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ORGANIZATION OF PAPER

This paper is organized into four sections:

• The first provides background information
and highlights the main issues that are
addressed.

• The second examines the subject of traffic
modeling for voice and packet data
applications. 

• The third presents proposed solutions,
including explicit delay probabilities and
waiting time distributions for both
nonprioritized and two-class priority cases. 

• The fourth states conclusions and provides
closing remarks.

INTRODUCTION

Unlike the first-generation (1G) and second-
generation (2G) wireless technologies—

designed primarily for voice applications—a main
feature of third-generation (3G) systems and beyond
(3G+, including enhanced 3G and fourth-generation
[4G]) is their high-speed multimedia capability.
These new technologies also enable concurrency,
allowing a mobile user to simultaneously place a
voice call while downloading a large file, composing
or replying to e-mails, and browsing the Internet.
Thus, a wireless user is no longer limited to only
voice calls or very low-speed (often circuit-switched
[CS]) data applications.

In fact, as voice use reaches saturation levels,
packet data applications are expected to play an
increasingly important role, and provide a greater
source of revenue, in future-generation wireless
networks. In support of this enhanced capability,
approved 3G+ standards incorporate pre-defined
quality of service (QoS; sometimes referred to as
grade of service [GoS]) requirements for each
type of application. The QoS vector includes
parameters such as guaranteed user throughput,
maximum allowed delay, maximum allowed
jitter, bit error rate, and maximum tolerable
packet loss rate. 

Today’s commonly used traffic models and tools
designed for CS voice applications are
insufficient to handle the new packet-switched
(PS) multimedia applications. Increasing
competition among operators and the very
stringent QoS requirements make it crucial for the
network designer to estimate network size as
realistically as possible. An undersized network
cannot provide the required QoS, leading to
unsatisfied customers and high churns; an over-
designed network is wasteful, particularly with
network operators facing fierce competition and
tough financial situations.

While there is much in the literature about QoS,
call admission control (CAC), and radio resource
management (RRM) [1–9], most articles either
look at the architecture required to support QoS
or examine various resource-sharing algorithms.
More specifically, they focus on power allocation
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algorithms for the base transceiver station (BTS)
scheduler, who must examine the requested 
or required data rates for different
users/applications and try to allocate the
required power for the desired bit rate. 

This paper takes a different approach. It
determines, a priori, the kind of resources (time
slots, frequency channels, required power, Walsh
or orthogonal variable spreading factor [OVSF]
codes) needed at a BTS or Node B to guarantee
the required QoS. It does this by providing
explicit closed form expressions for the queuing
delays or waiting time distributions in BTS or
Node B. Doing this helps the network designer to
properly dimension the network and network
resources to provide the desired services with the
required QoS for the various applications.

Furthermore, the current push for voice over
Internet Protocol (VoIP), such as the release of
Revision A of the code division multiple access
2000 (cdma2000®) 1xEV-DO technology standard,
and the recent standardization attempts for 
IP multimedia subsystem (IMS) seem to point 
the future toward all-IP, all-packet services
networks. Networks would, of course, have very
stringent QoS requirements for voice, video,
teleconferencing, and streaming applications. 

To allow these different classes of services,
transmitter sides typically have different queues
for different priority levels. To address this
situation, this paper looks at two-class priority
queuing systems. For instance, since handover
calls are typically more important than new
originating calls, priority schemes are used to
differentiate between these classes of calls, as well
as to differentiate among various packet data
services. The paper shows the results for a two-
class case, noting that the results can easily be
extended to the m-class case. The paper also
accounts for the effects of wireless channel
impairments, such as fading, in the context of
automated repeat request (ARQ) retransmissions.

TRAFFIC MODELING

To successfully design a network, it is
important to select the appropriate source or

user traffic models that reflect the behavior of the
network users [10].  Since voice is currently
handled as CS and data as PS, this paper looks at
voice and data traffic separately.

Voice Traffic Modeling 

The theory of voice traffic modeling and network
dimensioning is both well understood and well
established [11, 12]. Typically, the random arrival
of calls is modeled as a homogenous Markov
(Poisson) process with exponential inter-arrival
times based on an average arrival rate of λ calls
per second and with call durations modeled by
exponential distribution using a mean duration
or call holding time of 1/µ seconds per call. By

ABBREVIATIONS, ACRONYMS, AND TERMS

1G first generation

2G second generation

3G third generation

3G+ beyond 3G

3GPP™ Third Generation Partnership
Project

4G fourth generation

AF activity factor

ARQ automated repeat request

AS application server
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CDMA code division multiple access 
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FIFO first in, first out

FTP file transfer protocol

GoS grade of service (same as QoS)

GPD generalized Pareto distribution

HOL head of the line

HTTP hypertext transport protocol

IMS IP multimedia subsystem

IP Internet Protocol

LAN local area network

LIFO last in, first out

MT mobile terminal

OVSF orthogonal variable spreading
factor

PC packet call

PS packet switched

QoS quality of service

RAN radio access network

RRM radio resource management

TCP transmission control protocol

VoIP voice over IP

WAP wireless application protocol
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assuming that s servers or resources (frequency
channels, time slots, channel elements, etc.) can
be assigned to arriving calls based on a first-
come, first-served (FCFS) policy without
prioritization or queuing of blocked calls, and
that the number of arriving calls is infinite (or
sufficiently large), then queuing theory can be
used to establish a simple relation between call
blocking probability PB, λ, µ, and s. More
specifically, it can be shown that:

(1)

The significance of this relation, known as the
Erlang B formula, is that, given any three of the
parameters, the fourth can be computed easily.
For example, given the demand traffic (basically λ
and µ) and the desired QoS (here, simply the
blocking probability), the required resources s can
be easily determined. 

We are going to focus on queuing systems and
use Kendall’s notation to describe the system
characteristics. The notation is of the form
A/S/s/c/p/D, where A is the arrival process; S, the
service time distribution; s, the number of servers;
c, the system capacity (i.e., number of servers plus
queue size); p, the population size or maximum
number of calls that can arrive; and D, 
the queuing discipline, such as first in, first 
out (FIFO) or last in, first out (LIFO). In this
notation, Erlang B modeling corresponds to an
M/M/s/s/∞/FIFO queue, where the two M’s denote
that the arrival process and the service time
process, respectively, are both Markovian
(Poisson), and the two s’s denote that s system
resources are available to handle up to s users at
a time, with no queuing or buffering of blocked
calls. This model is appropriate for voice because
voice callers prefer that their calls be blocked
during busy periods rather than being placed on
hold. Also, because there is no buffer in Erlang B,
the average delay for calls that go through is
simply the average service time, i.e., 1/µ.

For certain applications where callers can be
placed in an (infinite) queue when all resources
are tied up, analysis is still rather simple, with the
results corresponding to an M/M/s/∞/∞ queue
(with PD being the probability that a caller is
delayed), better known as Erlang C:

(2)

In the Erlang C model, the total average delay is
the sum of the average service time 1/µ and the
average delay in the queue Wq, which is given as:

(3)

Packet Data Traffic Modeling 
While the characterization of voice users is fairly
straightforward, the traffic generated by packet
data users is highly dependent on the application
and has a high degree of burstiness (i.e., the inter-
arrival time between data packets, as well as the
packet length, can vary widely). Also, the
transmission control protocol (TCP) rate
adaptation mechanism causes the amount of
transmitted traffic to depend on the network load
and the contacted server’s processing speed.
Thus, the customer’s behavior is feedback-
oriented and is determined not only by the
application, but also by external influences that
are difficult to foresee. This feedback-oriented
nature of packet data applications makes the
Poisson model inappropriate for most packet
data traffic modeling. Furthermore, differences
among hypertext transport protocol (HTTP)
versions and among browsers affect the way a
Web page is downloaded and how much traffic 
is generated.

Currently, the most frequently used wireless data
applications are Web browsing, e-mail, file
downloading/uploading using the file transfer
protocol (FTP), and the wireless application
protocol (WAP). Without loss of generality, this
paper looks at HTTP and e-mail and refers
interested readers to other sources—including
traffic models recommended in the Third
Generation Partnership Project (3GPP™) and
3GPP2 standards bodies—for FTP, WAP, etc.
[13–15].

HTTP Modeling
Three basic methods have been used to measure
and model Web traffic:  (a) using server logs; 
(b) using client logs, and (c) tracing packets or
measuring traffic through a local area network
(LAN) and extracting the Web traffic. The models
proposed in these approaches all have the same
structure:  The user creates a session, consisting of
a random number of packet calls (PCs), where
each PC has a random number of packets and
durations or lengths. This HTTP model is
depicted in Figure 1.

This model is particularly useful and is general
enough to encompass many other practical PS
models for both real-time and nonreal-time
applications, such as e-mail and FTP. The model
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is completely specified by the following five
parameters:

• Number of PCs in a given session:  Npc
• Reading time between PCs:  RT

• Number of packets within a PC:  Np
• Packet inter-arrival time: IT

• Packet size or length:  SP
Table 1 summarizes the characteristics of 
these parameters, obtained from extensive
measurements.

The following general remarks apply to this
HTTP model:

• Geometric distribution is a discrete version of
exponential distribution.

• Exponential distribution is a special case of
generalized Pareto distribution (GPD), given by:

(4)

where k is the shape parameter and α > 0 is
the scale parameter. Note that for k = 0, GPD
reduces to exponential distribution with
mean α, while for k < 0, it reduces to standard
Pareto distribution.

• Pareto with cutoff is used in the Web model
because, in real applications, packet size is
always upper-bounded by a maximum value
m, i.e.,

(5)

where p is the standard Pareto random
variable and m is the maximum allowed
packet size (typically, m = 66,666 bytes).

E-Mail Modeling
Besides HTTP, the most important wireless data
application is probably e-mail, for which the
literature contains various models [13–17].
During an e-mail reading session, the first
information received is the header. This is
followed by an off period or read time while the
user reads the received information, i.e., the list of
available e-mails, old and new. Then the user
may decide to download the first new message, 
if any, with more off time to read that message.
The user may then decide to download the next
(new or old) message or compose a response 
to a message, etc. Graphically, e-mail traffic 
can be modeled as shown in Figure 2.

Other Traffic Modeling
Using similar logic, traffic models can also 
be constructed for FTP and other applications
with a similar structure. Basically, every user/
application starts a session. Session traffic can be
described in terms of the arrival process for user
activities and the activity-phase process. For a
voice call, the session duration is just the duration
of that call. For packet data, the session is

MODEL 
PARAMETER DISTRIBUTION

DISTRIBUTION
COMPLETELY
SPECIFIED BY

TYPICAL 
VALUES

Npc Geometric Mean, µNpc 5

RT Geometric Mean, µRT
41.2 

Seconds

Np Geometric Mean, µNp 25

IT Geometric Mean, µIT
Bit-rate 

Dependent

SP
Pareto 

(with cutoff)
α, k α = 1.1

k = 81.5 bytes

Table 1.  HTTP (Web) Traffic Model
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Figure 1.  HTTP Traffic Model
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typically composed of multiple packet data calls
with periods of inactivity in between. Therefore,
the service or session time distribution is
generally a mixed distribution of several random
quantities (e.g., the number of PCs, the
duration/size of each PC). In the notation of
queuing theory, CS voice can be modeled as 
a simple M/M/s/s queue, whereas packet data 
has to be modeled as M/G/s/s+r, where G stands
for a general service or session distribution time
and r stands for the size of the buffer or queue.
This simple departure of service time from
Markov to general process has astronomical
consequences in terms of the difficulty of
obtaining a solution. M/M/s/s queues are well
understood, whereas M/G/s/s+r queues do not
easily lend themselves to analysis. 

How Existing Network Planning Tools Use Packet
Data Call Models
This section briefly examines how existing
commercial network planning tools handle packet
data traffic. As best as could be determined at the
time this paper was written, the existing network
planning tools are static, designed basically for CS
traffic and incapable of tracking time stamps on
individual packets. As such, they cannot provide a
network design solution with any sort of time-
related QoS provisioning, such as maximum
tolerable delay or jitter. 

Commercial tools often provide a user interface
where parameter values can be entered for traffic
models such as a Web model, thus creating the
impression that these tools can handle packet
data applications. In reality, commercial tools
merely use the packet traffic model parameters to
compute a mean packet activity factor (AF) and
then proceed with the design as a CS design. 

More specifically, mean packet AF is computed
simply as:

(6)

where the terms are as defined earlier, ARQ rate 
is the average overhead associated with
retransmission, and Rb is the mean bit rate
defined by the user. 

Similar to CS traffic, once the PS activity factor is
computed, a channel with the bit rate specified in
the traffic model as the mean bit rate is dedicated
to that PS traffic. While this approach can capture
average interference contributed by a packet data
call user (such as a Web user), it does not 
provide any insight about the appropriateness 
of the design to meet required QoS for various
data applications.

THE PROPOSED SOLUTION

As discussed, there are various source 
traffic models for different packet data

applications. What is clear from these and similar
studies is that packet data traffic does not fit into
the standard voice traffic model, i.e., the service
time distribution typically is not negative
exponential. Furthermore, most proposed models
are based on a general form of on/off model where
a session is generally composed of some random
number of on/off periods described by some
appropriate distribution. Each on period may be
further specified in terms of a random number of
packets, packet durations, packet inter-arrival
times, etc.
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Figure 2.  E-mail Traffic Model
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This paper proposes, instead, to establish a
framework that would allow network planning
under any traffic model.

To start, it is assumed, without loss of generality,
that the traffic is generated from two different
priority classes. For example, class 1 could be
VoIP, video stream, handover calls, etc., and 
class 2 could be Web, e-mail, or new originating
calls. Handover calls may be considered 
class 1 calls, since they are typically more
important than a newly originated call.

The class 1 arrival process is assumed to be
Poisson (or Markovian), with an average rate of
λ1 and a retransmission rate of λR1. The class 2
arrival process is also Poisson, but with a
different mean rate of λ2 and a retransmission
rate of λR2.  These four processes are assumed 
to be independent. All assumptions are very
realistic and have been verified in many
situations. (The m-class priority case is a simple
conceptual, but complex mathematical, extension
of the two-class case.)

Both class 1 and class 2 service time distributions
are allowed to be the same and to be any general
distribution G, as long as the first three moments
of this distribution are finite. The mean of G is
denoted as 1/µ. Furthermore, arrival time and
service time distributions are assumed to 
be independent. 

Initially, the queues are given infinite capacity,
i.e., the buffer size is allowed to be infinite. If

buffer size, i.e., capacity queue, becomes finite,
that buffer size is denoted as r. The number of
homogenous servers or resources needed to
provide the desired QoS is s.  

A FIFO service discipline with nonpreemptive or
head-of-the-line (HOL) priority queuing is
assumed; i.e., if all servers are busy and calls have
to be queued, higher priority class calls (or
packets) are sent in front of lower. However, no
service (high or low priority class) is disrupted to
allow another call. 

Using Kendall’s notation for queues, the queuing
model considered will be M/G/s/s+r for the finite
capacity case and M/G/s for the infinite capacity
case. The graphical model for the system under
study is given in Figure 3. Figure 3a corresponds
to the downlink scenario and Figure 3b to the
uplink scenario. 

Packets are taken first from the priority class 1
queue. Only when the buffer is empty are calls or
packets from priority class 2 processed. Priority
class 1 packets that need retransmission are given
higher priority and are directed to the priority
class 1 queue. It is assumed that retransmitted
packets for both classes follow the Poisson
process, independent of the original processes.
λ1R and λ2R denote the mean retransmission 
rates for handover (class 1) and new calls
(class 2), respectively. 
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Figure 3b.  Basic System Model for Uplink

Power control is assumed to be perfect. This
implies that the actual locations of MTs are
unimportant as far as the uplink analysis for the
cell under consideration is concerned. Of course,
MT locations do affect the performance of the
other cells.

The QoS measures of most interest for packet
data applications are maximum allowed packet
delay, maximum allowed jitter, and, perhaps,
average acceptable delay. Maximum packet
delays are usually specified in terms of a
reliability factor, e.g., a desire to have a 
maximum packet delay of less than τmax with a
certain reliability of, say, 95 percent.

Given the actual waiting time distribution (either
for the queue or the combination of the queue and
the servers), all three of the above QoS measures
can be computed directly.

Waiting Time Distribution and Network Planning
Without Priority Classes
This section derives the explicit equations
describing the waiting time distribution for the
no-priority case, i.e., for no differentiation among
call or packet classes. The arrival process is still
assumed to be Poisson, with a mean λ > 0, but the
service time distribution is allowed to be any
general service time distribution G with a mean of
1/µ, independent of the arrival process. 

The nonexponential nature of the service time
distribution renders analysis of the underlying
embedded multidimensional Markov chain
almost intractable. Several very accurate
approximations have been proposed in the
literature. The basic approaches can be classified
into three different categories:  transform-based
approaches, matrix-analytic approaches, and
approaches exploiting the special structure of 
a particular Markov chain along with the use of 
some heuristics.

This paper follows the approximation results
suggested by Kimura [18, 19] that provide
accurate, precise, and computationally feasible
solutions. To proceed further, it is necessary to
define certain terms. Let c2 be the square of
variation (variance divided by the square of the
mean) of G. Let s denote the number of required
servers to provide the desired QoS. Let ρ = λ/(sµ)
be the traffic intensity. The system is assumed to
be stable and in steady state, i.e., ρ < 1. The
waiting time in the queue is denoted W, and the
waiting time distribution is denoted Pr (W < t).
The delay probability (i.e., Pr (W > 0) or the
probability that the queue is nonempty) is
denoted π(G,s) when the service time distribution
is G and π(M,s) when the service time distribution
is negative exponential. 



Note that π(M,s) is the well-known Erlang delay
probability and is given as:

(7)

And the wait time distribution is given as:

(8)

Where RG is given as:

(9)

And:

(10)

(11)

(12)

Also:

(13)

Where:

(14)

(15)

And:

(16)

With:

(17)

(18)

(19)

Where α and β are non-negative numbers
satisfying the following relationship:

(20)

Recommended values for α and β are:

(21)

From Eq. 8, and with specified values for the
maximum allowed delay and the desired reliability,
the required number of resources or servers s can be
computed. Similarly, the required number of
servers to provide a desired mean delay or
maximum allowed jitter, etc., can be computed.

Waiting Time Distribution and Network Planning
With Priority Classes
This section examines the queue waiting
distribution when there are two call or packet
classes, namely, priority class 1 (e.g., handover
calls) and priority class 2 (e.g., new originating
calls). A FIFO discipline with nonpreemptive
priority is assumed. Using the approximations of
Hokstad [20] and Williams [21] yields the
following results.

First, define:

λ1 = arrival rate for priority class 1 
(e.g., handover calls)

λ2 = arrival rate for priority class 2  
(e.g., new originating calls)

λR1 = retransmission rate for priority class 1 
(e.g., handover calls)

λR2 = retransmission rate for priority class 2  
(e.g., new originating calls)

λ = (λ1 + λR1) + (λ2 + λR2)
G* = Laplace transform of the arbitrary 

service time distribution G
gi = ith moment of G
ρ1 = traffic intensity for priority class 1 

(e.g., handover calls)
ρ2 = traffic intensity for priority class 2  

(e.g., new originating calls)
ρR1 = traffic intensity for retransmitted 

priority class 1 (e.g., handover calls)
ρR2 = traffic intensity for retransmitted 

priority class 2 (e.g., new originating calls)
ρ = (ρ1 + ρR1) + (ρ2 + ρR2)

π(M,s) = delay probability corresponding to 
the negative exponential service time
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Then, for an M/G/s nonpriority queue with arrival
rate λ and traffic intensity ρ, Hokstad [20]
provides the following approximations, which
are based on a Laplace transform approach. The
Laplace transform of queue waiting time
distribution W*(S) is given as:

(22)

And the Laplace transform of the busy period
(i.e., when all servers are busy) H*(S) is the
unique solution to:

(23)

Now, for the two-priority case, Williams [21]
shows that the Laplace transform of the waiting
time distribution of priority 2 calls or packets is
given as:

(24)

Where H1* is the unique solution to: 

(25)

The first moment of W2 can also be found as:

(26)

Similarly, for the priority 1 class, the Laplace
transform of the waiting time distribution W1* is
given as:

(27)

Note that Eqs. 7, 24, and 27 can be used to
compute the number of servers or resources s
needed to provide the desired maximum (or
average or certain percentile) tolerable delays,
time delay jitters, etc.

CONCLUSIONS

This paper has looked at the problem of
network sizing for packet data applications

with arbitrary general service time distributions.
Using results from advanced queuing theory, it
has been shown how to compute required
resources (e.g., number of basic rate codes,
channel elements, frequency channels, time slots)

to provide packet data services with guaranteed
QoS performance. The delay components
examined correspond to the radio access network
(RAN) portion of a wireless network. There are
also delays corresponding to the core network
(CN), Internet, and application servers (ASs);
these were not considered and are beyond the
scope of this current work. It should be noted that
CN delays are typically predictable and fixed.
Performance acceleration techniques, such as
proxy servers and caching, could help with AS
performance issues.

The analysis considered three main QoS metrics:
maximum allowable packet delays with a given
reliability, maximum allowable delay jitters, and
average allowable packet delays. The effects of
handover were also considered using a two-class
nonpreemptive priority queuing model. Note
that the same process can be extended to the 
m-class priority case. The effects of channel
impairments such as fading were taken into
account by adjusting the actual mean arrival rate
to the effective mean arrival rate, incorporating
the effects of retransmission. Part 2 of this paper
will address some simulation results and a
corresponding network dimensioning tool. �
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