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Abstract—Service and Buffer Management techniques can be
used to ensure Quality of Service (QoS) for different traffic flows
according to some specific policies. In this study, a single buffer
queuing system is considered to model single and multi channel,
homogeneous wireless network systems such as wireless local area
networks (WLANs) and cellular networks. These systems are now
being used to carry both voice and data traffic and hence it is
important to optimise these systems in an attempt to reduce the
blocking, and minimize the latency to acceptable ranges. Since
voice packets are delay sensitive, they have the priority to receive
service. Also they require smaller buffering capacities, since the
response time to voice requests should be below specific values.
In addition, in order to reduce retransmission on reliable data
connections, data packets are not usurped by incoming voice
packets. In this paper, a mathematical analysis of this scenario
is explored.
The proposed mathematical model is represented by two
dimensions; one for incoming voice packets and one for data
packets. The models proposed show that it is possible to store
incoming voice packets in the queue in case the channel or channels are busy. Both voice and data packets have finite buffering.
Incoming voice packets are blocked when the voice buffer or
the common queue is full. Therefore there is an added blocking
probability of voice due to the presence of data packets in the
system when the common queue is full. The analytical model
is validated using simulation. The system proposed attempts to
provide minimum delay for voice while reducing the disruption
to reliable data connections. Numerical results show that, it is
possible to attain these goals with reasonable buffer sizes. This
study is useful for understanding the trade-offs and thresholds
of single and multi channel systems with voice and data traffic.
Index Terms—Service Priority, Buffer Management, Traffic
Models, Quality of Service, Two dimensional Markov chains.

I. I NTRODUCTION
In modern communications, different wireless technologies
(WLAN and cellular networks) play a significant role in
providing high throughput wireless Internet access, due to the
widespread acceptance of wireless technologies in enterprise
environments. This is mainly because of better bandwidth,
the popularity of cellular phones, and the growing range of
multimedia applications such as Skype. Multimedia traffic
is the transmission of data representing various media with
different QoS requirements over communication networks.

The correlation between traffic and capacity on different
networks is one of the most critical issues because of the
limited availability of radio spectrum. Therefore, it is very
important to examine the capacity of systems with acceptable
blocking probabilities and response times for each type of
traffic. This can be used as a measure of system resource for
comprehensive analysis [1].
Since voice packets are delay-sensitive, they differ fundamentally from data traffic. Therefore, the use of wireless
systems to transport real-time packets is a challenging task to
provide QoS for voice traffic while maintaining high throughput for data traffic [2], [3]. In cellular networks, traditional
support for multi-service traffic would involve the use of
channel reservation schemes for voice packets. Such a policy
is not applicable in single channel systems such as WLANs.
However, it is possible to give service priority to voice traffic.
In addition, due to higher data rates of WLAN, it has been
shown that a small amount of buffering can be used for voice
packets [4], [5]. However, while it is important to minimize
delay for voice packets, it is also essential to maintain reliable
data connections using transport protocols such as TCP/IP. It
is necessary to avoid dropping TCP packets as they would
have to be retransmitted. This action of course may lead to
increase blocking probability for voice packets. Hence, we
avoid removing data packets, i.e., if incoming packets arrive
and the buffer is full, data packets are not removed and so we
increase the blocking probability of voice due the presence of
data packets, depending on the buffer size. This paper develops
mathematical models to study this scenario for single and multi
channel systems. This work challenges the assumption that
channel reservation is the only way to provide acceptable QoS
for heterogeneous networks [6].
In this paper, a detailed traffic analysis is provided for
systems with various characteristics in terms of the number of
available channels and buffer capacities. A modified spectral
expansion solution approach [7] is employed for numerical
results. In Section II, the related work is considered. The
analytical models are presented in Section III, and simulation
program employed is explained in Section IV together with

validations of analytical models. Detailed analysis of integrated traffic is provided with numerical results for systems
with various characteristics in Section V. A summary is
provided with relevant conclusions in Section VI.
II. P REVIOUS W ORK
Voice telephony is no longer the only available service in
wireless and cellular systems. Multiple traffic systems now
consist of integrated services with distinctive QoS requirements. A number of different schemes have been proposed
to deal with this problem. Though most of these schemes
explored mobility and multimedia characteristics, few studies
have considered the impact of buffering of voice packets in
integrated voice and data services. Therefore, we aim to make
a critical investigation of existing traffic models and offer
generic models and traffic schemes for WLANs and cellular
networks in order to analyse the impacts of buffering of voice
packets.
Traffic Management (TM) is known as the set of policies
and mechanisms to handle network congestion and poor
performance of a network. Call Admission Control (CAC),
scheduling, and buffer management mechanisms can be combined in order to ensure high QoS for different service
classes [8]. Buffer management schemes can be categorised
into three different classes: Complete Partition (CP) policy
based, Complete Sharing (CS) policy based, and Partial Buffer
Sharing (PBS) policy based [9]. PBS scheme is used to control
different priority classes based on thresholds in buffers [9],
[10].
In [2], the authors investigated appropriate network buffer
sizing for voice traffic for 802.11 WLANs. Most of the recent
works focused on MAC design and operation; this study was
the first to address the question of network buffer sizing for
voice traffic. The authors showed that the choice of buffer
size has a significant impact on the average rate of successful
message delivery over a communication channel achieved by
an Access Point (AP) and hence the need for a dynamic
buffering strategy [3]. Similarly in [5], the effects of using
priority strategy, buffering, threshold control on the buffer,
and channel reservation on the channel allocation schemes
were investigated for GPRS systems. Results in [5] showed
that it is possible to set a small amount of buffer for delaysensitive voice packets and a larger buffer for non-delay
sensitive data packets. Furthermore, channel reservation may
directly improve the performance of a particular service while
decreasing the performance of the other services significantly.
In [11], a congestion control system is developed to provide high utilization and fairness for multi-server computer
systems. Partial buffer sharing scheme with thresholds and
blocking is used for two distinct priority traffic types. As
the author mentioned in this paper, performance measures
significantly change because of the impact of blocking factor
and threshold policy. Therefore, a set of initial parameters for
such systems should be chosen. These parameters are mainly;
buffer capacity, the initial value for threshold, and blocking
ratio for both traffic types and also modification step level. As

previously mentioned, the results obtained from the proposed
model can be used as the basis for the development of dynamic
algorithms in similar studies such as [11].
In [4], a generic traffic model is developed for a single
channel WLAN network and the impact of buffering of voice
packets over data packets in integrated services is analysed.
Prioritization of voice packets over data packets for the proposed model is the main policy, where data packets receive
service if and only if there are no voice packets in the system
since a single channel is assigned for both of the services.
The results showed that a small amount of buffering for voice
packet, Lvc < 8, and larger amount for data packets should
be reserved.
The traffic model considered in this study is more generic
than the one considered in [5]. Furthermore, our proposed
models are different from the model in [12] since we deal
with different traffic characteristics. Instead of reducing the
input rate of any service type, we do sensitivity analysis to
find trade-off between various parameters for integrated voice
and data services. The models presented are validated by
simulation, which considers the actual scenario in an event
triggered fashion and not the Markov model. The models can
easily be adopted for different scenarios.
III. M ODEL D ESCRIPTION
A. SINGLE CHANNEL MODEL
An analytical, generic traffic model, is provided for performance evaluation of integrated voice and data packets within a
single channel homogeneous wireless communication system.
The channel is assigned to two different types of traffic; realtime (voice) and non-real-time (data) traffic flows. In this
system, voice is given service priority but both voice and
data packets are buffered in an integrated system. Therefore,
Queuing theory and Markov chain analysis can effectively
be used to investigate the operational spaces and limitations
caused by different characteristics of systems in terms of the
blocking probability.

Fig. 1.

The model of the system with finite buffering.

Fig. 1 represents the proposed model for two different types
of traffic (voice and data) based on the pre-emption policy. The
proposed scheme can be modelled as shown in Fig.2 using a
two-dimensional Quasi birth-death process. Pi,j is the steadystate probability for a state with i active voice packets and j
active data packets. Since the downward transitions are only
possible for the states where there are no voice packets in the
system (left most column of the Markov chain in Fig. 2), it is
possible to obtain all state probabilities in terms of P0,0 , and a
product form solution can be provided to solve such a system
as provided in [4].

The arrivals of voice and data packets are assumed to be
independent and follow Poisson distribution with mean arrival
rates σv and σd respectively. The service times of voice and
data packets, are assumed to follow exponential distribution
with means 1/µv for voice packets and 1/µd for data packets.
The maximum number of voice packets allowed in the
system is equal to one voice packet assigned to the channel
(S = 1) in the system plus the queuing capacity Bvc (in Fig.
1). The maximum number of voice packets in the system is
given by Lvc , where Lvc = S + Bvc . On the other hand, the
number of data packets accepted in the system is equal to one
data packet being serviced plus queuing capacity Bdt (in Fig.
1). The maximum number of data packets in the system is
given by Ldt , where Ldt = S + Bdt and Bdt > Bvc .

the data packet has to be queued if the buffer has free space
or blocked if it is full. If the channel is not busy data packet
receives service.

Fig. 3.

Flowchart of the traffic flows with finite buffering.

B. MULTI CHANNEL MODEL

Fig. 2. The state transition diagram for the performance model of the system
considered with finite queuing capacity.

1) Service Prioritization of Voice packets: For the preemptive method, an ongoing data packet is buffered and its
channel is allocated to an incoming voice packet. Since a
single channel is assigned to both voice and data, where the
voice has service priority the data packets do not receive
service if the voice queue is not empty.
2) Buffer Management for Integrated Voice and Data Services: The flowchart showing buffer management is given in
Fig. 3 to show the admission of voice and data packets to the
system. When there is a new packet; for voice packets, if the
channel is available then the request is assigned to the channel.
If the channel is not available, then if voice is currently being
served, the incoming voice packet is queued if the buffer is
not full or else the incoming packet is blocked. However, if
data is being served, it is pre-empted by the incoming voice
packet and if there is a room in the buffer the pre-empted data
is queued or else it is blocked. For data packet arrivals, first,
the number of voice packets that are in the system is checked.
If there are voice packets in the system then the incoming data
packet is queued if the queue is not full. If the queue is full,
it is blocked. If there are no voice packets in the system and
the channel is busy (then another data packet is being served)

The multi channel model presented is similar to single
channel Markov chain. Any one of the channels can be
assigned to real-time (voice) and non-real-time (data) traffic
flows. The priority is again given to the voice packets in the
system.
The data packets do not receive service if the number of
voice packets in the queue is higher than or equal to the
number of channels in the system. When there is a new voice
packet, if there is an available channel, then the request is
assigned to the channel. If all the channels are busy with
voice packet requests, the incoming voice packet is queued
if the buffer is not full or else the incoming packet is blocked.
However, if there are channels busy with data requests, one of
the data requests is pre-empted by the incoming voice packet.
If there is a room in the buffer, the pre-empted data is queued
otherwise it is blocked.
For data packet arrivals, first, the channels are checked and
if they are all busy either with voice or data packet requests,
then the incoming data packet is queued if the queue is not full.
If the queue is full, it is blocked. If the channel is not busy data
packet receives service. The Markov chain for representing the
states of the multi-channel system is provided in Fig. 4.
Voice and data packets are buffered in an integrated system. Therefore, queuing theory and Markov chain analysis
can effectively be used to investigate the operational spaces
and limitations caused by different characteristics of systems.
However it is not possible to use the method in [4] to have a
product form solution for the multi channel case. It is possible
to solve the system for state probabilities, as a system of
simultaneous equations for an exact solution, however this
would be quite costly in terms of the computation time. In this
study an approximated version of spectral expansion solution
approach has been adopted for more efficient calculations.
It is possible to extend the solution methodology presented
in [7] for performance evaluation, and buffer analysis of two

Fig. 4.

The state transition diagram for the performance model of the system considered with finite queuing capacity and multi-channel.

stage open queuing models which is used to represent the
integrated voice and data traffic. Let the number of voice
packets in the system, (I(t)), be represented in the horizontal
direction and possible number of data packets (J(t)), be
represented in the vertical direction of a lattice strip. Matrices
A, B, and C [7] are used to represent purely lateral, one
step upward and one step downward transitions similar to
[7], and the resulting system is solved for the steady state
probabilities using the steady state solution presented in [7].
In the spectral expansion solution approach used, there are
transitions to the states where the total number of voice and
data packets can be higher than Ldt . In other words when
Fig. 4 is considered, the states at the top right corner of the
lattice can be visited, however they have significantly lower
state probabilities. For systems where the states on top right
corner are visited with high probabilities, spectral expansion
does not give good approximations and system of simultaneous

equations is employed. A custom simulation package has
been developed to simulate the scenario explained above for
validation of the approximation used. The details are provided
in section IV. The details of the spectral expansion method
employed can be found in [7].
IV. S IMULATION
Our objective in this section is to provide an overview of
the developed simulation tool. The simulation tool is mainly
used for validation of the models developed, however it can be
used for performance evaluation of various scenarios since it
simulates the actual scenario rather than the Markov models.
A discrete event simulation (DES) approach is implemented
for the queueing processes since it is more effective and
computationally less expensive for queueing theory. Therefore,
our discussion in this section is restricted to discrete-event
simulation (DES). A DES model is defined as one in which
the state variables change only at those discrete points in

Mathematical model
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0.1
0.3
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0.6
0.9
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0.95
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0.99

M qlv
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5.3858

M qld
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92.4462
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92.6880

Simulation
M qlv
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2.8057
4.4318
5.2290
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5.3085
5.3864
5.3873

M qld
4.2025
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6.9440
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(%)
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0.3395
0.2992
0.3227
0.3312
0.3411
0.0631
0.2534
0.3475
0.3272
0.0270
0.2994

In order to further emphasise the accuracy of the analytical
model, Fig. 5 and Fig. 6 are presented. M QLv and M QLd
results are given as functions of uv . The simulation software is
developed in C++ language and validated to simulate the actual
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system. Each result obtained from the simulations is within the
confidence interval of 5% with a confidence level of 95%. A
laptop with 2.40 GHz Intel(R) Core(TM)2 Duo processor, 4
GB RAM and MS V C + + 10.0 is used to achieve all the
results presented in this study.

0.9

Response Time(Rtv )

TABLE I
COMPARATIVE RESULT 1

TABLE II
COMPARATIVE RESULT 2

Blocking Probability(Bpv )

time at which events occur [13]. Well known queueing theory
formulae for systems such as M/M/1/L and M/M/S/L are
used for validating the simulation in development phase.
The simulation developed considers the stochastic processes; both type of packet arrivals and departures occur one
at a time in a random discrete event triggered fashion when a
packet enters the system and service is completed respectively.
Once the voice and data packets join to the queue, they
ultimately receive service at some time. However, data packets
are only served when there are no voice packets in the queue
even when the multi-channel system is considered. This is
due to the priority given to voice packets over data packets.
The packets waiting in the queue are served in order of their
arrival, first in first out (FIFO), by single or multi channel
systems. When the service event is completed, the channel
(channels) becomes idle or remains busy with requests which
were stored in the queue. While a particular event is handled,
the next event is generated.
Please note that the traffic intensity for data and voice packets are defined as ρd and ρv respectively where ρd = λd /µd
and ρv = λv /µv . Similarly the traffic intensity per server is
defined as ud = ρd /S and uv = ρv /S for data and voice
packets respectively.
In order to validate the proposed analytical model, the
results obtained from the analytical model are presented
comparatively with the simulation results for different voice
traffic load per server (uv ) in Table I and II. For both types
of packets, Mean Queue Lengths (M QLv and M QLd for
voice and data respectively) are considered in Table I. The
table shows the discrepancy for M QLv and M QLd results
respectively, where S = 8, ud = 0.5 packet/ms, Lvc = 16
and Ldt = 100. The maximum discrepancies between the
analytical solution and simulation are less than 0.3475% and
1.6994% for M QLv and M QLd respectively. In Table II,
Blocking Probability and Response Time of voice packets
(Bpv and Rtv ) are considered. The maximum discrepancies
between the analytical solution and simulation are less than
0.9270% and 0.3566% for Bpv and Rtv respectively.

12.4
1

Fig. 6. Blocking probability and Response time for voice packets as uv
increases.

V. N UMERICAL R ESULTS AND D ISCUSSIONS
Numerical results are presented in this section in order to
show that it is possible to buffer voice packets, while the
response time is still acceptable, i.e., less than 100 ms [4]
and data packets receive desired levels of QoS.
The parameters used in the mathematical calculations are
as follows: Mean service rate for voice packets (µv ) and

mean service rate for date packets (µd ) are 0.08 and 0.06 ms
respectively. The other parameters used are varying depending
on the limitation of the system.(i.e number of channels, mean
arrival rates and utilization of channels).
Please note that the voice packets are blocked if the number
of voice packets are larger than Lvc or the total number of
voice and data packets are equal to the maximum buffer size,
Ldt . Therefore, blocking probability for voice calls in the
proposed models can be calculated as given in eqn. (1).
Bpv =

LdtX
−Lvc

PLvc ,j +

LX
vc −1

j=0

Pi,Ldt −i

(1)

i=0

The first term of the equation is the blocking probability of
voice due to the finite storage capacity of Lvc . On the other
hand the second term is the blocking probability due to the
presence of data. In this paper, we define blocking probability
due to the presence of data as δx.

Fig.9 shows the effects of ud for different channel and
buffering capacities for voice packets and Ldt = 100. The
δx is given as a function of ud for different uv and Ldt values
and constant Lvc in Fig. 10. Results in Fig. 9 and Fig. 10 show
that, the effect of data packets on voice packets can be dealt
with by varying the buffer size and/or increasing the number
of channels for the integrated services, as long as uv +ud < 1.
It is possible to employ the models presented and the
simulation to further explore the buffering characteristics. It is
possible to specify the sizes of the buffer which can minimise
the δx, in other words the sizes of buffer where the voice
packets behave independent of the data, like an M/M/S/Lvc
system.
0.5
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Fig. 7 shows the blocking probabilities of voice packets as
a function of data traffic load per server (ud ) for different Ldt
values. The results show that as ud increases, the blocking
probability for voice packets increases as well. It is also
shown that the voice blocking probability decreases as data
buffer capacity increases. The system reaches saturation at
ud = 0.6125. At this point, the buffer capacity makes little
difference for Ldt = 400 and Ldt = 600. This means that
when uv + ud ≥ 1 the system reaches saturation regardless
of the buffer capacity, and the buffer capacity of the wireless
system does not affect the system performance. This verifies
that the integrated systems obey the known limitation of
general queuing network systems.
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Fig. 8 shows the effects of ud on the cost of data packets
over voice packets, i.e. δx for different Ldt values. The results
in Fig. 8 clearly show that, when the overall buffer size is
large (e.g Ldt = 400), the cost of data packets δx is very
small (almost zero). Therefore the effects of data on voice
packets can be minimized by using large buffers and can also
be controlled by varying the buffer size. However, the figure
also shows that this is only true when uv + ud < 1.
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The amount of buffering required to make the integrated
systems perform like M/M/1/Lvc and M/M/S/Lvc is ex-
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Analysis of Ldt for single channel systems.

Time for the data packets increase. The increase is more
rapid for the smaller ud values when the mean arrival rate
for σv > 1.5. When data load in the system is high, the
response time reduces significantly compared to the smaller
data loads, and therefore, increasing σv does not affect the
system significantly. This is because the data packets dominate
the system and therefore as Fig 13 shows, voice packets are
blocked. Hence, Response Time for data packets are decreased.
Fig. 14 shows the M QL for voice packets as a function of
σv for various Lvc . The results show that as Lvc increases,
the upper-bound for M QLv increases. However for relatively
small loads of voice traffic, the Lvc does not affect the system
significantly.
Mean Queue Length(M QLv )

plored in Fig. 11 and Fig. 12 respectively. The Ldt value
required for the systems to perform like M/M/1/Lvc and
M/M/S/Lvc is considered as a function of ud . In other words
the buffer capacities (Ldt ) required to make sure data packets
do not affect the voice packets are specified for different data
loads. The results are also presented for various values of uv .
According to the the results in both figures, this is possible
for the single channel system for Ldt ≥ 400, and for multi
channel systems when Ldt ≥ 133.
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Fig. 15 shows the effects of Lvc on the MQL of voice and
data packets for uv = 0.6 and ud = 0.4 and different numbers
of channels. The results show an increase in M QLv as Lvc
increases for Lvc < 15. However, if the response time is in
acceptable levels [4], increasing the queuing capacity of the
voice packets further, does not affect the system. However,
increasing the number of channels affect the M QLv . While
MQL for voice packet is increased, MQL for data packets is
decreased.
VI. C ONCLUSION

Fig. 13 shows the Blocking Probability for voice packets
and Response Time for data packets as a function of σv
for different ud values. The results show that as the arrival
rate of the incoming voice packets increase, the Response

In this study analytical models are presented together with
simulation results for single and multi channel wireless communication systems with integrated voice and data packet
requests.

This work shows that, the buffering scheme proposed to
store packets from various traffic sources is as important as
the prioritization of traffic classes to understand overall system
performance. Not removing data packets from a full buffer at
the arrival of a new voice packet results in increased blocking
probability for voice packets. However the analysis performed
shows that with larger buffer capacities, it is possible to avoid
this since the results tend to be same as M/M/1/Lvc , and
M/M/S/Lvc . These results are also significant as they show
that it is possible to support both voice and data using a
scheme where voice is given service priority but there is
a small amount of buffering for voice packets and a larger
amount of buffering is reserved for data packets. The key
observation is that since most data connections on the Internet
use TCP/IP which is reliable, dropping data packets will result
in retransmissions which tie up network resources. Hence it is
always better from network point of view to avoid dropping
data packets. The analysis shows that having Lvc < 8 and
Ldt > 400 for a single channel system, result in providing
a stable and optimum environment for these traffic types.
The results obtained for the multichannel systems, also shows
that having Lvc < 15 and Ldt > 133 , results in providing
optimum results (δx = 0) where the integrated system tend to
be same as M/M/S/Lvc where S ≥ 5.
Finally, this work is not only relevant to single channel
WLAN systems, or multi channel cellular systems but is also
relevant for wired systems such as ingress routers which must
serve multi-service traffic such as voice and data over several
interfaces. Dynamic queue management techniques in routers
have not previously considered traffic classes and are based
around reduced threshold values [12], [14]. This paper shows
that future dynamic queue management algorithms should take
into account traffic class characteristics in order to provide
efficient routing algorithms in multi server environment. For
further work we would like to model video traffic as well
probably using Batch process arrival. Once we have developed
a generic model, we aim to design mobility-dependent QoS
framework to support the high capacity demand which is
required for voice, data and video traffic in networks.
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