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Abstract—This paper is a sequel of previous work, in which
an analytical approach for modeling and analysis of interaction
between two service levels (connection-level and packet-level) in
packet-oriented multi-service wireless systems was introduced.

The present work proposes an improved performance analysis
of large-scale queueing wireless networks.

A new unified analytical model from extended queuing theory,
which combines properties of both loss and queuing systems
with multi-rate traffic streams, has been applied for theoretical
performance study of multi-service WCDMA systems.
Keywords: teletraffic, packet-oriented multi-service queuing
wireless systems, packet delay, WCDMA, finite buffer.

I. INTRODUCTION

For successful planning of third generation wireless net-
works it is necessary to predict the traffic load such that an
upper bound for call blocking, packet dropping and packet
delay probabilities can be maintained.

To the best knowledge of the authors there are no re-
sults available for explicit theoretical analysis of behavior of
complex multimedia traffic in wireless heterogeneous environ-
ments.

The primary goal of this work is to apply a novel analytical
approach proposed by Iversen in [3] to large-scale queueing
wireless systems with mixed services for performance assess-
ment.

An important aspect considered in this study is that by
employing the above mentioned algorithm, the performance
can be assessed for each service class individually, taking
into consideration key features of radio networks, e.g. soft
blocking caused by wireless interference, as well as an inter-
action between the two performance levels: connection-level
and packet-level (call admission control procedure and call
handling process, respectively).

II. SYSTEM MODEL

The analytical model, used in our work, is an extension
and generalization of a two-level top-down analytical model
proposed in [2] for performance analysis of multi-rate loss
systems.

At connection level the network serves N independent
classes of Binomial-Poisson-Pascal (BPP) traffic streams with
arrival rates λ1, . . ., λN . For each service class, a two-state
on-off model is used to describe the traffic stream at packet-
level.

At connection level the offered traffic is handled according
to a Lost-Call-Cleared model (BCC) [5]. More complex traffic
behavior at packet-level is evaluated by Blocked-Call-Buffered
(BCB) strategy.

The main differences between the Block-Calls-Held (BCH)
model, which was used in [1] for traffic modeling at packet-
level, and the extended new model are demonstrated with an
illustrative example in Figure 1.

The system at packet-level has n+k channels; n represents
the number of effective channels (real capacity of the system),
and k reflects the buffering capacity. We denote the capacity
unit as a channel or basic bandwidth unit (BBU), which is
the largest common divisor of equivalent bandwidth of all call
streams offered to system and equal to the amount of resources
needed to carry one voice call, see [4] for more details. Each
user is assigned one or multiple channels, depending on the
service class of the source traffic. All users in this simple
example are treated with the FIFO-principle (First-In-First-
Out).

To incorporate a buffer into the model and to adapt the
algorithm for representation of all classical Markovian traffic
models the recursion formula for multi-rate loss systems [4]
has been appropriately modified:
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where x is the number of busy channels in the system,
pj(x) denotes the contribution of stream j to the global state
probability p(x), k is the buffer length, dj is the data rate
required by stream j, and b is a state dependent blocking prob-
ability (soft blocking), which characterizes the current other-
cell interference level. Each traffic stream is characterized by
mean offered traffic Aj and peakedness Zj .

The main difference between the two models is the system
throughput utilization, which is defined here as the number
of carried traffic units, for example measured in bytes, (see
Figure 1).

The key aspects of the algorithm are the following:
• Support the coupling between connection and packet-

level QoS (Quality of Service) characteristics for system
performance analysis.

• Support both real-time delay sensitive services as well as
non-real time background services.

• Generalization of scheduling policy and service priority
discipline to performance evaluation of traffic streams
with different QoS provisioning problems (parameters).

III. UMTS: PERFORMANCE CASE STUDY

In this work we concentrate our analysis on a multi-service
wireless queueing network with WCDMA radio interface.



Fig. 1. Exemplary representation of main difference between Lost-Call-Held and Lost-Call-Buffered

TABLE I
CELL PARAMETERS AND SERVICE TRAFFIC DESCRIPTION

Stream i = 1: Poisson i = 2: Engset i = 3: Pascal
(radio stream) (web browsing) (email)

Peakedness, Zi 1 0.2 1.5
Service Data Rate, di 1 10 2
Offered traffic, Ai (Erl) 4(8)128 40 37
Activity factor, ai 0.5 0.3 0.7

We investigate the behavior of multiple traffic flows under
more realistic assumptions, e.g. taking the influence of packet
delay on the QoS characteristics and the effect of soft blocking
(due to the wireless interference) into account.

We have applied the theoretical model sketched above to the
following application classes in WCDMA network: low-rate
real-time services like radio streaming and delay insensitive
applications like e-mail or web-browsing.

The influence of some system parameters on network per-
formance characteristics and on individual QoS indicators for
each service-class has been already discussed in our previous
work [1]. In this study we present further performance analysis
of WCDMA networks. Namely, by generalizing the traditional
teletraffic paradigm we extend a previous relationship among
loss and delay systems, traffic specifications, and incorporate
a priority scheme for some traffic streams.

We additionally introduce a buffers scheme in order to max-
imize the average system performance as well as individual
users’ throughput. The packets of each user are transmitted to
the base station and buffered in a queue if the capacity limit
is reached, as shown in Figure 1.

Our performance metrics are mean carried traffic, mean
packet queue length, overall mean waiting time and packet
dropping probability.

According to the obtained results the system based on the
Block-Call-Buffered model demonstrates essentially improved
performance characteristics in contrast to the Block-Call-Held
model, with regard to the mean carried traffic over the various
parameters of offered traffic.

Some results are summed up within Figure 2, where the sys-
tem performance versus offered traffic load for the particular
service-mix scenario (according to Table I) is demonstrated.

The y-axis shows the carried traffic in a WCDMA network,

which was modeled by using the novel BCB algorithm.
The performance was then compared with that of the BCH
approach, where the level for service loss was defined by some
hard threshold value, (see [1] for more details).

System load was varied only for the 1st service class by
keeping a fixed value of offered traffic load for the two other
services.

In the graph positive effects of buffer can be recognized
in terms of outage (packet dropping) reduction within the
WCDMA system.
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Fig. 2. Impact of buffer scheme and other-cell interference on the packet-
level system performance.

Another interesting point to analyze is how the traffic load
of other-cells influences the performance results of the cell
under consideration. For this, the other-cell traffic scenario
was varied by keeping other network characteristics constant
(see Figure 2).

IV. SUMMARY

In this paper we present an analysis of resource alloca-
tion scheme for large-scale queueing wireless networks with
WCDMA radio interface in terms of performance prediction.



To model the complex multi-rate multimedia traffic and, con-
sequently, to evaluate the performance of the system reliably a
novel efficient algorithm from extended teletraffic theory was
used.

The findings of the application of the above mentioned
model to WCDMA networks show the advantage of using
Block-Call-Buffered model as a more realistic approach for
modelling system processes on the rather complex network
packet-level.

The proposed generalized algorithm can be used to derive
different system performance indicators in a highly efficient
way. The obtained results help to work out and further
understand the typical behavior of multi-service systems un-
der different air interface conditions and various traffic and
scheduling scenarios. This method can be used for the perfor-
mance prediction and the optimum design of arbitrary systems.

Details of algorithmic realization together with more ex-
plicit performance results will be included in the final paper.
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