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Performance Analysis of an Integrated Voice/Data

Wireless Network with Voice Buffer∗

Haw-Yun SHIN†, Jean-Lien C. WU†, Nonmembers, and Wei-Yeh CHEN†, Student Member

SUMMARY This paper investigates the performance of an
integrated voice/data wireless mobile network where a finite
buffer is provided for voice calls since they can endure a tolerable
time, or the reneging time, for service. Based on a given human-
istic reneging time, we analyze the voice traffic blocking prob-
ability. The probability distribution of receiving service within
the reneging time is obtained for each buffered voice call and
based on this result, an appropriate amount of voice buffer is
obtained. To alleviate the impact on data blocking probability
caused by the voice buffer and to enhance the efficiency of data
service, a dynamic multi-channel allocation scheme with chan-
nel de-allocation and guard channels is proposed for data traf-
fic. Compared with the conventional method where the system
adopts a single-channel allocation scheme without guard channel
for data users, the proposed scheme shows significant improve-
ment in data blocking probability, throughput and the mean ser-
vice time. Furthermore, a system with an appropriate size of
buffer for voice traffic can receive good improvement in voice
blocking probability.
key words: dynamic multi-channel allocation, channel de-
allocation, reneging time, guard channel

1. Introduction

The success of the Internet has brought a growing de-
mand for data communication. Nowadays wireless mo-
bile networks are expected to support wideband data
service in addition to voice service. The bandwidth of
wireless links is inherently limited and is generally much
less than that in its wireline counterpart, efficient chan-
nel utilization is thus becoming increasingly important.
Resource allocation schemes and scheduling policies are
generally employed to achieve these goals [1], [2].

Mobile networks such as GPRS and UMTS nowa-
days provide both circuit-switched and packet-switched
services [3], [4]. In general, real-time applications are
best provided via circuit-switched service, while most
data applications will be more efficiently provided by
packet-switched data service. Both GPRS and UMTS
allow multi-channel to be allocated to a user served in
either circuit-switched mode or packet-switched mode
to fulfill its QoS requirement. For instance, channel al-
location in GPRS is flexible where one to eight channels
can be allocated to a user or one channel can be shared
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by several users. Moreover, in UTRA-TDD, according
to the specification [5], 240 resource units (15 timeslots
in a frame and 16 different code sequences in each time-
slots) can be dynamically distributed among users. Ci-
mini et al. [6] presented the call blocking performance of
a distributed algorithm based on a novel Erlang-B ap-
proximation for dynamic channel allocation (DCA) in
microcells. Jordan and Khan [7] demonstrated the per-
formance bound on dynamic channel allocation in cellu-
lar systems under uniform load condition. Lin et al. [8],
[9] analyzed the performance of DCA in GPRS and
Kriengchaiyapruk et al. [10]–[12] provided some practi-
cable algorithms and analyses for DCA in UTRA with
different QoS requirement. Although the multi-channel
scheme can satisfy the bandwidth requirement of dif-
ferent traffic types, to alleviate the blocking probabil-
ity at heavy load, users hogging with radio resources
should be forced to release some channels for new re-
quests, i.e., channel de-allocation. By adopting DCA
with channel de-allocation, both the blocking probabil-
ity and the wastage probability of radio resource can
be very low. However, none of the pervious studies did
theoretical analysis of DCA with channel de-allocation
scheme.

For integrated voice/data wireless mobile net-
works, voice traffic encounters losses and data traf-
fic suffers long delays should networks have insuffi-
cient bandwidth. Thus, the design of effective and
dynamic bandwidth allocation to satisfy different ser-
vice demands is important in wireless networks. Sev-
eral bandwidth allocation schemes [8], [9], [13]–[16], [18]
have been proposed to improve system performance in
integrated voice/data wireless mobile networks. Gener-
ally, these schemes are based on the movable-boundary
concept with or without reservation.

We propose an analytical model to study the voice
and data traffic blocking probability for an integrated
voice/data wireless mobile network with voice buffer.
Voice users usually do not renege within a tolerable
time, the reneging time. Buffers can be provided for
voice calls because the transmission times of data pack-
ets are typically short. Some related studies used voice
buffers [8], [16] and considered the performance of voice
traffic without taking the reneging time into consider-
ation. Voice calls in the front of a queue would mostly
be served before the reneging time but those in the
rear are not so lucky. To ensure that all queued voice
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calls can be served before the reneging time, a proper
amount of buffer size must be devised. In this paper,
we calculate the probability that a tagged voice call
buffered in queue can be served before reneging time.
As voice load increases, providing buffers to voice may
cause the great part of the channels being occupied by
voice calls and the data blocking probability would in-
crease because of the long voice call holding time. To
compensate the increased blocking probability of data
traffic, guard channels are provided to data [9], [16] and
dynamic multi-channel allocation scheme with channel
de-allocation are used. Numerical results show that
the system with voice buffer can indeed decrease voice
traffic blocking probability. The multi-channel scheme
with possible de-allocation and guard channels for data
service can enhance data traffic performance in terms of
the mean service time, throughput and blocking prob-
ability. The queuing behavior of voice calls and the
efficiency of data traffic are the focuses of the analy-
sis, where handoff [17] traffic is considered as a part of
voice traffic. The proposed analytical model is based
on the fixed channel capacity assumption, mobile net-
works such as UMTS using CDMA technology are not
included because the channel capacity is limited by in-
terference power in CDMA and the capacity changes
dynamically.

The paper is organized as follows. Section 2
presents the system description. The performance anal-
ysis of the proposed model and the reneging time dis-
tribution are given in Sect. 3. Section 4 provides the
performance evaluation in numerical results. The ben-
efit the system gains in giving buffers to voice traffic
and adopting multi-channel scheme for data users are
illustrated. Finally, Sect. 5 concludes this study.

2. The System Description

We propose to provide buffer to voice traffic to decrease
the voice blocking probability, meanwhile, to alleviate
the impact on data blocking probability caused by voice
buffer and to enhance the efficiency of data service, we
propose the dynamic multi-channel allocation scheme
with channel de-allocation and guard channels for data
traffic. Assume that all cells in the wireless system are
homogenous. With respect to each cell, the channels
are allocated as illustrated in Fig. 1. There are totally
C channels in a cell where Cg channels are dedicated
to data and (C − Cg) channels are contended by voice
and data users with no partiality, each data user can
be allocated at most Cmax free channels. Voice traffic
is served in circuit-switched mode and data traffic is
served in packet-switched mode. To alleviate the voice
traffic blocking probability caused by data traffic, Bv

buffers are provided to voice traffic. Upon a new data
or voice user arrival, if there are available channels, the
new arrival would be accepted immediately, otherwise,
some of the data users occupying more than one channel

Fig. 1 The channel allocation model.

would be forced to release one channel (channel de-
allocation) for the new arrival. If none of the data users
uses more than one channel, a new voice arrival would
be placed in queue, while a new data user would be
obstructed by the system. A queued voice call does
not renege to wait and has higher priority than data
requests. For the channel holding time of data users
is relatively short, the queued voice calls have a very
high probability of receiving service before the reneging
time.

Assume there are i (i ≤ Bv + C − Cg) voice users
and j (j ≤ C) data users in the cell simultaneously. To
determine if a new arrival is to be accepted, obstructed
or buffered by the system, four functions are used and
described in the following,

FC(i, j) denotes the number of free channels that
can be allocated to the new voice calls, and can be
expressed as

FC(i, j) = C − i−Min

{Max{j ∗ Cmax, Cg}, C − i}. (1)

DC(i, j) denotes the number of channels that can
be de-allocated from data users in service, and can be
expressed as

DC(i, j) = C −Max{Cg, j}
−Min{C −Max{Cg, j}, i}. (2)

BS(i, j) denotes the number of empty buffers in
the system, and can be expressed as

BS(i, j) = Bv + C

−Max{i+Max{j, Cg}, C}. (3)

SC(i, j) denotes the total number of channels to be
shared by all data users in service, and can be expressed
as

SC(i, j) = C −Min{C − Cg, i}. (4)

Figures 2 and 3 depict the flow of the channel al-
location process upon a service completion and upon
a service request, respectively. The probability distri-
bution that a queued voice call has to wait for service
within a tolerable time, i.e., the reneging time distri-
bution, is a significant metrics for the design of buffer
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size and it should be so designed that each queued voice
call can obtain service before the reneging time expires.
Assume that voice arrivals form a Poisson process with
mean rate λv, the holding time of these calls are expo-

Fig. 2 Channel allocation process upon a service completion.

 

 

 
 

 
 

  

 

 
  

 

 

 
 

    

 
 

 

 

 

 

 

 

 

 

   
 

  
  

 

 
 

 

 

Fig. 3 Channel allocation process upon a new request arrival.

nentially distributed with mean 1/µv. The arrivals of
data traffic is also assumed to be a Poisson process with
mean rate λd and the service time is exponentially dis-
tributed with mean 1/µd in the single-channel scheme.
In the multi-channel scheme, at most Cmax can be al-
located to a data user, the mean service time of a data
user can be shortened to an extent of 1/(Cmax · µd).

3. Performance Analysis

3.1 The Analytical Model and Performance

In this section, the analytical model of the proposed
strategies, guard channels provided to data and dy-
namic multi-channel allocation scheme with channel de-
allocation, is depicted and performance metrics such as
data traffic blocking probability, voice blocking proba-
bility, and mean queuing time of voice are obtained an-
alytically. Note that when Cmax = 1 and Cg = 0, the
model degenerates to the single-channel scheme with-
out guard channel for data. Assume there are i voice
users and j data users in the cell simultaneously. The
state space, S, can be denoted as

S = {(i, j)|(0 ≤ j < Cg, 0 ≤ i ≤ C − Cg +Bv)
or (Cg ≤ j ≤ C,Cg ≤ i+ j ≤ C +Bv)}. (5)

Figure 4 depicts the state transition diagram where
the transition rate of the Markov process are explained
in the following:

1) JLd(i, j) is the transition rate from state (i, j) to
(i, j+1). A data user is accepted for service only when
either there are guard channels available or there is at
least one channel available in the system. Therefore,
JLd(i, j) can be written as

JLd(i, j) =




λd if j < Cg or
(Cg ≤ j < C, i+ j < C),

0 otherwise.
(6)

2) JLv(i, j)is the transition rate from state (i, j) to
(i+1, j). A voice user is allowed into the system as long
as there is at least one idle buffer. Therefore, JLv(i, j)
can be written as

Fig. 4 The state transition diagram. State (i, j) represents
that there are i voice users and j data users in the system.
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JLv(i, j)=



λv if (j < Cg, i < C+Bv−Cg)

or (Cg ≤ j ≤ C,i+j < C+Bv),
0 otherwise.

(7)

3) Md(i, j) is the transition rate from state (i, j) to
(i, j − 1), i.e. one of the j data users completes trans-
mission, while i voice users are in the system. In the
single-channel scheme, only one channel can be allo-
cated to a data user, Md(i, j) can be represented as

Md(i, j)=



jµd if (j < Cg, i ≤ C+Bv−Cg)

or (Cg ≤ j ≤ C,i+j ≤ C+Bv),
0 otherwise.

(8)

When the multi-channel scheme is adopted, each
data user can be at most allocated a number of Cmax

channels if there are at least channels available, oth-
erwise, all (C − i) available channels are distributed
among data users. All guard channels can be used for
data service if all (C − Cg) channels are occupied by
voice. Therefore, can be written as

Md(i, j) =




Min(C − i, jCmax)µd

if (Cg ≤ j ≤ C, i+ j ≤ C)or
(j < Cg, i ≤ C − Cg),

jµd if (Cg ≤ j ≤ C,
C ≤ i+ j ≤ C +Bv),

Cgµd if (j < Cg,
C − Cg ≤ i ≤ C +Bv − Cg),

0 otherwise.

(9)

4) Mv(i, j) is the transition rate from state (i, j) to
(i − 1, j), i.e. one voice user completes service while j
data users are in the system. Bearing in mind that Cg

guard channels are reserved for data users,Mv(i, j) can
be written as

Md(i, j) =




(C−j)µv

if (Cg ≤ j ≤ C,
C ≤ i+ j ≤ C +Bv),

(C−Cg)µv

if (j < Cg,
C − Cg ≤ i ≤ C +Bv − Cg),

iµv if (Cg ≤ j ≤ C, i+ j ≤ C)or
(j < Cg, i ≤ C − Cg),

0 otherwise.

(10)

Therefore, let P (i, j) be the probability of state (i, j),
the balance equation for the Markov process is ex-
pressed as

[Md(i, j)+Mv(i, j)+JLd(i, j)+JLv(i, j)]P (i, j)
= P (i, j − 1)JLd(i, j − 1)+P (i− 1, j)JLv(i− 1, j)
+P (i, j + 1)Md(i, j + 1)+P (i+ 1, j)Mv(i+ 1, j).

(11)

According to Eqs. (5) to (11), the state-transition
matrix can be formed. The steady-state probability
P (i, j) can be obtained via matrix inversion subject to

C−Cg+Bv∑
i=0

C∑
j=0

P (i, j) = 1

Having obtained P (i, j), we can make a number of
significant estimations. The data traffic blocking prob-
ability, denoted by P d

B, can be expressed as

P d
B =

∑
Cg≤j≤C,C≤i+j≤C+Bv

P (i, j) (12)

The mean service time of a data user, denoted by Wd,
can be obtained by using Little’s formula,

Wd =

∑C−Cg+Bv

i=0

∑C
j=0 j · P (i, j)

λd(1− P d
B)

(13)

Where the numerator represents the mean number of
data users and the denominator is the throughput of
data users.

Another significant metrics P v
B, the voice traffic

blocking probability, can be expressed as

P v
B =

∑
j<Cg,i=C−Cg+Bv

P (i, j) +
∑

Cg≤j≤C,i+j=C+Bv

P (i, j) (14)

Using Little’s formula, the mean queuing time of voice
users, denoted by WQ

v can be written as

WQ
v =

∑
j<Cg,C−Cg<i≤C−Cg+Bv

P (i,j)[i−(C−Cg)]

λv(1−P v
B

)

+

∑
Cg≤j≤C,C<i+j≤C+Bv

P (i,j)(i+j−C)

λv(1−P v
B

) , (15)

where the numerator represents the mean voice queue
length and the denominator is the voice call through-
put.

3.2 The Reneging Time Distribution

Users at the front of a queue can obtain service in a
short time while the ones in the rear will wait for a
long time. Assume Treg is the reneging time of a queued
voice user. The reneging time distribution, the proba-
bility that the queued voice user acquires a channel for
service before waiting for a time of t, is an important
metrics collocated with WQ

v , the mean voice queuing
time. A proper amount of buffer for voice users is de-
signed according to the reneging time distribution, so
that each queued voice user can get a channel before
the reneging time. To observe at a time point that a
tagged voice user arrives at a steady-state system while
no channel can be provided and the buffer is empty, the
tagged voice user would be queued in the first place of
the buffer. The random variable Tq represents the time
spent waiting for service in queue. Wreg,0(t), the prob-
ability density function (PDF) of the reneging time
distribution of the first voice user in queue, can be de-
fined as
Wreg,0(t) = Prob{Tq = t}
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= Prob{having waited for time t, a tagged voice ob-
tains a channel for service | no available channel and
empty queue upon the arrival of the tagged voice user}
= 1

P Q
0
{∑Cg<j≤C,i+j=CP (i, j)[(iµv + jµd)e−(iµv+jµd)t]

+
∑

j≤Cg,i=C−Cg
P (i, j)(iµve

−iµvt)} (16)

PQ
0 represents the probability that there is no channel
and the queue is empty upon the arrival of the tagged
voice user. Since the number of data users can be more
than the number of guard channels, i.e., j > Cg, or,
j ≤ Cg, P

Q
0 can be expressed as

PQ
0 =

∑
j≤Cg,i=C−Cg

P (i, j) +
∑

Cg<j≤C,i+j=C

P (i, j) (17)

A channel can be allocated to a queued voice user
when either a data or voice user completes its service.
If the number of data users in service is less than the
number of guard channels, a free channel released by a
data user can not be allocated to a queued voice user.
In addition, when there are i voice and j data users in
service at the same time, with voice holding time ex-
ponentially distributed with a mean of 1/µv and the
data service time exponentially distributed with mean
of 1/µd, therefore, it can be proved that the inter-
departure time distribution is also exponentially dis-
tributed with mean of 1/(iµv + jµd). Hence, the prob-
ability distribution that the tagged voice user spent a
time t to wait for service can be represented by

P (i, j)[(iµv + jµd)e−(iµv+jµd)t]

if Cg < j ≤ C, i+ j = C
P (i, j)(iµve

−iµvt)
if Cg ≥ j, i = C − Cg

(18)

Consequently, by summing up all possible conditions,
the PDF of the reneging time distribution, Wreg,0(t),
can be written as Eq. (16). It is easy to prove that∫∞
0

Wreg(t)dt = 1.
Consider a general case when a tagged voice user

arrives, n voice users are queued in the buffer. The
PDF of the reneging time distribution of the tagged
voice user, denoted by Wreg,n(t), is as follows
Wreg,n(t) = Prob{Tq = t}
=Prob{having waited for time t, a tagged voice obtains
a channel for service | n queued voice users upon the
arrival of the tagged voice user, n < Bv }.

To solve the problem, Laplace transform is used.
The following notations are defined,

Wreg,n(s): Laplace transform of Wreg,n(t).
Di,j(s): Laplace transform of the probability dis-

tribution of the queued voice user waiting for a channel
released from one of the i voice or j data users.

P v
i,j : the probability that the next service com-

plete is voice while i voice and j data users are in ser-
vice.

P d
i,j : the probability that the next service com-

plete is data while i voice and j data users are in ser-
vice.

PQ
n : the probability of no channel and n(n < Bv)

queued voice user in the system upon a tagged voice
arrival.

When i voice users and j data users are in ser-
vice, the probability distribution that the time be-
tween the arrival of a tagged voice user and the
next service complete equal to t can be represented
by (iµv + jµd)e−(iµv+jµd)t, its Laplace transform is
s/(s + iµv + jµd). However, if j ≤ Cg, the tagged
voice user can not obtain service until one voice service
completion, therefore, Di,j(s) can be written as

Di,j(s) =
{

s/(s+ iµv + jµd) if j > Cg

s/(s+ iµv) otherwise. (19)

Moreover, it is easy to prove that

P v
i,j =

{
iµv/(iµv + jµd) if j > Cg

1 otherwise.

P d
i,j =

{
jµd/(iµv + jµd) if j > Cg

0 otherwise. (20)

PQ
n is the probability of n queued voice users in the
system upon a tagged voice arrival, as explained in
Eq. (17), can be written as

PQ
n =

∑
j≤Cg,i=C−Cg+n

P (i, j) +
∑

Cg<j≤C,i+j=C+n

P (i, j) (21)

When a tagged voice user arrives at the system
with n voice users in queue, the tagged voice user has
to wait for (n + 1) service completions. If j ≤ Cg, the
tagged voice user has to wait for (n + 1) voice users
complete their services, therefore, the probability dis-
tribution that the tagged voice user waits for time t for
service is Dc−cg ,0(s)n+1. If Cg < j ≤ C, the probability
distribution that the tagged voice user waits for time t
for service depends on the kind of service completion.
Assume when a tagged voice user arrives, there are i
voice and j data users in the system and n voice users
in queue, hence, (C − j) voice users are in service.
During the tagged voice user waiting for service, the
probability distribution of the time the first available
channel released from a voice or data user is DC−j,j(s),
however, the probability distribution of the time the
next channel released would depend on the kind of
the previous service completion. With a probability
of (C − j)µv/[(C − j)µv + jµd] a channel is released
by a voice user, the number of voice and data users
in service does not change since the first queued voice
starts its service immediately, therefore, the probabil-
ity distribution of the time the next channel release is
DC−j,j(s). On the other hand, with a probability of
jµd/[(C − j)µv + jµd] a channel is released by a data
user, the number of voice and data users being served
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would become (C − j + 1) and (j − 1), respectively,
therefore, the probability distribution of the time the
next channel release is DC−j+1,j−1(s). Similarly, the
probability distribution of the time of the third avail-
able channel would be DC−j,.j(s), DC−j+1,.j−1(s), or
DC−j+2,j−2(s) implies that previous two service com-
pletions are all voice users, one data and one voice user,
or all data users, respectively. Therefore, the probabil-
ity distribution of the time the tagged voice user would
wait for service, (n+1) users completed services, can be
obtained by integrating the probability from the time
the tagged voice user arrived to the time the (n+ 1)th
channel available.

A difference equation is used to simplify the ex-
pression of the probability distribution of the time
the (n + 1) channel available. It is expressed as
DC−j,j(s)Fi,j(n, s), where DC−j,j(s) is the probabil-
ity distribution of the time the first available channel
occurs, and Fi,j(n, s) is the probability distribution of
the time the following nth available channel occurs.
Fi,j(n, s) can be obtained by integrating the probabil-
ity distribution of the time the next user completed ser-
vice after the (n−1)th available channel occurring, and
which relies on the kind of user providing the (n− 1)th
available channel. Therefore, can be expressed in a
form of difference equation as follows

Fi,j(n, s) = P v
i,jDi,j(s)Fi,j(n− 1, s)
+ P d

i,jDi+1,j−1(s)Fi+1,j−1(n− 1, s)
Fi,j(0, s) = 1 (22)

Finally, Wreg,n(s) can be represented as

Wreg,n(s)=
1
PQ

n

[ ∑
Cg<j≤C,i+j=C+n

P (i, j)DC−j,j(s)FC−j,j(n, s)

+
∑

j≤Cg,i=C−Cg+n

P (i, j)DC−j,0(s)n+1

]
(23)

Having obtained the PDF of the reneging time
distribution, we can obtain Wreg,n(t) can be obtained
using the inverse transform. The cumulative probabil-
ity distribution of reneging time, prob{Tq ≤ Treg}, can
be obtained by

∫ Treg

0
Wreg,n(t)dt. Finally, the impor-

tant metrics, Preg, the probability that voice traffic can
be served before waiting for a reneging time Treg, can
be obtained as follows

Preg = (1−P v
B)

[
1−

Bv−1∑
i=0

PQ
i

(
1−
∫ Treg

0

Wreg,i(t)dt

)]

(24)

4. Performance Evaluation

In this section, the performance of the proposed

Table 1 Parameters used for numerical calculations.

Environment considered GPRS

Total number of channels 24 (3 carriers)

Mean call holding time 120 sec
Mean packet call size 26.8 kbits
Coding scheme C2(13.4 kbits/sec)
Voice traffic load 17.56 Erlang

Data traffic load 0.5–7.5 packets/sec

strategies, guard channels provided to data and dy-
namic multi-channel allocation scheme with channel
de-allocation, is evaluated and compared with the
single-channel scheme without guard channel for data.
GPRS environment is adopted because it supports both
circuit-switched and packet-switched services and it
also supports channel de-allocation. In the numerical
calculations, 3 carriers, i.e., a total of 24 channels in
a cell is assumed. Among these 24 channels, 0 and
2 guard channels, respectively, are dedicated to data
users. Various buffer sizes are considered in order to
find an appropriate one for high voice service efficiency.
The holding time of a voice user is exponentially dis-
tributed with a mean of 120 s, and the voice traffic load
is 17.56 Erlang corresponding to a 3% blocking prob-
ability for 24 channels in a traditional GSM system.
The C2 coding scheme corresponding to a transmission
rate of 13.4 kbits/sec is used. The packet call size is
exponentially distributed with a mean of 2×13.4 kbits,
corresponding to a mean service time of 2 s. The data
traffic load ranges from 0.5 to 7.5 packets/sec corre-
sponding to light load to heavy load. When the multi-
channel scheme is adopted, as described in the GPRS
standard, one carrier (Cmax = 8) can be assigned to a
data user simultaneously. Parameters used for numeri-
cal calculations are shown in Table 1.

4.1 Efficiency Improvement by Using Voice Buffers
and Providing Guard Channels to Data

Figure 5 shows the effects of dedicating guard chan-
nel to data users and providing various buffer sizes
to voice calls in the single-channel scheme. For the
system adopting single-channel scheme without guard
channel for data, Figs. 5(a) to 5(c) show the effects in
terms of data blocking probability, voice blocking prob-
ability and mean queuing time of voice traffic, respec-
tively, with various voice buffers. Figure 5(a) shows
the increasing data blocking probability as the voice
buffer increases. Figure 5(b) depicts the improvement
in voice blocking probability when the system provides
some voice buffers. However, providing buffers for voice
may cause the voice queuing time to increase as shown
in Fig. 5(c). Note that the results of Bv = 0 (no voice
buffer) are not shown in Fig. 5(c) since no queuing time
occurs when Bv = 0. To take a close look at how much
the voice blocking probability is improved by providing
buffer to voice calls, numerical values of Fig. 5(b) are
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Fig. 5 (a), (b) and (c) show the performance of single-channel
scheme without data guard channel. (d), (e), and (f) show the
efficiency improvement when 2 data guard channel are used.

Table 2 Numerical values of voice blocking probability in
Fig. 5(b).

λd Bv = 0 Bv = 1 Bv = 2 Bv = 3 Bv = 4
1 0.0585 0.0254 0.0161 0.0113 0.0082

2 0.0955 0.0291 0.0165 0.0114 0.0082

3 0.1371 0.0326 0.0167 0.0115 0.0082

4 0.1800 0.0355 0.0170 0.0115 0.0082

5 0.2222 0.0380 0.0171 0.0116 0.0082

6 0.2624 0.04 0.0172 0.0116 0.0082

7 0.300 0.0417 0.0173 0.0116 0.0082

provided in Table 2. A 3% call blocking probability in
the GSM system is acceptable. As shown in Table 2,
the voice blocking probability is less than 3% as long
as the system provides 2 voice buffers (Bv = 2).

Figure 5(d) shows the improvement of data block-
ing probability and Figs. 5(e) and 5(f) show the impact
on the voice blocking probability and mean queuing
time of voice traffic, respectively, when the system pro-
vides 2 guard channels to data. The following terms are
used to represent the efficiency improvement by provid-
ing guard channel to data,

Efdb = (Data blocking probability in single-
channel scheme with 2 guard channels)/(that in single-
channel scheme without guard channel).

Efvb = (Voice blocking probability in single-
channel scheme with 2 guard channels)/(that in single-
channel scheme without guard channel).

Efmqt = (Mean queuing time of voice call in single-
channel scheme with 2 guard channels)/(that in single-
channel scheme without guard channel).

Figure 5(d) shows that the data blocking proba-
bility can be improved by dedicating guard channels
to data. However, as shown in Figs. 5(e) and 5(f),
a system that dedicates guard channels to data users
would increase the blocking probability and mean queu-
ing time of voice traffic. As shown in Fig. 5(e), when
Cg = 2, the voice blocking probability will increase
about 2 and 2.3 times for when Bv = 2 and 3, respec-
tively. From table 2, the voice blocking probability is
about 3.46% (=0.0173 ∗ 2) when Cg = 2 and Bv = 2
and is about 2.67% (=0.0116 ∗ 2.3) when Cg = 2 and
Bv = 3, hence, to keep the voice blocking probability
below 3%, the system should provide 3 voice buffers
when 2 guard channels are dedicated to data users.

4.2 Efficiency Improvement by Using Multi-Channel
Scheme with Channel De-Allocation

When the multi-channel scheme is adopted, all free
channels are shared by data users. Each data user can
be allocated at most 8 channels (one carrier). With
no guard channel and 2 guard channels provided to
data users, respectively, Figs. 6 and 7 show the gains
by adopting the multi-channel scheme. The following
terms are used to represent the efficiency improvement
by using the multi-channel scheme,

Ef
m/s
db = (Data blocking probability in multi-

channel scheme)/(that in single-channel scheme with-
out guard channel).

Ef
m/s
wd = (Mean service time of data traffic in

multi-channel scheme)/(that in single-channel scheme
without guard channel).

Ef
m/s
vb = (Voice blocking probability in multi-

channel scheme)/(that in single-channel scheme with-
out guard channel).

Ef
m/s
mqt = (Mean queuing time of voice traffic in

multi-channel scheme)/(that in single-channel scheme
without guard channel).

Ef
m/s
th = (Data packet throughput in multi-

channel scheme)/(that in single-channel scheme with-
out guard channel).

With no guard channel dedicated to data users,
Fig. 6 shows efficiency improvement versus data traffic
for different number of voice buffers. In both schemes,
data users will not be blocked at light data load and
each data user is basically allocated just one channel at
heavy data load, however, at medium data load, free
channels are allocated to all data users in service so
that the gain of multi-channel scheme in data blocking
probability is obvious, which can be found in Fig. 6(a).
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Fig. 6 Efficiency improvement of using multi-channel scheme
with Bv = 0 ∼ 4, Cg = 0.

As shown in Fig. 6(b), since more free channels can be
shared by data users at light data load, the improve-
ment of data service time is even more obvious. As
shown in Fig. 6(c), data packet throughput can be in-
creased since the data blocking probability is improved
in the multi-channel scheme. Ef

m/s
vb and Ef

m/s
mqt shown

in Figs. 6(d) and 6(e), depict the impact on the blocking
probability and the mean queuing time of voice traffic,
respectively, by using the multi-channel scheme. As
shown in Fig. 6(d), there is little impact on voice block-
ing probability when data traffic increases except the
case of Bv = 0. When Bv = 0, voice users contend the
channels with data users with no partiality, data users
has a much shorter service time when using the multi-
channel scheme, therefore, the number of free channels
in the system will increase. It is because the voice
blocking probability can be improved when Bv = 0.
Figure 6(e) shows that the multi-channel scheme also
has little impact on mean queuing time of voice traffic
when data traffic increases.

With 2 guard channels dedicated to data users,
Fig. 7 shows efficiency improvement versus data traf-
fic for different number of voice buffers. By dedicat-
ing guard channels to data, the efficiency improvement

Fig. 7 Efficiency improvement of using multi-channel scheme
with Bv = 0 ∼ 4, Cg = 2.

in both the blocking probability and throughput of
data traffic are better and can be found by comparing
Figs. 6(a) and 6(c) with Figs. 7(a) and 7(c). However,
as shown in Figs. 7(d) and 7(e), a system that dedi-
cates guard channels to data users would increase the
blocking probability and mean queuing time of voice
call. Moreover, since all free channels (include guard
channels) can be shared by data user in service, Ef

m/s
wd

are about the same in despite of the number of guard
channels provided to data users, which can be found by
comparing Figs. 6(b) and 7(b).

4.3 The Effect of Reneging Time

The probability that a voice arrival can be served be-
fore waiting for a reneging time Treg, denoted by Preg,
is given in Eq. (24). Preg is important for the system
to decide how many voice buffers should be provided.
Figure 8 shows the cumulative probability distribution
of the reneging time of voice users in queue where 17.56
Erlang voice traffic load and 3 packets/sec data arrival
rate are assumed, the multi-channel scheme is adopted,
and 4 voice buffers are provided. The probability that
voice users in queue can be served before waiting for
a reneging time is observed so that an appropriate
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Fig. 8 Cumulative probability distribution of the reneging
time of the queued voice users at various buffer positions. (a)
Cg = 0. (b) Cg = 2.

Table 3 The probability that a voice user is queued at various
buffer positions.

P Q
0 P Q

1 P Q
2 P Q

3
Cg = 0 0.1802 0.0402 0.0183 0.0117

Cg = 2 0.1487 0.0477 0.0329 0.0259

amount of buffer can be provided for voice traffic to
guarantee its QoS. Figures 8(a) and 8(b) show the cu-
mulative probability distribution of the reneging time
of the queued voice users in the first, second, third and
the last positions. Although, the probability that the
queued voice user in the third and the last positions
can be served before Treg is small, the probability that
voice users will be buffered in the third or last posi-
tions is even smaller. The probability that voice users
buffered in various positions, PQ

n (discussed in previous
section), is showed in Table 3.

Figure 9 depicts Preg versus voice buffer in an in-
creasing reneging time with a voice traffic load of 17.56
Erlang and a data arrival rate of 3 packets/sec. Multi-
channel scheme is adopted by the system. 1 to 4 voice
buffers are discussed here with 0 and 2 guard chan-
nels for data traffic, respectively. In Fig. 9(a), no guard
channel for data traffic, if the reneging time is below 6 s,
before waiting for a reneging time Treg, with a proba-
bility of 0.96 the voice traffic receives a channel when
the system provides 1 buffer. If the reneging time is
10 s, the voice traffic has a probability of 0.97 to re-
ceive a channel when 2 buffers are provided. The longer
the reneging time is, the more the voice buffer should
be provided, and the lower the blocking probability of
data traffic. However, 1 − P v

B, is the upper bound of
Preg irrespective to the reneging time. In Fig. 9(b), 2

Fig. 9 Preg (defined in Eq. (24)), the probability that voice
traffic can be served before waiting for a reneging time Treg , in
various voice buffer size. (a) Cg = 0. (b) Cg = 2.

guard channels are provided to enhance the efficiency
of data users. If Treg < 13 sec, with a probability of
0.95 the voice traffic receives a channel when 1 buffer
is provided.

5. Conclusion

This paper investigates the performance of an inte-
grated voice/data wireless network with finite buffer for
voice calls. The analysis of voice call blocking proba-
bility is provided based on a humanistic reneging time.
In order to have the system to provide an appropri-
ate amount of voice buffer, the probability distribu-
tion that the queued voice calls at various buffer posi-
tions to be served within the reneging time is obtained.
To reduce the impact on the data blocking probabil-
ity caused by furnishing buffers for voice calls, we em-
ploy both the dynamic multi-channel allocation scheme
with channel de-allocation and guard channels for data
traffic to enhance its service efficiency. Numerical re-
sults show that the dynamic multi-channel scheme with
channel de-allocation and providing guard channels to
data users, compared with the single-channel scheme
without guard channel, can enhance data traffic per-
formance significantly in terms of the packet blocking
probability, packet throughput and mean service time.
In addition, a system with an appropriate amount of
voice buffer can receive significant improvement in voice
blocking probability.
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