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Abstract Multi-band Wide � Band Code Division Multiple Access (W�CDMA) systems are
considered to be among the best alternatives for Universal Mobile Telecommuni-
cations System (UMTS). To evaluate the performance of multi-band W�CDMA
systems many parameters have to be taken into account. In this paper we present
a method to evaluate the state space of multi-band overlaid W�CDMA system,
and we present a very powerful algorithm, the Convolution Algorithm, to eval-
uate time, call and traf�c blocking probabilities for each service. A service is
modelled as BPP (Binomial � Poisson � Pascal) multi-rate traf�c.
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Introduction
Wireless telecommunication services and Internet are playing a key role in

our daily life. This is the reason why it is important to integrate these ser-
vices into the same reality. There are wireless telecommunication systems
which guarantee access to Internet from a mobile terminal, for example the
platforms Wireless Application Protocol (WAP) and General Packet Radio Ser-
vice (GPRS). Even if these services allow Internet information to be available
on radio mobile terminals, they have strict physical limits. For this reason, a
new wireless cellular telecommunication system has been introduced: UMTS.
UMTS is a the third generation mobile telecommunications system scheduled to
start operation in Europe around 2003-2005. It will provide audio, video, data
and multimedia services. The main difference between UMTS and previous
mobile telecommunication generations is the radio access technique. UMTS
uses the W�CDMA technique which allows many users to transmit simultane-
ously in the same frequency band. The users are separated by using orthogonal
spreading codes. The core network will evolve from the traditional circuit
switched network to an all IP packet switching network. Communication via
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circuit switching implies that there is a dedicated communication path between
two stations. This path is established at the beginning of the communication
and it is the maintained during all the communication. This kind of switching
technology is reasonable for real time services for which it is important to con-
trol the information transfer delay.
There are two kinds of communications via packet switching: the datagram
packet switching and the virtual circuit packet switching. The main difference
between these is that the datagram switching technology does not provide any
dedicated path, whereas the virtual circuit switching technology provides a vir-
tual path before any information packets are sent. As these two techniques
imply buffering and queueing at each node of the network, they are more rea-
sonable for delay tolerant services. Because UMTS uses the packet switching
technology, and because it has to provide both real-time and non-real time ser-
vices, it is important to implement a mechanism to manage the QoS of a speci�c
communication. The parameters which are mainly taken into account to eval-
uate the QoS of a speci�c communication are the Bit energy to Interference
density Ratio (BIR) and the information transfer delay.
Four classes of service have been identi�ed for UMTS: conversational, stream-
ing, interactive and background service classes. The conversational service
class is the most transmission delay sensitive. It is not only important to mini-
mize the transmission delay but also to keep it constant. This service is intended
for real time services as voice and video conferences. The streaming service
class is less sensitive to a constant transmission delay. It is intended for real time
video and audio stream down-loading. Unlike conversational service class, the
streaming service class is unidirectional, therefore transmission delay can be
larger but it still has to be kept constant. For the interactive service class it
is more important to preserve the integrity of the information than the trans-
fer delay. Applications using this kind of service are web-browsing, access
to network servers and database query. For the background service class the
integrity of the transferred information is the most important parameter. The
information has to be correct, it does not matter if the transfer delay is very
large. Applications using this kind of service are e-mailing and Short Message
Service (SMS).
As UMTS has to provide services with high data rate, it will require wide spec-
tra. As it is not possible to allocate wide spectra continuously, because UMTS
provides channels with different capacity and because it has to coexist with the
Global System for Mobile communication (GSM), the service providers have to
manage the available spectrum. Multi-band overlaid W�CDMA systems seem
to be a good choice for solving these problems.
Giving a speci�c overlaid W�CDMA system, and considering the most impor-
tant radio and teletraf�c aspects of a speci�c communication, it is possible to
evaluate the QoS of such a system, also in terms of blocking probabilities.
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1. W�CDMA and UMTS
The W�CDMA is a wide-band access technique that allows many users to

transmit in the same bandwidth at the same time. A user can be distinguished
from the others by assigning different codes. Each information signal is directly
multiplied by a code sequence with a very high chip rate. This is called the
spreading process. The code signals have to be orthogonal and consequently
uncorrelated, so that by de-spreading the received signals it is possible to dis-
tinguish one user from the others.

1.1 Interference and Power Control Mechanism
In ideal W�CDMA systems, different signals have different chipping codes

which are perfectly orthogonal. Due to the orthogonality of the codes, there will
not be any signal interference although users transmit in the same bandwidth at
the same time. In real systems, the propagation conditions limit the orthogo-
nality of the code sequences. Radio waves are partially re�ected and absorbed
by objects between the receiver and the transmitter. The loss of orthogonality
of the codes involves the increase of interference. This means that the number
of simultaneous calls will be limited by interference. The larger the number of
active users, the larger the interference will be. A further complication is that
a base station not only receives interference from the users inside its own cell,
but also from the users in other cells. In the complexity of this scenario, two
problems have to be solved:

Every time a new call is accepted, the QoS of all the users in the systems
is degraded. This means that the Signal to Noise Ratio (SNR) of all
connections will decrease.

It may happen that a user is very close to the base station. The signal
power of this user will be much stronger that those of the other signal
coming from more distant mobile terminals which, consequently, will
not be received correctly.

These two problems can be solved by a Power Control Mechanism [1] that has
to control the transmission levels of all signals. Power control mechanism is
based on two loops as described by �gure 1 . In the Inner Loop the Base Station
(BS) receives the signal from the Mobile Station (MS) and keeps the Signal to
Interference Ratio (SIR) at the SIRtarget value.
In the Outer Loop data packets received from the MS are forwarded to the Radio
network Controller (RNC) which measures the Frame Error Rate (FER) of the
connection and compares it to FERtarget value. Consequently RNC will update
the SIRtarget to keep the quality of a speci�c service.
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Figure 1. Inner and outer loops for the power control mechanism.

1.2 W�CDMA System Capacity
In W�CDMA systems the capacity is limited by the interference level. The

maximum capacity is reached when adding one more user causes the system
QoS to drop below the threshold. The most important QoS estimator is the
BIR. If we consider a mono-cellular system with a power control mechanism
as described in Sec. 1.1.1, then the W�CDMA system capacity can be calculated
as follows [3]:

N ≈ W

R

1
BIR , (1)

where N is the total number of users, W is the bandwidth and R is the informa-
tion data rate. Note that we may assume that all user transmitted signals have
the same power, assuming perfect power control mechanism. If we also con-
sider the interference from other cells, and the fact that a source is not always
active, then we also include the other cells interference factor f, and the activity
factor α. Formula (1) then becomes:

N ≈ W

R

1
BIR

1
(1 + f)

1
α

; (2)

1.3 Multi-Band Overlaid W�CDMA Systems
Due to the fact that the spectra are wide, up to 20 MHz, it can happen that,

in geographic areas with large population, W�CDMA service providers have to
share the same spectrum, unless there is one W�CDMA monopoly. In fact, it is
very hard to allocate multiple continuous wide-band spectra for W�CDMA in
any country. Furthermore, W�CDMA systems supports channels with differ-
ent bandwidths and consequently, each service provider has to choose the right
deployment of different kinds of channels in order to accommodate different
kinds of traf�cs with different characteristics. To deal with those matters, a
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wide multi-band system seems to be an appropriate way to implement an open
and �exible radio interface [4].
In the article "Reverse Link Capacity of Multi-band Overlaid DS�CDMA Sys-
tems" [5], the authors explain a simple algorithm for the decomposition and the
calculation of the capacity of multi-band W�CDMA systems. They focused
their attention on two basic scenarios: the vertical and the horizontal pattern.

Vertical Pattern Merging Process. We consider a vertical pattern as shown
in �gure 2 (a) , where the L bandwidths are placed one upon the other. Due
to the special structure of the system, it is possible to perform a �top-down�
merging process. At �rst, bandwidths WL and WL−1 are merged in W ′

L−1,
then W ′

L−1 and WL−2 are merged into W ′
L−2 and so on until W ′

2 and W1 are
left in the system. The procedure is explained in �gure 2 (b) and 2 (c). Note
that at each step, merging bandwidths Wk and Wk−1, the resultant W ′

k−1 will
have the same bandwidth as Wk−1.

W
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W
W
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L
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2
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Figure 2. Decomposition method for vertical overlapping.

Horizontal Pattern Merging Process. We consider a horizontal pattern
scenario as shown in �gure 3 (a) , where bandwidths W2 to WL are disjoint
and overlap W1. Due to the special structure of the system, we can perform the
following merging process. At �rst, bandwidths WL and WL−1 are merged into
W ′

L−1, then W ′
L−1 and WL−2 are merged into W ′

L−2 and so on until W ′
2 and W1

are left in the system. The procedure is explained in �gure 3 (b), 3 (c) and 3 (d).
Note that at each step, merging bandwidths Wi and Wj (2 ≤ i, j ≤ L), the
resultant W ′

i will be equal to Wi + Wj .
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Figure 3. Decomposition method for horizontal overlapping.

Vertical and Horizontal Patterns Combination. Once we have only two
bands overlapping then we can start computing the capacity for general over-
lapping systems. The decomposition can be made as described in �gure 4,
following the algorithm below [5].

First Step. We �nd the maximum number of users β1 in W1 as if it is
alone in the system by using formula (1) or (2). We choose a value for
N1 between 0 and β1 for the number of users in band W1.

Second Step. We �nd the maximum number of users N ′
2 using the

following formula (3):

N ′
2 <

1− N1
β1

1
β2
−

(
1− W ′

2
W1

)
N1

β1 β2

. (3)

Note that we have to replace β2 with β′2 = W ′
2

R2·BIR2
if we want to consider

a horizontal pattern.
We choose a value for N2 between 0 and N ′

2 for the number of user in
band W2.

Third Step. If we consider a vertical pattern, we �nd the value of the
maximum number of user N ′

3 using formula (4). If we consider a hor-
izontal pattern, we �nd the value of the maximum number of user N ′

3

using formula (5) :

N ′
k =

βk (N ′
k−1 −Nk−1)

Wk
Wk−1

βk−1 − (N ′
k−1 −Nk−1)

(
Wk

Wk−1
− 1

) , k = 3, . . . , L ;

(4)
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N ′
j =

βj

(
W ′

i N ′
i

β′i −N ′
i
− Wi Ni

βi −Ni

)

Wj +
(

W ′
i N ′

i

β′i −N ′
i
− Wi Ni

βi −Ni

) , 2 ≤ i, j ≤ L . (5)

Next Steps. We continue to repeat this procedure until we have derived
the limits of number of users inside each bandwidth that satis�es the
chosen QoS.

W 1
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Figure 4. The decomposition method for general overlapping scenarios.

The previous analysis is valid for all the kinds of overlapping, also for partially
overlapping cases. Of course it will be necessary to split the bandwidths in the
right way.

2. Traf�c Model
The traf�c model considered in this paper is a general state-dependent Pois-

son arrival process, including the classical Binomial (Engset), Poisson (Erlang),
and Pascal models (BPP traf�c). The capacity of the system is measured in
some bandwidth unit, called a channel. Each service is described by an arrival
process, characterized by offered traf�c (mean value) and peakedness (vari-
ance/mean ratio), both measured in number of channels. For each service we
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may reserve a minimum bandwidth (guaranteed quality-of-service, QoS) and
put an upper limit to the number of channels used by this service (to protect
other services). We may consider a system with v channels offered k Different
traf�c streams. Calls of the s'th stream can be blocked for two reasons: (1) if ns

channels have already been occupied by calls from the s-th stream or (2) if all v
channels are busy. Without loss of generality we may assume that the holding
times are exponentially distributed with the same mean value chosen to one,
but it is known [7] that the model considered is insensitive to the distribution
of the service time.

Let us by is(t) denote the number of busy channels at time t servicing calls of
the s-th stream. The model is described by a k-dimensional Markovian process
of the type r(t) = (i1(t), i2(t), . . . , ik(t)) with state space S, which is de�ned
as follows: (i1, . . . , ik) ∈ S, 0 ≤ is ≤ ns, s = 1, . . . , k,

∑k
s=1 is ≤ v . Let

us denote by P (i1, . . . , ik) the stationary probabilities of r(t). The values of
P (i1, . . . , ik) are related by product form formula:

P (i1, . . . , ik) = P (i1) · P (i2) . . . P (ik) . (6)

If we for example consider k incoming Poisson �ows of calls with intensities
λs, s = 1, . . . , k, then we get the multi-dimensional Erlang-B formula:

P (i1, . . . , ik) = P (0, . . . , 0)
λi1

1

i1!
λi2

2

i2!
. . .

λik
k

ik!
, (i1, . . . , ik) ∈ S. (7)

Stream number s, s = 1, . . . , k, is characterized by the individual blocking
probability Ps and by the carried traf�c Is. Due to the product form we can
aggregate the state space by using convolution. The state space may be restricted
in any way.

2.1 Convolution Algorithm
For two vectorsx = (x(0), x(1), · · · , x(ax)) andy = (y(0), y(1), · · · , y(ay))

we de�ne the convolution operator that being applied to x, y gives vector z with
components z(i) =

∑u(i)
j=l(i) x(i− j) · y(j), i = 0, 1, . . . , az, where func-

tions u(i), l(i) are de�ned as:

u(i) =





i, 0 ≤ i < ay

ay, ay ≤ i ≤ az,

l(i) =





0, 0 ≤ i < ax

i− ax, ax ≤ i ≤ az.
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In the following text the term convolution means the usage of the convolution
operator de�ned in the above way. Because it is known that the solution of
the system of state equations has a product form it can be found by means of
an algorithm that we refer to as the convolution algorithm [2]. It consists of
making the following three steps.

1 For m'th stream m = 1, . . . , k calculate its individual normalized state
probabilities {Pm(0), Pm(1), . . . , Pm(nm)} as if it was the only traf�c
stream offered to the nm channels.

2 In any �x order make successive convolution of all k individual state
distributions. Let P (r) be the vector obtained after convolving of the �rst
r individual distributions.

3 During the performance of the last convolution we obtain after normal-
ization the system state distribution P (i), i = 0, 1, . . . , v and individual
performance measures of the last stream having number k

Pk = P (v) + Pk(nk)
v−1∑

i=nk

P (k−1)(i− nk),

Ik =
v∑

i=1

u(i)∑

j=l(i)

P (k−1)(i− j) · jPk(j).

During the last convolution we can calculate time, call and traf�c congestion.
Time congestion E of the stream is de�ned as the proportion of time the service
is blocked. Call congestion B is de�ned as the proportion of call attempts
which are blocked. Traf�c congestion C is de�ned as the proportion of offered
traf�c which is carried. The offered traf�c is de�ned as the traf�c carried when
the capacity is unlimited. More details are given in the Teletraf�c Engineering
Handbook [7]. The performance measures for all streams can be found after
performing the above mentioned steps for each stream by putting it at the end
of the convolution procedure. By storing some of the intermediate results in
total only Nc = 4k−6 convolutions are needed, i.e a linear function in number
of traf�c streams.

3. Multi-band Overlaid CDMA Blocking Probabilities
Previously we have described a model and we studied the capacity, in terms of

number of users, of multi-band W�CDMA systems. Once we have calculated
the state space of the system, it is possible to calculate time, call and traf�c
congestion, using the convolution algorithm [6]. To �nd the capacity and the
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blocking probabilities of such systems we need to take account of the following
parameters:

1 The bandwidth W used by each kind of traf�c stream and the kind of
overlapping scenario.

2 The BIR requirements for each service.

3 The transmission rate R for each traf�c stream.

4 The other cell interference factor f ≥ 0. If we not consider the interfer-
ence from the other cells then f = 0.

5 The offered traf�c A for each stream.

6 The peakedness Z of each traf�c stream. We can apply BPP�traf�c
models.

7 The activity factor α. It is also called the Average Source Active Time.

3.1 Vertical Pattern

W

W

3

W1

2

Figure 5. Vertical overlapping scenario.

For our analysis we consider a vertical pattern as described in �gure 5. We
consider three bandwidths, W1,W2 and W3.

The bandwidth W1 in the �rst layer is 15 MHz large. The user data rate
R1 is 300 kbps and BIR1 is 9 dB, 8 in linear scale. The peakedness Z1

is 2, which means that this traf�c is bursty. Therefore, the traf�c can be
classi�ed as a Pascal traf�c. The offered traf�c A1 is 6 erlang.

The bandwidth W2 in the second layer is 9 MHz large. The user data rate
R2 is 150 kbps and the BIR2 is 7 dB, 6 in linear scale. The peakedness
Z2 is 1, which means that this traf�c is random traf�c. Therefore, the
traf�c is equivalent to Poisson traf�c. The offered traf�c A2 is 5 erlang.

The bandwidth W3 in the third layer is 4 MHz large. The user data rate
R3 is 100 kbps and the BIR3 is 4 dB, 3.9 in linear scale. The peakedness
Z3 is 0.5 , which means that this traf�c is smooth traf�c. Therefore, the
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traf�c can be classi�ed as an Engset traf�c. The offered traf�c A3 is 4
erlang.

We consider a single cell environment and therefore we choose the other cell
interference factor f = 0. Furthermore we consider an activity factor α = 1.
In the following Tables 1 and 2 the most important results are shown. Table 1

Table 1. Part of the border states and the blocking conditions of the vertical overlapping pattern
in �gure 5 .

State 0 1 2 3 4 5 6 . . . 21 . . . 76
N1 0 B 0 B 0 B 0 B 0 B 0 B 0 B . . . 1 B . . . 5 B
N2 0 N 1 N 2 N 2 B 3 N 3 B 4 B . . . 0 N . . . 1 B
N3 10 B 9 B 8 N 9 B 7 N 8 B 7 B . . . 9 B . . . 2 B

shows the number of users of each stream (N1, N2, N3) for each border state
(state 0, . . . , 76). The letter "B" means that the traf�c stream is in blocking
state, whereas letter "N" means that the traf�c stream is not blocked.
As we can see from the Table 1, The number of users in each band depends on
the number of users in the other ones. This is reasonable because increasing
Ni, for example, means more resource allocated to sub-band Wi, and therefore
less N ′

i+1 (maximum number of users in bandwidth i + 1) is allowed. The
maximum number of users allowed in the third bandwidth W3 is 10, when we
have zero users in the �rst and in the second one (state 0). If another connection
is established in W3, then the QoS requirements will drop and consequently the
11�th user will be blocked. If we increase the number of users in W2, then the
maximum number of users in W3 will decrease. We can see that comparing
state 0 (0, 0, 10) with state 1 (0, 1, 9). If another connection is established in
W1 then the maximum number of users allowed in W3 will decrease. This can
seen by comparing state 0 (0, 0, 10) with state 21 (1, 0, 9).
In Table 2 the time, call and traf�c congestion of each traf�c stream are shown.
We see these parameters are equal for stream number 2. This is expected because
the chosen peakedness Z for this stream is 1 and consequently, the PASTA-
property mentioned is valid [7]. For stream 3 we also notice that C < B < E,
which is a property of Engset Traf�c (Teletraf�c Engineering Handbook [7]).
C is traf�c congestion, B call congestion and E time congestion. For Pascal
traf�c we always have E < B < C.

3.2 Horizontal Pattern
For our analysis we consider a horizontal pattern as described in �gure 6 .

We consider three bandwidths, W1,W2 and W3.
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Table 2. Time, call and traf�c congestion of each stream in the vertical overlapping pattern in
�gure 5 .

Stream Time Congestion Traf�c Congestion Call Congestion
1 0.4698139526 0.6669007858 0.5002634302
2 0.3494733990 0.3494733990 0.3494733990
3 0.2932240816 0.1587021330 0.2739308550

W1

2 W3W

Figure 6. Horizontal overlapping scenario.

The bandwidth W1 in the �rst layer is 15 MHz large. The user data rate
R1 is 300 kbps and the BIR1 is 9 dB, 8 in linear scale. The peakedness
Z1 is 2, which means the traf�c is bursty. Therefore, the traf�c can be
classi�ed as a Pascal traf�c. The offered traf�c A1 is 6 erlang.

The bandwidth W2 in the second layer is 9 MHz large. The user data rate
R2 is 150 kbps and the BIR2 is 7 dB, 6 in linear scale. The peakedness Z2

is 1, corresponding to random traf�c. Therefore, the traf�c is equivalent
to Poisson traf�c. The offered traf�c A2 is 5 erlang.

The bandwidth W3 also in the second layer is 4 MHz large. The user
data rate R3 is 100 kbps and the BIR3 is 4 dB, 3.9 in linear scale. The
peakedness Z3 is 0.5 , which means that the traf�c is smooth. Therefore,
the traf�c can be classi�ed as Engset traf�c. The offered traf�c A3 is 4
erlang.

We consider a single cell environment and therefore we choose the other cell
interference factor f = 0. Furthermore we consider an activity factor α = 1.
The most important results are shown in the following tables 3 and 4.

Table 3 shows number of users of each stream (N1, N2, N3) for each border
state (state 0, . . . , 109). All considerations made for the vertical overlapping
system are still valid for the horizontal pattern. We notice that if the number of
users in the �rst bandwidth W1 is low, then the capacity of W3 depends much
more upon the capacity of W1 than on that of W2. We notice this when looking
at the �rst states 0, 1 and 2. There is no change in the capacity of W3 varying
the capacity of W2. If the number of users in W1 is larger (2, for example), then
the capacity of the third band will become more sensitive to the increasing of
number of users in W2, which is seen by observing state 49 (2, 6, 7) and state



Teletraf�c Engineering of Multi-Band W�CDMA Systems 13

Table 3. Part of the border states and the blocking conditions of the horizontal overlapping
pattern in �gure 6 .

State 0 1 2 . . . 18 . . . 49 . . . 56 . . . 109
N1 0 N 0 N 0 N . . . 0 B . . . 2 B . . . 2 B . . . 5 B
N2 0 N 1 N 2 N . . . 9 B . . . 6 B . . . 7 B . . . 2 B
N3 9 B 9 B 9 B . . . 9 B . . . 7 B . . . 6 B . . . 2 B

56 (2, 7, 6).
Increasing the capacity of W2 by one user, the capacity of W3 decreases. In
Table 4 time, call, and traf�c congestion of each traf�c stream are shown. We
notice that for stream number 2 all blocking probabilities are equal due to the
PASTA. We can also see for stream 3 that it is veri�ed the property of Engset
traf�cs C < B < E, according to Teletraf�c Engineering Handbook [7]. For
Pascal traf�c we have the opposite order: E < B < C.

Table 4. Time, call and traf�c congestion of each stream in the horizontal overlapping pattern
of �gure 6 .

Stream Time Congestion Traf�c Congestion Call Congestion
1 0.4142059732 0.6240442322 0.4535350966
2 0.2015000711 0.2015000711 0.2015000711
3 0.0847902929 0.0385144233 0.0741721490

4. Conclusions and further work
We have combined teletraf�c models and radio models for UMTS, studying

multi-band overlaid W�CDMA systems. UMTS has to co-exist with previous
wireless cellular system, and overlapping of bandwidths will be unavoidable.
We have combined the results in the paper "Reverse�Link Capacity of a Multi-
band Overlaid DS�CDMA System" [5] with the theory of multi-dimensional
traf�c models.
We �rst calculate the border states of multi-band W�CDMA systems taking
account of the radio parameters. Then we calculate blocking probabilities of
each traf�c stream offered to the system by using the convolution algorithm.
The traf�c model includes smooth, random and bursty traf�c and allows for
multi-rate traf�c and service protection by minimum and maximum allocation
for each traf�c stream. In this way it is possible, starting from radio parameters,
such as the BIR, to evaluate the QoS of a speci�c system in terms of time, call
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and traf�c blocking probabilities.
So far we have only dealt with hard blocking, so that blocking only occurs in
border states. As noise is a random variable we may have also soft blocking,
meaning that connections may be blocked also in lower states. This problem
will be dealt with a future publication
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