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Abstract—In this paper, we analyze the performance of
a signal-to-interference ratio (SIR)-based admission control
strategy on the uplink in cellular code-division multiple-access
(CDMA) systems with voice and data traffic. Most studies in
the current literature to estimate CDMA system capacity with
both voice and data traffic do not take into account admission
control based on SIR constraints. Here, we present an analytical
approach to evaluate the outage probability for voice traffic, the
average system throughput, and the mean delay for data traffic
in a voice/data CDMA system, which employs an SIR-based
admission control. We make two main approximations in the
voice call outage analysis—one based on the central limit theorem
(CLT) and the other based on the Fenton’s method. We apply the
Fenton’s method approximation to compute the retransmission
probability and the mean delay for data traffic, and the average
system throughput. We show that for a voice-only system, a ca-
pacity improvement of about 30% is achieved with the SIR-based
admission control as compared with the code availability-based
admission control. For a mixed voice/data system with 10 Erlangs
of voice traffic, an improvement of about 40% in the mean delay
for data is shown to be achieved. Also, for a mean delay of 50 ms
with 10 Erlangs of voice traffic, the data Erlang capacity improves
by about 50%.

Index Terms—Admission control, cellular code-division mul-
tiple-access (CDMA), voice/data traffic.

I. INTRODUCTION

CODE-DIVISION multiple-access (CDMA) cellular
systems have been known to perform better than the

channelized systems in terms of system capacity or carried
traffic [1]. Several studies analyzing the outage performance and
capacity of CDMA systems have been reported in the literature
[2]–[8]. While [2]–[4] consider voice-only CDMA systems,
[5]–[8] consider CDMA systems with mixed voice/data traffic.
In [5], Mandayamet al. considered a multiple-cell system and
computed the voice call outage probability in the presence of
data traffic sources, but without admission control. Admission
control in cellular CDMA systems based on a threshold on
the number of users allowed in the system was studied in
[2] and [3]. Evans and Everitt in [2], evaluated the outage
probability in voice-only cellular CDMA systems by making
two main approximations based on the central limit theorem
(CLT) and the Chernoff bound (CB). They showed that the CLT
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approximation gave a lower bound on the outage probability
and the CB approximation gave an upper bound. Karmani
and Sivarajan in [4], applied Edgeworth expansion to obtain
better approximations to the outage probability as compared
with the bounds given in [2]. Admission control based on the
availability of spreading codes has been extensively studied
[6]–[8]. However, the above studies on admission control in
CDMA systems do not consider signal-to-interference ratio
(SIR) constraints before admitting a call.

In this paper, we analyze the performance of an SIR-based ad-
mission control policy which allows only those incoming calls
that not only have a spreading code available for transmission,
but also whose interference-to-signal levels at their re-
spective base stations are below a specified threshold. Such a
newly admitted call could cause the at any of the other cells
to go above the threshold. We define this event as anoutage
and define theoutage probabilityas the probability that a newly
admitted call causes outage to any of the ongoing calls in the
system. For data traffic, this outage results in retransmission of
the data, due to which we call the outage probability for data
traffic as theretransmission probability. By allowing only those
calls that see an acceptable level at their respective base sta-
tions, the outage probability for voice traffic and the retransmis-
sion probability for data traffic can get reduced. The reduction
in the retransmission probability for data traffic, in turn, results
in reduced mean delay and increased throughput and, hence, in
an increased capacity for a specified mean delay or voice call
outage probability.

We first consider a voice-only cellular CDMA system and
derive analytical expressions for the outage probability, taking
into account the SIR-based admission control [9]. We model
the system as an queue and make two main approxi-
mations in the outage analysis—one based on the CLT and the
other based on the Fenton’s method. We then consider a mixed
voice/data CDMA system which employs SIR-based admission
control, and develop an analytical approach to evaluate the per-
formance of the mixed voice/data system [10]. We derive ex-
pressions for: 1) the outage probability of voice calls; 2) the av-
erage system throughput; and 3) the mean delay performance
for data traffic. For deriving the voice call outage probability, we
use the Fenton’s method approximation. For deriving the mean
delay for data traffic, we model the system as a single virtual
buffer, where all the buffered data (at all the users in all the cells)
are queued in the order of their arrival epochs. We compute the
mean delay for the first data burst that departs from this virtual
buffer. We then model the rest of the buffer as an queue
with a mean service time equal to the mean delay of the first de-
parting data burst. We show that significant improvement in the
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system capacity is possible with SIR-based admission control as
compared with code availability (CA)-based admission control.

The rest of the paper is organized as follows. In Section II,
we present the system model. Section III provides the analysis
to derive expressions for the voice call outage probability, the
average system throughput, and the mean delay for data traffic.
Section IV presents the results and discussions. Section V pro-
vides the conclusions.

II. SYSTEM MODEL

Consider a voice/data CDMA cellular system with
circular cells. The objective is to develop an analytical approach
to evaluate the performance of this system with an SIR-based
admission control on the uplink. The performance measures of
interest are the voice-call outage probability, the average system
throughput, and the mean delay for data traffic.

Voice calls are assumed to be of circuit-switched type. Each
voice call uses a spreading code for transmission. The assigned
code is held for the entire duration of the call, after which it
is released (i.e., for voice, codes are allocated on a call-by-call
basis). Data traffic, on the other hand, is assumed to arrive in
bursts. Spreading codes are allocated and released on a burst-by-
burst basis.

A voice call or a data burst originating from a user is admitted
into the system if: 1) spreading codes are available for alloca-
tion and 2) the ratio measured at the corresponding base
station is less than a desired threshold. The thresholds for
voice and data are and , respectively, which can be chosen
based on the transmission rates of the voice and data traffic.
Voice calls which are not admitted are blocked, and data bursts
which are not admitted are buffered and are admitted when both
conditions 1), as well as 2) mentioned above are satisfied fol-
lowing the departure of an ongoing call in the system.

For the buffered data (at all the users in all the cells), the
system behaves like a single virtual queue as follows. All the
base stations in the system coordinate among themselves and
keep track of a virtual queue of data bursts, by assigning an
index to each buffered data burst. The index is assigned based
on the increasing order of the arrival epochs of the buffered data
bursts. When a code becomes free and the conditions be-
come favorable following the departure of an ongoing call, the
base stations allow only the user, which has the data burst with
the least index among the data bursts which have favorable
condition, to transmit using its assigned code. We make the fol-
lowing assumptions to carry out the performance analysis.

• Each cell has radius and the base station is located at the
center of the cell.

• Each cell has a maximum of spreading codes avail-
able for allocation.

• Users are uniformly distributed over the area of each cell and
are assumed to have no mobility.

• At any given time, each active user is assumed to generate
either voice or data traffic, but not both simultaneously.

• The voice call arrival process in each cell is Poisson with
mean arrival rate . The voice call holding times are expo-

nentially distributed with mean s. We define the mean
voice traffic load as Erlangs cell.

• The data burst arrival process in each cell is Poisson with
mean arrival rate . The data burst lengths are exponentially
distributed with mean s. We define the mean data traffic

load as Erlangs cell.
• The thresholds for admitting voice calls and data bursts

are and , respectively.
• Voice calls are transmitted at a rate b/s and data bursts

are transmitted at a rate b/s. We consider ,
, so that .

• The signal undergoes distance attenuation, shadow loss and
multipath Rayleigh fading. The path loss exponent is taken
to be four. The shadow loss is assumed to be log-normally
distributed of the form , where . For
voice traffic, the multipath Rayleigh fading is assumed to be
averaged out due to the long holding times of voice calls.

• We assume perfect power control for voice calls and no
power control for data bursts. That is, each base station re-
ceives unit power from all the voice users attached to it irre-
spective of their positions in the cell.

III. PERFORMANCEANALYSIS

In cellular CDMA, because of universal frequency reuse, the
interference in a given cell is due to the in-cell and the other-cell
active users. Here, we assume that the interference seen by a
base station is due to the users in its first tier of neighboring
cells, i.e., we ignore the interference due to the users located in
the cells other than the first tier neighboring cells as negligible.1

The number of interferers with voice traffic seen by cell, ,
can be written as

(1)

where is the number of in-cell voice interferers and
is the number of neighboring-cell voice interferers to cell.
Similarly, the number of interferers with data traffic seen by cell

, , is given by

(2)

where is the number of in-cell data interferers and is
the number of neighboring-cell data interferers to cell.

Let denote the at the base station of
cell due to voice interferers and data interferers.

can then be written as

(3)

where the first term is due to the perfectly power controlled
in-cell voice interferers and the second term is due to the
neighboring-cell voice interferers and all the data interferers.

1Henceforth, we use the term neighboring cells to mean the first tier of cells
around the cell-of-interest.
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can be written, in terms of distance attenuation,
shadow loss and multipath Rayleigh fading loss, as

(4)

where denotes the set of cells containing celland its
neighboring cells, and and are the number of voice
and data interferers, respectively, in cellto cell . Note that

and . Also, ,

correspond to the shadow losses fromth user
in cell to the th base station for voice and data interferers,
respectively. corresponds to the Rayleigh-fading loss from
the th user in cell to the th base station. is the
distance between theth voice interferer in cell and the th
base station, and is the distance between theth
data interferer in cell and the th base station. The factor
in the first term of (4) accounts for the lesser transmit power
for voice users relative to that of the data users, because of
the difference in the transmission rates of the voice and data
traffic. Note that is conditioned on , ,

and the location of the interferers and, hence, it needs to be
averaged over these variables.

A. Voice-Only System

In this subsection, we consider a voice-only cellular CDMA
system with SIR-based admission control and derive analytical
expressions for the voice call outage probability. We make two
main approximations in the outage analysis. The approxima-
tions are based on: 1) CLT and 2) Fenton’s method. Theat
the base station of cell in a voice-only cellular CDMA system
is obtained by substituting and in (3) and (4).
Hence, for a voice-only system can be written as

(5)

where

(6)

and .

1) Voice-Only System Without SIR-Based Admission Con-
trol: In the absence of SIR-based admission control, the outage
probability is given by

(7)

We first compute the outage probability conditioned on

and then average over . We define

(8)

Hence, the outage probability conditioned on when there
is no SIR-based admission control, , is given by

(9)

To average (9) over , we model the set of all other-cell inter-
ferers to a given cell as a queue length process of an
queue. Hence, is a Poisson random variable with mean

, where is the number of neighboring cells to
cell (i.e., ). The probability mass function of is
given by

(10)

The outage probability averaged over , is then given by

(11)

A cell with a maximum of spreading codes can be modeled
as an loss system with as the queue length
process. However, for large, this can be approximated by an

system. Hence, the probability mass function of
is given by

(12)

2) Voice-Only System With SIR-Based Admission Con-
trol: With SIR-based admission control, we are interested in
the probability that a newly admitted call in cellcauses an
outage in cell . The outage probability conditioned on ,

and , denoted as , can be written as

(13)

The above equation gives the probability that a newly admitted
call in cell (because of ) causes an outage in

cell (i.e., ) given that there was no outage in

cell before admitting the new call in cell(i.e.,

). We assume that is statistically independent

of to simplify the analysis. Hence,
becomes independent of the cellin which the call arrives and,
hence, can be denoted by , which can be written as

(14)
Averaging over , the outage probability conditioned on

, , is given by

(15)
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where

(16)

Finally, is averaged over to obtain

(17)

In the above, we use the expression in (12) to evaluate
. It is noted that (12) is valid only in the

absence of admission control. However, in order to simplify the
analysis, we use this as an approximation for the loads under
consideration.

It is noted that the key step in the outage probability compu-
tation in the above is the evaluation of (14). In order to evaluate
(14), we need to compute the joint probability

(18)

and the marginal probability

(19)

The marginal probability in (19) can be computed from the
outage probability in a voice-only system without SIR-based ad-
mission control, given in (7). It is noted that, in [2], Evans and
Everitt used approximations based on CLT and CB to evaluate
(7). Karmani and Sivarajan in [4], improved the approximations
in [2] by applying Edgeworth expansion. The expression in (19)
can be computed using any of the above approximations pre-
sented in [2] and [4]. To evaluate the joint probability in (18),
one can model the random process as a continuous
state space Markov chain, which can be solved by the theory of
random walks. However, this approach is complex. Hence, we
adopt simpler methods using CLT approximation and Fenton’s
method approximation to compute the joint probability in
(18), which are illustrated in the following sections.

Approximation Using CLT:In order to evaluate the joint
probability in (18), the cdfs of and need
to be computed. We apply CLT to approximate the other-cell
interference and , i.e., the before and

after admitting the new call, respectively. From (6), is
the sum of random variables of the form

(20)

The number of such random variables is equal to the number of
other cell interferers . For large values of , CLT can be

applied to approximate to be a normally distributed
random variable with mean equal to the sum of the means of
the individual random variables , and variance equal to the

sum of the variances of the . The mean and the variance of
can be obtained by noting that is a lognormal random

variable of the form , where ,
, and is given by

(21)

The mean and variance of can then be obtained from the
moment generating function of , as

(22)

and

(23)

Therefore by applying CLT, the mean , and variance

of can be obtained as

(24)

(25)

where . Since the positions of the users are

random, the means are random and are statistically independent
of each other. The outage probability obtained is, therefore, con-
ditioned on the positions of the users in the different cells and,
hence, have to be averaged over the location of the interferers.
We assume that the means are independent an identically
distributed (i.i.d) random variables, which is valid due to the
symmetry of the system. Hence, (24) and (25) can be modified
as

(26)

(27)

Similarly, can be modeled as a normal random
variable with mean and variance , which

can be obtained from (26) and (27) by replacing by

. It is observed that and are
jointly normal with a correlation coefficient. If is the
joint probability density function (pdf) of and

, then

(28)
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where , , , and

. The correlation coefficient is defined as

(29)

To evaluate in (29), we rewrite

in (6) as

(30)

where , given by (20), denotes the additional interference
caused by the newly admitted call which, without loss of gener-
ality, is from the th user in cell . From (30) and (20), we can
evaluate by using the fact that

and are statistically independent. Conditioned on

the location of the newly admitted call, is a log-normally

distributed random variable of the form ,
where . Hence, by using the CLT approxi-
mation on and , we can evaluate the joint
probability in (18) from (20) and (28)–(30) as

(31)

Approximation Using Fenton’s Method:In this subsec-
tion, we present an approximation using Fenton’s method [12]
to evaluate the joint probability in (18). Each term in the
summation in (6) is a log-normal random variable of the form
10 , where . Hence, by modeling the
terms in the summation of (6) to be i.i.d, can be
approximated to follow a log-normal distribution of the form
10 , where . We apply Fenton’s

method (i.e., approximate the sum of independent log-normal
random variables by a log-normal random variable) to obtain
the expressions for and , as

(32)

and

(33)

We rewrite the joint probability in (18) as

(34)

where , and

. Since and

are log-normal, and are
jointly normal with correlation coefficient, given by

(35)

To evaluate the expectation , we use
(30) and use for , to obtain

(36)

From (36), we obtain

(37)

Using for again, we have

(38)

The ratios and are

log-normal variables of the form 10 and 10 , re-
spectively, where , and

. From (35) and (38),

we obtain (34) as

(39)

where defining and ,

is given by

(40)

In the above, and . From (39), we can

evaluate (34) and, hence, (18).

B. Mixed Voice/Data System

In this subsection, we derive analytical expressions for the
performance measures of interest in a cellular CDMA system
with mixed voice/data traffic employing SIR-based admission
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control. The parameters of interest are the outage probability
for voice traffic, the average system throughput, and the mean
delay for data traffic. We first derive the data burst retransmis-
sion probability which is then used to derive the average system
throughput and the mean data burst delay.

1) Data Burst Retransmission Probability:A data burst cur-
rently in transmission could be lost because of a new voice call
or a data burst being admitted into the system. Such a lost data
burst is assumed to be regenerated after a random time and re-
transmitted. Let and denote the probabilities of data burst
retransmission in cell due to a newly admitted voice call and
data burst, respectively, in cell. These probabilities conditioned
on , , and are denoted by and , respec-
tively. can be written as

(41)

where is obtained from (4) and

. Similarly, can be written as

(42)

Averaging (41) and (42) over and , we can write

(43)

(44)

where and , based on similar
arguments in Section III-A, are given by (10) and

(45)

respectively. In (45), . Averaging (43) and (44)
over , we have

(46)

(47)

where is as given in (12). The data burst re-
transmission probability is then given by

(48)

In order to evaluate (41) and (42), we need to compute the joint
probabilities

(49)

(50)

and the marginal probabilities

(51)

(52)

Note that , , , and are similar to the expressions
in (18) and (19). They can be evaluated by the methods dis-
cussed in Section III-A2. However, it will be seen later in Fig. 2,
in Section IV, that the Fenton’s method approximation to eval-
uate (i.e., (39)) together with the CB approximation to eval-
uate gives results closest to those obtained by simulations.
Therefore, we apply the CB approximation in [2] to evaluate the
marginal probabilities and . To evaluate the joint prob-
abilities and , we apply the Fenton’s method as explained
in Section III-A2. We substitute the values of , , , and

in (43), (44) , and (46)–(48) to obtain the data burst retrans-
mission probability .

The voice call outage probability due to a newly admitted
voice call is obtained by scaling (41) by the factorand the
voice call outage probability due to a newly admitted data burst
is obtained by scaling (42) by . Hence, the data burst retrans-
mission probability, , is also equal to the voice call outage
probability. Also, the probability that a voice call is blocked or
that a data burst is not admitted due to constraint and, hence,
buffered , can be written as

(53)

We define the average system throughput,, to be the fraction of
time during which the system carries voice traffic and successful
data bursts, which is given by

(54)

2) Mean Data Burst Delay:In this subsection, we present
the analysis for deriving the mean data burst delay. The data
bursts in the virtual buffer wait tilla) a code is available for allo-
cation, andb) the at the corresponding base station is below
threshold. We assume that the probability of a code not being
available is small for the loads under consideration. Hence, the
first departing data burst waits till the at its corresponding
base station (in this case, base station) goes below threshold.
This happens only if an ongoing call departs from the system.

We define to be the probability that the
at the base station of cellgoes below threshold following the
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departure of either a voice call or a data burst, which can be
written as

(55)

where and are the probabilities
that the going below threshold is due to the departure
of a voice call and a data burst, respectively. Likewise,

and are the probabilities that
the departing call is a voice call and a data burst, respectively.

and are given by

(56)

(57)

The above two equations are evaluated by the method applied
to evaluate and in Section III-B1. The probabilities

and are given by

(58)

(59)

The arrival rate into the virtual queue is , where
is the total number of cells in the system. Letbe the number
of departures that need to occur for the at the base station of
cell to go below threshold. Let be the random variable that
denotes the delay experienced by the first departing data burst
in the virtual queue. Let , , , be the

epoch at which theth departure occurs. Let ,
, . Hence, the delay of the first

departing data burst is given by

(60)

It is noted that the random variablesare independent of each
other, i.e., , . The characteristic function of con-
ditioned on , , and , , is given
by

(61)

where , the characteristic function of
conditioned on , and , is given by

(62)

In the above, is given by

(63)

Equation (62) is obtained from the fact that conditioned on the
type of each departing call, is an exponentially distributed
random variable. and are obtained by averaging (58) and
(59) over and . Note that the averaging over and

should not be done at this stage and needs to be done on
the expression for the mean delay of the first departing data
burst conditioned on and . However, we have averaged
(58) and (59) at this stage to simplify our analysis. This can be
valid for low loads because the probability of a buffered data
burst having to wait for more than one departure for the go
below threshold is quite small. It can also be valid for high loads
because the difference in the ratios in the right-hand side (RHS)
of (58) and (59) is negligible for changes of the order of unity
in and .

To average (61) over , we use

(64)

where

(65)

Equation (64) is further simplified by replacing
by , where is obtained by averaging

over and . It is noted again that the
averaging over and must not be done at this stage.
However, we make this approximation to simplify the analysis
with the same justification as mentioned earlier. By making
this approximation, (64) is modified as

(66)

Averaging (61) over , and , we obtain the charac-
teristic function of , . The density function of the delay

, , is then given by

(67)

The mean delay and the delay variance of the first
departing data burst are given by

(68)

and

(69)

The rest of the virtual queue, other than the first departing data
burst, is modeled as an queue with mean service time
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Fig. 1. Outage performance with SIR-based admission control and CA-based
admission control. Voice-only system.N = 61 cells.n = 64 spreading codes.

. Hence, we can obtain the mean waiting time in the
queue, using the Pollackzek–Kinchine formula [11], as

(70)

where and . Finally, the mean
data burst delay is given by

(71)

where is the average number of transmissions per packet,
given by

(72)

IV. RESULTS AND DISCUSSION

In this section, we present the analytical and simulation
results of the performance of a voice/data CDMA system with
SIR-based admission control. The performance of the system
with CA-based admission control is also presented for compar-
ison. Our focus in the performance results and discussion are
two fold. First, we compare the accuracy of the performance of
the SIR-based admission control predicted by our approximate
analysis with that obtained by actual simulations without any
approximations. Second, we compare the performance gain
achieved by using SIR-based admission control relative to
that achieved by CA-based admission control. The latter is
done by comparing the results obtained by actual simulations
without any approximation. Consequently, in all the legends in
Figs. 1–6, ‘Simulation” means true simulations of the system
without approximation.

The following system parameter values are used in all the
analytical computations and simulations: cells,
spreading codes, s, s, kb/s,

kb/s (i.e., ), and dB. As in [4], we take
dB and, hence, dB.

Fig. 2. Outage performance with SIR-based admission control predicted by
analysis and simulations. Voice-only system.N = 61 cells.n = 64 spreading
codes.

A. Voice-Only System

We first evaluate the outage probability for a voice-only
system with and without SIR-based admission control. Fig. 1
shows the outage probability as a function of Erlang load
per cell with both CA-based, as well as SIR-based admission
control. The analytical results for the SIR-based admission
control is obtained by using Fenton’s method approximation
to compute the joint probability [i.e., (39)] and by using
the CB approximation given in [2] to evaluate the marginal
probability, . It is observed that with CA-based admission
control, an outage probability of 0.01 occurs at a load of about

Erlangs cell, whereas with SIR-based admission
control, the same outage performance is achieved at a load
of Erlangs cell. This is an increase of 33% in the
Erlang capacity in a system with SIR-based admission control
compared with a system with CA-based admission control.
This improvement in capacity is due to admitting new calls
only when criterion is not violated.

The accuracy of the outage performance predicted by the
analysis discussed in Section III are illustrated in Fig. 2, by
comparing the analytical results obtained through different
approximations with the simulation results. The curve labeled
“Approx. I” in Fig. 2 is obtained by computing through
Fenton’s method approximation [i.e., (39)] and through
CB approximation as in [2]. The curve labeled “Approx. II”
is obtained by computing through Fenton’s method ap-
proximation [i.e., (39)] and through Edgeworth expansion
as in [4]. The curve labeled “Approx. III” is obtained by
computing through CLT [i.e., (31)] and through CLT
approximation as in [2]. It is observed that the analytical results
obtained through “Approx. I” overestimates the outage proba-
bility, whereas the results obtained through “Approx. II” and
“Approx. III” underestimate it. From Fig. 2, we observe that
the CB approximation for and Fenton’s approximation for

(“Approx. I”) is more accurate (i.e., closer to the simulation
curve) than the other approximations.
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Fig. 3. Voice call outage performance as a function of voice traffic load�
with SIR-based and CA-based admission control. Mixed voice/data system.
� = 5 Erlangs per cell.

B. Mixed Voice/Data System

Next, we evaluate the performance of the mixed voice/data
system with and without SIR-based admission control. We are
interested in comparing the mean data burst delay performance
and the voice/data Erlang capacities with SIR-based and
CA-based admission control. We define the voice and data
Erlang capacities as the offered voice traffic for a desired voice
call outage probability and the offered data traffic for a desired
mean data burst delay performance, respectively. We specifi-
cally consider a data-only system (for which ), as well
as a mixed voice/data system with Erlangs per cell,
both with varying .

As observed in Section IV-A, “Approx. I” (i.e., evaluating
using the CB approximation as in [2] and using the Fenton’s
method approximation [i.e., (39)]) matched best with the results
obtained by simulations. Henceforth, in the subsequent figures,
Figs. 3–6, the plots corresponding to the legend “SIR Admission
Ctrl. (Analysis)” are obtained by evaluating and using
the CB approximation as in [2] and evaluating and using
the Fenton’s method approximation explained in Section III-B.

Fig. 3 gives the voice call outage probability performance as
a function of voice traffic load in a mixed voice/data system
with a data traffic of Erlangs per cell. In Fig. 3, the
curve labeled “SIR Admission Ctrl. (Analysis)” is obtained by
evaluating (48). It is observed that the results obtained through
our analysis closely match the simulation results. Also, the
SIR-based admission control is seen to perform better than
the CA-based admission control. For example, a 1% outage
probability occurs at a voice traffic of about 2 Erlangs per
cell using CA-based admission control, whereas for the same
outage performance of 1%, the SIR-based admission control
supports an increased voice traffic of about 6 Erlangs per cell. It
is noted that, in the voice-only system that we studied, a voice
traffic load of about 20 Erlangs per cell was achieved at a 1%
voice call outage probability. However, in the mixed voice/data
system, the voice Erlang capacity achieved is 6 Erlangs per
cell in the presence of 5 Erlangs per cell of data traffic. Thus,

Fig. 4. Mean data burst delayD versus� in the absence of voice traffic (i.e.,
� = 0).

Fig. 5. Mean data burst delayD versus� for � = 10 Erlangs per cell.

the voice Erlang capacity comes down while supporting higher
rate data users.

In Figs. 4 and 5, we compare the mean data burst delay per-
formance of the SIR-based admission control with that of the
CA-based admission control, as a function of data traffic.
Fig. 4 corresponds to a data-only system (i.e., ) and
Fig. 5 corresponds to a mixed voice/data system with a voice
traffic of Erlangs per cell. In Figs. 4 and 5, the curves
labeled “SIR Admission Ctrl. (Analysis)” is obtained by evalu-
ating (71). Again, the analytical mean delay results are observed
to be close to the simulation results, thus validating the approx-
imations made in the analysis. From Fig. 4, we observe that,
in the absence of voice traffic, we obtain an improvement of
about 25% in the mean delay performance due to SIR-based
admission control compared with CA-based admission control
(about 70 ms mean delay for CA-based admission control and
about 53 ms mean delay for SIR-based admission control, at

Erlangs per cell). This is because, in CA-based admis-
sion control, calls are admitted into the system regardless of the
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Fig. 6. Average system throughput� versus� for � = 10 Erlangs per cell.

SIR conditions. This may allow a faster first time transmission
of a data burst, but it will encounter a larger number of retrans-
missions due to data loss because of more interference. This
results in a larger overall delay for CA-based admission con-
trol. SIR-based admission control, on the other hand, does not
admit calls (i.e., buffers data bursts) if SIR conditions are not fa-
vorable. This may possibly delay the first transmission attempt
more, but the transmission attempts will have a larger proba-
bility of success, because of the controlled SIR conditions. This
results in a lesser overall delay compared with that of CA-based
admission control. When Erlangs per cell, the mean
delay performance of SIR-based admission control improves
by about 40% compared with CA-based admission control, as
observed in Fig. 5. This is because, at increased voice traffic
loads, the CA-based admission control performs poorer because
it now admits more calls (subject to code availability) than in a
data-only system, which causes more retransmissions and more
delay compared with SIR-based admission control.

From Figs. 4 and 5, it is also observed that at a mean
delay of 50 ms, the SIR-based admission control offers about
25%–50% improvement in the data Erlang capacity compared
with CA-based admission control. For example, for
(Fig. 4), at ms, the data Erlang capacity improves
from 6.5 Erlangs to 8.2 Erlangs. Similarly, for (Fig. 5),
the data Erlang capacity improves from 4 Erlangs to 6 Erlangs.
Fig. 6 gives the average system throughput as a function of

for Erlangs per cell. The curve labeled “SIR
Admission Ctrl. (Analysis)” in Fig. 6 is obtained by evaluating
(54). We observe that because of lesser retransmission and
outage probability, the SIR-based admission control utilizes the
system more efficiently than the CA-based admission control.

V. CONCLUSION

We analyzed the performance of SIR-based admission
control strategy on the uplink in cellular CDMA systems with
both voice and data traffic. We presented an analytical approach
to evaluate the outage probability for voice traffic, the average

system throughput, and the mean delay for data traffic in a
voice/data CDMA system with SIR-based admission control.
The analytical results were shown to closely match with the
simulation results. We showed that for a voice-only system,
a capacity improvement of about 30% can be achieved with
SIR-based admission control as compared with the CA-based
admission control. We also showed that for a data-only system,
an improvement of about 25% in both the Erlang capacity, as
well as the mean delay performance can be achieved with the
SIR-based admission control as compared with the CA-based
admission control. Improvements of similar magnitude were
shown to be achieved with SIR-based admission control in a
mixed voice/data system.
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