming call, the PAs are sequentially paged for the 

user following a paging strategy, which lists the order in which the PAs are to be paged. 

It has been shown by Rose and Yates [RY95] that given the steady-state location 

probability distribution of a user for each paging area, the optimal paging strategy 

(which minimizes the average cost of paging) under no delay constraint, pages the 

PAs in the order of decreasing location probabilities. This is achieved by minimizing 

the average paging cost over all the paging areas. For the constrained delay problem, 

three types, namely, maximum, weighted and mean delay constraints, are considered. 

Problems such as constraining the maximum delay and average weighted delay can be 

easily solved using a dynamic programming approach. Using variations of Lagrange's 

multiplier technique, the authors determine optimal paging sequences in the case of 

constrained mean delay. However, system-wide paging needs to be done in the worst 

case, which incurs a huge amount of paging cost. 

In order to alleviate the disadvantage of pure paging based strategies, another 

class of schemes rely on location updates by the users at certain instants, in order to 

restrict paging within a certain limited area near the last updated location of the user. 

Four such schemes have been proposed in the literature: (i) time based [ROS95], (ii) 

movement based [BKS95], (Hi) distance based [AH95, MHS94], and (iv) zone based 

[MBR94, SM96, XTG93]. In a time based update scheme, the mobile user updates 

the location management database about his current location every tu units of time 
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(e.g., tu = 1 hour). Similarly in distance based schemes, the user updates his current 

location every Du units of distance (e.g., Du = 20 miles). In movement based schemes, 

the mobile user counts the number of boundary crossings between cells and updates 

when this count equals certain threshold mu. Finally, in zone based schemes, the 

entire cellular network is partitioned into location areas (LA) and the user updates 

whenever a location area boundary is crossed. In case of an incoming call, the current 

LA of the user (where he has last updated) is paged. To our knowledge, all the existing 

cellular networks use the zone based approach. 

The total cost of location management over a certain period of time T, is the 

sum of the two complementary cost components due to location updates and paging, 

incurred over that period. The total update cost will be proportional to the number 

of times the user updates, while the net cost of paging increases with the number of 

calls received over that period T. The complementary nature of the two components 

is evident from the fact that, the more frequently the user updates (incurring more 

update cost), the less is the number of paging attempts required to track him down. 

Several strategies have been proposed which attempt to minimize either the total 

location management cost, or the individual costs of paging and update [BKS95, 

AH95, MBR94, MHS94, DAV90, OOYM91, PL94, ROS95, RY95, XTG93]. For the 

zone based update scheme, Xie, Tabbane and Goodman [XTG93] have proposed a 

method of computing the optimal location area size given the location update and 

paging costs as functions of the number of cells in an LA, call arrival rate and the 

user mobility model. They have assumed square cells and location areas (LA), with 

the latter containing numceu number of cells. A location management cost metric as 

a function of numceu, user call arrival rate and mobility, is derived and the value of 

numceu which minimizes the cost is computed. Two variants of the above scheme are 

proposed. The first, called the static scheme, considers average call arrival rate and 

mobility index for all users. In the dynamic variant, each user is given a particular 

value of numceu based on individual call arrival and mobility patterns. This scheme 
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makes many simplifying assumptions such as square cell and LA shape, equal number 

of cells in every LA, and a fluid model of user mobility. 

The paging strategies due to Madhavapeddy, Basu and Roberts [MBR94] assume 

the knowledge of a global user location and call arrival probability distribution in 

a cell in order to partition the set of cells into optimal paging zones. The scheme 

assumes a single global model to represent the user mobility patterns, and another 

such model for the call arrival rates of all the users in the system. The user mobility 

pattern is represented by location probabilities of any mobile user in a cell given its 

last cell location. These probabilities are estimated using a data structure called 

the location accuracy matrix (LAM). Using the LAM data, an iterative algorithm 

is proposed which partitions the set of cells into paging zones which minimizes the 

average cost of paging for all users. In most practical systems, the user mobility 

and call arrival patterns exhibit a wide range of variability depending mainly on the 

commuting habits and needs of individual users. Additionally, they do not consider 

the update costs at all. Another drawback of this kind of zone based scheme is 

that the user update traffic is prevalent only in the boundary cells of the fixed LAs. 

Although the most ideal scenario would be determination of LAs on a per-user basis, 

it is not easy to keep track of the information for every single user, which will require a 

significant amount of CPU computation power, storage capacity and database access. 

Bar-Noy, Kessler and Sidi [BKS95] have compared the time, distance and move-

ment based location update schemes in terms of the location management cost, as-

suming two types of user movement models - independent and Markovian random 

on a ring topology of cells. It is proved that, in case of the independent movement 

model, the distance-based strategy is the best among the three while the time-based 

is the worst. In case of the Markovian movement model, the movement-based scheme 

sometimes performs better than the time-based scheme. However, the authors do not 

consider incoming calls in their models. Bar-Noy and Kessler [BK93] have introduced 

the concept of reporting cells which is a subset of all the cells in the system. Mobile 
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users update only on entering a reporting cell. On arrival of an incoming call, the user 

is paged in the vicinity of the reporting center he last updated from. With the help 

of an interference graph formulation, the authors have showed that computing the 

optimal set of reporting centers is an NP hard problem. Optimal and near-optimal 

solutions are presented for important special cases of the interference graph, e.g., 

tree, ring and grids. For an arbitrary graph, a simple approximation algorithm is 

presented. 

Madhow, Honig and Steiglitz [MHS94] have developed a distance based update 

policy such that the expectation of the sum of the update and paging costs of the next 

call is minimized. The location of an user at time t relative to its last known position 

is denoted by a random vector X(t) which is incremented by a vector of independent 

and identically distributed random variables at time <+1. The paging cost is assumed 

to be a function of X(t). Under a memoryless movement model, the user updates at 

an optimal threshold distance from its last known position. Using a dynamic program 

formulation, an iterative algorithm, which considers the evolution of the system in 

between call arrivals, is used to compute the optimal threshold distance. 

A similar iterative approach is used by Ho and Akyldiz [AH95] to compute the 

optimal threshold distance Du, assuming a two-dimensional random walk model for 

each user and a hexagonal cell geometry. The random walk is mapped into a discrete-

time Markov chain, where the state is defined as the distance between the user's 

current location and its last known cell. Prom this model, the probability distribution 

of terminal location is computed. Based on this, an average location update and 

terminal paging cost under given Du and delay constraint, is determined. Given 

this average cost function, the optimal threshold distance, Du, is computed using an 

iterative algorithm. Thus, the residing area of the user contains Du layers of cells 

around its last known cell, which is partitioned into paging areas according to the 

delay constraint. This scheme combines a distance based update mechanism with a 

paging scheme subject to delay constraints. 
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6.1.1. Motivation of Our Work 

Although the schemes in [BKS95, AH95, MHS94] achieve the goal of optimizing the 

location management cost on a per-user basis which is an improvement over the 

schemes proposed in [MBR94, XTG93], they still suffer from the following drawbacks: 

• Schemes in [BKS95, AH95] assume particular topologies of the cells (e.g. ring, 

linear array or hexagonal) in order to simplify the analysis, whereas the cell 

topology in a practical cellular network has a more random structure. 

• Existing mobile networks use the conventional zone based approaches similar 

to the models described in [MBR94, SM96, XTG93], which however ignore the 

per-user mobility model and call arrival pattern. Deployment of the distance 

based schemes [MHS94], which consider user mobility and call arrival patterns, 

may require an unacceptable amount of changes in the existing infrastructure. 

Deployment of different LAs (or LA sizes [XTG93]) for different users also calls 

for changing the network infrastructure. Some means have to be provided by 

the system to each user for detecting a cross-over between two LAs assigned to 

him. 

• Mobility tracking over a wide area can impose a significant burden on the wire-

line network [MHS94] in terms of exchange of messages between the MSCs 

(inter-VLR updates). This problem is ignored in almost all proposed schemes 

in the literature. 

We insist that a truly optimal and easily implementable location management 

scheme must consider per-user mobility pattern on top of the conventional zone based 

approach. Moreover, existing systems in which all users are made to update whenever 

they cross a location area boundary, will lead to a significant number of redundant 

updates because LAs are formed assuming a common mobility model for all the users 

in the system. Consider, for example, a daily commuter who crosses a number of LAs 
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on his way from home to office. Under the existing scheme, he updates on entering 

each LA, although he stays there for a very short interval of time and has an extremely 

low probability of receiving a call. We argue that, in this particular case, most of 

his updates are redundant which not only consume scarce wireless bandwidth but 

might impose a significant burden on the wire-line network as well. Subramanian 

and Madhavapeddy [SM96] have demonstrated that the inter-MSC networking traffic 

arising from this type of activity can account for as much as 30% load on the switches. 

This typically includes inter-MSC hand-off and registrations involving the exchange of 

subscriber informations over the wire-line network and can overburden the switches, 

thus reducing their call carrying capacity. 

6.1.2. Our Contributions 

In this dissertation, we attempt to solve the location management problem under the 

following models and assumptions: 

Flexible network model: The cellular network is modeled as a connected graph 

whose nodes represent the location areas. We assume no particular geometry 

for a cell. To our knowledge, all existing schemes assume some typical intercon-

nections between cells. Since, we are not considering cell level granularity, this 

considerably reduces both the complexity and dimensionality of the problem. 

Flexible mobility model: Simple models based on uniform distribution of vehicles 

[TGM88], fluid flow [SMHW92] and also Markovian models [AH95, MHS94] 

have been used earlier to characterize user mobility. Uniform and fluid flow 

models do not characterize the PCS user traffic well. In case of the Markovian 

models, the transition probability distributions between the states are assumed 

to be known a priori. Actual estimation of these probabilities may impose a 

severe burden on the switch. We consider random walk on the graph of LAs 

to model user mobility, leading to discrete time Markov chains. We shall show 
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later that consideration of the random walk on an LA level hierarchy provides a 

very practical and reliable way of estimating the transition probabilities of the 

Markov chain with minimal effort on the part of the system. 

Selective update strategy: Using the Markovian mobility model for the user and 

memoryless call arrival patterns, we derive a location management cost (LMC) 

function. The problem of minimizing this cost function is amenable to near-

optimal solutions by practical optimization techniques like a genetic algorithm 

due to large solution space and computational complexity of cost factors. This 

leads to a near-optimal location update strategy for individual users. Each 

user updates only in certain pre-selected location areas, called update areas, 

following his own mobility pattern. Optimizing on individual user rather than 

the majority would result in a lower aggregate cost, especially where users do 

not show any clear central tendency so far as the mobility is concerned. Our 

strategy also considers the inter-MSC update traffic [SM96] in computing the 

optimal location management cost. 

The total location management cost is the weighted average of the location man-

agement costs in the individual LAs which themselves are functions of the user's 

update strategy. Expressions for these cost functions are derived. The optimization 

of the total location management cost is implemented using a genetic algorithm. The 

experimental results show that for low user location probability, low call arrival rate 

and/or comparatively high update cost, skipping updates in several LAs leads to 

minimization of the location management cost. 

The rest of this chapter is organized as follows. Section 6.2 describes the com-

plete model for the system, including the network and the mobility and call receiving 

pattern for the user nnder consideration. The location management cost function 

assuming a discrete time mobility model for the user is derived in Section 6.3. The 

functionality of our location management scheme is illustrated with a numerical ex-

ample in Section 6.4. Section 6.5 describes a genetic algorithm formulation of our 
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scheme. Detailed simulation results are presented in Section 6.6, where our "selective 

update" scheme is compared with the existing "all-update" scheme. 

6.2. System Model 

6.2.1. Network Model 

Existing location management schemes use a structured graph to model a cellular 

network. For example, circular, hexagonal or square areas are used to model the 

cells, whereas various regular graph topologies such as rings, trees, and one- or two-

dimensional grids are used to model the interconnection between the cells. However, 

this model does not accurately represent the real cellular networks, where the cell 

shapes can vary depending on the antenna radiation pattern of the base stations and 

any cell can have an arbitrary (but bounded) number of neighbors 

Location areas 

Cells 

(a) Cell and location area plan in a cellular System (b) Network model showing interconnections 
of the location areas 

Figure 6.1: Modeling an actual cellular system 

In this work, we make no assumption about either the cellular geometry or the 
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interconnections between the cells. However, similar to the models described in 

[MBR94, SM96, XTG93], we assume the existence of a zone (or location area) based 

cellular mobile system. As a result, our network is represented by a bounded-degree, 

connected graph G = (V, E) where the node-set V represents the location areas (LAs) 

and the edge-set E represents the access paths (roads, highways etc.) between pairs 

of LAs. Let N = \V\ be the number of nodes or LAs in the network G. For a node 

v e V, let rG(t>) denote the set of neighbors of v in G. The proposed model is 

illustrated in Figure 6.1. 

6.2.2. Selective Update 

At each LA, a user has two options to choose from, to update or not to update. Let 

Uj denote a binary decision variable for the user in LA i such that 

Hi — i 
1 : update occurs in LA i 

0 : otherwise. 

An update area for the user is an LA i such that u{ = 1. An update strategy Su = {«*} 

for the user consists of a set of binary decision variables (to update or not to update) 

for all LAs. As a result, the strategy Su can simply be represented by a binary vector 

U = (Ui, . . . ,Mjv)-

Assuming that the user updates immediately upon entering one of his update 

areas, any subsequent call will page the user only in that area. Let the cost of paging 

LA i be Cp(i) where 1 < i < N. This cost will be different for different LAs depending 

on the number of cells and the cost of paging each cell. Let Cu(i,j) be the update 

cost for a user transition from LA i to LA j. We assume that the update costs are 

deterministic for all such transitions. This can be easily estimated for an operational 

system from the number of messages exchanged, consumption of CPU cycles etc, 

when a user does a location update after crossing an LA boundary. In such a system, 

those LA transitions which involve inter-MSC (i.e. inter-VLE) update traffic will be 

much more expensive from wire-line resource consumption point of view than the 
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intra-system update traffic [MBR94]. 

If LA i is an update area of the user, the cost of paging is Cp{i) for a call arrival. 

For a non-update area, the cost of paging for the first call the user receives in that 

LA, will be determined by his last known LA and the paging strategy, Sp, employed 

by the system to locate the user given its last known LA. Once the first call goes 

through, the user's location area is updated in the location management database 

and the paging cost for all the remaining calls received in the current LA is that for 

paging the same LA. 

6.2.3. User Mobility Model 

A simple model based on uniform distribution of vehicle locations is typically used 

to characterize user mobility [TGM88], which neglects directional movements of ve-

hicular or pedestrian traffic. Another approach models vehicular traffic as fluid flow, 

which assumes blocks of vehicles moving with equal speed [SMHW92]. Since our 

objective is to develop an optimal location management strategy on a per-user basis, 

we use instead the random walk model which very well characterizes the user traffic 

flow for PCS networks. While random walk models on special graph topologies like 

one-dimensional ring or two-dimensional hexagonal cell structure have been consid-

ered earlier [AH95, MHS94], we propose to use random walk on a connected graph G 

representing our network model. 

A random walk on a graph [MOT96, ROS8O] is a stochastic process which occurs 

in a sequence of discrete steps. As depicted in Figure 6.2, starting at a node i (repre-

senting LA i in our case) at each discrete time slot, there is a predefined probability 

Pi j for a user to reach any neighboring node j in rG(z), or staying in node i itself. 

Let the slot duration be r time units. The movement of the user at each step is in-

dependent of all previous choices. A random walk on the graph G induces a Markov 

chain MQ as follows [MOT96]. The states of MQ are the nodes of G and for any two 

nodes i and j, the transition probability between the corresponding states is given by 
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P 

LA i j 

1 I I I I I I M I I I • I I I ' ' ' I I I I I I l l l I I 

Tj Tj time 

Figure 6.2: A typical movement profile of a user with time 

Assuming that > 0 for a user in any state i, this Markov chain can be shown 

to be irreducible, finite and aperiodic. 

Lemma 1. The discrete Markov chain, MG, induced by the random walk on graph 

G is irreducible, Unite and aperiodic. 

Proof: (sketch) (i) MG is irreducible because G is a connected graph, (ii) MG is 

finite because N is finite, (iii) The periodicity of MQ is the greatest common divisor 

of the length of all closed walks in G [MOT96]. Since at any particular step of the 

stochastic process, the user has a non-zero probability of remaining in the same node 

as in the previous step, there are closed walks of length 1 and hence MG is aperiodic. • 

Therefore, there exists a unique stationary (or steady-state) probability distribu-

tion vector n = (Iii, n 2 , . . . , n,v) such that 11* > 0 for 1 < i < N. The steady state 

probability IIj of state i estimates the location probability of a user in LA i. Thus, 

if we know the transition probability distribution between the location areas for the 

user, his location probabilities at individual LAs can be estimated using the random 

walk model. For the purpose of our model, we will assume that this transition prob-

ability distribution matrix P = [Pij]ivxN is known for each user. Then the steady 

state location probability vector can be obtained simply by solving II = I I P for II. 

The sojourn time (in number of slots) of the user in state i is a discrete random 

variable 2$. It also follows from the Markovian nature of transitions that the sojourn 
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time Ti within LA i is a geometric random variable with parameter 

Pi= E = (6.1) 

i=i 

where Pi is the probability of a transition out of LA i happening within a slot. 

A few words are due as how to estimate the transition probabilities, P^j, in an 

already deployed system. One of the problems we face for the introduction of a new 

strategy is that, at the introductory stage, the new must co-exist with the old. Keep-

ing this in mind, we propose gradual transition from the existing LA based location 

management technique to the proposed "selective update" strategy. To estimate the 

transition probabilities between LAs for a particular user, his movements throughout 

the day are observed over a long period of time (of the order of weeks). Since in the 

current system, the user updates whenever he changes his LA, the information about 

the frequency of his transitions from a certain LA i to another LA j can be easily 

obtained from the system database. This information helps in building up the user's 

movement profile. The various ways to obtain a good estimate of the transition prob-

abilities from the information gathered is an important issue by itself and is beyond 

the scope of this work. An easy way of estimation is from the first principle that the 

probability, Pitj, is in direct proportion to the frequency of user's transitions from 

LA i to LA j in the observation period. 

6.2.4. Call Arrival and Duration 

We assume that the call arrival process for a user is Poisson with mean rate A. In other 

words, the inter-arrival time between calls are exponentially distributed with this rate. 

But not all of these calls are liable to trigger paging. Specifically, if the user is already 

in the middle of a call, the system (at the MSC level) being aware of this situation, 

does not page. Such a call arrival is dealt with in different ways which may include 

sending a call waiting tone, sending back busy tone or forwarding to voice mailbox. 

If we also assume that the duration of a typical call is exponentially distributed with 
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rate fi, the user can be modeled by a M/M/l/1 queuing system having only two 

states, viz. busy (with one call at most) and not busy. The steady-state probabilities 

for these two states are ^ and respectively. The call arrivals which find the 

user not busy are the ones to trigger paging (i.e., cause transitions from not busy 

to busy state), and constitute a Poisson process with rate A ( ^ ) = Ap (say). On 

the other hand, the call termination process (i.e., transitions from busy to not busy 

state) is also Poisson with rate /JL (X^) , which is the same as XP. 

The probability of one effective call arrival or termination within a slot of duration 

r units (Figure 6.2) is thus XpT+O (T) and that of more than one arrival or termination 

is given by o (r), where o(r) vanishes as r -»• 0 implying the probability of more than 

one call arrival or termination per slot to be negligible. Since the call arrival process is 

Poisson which possesses stationarity and independent increments, the number of calls 

arriving for the user within a particular time duration depends only on the length of 

the duration. Hence, the number of calls received by the user within an LA depends 

only on its length of stay within that LA. In effect, we assume that the call arrival 

process is independent of the user mobility pattern. 

If we now assume that the number of slots U the user spends in LA i is large and 

the probability r = XPR of a call arrival or termination in a slot is small such that UR 

is finite, then the Poisson call arrival process can be replaced by a Bernoulli process 

[ROS8O]. Hence, the probability of arrival of c number of calls in LA i is given by the 

binomial distribution, B(ti,r) = ^ ^ r c ( l — r)t<_c. 

6.3. Computation of Location Management Cost 

6.3.1. Average Paging and Update Costs for Update Area i 

Recall that, the sojourn time Ti in LA i is a geometric random variable with parameter 

Pi i.e., Pr [Tj = tj ] = (1 — Pi)
ti~lPi. The average paging cost per slot for the user in 
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the update area i is 

00 1 
E [ Paging cost per slot ] = ^ — E [ Paging cost over U slots | % = ti ] • Pr [ Tj = ^ ] 

ti=i 

= £ £ {£cC,>>« (c)rC<1" r)""c} <x - pJ"~lp* 

= rCp(i), where r — ^T 

A + /i 

N 
The average update cost per slot for entering an update area i is given by TljPj ,i CnU,i), 

where Pjj is the probability of a transition from LA j to LA i, and Ilj is the location 

probability of the user at LA j. Note that this cost is already computed on a per slot 

basis as a transition takes place on a slot-by-slot basis in the discrete model. Hence, 

the per slot average location management cost for all the update areas is given by 

LMC(" = f ; u i jn irCJ( i )+ •£ n iPwC„(),<)] . (6.2) 
«=! I J 

The superscript on LMC indicates that this cost is contributed by the update areas 

with Ui — 1. 

6.3.2. Average Paging Cost in Non-Update Area i 

First-time vs. Subsequent Paging 

If the user does not update immediately on entering LA z, then the paging associated 

with the first call received is costlier than the subsequent ones. The expected paging 

cost Cp(i) for the first call in LA i is determined by the paging strategy, Sp, used 

by the system in order to track him down to current LA i starting from the last 

known LA k. After the first call has been successfully received in LA i, the user's LA 

information remains updated in the system during the entire call holding time or the 

remaining duration of his sojourn. Hence, each subsequent call that triggers paging 

involves only the cost of paging, Cp(i), within the current LA i. 
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First we condition on the sojourn time as in the preceding case (Section 6.3.1). 

Given Tj = tj, we also condition on the slot number tf in which the first call arrives. 

We know, 

P r [First call in slot tf < ti | Tj = ti] = (1 — r)tf~1r. 

Suppose c calls arrive during the remaining slots of the sojourn. Clearly, the number 

of such calls can be at least zero and at most U — t f , having a binomial distribution 

B(U — tf,r). Hence the expected paging cost for all calls excluding the first one is 

S cCp(0^ c ^ ' ( l - = (U-tf)rCp{i). 

Thus, we have 

E [ Cumulative cost of paging within LA i | Tj = ti ] 

= C°(i) + ^ { ( t - tf)rCp(i)} (1 - r)tf~lr 
tf=i 

= c?W + M i + (i -*•)*' - i}c P (0-

Once again unconditioning over the distribution of geometric random variable Ti, the 

expected cumulative paging cost for one visit to non-update LA i is obtained as 

OO 
LM<°»(<) = CJ(0 + + (1" r)» - l}C„(i)(l -

ti = 1 

= ^ +
 +

 ( 6 ' 3 ) 

The superscript indicates the decision variable Ui, which is zero for a non-update area. 

If the average number of calls the user receives in LA i is much greater than one, i.e. 

jz » 1, a good approximation of Equation (6.3) is 

LM<°)(i)wCj(i) + ^-Cp(i) (6.4) 

where the first term corresponds to the average cost of paging for the first call and the 

second term for all subsequent calls. However, it is not a good idea to choose large 

values of r to force r » Pi, as that would invalidate the binomial approximation of 

Poisson arrivals and departures. 
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Cost of First-time Paging 

It has been noted earlier that the cost associated with first-time paging in a non-

update area is a resultant of the user's last known LA and the paging strategy used 

by the system. In order to maintain generality in this model, we have not made 

any assumption on the nature of the paging strategy. We have simply assumed that 

such a strategy, Sp, exists that gives rise to the appropriate cost function. Hence, 

the proposed solution may not be truly optimal, but optimal in a restricted sense as 

certain parameters (e.g. Sp, location area sizes, etc.) are assumed to have already 

been designed for the system and not under our control. As a result, we can express 

the expected cost of paging the user for the first call in LA i as 

N 

Cp(i) = ^2 C(SP, k, i) x P r [Last known LA is k f~l Current LA is i when paged] 
k—lyk^i 

(6.5) 

where C(Sp,k,i) is the cost of tracking the user in LA i given his last known LA k 

using the paging strategy Sp. The remainder of this subsection derives an expression 

for the probability that last known LA is k and current LA is i. 

Consider the situation where the user is paged in LA i at slot hi, where the slot 

counting is started from the beginning of his movement. Suppose he is last known 

to be at LA k in slot hk where 1 < hk < h^. This implies all of the following three 

independent events: (i) An update or call termination happening in slot hk, (ii) no 

call arrival during slots hk + 1 and hi- I followed by an arrival in slot hi} and (iii) 

no entry into an update area during the (hi — hk)~step transition. 

Event (i) again implies either of the following two independent sub-events in slot 

hk: (a) Update: hk is the first slot (in which user updates) of his sojourn in update 

area k, the probability of which is n i P i , k u k . (b) Terminate: User terminates a 

call in hk irrespective of whether k is an update area or not, the probability of this 

being r. 
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Hence, the probability of Event (i) is 

Pr [ Update or call termination in slot hk ] 

= Pr [ Update ] + Pr [ Terminate ] - Pr [ Update fi Terminate ] 

= r + {I - r)Y,lliPi,kUk-
l?k 

Event (ii) merely signifies no call arrival in hi - hk - 1 successive slots and one 

subsequent arrival. The Bernoulli arrivals being independent from slot to slot, the 

probability of this event is (1 — r)hi~hk~lr. 

For Event (iii), let the set of non-update areas be denoted by U. Then, the user 

never updates after the slot hk till hi implies that he enters only the non-update LAs 

in U after completion of his sojourn in LA k. Let the user spend till slot h'k in LA k 

during which he need not update anyway, the probability of which is (1 — Pk)h'k~hk. 

Let Pr [ ( j A i) € U] denote the probability that the user starting at LA j €. U ends 

up in LA i G U after passing through non-reporting LAs in h transitions. Then the 

probability that the user does not enter an update area at all after spending h'k - hk 

slots beyond hk in LA k, is given by 

E (1 - Pif--"' ( £ PkJ Pr [ U ^ t) € ] } . 
h'k=hk [jeu J 

Multiplying the probabilities of the independent Events (i), (ii) and (iii), and summing 

over all possible values of hk, we arrive at the following final expression 

Pr [ Last known LA is k fl Current LA is i ] 

= E j r + ( 1 " r) E n , P ! l t « 4 X {(1 - i-)1"-"*-1,-} x 
hk=l ( l^k J 

E (1 - Pk)"'--h> ( E PkjPr [ ( j ^ i) e U ]) ) (6.6) 
h'=hk \jeu J J 

To compute Pr [ ( j —> * i) £ U ], we can write the following recurrence relation using 

Chapman-Kolmogorov equation [ROS8O], 

Pr [ ( j A i) € U] = Y. Pa - Pr [ (i i)eV] 
leu 
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which implies that the probability P r [ ( j A i) € U ] can be written as the product 

of the 1-step transition probability to another non-update LA I and the (h — l)-step 

probability that the user remains in U starting from LA I reaching LA i. This can be 

succinctly represented in a matrix notation. Consider the N xN matrix P# obtained 

from the transition matrix P by setting the entries of the j th column to zero for all 

j (£ U. In other words, 

P& = P x diag(us), 

where u s is the bitwise inverse of the update vector us. Then P r [ ( j h%-$k i) e J? ] is 

the entry in the jth. row and ith column of the matrix Pg~hk , i.e. 

P r [ ( j h i ^ U ) e U ) = (Ph
(;-

h%i 

Equation (6.6) can now be written as 

Pr [ Last known LA is k fl Current LA is i ] 
'hi-l ( hi-1 

E I •£ (1 - Y . 
Afc=i Wk=hk \ j e u 

= < r + ( 1 - r) nlPl,kUk i 

{ &k ) 

= I r + (! - r ) Ulpl,kuk \ ~ (1 - Pk)h'k~hk'P$~hk 

I ¥k ) jeu \hk=i [h'k=hk 

— < r + (1 r) ^2 TljPj,kuk > < ^ Pkj(P(j)j,i ( > (6-7, 

I &k ) [j€u J 

where 

Pu = E {(! - r ) h i - h k - x r } ( h j r (1 - P k ) h ' » - h " P ^ 

Kh'k=hk 

= E K ( l - ' - ) ( l - F i ) } ' { E ( l - A ) , " r a P r 1 } (6.8) 
1=0 1771=0 J 

Since we are interested in the long term behavior of the system, we only take into 

account the limiting value of matrix Pjj as hi ->• oo. Equation (6.5) along with 

Equations (6.7) and (6.8) gives the final form of the average paging cost for the first 

call received in a non-update area i. 
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Average Paging Cost per slot in Non-Update Areas 

We have computed LM(0)(z) as the mean cost per sojourn in LA i. To obtain the 

average location management cost per slot, let us observe that the average number 

of slots spent in LA i in each sojourn is given by By renewal theoretic argument, 

it can be shown that the average paging cost per slot is LM^(i)/(p:) . Thus, the 

average paging cost for all non-update areas is 

LMC<°> = Pi LM<°> (t) (6.9) 
2=1 

which is also the average location management cost for these areas. 

6.3.3. User's Average Location Management Cost (LMC) 

The final form of the average cost function for a user is the sum of the expressions 

given in Equations (6.2) and (6.9). Hence 

N N 

LMC = E Hj Pj,i CuU, i) + Ui uir Cp{i) + Ui II; Pi LM<°>(*)} (6.10) 
i = 1 

where Cu(j,i) is the cost of update for a transition from LA j to LA i] Cp(i) is the 

cost of paging LA i; and LM(0)(i) is given by Equation (6.3). 

6.4. Numerical Studies 

To illustrate our "selective update" strategy let us first consider a service area made 

of eight LAs. The model for the network is a graph with eight nodes and eleven edges 

as depicted in Figure 6.3. The maximum edge distance between any two nodes is 

three. The transition probability matrix and the resulting steady-state probability 

vector have been tabulated in Table 6.1. The rationale behind such a choice of 

transition probabilities is that a large percentage of mobile users who commute from 

their homes to offices everyday, typically stay at these two location areas for most part 

of the day. This implies a high location probability (and hence, a high call receiving 
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probability) in those two LAs. Let us assume that LA 2 and LA 5 correspond to the 

user's home and office areas respectively in this example. High values of P2)2(= -94) 

and Pe,${= .92) have been chosen to induce such a mobility pattern that results 

in considerably large steady-state probabilities Il2(= .4046) and n5(= .3017). For 

these two LAs, Pitj = if j £ ^ ( i ) , and zero otherwise. For all other LAs, 

Pi,i = Pi,j = |rG(i)|+i for j G rG(i), and zero otherwise. 

LA„ 

Figure 6.3: The location area graph for the system 

The above scenario suggests the possibility that the user might skip updating in 

LAs except for a few strategic ones. If his mobility pattern is more or less uniform over 

all location areas, then our "selective update" scheme boils down to the existing "all-

update" scheme which, therefore, is a special case of our more general update strategy. 

We represent such an update strategy by a bit pattern Su = {u7 n6 u5 uA u3 u2 U\ u0}, 

so that the strategies can be easily indexed by the binary number they represent, for 

computational purposes. We chose Ui = 1 for an update in LA i and zero otherwise. 

In principle, we need to compute the minimum location management cost LMC* and 
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Table 6.1: Transition probability matrix and steady-state probabilities 

LAs Transition probability Steady-state 

probability 

LAs 

LAO LAI LA2 LA3 LA4 LA5 LA6 LA7 

Steady-state 

probability 

LAO 0.33 0.33 0.00 0.00 0.00 0.00 0.00 0.33 0.0369 

LAI 0.20 0.20 0.20 0.20 0.00 0.00 0.20 0.00 0.0608 

LA2 0.00 0.03 0.94 0.03 0.00 0.00 0.00 0.00 0.4046 

LA3 0.00 0.20 0.20 0.20 0.20 0.00 0.20 0.00 0.0606 

LA4 0.00 0.00 0.00 0.33 0.33 0.33 0.00 0.00 0.0361 

LA5 0.00 0.00 0.00 0.00 0.04 0.92 0.04 0.00 0.3017 

LA6 0.00 0.20 0.00 0.20 0.00 0.20 0.20 0.20 0.0611 

LA7 0.33 0.00 0.00 0.00 0.00 0.00 0.33 0.33 0.0381 

pick the update strategy which makes it possible. The factors that affect this cost 

include the pattern of call arrival and duration, the relative values of update and 

paging cost within an LA, and the paging strategy used by the system. Let us take 

a look at all of these three. 

A user might typically get 3-4 short calls during a busy hour with average duration 

of 1-2 minutes. We can choose A and (j, to be 0.001 per second and 0.01 per second 

respectively. The value of reduces to approximately 0.009 per second. Various 

values of r may be selected based on the choice of slot length r , e.g. T — 100 sec. 

gives rise to r = 0.9. Since r is the success probability of Bernoulli trials, we should 

observe variations of LMC* with r varying from 0.1 to 0.9 in the increment of 0.1. 

To keep computations simple, we assign equal paging cost of 10000 units for all LAs. 

As figures from a real system for the cost of update for a single user and the cost 

of paging in an LA are not available, we experimented with various ratios of these 

two costs. To reflect the variation of these relative values, LMC* is computed using 

Equation (6.10) for various values of effective arrival/termination rate r and the ratio 
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^ of the update cost to the paging cost. The paging strategy Sp is similar to that 

proposed in [AH95] and works as follows. The last known LA is paged first. If no 

response is obtained, the set of neighboring LAs are paged. If still unsuccessful, the 

set of LAs at edge distance two, and if required, those at distance three are paged 

until the user is tracked down. 

Table 6.2 shows the minimum location management cost LMC* for various values 

of r and The optimal update strategies corresponding to each LMC* are shown 

within parenthesis. We observe from Table 6.2 that, as the cost of an update relative 

to that of paging increases for constant call arrival/termination rate r, the required 

number of updates to achieve the optimal cost decreases. For example, with r = 0.6, 

the user needs to do five location updates for ^ = 0.1, while three such updates 

are required for ^ = 1. As the call arrival/termination rate r increases for constant 

the number of updates increases. For low values of r(= 0.1), the user need not 

update at all. This implies that on the average, systemwide paging will be less costly 

as compared to the cost of one or more updates and the reduced paging cost that 

results. For higher values of r, updates in certain strategic location areas is necessary 

and the maximum number of such updates is five for r = 0.9. Hence, we conclude that 

even for high call arrival rates, there is scope of improving the "all-update" strategy 

by computing individual update strategies for the users. 

Figures 6.4 and 6.5 pictorially represent the variation of the optimal location man-

agement cost with r and §£•. It is observed that, although the value of LMC* increases 

with increase in both the parameter values, it is more sensitive to the variations of 

rate r than the ratio. Since r depends on the slot lenth r, the choice of r is very 

critical in choosing the best update strategy based on this discrete-time model. 

The component found to have the maximum impact on the location management 

cost is the average cost of the first time paging C°(i) in a non-update LA i. These 

values capture the penalty the system has to pay for not making the user update 

in all location areas. The genetic algorithm implementation of the above problem 
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Figure 6.4: Optimal location management cost vs. r 

(described later) is required to compute these values for different update strategies. 

Figure 6.6 shows the value of Cjj(i) for LA i in the worst case when the user does not 

update at all. Under this "no-update" strategy, the average cost of paging the user for 

the first call he receives in any LA is expected to be maximum because, the only time 

the system can know about his whereabouts is when he receives a call. In Figure 6.7 

we also display another set of values of Cj for the update strategy {10101010} with 

equal number of updates and no-updates to show the impact of these updates. Note 

that, the value of C° is zero in update areas as is obvious from the definition. 

6.5. Genetic Algorithm Formulation 

For small number of LAs, the optimal strategy for location update can be obtained by 

enumerating all possible solutions (represented as bit-strings) of decision vectors in 

the solution space, as in the previous example. But as the number of LAs increases, 

the solution space grows exponentially. Also, the nature of the optimization problem 

calls for an iterative method of computing the optimal solution. These considerations 

lead us to use genetic algorithm to compute the optimal (or near-optimal) solution 
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Figure 6.5: Optimal location management cost vs. ^ 

to this combinatorial optimization problem. 

A genetic algorithm for a given problem has the following features [MIC95]: (i) 

the potential solutions are represented by bit-strings, each called a chromosome; (ii) 

a function evaluates the fitness of the chromosome and hence the entire population; 

and (iii) genetic operators like cross-over and mutation alter the composition of the 

children with certain probabilities. 

In our case, an update strategy for a user is represented by the update vector, 

which is a bit-string corresponding to update (u< = 1) and non-update (in = 0) for 

each LA. Thus the length of the bit-string is equal to the number of LAs. A group 

of strategies is chosen at random as the initial population. However, if the initial 

population is chosen properly, the iterations might converge faster to the optimal 

solution. 

We evaluate the fitness of a chromosome by the function where LMC is 

given by Equation (6.10). This implies that the smaller the location management cost, 

the greater the fitness of the chromosome. The selection function is implemented 

based on a roulette-wheel spinning mechanism [MIC95]. There are two associated 
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Figure 6.6: Average first time paging cost for the user at various LAs with "no-

update" strategy 

parameters, namely the probabilities of crossover and mutation, which are assumed 

to be 0.8 and 0.01, respectively. 

At each iteration of the genetic algorithm, we keep track of the best chromosome 

from the initialization phase till that iteration cycle, which gives the optimal (or 

near-optimal) solution at the termination of the algorithm. The population size 

for each generation is kept constant at 50 and the number of bits (the number of 

LAs) in the chromosome is chosen as 8 (the same network as shown in Figure 6.3 is 

considered). The cost function LMC is computed using the transition probabilities 

shown in Table 6.1 and identical values of Cu and Cp as in the numerical example. The 

values for Cjj (i)s are computed using a mathematical software package and provided 

as input to the genetic algorithm at every iteration. It was found that the genetic 

algorithm converged very fast to the optimal solution in all cases and identical results 

as shown in Table 6.2 were obtained. 

In this genetic algorithm implementation, the best and average values of fitness of 

the chromosome as well as the standard deviations are computed for each generation. 
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Figure 6.7: Average first time paging cost for the user at various LAs with a selective 

update strategy of (10101010) 

We present in Table 6.3 a sample run from the experiment with r = 0.5 and = 0.33. 
cp 

6.6. Simulation Experiments 

In Sections 6.3, a location management cost function is derived based on a particular 

mobility model for the user. In Section 6.5, a genetic algorithm is presented to 

optimize the cost function and compute an update strategy for the user such that 

the system resource consumption is minimized on the average. In this section, we 

present the results of our simulation experiments which attempt to capture the real 

life movement profile of a user in a PCS network, which is a mixture of deterministic 

and randomized movements. We also compare the location management cost of the 

update strategy predicted by our analytical model, with a system where an update 

always takes place (worst case scenario) and the minimum cost from the simulation 

experiments. The cost function computed by our model gives the minimum average 

cost and leads to an optimal update strategy for the user assuming static movement 

probabilities. 
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For the simulation model, two types of movement profiles for a user is simulated: 

(*) random in which the user has equal probability of being located in any LA at any 

instant, and {%%) the user has a certain directional component in his movement most 

of the times having much higher location probabilities in certain LAs than others, and 

random in other areas. Note that the latter movement profile has closer resemblance 

to the real life scenario than the former. Indeed, experiments show that for the first 

type of movement, our update strategy degenerated to the all-update scheme which 

is also optimal in this case. Therefore, for the rest of this work we shall be concerned 

with the second type of movement profile only. 

The call arrival process is assumed to be Poisson. In our analytical model, we 

assumed that call arrival is independent of the user mobility model. In real life 

scenario, this is hardly the case since a user is expected to receive more calls in 

certain areas (e.g., his home or office) than in other areas. In the simulation, the call 

arrival process is dependent on whether the user updates or not in a location area 

and the rate is increased by a small fraction if he does. The network model for the 

simulation is the same graph depicted in Figure 6.3. 

6.6.1. Experimental Results 

In the following set of experiments, the costs of our selective update strategy and 

that of the all update scheme are compared with the minimum cost obtained for each 

from simulation, by plotting the corresponding cost ratios with traffic load A in Erlang 

(Figures 6.8-6.11). Note that, our analytical model computes the minimum average 

location management cost. Hence, the necessity of comparing this minimum value of 

the average cost with the true optimal cost obtained from the simulation run. 

For simplicity, the cost of an update, Ctt, is assumed to be constant and the cost of 

paging, Cp, is same for all location areas. Simulation experiments are performed for 

particular §£ ratios which are greater than one. Figures 6.8-6.11 display the results 

^or 7% = — 2, ^ = 1.33 and ^ = 1, respectively. The traffic load generated by 
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the user is assumed to be quite high (in busy hour) and varies from 0.1 to 0.9 Erlang. 

We assumed a two minute average call holding time for the user. 
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Figure 6.8. Ratio of location management costs with the minimum cost from simula-

tion for — 4 
Op 

In all four cases we note that the cost due to our selective update strategy is less 

than a factor of 1.5 the minimum cost from actual experiments. The improvement 

factor of our scheme over the existing all-update scheme is significant (as high as 

3.9 times) for low traffic loads. As the load increases, more updates are necessary to 

decrease the excessive paging costs. Hence, the difference between their performances 

diminishes. For ^ = 1 (in Figure 6.11), both the schemes merge into the optimal 

strategy for A > 0.6 Erlang, implying that when paging and update costs are com-

parable and tele-traffic load is high, updating in all the location areas produces the 

best result. 

Figures 6.8-6.11 also display the low variability of our scheme in terms of location 

management cost compared to the all-update scheme for a wide range of traffic load. 

For example, for = 1.33, the ratio of the cost for the all update scheme to the 

minimum cost varies between 2.6 and 1.15, while for our scheme this varies only 

between 1.2 and 1.12, for a load varying from 0.1 to 0.9 Erlang. This demonstrates 
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Figure 6.9. Ratio of location management costs with the minimum cost from simula-

tion for = 2 

the stability of our proposed update strategy which makes it not-so-sensitive to the 

choice of the paging strategy, Sp, used in the system. 

Finally, Figures 6.12 and 6.13 compare the actual paging and update costs of the 

selective update and the all-update schemes to the corresponding quantities obtained 

from the minimum cost simulation experiment. For the "all-update" scheme (see 

Figure 6.13), the update costs are many-fold higher (about 8 times for light load) than 

the minimum cost simulation. Note that, the minimum cost simulation might produce 

completely different update strategies under various loads, hence the variation of the 

ratios of the update costs with A. For our "selective update" scheme (see Figure 6.12), 

we note a similar kind of decreasing variability of the update costs with load, compared 

to the minimum cost simulation, but our update costs are almost always lower (except 

for very light loads, when they are equal) than that produced by the latter. Our paging 

costs are about 1.1 to 1.4 times higher than those for the minimum cost simulation. 

The paging costs for the all-update scheme are smaller than those for the minimum 

cost case. But the many-fold increase in the update costs leads to a significant increase 

in the total location management cost. The complementary nature of the paging and 
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update costs are also apparent from the graphs in Figures 6.12 and 6.13. Again we 

note the stability of our scheme in terms of low variation paging and update costs for 

a wide range of traffic load. 

6.7. Summary 

We have proposed a novel location update strategy and its implementation using a 

genetic algorithm. Assuming the existence of location areas in the system to start 

with, our scheme develops an update strategy specifying a set of update areas for each 

user. A user updates only in his update areas. The update strategy minimizes the 

average location management cost derived from a user-specific model and call gener-

ation pattern. Experimental results demonstrate that for low residing probability in 

certain LAs, low call arrival probability and high update cost for a user, a location 

update in some of those LAs leads to increase in the average location management 

cost than no update. 

Let us qualitatively evaluate the practical merit of our approach. We have shown 

that the currently implemented zone based "all-update scheme" is a special case of 
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our "selective update" strategy. This is also confirmed by the simulation experiments. 

Our scheme improves on the existing zone based schemes by minimizing the total 

location management cost for individual users by devising an update strategy for 

each. In this way, the mobility and call arrival patterns are taken into account for 

each user. The only required parameters to implement our strategy on top of the 

traditional zone based approach involve an LA-LA transition probability distribution 

for each user and its average call arrival rate. Both of these parameters can be easily 

estimated through a period of observance. For example, in the traditional approach 

whenever the user changes his LA, he updates. By keeping track of the number of such 

updates from LA i to LA j over a certain period of time, his transition probability 

from i to j can be estimated. Similarly, the call arriving rate for the user can be 

estimated from his call receiving records over a time interval. Once these parameters 

are known, the optimal update strategy for the user can be computed using the 

genetic algorithm solution. 

It has been shown in [BKS95] that the distance based update scheme generally per-

forms better than time and movement based schemes. But deployment of a distance 
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Figure 6.12: Ratio of paging and update costs with those from the minimum cost 

simulation 

based scheme might require an unacceptable amount of changes in the existing in-

frastructure. Also, in all distance based schemes, the mobile user has to continuously 

monitor its distance from the point of last update and compare it with the optimal 

threshold distance to decide whether to update or not. This requires knowledge of 

the cellular network topology in the part of the mobile user. Hence, implementation 

of a distance based scheme is not only difficult but also power consuming from the 

viewpoint of the mobile user. Since our location update scheme does not have any 

of these drawbacks, it is easy to implement, offers practical solution to the location 

management problem while performing better. 
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Table 6.2: Minimum location management costs and corresponding update strategies 

for various r and ^ 
On 

r cu 

0.1 0.25 0.5 0.75 1.0 

0.1 610.5 610.5 610.5 610.5 610.5 

(00000000) (00000000) (00000000) (00000000) (00000000) 

0.2 1706.7 1728.3 1728.3 1728.3 1728.3 

(01000000) (00000000) (00000000) (00000000) (00000000) 

0.3 2801.3 2943.4 3079.0 3079.0 3079.0 

(01001001) (01000001) (00000000) (00000000) (00000000) 

0.4 3795.0 4013.5 4321.1 4500.6 4586.7 

(10101010) (10101010) (01000001) (01000000) (00000000) 

0.5 4796.3 5014.9 5379.0 5700.2 5934.1 

(01101101) (10101010) (10101010) (01000101) (01000001) 

0.6 5708.0 6023.8 6391.5 6755.7 7112.5 

(01101101) (01101101) (10101010) (10101010) (01000101) 
0.7 6749.9 7005.7 7413.3 7777.5 8141.7 

(01101101) (01101101) (10101010) (10101010) (10101010) 
0.8 7740.0 7996.4 8422.7 8807.0 9171.1 

(01101101) (01101101) (01101101) (10101010) (10101010) 
0.9 8738.9 8904.6 9421.0 9842.8 10207.0 

(01101101) (01101101) (01101101) (10101010) (10101010) 
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Table 6.3: A sample run of the genetic algorithm (r = 0.5, ^ = 0.33) 

Generation no. Best value Average Std. deviation 

1 0.954 0.883 0.043 

10 0.963 0.900 0.027 

20 0.973 0.909 0.030 

50 0.973 0.938 0.021 

100 0.973 0.964 0.010 

200 0.973 0.972 0.001 

300 0.973 0.972 0.001 



CHAPTER 7 

CONCLUSIONS 

In this dissertation, efficient resource utilization techniques are proposed in two impor-

tant areas of wireless mobile computing, namely, bandwidth management and location 

management. Under bandwidth management, we investigated resource utilization 

problems in two important areas, namely, channel assignment problem and wireless 

multimedia. Under location management, a resource-optimal update strategy for mo-

bile PCS users is proposed. We summarize our results and findings briefly in the next 

few sections. 

7.1. Load Balancing Heuristics for the Channel Assignment Problem 

We have developed dynamic load balancing strategies for the hot cell problem in 

cellular mobile environment, which can be implemented in a centralized or distributed 

manner. These strategies constitute two main parts. In the first part, a channel 

borrowing strategy is proposed where channels are borrowed by a hot cell from suitable 

cold cells. The suitability of a cold cell as a lender is determined by an optimization 

function constituting three cell parameters - coldness, nearness and hot cell channel 

blockade. In the second part, a channel assignment strategy is proposed where the 

assignment is done on the basis of different priority classes in which the user demands 

are classified. The relative merits and demerits of the centralized and distributed 

schemes are discussed both quantitatively and qualitatively. A Markov model for 

an individual cell is also proposed. One important parameter of our model - the 

threshold h, below which a cell is classified as hot - is estimated from this model. 

Exhaustive simulation is also carried out to compare the centralized and distributed 

schemes. Prom these results, we conclude that in a region with a large number of 
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hot cells, the distributed scheme performs better. Simulation experiments showed a 

significant improvement of our scheme in system performance as compared to many 

existing schemes like, fixed channel assignment, simple borrowing, directed retry and 

CBWL. 

We have also developed a load balancing scheme to cope with the problem of 

hot spot, which is a region of adjacent hot cells. A hot spot is conceived as a stack 

of hexagonal Rings , each containing at least one hot cell. In our load balancing 

approach, a hot cell in 'Ring i' borrows channels from its adjacent cells in 'Ring 

i+1' with the help of a channel demand graph, to ease out its high channel demand. 

This structured lending mechanism decreases excessive co-channel interference and 

borrowing conflicts, which are prevented through channel locking in other schemes. 

Detailed analytical modeling of the system with our load balancing scheme captured 

certain useful performance metrics like call blocking probability, the probability of 

a cell being hot and the evolution of the hot spot size. Simulation experiments are 

carried out proving that our load balancing algorithm is robust under severe load 

conditions. Also, comparison of our scheme with the CBWL strategy demonstrates 

that under moderate and even very high load conditions, a performance improvement 

of as high as 12% in terms of call blockade is achievable with our load balancing 

scheme. 

7.2. Resource Management in Wireless Multimedia 

While load balancing strategies attempt to eliminate tele-traffic imbalances in the 

system by resource (channel) migration, we have also investigated possible ways of 

improving system capacity by scheduling bandwidth allocation in case of wireless 

multimedia communications where certain classes of real-time traffic use multiple 

channels for a single application. The real-time traffic is classified into K classes, 

where a class i call uses i channels. Two orthogonal QoS parameters are identified, 

namely, total carried traffic and bandwidth degradation, such that an improvement of 
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either of them leads to the degradation of the other. A cost function describing the 

total revenue earned by the system from bandwidth degradation and call admission 

policies is formulated and the optimal policy, maximizing the net revenue earned, is 

computed. 

In most systems, the real-time traffic has preemptive priority over the non-real-

time traffic, based on which a novel channel sharing scheme for non-real-time users 

is proposed. This scheme is analyzed using a Markov modulated Poisson process 

(MMPP) based queuing model, and the average queue length, a QoS metric for non-

real-time traffic, is also derived. Simulation experiments demonstrate the sensitivity 

of the effective revenue earned to the proper choice of degradation cost and revenue 

in the first case, and also that of the average queue build-up (for the non-real-time 

traffic packets) to the call arrival rates of both types of traffic and the non-real-time 

packet arrival rate, in the second case. 

For multi-rate traffic requiring contiguous spectrum allocation, a novel scheme 

called bandwidth compaction (conceptually similar to memory compaction in com-

mercial operating systems) is described. Simulation results show an improvement in 

spectrum utilization as high as 24% for higher traffic load. 

7.3. A Location Update Strategy 

An optimal and easily implementable location update scheme is described which con-

siders per-user mobility pattern on top of the conventional zone (LA) based approach. 

Most of the practical cellular mobile systems partition a geographical region into lo-

cation areas (LAs) and users are made to update on entering a new LA. The main 

drawback of this scheme is that it does not consider the individual user mobility and 

call arrival patterns. Assuming the existence of location areas in the system to start 

with, our scheme develops an update strategy specifying a set of update areas for 

each user. A user updates only in his update areas. The update strategy minimizes 

the average location management cost derived from a user-specific model and call 



generation pattern. For a large number of location areas, a genetic algorithm im-

plementation of the above optimization problem is proposed. Experimental results 

demonstrate that for low residing probability in certain LAs, low call arrival proba-

bility and high update cost for a user, a location update in some of those LAs might 

lead to increase in the average location management cost than no update. By a qual-

itative comparison with other types of existing location update schemes, it is shown 

that our "selective update" scheme is easy to implement, offers practical solution to 

the location management problem while performing better. 

7.4. Future Work 

There are possibilities of extending the work done in this dissertation in several di-

rections. The load balancing problem is solved assuming static hot spots. The next 

step will be to investigate the consequences of the hot spot changing its shape and 

size during the running time of the load balancing algorithm. 

In our proposed bandwidth degradation framework, two cost (or revenue) parame-

ters - Cp and Cu - have been used. We would like to conduct some test measurements 

in an already deployed switch to collect informations like CPU occupancy, message 

complexity etc, to estimate the actual values of these parameters. We are also work-

ing on applying this QoS framework in an existing standard for wireless data, e.g. 

IS-99 CDMA data standard. 
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