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Abstract— This paper presents an adaptive bandwidth alloca-
tion scheme, called Complete Sharing with Preemptive Priority
(CSPP) scheme, for integrated voice/data mobile networks. It
uses the complete sharing approach to maximize the bandwidth
utilization efficiency by allowing data traffic to share all the
bandwidth resource of a cell and introduces a preemptive priority
mechanism to maintain the high performance of voice traffic
while the injury of data traffic is compensated through a victim
buffer. A degradation/compensation mechanism is applied to the
data traffic which has elastic characteristics. The model of the
CSPP scheme is analyzed by a two dimensional Markov process.
The steady state probability vector is obtained recursively by the
matrix-analytic method and many important performance mea-
sures are then determined such as different types of probabilities,
total channel utilization, transmission delay, busy period time
and blocking period time. From the performance analysis and
comparison as well as the numerical results, we can conclude that
the CSPP scheme can achieve complete service differentiation
for different traffic classes and very high and stable channel
utilization under various traffic loads. By adjusting the defined
constraint factors, we can not only maintain higher priority for
handoff voice over new voice calls and voice calls over data calls
but also provide necessary protection for data calls in hot-spot
data traffic situations.

Index Terms— Adaptive bandwidth allocation, Complete
sharing (CS), Preemptive priority (PP), Handoff, Integrated
voice/data mobile networks.

I. INTRODUCTION

CURRENTLY, wireless and mobile networks are fast
evolving from the primary voice-centric communications

to many applications of data and multimedia. Different classes
of traffic have different quality of service (QoS) requirements.
For example, there are four traffic classes defined by 3GPP
[1]: conversational class, streaming class, interactive class,
and background class. The main distinguishing factor be-
tween these traffic classes is how delay sensitive the traffic
is. Conversational class (eg. voice) and streaming class (eg.
streaming video) are mainly used to carry real-time traffic
flows. Interactive and background classes are mainly used by
traditional Internet applications like WWW, Email and FTP,
and they may have elastic traffic characteristics, i.e., they can
take bandwidth from a varying range of values.
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One of the results of these applications is leading to more
bandwidth requirement per user, which limits the capacity
of the system. The trend in cellular networks is to shrink
cell size to improve the system capacity through effective
frequency reuse. This potentially results in more frequent
handoffs and makes connection-level QoS more difficult to
achieve. Handoff calls have an important effect on system
performance and are usually given higher priority to maintain
lower dropping probability. This, however, usually comes at
the expense of high call blocking probability and potentially
poor channel utilization [2]. Moreover, the scarce bandwidth
resource has always been the bottleneck of wireless and
mobile communications. Thus, the problem formulation is
to maximize the resource utilization and at the same time
to guarantee different QoS requirements for different service
classes. To solve this problem, an effective and efficient
bandwidth allocation strategy is necessary.

Bandwidth allocation strategies have been studied exten-
sively in literature for single service. The authors in [3] pro-
vide a comprehensive survey of a large number of published
papers in this area. One of the challenges in moving to a multi-
service system is that the limited bandwidth has to be shared
among multiple traffic classes. The 2.5G and 3G cellular
systems employ radio resource management (RRM) strategies
that allow them not only to assign variable bandwidth to
incoming voice or data calls but also to dynamically vary the
bandwidth of ongoing calls. These RRM strategies are known
as flexible (adaptive) resource allocation (FRA) strategies
and their ultimate end is to find a trade-off between the
existing capacity and the QoS. They may or may not use
degradation/compensation of calls in progress. Degradation
involves the gradual reduction of the bandwidth allocated to
an ongoing call, while compensation is the reverse process
[18].

In [4], Huang et al. propose a scheme based on the movable-
boundary that dynamically adjusts the number of channels
for voice and data traffic, which allows the bandwidth to be
utilized efficiently and satisfies the QoS requirements for voice
and data traffic. The limitation is that there is no priority for
handoff (both voice and data) calls, so no service differen-
tiation can be distinguished between new calls and handoff
calls. In [5], the capacity maximization in multi-service mobile
networks by making use of the multiple fractional channel
reservation (MFCR) strategy is investigated. An algorithm
to determine the maximum cell capacity and the optimum
amounts of reserved resources is addressed. A guide on the
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selection of the optimal prioritization order was given due to
the huge computational complexity involved in the selection.
In [6], the authors propose a call admission control (CAC)
policy using the limited fractional guard channel mechanism
for a cellular system supporting voice and data services. In
[7], a resource management strategy comprising both CAC
management and bandwidth management is proposed for
heterogeneous adaptive-rate traffic. The CAC management
strategy extends the guard channel strategy to obtain priority-
based CAC management for adaptive-rate sources; the band-
width management strategy allows channels to be assigned
proportionally to the throughput window declared by users. All
the CAC strategies used in [5]–[7] are based on guard channel
strategy or its variants. It is well known that, in guard channel
strategy, the reservation of "guard channels" directly leads to
poor channel utilization. Thus, other CAC strategies that can
both satisfy the QoS requirements of higher priority traffic
classes and maintain good channel utilization are expected
to be developed. In [8], a novel mathematical approach is
proposed to evaluate the performance of FRA strategy with
uniform QoS provisioning in multi-service cellular networks in
terms of the call blocking probabilities and transmission delay.
The FRA strategy improves channel utilization by dynamically
adjusting user transmission rates. The bandwidth offered to
users can be adjusted in accordance with the elasticities of
their service types. However, in the cellular systems of [8] no
handoff prioritization strategy is used in the traffic analysis due
to complexity. In [9] and [10], Li et al. proposed a dual trunk
bandwidth reservation (DTBR) scheme, which can provide
the necessary service guarantee and service differentiation for
voice and data traffic and effectively utilize bandwidth by
using a complete sharing approach. It also assumes the elastic
characteristics of data traffic. But it still does not give service
differentiation between handoff data and new data calls, and
the total channel utilization can still be further improved
(which will be shown later in this paper).

In this paper, we propose a novel adaptive bandwidth
allocation scheme, called complete sharing with preemptive
priority (CSPP) scheme, for integrated voice/data mobile net-
works. It takes into consideration the service differentiation
between new calls and handoff calls (both voice and data
traffic), and uses the complete sharing approach to further
improve the bandwidth utilization by allowing data calls to
share all the channels of a cell (note in [9] and [10] data
calls can only share some of the channels of a cell due to
the existence of contention between data and voice traffic).
A degradation/compensation mechanism in [18] is utilized in
our scheme to capture elastic data traffic. In order to protect
the delay-sensitive voice traffic, we introduce a preemptive
priority (PP) mechanism1 for voice calls (which removes the
contention and makes it feasible for data traffic to share
all the bandwidth resource). The injury of data traffic by

1The PP mechanism has been used widely in queuing theory and its
applications in cellular systems for example [11], [12] and [13]. In [11],
a PP policy is studied in hierarchical cellular network by simulation, but no
theoretical analysis is addressed. A PP mechanism provided for only handoff
voice calls in [12] and for both new voice and handoff voice calls in [13] is
proposed for integrated voice/data cellular systems. However, both the traffic
models do not consider any elastic data traffic (i.e., in these models, each
data call occupies one channel).

the PP mechanism is compensated through a victim buffer2.
By adjusting the defined constraint factors, we can not only
maintain higher priority for handoff voice over new voice calls
and voice calls over data calls but also provide the necessary
protection for data calls if required.

The rest of the paper is organized as follows. Section
II proposes the novel model and the call admission and
bandwidth allocation strategy. Section III presents the detailed
performance analysis including the development of a large
number of important performance measures. In Section IV
we present the numerical results of the CSPP scheme and the
performance comparison between CSPP and DTBR schemes
as well as the optimal design issues. Finally we conclude the
paper in Section V.

II. MODEL DESCRIPTION AND

ADAPTIVE BANDWIDTH ALLOCATION

Consider a mobile network with a certain number of cells,
in which a mobile sets up a call connection through the base
station. Each base station keeps associated traffic class, QoS
profiles, and channel information, etc.

Suppose each cell has N bandwidth units that serve four
types of traffic: new voice, handoff voice, new data and
handoff data. Assume a voice call takes only one bandwidth
unit (e.g., a channel), and a data call takes bandwidth from a
range of bandwidth units between bm and bM . For simplicity
and without loss of generality, we further assume bm = 1.

Since data traffic can usually tolerate some degree of service
degradation while voice is more delay-sensitive [9], [10], we
introduce a PP mechanism for voice traffic, i.e., a voice call
can randomly preempt a data call (new data or handoff data)
under certain conditions (see details in the call admission and
bandwidth allocation strategy). To compensate data traffic, we
introduce a victim buffer to temporarily store the preempted
data calls and ensure that they will go back again if there
is available bandwidth in the system before its maximum
queuing time runs out. More precisely, two constraint factors
σ1 and σ2 are set for voice calls (0 ≤ σ1 ≤ σ2) so that
new voice calls can at most use �σ1N� and handoff voice
calls can at most use �σ2N� out of N bandwidth units (where
�x� denotes the greatest integer less than or equal to x). It
is worthy to note that a voice call can either obtain a free
channel or obtain an occupied channel by a data call through
preemption. Sometimes in the hot-spot data traffic area, we
need to reserve some channels exclusively for data traffic, thus
we use σ1 and σ2 to constrain both new and handoff voice
calls). We assign σ1 < σ2 to maintain some advantage for
handoff voice calls. For simple notation, we set N1 = �σ1N�
and N2 = �σ2N�. Because data calls are preempted by at
most N2 voice calls, we set the victim buffer size as N2.

To improve the channel utilization of the system, we allow
data calls to use all the N channels of a cell. This is feasible
in the proposed scheme because of the introduction of the PP
mechanism (however, it is impossible in the other schemes
mentioned previously that do not use the PP mechanism due to

2Here the “victim buffer/cache" concept is borrowed from computer archi-
tecture, which is used to hold blocks that are thrown out of the main cache,
the evicted entries have high likelihood to be accessed again in the near future.
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Fig. 1. Block diagram of the basic CSPP scheme.

the contention between different types of traffic). Similarly, to
give some higher priority for handoff data calls, we introduce
another constraint factor σ3 ( 0 ≤ σ3 ≤ 1 ) so that new data
calls can at most use �σ3N� out of N channels while handoff
data calls can use all the N channels in the system. We set
N3 = �σ3N� . Of course both handoff data and new data calls
are subjected to voice calls’ preemption under some conditions
(see the detailed call admission and bandwidth allocation
strategy). Therefore, the prioritization order (from high to low)
of different traffic types can be roughly determined as handoff
voice calls - new voice calls - handoff data calls - new data
calls. In addition, the CSPP scheme can be flexibly applied to
various traffic environments by adjusting the three constraint
factors. For example, in the hot-spot data traffic situations, the
CSPP scheme can properly decrease σ1 and/or σ2 to provide
necessary protection for data traffic. A simple block diagram
for the CSPP scheme is given in Figure 1.

Ideally, it is assumed that each data connection always
attempts to get the maximum bandwidth bM if the available
bandwidth can accommodate it; otherwise, the data calls will
equally share the bandwidth left over from voice calls through
the use of resource reallocations (triggered by call arrivals
or departures), but the allowed bandwidth should be at least
bm. This assumption is reasonable and has been used widely
in literature [9], [15], [17]–[19]. Thus, the actual allowed
bandwidth b for a data call can vary between bm and bM .
By adjusting the value of bm and bM , this elastic data traffic
model can be applied in a wide range of applications defined
in [1].

We also assume that the rate control of the elastic data
traffic in progress is ideal. That is, the data calls in progress
can readjust their current bandwidth after an infinitesimal
amount of time when any system state changes (call arrivals
or departures). This kind of assumption has also been used by
other research for analyzing similar problems [9], [15], [19].

Therefore, the detailed call admission and bandwidth allo-
cation strategy for CSPP scheme is highlighted as follows:
• When a new data call arrives, it will enter the system with

maximum bandwidth bM if there is enough bandwidth
available and the total occupied bandwidth in the system
is less than N3. If not, it will “squeeze" into the system to
get degradation service with actual bandwidth b by elastic
characteristic as long as b ≥ bm and the total occupied
bandwidth in the system is less than N3. Otherwise, it
will be blocked.

• When a handoff data call arrives, it will enter the system
with maximum bandwidth bM if there is enough band-
width available. If not, it will “squeeze" into the system

to get degradation service with actual bandwidth b by
elastic characteristic as long as b ≥ bm. Otherwise, it
will be dropped.

• When a new (respectively handoff) voice call arrives,
it will enter the system if there is at least one channel
available and the number of channels occupied by voice
calls in progress is less than N1 (respectively N2). If
not, it will “squeeze" into the system by pushing data
calls into degradation service as long as the data calls in
progress can get at least the minimum bandwidth bm. If it
cannot “squeeze" into the system, it will enter the system
by randomly preempting a data call in progress if the
number of channels occupied by voice calls in progress
is less than N1 (respectively N2). Otherwise, it will be
blocked (respectively dropped).

• When a voice call or data call is completed, the system
will release all the bandwidth it used. If there are some
preempted data calls queuing in the buffer at that instant,
then the preempted data calls will connect back to the
system according to FCFS (first come first served) dis-
cipline. Otherwise, all other data calls still in progress
will get compensation service by sharing the released
bandwidth equally. If all the data calls in progress have
the maximum bandwidth bM , the remaining bandwidth
will be made available for future requests.

Remark 1: It is noteworthy that, i) the basic model can be
extended from the one unit bandwidth voice traffic to multi-
unit bandwidth streaming class traffic [1] such as streaming
video, which would cause more complicated mathematical
analysis. ii) the basic model can be extended to a number
of variations such as using a buffer to further store the
associated voice or data request when the requested bandwidth
is not available, which will further reduce the corresponding
blocking or dropping probability [4], [14], [16].

Remark 2: Due to the introduction of the PP mechanism
and victim buffer in the CSPP scheme, more capacity of differ-
ent traffic types can be achieved as compared to the schemes
without the PP mechanism, for example, the DTBR scheme. In
the CSPP scheme, the new voice and handoff voice calls can
use bandwidth resource from zero to N1 and N2 respectively,
where N1 ≤ N2 ≤ N . The new data and handoff data
calls can use bandwidth resource from zero to min{N3, N −
the occupied bandwidth resource by voice calls} and
(N − the occupied bandwidth resource by voice calls)
respectively. That is, the maximum bandwidth resource is
N3 for the new data calls and N for handoff data calls.
On the other hand, in the DTBR scheme, the new voice
and handoff voice calls can use channels from zero to K1

and N respectively (which is similar to the CSPP scheme).
Nevertheless, the data calls can only share the K2 channels
with voice calls, where there must be the relationship K2 <
K1 < N if service differentiation among handoff voice, new
voice and data calls is required. While in the CSPP scheme,
the selection of N3 is not affected by N1 and N2, i.e., N3 can
be smaller or larger than or equal to N1 or N2. Thus, data
calls can access more bandwidth resource in the CSPP scheme,
which means higher resource utilization can be achieved (this
will also be shown in Section IV by numerical results).

Another advantage of the CSPP scheme is that high resource
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utilization is achieved by the complete sharing approach with-
out affecting the performance of higher prioritized traffic types
(e.g., voice calls). This is because that the voice traffic can
ignore the existence of data traffic by the PP mechanism. On
the contrary, in the DTBR scheme, the QoS of voice calls must
be affected by data calls due to the existence of contention
between them, which is an inevitable problem in the complete
sharing approach, i.e., complete sharing can improve system
utilization but cannot effectively control the QoS of the shared
traffic types. Thus, if the QoS requirements (alternatively, the
capacity parameters) of different traffic types are given, by
using the CSPP scheme, we can first properly design the two
constraint factors of voice traffic, σ1 and σ2, which lead to
the specific capacity parameters for new and handoff voice
traffic respectively. Next, we design the constraint factor σ3

to schedule the priority relation between new data and handoff
data traffic. Note that the influence of the PP mechanism on
data traffic should be properly considered.

Remark 3: The CSPP scheme presented here is applicable
to a circuit switched FDMA/TDMA based wireless systems,
such as GSM [20], HSCSD (High Speed Circuit Switched
Data) [21] and EDGE (Enhanced Data rate for GSM Evo-
lution) [22]. From the application viewpoint, this scheme
is feasible, since the PP mechanism is commonly used in
operating systems, such as eCos, WinCE, VxWorks, QNX,
uC/OS, etc., that run on wireless embedded devices such
as handheld multimedia nodes [23]. It is noteworthy that
the assumption of ideal rate control is used in the proposed
scheme, i.e., the data calls in progress can readjust their current
bandwidth very quickly when the system state changes due to
call arrivals or departures. However, this assumption is used
only for tractable analysis, and has also been used by other
researchers [9], [15], [19]. In practice, this assumption should
not severely affect the system performance except requiring a
little more readjusting time than the ideal situation. In addition,
the general concepts of the traffic analysis are not restricted
to systems with FDMA and/or TDMA based schemes and
can also manage circuit or virtual circuit switched services
in CDMA networks [8]. The traffic analysis presented here
applies to work being done in many areas such as MPLS,
ATM, TCP/IP/RSVP, etc. The 3G systems are based on com-
bined FDMA/wideband CDMA multiple access techniques
[24]. Their core network is divided into circuit switched and
packet switched domains due to reasons of migration and
service continuity. The circuit switched core network enables
the support of different transports (e.g. ATM or IP) in a bearer-
independent fashion [25]. For example, if the ATM is used
for 3G UMTS core transmission, the adaptation layer type 2
(AAL2) can handle circuit switched connection and AAL5 can
be used for data delivery. Consequently, the proposed scheme
could probably be applied to 2G, 2.5G and 3G (with circuit
switched) systems. In other words, the scheme can be easily
modified to fit different wireless systems (good scalability).

Remark 4: It is worthy to note that the CSPP scheme
is applied to the network layer and above and the “chan-
nel" concept here refers to a generic logical channel, which
could be one or several physical channels or time slots for
communication in the up- and down-link directions with a
generic multiple access method. In a FDMA based system,

spectrum is divided up into frequencies (channels) and then
assigned to users. One user at any given time is assigned to a
channel. In the GSM system, each frequency is splitted into
time slots. Each user is allowed to access the entire frequency
channel at respective time slot. Different users share this same
frequency channel at different time slots [20]. The HSCSD
and EDGE solutions enable higher rates by simultaneously
using multiple time slots [22]. The HSCSD can offer data
rates up to 115 kbits/s. The EDGE can offer data rates
up to 384 kbits/s due to using 8PSK modulation mode to
replace normal GMSK mode. The 3G UMTS system radio
interface has logical channels, which are mapped to transport
channels, which are again mapped to physical channels. In
the radio interface, different users can simultaneously transmit
at different data rates and data rates can even vary in time
[24]. 3GPP specifications enable the user of a single terminal
to establish and maintain several connections simultaneously.
A multimedia service (could be a circuit switched or packet
switched multimedia call) may involve several connections
and flexibility is required in order to add and delete resources
[26]. Also note that the “channel" defined here refers to traffic
channel, rather than control channel (which usually involves
a lot of signaling overhead). The main burden caused by the
CSPP scheme is the requirements of associated traffic class,
QoS profiles, channel occupancy status and information of call
arrivals and departures. Fortunately, these records have already
kept in the base station. Thus, the overhead involved by the
CSPP scheme is not very high.

III. PERFORMANCE ANALYSIS

In this section, we analyze the system performance by
considering a homogeneous mobile cellular network, where
all cells are assumed statistically identical. In each cell, the
arrivals of new voice, handoff voice, new data and handoff data
traffic are assumed to be Poisson processes with rate λvn, λvh,
λdn and λdhrespectively. Thus, the total arrival rate is for voice
traffic λv = λvn + λvh, and for data traffic λd = λdn + λdh.
Note that λvh and λdh are determined by the new arrival rates
and related probabilities and will be elaborated later.

Assume the call holding time for voice and data traffic are
exponentially distributed with mean 1/hv and 1/hd, and the
cell residence time for voice and data traffic are also expo-
nentially distributed with mean 1/rv and 1/rd, respectively.
These assumptions have been widely used in literature [4]–
[10], [12]–[14], [16]–[18]. Thus, the channel occupancy time
is exponentially distributed with mean 1/μv = 1/(hv+rv) for
voice traffic, but the mean for data traffic is state-dependent
because of its elastic characteristic (to be analyzed below).

Let X(t) and Y (t) be the number of voice calls and data
calls (including the data calls being served and those in the
buffer) in the system at time t, respectively. We know that
(X(t), Y (t)) is a two dimensional Markov process with the
state space S = {(nv, nd)|0 ≤ nv ≤ N2, 0 ≤ nd ≤ N}. It
is noteworthy that if there is no preempted data call in the
buffer, each data call in progress will occupy state-dependent
bandwidth (please see equation (1) below). If, however, there
are some preempted data calls in the buffer, each data call
in progress will occupy minimum bandwidth bm (since the
proposed CAC strategy performs the “squeeze" operation
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before “preempt" operation), and the preempted data calls in
the buffer will not occupy any bandwidth.

From previous analysis, we know that elastic data calls can
use the maximum bandwidth when there is enough bandwidth
available and use the actual allowed bandwidth when they
cannot get the maximum bandwidth. When a data call has
the maximum bandwidth bM , its mean service rate is the
maximum service rate μd,max = hd + rd [9], [15]. When a
data call is served with actual allowed bandwidth b, its service
rate is proportional to the actual bandwidth of each call [9],
[15], [18], [19] (that is, the more the actual bandwidth, the less
the service time. For instance, the file-downloading would take
half the time with double granted bandwidth). In total, when
the system is in state (nv, nd), each data call will occupy the
bandwidth

b(nv, nd) =

⎧⎨
⎩

min{bM ,max{1, N−nv

nd
}},

0 ≤ nv ≤ N2, 1 ≤ nd ≤ N, (nv �= N)
0, otherwise.

(1)

Note that above equation does have a condition: nv �= N .
When nv = N (which only happens at the case N2 = N ), all
N channels are occupied by voice calls only, there is either
no data call at all or a few data calls in the buffer. In either
case, the bandwidth occupied by data traffic b(nv, nd) is zero.
Assume that the mean cell residence time of data calls 1/rd
does not vary with the change of serving bandwidth [9], then
the state-dependent data call service rate μdnv,nd

is:

μdnv ,nd
=
b(nv, nd)
bM

hd + rd. (2)

In equilibrium the total transition rates of data calls from
state (nv, nd) to state (nv, nd − 1), and to state (nv, nd + 1)
are respectively calculated as

TRd(nv,nd)→(nv ,nd−1) =⎧⎨
⎩

ndμ
d
nv ,nd

, 0 ≤ nv ≤ N2, 1 ≤ nd ≤ N − nv,
(N − nv)μdnv ,N−nv

+ (nd −N + nv)rd, (3)
1 ≤ nv ≤ N2, N − nv + 1 ≤ nd ≤ N.

TRd(nv,nd)→(nv ,nd+1) =⎧⎨
⎩

λd, 0 ≤ nv ≤ N2, 0 ≤ nd < min{N − nv, N3},
λdh, 0 ≤ nv ≤ N −N3 − 1, N3 ≤ nd < N − nv, (4)
0, otherwise,

where max{N −N2 − 1, 0} ≤ N3 ≤ N to ensure the correct
range of nv and N3.

Of course the mean service rate of voice calls in any state
is μv, and in equilibrium the total transition rates of voice
calls from state (nv, nd) to state (nv − 1, nd), and to state
(nv + 1, nd) are

TRv(nv,nd)→(nv−1,nd) = nvμv, 1 ≤ nv ≤ N2, 0 ≤ nd ≤ N.(5)

TRv(nv,nd)→(nv+1,nd) =⎧⎨
⎩

λv, 0 ≤ nv < N1, 0 ≤ nd ≤ N ;
λvh, N1 ≤ nv < N2, 0 ≤ nd ≤ N ; (6)
0, otherwise.

If we denote by π(nv, nd) the steady state probabil-
ity when the system is in state (nv, nd), the steady state

probability vector (ordered lexicographically) is then parti-
tioned as π = (π0, π1, · · · , πN2), where the vector πn=
(π(n, 0), π(n, 1), · · · , π(n,N)) for 0 ≤ n ≤ N2. The vector
π is the solution of equations πQ = 0 and πe = 1, where e
and 0 are vectors of all ones and zeros respectively, and the
infinitesimal generator of the two dimensional Markov process
Q is given by

Q =

⎡
⎢⎢⎢⎢⎢⎣

E0 B0 0 · · · 0 0 0
D1 E1 B1 · · · 0 0 0
...

...
...

...
...

...
...

0 0 0 · · · DN2−1 EN2−1 BN2−1

0 0 0 · · · 0 DN2 EN2

⎤
⎥⎥⎥⎥⎥⎦ (7)

where each submatrix has size (N+1) by (N+1) and defined
by

Bi(j, k) =

⎧⎨
⎩

λv, 0 ≤ i < N1, 0 ≤ j ≤ N, k = j,
λvh, N1 ≤ i < N2, 0 ≤ j ≤ N, k = j,
0, otherwise,

Di(j, k) =
{
iμv, 1 ≤ i ≤ N2, 0 ≤ j ≤ N, k = j,
0, otherwise,

where Bi(j, k) and Di(j, k) are the j-th row and k-th column
element of the matrix Bi and Di, respectively. If we denote by
Ai(j, k) the j-th row and k-th column element of the matrix
Ai, and define Ai(j, k) = 0 for j, k < 0 or j, k > N , then
Ai(j, k) can be expressed as⎧⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎨
⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎩

λd, 0 ≤ i ≤ N2, 0 ≤ j < min{N − i, N3}, k = j + 1,
λdh, 0 ≤ i ≤ N −N3 − 1, N3 ≤ j < N − i, k = j + 1,
jμdi,j , 0 ≤ i ≤ N2, 1 ≤ j ≤ N − i, k = j − 1,
(N − i)μdi,N−i + (j −N + i)rd, 1 ≤ i ≤ N2,

N − i+ 1 ≤ j ≤ N, k = j − 1,
−[Ai(j, j − 1) +Ai(j, j + 1)], 0 ≤ i ≤ N2,

0 ≤ j ≤ N, k = j,
0, otherwise.

Then the matrix Ei can be calculated by

Ei =

⎧⎨
⎩

Ai −Bi, i = 0,
Ai −Di −Bi, 1 ≤ i < N,
Ai −Di, i = N.

By the results of [27] and [28], we determine the steady
state probabilities as

πn=πn−1Bn−1 (−Cn)−1 =π0

∏n
i=0[Bi−1 (−Ci)−1], (8)

where 1 ≤ n ≤ N2 and π0 satisfies π0C0 = 0 and

π0

[
I +

∑N2
n=1

∏n
i=1[Bi−1 (−Ci)−1]

]
e = 1 (9)

The Ci (0 ≤ i ≤ N2) can be recursively determined by
CN2 = EN2 and

Ci = Ei+Bi (−Ci+1)
−1
Di+1. (0 ≤ i ≤ N2−1) (10)

After obtaining the steady state probabilities, it is easy to
determine various performance measures, such as the new call
blocking probabilities and handoff dropping probabilities for
voice and data traffic, the loss probability of preempted data
traffic, the total channel utilization, the transmission delay of
data traffic, the busy period time and blocking period time in
the cell.
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A. Basic performance measures

• New voice blocking and handoff voice dropping prob-
abilities
The new voice blocking (respectively handoff voice drop-
ping) probability, denoted by Pvn (respectively Pvh),
is defined as the probability that upon an arrival of a
new voice (respectively handoff voice) call the occupied
channels by voice calls are not less than N1 (respectively
N2) and the arrival request has to be lost. Thus, we have

Pvn =
∑N2

nv=N1

∑N
nd=0 π(nv, nd)

=
∑N2

nv=N1
πnve

=π0

∑N2
nv=N1

∏nv

i=1[Bi−1 (−Ci)−1]e. (11)

Pvh =
∑N

nd=0 π(N2, nd)

= πN2 ·e
=π0

∏N2
i=1[Bi−1 (−Ci)−1]e. (12)

• New data blocking and handoff data dropping prob-
abilities
The new data blocking (respectively handoff data drop-
ping) probability, denoted by Pdn (respectively Pdh), is
defined as the probability that upon an external arrival
of new data (respectively handoff data) call the occupied
channels in the system are not less than N3 (respectively
N ) and the arrival request has to be lost. We have

Pdn =
∑N2
nv=0

∑N
nd=min{N−nv ,N3} π(nv, nd) (13)

Pdh =
∑N2

nv=0

∑N
nd=N−nv

π(nv, nd) (14)

• Total channel utilization η
The total channel utilization is defined as the ratio be-
tween the mean number of occupied channels and the
total number of channels, i.e.,

η = 1
N

∑N2
nv=0

∑N
nd=0{nv + min{nd, N − nv}

·b(nv, nd)}π(nv, nd).
(15)

B. Loss probability of preempted data traffic

Sometimes we are interested in the probability that the
preempted data calls in the victim buffer are lost before they
connect back to the system because of the mobility, which is
called the loss probability of preempted data traffic. We know
that if a voice call arrives to find that there is no available
bandwidth for it to enter or “squeeze" into the system and it
satisfies the preemption condition, then it enters by randomly
preempting a data call. Furthermore, if a preempted data call
arrives to the buffer with all N voice/data calls being served in
the system and j data calls in the buffer, then it could connect
back to the cell according to FCFS discipline only if j + 1
calls leave the cell before its maximum queuing time, i.e., its
cell residence time, since the only reason for a preempted data
call to be lost is that the mobile terminal moves out of the cell.
Therefore, if we denote by ϕj (0 ≤ j ≤ N2 − 1) the interval
from the epoch that a data call is preempted to the buffer with
all N voice/data calls being served in the system and j data

calls in the buffer to the epoch that one of the calls leaves the
cell (either leaves a channel or leaves the buffer), and by τ
the queuing time of the data call in the buffer, then τ is of
exponential distribution with rate rd. Now if a preempted data
call arrives to find that j preempted data calls waiting in the
buffer, nv voice calls and N−nv data calls being served in the
system (1 ≤ nv ≤ N2, 0 ≤ j ≤ N2 − 1), then either a voice
call’s completion or an ongoing data call’s completion will
lead the head call of the queue in the buffer to connect back
to the system, and the leaving of the head call of the queue
will lead each of the remaining data calls in the buffer to move
forward one step. Thus ϕj is also of exponential distribution
with rate nvμv+(N−nv)μdnv ,N−nv

+ jrd. Specifically, if we
define that the loss probability of a preempted data call is the
percentage of those preempted data calls eventually lost to the
total data calls in the system, denoted by Ppre, then we will
have [13]:

Ppre =
�N2

nv=1
�nv−1

j=0 (j+1)π(nv ,N−nv+j+1)P{τ<ϕ0+···+ϕj}
�N2

nv=0
�

N
nd=1 ndπ(nv,nd)

.

If we denote by fj(·) the density function of ϕj and
by f∗(s) the Laplace transform of a function f(·), by the
independent assumption of the random variables, we have

P{τ < ϕ0 + · · ·+ ϕj} = 1−∏j
i=0 f

∗
i (rd)

=
(j + 1)rd

nvμv + (N − nv)μdnv ,N−nv
+ (j + 1)rd

, (16)

where the last equation was obtained by the fact that

f∗i (rd) =
nvμv + (N − nv)μdnv ,N−nv

+ ird

nvμv + (N − nv)μdnv ,N−nv
+ (i+ 1)rd

,

where 0 ≤ i ≤ j. After a few mathematical operations, we
obtain

Ppre =
�N2

nv=1
�nv−1

j=0
(j+1)2rd

nvµv+(N−nv)µd
nv,N−nv

+(j+1)rd
π(nv ,N−nv+j+1)

�N2
nv=0

�N
nd=1 ndπ(nv ,nd)

.

(17)

In addition, we obtain the percentage of the data calls
without suffering preemption to the total data calls in the
system, qnonpre, and the percentage of the preempted data
calls which are eventually connected back to the system to
the total data calls in the system, qback, respectively, which
will be used in the next subsection.

qnonpre =
�N2

nv=0
�N−nv

nd=1 ndπ(nv ,nd)
�N2

nv=0
�N

nd=1 ndπ(nv ,nd)
. (18)

qback =
�N2

nv=1
�nv−1

j=0 (j+1)π(nv ,N−nv+j+1)P{τ>ϕ0+···+ϕj}
�N2

nv=0
�N

nd=1 ndπ(nv,nd)

=

�N2
nv=1

�nv−1
j=0

(j+1)[nvµv+(N−nv)µd
nv,N−nv

]

nvµv+(N−nv)µd
nv,N−nv

+(j+1)rd
π(nv,N−nv+j+1)

�N2
nv=0

�
N
nd=1 ndπ(nv ,nd)

.

(19)

C. Transmission delay of data traffic

Transmission delay is one of the most important perfor-
mance measurements of interactive and background service
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classes [8]. These service classes have elastic traffic charac-
teristics. They can equally share the bandwidth left over for
them through the use of resource reallocations (triggered by
call arrivals or departures). The elastic traffic characteristics
have also been addressed in [8] by the FRA strategies with
uniform QoS provisioning, from which the transmission delay
for the data traffic, D, can be approximated by subtracting the
optimal or minimum service time X from the actual service
time Y , i.e.,

D = Y −X ∼= X

(
bM
Bavg

− 1
)
,

where random variableX represents the minimum call holding
time of the data traffic (i.e., operating at the maximum
bandwidth), which has been assumed exponentially distributed
with mean 1/hd (from the first term of equation (2)). Random
variable Y represents the actual service time with almost
exponential distribution with mean bM/(Bavghd) [8]. Bavg
represents the average bandwidth of data calls,bm ≤ Bavg ≤
bM . Here Bavg can be easily calculated by

Bavg =
N2∑
nv=1

N∑
nd=0

b(nv, nd)π(nv, nd). (20)

Thus, the mean transmission delay E[D] is approximated
by

E[D] ∼= 1
hd

(
bM
Bavg

− 1
)
. (21)

However, in the proposed CSPP scheme, the transmission
delay of data traffic involves more complicated analysis due
to the introduction of the PP mechanism and victim buffer.
The successfully completed data calls include two parts: i) the
unencumbered data calls without suffering preemption, which
has the same transmission delay as that in [8], i.e., E[D]; and
ii) the preempted data calls that eventually connect back to the
system due to the released bandwidth available, which have
an additional transmission delay due to the waiting time in the
victim buffer, E[Wb], besides the transmission delay E[D].

We know that if a voice call arrives to find that there
is no available bandwidth for it to enter or “squeeze" into
the system and it satisfies the preemption condition, then it
enters by randomly preempting a data call. The preempted
call could connect back according to FCFS discipline if it can
get available bandwidth before its maximum queuing time in
the buffer. In steady state, the mean number of preempted data
calls in the victim buffer and the mean arrival rate to the buffer
can be calculated as

E[Lb] =
N2∑
nv=1

nv−1∑
j=0

(j + 1)π(nv, N − nv + j + 1),

E[λb] = λv

N1−1∑
nv=0

N∑
nd=N−nv

π(nv, nd)

+λvh
N2−1∑
nv=N1

N∑
nd=N−nv

π(nv, nd).

By Little’s law, the mean waiting time of the preempted
data calls in the buffer is

E[Wb] =
E[Lb]
E[λb]

. (22)

Therefore, the transmission delay of the successfully com-
pleted data calls in the system can be calculated as

E[TD] = qnonpreE[D] + qback(E[D] +E[Wb]), (23)

where qnonpre and qback are respectively the percentage of
the data calls without suffering preemption and the percentage
of the preempted data calls eventually connected back to the
system, and are given in equations (18) and (19). Since the
second term of equation (23) is the additional transmission
delay caused by the PP mechanism, we define a performance
measure of the transmission delay effect factor, ς , to evaluate
the effect of the PP mechanism on the transmission delay.

ς =
qback(E[D] + E[Wb])

E[TD]
. (24)

D. Handoff rates

Since the data traffic is preempted randomly by voice traffic,
the preempted data traffic obviously includes new data calls
and handoff data calls. From a statistical viewpoint, the total
blocking or dropping probability of data calls including those
lost from the victim buffer, say PDnew (or PDhandoff ), should
be⎧⎨
⎩

PDnew = Pdn + (1 − Pdn) λdn

λdn+λdh
Ppre,

PDhandoff = Pdh + (1− Pdh) λdh

λdn+λdh
Ppre.

(25)

Since the probability that an accepted voice call (respec-
tively data call) will attempt a handoff is av = rv/(hv + rv)
(respectively ad = rd/(hd + rd)), the rates of the handoff
voice calls and handoff data calls departing from a cell, say
λvho and λdho, are respectively

λvho = av[(1− Pvn)λvn + (1− Pvh)λvh] and

λdho = ad[(1 − PDnew)λdn + (1 − PDhandoff)λdh],
where λvh and λdh are (consistant with the previous notation)
the handoff arrival rates to a cell for voice calls and data calls,
respectively. We know that the handoff arrival rate to a cell
consists of the sum of all the handoff departure rates from
its neighboring cells. For a homogeneous mobile network,
the handoff departure rate from each cell is supposed to be
statistically identical, and users leave a cell to each of its
neighboring cell with equal probability. Thus, the handoff
arrival rate to a cell is equal to handoff departure rate out
of the cell, ie., λvh = λvho, and λdh = λdho.

From the above analysis, we obtain⎧⎪⎨
⎪⎩

λvh = rv(1−Pvn)λvn

hv+rvPvh
,

λdh = rd(1−PD
new)λdn

hd+rdPD
handoff

.

(26)

We observe that the handoff rates obtained by equation (26)
have the following relationship: (a) λvh is a function of Pvn
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and Pvh, λdh is a function of PDnew and PDhandoff ; (b) Pvn,
Pvh, PDnew and PDhandoff are functions (or through Pdn, Pdh
and Ppre) of λvh and/or λdh, respectively. Therefore, it is not
easy to calculate λdh and λvh independently. We extend the
iterative technique proposed in [29] to calculate λvh and λdh
jointly, and then calculate different performance measures. The
following is an algorithm example for computing handoff rates
λvh and λdh, and performance measures Pvn, Pvh, Pdn, Pdh,
η, Ppre, E[TD], and ς .

Input: N , N1, N2, N3, λvn, λdn, hv, rv , hd, rd.
Output: λvh, λdh, Pvn, Pvh, Pdn, Pdh, η, Ppre, E[TD], ς .
Step 1: Predefine thresholds δv and δd for voice and data
traffic, and select an initial value for λvh and λdh, respectively.
Step 2: Compute vector πn by equations (8), (9) and (10).
Step 3: Compute Pvn, Pvh, Pdn, Pdh and Ppre by equations
(11), (12), (13), (14) and (17).
Step 4: Compute PDnew and PDhandoff by equation (25).
Step 5: Compute the updated handoff rate λ′vh and λ′dh by
equation (26).
Step 6: If |λ′vh − λvh| < δv and |λ′dh − λdh| < δd, then
set λvh = λ′vh, λdh = λ′dh and go to step 7. Otherwise, set
λvh = λ′vh, λdh = λ′dh and go to step 2.
Step 7: Compute Pvn, Pvh, Pdn, Pdh, η, Ppre, E[TD], and ς
by equations (11), (12), (13), (14), (15), (17), (23) and (24).

E. Busy period time in the cell

Here we consider the busy period time of voice traffic in
the system. The busy period time of voice traffic, denoted by
Bv, is the time duration starting from the epoch that a cell
without voice call is connected with a voice call to the epoch
that there is no voice call again for the first time.

Let NB(t) and JB(t) be the number of voice calls and
data calls (including those in the buffer) in the system at
time t, respectively. We know that (NB(t), JB(t)) is a two-
dimensional absorbing Markov process with absorbing state
{(0, j)|0 ≤ j ≤ N} and the infinitesimal generator matrix

QB =

⎡
⎢⎢⎢⎢⎢⎣

0 0 0 · · · 0 0 0
D1 E1 B1 · · · 0 0 0
...

...
...

...
...

...
...

0 0 0 · · · DN2−1 EN2−1 BN2−1

0 0 0 · · · 0 DN2 EN2

⎤
⎥⎥⎥⎥⎥⎦ ,

where Di, Ei and Bi are the same as those in equation (7).
The busy period time of voice traffic in the cell is just the first
absorbing time of the Markov process (NB(t), JB(t)) starting
from the initial state (0,θ1) to the absorbing state {(0, j)|0 ≤
j ≤ N}, where θ1= ( π1/(π1e), 0, · · · , 0). If we denote by

TB =

⎡
⎢⎢⎢⎣
E1 B1 · · · 0 0 0
...

...
...

...
...

...
0 0 · · · DN2−1 EN2−1 BN2−1

0 0 · · · 0 DN2 EN2

⎤
⎥⎥⎥⎦ ,

then from Lemma 2.2.2 in [30], we know the distribution of
the busy period time, Bv , is

P (Bv ≤ x) = 1− θ1exp(TBx)e for x ≥ 0. (27)

And the mean of busy period time, E[Bv], is

E[Bv] = − θ1(TB)−1e. (28)

F. Blocking period time in the cell

Contrasting with the busy period time, the blocking period
time studies the duration that calls are blocked in a cell,
which was used as a performance measure in voice-centric
PCS network in [31]. Here we extend the concept to integrated
voice/data environments. First we consider the blocking period
time of new voice calls, say Znv, i.e., the time duration starting
from the epoch that a new voice call is blocked when it arrives
to the epoch when there is at least one channel available for
new voice calls for the first time.

Let Xnv(t) and Ynv(t) be the number of voice calls and
data calls (including those in the buffer) in the system at time
t, respectively. It is easy to prove that (Xnv(t), Ynv(t)) is
a two-dimensional absorbing Markov process with absorbing
state {(i, j)|0 ≤ i ≤ N1−1, 0 ≤ j ≤ N} and the infinitesimal
generator matrix Qnv given by⎡
⎢⎢⎢⎢⎢⎣

0 0 0 · · · 0 0 0
DN1 EN1 BN1 · · · 0 0 0
...

...
...

...
...

...
...

0 0 0 · · · DN2−1 EN2−1 BN2−1

0 0 0 · · · 0 DN2 EN2

⎤
⎥⎥⎥⎥⎥⎦ ,

where Di, Ei and Bi are the same as those in previous equa-
tion (7). The blocking period time of new voice calls in the
cell is just the absorbing time of the Markov process starting
from the initial state (0,θ2) to the absorbing state, where
θ2= ( πN1/(πN1e), 0, · · · , 0). Based on these arguments,
if we denote by

Tnv =

⎡
⎢⎢⎢⎣
EN1 BN1 · · · 0 0 0
...

...
...

...
...

...
0 0 · · · DN2−1 EN2−1 BN2−1

0 0 · · · 0 DN2 EN2

⎤
⎥⎥⎥⎦ ,

then from Lemma 2.2.2 in [30], we know the distribution of
the blocking period time, Znv, is

P (Znv ≤ x) = 1− θ2exp(Tnvx)e for x ≥ 0. (29)

And the mean of blocking period time, E[Znv], is

E[Znv] = − θ2(Tnv)−1e. (30)

Similarly, the blocking period time of handoff voice calls
can easily be obtained.

IV. COMPUTATIONAL ISSUES

In this section, we first present the performance compar-
isons between the DTBR and CSPP schemes in terms of
the system award, handoff voice dropping probability, total
channel utilization and transmission delay, then the detailed
numerical results of the CSPP scheme, and finally a specific
design issue from the CSPP scheme, i.e., the determination
of the optimal value for N1 and N2. For the sake of fair
comparison, similar system configuration is assumed as that
in [9]: the total number of channels N of each cell is set to
be 30, bM is set to be 2 and bm is 1. The data call intensity
ρd is set to be 7 with mean arrival rate λd = 0.007S−1 and
mean service rate μd = 0.001S−1, where hd = 0.0008S−1

and rd = 0.0002S−1. For voice call, the mean service rate is
assumed to be μv = 0.0083S−1 (equivalently, the mean call
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Fig. 2. Comparison of system award.
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Fig. 3. Comparison of handoff dropping probability.

holding time is about 2 minutes). The voice call intensity ρv
can vary from 6 to 16. Also, we set the handoff rate same as
that in [9], i.e., λvh = 0.2λv and λdh = 0.2λd.

A. Comparison of DTBR and CSPP schemes

Now we present the system award according to the formula
proposed in [9] (The total channel utilization and different
probabilities of the CSPP scheme under the same configuration
are presented separately in Section IV.B):

Award = −(α1log
Pvn
10 + α2log

Pd
10 ) + η,

where α1 and α2 are weighting factors and α1 + α2 = 1.
In [9], there is no service distinction between handoff data
and new data calls, so we set N3 = N to remove the data
service distinction in CSPP scheme (that is, Pdn = Pdh),
and the mixed data blocking probability Pd in our scheme
is Pdn + (1 − Pdn)Ppre. In [9], the handoff voice calls can
use total C channels of a cell (C = 30), the threshold of
new voice calls K1 (respectively, data calls K2) is set to be
29, 28 and 27 (respectively, 19, 23 and 27) in its Figs. 4 and
5, and we use the same parameter values in the following
Figs. 2-5, i.e., N1 = 29/28/27, N2 = 30. One may argue
that it is unfair with the different bandwidth resource for
data traffic in the two schemes. However, this is attributed
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Fig. 5. Comparison of transmission delay.

to the different characteristics between the two schemes. In
the DTBR scheme, more sharing bandwidth for data and
voice traffic can only lead to poor performance of voice
calls due to the intrinsic nature of contention in complete
sharing approach. Contrastively, in the CSPP scheme, no
contention exists between data and voice traffic. The voice
traffic can ignore the existence of the data traffic due to the PP
mechanism. Moreover, the total channels and the thresholds
of voice calls are the same in the comparison. Therefore, the
capability of data traffic to share all the bandwidth resource
exactly reflects the advantage of the CSPP scheme.

Fig. 2 presents the system award for the two schemes when
(α1 = 0.9, α2 = 0.1) and (α1 = 0.1, α2 = 0.9). It can
be observed that the system award is identically decreased
with the increase of voice traffic intensity, but the CSPP
scheme achieves much larger system award in both cases.
Fig. 3 compares the handoff voice dropping probability of
the two schemes. Obviously, the Pvh in CSPP scheme is
much lower than that in DTBR scheme. Fig. 4 compares the
total channel utilization of the two schemes. We can observe
that the channel utilization in both schemes is increased with
the increase of voice traffic intensity, but CSPP scheme gets
higher channel utilization than DTBR scheme and the channel
utilization in CSPP scheme is not sensitive to the change of
parameters N1, N2 and N3, which is a particular advantage



TANG and LI: AN ADAPTIVE BANDWIDTH ALLOCATION SCHEME 2883

6 7 8 9 10 11 12 13 14 15 16
10−11

10−10

10−9

10−8

10−7

10−6

10−5

10−4

10−3

10−2

10−1

ρv

P
vn

(N1,N2,N3)=(26,28,18)
(N1,N2,N3)=(28,28,18)
(N1,N2,N3)=(26,26,18)
(N1,N2,N3)=(26,28,14)
(N1,N2,N3)=(24,26,18)
(N1,N2,N3)=(28,30,30)

Fig. 6. New voice blocking probability Pvn.

6 7 8 9 10 11 12 13 14 15 16
10−14

10−12

10−10

10−8

10−6

10−4

10−2

ρv

P
vh

(N1,N2,N3)=(26,28,18)
(N1,N2,N3)=(28,28,18)
(N1,N2,N3)=(26,26,18)
(N1,N2,N3)=(26,28,14)
(N1,N2,N3)=(24,26,18)
(N1,N2,N3)=(28,30,30)

Fig. 7. Handoff voice dropping probability Pvh.

of CSPP scheme and can be used to satisfy different QoS
requirements by adjusting parameters N1, N2 and N3 while
meantime maintaining high channel utilization.

The good performances of system award, handoff voice
dropping probability and total channel utilization are achieved
at the expense of the increase of transmission delay of data
traffic, especially under high voice traffic intensity. This can
be seen from Fig. 5. Fortunately, the data traffic is usually
delay-tolerant and loss-sensitive [9]. And the goal of the CSPP
scheme is to achieve good system performance at the expense
of some degradation of data traffic (e.g., being squeezed or
preempted, and the increase of transmission delay). Moreover,
the feature of loss-sensitive of data traffic is well satisfied in
the CSPP scheme. This can be shown by comparing the Pdn,
Pdh and Ppre in Figs. 8, 9 and 10 in the next subsection: Ppre
is negligible as compared with Pdn and Pdh.

B. Performance of CSPP scheme

Figs. 6 to 13 study the system performance of CSPP
scheme through different probabilities, channel utilization and
transmission delay.

Fig. 6 shows that Pvn decreases with the increase of N1.
The reason is when N1 increases, new voice traffic can use
more channels from the system. We also observe that if N1
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Fig. 8. New data call blocking probability Pdn.
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Fig. 9. Handoff data dropping probability Pdh.

is fixed, Pvn just has a little change with the change of N2

or N3. For instance, Pvn of (N1, N2, N3) = (28, 30, 30) just
has a little bit change with that of (28, 28, 18).

Fig. 7 shows that Pvh are affected by both N1 and N2.
Pvh decreases with the increase of N2 when fixing N1,
while increases with the increase of N1 when fixing N2. For
instance, Pvh of (26, 28, 18) is lower than that of (26, 26, 18)
and (28, 28, 18). This is because when N2 increases, handoff
voice calls can use more channels from the system. While
increasing N1 and fixing N2, there must be more new voice
calls to contend with handoff voice calls. Moreover, in our
system configuration new voice calls have much higher arrival
rate than handoff voice calls (λvn = 0.8λv). Anyway, if we
just change N3, such as case (26, 28, 18) and (26, 28, 14), then
Pvh does not change. This is because the voice traffic ignores
the data traffic by the PP mechanism.

Fig. 8 shows that Pdn decreases with the increase of N3,
but the effect of N3 becomes gradually small with the increase
of N3. This is because when N3 increases, new data traffic
can usually use more channels from the system. But at the
condition of relative high ρv , most channels are quickly
occupied by voice traffic, the effect of N3 on Pdn gradually
decreases and Pdn at different values of N3 approaches the
same. Contrary to Pdn, Pdh in Fig. 9 increases with the
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Fig. 11. Total channel utilization.

increase of N3 at the relative low ρv . This is because the
increase of N3 leads to fewer channels (i.e., N−N3) reserved
for handoff data calls. But at the condition of relative high ρv,
Pdh at different values of N3 becomes larger and approaches
the same. The reason is the same as that of Pdn.

Fig. 10 shows how Ppre depends on the changes of pa-
rameters N1, N2 and N3. We can see that Ppre decreases
with the decrease of N3 when fixing N1 and N2, such as
(26, 28, 18) and (26, 28, 14). This can be explained as: when
N3 decreases, smaller new data calls are admitted into the
system, and new data calls have much higher arrival rate
(λdn = 0.8λd) in our configuration, which leads the smaller
number of total admitted data calls and therefore the chance
of being preempted becomes smaller at the same voice traffic
condition. We also found that Ppre decreases with the decrease
of N1 + N2 when fixing N3. For instance, Ppre gradu-
ally decreases at the order of case (28, 28, 18), (26, 28, 18),
(26, 26, 18), and (24, 26, 18) (these are not clearly in Fig. 10,
but can be distinguished by amplifying the figure in computer).
The reason is that the decrease of voice calls leads to small
preemptions. Furthermore, by comparing with Pdn in Fig. 8
and Pdh in Fig. 9, we can find that Ppre is negligible. If we
pick up (26, 28, 14) as an example, at ρv = 6, the numerical
scale of Pdn is 10−2 and Pdh is 10−5, while Ppre is 10−9.

This also validates the effectiveness of using a victim buffer
to compensate the injury of data traffic in our scheme. It is
noteworthy that the victim buffer is implemented by software
and its size can be easily adjusted according to the change
of N2. The main cost is some memory space that requires to
be partitioned in the memory management module. Moreover,
the resource allocation entity managing the victim buffer and
associated CSPP scheme is developed in the base station
(rather than the terminal). Thus, the extra cost is trivial as
compared with the great benefit the victim buffer brings.

Fig. 11 shows the channel utilization increases with the
increase of voice traffic intensity and has almost no change
with the change of parameters N1, N2 and N3. This is just the
advantage of “completely sharing" plus “preemptive priority"
in our CSPP scheme, which can be used to cater for different
QoS requirements by adjusting parameters N1, N2 and N3

while meantime not reducing the channel utilization. The
reason is, in our scheme data calls can use all the channels
of a cell if required, which avoids the case that data calls are
blocked while meantime there are still some free channels in
the system, and thus increases the total channel utilization.

Fig. 12 shows how the mean transmission delay E[TD]
changes with the change of (N1, N2, N3). It can be observed
from the amplified figure that: (i) E[TD] increases with the
increase of ρv in all situations. The reason is that more data
calls are squeezed or preempted by voice calls. (ii) E[TD]
decreases with the decrease of N3 when N1 and N2 are
fixed, see (26, 28, 18) and (26, 28, 14) for example. This is
intuitive since at the same condition fewer data calls will share
more bandwidth on average. (iii) E[TD] decreases with the
decrease of N1 and/or N2 when N3 is fixed, see (28, 28, 18),
(26, 28, 18) and (24, 26, 18) for example. The reason is the
same as that in (i).

Fig. 13 shows the effect of PP mechanism on transmission
delay by the effect factor ς . As expected, ς will increase with
the increase of ρv . The reason is that when ρv increases, the
PP mechanism gradually plays a more important role, leading
to the increase of ς . We also observe that the effect of PP
mechanism on transmission delay is very small3 (ς is about
3% even when ρv = 16), which means that the negative effect
of PP mechanism on E[TD] is trivial as compared with its
advantage, such as maintaining good performance for voice
traffic, allowing data traffic to share all the system resource
and thus maintaining high resource utilization.

C. Optimal design for N1 and N2

In mobile multi-service applications, different traffic classes
have different QoS requirements. One of the key QoS mea-
sures is the blocking or dropping probability. The new voice
blocking probability Pvn and handoff voice dropping prob-
ability Pvh in the CSPP scheme can be controlled through
the design parameters N1, N2 (their relationships have been
obtained in Figs. 6 and 7 in Section IV.B). On the contrary,
the optimal design for N1 and N2 can be determined if the

3It should be noted that, in Fig. 5, much difference between DTBR and
CSPP schemes at high voice traffic intensity is attributed to the fact that only
part bandwidth resource can be shared by data traffic in DTBR, while all the
bandwidth resource can be shared in CSPP. That is, more data calls can be
admitted into the system with CSPP, leading to larger transmission delay.
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specific QoS requirement (Pvn, Pvh) is given. At the condition
of dynamic traffic load, the QoS requirements are not usually
satisfied due to the changes of voice and data traffic intensity.
However, the CSPP scheme is a good selection to guarantee
the QoSs of voice traffic: a) when the voice traffic intensity
is changed, the QoSs can be guaranteed through the adaptive
adjustment of N1 and N2; b) whether or not the data traffic
intensity is changed, the QoS parameters (Pvn, Pvh) will not
be affected due to the PP mechanism (i.e., the voice traffic can
ignore the existence of data traffic). The specific algorithm for
the optimal design of (N1, N2) is as follows:
Step 1: Predefine the QoS threshold (Qvn, Qvh)4 and try some
initial value of (N1, N2).
Step 2: Compute (Pvn, Pvh) by the algorithm given in Section
III.D.
Step 3: If Pvn > Qvn (Pvh > Qvh), then increase N1 (N2)
by 1.
Step 4: Repeat Steps 2 and 3 until Pvn < Qvn, then stop
increasing N1, but continue to increase N2 and compute Pvh
until Pvh < Qvh.
Step 5: If Pvn � Qvn (Pvh � Qvh), then decrease N1 (N2)

4In general, Qvn is less than Qvh due to the higher priority of handoff
voice traffic.

TABLE I

THE DETERMINATION OF OPTIMAL VALUE FOR (N1 , N2)

(N1, N2) ρv = 8 ρv = 10 ρv = 12
(Qvn, Qvh)=(10−2, 10−6) (15, 19) (18, 22) (21, 25)
(Qvn, Qvh)=(10−2, 10−4) (15, 17) (18, 20) (21, 23)
(Qvn, Qvh)=(10−4, 10−6) (22, 24) (25, 27) (27, 29)

by 15.
Step 6: Repeat Steps 2 and 5 until Pvh < Qvh, then stop
decreasing N2, but continue to decrease N1 and compute Pvn
until Pvn < Qvn.

The above steps are for the initial optimal design of
(N1, N2), and Steps 2 to 6 can be used for adaptive adjustment
of (N1, N2) under dynamic load. Next, we do some numerical
simulations to validate the above algorithm and determine the
optimal value of (N1, N2). The parameter configuration is the
same as the first paragraph of this section, and the results are
shown in Table 1. We can observe that the optimal value of
(N1, N2) has been changed under different traffic loads. For
example, at (Qvn, Qvh) = (10−2, 10−6), we have (N1, N2) =
(15, 19) in ρv = 8, and (21, 25) in ρv = 12. We also observe that
the different optimal value of (N1, N2) can be achieved if the
different QoS requirement (Qvn, Qvh) is given. For example,
at ρv = 10, we have (N1, N2) = (18, 22) in (Qvn, Qvh) =
(10−2, 10−6), and (25, 27) in (Qvn, Qvh) = (10−4, 10−6).

V. CONCLUSIONS

We have proposed a novel adaptive bandwidth allocation
scheme, called CSPP scheme, for integrated voice/data mobile
networks. It distinguishes the service performance among
different traffic classes, and uses the complete sharing ap-
proach (within all the bandwidth resource of the system) and
degradation/compensation mechanism to further improve the
service performance and the bandwidth utilization efficiency.
To implement this, the CSPP scheme considers a PP mecha-
nism to maintain high performance of voice traffic while the
injury of data traffic is compensated through a victim buffer.
The analytical model of the CSPP scheme is analyzed by a
two dimensional Markov process. The steady state probability
vector is obtained recursively by the matrix-analytic method,
and many important performance measures are then deter-
mined, such as the new call blocking probabilities and handoff
dropping probabilities, respectively, for voice and data traffic,
the loss probability of preempted data traffic, the total channel
utilization of the system, the transmission delay of data traffic,
the busy period time and blocking period time in the cell.

From the performance analysis and comparisons as well as
numerical results, we can conclude that the CSPP scheme can
achieve complete service differentiation for different traffic
classes and very high and stable channel utilization at various
traffic loads. By adjusting the defined constraint factors, we
can not only maintain higher priority for handoff voice over
new voice calls and voice calls over data calls but also provide

5The reason for decreasing (N1, N2) is to protect the performance of data
traffic as much as possible, since a very low Pvn or Pvh (far less than Qvn

or Qvh) is also a waste of resource. Note that in the CSPP scheme, the
N −N2 bandwidth units are exclusively used by data traffic.
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necessary protection for data calls in hot-spot data traffic
situations.
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