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at acceptable levels and to enable hand-off of live connections
without unacceptable rates of cell overload or call dropping.
Studies of the capacity of cellular systems, stated in terms of
The goal of a call admission control policy is to admit to the
the admissible number of remote users, have generally been lim- system as many users as possible while maintaining the Qualityited to voice telephony. In this paper, we address the problem of of-Service (QoS) guarantees of ongoing and incoming calls [3].
comparing the interference-limited performance of CDMA and The system capacity is then defined as the total number of users
TDMA systems in a packet switched environment. The objec- that can be admitted to the system. Following a common practive is to determine whether the capacity advantages claimed for tice in the literature, we will express this capacity in terms of
circuit-switched CDMA still apply in a packet-switched envi- users per cell, although this number is to be interpreted as an
ronment, where the natural time diversity of bursty transmission average value since, once a user is admitted to the system, it
may be a significant factor. Under a set of specific assumptions can roam throughout the service area, and the actual number of
about the wireless environment (including path loss, shadow users in each cell is a random variable.
fading, multipath delay spread, co-channel interference, power
Studies of cellular system capacity have been reported in the
control, coding), we evaluate the number of users which can be literature, but most of these have been limited to circuit switched
admitted to the system while maintaining some desired Quality- narrow band voice communications [4]-[6]. In [4], the CDMA
of-Service level. Four different classes of users with different (Code Division Multiple Access) scheme was compared to static
characteristics and requirements are considered. The system ca- TDMA/FDMA (Time Division Multiple Access/Frequency Dipacity is found to significantly depend on the QoS objectives, vision Multiple Access) schemes, and the authors showed that,
which might be stated in terms of availability of some specified for telephone traffic, the capability of the CDMA system to tolsignal to interference level, packet loss rate, or mean tolerable erate high levels of adjacent cell interference helps in achieving
delay. The main finding is that strict requirements imposed on a substantial capacity gain with respect to fixed channel allocathe radio access level tend to favor CDMA, whereas if some tion TDMA/FDMA schemes.
form of packet recovery at the higher layers is allowed (implyThis paper complements these studies by considering a wireing a relaxed set of requirements on the radio interface), then a less network serving constant-bit-rate (CBR) or variable-bit-rate
somewhat higher capacity may be achieved by TDMA.
(VBR) users in a packet switched environment. The objective
is to estimate and compare the capacity of packet TDMA and
I I NTRODUCTION
packet CDMA approaches. As a first step towards this goal, in
this
paper we restrict ourselves to a wireless network carrying a
Within the field of modern telecommunications, there has resingle,
homogeneous traffic class (i.e., all remotes generate the
cently emerged a strong interest in supporting portable devices
same
type
of traffic), and several such single traffic classes are
capable of wireless communications. Accordingly, Wireless ATM,
considered.
Possible extensions to compute the capacity regions
wherein the concept of bandwidth upon demand is carried over
when
the
network
carries multiple traffic classes with different
to the wireless world [1]-[2], has enjoyed increasing attention.
traffic
characteristics
and QoS requirements can be envisioned
Seamless extension of ATM from the high bandwidth and low
but
are
beyond
the
scope
of this paper.
error rate wireline network to the low bandwidth and high error
In
an
attempt
to
be
thorough,
we explicitly account for path
rate wireless network introduces a series of interesting and challoss,
shadowing,
multipath
delay
spread
and co-channel interferlenging issues. The harsh fading nature of the wireless chanence.
Further,
we
investigate
the
effects
of error control coding
nel, and interference due to simultaneous use of the bandwidth
and
power
control.
We
consider
convolutional
codes of differby multiple users, cause conditions wherein the intended signal
ent
rates
to
quantify
the
effects
of
error
control
coding. Two
may not be received with satisfactory quality at the base statypes
of
power
control
are
considered:
(a)
coarse
power
control
tion. While power control may be a partial solution for combatwherein
the
power
control
mechanism
compensates
only
for the
ing signal loss due to propagation effects, it is also necessary to
pathloss
and
the
shadowing
experienced
by
a
user,
and
(b)
fine
limit the number of users simultaneously admitted into a system
power
control
wherein
the
mechanism
is
such
that
it
compenconsisting of a cluster of cells in order to keep the interference
sates for multipath fading as well. Note that in the latter case
the received signal strength due to any remote user’s transmisS.V. Krishnamurthy is with the Department of Computer Science and Engineering, University of California, Riverside, CA, 92521, e-mail: krish@cs.ucr.edu; A.S. Acampora is
sion at the base station is constant. Depending on the type of
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traffic class considered and on the constraints imposed, different
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random variable, , respectively, so that the signal power received
a user, averaged over multipath, is proportional to
 from
  . Based on this quantity, users are assigned to the best
base station, i.e., the one with smallest long-term attenuation.
This assignment strategy guarantees significantly improved performance with respect to the case of closest base station assignment [10, 11]. The effect of multipath fading [12]-[14] is
modeled
  by
 means
of
 a complex Gaussian impulse response,
multipath intensity
'& exponential
 "!#%, $ with
(*)+, if  ! and 0 otherwise.
profile, i.e., 
The quantity -/. is the delay spread of the channel. As to the
second-order statistics of the channel, we consider here for simplicity the block-fading channel model, in which the channel
impulse response does not change within a slot, but is independently chosen slot-by-slot. This model also accounts for the effects of user mobility (not explicitly modeled in our MonteCarlo
simulations), assumed here sufficient to make successive transmissions experience independent fading conditions. Notice that
this assumption of fading independence would also correspond
to the use of frequency hopping techniques.
For every packet transmission, we compute, at the receiver,
the Signal-to-Interference Ratio (SIR), and assume that the packet
is correctly received if and only if the SIR is above a preset
threshold, which depends on the details of the physical layer.
In particular, the receiver is assumed to consist of a perfectly
coherent filter matched to the waveshape produced when a rectangular transmit pulse is “filtered” by the impulse response of
the multipath channel 0 . In addition, in the TDMA system, we
assume the presence of a zero forcing equalizer which negates
the intersymbol interference (ISI) caused by the delay spread of
the channel. For both CDMA and TDMA, QPSK modulation is
assumed. In order to focus on the interference-limited nature of
the systems, thermal noise is neglected throughout.
For a fair comparison, the channel data rate is assumed to be
the same for both CDMA and TDMA. In CDMA, the channel
data rate is actually the chip rate, with the actual user information rate being 132 times slower, where 132 is the spreading gain
of the CDMA modulation 4 . On the other hand, in TDMA, a user
transmits at peak channel rate only during a fraction of the time,
resulting again in an actual information rate equal to 5#67132 times
the peak channel rate. More specifically, we assume a slotted
time axis (see Figure 1). Each slot accommodates exactly one
TDMA packet. 8 A frame structure is superimposed, where a
frame consists of 1 2 slots. Note that, because of the bandwidth
spreading, a CDMA packet will occupy an entire frame (i.e., 1 2
slots).

QoS metrics may be defined. Most of the QoS metrics considered in this work depend on the signal to interference ratio (SIR)
at the receiver being greater than a threshold value, fixed a priori. Since closed form expressions for the SIR are difficult to
obtain, we use a combination of simulation and analytical models to estimate the statistics of the SIR under various conditions.
In this paper, we are concerned with the radio access performance, i.e., we do not consider higher-layer techniques to
recover from transmission errors. In order to draw more definitive conclusions, one must couple such a study with the analysis of protocols at the data-link layer and above. The results
we present in this paper provide insight which can lead to formulating meaningful simplified models for the study of these
higher-layer issues.
A somewhat general conclusion which can be drawn from our
results is that protocols or applications requiring very stringent
access performance (e.g., in terms of packet loss rate) would
benefit from higher protection as provided by CDMA, whereas
protocols and applications which can work in the presence of
relatively high packet error rates (e.g., through efficient retransmission error recovery) can accommodate a larger number of
users if TDMA mode is chosen. In the environment under consideration, we are able to characterize this trade-off and to identify the CDMA and TDMA cross-over point.
We limit ourselves to the study of the performance of the reverse link (i.e., remote-to-base transmission link). Due to the
multiple access nature of the reverse link, one might expect that
the forward link performance would be at least as good as that of
the reverse link [8]. Ignored throughout are such practical matters as synchronization since we are exclusively interested in
comparing the capacities of the two systems as fundamentally
limited by propagation effects and multiple access interference.
In Section 2, we present our system model, including propagation effects and allocation strategies used for CDMA and
TDMA. Also described in Section 2 are the different classes of
traffic considered and the simulation and analytical models. A
discussion of the results is presented in Section 3.
II
A

S YSTEM A SSUMPTIONS

Model of the physical layer

The wireless network is assumed to be divided into regions
consisting of contiguous radio cells. Each cell contains a centrally located base-station, and the base stations are deployed in
a hexagonal arrangement. For traditional TDMA cellular systems, a seven-cell reuse pattern is often deployed [9]. This results in a 6/7 capacity penalty, which may not be needed in systems where the flexibility of packet switching can be exploited.
Therefore, in our work, we assume that the entire bandwidth
is reused in every cell for both TDMA and CDMA systems.
This may be pessimistic in a TDMA setting, where some interference protection (e.g., via dynamic channel allocation) can
help the performance. However, due to the already considerable
complexity of the present study, we leave consideration of such
schemes for further work.
The propagation model considered throughout accounts for
a number of effects. Path loss and shadowing are modeled as
the inverse fourth power of the distance,  , and a log-normal

B

Traffic models

In this paper, we separately and independently consider four
traffic classes, representative of a variety of possible services.
Type 1: CBR Traffic. The first class considered is CBR traf9

Note that for CDMA this corresponds to an ideal RAKE receiver with an infinite number of fingers.
:
Note that, strictly speaking, this is true only when no coding is used. If the information
sequence is coded before transmission, the effective CDMA spreading gain seen by the
encoded stream is reduced according to the code rate, since ;=< is the ratio between channel
rate and user information rate.
>
In this case as well, if coding is used the slot occupancy of a TDMA packet is increased
according to the code rate, so that both information rate and channel symbol rate are kept
fixed. Specific explanation is given in Section 2.4.
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fic, which may, for example, represent real-time voice or video.
For the entire duration of the call, each active CBR user generates packets periodically, at the rate of one packet per frame.
Each user is then assigned the same slot in every frame, much
like in a circuit-switched system. In this case, interference can
be assumed to be persistent (since the same group of users will
likely interfere for an extended period of time), and therefore
we choose as the QoS metric the probability of outage, i.e.,
the marginal probability that the SIR is below threshold (in this
case, we can assume that the connection will be unacceptably
degraded and will therefore be dropped). In the case of speech
transmission, packet switching allows discontinuous speech activity to be exploited, through the Speech Activity Detection
(SAD) mechanism. In this case, users generate packets only
for some fraction of the time (taken to be about 40% in the
numerical results) [4]. In CDMA, this results in a proportionally decreased interference, whereas in TDMA this allows the
bandwidth manager to dynamically reallocate slots among active users .
Unlike class 1, traffic classes 2, 3 and 4 consist of bursty
packet traffic (VBR). In CDMA, whenever a user sends a packet,
the channel is occupied for the entire frame duration, and several
overlapping packets may be transmitted in the same frame. In
TDMA, a perfect media access protocol is assumed, and the system is able to schedule transmissions so that users in the same
cell will transmit in different slots within a frame ? . Coordination among different cells, though a possibility, is not considered
here.
Type 2: Packet Traffic with no retransmissions allowed. Traffic class 2 is a limiting case, with no provision for queueing remote users’ packets. Each remote user generates a packet in a
frame with probability @BAC5 , and that packet is transmitted in
the subsequent frame. As before, transmissions for which the
SIR is below threshold are unsuccessful, and no retransmission
is allowed. Unlike CBR traffic, consecutive randomly generated
VBR Class 2 packets encounter different interference power levels since the number of access attempts per slot (TDMA) or
frame (CDMA) and the set of interfering users are random. Due
to this time diversity feature of packet switching, the fact that
the SIR is not adequate during a single packet transmission does
not mean that the whole connection will experience poor quality. An appropriate QoS measure for this traffic class is then the
probability that the instantaneous packet loss rate exceeds some
predetermined value.
Type 3: Packet Traffic with retransmissions allowed and no
delay constraints. In traffic class 3, a remote user’s queue is
assumed to always contain packets awaiting transmission and
a user transmits a packet in a frame with probability @ . If a
transmission attempt is unsuccessful, the failed packet is scheduled for retransmission after some random delay. No constraint
is imposed on the value of this delay, nor on the number of
transmission attempts allowed for a given packet. The remote
queue is assumed to be of infinite size, so that, eventually, all
packets are successfully delivered if the system is stable. Note
D

that different transmission attempts are subject to different fading/interference effects by virtue of time-diversity. Let the steadystate probability of successful transmission, when, there are (on
average) F users per cell, each transmitting with probability @ ,
be denoted by G=H%I 2%2 FKJ@ . The probability that a user success 
fully transmits in a slot (service rate) is given by L FKJ@
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In order to ensure that the system be stable, it is required that the
arrival rate to any remote user’s queue be less than the achiev
able service rate, L/ONP7R F . Thus, ^ is the per-cell capacity. 
We note here that it is extremely difficult to obtain G H%I 2%2 FKJ@
in a closed form. We use a combination of analysis and simulations to compute the value of G`H%I 2%2 FKJ@ . For a given value
of M and q, we compute the SIR by analysis (as shown in the
following sub-section). We then perform Monte Carlo simulation experiments for an extensive set of channel conditions.
In each experiment if a tagged packet under consideration has
an associated SIR (as computed by analysis for the particular
channel conditions) greater than a pre-requisite threshold, then
the packet is deemed successful. By counting the number of
successful packet transmissions we can compute the value of

G H%I 2%2 FKJ@ . In order to compute the saturation throughput,
for each value of M, we perform simulations over an exhaustive set of values for q and estimate the maximum value of

@QMaG H%I 2%2 FKJ@ .
Type 4: Packet Traffic with retransmission and delay constraints. Each Type 4 user generates packets according to a
cb
Bernoulli arrival process of intensity @ , and stores them in a
queue. In any given frame, each remote user with a non-empty
queue attempts to transmit a packet with probability @ . The
steady state probability
 of a packet being successfully transmitted is G H%I 2%2 FKJ@ . If the transmission attempt fails, the
packet is returned to the queue for retransmission. The performance metric defined for traffic class 4 is the mean delay
experienced by a packet, which includes the queueing delay as
well as delay due to failed transmission attempts. Note that due
to the time diversity feature of packet switching (which randomizes the interference in successive transmission attempts)
and under the assumption of fine power control (which basically removes the propagation effects seen by any single user),
successive transmission attempts can be approximated as independent and
identically distributed with success probability

G=H%I 2%2 FKJ@ . Accordingly, each remote user’s queue behaves as
an M/M/1 queue. Let G Y be the probability that a given remote
user’s queue is empty. If there are F users in the network,
each

would transmit with an effective rate of @d
@ 5QefG Y packets
per frame. In order for an M/M/1 queue to be stable, the average interarrival time must be greater than the average service
cb
time. Consequently it is necessary that @
 (input arrival rate as
defined earlier) be less than @G HgI 2%2 FKJ@d . The mean delay experienced by a packet when F users are present in the system

We assume here the availability of a perfect bandwidth assignment mechanism, so that
the potential of SAD in TDMA can be fully exploited.
E
Note that this is not possible if the number of active users in a frame exceeds the number
of slots. However, in all cases of interest, this event has negligible probability and will be
ignored.
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eJ
J|J represent the tap weights of the
where l Jm
_[__
zero forcing equalizer.
Equations
 (4) and (6) provide the conditional SIR, given the
number of interferers, k , and the propagation conditions of all
users. These analytical expressions can be used in a Monte
Carlo simulation for the evaluation of the desired performance
metrics.
Coding may be used in both the CDMA and TDMA systems.
In a CDMA system, use of a convolutional code of rate m6
would reduce the spreading gain by a factor of  6 m , so that both
the information rate and the channel chip rate are unchanged.
In a TDMA system, coding would result in a packet occupying
 6 m slots instead of just one. Coding allows achievement of
a given bit error rate objective with lower SIR threshold. This
may be represented as a coding gain, which is the difference in
SIR needed by coded and uncoded systems to obtain the same
BER performance.
In all our computations, we consider the SIR of a code symbol (as opposed to the SIR of an information bit) for making a
decision on the success/failure of a packet. An information bit
consists of  6Xm code symbols when a code of rate m6 is used.
At the output of the correlator, the signal powers of the  6Xm
code symbols in the information bit add up coherently, while
the powers interfering with those code symbols add up incoherq¡¢ Y

ently. This yields an additional coherence gain of 5
 6Xm
0
dB. Since convolutional error control codes provide better immunity to independent errors than to correlated errors, the coded
performance is expected to improve when interleaving is used
[8], whereby bits are scrambled among packets prior to transmission, so that the correlation between errors is reduced. The
price to be paid in this case for the improved coding performance is a delay increase.
Power control schemes are used to compensate for time variation in signal strength arising from various propagation phenomena. Open loop or coarse power control compensates only
for the path loss and shadowing experienced by a remote’s signal. Thus, in the absence of multipath effects, the signals received from all simultaneously transmitting users within a cell
will be of the same power (perfect power control will be assumed throughout). If fine or closed loop power control is implemented, a remote will adjust its transmit power such that,
irrespective of its position and the associated shadow and multipath fading, the power of the intended signal component at the
base-station is a constant £ . The power control considered in this
paper is strength-based, i.e., it achieves constant received power.
Another form of power control, whose objective is to equalize
the SIR at the receiver, may be more favorable to TDMA, but
may also suffer from stability problems, and will not be considered here.

is then given by [15]

h
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Incb order to minimize the mean delay, for  a given input rate of
@ , the average service rate @G=H%I 2%2 FKJ@d must
 be maximized

@ 5iejG Y and
with respect to @ , taking into account that @d
that the probability that a given remote user’s queue is empty is
given by
cb

@

G Y
5Qe
(3)
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C

SIR analysis


Let there be k
5 remote users, uniformly distributed in the
cluster of cells forming the region of interest. Let us focus on
the transmission of a given user (say the 0-th user) in the center
cell, so that edge effects are avoided. Let #l be the distance between the m -th transmitter in the cluster
 and the considered base
station. Furthermore, let l and l
be the shadowing attenuation and the multipath impulse
response
affecting the user’s

signal, respectively. Let n
be a rectangular pulse of unit amplitude and duration - 2 , where - 2 is the channel symbol (chip)
duration.
In Appendix A we show that for CDMA with neither coding
nor power control, the SIR with which a packet is received is
given by:
Y   Y 1|2~4 } 4 *
oqprtsvuxwzy{
p svuxwzy
(4)
_
psvuxwzy
In the above equation
is the interference experienced
by the packet due to k simultaneously transmitting interferers
and a self noise component (due to frequency selective fading)
and is given by:
;`< 
p7s uxwzyfCx Y   Y  0
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In Appendix B, we show that under the same conditions, the
SIR for TDMA is
Y   Y } 4 *
oqpr uxwzy
p uw3y
(6)
+
_
+
p uxwzy
As before, +
represents the interference experienced by
the packet in the TDMA system and is given by:
p x
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III

In this section, we present some results which are representative of the performance of the CDMA and TDMA systems.
We do not attempt an exhaustive performance evaluation of the
two schemes, but rather focus on a comparison of their radio
access capacity. Our results, generated according to the analyt¤
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It should be noted that this does not completely eliminate multipath effects i.e., time
dispersion will still be present.


4

ings of this study, e.g., the fact that the relative performance of
CDMA and TDMA depend on the QoS specifications and on
the type of traffic, is still qualitatively true. Therefore, although
a more precise assessment of this comparison should take into
account more details, what is presented here is a valuable first
step towards a fuller understanding of the issues involved.

ical/simulation technique described in the previous section, are
presented in terms of QoS metric (which is different for different traffic classes) vs. the average number of admitted users
per cell. As a general conclusion, we observed that the capacity assessment of TDMA and CDMA significantly depends on
the QoS metrics chosen and on the QoS requirements. Typically, CDMA better satisfies strict QoS constraints (i.e., small
packet error rates), due to its inherent ability to tolerate some
degree of interference while still providing good quality. On
the other hand, TDMA is more sensitive to moderate or high
levels of interference, and therefore in this context it offers a
higher capacity when less stringent requirements are placed on
the physical/access layer. It should be noted that this does not
mean that TDMA cannot be used for high-quality communications, since time diversity coupled with the short durtion of the
TDMA packets allows for the recovery at higher layers (e.g.,
data-link) of those packets which are lost on the radio interface.
The study of these higher-layer protocols is, however, beyond
the scope of the present paper, but our results may be applicable
to such a future study.
In the simulations, we assume that satisfactory signal quality
can be achieved with a SIR of 8 dB (computed after the frontend processing, including despreading, decoding and equalization as applicable). The standard deviation of the lognormal
shadowing is assumed to be 8 dB. To fully capture interference
effects, the geographical region under consideration is a cluster
of 61 cells. The use of error-control codes is assumed to yield
asymptotic coding gains. In particular, for convolutional codes
with soft decision decoding, the coding gains assumed are 7 dB
for a rate 1/2 code, 7.3 dB for a rate 1/3 code, and 7.4 dB for
a rate 1/4 code, respectively [16]. If hard decision decoding
is used, the coding gain is about 3 dB smaller. The constraint
length for each of these codes is 7. We also considered a rate
2/3 code with a constraint length of 4 for equivalent decoder
complexity. For this code, the asymptotic coding gain is 5.2
dB with soft decision decoding. Finally, before we discuss our
results we list again, some of the primary assumptions that we
make ¥ .
¦ We assume a frequency reuse factor of one for both CDMA

A

Results for CBR traffic

We present first some results for the Type 1 traffic, i.e., CBR
traffic. Figure 2 illustrates the
of power
©effects
¨ 
©ª control on both
TDMA and CDMA, for 132
and -/.
-/2 (unless otherwise noted, these parameters will be used for all results in the
following). It can be clearly seen that, as expected, CDMA benefits from the use of fine power control, compared to the case of
coarse power control (performance with no form of power control is not considered for CDMA). On the other hand, TDMA
shows a very robust behavior with respect to the type of power
control used, with essentially the same performance in both cases,
which in turn is significantly better than no power control at all.
This can be explained by the fact that TDMA packet successes
mostly occur when there is almost no interference, in which case
the performance depends more on proper equalization than on
the intended signal power. We also studied the effect of changing the value of 1z2 (not shown in the Figure): as expected,
by doubling 1z2 , one can approximately admit twice as many
users, so that results for higher values of 132 can be similarly
extrapolated « . Note, however, that increasing 1z2 requires that
either the information rate be decreased or the bandwidth be increased. Also, consistent with [4, 7], the results shown in Figure
3 confirm that the use of SAD produces approximately a capacity 2.5 times larger (for a speech activity factor of 40%).
Figure 4 illustrates the effects of using convolutional codes of
different rates in a CDMA system. No SAD is considered here,
but a good approximation for the case with SAD can be derived
by appropriately scaling the results shown. It is seen that choosing a code rate smaller than 1/2 does not result in any further significant improvement, due to similar values of the coding gain ¬ .
In the rest of the paper, a rate 1/2 code will therefore be used.
In Figure 5 (also with no SAD), we present a direct comparison between TDMA and CDMA for the CBR traffic class for
some specific conditions. The curves can be seen to cross at
some critical value of the outage probability (e.g., about 0.02
when a rate 1/2 code is used). CDMA allows more users to be
admitted than TDMA when the constraint on the outage probability is smaller than this critical value, whereas if outage probabilities larger than the critical value are permitted, TDMA provides higher capacity. The CDMA system can easily enjoy the
benefits of SAD, so that the capacity results as given in Figure
5 can be multiplied by a factor of 2.5. For an outage probability

of less than 0.01, results indicate that about 5[®¯1z26 users
may be admitted to the CDMA system. The performance benefit provided by SAD and cell sectorization cannot be as easily
achieved in circuit-mode TDMA. However, if one is willing to
accept the additional complexity of dynamic slot reassignment,
°
Note that this may not be true for smaller values of ;`< , where the behavior is not
linear.
±

and TDMA systems.
¦ We assume two types of power control. Coarse power control compensates for pathloss and shadowing. Fine power
control compensates for multipath fading as well.
¦ We assume that a zero forcing equalizer is used with the
TDMA system and that this equalizer completely eliminates time dispersion for the desired signal.
¦ In TDMA, a perfect medium access control protocol is
present. This protocol allows transmissions to be scheduled such that users within a cell transmit in different timeslots within a frame.
¦ We ignore synchronization issues
We note that some of these assumptions affect the numerical
results presented, and such effects may be different for TDMA
and CDMA. On the one hand, note that some assumptions favor CDMA (e.g., perfect synchronization) while others favor
TDMA (e.g., perfect MAC). On the other hand, the main find§

Note that, as the code rate is decreased, the coherence gain due to the fact that coded
symbols combine coherently while noise combines incoherently is counterbalanced by the
corresponding loss in processing gain seen by the coded sequence.

These assumptions were described earlier in Section 2.
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more than twice the capacity of TDMA), whereas the opposite
might be true if the QoS requirement is relaxed to allow packet
loss rates of up to 10%. A possible way to improve matters
for TDMA might be to reintroduce some degree of frequency
isolation, e.g., not reusing the same spectrum in all cells. We
believe that a more efficient system strategy would be to accept relatively high packet loss rates at the access layer, coupled
with some smart scheduling strategies for efficient retransmission, as was proposed in [7]. Another alternative might be to dynamically assign channels among different cells, which involves
considerably more complexity but can potentially prevent worstcase occurrences, thereby greatly improving the overall performance. Finally, more advanced signal processing techniques
(e.g., smart antenna arrays) can also be used to reduce the effect
of interference. Due to the already considerable complexity of
our physical-layer study, we have not addressed these aspects,
which are left for future efforts. We make a note here that
although the chosen value of the spreading gain 1 2 is 50, the
number of admitted users could be much higher since the user
activity @ is small (equal to 10 % in this case).
Figures 7 illustrates the performance of the TDMA and CDMA
systems with Type 3 traffic, i.e., packet traffic users in heavy
load. Plotted as a function of the expected number of users per
cell is the saturation throughput, which is the amount of traffic
that the network can carry with no delay constraints. For a given
number of admitted users, F , and a given
 transmit probability
@ , the probability of success G`H%I 2%2 FKJ@ is found by simulation. Note that, in computing this probability of success, all
possible channel
conditions are considered. The service rate

@G=H%I 2%2 FKJ@ is then maximized with respect to the transmit
probability @ . The value of @ which achieves this maximum also
achieves the saturation throughput as explained in Section 2. It
is to be noted that, since the metrics thus computed are averages
(the averaging being done over all possible channel conditions),
there are no QoS objectives defined for this traffic class. The
effects of various parameters on the CDMA system are shown
in Figure 7. From Figure 7, it is seen that the TDMA system
achieves a higher saturation throughput and a better maximum
achievable service rate than does the CDMA system. This is not
surprising since, without any delay constraints, retransmission
with time diversity is expected to be more bandwidth efficient
than the a priori protection provided by bandwidth spreading [7]
(note, in fact, that in CDMA, bandwidth is spread even when it
is not needed, i.e., when there is little interference).
In Figure 7, it is seen that the TDMA throughput first increases with the number of users per cell, F , but then asymptotically decreases as F becomes large. This is due to the fact that
there is no intra-cell contention among the TDMA users for low
values of F . However, as F increases, a user’s signal would
be subject to intra-cell interference in addition to inter-cell interference, causing an overall throughput reduction. Thus, when
the per-user transmission probability is chosen to maximize the
saturation throughput, adding users eventually causes an asymptotic reduction in throughput.
Finally, Figure 8 shows results of mean delay for VBR Type 4
traffic. When analyzing the performance of this traffic class, we
assumed that the co-channel interference and multipath fading
experienced by a packet vary independently from one transmis-

the same capacity gains can be achieved for both TDMA and
CDMA.
The fact that the curves for CDMA and TDMA cross at some
point is an important result, and being able to quantitatively
identify that critical point and to study its sensitivity to the various environmental factors may be key for efficient design of
the access scheme. For example, we found that the crossing
point moves to the right (i.e., the regime over which CDMA
provides higher capacity increases) if the frequency selectivity
of the channel increases. In fact, the performance of the CDMA
scheme improves with an increase in delay spread, since this
translates into greater received signal power because there are
then more resolvable paths (recall that we assume here a perfectly matched filter at the receiver, which can resolve all paths).
On the other hand, the performance of TDMA is relatively insensitive to the value of - . , since the effect of the delay
Y spread
in this case (i.e., the ISI) is removed by the equalizer 0 .
B

Results for VBR traffic

In this subsection, we present results for the three VBR classes
as described in Section 2.
The QoS measure considered for Traffic Class 2 (VBR traffic with no queueing permitted at the remote) is the probability that the packet loss rate exceeds some maximum tolerable
value. The packet loss rate suffered by any user is dependent
on the interference experienced by that user. The interference
in turn depends on the propagation conditions of all simultaneously transmitting users. In Figure 6, we have considered two
values for the maximum tolerable packet loss rate, i.e., 1% and
10%. We remark once again that the packet loss considered here
is observed at the radio access level and, while certainly affecting the performance of protocols and applications at higher layers, it is not representative of the quality perceived by the user.
In other words, this study is mostly concerned with lower-layer
performance, whereas a higher-layer study based on the results
here presented still needs to be addressed in order to fully characterize the QoS enjoyed by the applications.
The sensitivity of the CDMA system to the value of the tolerated packet loss rate is relatively small due to the fact that
spread spectrum provides good protection against moderate interference. For typical values of SIR, stricter requirements of no
more than 1% packet loss are usually satisfied, whereas under
heavy interference conditions, CDMA breaks down and cannot meet even looser loss requirements of 10%. On the other
hand, the outage probability for TDMA is very dependent on
the threshold packet loss objective; for our range of parameters,
a 10% objective can be met whereas a 1% objective cannot.
Figure 6 shows the probability of outage, i.e., the probability
that the instantaneous packet loss probability exceeds a specified value, denoted by ² in the graph labels 00 . Consistent with
the above discussion, Figure 6 shows that, if the packet loss rate
must be 1% or lower, CDMA in general provides higher capacity (if we want a packet loss rate of no more than 1% at least
90% of the time, when a rate 1/2 code is used, CDMA provides
9³

For very large values of the delay spread, the performance of TDMA will be affected
by interference enhancement in the equalizer, leading to degraded SIR.
9"9
The value of the outage probability may be interpreted as the long-term average of the
fraction of time a user experiences a packet loss rate in excess of R , or equivalently the
fraction of users experiencing the same condition throughout the system.
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sion attempt to another. As discussed in Section 2, this may be
a reasonable assumption if fine power control is used and in the
presence of a sufficient degree of randomization of the transmission attempts. The mean delay is minimized with respect to
the transmit probability @ . From queueing theory, the minimum
mean delay is achieved when @ is chosen so as to maximize the
throughput. Thus, as in the case of Type 3 traffic, one might expect the TDMA mean delay performance to be better than that
of CDMA. Figure 8 compares the mean delay performance of
CDMA and TDMA. It is seen that a TDMA scheme using a rate
1/2 code can admit approximately twice as many remote-users
as may be admitted in a CDMA scheme using a rate 1/2 code
before the system becomes unstable. Other results, not shown
here, indicate that reducing the arrival rate to a remote user’s
b
queue, @ , by half approximately doubles the number of admissible users, as expected.
IV
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AND

(in terms of number of users per cell) is actually achieved at the
expense of a capacity loss due to the use of a frequency reuse
plan. In a packet-switched situation it is likely that not using full
frequency reuse will lead to worse results.
A
A

E STIMATION

OF

SIR

IN THE

CDMA

SYSTEM

Signal Component and Self Interference
Let a single user, transmit a signal given by:

! Y * 

F UTURE W ORK

In this work we have compared the performances of CDMA
and TDMA systems in a packet switched wireless network. Different traffic classes, requiring different QoS metrics, have been
independently considered. By means of analysis and simulations, the capacity of the network, stated in terms of the maximum number of users admissible to a geographical region such
that some QoS objective can be guaranteed, was found. Results
obtained under a specific set of assumptions show that the relative performance of CDMA and TDMA, expressed in terms of
admissible number of users, largely depends on the QoS objectives set at the radio access level. As a general result, TDMA
may be used in conjunction with protocol stacks which are able
to recover from relatively high packet loss rates on the air interface, whereas CDMA should be used when small packet error
rates at the radio access level are necessary.
While the results obtained in this work provide some valuable insight about the performance of the TDMA and CDMA
schemes in a wireless packet environment, further study is required in order to draw more firm conclusions while also relaxing some of the simplifying assumptions made here. In particular, extending the effect of this study to higher layers in the
protocol stack (e.g., data-link error control) may enable a clearer
assessment of the performance of the whole system. Also, this
work is limited to the independent study of different traffic classes.
Study of co-existing multiple traffic classes with differing QoS
requirements needs further attention. Also, use of sectorized
or array antennas, which may yield significant performance improvements in both TDMA and CDMA, also merits future investigation.
Finally, while the objective of the paper was to compare CDMA
with TDMA with a frequency re-use factor of 1, we recognize
that a comparison with multiple frequency TDMA may be appropriate. However, it is beyond the scope of this preliminary
work. We point out that since we have compared the schemes
with a varying number of users, using multiple frequencies (or
using frequency hopping) will cause the interference that is experienced by a transmitting user due to simultaneously transmitting interferers to be reduced. This may be represented as a
reduction in the number of interfering users or, equivalently, as a
capacity increase. However, we note that this capacity increase
7
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noise due to multipath propagation. Since
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´ È
´
values +1 and -1 with equal probability and are assumed to be
statistically independent of each other (ideal spread spectrum


the intended user; Y and Y are the corresponding parameters
of the intended user. Then, the interference experienced by the
intended user both due to self noise and due to the k interferers
is given by:

modulation), the expected value of the self noise is zero, and its
variance is given by:
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Multiple Access Interference

In this section, we compute the multiple access interference
due to simultaneously transmitting users. For simplicity, we
omit subscripts and complex notations. Let us consider an interfering user, say user Ñ , whose signal may be represented as:
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Let a given user, transmit a signal such that a single bit from
this user is given by:
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Then, the SIR seen by the intended user, in the presence of k
multiple access interferers, can be expressed as:
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Let there be k multiple access interferers in the region of interest. Let I be the distance of the Ñ th interferer from the
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¦ - Þ is the bit time.
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delay spread of the channel.
We are interested in only real part of the signal appearing at
the output of the receiver. It can then be shown that the signal
power is given by
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of the Ñ th interferer with respect to the base-station of the intended user; Y and Y are the corresponding parameters of the
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If a zero forcing equalizer is used, we must
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Note that the mean value of the ISI is zero. It can be shown that
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where × is the random variable representing the multiple access
interference.
Using Equations 25, 26 and 27, and by considering the effects
of pathloss and shadowing, the SIR can be expressed as:
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Fig. 1. Slot structures for the (a) CDMA and (b) TDMA schemes
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