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data call model is a circuit model and assumes that once a data call is accepted in

the system, data messages are transmitted without delay throughout the duration

of the call. For capacity partitioning [10] model where a fixed fraction of the reverse

link capacity is dedicated to each type of class, they use the following equality (Eq.

2.7) by neglecting n:

where indices v and d denote voice and data calls respectively. Dv and Nd are

the number of active simultaneous voice and data calls. The maximum number of

calls (NT') that can be supported by a cell is defined as the number that exceeds

admissible active call numbers (N) with probability less than Po . For the voice calls,

this number is computed using the voice activity factor:

The same number is found for data users using the data activity factor. This

is then used to compute the blocking probability Pb from

the classical Erlang formula:

For dynamic sharing model, the total number of available resources is

determined by the largest Nina'. If for example, Nrax > Ad ax then the total

number of unit trunks is Nrax and voice calls consume one unit trunk while each

data call consumes Nvmax/Nrax unit trunks. The Erlang capacity in this case is

found by using the generalized Erlang model Kaufman et al. [11].
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In Capone et al. [12], the authors analyze a protocol that admits data traffic

into the CDMA cellular system based on the current aggregate voice interference

level in order not to degrade the quality of service for the delay critical voice traffic.

An on-off voice traffic model and a Poisson data traffic model are considered where

no new arrivals are generated by the busy user until the current transmission is

complete. Using the outage condition described above, the data rate under perfect

power control is chosen as:

In Sun et al. [13], capacity analysis of a multiservice CDMA system with

continuous (circuit mode) and discontinuous (packet mode) transmission schemes is

studied. It is assumed that synchronization messages are transmitted through traffic

channels. Low transmission bit rates (I i ) are transmitted during idle periods to

maintain synchronization. The overhead interference (h) is contributed by synchro-

nizing messages used to reestablish physical link when a discontinuous transmission

scheme is adopted. In this case the outage condition is written as the following:



where r2 represents the multipliers of basic rate R and vi is a binary random

variable taking values 1 and 0 when the user is active and inactive respectively.

for the discontinuous

service and h = 0 for continuous service. The discontinuous transmission is imple-

mented for short packet data users where activity factor is taken as 1 during packet

duration and 0 otherwise. It is shown that the hybrid transmission scheme can

provide higher capacity. The Erlang system capacity assuming that Z is a Gaussian

variable is computed. Voice, long and short packet services are considered where

closed loop power control is applied for voice and long packet data. Therefore, the

SIR of continuously transmitted data is lognormal random variable while SIR of

discontinuously transmitted short packet data is a chi-square random variable with

two degrees of freedom (exponential random variable). The call admission scheme

proposed in [13] introduces the average number of times that a data message must be

transmitted before its successful receipt. More detailed analysis of packet switching

CDMA networks with Automatic Repeat Request (ARQ) is reviewed in the next

section.

2.2 Throughput of Common Channel CDMA Systems

The analysis of slotted (synchronous) and unslotted (asynchronous) random access

spread spectrum packet radio networks has been an active research topic for many

years. Since error control via acknowledgments and retransmission in non-real

time applications is crucial, especially in the environments where message losses
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are usually higher, a retransmission scheme is used. The packets received with

uncorrectable errors are retransmitted (Figure 2.1).

Figure 2.1 Schematic Representation of CDMA Random Access Channel

One of the early papers about slotted random access packet CDMA systems is

Raychaudhuri et al. [14] where steady-state throughput characteristics are obtained.

The analysis of multicode spread slotted Aloha in Dastangoo et al. [15] is done for

code acquisition and packet transmission stages. This work is based on Raychaudhuri

et al. [14] and Zhang et al. [16]. Analysis of slotted systems is easier since the

number of interferers during a packet transmission is constant while in unslotted

case the interfering packets can enter and leave the system during a tagged packet

transmission.

In Joseph et al. [17],[18] the stability and performance of the unslotted random

access CDMA systems are investigated for a Poisson arrival model with exponential

distributed packet length. Their assumption is that any user in backlogged mode is

inhibited to generate a new packet. Hence, queuing analysis is omitted. This study
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has been the reference for many related works. In their analysis, the probability of

packet success Ps is defined as:

where A is the input traffic rate (new and retransmitted packets), m id is the

number of interferers at the i t h bit, L is the number of bits per packet, Pc is bit

error rate and p is the joint distribution of ma's. For a given data rate R, random

variable for packet duration is 'T = L I R. The multiuser interference process can be

represented by a discrete time finite Markov process. Modeling with Markov Process

is valid also for an arbitrary distribution if multiuser interference changes slowly

relative to a bit duration (AT sec).

is mean packet duration.

Using the Markovian property of the joint distribution of number of interferers,

Ps can be written as



where N is the number of users in the system, n is the number of backlogged

users , A a is packet rate per user and A, = 1/T is the retransmission rate and

Sout is the throughput of the system. Note that stability of the system depends on

retransmission delay that must be longer for heavier traffic.

In Yin et al. [19], performance analysis for iinslotted CDMA with fixed packet

length is investigated for infinite number of users. This work uses channel model

where an error occurs if the number of interferers exceeds L-1. In Storey et al.

[25], a DS-CDMA radio channel with hard decision Viterbi decoding is analyzed for

finite population with infinite buffer size. The authors assume heavy traffic condition

where they do not distinguish between radios that are backlogged and those that are

not. In Okada et al. [26],[27], CDMA slotted/unslotted Aloha systems with finite

population and finite buffer size are investigated for fixed packet length.

More general (not Markovian) systems for different retransmission algorithms

are investigated via simulation. In Harpantidou et al. [28], slotted random multiple

access under bursty packet traffic is studied experimentally; the performance of

ideal and implementable slotted Aloha and m-ary stack algorithms are investigated

for packet interarrival times distributed according to Pareto distribution. Linear

and exponential back-off techniques are investigated in Khan et al. [29] for the

uplink common channel packet transmission in Wideband CDMA for Poisson arrival

process.

In Soroushnejad et al. [24], the authors present the performance analysis of a

CDMA access scheme with integrated services where a slotted Aloha protocol with

retransmission control via channel sensing is used by the data users. Each time slot



15

is equal to the duration of single data packet. Voice and data traffic is modeled by

Bernoulli process models with fixed packet length where no new packet is generated

during backlog mode of data users. An adaptive slotted Aloha DS-CDMA access

scheme is proposed in Sallent et al. [22] for voice and data services where data

terminals change their transmission rate according to the total (voice+data) channel

occupancy to obtain the minimum possible data delay. The analysis is done under the

assumption of a Poisson arrival process and exponentially distributed message length

for conventional S-Aloha DS-CDMA system and the adaptive scheme is studied via

simulation. Fewer articles have analyzed integrated systems for unslotted CDMA

systems. In Sandouk et al. [30], outage probability for voice users and throughput

for data users are evaluated for an integrated unslotted CDMA system for fixed

packet length. In this work, the interference from both media is assumed to be the

same and the number of simultaneous transmissions from voice users is assumed to

be constant during one data packet. The same assumptions are used in Sato et al.

[31] where an integrated voice and data system over a CDMA unslotted Aloha with

Channel Load Sensing Protocol is analyzed.

2.3 Resource Allocation in Wireless CDMA Networks

Power control in code division multiple access (CDMA) cellular systems is a crucial

issue since the capacity of CDMA networks is mainly interference limited ([2],[3]).

Present CDMA cellular systems have been optimized for voice transmission. For

voice CDMA systems based on the IS-95 standard, power control is used to combat

the near-far problem by maintaining nearly constant received power at the base

station. Power control is used as a means of minimizing multi-user interference and

improving capacity by adjusting the powers to obtain the same carrier to interference

power ratio on all links. In IS-95 reverse link, the signal from each mobile unit
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should arrive at the base station with the minimum signal-to-noise ratio (SNR)

needed to maintain desired quality. In reverse link-open loop control, mobile unit

estimates path loss from cell site by comparing received power to transmitted power.

Mobile adjusts its power such that the transmitted power is lowered if the signal

is determined to be too strong or is increased slightly otherwise. In reverse link-

closed loop control, the demodulator at cell site compares received SNR to desired

value and commands adjustment accordingly every 1.25 ms. Power is adjusted by

a predetermined increment (.5 dB) each time. In forward link, at certain locations,

the signal received by a mobile unit may be too weak to accurately decode data

due to the excessive shadowing and interference from a neighboring cell. The cell

periodically reduces the transmitted power in order not to transmit high power if

not necessary. When a mobile detects an increase in its frame error rate, it requests

higher power and the cell site increases power by a predetermined amount ( .5dB)

once per vocoder frame or about 15-20 msec. The dynamic range is limited to +/-

6 dB.

The Carrier-to-Interference Ratio (CIR) (or Signal-to-Interference Ratio (SIR))

balancing technique for power control purposes is presented in several works

(Nettleton et al. [32], Zander et al. [33]). The power control algorithms in the

literature can be classified as distributed and centralized algorithms where the path

gains are known a priori or measured C/I ratio on the active links are utilized. Two

distributed power control approaches have been proposed in the literature. In the

first approach, the receiver's signal-to-interference ratio (SIR) is measured and the

transmission power is adjusted according to whether SIR is below or above some

target value. The drawback of this algorithm is that the local adjustments without

a global consistency increase the interference to the neighboring areas that result

in increase of power in this area, hence an increase of interference. In the second
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approach, the transmitted power is adjusted in order to balance the SIR's of all links

and to maximize the worst SIR in the channel. The drawback of this approach is

that during the iterations of power adjustment or after reaching the steady state,

the SIR's of the links may fall below the required value. In both approaches, the

potential of admitting a new call cannot be foreseen.

In Bambos et al. [34], the optimization problem includes transmitter power

minimization, network capacity maximization and optimal resource allocation. The

desired properties of a power control scheme are stated as to be distributed (at the

node or link level) in order to require minimal usage of network resources for control

signaling, simple to be suitable for real-time implementation, agile for fast tracking

and adaption to the channel changes and mobility, robust to be able to adapt to

stressful contingencies and scalable to perform at various network scales of interest.

In this algorithm, the active links adjust their power as in the standard power

control case while the the new ones power up gradually at a constant power rate.

When it is not possible to admit any new link, voluntary dropout (VDO) of a new

link can mitigate congestion and may help other new links gain admission. For

this purpose, SIR increase of new links is used to expect the likelihood of gaining

admission soon.

In case of multiple channels, the mobile can switch to the lowest-power channel

in a smooth way. In case of multihop wireless network, the minimum power routing is

performed. The shortest path from the source to the destination is searched where the

arc lengths are the powers needed for establishing the links. Another important issue

is the decision of transmitting or waiting according to the channel measurements.

In Ayyagari et al. [35], a power control algorithm is proposed for the problem

of admission control in a DS-CDMA network with integrated services. The algorithm

is shown to be optimal in the sense of maintaining active link quality (QoS of active
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users) while maximizing free capacity of new admissions (bandwidth to new users).

Bursty packet applications can introduce high interference during active periods.

Multiaccess interference is regulated by controlling the transmit powers of the users

for active link quality protection. This is done by computing the "interference

margin" that is the amount of excess interference that can be tolerated by active users

without violating their SNR thresholds. The admission control process is executed

in two distinct phases:

1) Scaling: The powers of the active users are scaled to maximize the inter-

ference margin. In this optimization procedure, the controllable variable is the power

allocation vector for active users. The objective is to maximize the interference

margin. The constraints include the SNR requirements of all active links and the

peak transmit power capability afforded by each active user's power budget.

2) Admission: The new users (circuit or packet) are selected and allocated

transmit power levels to optimize some measures such as the throughput.

The Lowest Power Algorithm (LPA) Ayyagari et al. [35] determines the ratio

of peak received power to minimum received power for each mobile user and then

selects the link with the smallest ratio to scale all the minimum link powers. The

obtained results are compared with the Maximum Power Algorithm (MPA) where

all active users operate at their maximum power. It is shown that the interference

margin and the data rate available for a new code is higher for LPA.

In Chen et al. [36], transmission power control and channel admissions are

managed jointly in order to maintain the SIR's of all links above the required quality

factor at all times. Two algorithms that guarantee the quality of connection for

active users and predict the effect of a possible new mobile on the SIR of active

mobiles by measuring the path loss among the stations are proposed. In the second

approach, instead of a global controller that collects and process information for call
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admission and power assignment, a local control decision is used. The problem is

formulated as to find a basic feasible power vector solution to activate a mobile. This

controls the activation of a mobile and the assignment of transmission power to it.

In Huang et al. [37], two schemes are proposed: a transmitted power based call

admission control (TPCAC) scheme that protects ongoing calls and a received power

based call admission control (RPCAC) scheme that blocks new calls when the total

power received at a base station exceeds a threshold. A weighted combination of call

blocking and call dropping probabilities is used as a system performance measure.

The simulation results show that the total received power provides a more useful

measure of system load than user's transmitter powers and that RPCAC algorithm

provides significant reductions in the weighted combination of call blocking and call

dropping.

In Akyildiz et al. [38], a novel medium access control protocol called wireless

multimedia access control protocol with BER scheduling for slotted CDMA based

systems is proposed. The idea is that if multimedia data is transmitted with the

conventional power control schemes where the capacity is limited by the traffic with

the lowest BER requirements, it will be wasteful to schedule simultaneous trans-

missions of voice and data packets with BER requirements on the order of 10 -3 and

10-9 respectively. It schedules the transmission of multimedia packets according to

their BER requirements so that packets with equal or similar BER requirements are

transmitted in the same slots. The main objective is to maximize the throughput and

to minimize the packet losses. Since packets are classified according to their BER

requirements, the conventional power control scheme can be used with one power

level for each slot which is simple to implement.

In Sun et al. [13], two call admission schemes are implemented; they are based

on the outage probability. In predictive call admission control, a linear predictor is
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used to predict the future traffic from its present and past values. If the call setup

time is smaller regarding to the traffic variations, advantage of predictive algorithm

is negligible.

In Wu et al. [39], the measured traffic is used to control transmission power

distribution in a wireless CDMA system for Poisson traffic model. It is assumed

that the required bit error rate for media with high transmission rates (higher power

and lower processing gain) needs to be lower than the media with low transmission

rates (lower power and higher processing gain). Two types of service are considered

as media with high priority (e.g., telephone and video) and media with low priority

(e.g., data and fax). An optimal power distribution is computed to provide the

required BER of media with high priority and achieve the maximum throughput and

minimum BER of media with low priority.

A hybrid channel assignment scheme is proposed in Kim et al. [20] for slotted

DS-CDMA systems for integrated voice/data services where voice traffic is trans-

mitted in circuit mode while data traffic is transmitted in packet mode. It is assumed

that data packet length is equal to one subslot length. Optimum power levels are

found for each time slot by considering the number of voice calls and the number of

data bursts.

In Fantacci et al. [21], the performance evaluation of voice and data services in

wideband slotted DS-CDMA systems is derived for optimum code allocation at the

base station. The analysis is done under the assumption of a Poisson message arrival

process and geometric message length distribution and that mean message delay is

equal to mean packet slot delay.

In Yue et al. [23], the authors present the output and delay process analysis

of slotted CDMA network system for integrated voice and data services where data

users can use the voice codes during off-time of voice users. In their model, the
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time axis is slotted to segments corresponding to packet transmission time and it

is assumed that at each slot maximum M (M=available number of codes) users can

transmit successfully.



CHAPTER 3

SYSTEM MODEL

The system model consists of a CDMA cell with multimedia services. Two main

classes are considered such as real time (class 1) and non-real time services (class 2):

Class 1: Delay intolerant application requiring a constant bit rate of RI bits/s

and a bit error rate (BER) of at most

Class2: Delay tolerant users requiring a bit rate of at least R. bits/s and a

bit error rate of at most Q.

Each class is further divided into subclasses corresponding to different appli-

cations with given traffic characteristics and QoS parameters, e.g., both voice (class

1 1 ) and video (class 1 2 ) users correspond to the first class (Table 3.1). The traffic

model of these classes, the communications channels of the CDMA system and the

channel allocation schemes are explained in the following subsections.

3.1 Traffic Model

Users arrive to the system with Poisson arrival rate A and the call/session durations

are exponentially distributed with mean it.

Real time services 

The accepted models for voice activity are the exponentially or geometrically

distributed on-off models with mean on time 1/k and mean off time 1/0. The voice

activity factor e can be calculated from the balance equations as e = .

22
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For exponentially distributed on-off times, the superposition of a constant

number of N independent voice user can be modeled by a birth-date process as

shown in Figure 3.1. The state probabilities are then:

If the number of active frames within "on" period and idle frames within "off"

period are computed by a geometric random variable (P(k) = p(1 —p) k-1 ), the same

process can be used when data rate is high relative to on-off times.

It is shown in Garrett et al. [40] that variable bit rate video transmission

exhibits a self similar character and that the frame length conforms to a Pareto

distribution , at least in the tail of distribution. The Pareto distribution has a

probability mass function:



Non real time services 

Recently, the heavy-tailed packet length distribution has been widely used in

many research and development studies for wireless technologies [41], Ajib et al.

[69], Al Agha et al. [70], Yegenoglu et al. [71]. Exponentially distributed interarrival

times and fixed, exponentially and Pareto distributed packet lengths with cutoff

(maximum packet length) are implemented.

An exponential distribution with cutoff value m and mean if is computed as:

To simulate self-similar data such as Ethernet data, Pareto distribution is used

for the interarrival times. Recent examinations of Ethernet, LAN traffic Leland et al.

[45] and wide area network traffic Paxson et al. [46] have challenged the commonly

assumed models for network traffic, e.g., the Poisson distribution. Measurements
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of real traffic indicate that significant burstiness is present on a wide range of time

scales. It is shown that Pareto distribution describes well such types of traffics Nabe

et al [47], Crovella et al. [48].

3.2 System Channels

Access channels: Access channels are channels used for communication of channel

request and acknowledgment messages between the mobile and base station. The

entire process of sending one request message and receiving (or failing to receive) an

acknowledgment for that message is called an access attempt. One access attempt

consists of one or more access sub-attempts delayed with a random delay and

restricted by an impatience factor. In this study, the number of access channels

is kept high so that an access failure occurs only when there is no available traffic

channel for a new user (as a result of call admission). Transmission power through

access channels and data rate are constant. The access request message (l a bits)

consists of class id and mobile id.

Control channels: Control channels are channels used for communication of

power and rate control and acknowledgment messages between the mobile and base

station. In the simulations, the number of control channels is high relative to number

of users and transmission power through control channels and data rate are constant.

Control message consists of cell id, mobile id and power and rate levels. ARQ

(automatic request for retransmission) is applied for class 2 users where a trans-

mission control sequence which request retransmissions of data received in error is

implemented. ARQ message consists of cell id, mobile id, packet id and a flag

indicating positive or negative acknowledgment.

Traffic channels: Traffic channels are used for data transmission between the

mobile and base station. The number of traffic channels is determined by the number
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of transmission codes. Dedicated traffic channels carry information in a dedicated,

point to point manner between a single mobile station and the base station. Common

traffic channels carry information in a shared access, multipoint to point manner

between multiple mobile stations and the base station. The frame size is / 4 bits for

itch class. The attributes of the signal carried by the traffic channels are allocated

power (P) and rate levels (R).

The allocation of these vectors is governed by the computation of the amount

of interference in the traffic channels. Note that total noise can change within the

packet segments; signal to noise ratio (SNR) is computed beginning from the first

bit of the packet until the end of the reception of the last bit.

where G is the processing gain, Pr is the received power. The total noise

(717,) for the user in consideration is the sum of received power from other users and

background noise (7-0:

where Tr and Tb are receiver and background temperatures respectively, B is

the Boltzmann constant, W is system bandwidth and rah, is the ambient noise level.

Received power at cell site is computed as:
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where Pan is the inband transmitted power, pt is the path loss and Ft and gr

are the transmitter and receiver antenna gain respectively.

where Pt is the transmitted power and ft and f,. are the transmitter and receiver

base frequencies respectively. Path loss is computed as:

where c is the light velocity, d is the distance between the user and the cell site

and 7 is the propagation constant. The computed error rate for the packet is then

compared with given F value to decide the acceptance of the packet receipt.

This study focuses on the optimal allocation of traffic channels with the corre-

sponding power and rate vectors that meet the user QoS requirements. According to

the allocation control at session, burst and packet level, the transmission modes are

distinguished as dedicated circuit, burst/packet transmission and common channel

packet switching. In the next sections, these techniques are investigated for different

media services of the same class.

3.3 Switching Methods

In this section, different switching techniques are described. Figure 3.2 provides the

state diagram of the circuit and dedicated burst/packet transmission modes.
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