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Abstract — Third generation wireless networks carry traffic from het-
erogeneous sources such as voice, data, video or multimedia with a speci-
fied quality of service. Efficient traffic management schemes should be de-
veloped to provide seamless access to the wireless network. In this paper,
we propose a novel cell switching (e.g., packet handoff) scheme to support
QoS guarantee for downlink in EGPRS (Enhanced General Packet Ra-
dio Service) network. We define the new packets and handoff packets for
each type of traffic and devise a new prioritization scheme at the buffer
of the base station. We present the procedure to find the optimal thresh-
olds satisfying the QoS requirements. Using the ON-OFF approximation
method for the aggregate traffic, we compute the packet loss probability
and the packet waiting time. The performance of the proposed scheme is
evaluated by simulations and numerical analysis in terms of packet loss
probability and packet delay.

I. INTRODUCTION

The impressive growth of cellular mobile telephony as well
as the number of Internet users promises an exciting potential
for a market that combines both innovations: cellular wire-
less data services. Within the next few years, there will be
an extensive demand for wireless data services. In particular,
high-performance wireless Internet access will be requested by
users. The GPRS is a new bearer service for GSM that greatly
improves and simplifies wireless access to packet data net-
works, e.g., to the Internet. GPRS, EDGE (Enhanced Data rate
for GSM Evolution), and UMTS (Universal Mobile Telecom-
munications Services) are all being developed to accommodate
data users in wireless networks. EGPRS/EDGE will evolve
to third generation (3G) mobile communications while UMTS
will make resolution way for third generation mobile commu-
nications [1][2].

Traffic management is crucial in wireless networks. At the
base station (BS), packets destined for mobile terminals (MTs)
are transmitted on the forward channels. It is important to guar-
antee the QoS for each kind of traffic in the wireless network.
Various buffering schemes can be used at the BSs, and pack-
ets arriving from a switch will be serviced in several service
disciplines across the BS. The maximum radio link throughput
is limited and can be expected to be lower than the servicing
wired link throughput from the switch. The actual bandwidth
allocation must be set according to the wireless link. Pack-
ets from the switch, however, can arrive in bursts with a much
higher rate than that being serviced over the radio link. This
fact explains the requirements of buffering at the BSs. Each

burst can cause queueing of packets, and is the main cause of
packet loss rate (caused by buffer overflow). General buffer
management schemes for congestion control have been pro-
posed; e.g., partial buffer sharing and push-out [3][4][5]. The
well-known partial buffer sharing scheme is used in this pa-
per, because different priorities must be given to multi-class
traffics.

The focus of this paper is resource allocation for cell switch-
ing at BS to satisfy QoS requirements. The QoS requirements
are expressed in terms of the packet loss probability and de-
lay. We consider the EGPRS network which is a TDMA-based
approach. We propose a technique to define the new packets
and handoff packets for each type of class to give the priority
at the BS’s buffer; there are two classes of packets for each
traffic type. We propose to examine the effect of packet pri-
ority scheme at cell switching (e.g., packet tagging and partial
buffer sharing scheme). Using the MMPP model for the ag-
gregate ON-OFF traffic streams, we can compute the packet
loss probability and the packet waiting time. The performance
of the proposed scheme is evaluated by simulations and nu-
merical analysis. We present the procedure to find the optimal
buffer thresholds that simultaneously satisfy the QoS require-
ments for multiple types of classes. The rest of the paper is
organized as follows. Section II describes the model; Section
III presents packet tagging; Section IV presents cell switching;
Section V gives the performance analysis; finally, Section VI
presents the conclusions.

II. MODEL DESCRIPTION

There are
�

types of traffic, labeled �������	�
�	�������� � . Each
type of traffic has two priority classes; new packets and hand-
off packets. These have different priorities at the buffer. There
are ����� � of total priority classes. Buffer size at the BS is
assumed to be limited. The number of thresholds at the BS’s
buffer is the same as the number of total priority classes. The
threshold is denoted as ��� for �����������	������������ � where ��!�"$#
is the buffer size. All packets from switches are aggregated
at the BS and enter the single buffer. They are prioritized and
then served. The QoS requirements for each priority class are
assumed to be packet loss probability, %'&(%)� , and packet de-
lay, * � . The real time traffic such as voice and video has delay
requirement and packet loss requirement. The non-real-time
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traffic such as data is more tolerant to delay, but has more strin-
gent requirement for packet loss probability.

III. PACKET TAGGING

Each cell, served by a BS, is divided into two zones based
on the thresholding the received power from the MT at the BS;
zone

� # and zone
���

. The MT in zone
� # starts to commu-

nicate by sending new call request and sends the handoff call
request to the BS when it is across zone

� �
during communi-

cation. Therefore, zone
� # is the area for new call generation

and zone
���

is the area for handoff call generation based on
received signal strength. The basic traffic model assumes that
the new call origination rate and handoff call rate are uniformly
distributed over zone

� # and zone
���

, respectively. We denote
the average rate of new origination in zone

� # by ��� and the
average rate of handoff in zone

� �
by ��� . Here, call arrivals

are assumed to be Poissonian.
We assign handoff packets higher priority over new packets

at the BS’s buffer. In order to give priority to handoff pack-
ets over new packets, new and handoff packets have to be dif-
ferentiated. In this case, QoS parameters of new packets and
handoff packets could be criteria for call acceptance. How can
we define new and handoff packets?

New packets and handoff packets can be defined by the gen-
eration areas (e.g., zone

�
# and zone

� �
). That is, MT tags

new packets and handoff packets based on the coverage zone,
as shown in Fig. 1; within zone

� # (e.g., coverage radius � ),
new packets; within zone

���
(e.g., coverage between radius 	

and � ), handoff packets.

Coverage of a BS

R

r

A1( new packet tagging zone)

A2 ( handoff packet tagging zone)

Fig. 1. New and Handoff Packet Tagging Zone

MT knows where it is, based on the received signal strength
from the BS. Note that the areas of zones

�
# and

� �
are

��
� �����
�
� ��
���������	

�
���
���


It is assumed that a mobile tags handoff packets, rather than
new packets, when a call is originated in zone

���
. Let us

consider uniform traffic distribution over the service area. A
given packet tagged in a cell belongs to zone

� # with prob-
ability � # and to zone

� �
with probability � � , where � # �

��
����� ��
��� ��
��
�

and � � ��� � � # .

IV. CELL SWITCHING

We consider a general partial buffer sharing scheme
[3][4][5]. Priority packet discarding is a popular congestion
control technique in high-speed networks that allocates net-
work resources more efficiently, thereby making it easier to
satisfy QoS requirements of different classes of traffics. In
general, loss-sensitive traffic such as data is given priority over
loss-tolerant traffic such as voice and video. Real time packets
are dropped from a buffer when the buffer occupancy reaches
the threshold. In this work, we consider a threshold-based dis-
carding (TBD) scheme.

 

Source 2

Source 1

Source m

Incoming Traffic

Server

Threshold for new 
and handoff packet

Shared Buffer 
S SSSS 01234SI-1 . . . .

Threshold for each traffic

Fig. 2. Threshold-Based Discarding Scheme handling New and Handoff Pack-
ets

As shown in Fig. 2, the buffer is partitioned by � thresholds,
�"! ,..., ��!�"$# , (e.g., �$!�"�# is the buffer size), corresponding to �
priority classes. Packets of priority class � can be buffered up
to threshold level ��� . Once the buffer level exceeds � � , arriving
packets of class � are dropped. Note that only new arrivals are
dropped; class � packets that are already in the buffer are never
dropped and are eventually served.

In order to give priority to handoff packets, some buffer
space is reserved for handoff packets of each type of traffic.
Thresholds ��! and � # are for new packets and handoff packets
of traffic type � � � , respectively; the thresholds � � and ��#
are for new packet and handoff packet of traffic type � � � ,
respectively, and so on.

V. PERFORMANCE ANALYSIS

The Markov Modulated Poisson Process (MMPP) has been
commonly used for modeling arrival rates of point processes.

Li H i λHiλLi

γHi

γLi

Fig. 3. 2-state MMPP model for class type $
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The accuracy of MMPP in modeling an arrival process de-
pends on which statistics of the actual process are used to de-
termine its parameters. In [6][7], the superposition of ON-
OFF sources is approximated by means of a 2-state MMPP
for each traffic. Four parameters are required to represent the
2-state MMPP source of each traffic, as shown in Fig. 3, where����� � ����� � is defined as the mean transition rate out of the Low
load � (High load � ) state, and � � � ��� ��� � is the mean arrival rate
of the Poisson process in the Low load � (High load � ) state for
priority class type � .

The stochastic integral technique proposed in [8] is used
to obtain loss probabilities for Markov Modulated Arrival
(MMA) streams. Individual packet loss expressions are de-
vised using the stochastic integral approach [9]. We adopt
these methods to derive the packet loss probability of our
model.

A. COMPUTATION OF PACKET LOSS PROBABILITY

We define the limiting probabilities (in the case,
� � � ).

Let ����	 ��
 ��� ���)�� � � ��� � ��	 � & !���� !���
 � & # ��� # ��� �
& � ��� � � � � & #���� # �� � &���������� � � &�� ����� ������ � !�"�# � be the limiting distribution for the Markov process,
where & � and � � are the state of superposed arrival for � prior-
ity class type, and � is the buffer state, and � !�"$# is the buffer
size. Note that � �!� "#� � �%$&�('�����	 ��
 �)� � �)�� ��� ��� � �
����	$��� � , � *��%"+� � �,$-�(' ����	 ��
 ��� ���)�� ��� ��� � � ���.
 ��� � ,�,*�� �!� � �,$/�0' ����	 ��
 ��� ���)�� ��� ��� � � ���1� ��� � and so
on.

We denote % � �.� � as the probability that an arrival from prior-
ity class type � sees the system in state � . Using the stochastic
integral technique and the limiting probabilities, we obtain

% � �.� � � � ����� � ����� � ��� ��� ��� &(����� � �(� �2� ���.� � ��� � �� � �3� � � �(� � �3� � � �4 �� � � �������	�������	� � �� (1)

Packet loss probability, %�� ��
.6575 � , for each priority class type
are following;

% � ��
.6575 � �
8:9�; �<
=)> 8 � % � ���

�
� 4 �� ��� �������	�������	� � �� (2)

B. COMPUTATION OF PACKET WAITING TIME

As in the ordinary M/G/1 queueing system, the average
number of queue and the mean residual time are considered to
find the average packet waiting time. These two random vari-
ables indicate the average number of queue and mean residual
time seen by an outside observer at a random time [10]. We

can also adopt this concept to find the packet waiting time of
our system. We define the following parameters.? ��@ � is defined as the average number of packet in queue
seen by a packet from the priority class � .? 	 � is defined as the average residual time seen by a packet
from the priority class � .? � � is the rate of arrivals from the priority class � .? A is defined as the average packet transmission time.? A � is defined as the second moment of A .

From equation (1),

� @ � �
8 �<
=)> # �.� � �

�
% � �.� � � 4 �� � � ������� �
������� � �� (3)

From equation (2),

	 � � B � � � � � % � �.
.6575
� �DC A �

� �

EGFIH � H � � � ��� � �3� � � �J� � �3� � �
�

����� � �����  (4)

Therefore, K � �.L H 
.MON � denoted by the average packet wait-
ing time is,

K � �.L H 
�MON � ��	 � � � @ � A  (5)

We use the packet loss probability and the packet delay as
criteria for call admission [11] [12]. There are many perfor-
mance measures for call admission in Wireless Packet Net-
work such as packet loss rate, packet delay time, handoff fail-
ure rate, new call blocking rate and so on. Among these mea-
sures, the handoff failure rate and new call blocking rate can
be assumed to be dependent on the packet loss rate and the
packet delay time. Thus, from the QoS guarantee perspective,
the packet loss rate and delay are dominant criteria for CAC
operation. � ! � � # ��� � ���� and � !�"$# is defined as the number
of users for priority class type � � � , � � � , � � � , ..., and
� � � ��� , respectively. Call admission for the user of pri-
ority class type � � � is determined by computing the values
of % �P$�QRQ � � ! � ����� # ��� � �������� !�"�# � and K ! �.L H 
�MON � at this mo-
ment, and then comparing with the QoS requirements for pri-
ority class type � � � , %'& % ! and * ! . If the value of % ! �.
.6575 �
is larger than %'& % ! or K ! ��L H 
�MSN � is larger than * ! , the con-
nection request is denied because QoS cannot be guaranteed.

C. OPTIMIZING THRESHOLD VALUES

We now turn our attention to the problem of finding the
thresholds to satisfy %'&(% � and * � (i.e., packet loss probabil-
ity requirement and delay requirement for each priority class
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� , where � � �������	���������� � � ). At first, initial threshold for
each priority class is assumed to be arbitrary and small. The
thresholds are increased by the program until the QoS require-
ments are simultaneously satisfied for all priority classes. At
each step, packet loss probabilities, delays and normalized dif-
ference values (i.e.., ( % � �.
�6575 � - %'& % � )/ %'&(% � ) are calculated.
When all the QoS requirements are not satisfied, the maximum
difference value is found. Then, the threshold for the priority
class with the maximum difference value is increased by one.
When all the QoS requirements for packet loss probability and
delay are satisfied, the search procedure is terminated. Buffer
size is decided according to QoS requirements of the highest
priority class. The search procedure is as follows:

Step 1) Set � � ���"��� for all �
Step 2) Calculate % � ��
.6575 � and K � �.L H 
.MON � for all �

If % � ��
.6575 � � %'& % � and K � ��L H 
�MSN � � * � for
all � , then terminate. ��� is the optimal
threshold.

Otherwise, � * � � * � � , where 	 = the index �
for which ( % � ��
.6575 � - %'&(% � )/ %'&(% � is maximum.

Then, repeat Step 2.

VI. SIMULATION MODEL AND RESULTS

We use the ON/OFF model to describe the multi-class
sources. In this simulation, 3 types of traffics (i.e., 6 types of
priority classes; two priority classes for each traffic) are used.
The type 1 traffic with 32

��� � 5 rate is modeled with the param-
eter values: mean ON period (=1.0 5 ) and mean OFF period
(=1.35 5 ). The type 2 traffic with 320

��� � 5 rate is modeled
as the superposition of multiple identical ON/OFF source; that
is, one source is achieved by the superposition of 15 ON/OFF
sources , each characterized by the mean ON period (=33 � 5 )
and the mean OFF period (=67 � 5 ) [13]. The type 3 traf-
fic with 128

��� � 5 rate is modeled with the parameter val-
ues: mean ON period (=0.1 5 ) and mean OFF period (=0.85 ). We assume that packet length is exponentially distributed
with mean 1024 bytes and system capacity is 4.8 � � � 5 [14].

Computer simulations are conducted to investigate the
packet-level performance of the handoff scheme. New arrivals
and handoff arrivals follow independent and identical Poisson
distribution. The fraction of total traffic due to each traffic type
is fixed (e.g, the arrival fraction of each traffic type is 46� , 8 �
and 46 � ). Also, the fraction of each traffic due to handoffs
is kept fixed while the total offered traffic is varied (e.g., the
fraction of handoff packet for each traffic is fixed).

In Fig. 4, packet loss probabilities are plotted as a function
of the mean offered load. Note that the simulation results con-
form to our numerical analysis. The thresholds and buffer size
are assumed to be 11, 15, 18, 20, 27 and 29 for priority class
type 0, 1, 2, 3, 4, and 5, respectively. In order to get this re-
sult, the fraction of new call and handoff call for each traffic is

fixed in zone
�
# and

� �
. That is, the fraction of new packet

and handoff packet (e.g., 50 � new packets and 50 � handoff
packets) is proportional to the ratio of zone

� # and
���

(e.g.,� �
=
� # ). When a call is originated in zone

���
, we assume that

a mobile tags handoff packets, rather than new packets.
In Fig. 5, the effect of the fraction of handoff packet for each

traffic on packet loss probability is shown. We compare the
fraction (e.g., 50 � new packets and 50 � handoff packets) and
the fraction (e.g., 70 � new packets and 30 � handoff packets).
At the fraction of 30 � handoff packet, packet loss probabilities
is decreased compared to the fraction of 50� , even though the
fraction of new packet is increased.

In Fig. 6 and Fig. 7, packet loss probabilities and thresh-
olds are plotted as a function of iteration to show the search
for optimal thresholds, respectively. Optimal thresholds satis-
fying the QoS requirements (e.g., packet loss probability and
delay) are obtained at the offered load of 0.8 with the fraction
of 50 � handoff packets. The packet loss probability require-
ments are assumed to be � � "

�
, � � " # , ��� " � , � � " � , ��� "�# ! and

��� "$#
�

for priority class 0, 1, 2, 3, 4, 5, respectively. The delay
requirements are assumed to be 68, 76, 85, 93, 110 and 120
( � 5 ). Since initial threshold values were assumed to be small,
at first, packet loss probability for each priority class is much
greater than its QoS requirement. As the number of iteration is
increased, packet loss probabilities are decreased and thresh-
olds are increased gradually in meeting the QoS requirements.
The search procedure starts at thresholds (10, 15, 20, 25, 30,
35) and terminates at thresholds (41, 46, 49, 52, 60, 62) with
meeting the QoS requirements.

VII. CONCLUSIONS

In this paper, we consider a novel cell switching scheme
to support QoS guarantee in packet-switched wireless cellular
networks. The method to examine the effect of packet priority
scheme (e.g., partial buffer sharing scheme) at cell switching
is proposed. That is, using the packet tagging method, we dif-
ferentiate packets transmitted in the same cell into new packets
and handoff packets, with handoff packet having higher prior-
ity. By modeling each type of priority class by a 2-state MMPP,
we were able to drive the packet loss probability and the packet
waiting time of the respective priority classes using the space
priority scheme. The performance of the proposed scheme is
evaluated by simulations and numerical analysis in terms of
packet loss probability and packet delay. Optimal thresholds at
the specific offered load can be obtained through the proposed
search procedure.
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and simulation)

0.4 0.5 0.6 0.7 0.8 0.9
10

−12

10
−10

10
−8

10
−6

10
−4

10
−2

Offered load

P
ac

ke
t L

os
s 

P
ro

ba
bi

lit
y

class 0 with 50%
class 0 with 70%
class 1 with 50%
class 1 with 30%
class 2 with 50%
class 2 with 70%
class 3 with 50%
class 3 with 30%

Fig. 5. packet loss probabilities vs. offered load (different fractions of handoff
packet)
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