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Abstract

We propose an efficient channel allocation and handoff strategy to guarantee continuous
services with QoS guarantees to mobile multimedia users, known as the Variable Band-
width Channel Allocation Scheme (VBCAS). In order to minimize the forced termination
probabilities of ongoing calls, the bandwidth for different types of calls varies in a dynamic
way. If there are not sufficient channel resources for a new arriving handoff call, the system
adjusts the bandwidth of calls in service and reallocates enough channel resources for the
arriving handoff call to avoid interrupting its session. The adjustment of the bandwidth of
calls is done so that the basic quality of service for a call with particular service type is
guaranteed. The strategy is modelled and analyzed by using a multi-dimensional Markov
chain. Performance measures, such as blocking probabilities of new calls, forced termination
probabilities of calls, average bandwidth allocated to a call are obtained. Numerical results
show that significant improvements on QoS can be obtained by using the channel allocation
and handoff strategy proposed in this paper.

KEYWORDS: Cellular Mobile Systems, Channel Allocation, Handoff, Variable Band-
width Support

1 INTRODUCTION

The new third generation wireless cellular communications networks are expected to carry
multimedia traffic, such as voice, video, images, data, or combinations of them. Various issues

have to be carefully examined before such systems can be implemented [1]. This paper deals with



the problems of channel assignment and handoff control to support multiple types of traffic with
different QoS parameters.

In a cellular system, the service area is divided into many cells. Each mobile subscriber (MS)
communicates via the base station (BS) of the cell it is currently residing in. Handoff occurs
when a MS moves away from its assigned BS (resulting in a degradation of signal strength) and
establishes a channel assignment at the target BS [2]. In order to support multimedia applications,
the system capacity has to be increased significantly. A common way of achieving this goal is to
employ microcells and picocells [3], so that the service area covered by a single BS is reduced and
the handoff frequency increases. The widely used handoff method called cutoff priority scheme or
guarded channel scheme, proposed in [4] and [5], has been shown to be effective for such systems.
In the cutoff priority scheme, new and handoff calls are treated equally on a FCFS basis for channel
allocation until a predetermined channel utilization threshold is reached. At this point, new calls
are simply blocked, and only handoff calls are honored. Queuing of new calls as well as handoff
calls is considered in [6], which demonstrates that queuing can improve channel utilization and
reduce call blocking probabilities. We proposed a handoff scheme adopting preemptive priority
in [7]. In the scheme, voice handoff calls can preempt channels of data calls, thus reducing the
forced termination probability of voice calls.

There has been increasing interest in the study of channel assignment and handoff schemes
in systems supporting multimedia traffic. Multiple call handoff problems with mixed platform
types are discussed in [8], where the performance of the system with cutoff priority scheme
with or without handoff queuing is analyzed. Li and Chuang present a hybrid cutoff priority
handoff scheme for multiple classes of traffic in multimedia wireless networks [9]. There, cutoff
priority is used, and each class of calls has a different cutoff threshold. In [10], a call admission
control scheme for mobile multimedia communications systems is presented. In the scheme,
calls are divided into different classes with different priority levels. Moreover, traffic asymmetry
between uplink and downlink in the mobile multimedia environments is also considered. In
[11], an adaptive measured-based pre-assignment scheme is proposed with connection-level QoS
support. The proposed scheme is different from the cutoff priority based scheme in that it allows
the handoff calls to utilize a pre-reserved channel pool before competing with new calls for the
shared channels.

In all the above schemes the bandwidth of a call of each service type is constant. That is,

the bandwidth allocated to a call does not change during the entire communication. If an arrival



handoff call cannot get the required bandwidth, it will be blocked and the call will be forced into
termination. Variable bandwidth support for voice services is considered in [12]. In [12], when a
handoff call enters a busy cell (no channel available), an occupied full-rate channel can be divided
into two half-rate channels to accommodate the arriving handoff call. Actually, for most types of
data and multimedia service, the bandwidth occupied by a call can vary from time to time. For
example, for some type of video calls, the frame rate for transmission and the encoded data rate
per video frame can be reduced if channel resources become scarce. In the compression technique
named ”Scalable Video Coding (SVC)” [13], a video sequence is compressed into several layers:
a base layer and several enhancement layers. The base layer can be independently decoded and
it provides basic video quality; the enhancement layers can only be decoded together with the
base layer and further refine the quality of the base layer. Therefore, the bandwidth occupied by
a video call encoded by SVC can be adjusted according to the variation of the traffic intensity
of the system. The reduction of the bandwidth must guarantee the basic communication quality
of calls. We propose here a more flexible and general channel assignment and handoff scheme
called Variable Bandwidth Channel Allocation Scheme (VBCAS). In order to minimize the forced
termination probabilities of calls, variable bandwidth for different types of calls is supported. If
there are not enough channel resources to support the arrival of a handoff call | the system
adjusts the service rates of calls in service and reallocates enough channel resources for the
arriving handoff call to avoid interrupting the session. Therefore, according to the variation of
the traffic intensity, the bandwidth allocated to a call in service may vary from time to time.
However, the basic quality of service for a call with a particular service type is guaranteed by
setting a pre-defined minimum allocated bandwidth. The strategy is modelled and analyzed by
using a multi-dimensional Markov chain. Performance measures are obtained, such as blocking
probabilities of new calls, forced termination probabilities of calls, average bandwidth allocated
to a call.

The remaining part of this paper is organized as follows: The traffic model of the system
is presented in section II. Our VBCAS scheme is described in section III. In section IV, the
performance of the system is analyzed. In section V, numerical results are presented and discussed

to demonstrate that better QoS can be obtained by using VBCAS.



2 TRAFFIC MODELS

In the paper, it is assumed that the whole service area of the system is covered by many
homogenous cells. The total bandwidth in each cell is denoted by B.

Each cell in the system supports K types of calls, indexed by ¢ = 1,2,..., K. For a call of
type 4, the bandwidth allocated to it is between b™" and b"** at any given time. The value b"
corresponds to the lowest endurable communication quality, while b"** corresponds to the best

communication quality. It is assumed that b™" > 1 and o™ < . In this paper, it is also

pmax
assumed that mobile users always desire to get the best communication quality. That is, a call
of type 7 always desires to get a bandwidth b"** if possible.

The dwell time T}” for a mobile terminal of type i in a cell is a negative exponentially distrib-

1

uted random variable having a mean T}” = —.

Moreover, We define Tj as the 1nstanta;1e0us unencumbered call (session) duration. It is
the unencumbered call duration for a call of type ¢, assuming that the bandwidth assigned to
it remains unchanged. It is assumed that TS b, 18 a negative exponentially distributed random
variable, which has a mean Tﬁ, = (1/, It is evident that T(’;, is a function of the type of a call
¢ and of the bandwidth b; obtained for the call.

The arrival rate of new calls of type 4 is denoted by A9. It is assumed that the arriving

processes are Poisson processes. The arrival rate of handoff calls of type i is A¥. The arriving

processes are also assumed to be Poisson.

3 DESCRIPTION OF THE VBCAS STRATEGY

The system model for our channel allocation and handoff scheme with variable bandwidth
support is illustrated in Fig. 1.

Because, for a homogeneous system in statistical equilibrium, the state probabilities of all the
cells are assumed to be the same, only the state description of a single cell has to be considered.
We now focus attention on a given cell. The cell under observation can be characterized as being,
at any given instant, in any one of the finite numbers of states. We define the system state of a

cell by a sequence of nonnegative integers. It is convenient to order the states by using an index



s=0,1,2,...,Smax. Thus a state s corresponds to a distinct set of nonnegative numbers
(3.1)

where n;(s) (i = 1,2,---, K) denotes the number of active calls of type ¢ in the cell, and B;(s)
(1=1,2,---,K) is the total bandwidth occupied by these n;(s) calls. As it is shown later, if we
use the bandwidth allocation method proposed in the paper, states can be defined only by the
integer set (ny(s),na(s), -, nk(s)).

In our scheme, the cutoff priority scheme is used. That is to say, in each cell, a fraction of the
total bandwidth is reserved for handoff calls of any types. A new call of type i is blocked by the

system if
K

> ni(s)bP 4+ b > B — Bp (3.2)

j=1
when it arrives to the system at state s. Otherwise, the new call is accepted, and b;"** channel
bandwidth is allocated to it. It should be noted that some schemes have been proposed to
adaptively determine the value of the guard channels according to the variation of the system
traffic intensity [10][14]. In this paper, the numbers of the guard channels is constant. An
extension that can be envisioned for practical applications consists of a periodic tuning of the By
value depending on the statistical estimation of traffic parameters. Moreover, because different
types of calls have different bandwidth requirements, it is reasonable to set different numbers of
guard channels for different types of traffic to guarantee that the forced termination probabilities
for different types of traffic will be maintained at some reasonable low levels at the same time [9).
For simplicity, in this paper, only one common guard channel value is shared among all types of
traffic, which does not influence our understanding on the final results obtained.

In our scheme, a handoff request will be blocked by the system, and the call forced into

termination if the following equation holds on the arrival of a handoff call of type i at state s,

K
> n(s)pn b > B (3.3)

j=1
Otherwise, if the sum of the minimum bandwidth requirements of all the calls including the
arriving handoff call is not more than the total bandwidth B, the handoff request is accepted by
the target cell. By using this basic idea, we can see from the numerical results that the forced

termination probabilities of calls are decreased significantly.



In the following, we propose a method to allocate the total bandwidth to the different types
of calls. It is evident that there are various ways to execute this allocation. However, in order to

make our scheme tractable and realistic, we consider the following points:

a. The channel allocation will be only determined by the state of the system. That is, one state

corresponds to one determined channel allocation pattern.

b. If on arrival of a handoff call, there are not sufficient channel resources for it, the system
will adjust the bandwidth of calls in service and reallocate enough channel resource for
the arriving handoff call to avoid interrupting its session. In order to reduce the signaling
overhead of the system, it is better that the number of types of calls affected is minimized.
Therefore, calls are divided into different priority levels. The bandwidth of calls with the
lowest priority level will be first adjusted. If this adjustment is not sufficient to meet the
bandwidth requirement of the arriving handoff call, the system will adjust the bandwidth

of calls with higher priority levels until the bandwidth requirement is met.

c. When the system tries to adjust the bandwidth of calls with a particular type, it tries to
adjust the bandwidth of calls belonging to the same type fairly, which helps to minimize

the variation of communication quality for calls of a given type.

Based on the above considerations, without loss of generality, we assume that a call with
type ¢ has higher priority over a call of type 7, if ¢ < j. First, one determines the value of
Bi(s), Ba(s), - -+, Bi(s) by only using ni(s),na(s),---ng(s), ", o and B.

The system first tries to allocate channel resources to calls with the highest priority levels
to make them obtain their maximum possible bandwidth. Then, if there are still free channel
resources, the system tries to allocate the remaining bandwidth to calls with the second priority
level. This process will be repeated until the bandwidth allocation for calls with the lowest
priority level is completed. To describe the channel allocation scheme in details, we first denote
B and B> as the minimum and maximum bandwidth that can be allocated to all calls of
type ¢ in service:

B;nin(s) = ni(s)bf“in (3.4)

B (s) = ny(s)b™™ (3.5)



We then define m(s) as the minimum priority level such that the maximum bandwidth cannot

be allocated
min {l\l <I <K, Zé‘:l [BmaX(s) — BMin(s)] > B — Zszl B;nin(s)}
m(s) = if Y200, Brn(s) < B < 2ic, BRX(s) (3.6)
K+1 it B>3Y 0, BP(s)
Then, under the case of Z]K:1 B (s) < B, the bandwidths B;(s) is allocated to the various

types of calls by using the following method (described in pseudo-code):

1. BEGIN

2. Calculate the value of m(s) based on equation 3.6;

3. FOR i=1TO m(s) —1 DO

1 Bi(s) = BP™(s);

5. FOR i =m(s)+1 TO K DO

6. Bi(s) = BMn(s);

. Bu(®) = B— X9 BI(s) = T B (s);
8. END

The next problem to be solved is to allocate the B;(s) channels to n;(s) calls. Here we propose
to allocate channels to calls as fairly as possible. When we try to allocate B;(s) channels to n;(s)
mobile users, we must cope with two cases. If the integer B;(s) can be divided by n,(s) equal
bandwidth is allocated to all these n;(s) calls. Otherwise, different bandwidth must be allocated
to the n;(s) calls to take care of the remainder of the division. In detail, we assign bl°“(s) channels

to each of the n'(s) calls, and b;""“"(s) channels to each of the n!**(s) calls. n'**(s) and n;™"(s)

must satisfy

nie(s) + 7 (5) = mi(s) .
D (b1 (5) + i () (5) = Bi(s)

7 2

For that purpose, let

upper oy _ [ Bils)
Zow(:)) {LZFEZS()K]J (3.8)

n;(s)

7



We can see that by"*"(s) — bl (s) = 0 or 1. Thus when b;"*"(s) — bl*v(s) = 1

WP (5) = Bi(s) = na(s)e0 ) 39

i (s) = nis) — ni™ (s)

From above equation, it can be seen that the remainder of the division will be fairly allocated

PP (5) calls. Moreover, when bl°¥(s) = biPP*"(s), we set nlov(s) = n,(s), ni?**"(s) = 0.

to n;

Next, we explain our channel allocation scheme when a handoff request with type i (i =
1,2,--- K) arrives. It is assumed that before the arrival of the handoff call, the system is in
state s’, and after the acceptance of the handoff call, the system state transits to s. From the
above definitions about our channel allocation scheme, especially the definition of m(s) made in
equation 3.6, we know that m(s) < m(s’). That is, partial channel resources occupied by calls
with type j (m(s) < 7 < m(s’)) will be borrowed by the system and allocated to the newly
arrived handoff call. The borrowing of channel resources is based on the principle of borrowing
channels occupied by calls with lower priority first and borrowing channels fairly among calls
belonging to the same class. If some channel resources are released by some call, these channel
resources will be returned back to calls with higher priority first. Bandwidth occupied by calls
with type ¢ (i > m(s’) or i < m(s)) remains unchanged. Therefore, for a handoff call, with type 4
(i = m(s)+ 1), it gets a bandwidth of ™. For a handoff call, with type ¢ (i < m(s) — 1), it gets
a bandwidth of b®. For a handoff call, with type i (i = m(s)), it gets a bandwidth of b°“(s)

(see equation 3.8).

4 PERFORMANCE ANALYSIS

A. Driving Processes

As time progresses, the cell under observation changes its state at random instants affected by
the driving processes and the system dynamics. The driving processes of the state of the system

are:
1. The arrival of a new call of type 1.
2. The arrival of a handoff call of type .
3. The departure of an active call of type ¢ from the current cell.

Any state transition must be caused by one of the events listed above.

8



B. Flow Balance Equations

After defining the system states and identifying the driving processes, the statistical equilib-
rium state probabilities remain to be determined. This can be done by writing a flow balance
equation for each state, and then solve a set of the resultant s,,.x + 1 simultaneous equations for

the unknown state probabilities p(s). Among the Syax + 2 equations

S ali, )p(i) =0 (6= 0,1,2,- -, Smax)
Smep(i) =1

Smax + 1 are independent. Coefficients q(i, j)(i # j) represent the transition rate into state i from

(4.1)

predecessor state j, and ¢(,7) is equal to the total transition rate out of state i. Note that all
the states mentioned must be permissible. That is, all the channel constraints must be met. We

obtain ¢(i, j)’s as follows.

(i) Probability Flow into a State Transitions into a given state s arise from several other states

s', depending on the driving process that cause the transition. The determination of permissible

predecessors and transition rates for a given state s is discussed below.

(i).1 a. Flow in due to an origination of a call of type i Assume that the given cell is in state
s, corresponding to (ny(s),na2(s),---,nk(s)). Transition into state s due to the origination of a
new call of type ¢ in the cell is possible only from certain other permitted states. Specifically, let
q1:i(s, s’) denotes the transition rate from state s’ to state s due to the origination of a new call

of type i. The predecessor involved in this event is:
s (na(s),na(s), -, mi(s) — 1,-- ,nk(s)) (4.2)

if the conditions n;(s) > 0 and Z]K:l n;(s)b7** < B — Bg hold. The transition rate can be written
as

qi(s,s') = >\,’O (4.3)

(i).2  b. Flow in due to an arrival of a handoff call of type i Let go;(s, s") denotes the transition
rate from state s’ to state s due to the arrival of a handoff call of type 7 in the cell. The predecessor

s’ involved in this event is:

s (ny(s),na(s), -, ni(s) =1, ;ng(s)) (4.4)



if the conditions n;(s) > 0 and Z]K:1 n;(s)b™ < B hold. The transition rate can be written as
Qi(s,8") = A\ (4.5)

Since we assume an equilibrium homogeneous mobility pattern, the mean number of incoming
users into the current cell is equal to that of outgoing ones. Therefore, the arrival rate of handoff
requests at the marked cell is equal to the departure rate of handoff calls from the cell. It is
apparent that

N =mpy (4.6)

n; is the average number of calls of type ¢ holding channels in a cell. Its calculation will be

presented later.

(1).3 ¢. Flow in due to a departure of a call of type i from the current cell Let gs;(s,s’) denotes
the transition rate from state s’ to state s due to the departure of a call of type 7. The predecessor
s’ is:

s (na(s),na(s), -, mi(s) +1,- -, nk(s)) (4.7)

if the condition n;(s) > 0 hold. The transition rate can be written as

Q3i<3, S/) _ néow<8/)<ufbéow(5/) + ,uzD) + n?pper<8/)</iic,’b;‘pper(8’) + quD) (48)
In summary, the probability flow into a state s is the sum of the probability flow due to each

individual driving process. Thus it is given as

Smax

Probability flow into state s = Z q(s,7)p(4) (4.9)
J=0,j#s

(ii) Probability Flow out of a State Because any transition out of a state is a transition into

some other states, we must have

Smax

q(s,s) = — Z q(k, s) (4.10)

k=0,k+#s

That is, the total transition rate out of a state s is the sum of the transition rates from s towards
any other states, with reversed direction of flow.

Thus far, the coefficients needed in equation 4.1 to form a set of s,,.x+1 simultaneous equations
for the unknown state probabilities p(s) have been determined. These equations can be solved
by using the method described in the Appendix.

Once the equilibrium state probabilities p(s) (s = 0,1,2,- -, Spax) are found, the system

performance measures can be determined as follows.

10



C. Performance Measures

Based on all the state probabilities p(s) obtained, various performance measures can be readily
calculated.
The blocking probability PP of new calls of type i is given by
PPO= 3" p(s) (4.11)
SEQFO
where Q50 = {s\ Z]K:l n;(s)b7™* + b > B — BR}.
The blocking probability P?# of handoff calls of type i is

PBH

P = 3" p(s) (4.12)
seQBH
where QP = {s\ Z]K:l n;(s)b™ 4 b > B}.
When a mobile user is assigned some channels in a cell, subsequent cell boundary crossings
while the call is in progress will necessitate handoffs. The handoff requirement probability of a

call of type i is defined as P/?, which can be calculated as follows,

A
Bl = M(1 — PBH) £ )\O(1 — PBO) (4.13)

The forced termination probability PF7 of a call of type i, that is, the probability that a call
of type ¢ accepted into the system is forced into termination during its lifetime, is an important

measure of the system performance. Pf'T can be expressed as
PIT = Y PIPP (- PP (4.14)
=1
pPHpBH
=PI PP")

n; (1 =1,2,---, K) can be obtained as follows

Smax

n; = Zp(s)ni(s) (4.15)

Let b; denote the average bandwidth allocated to a call of type i during the course of its

duration (average bandwidth for a call of type 7). We have

Bi(s)
. ZsG{smi(s)}l} T(S) ’ p(S)

(4.16)
ZsG{smi (s)=>1} p<8)

11



b; (i =1,2,---,K) is an important performance measure, which represents the average commu-
nication quality of calls. The larger the b; is, the better the communication quality for calls of
type i is. It is evident that "™ < b; < b2,

In order to measure the average variation of the bandwidth b;(s) allocated to a call with type

i at the state s from b;, we define o; as

ZsG{smi(s);l} nz(s) _bz p(S)
gi = (4.17)
ZsG{smi(s)}l} p<8)
Based on equation 4.16 and 4.17, we make the following definitions,
b
771 = 1max

b (4.18)
bi

In the following discussions, 7; and ¢; are used to demonstrate the communication qualities of

calls.

5 NUMERICAL RESULTS

In our numerical examples, two types of traffic are considered, that is to say K = 2. For
concreteness, one man assumes that one is voice traffic (i = 1), and the other one is video traffic
(1 = 2). In our numerical experiments, for voice and video traffic, the session duration of a call is
independent of the channel bandwidth allocated to it.

In our numerical examples, for voice traffic, we have bP® = b = 1, T = 300sec, T =
120sec. For video traffic, we have by® = 4, TP = 1200sec and T = 3000sec. A new call is
randomly determined as a voice call with probability of 0.85, and as a video call with probability
of 0.15. Moreover, the total bandwidth in a cell is set to be B = 30.

The blocking probabilities and the forced termination probabilities for voice traffic versus the
total arrival rate of new calls are shown in Fig. 2 and Fig. 3, respectively. In Fig. 4 and Fig.
5, the blocking probabilities and the forced termination probabilities for video traffic versus the
total arrival rate of new calls are shown, respectively. In these figures, comparisons have been
done among four different cases. In case 1, Bg = 0 and b3® = b® = 4. That is to say, no
guard bandwidth is set, and the bandwidth of calls cannot be adjusted. In case 2, B = 5 and

bin = pax — 4 which means that guard bandwidth is set for handoff calls, but the variable

12



bandwidth is not supported. In case 3, no guard bandwidth is allocated for handoff calls, but
variable bandwidth is supported for video traffic. Therefore, in this case, B = 0, b3® = 2 and
bax = 4. Finally, in case 4, Bg = 5, b3" = 2 and b5** = 4, both guard bandwidth and variable
bandwidth for video traffic are supported.

In case 1, no guard channel is set, and the bandwidth of calls cannot be adjusted so that, no
priority is provided to handoff calls over new calls. Therefore, from Figs 3 and 5, we can see that
the forced termination probabilities for both voice and video calls are very high. Especially for
video calls (refer to Fig. 5), in the case of heavy offered traffic, the forced termination probabilities
are higher than 0.1, which means that it is difficult to complete a video session without being
forced into termination. From our results, it is evident that the performance of the system
cannot be accepted by mobile users without providing some priority to handoff calls. In case 2,
some guard bandwidth has been reserved exclusively for handoff calls, which makes the forced
termination probabilities for both voice and video calls lower than those in case 1. However, since
variable bandwidth is not supported, the performance improvements on the forced termination
probabilities for both voice and video calls are still very limited. Again, from Fig. 3 and Fig.
5, it can be seen that the forced termination probabilities for both voice and video calls are
still very high under the heavy offered traffic. Of course, in order to further decrease the forced
termination probabilities for mobile users, we can increase Br to reserve more bandwidth for
handoff traffic, but this will bring about much larger blocking probabilities for new calls and poor
utilization of bandwidth resources. The purpose of our method based on variable bandwidth
is to drastically decrease the forced termination probabilities for calls of all types, and at the
same time, to avoid increasing the blocking probabilities for new calls in a significant way. The
variable bandwidth support proposed and analyzed in this paper is an effective way to increase
the bandwidth utilization.

Compared to the case 1 and case 2, in case 3 variable bandwidth is supported for video calls
without adopting guard bandwidth, which makes the forced termination probabilities for both
voice and video calls decrease drastically (see Fig. 3 and Fig. 5). Moreover, from Fig. 2 and Fig.
4, it can be seen that the blocking probabilities in case 3 are not significantly increased compared
to those in case 2 (under the case of lower offered traffic load, the blocking probabilities in case
3 are lower than those in case 2), which indicates that the bandwidth is fully utilized in case 3.
From Fig. 2 and Fig. 4, it can be also seen that the blocking probabilities in case 3 are larger

than those in case 1. This is because in case 3 many more handoff requests are accepted by the

13



system, which makes it more difficult for a new call to have access to the system. In case 4, both
guard bandwidth and variable bandwidth for video traffic are supported. Compared to the case
3, some channel resources are reserved for handoff calls, which decreases the forced termination
probabilities and increases the blocking probabilities for new calls.

In Fig. 6 and Fig. 7, the communication quality for video calls is shown. In Fig. 6, ny for
video calls versus the total arrival rate of new calls is shown. In Fig. 7, 62 for video calls is
shown. In these two figures, comparisons have been done between two different cases: one is
Br =0, by = 2, b9* = 4, and the other Bp = 5, bf'" = 2, b7* = 4. From Fig. 6 we can see
that even in the case of heavy offered traffic load, 7, is very near to 1.0, which means that the
average bandwidth is very near to the maximum bandwidth requirement of a video call. Fig. 7
illustrates the bandwidth variations from the average bandwidth for video calls. Again, we can
see that even in the case of heavy offered traffic load, 6 is near to 0.0, which means that the
bandwidth variations around the average bandwidth for a video call is not large. From these
two Figures, we can see that the communication quality for a video call will be affected to some
extent by adopting the variable bandwidth strategy, but this effect is not large, especially for the
case of low and medium offered traffic load. Moreover, we can also see that the communication
quality for a video call will be further improved by increasing the value of Br, which means that
the communication quality of calls with variable bandwidth can be controlled and improved by

adopting suitable call admission control scheme.

6  CONCLUSIONS

In this paper, we propose an efficient channel allocation and handoff strategy to guarantee
continuous services with good QoS to mobile multimedia users. In order to minimize the forced
termination probabilities of ongoing calls, variable bandwidth for different types of calls is sup-
ported. If there are not sufficient channel resources to support an arriving handoff call, the system
will adjust the bandwidth of calls in service and reallocate enough channel resources for the arrival
handoff call to keep its session going on. The adjustment of the bandwidth of calls is done so that
the basic quality of service for a call with particular service type is guaranteed. The strategy is
modelled and analyzed by using a multi-dimensional Markov chain. Performance measures, such
as blocking probabilities of new calls, forced termination probabilities of calls, average bandwidth

allocated to a call are obtained. Numerical results show that significant improvements on QoS

14



can be obtained by using the channel allocation and handoff strategy proposed in this paper.
The choice of the channel allocation strategy depends on the different quality of service re-
quirements for different types of traffic. We plan to extend the basic ideas of our scheme with

variable bandwidth support to other channel allocation strategies in the future research.

7 APPENDIX

In order to obtain all the state probabilities, we must solve the flow balance equation 4.1. If we
assume that A7’s (i =1,2,---, K) are constant, the flow balance equation 4.1 can be solved as a
set of linear simultaneous equations. However, actually , Af’s (i = 1,2, -+, K) are not constant,
but dependent on the state probabilities p(s)’s. Thus we use the following iteration procedure to
obtain all the state probabilities:

Stepl: In order to make the convergence speed of the calculation faster, we select initial values
D

for M = —EL )0 (i =1,2,---, K)
//L,L"bznax
Step2: With the values of Af’s, compute all the state probabilities p(s)’s in equation 4.1 by

using the method of Successive Over-Relaxation (SOR) [15].
Step3: Compute 7;’s (i = 1,2,---, K) by using equation 4.15.

Step4: Compute newA? (i =1,2,---, K) by using equation 4.6.

new\f — old\
old\F
w(newAf —old\) (in our calculation, w is set to be 0.5), and then go to Step2 again. ¢ is

Stepb5: If

< &, then stop the iteration. Otherwise, let \¥ <« old\ +

a very small positive number to check the convergence. In our numerical examples, ¢ is set
to 0.00001. On the average, It takes about 15 second for convergence by using a personal

computer with Intel P4 CPU (1700MHz system clock).
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forced termination probability of voice cals

blocking probahility of new video calls

10

10°

Fig. 3

0.004 0.008 0.012 0.016 0.020 0.024 0.028 0.032 0.036
b b e b b b e
z B
4 . LA hd L
ros
.
4 . . F
E A A E
] * A E
4 Y A A -
T A mn max. B
A e B_=0,b,™"=b, =4
E * A o 3
. . 4B =5b,"=h =4
: ) . —— BRZO, b2 =2, b2 =4 :
. A - mn_ mex _
i OB 50,20, |
§ /I/./. " - ?
4 ./. L
-4 £ /./ -
l/.
EE -/ S o O £
3 - b E
- e _—— C
: /D/D :
————_———————————————r T
0.004 0.008 0.012 0.016 0.020 0.024 0.028 0.032 0.036
Total arrival rate of new calls (calls/sec)
Fig. 4
0.004 0.008 0.012 0.016 0.020 0.024 0.028 0.032 0.036
| T TR TR NN S T TN AN T TN TN NN TN TR SN NN N TN TN NN TN SN SN NN N TN SN NN TN TR S NN N
] —
i /D/u%g/i/-/“" L
] o ‘/n/ e
0T 4  e®
AT P
.
- e o -
.-
I o
i ~e-B =0,b,""=p " =4 i
] 4B =5 b "=p =4 L
- —=—B_=0,b,""=2,b,"=4 L
i —o—B,=5,b,"=2,b," =4 I
I B R o L L B e e e N B
0.004 0.008 0.012 0.016 0.020 0.024 0.028 0.032 0.036

Total arrival rate of new calls (calls/sec)

18

107

10°

10°

10°

10°

10°

10

10°

10°



forced termination probability of video calls
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