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Abstract 

One of the very important problem in wireless spread spectrum that utilizes code division 

multiple access (CDMA) is transmit power control. In this thesis, this problem for wireless 

indoor CDMA communication systems using time division duplexing (TDD) is addressed. 

An architecture for power controlled CDMA using TDD is developed and its per-

formance is analyzed. The analysis takes into account a time-variant multipath Rayleigh 

fading channel which is modelled by two rays. The transmit power control is based on 

keeping the signal to interference power ratio (SIR) of the RAKE (optimum) receiver de-

cision variable constant. The probability density functions (pdf) of the signal power and 

interference power are derived as is the SIR of the RAKE decision variable. Simulation 

results verifies the validity of the pdf of the signal power of the RAKE decision variable. It 

also verifies the shape of the pdf of interference power of the RAKE decision variable. 

Simulation results show that the SIR does not dip significantly over time. It does 

have a few positive going peaks when there are more users, however, these peaks 'the favor 

of the user and do not harm the co-user. 
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Chapter 1 

Introduction 

1.1 Background 

For the past 30 years, the telecommunication industries have been trying to 

remove the tethers that bind the telephones to walls and desks of buildings. Early 

mobile telephones were consumer portable telephones which allowed mobility in a 

narrow area. Phase two has brought cellular radio, which complements, but does 

not replace, the existing wired network. Cellular communication has been faced with 

an ever increasing demand. The number of cellular phones in use was 4.5 million in 

1990[1] which increased dramatically to 11 million by the end of 1992[2]. This large 

demand can not be accommodated in big cities because of lack of radio spectrum. In 

spite of this, phase three involves truly portable telephone handsets that could compete 

with, if not replace, not only cellular systems but also the existing wired telephone 

network. Such personal communication systems (PCS) can completely change the 

way people communicate. One of the steps that should be taken in phase three to 

make PCS a realization is to introduce a light small portable telephone handset to 

use in the business indoor environment where there is a large demand . 

In this chapter, after introducing the existing problems which slow down or 

even may stop accomplishing phase three, some of solutions which have been found 

are described. Then, the objectives and organization of this thesis will be stated. 

1 
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1.1.1 Existing Problems in Indoor Wireless And some of 

Their Solutions 

All architectures that have been suggested for indoor portable wireless commu-

nications, have one thing in common. They divide the service area into cells. Each 

cell has a base station which is star connected to portable handsets over a number of 

radio channels. The base station also has cable links to the public switched telephone 

network (PSTN) and the neighboring cells. This is illustrated in Figure 1.1. The link 

from the base station to a portable and vice versa are referred to as the forward link 

and the reverse link, respectively. 

Public Switched 

Telephone Network 

To Neighboring 

Base Stations V 

Radio Links 

I 

1 

N-th Portable 

Figure 1.1: Links between portables within a cell and with others outside the cell 

In each cell, a multiple access scheme is used to provide channels for establishing 

calls. There are three multiple access schemes: Frequency, Time and Code division 

multiple access or FDMA, TDMA and CDMA, respectively that can be used in the 

cellular systems. In FDMA, the frequency spectrum is divided into nonoverlapping 

blocks and each block is used as a separate communication channel. In TDMA, time 
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is divided into frames and each frame is divided into slots. A slot within the sequence 

of frames forms a channel. Finally, in CDMA, which doesn't divide channels by either 

frequency or time, channels are constructed by the codes used to spread and despread 

the signal spectrum of each user. 

In the late 1980's, analog cellular systems which were based on FDMA schemes 

faced capacity limitations in the larger cities [3, 4, 5] and [6]. It was at this time that 

other schemes based on digital communications were investigated to see if the capacity 

of the cellular system could be increased. While all three multiple access schemes are 

suitable for digital cellular systems, Gilhousen et al. claimed in [5] that CDMA offers 

an improvement in capacity on the order of 4 to 6 times over digital TDMA. The 

capacity improvement over current FM/FDMA is predicted to be nearly a factor of 

20. For this reason, CDMA is very attractive. 

To reach the forementioned capacity some problems must be addressed. The 

first problem is interference from users in neighboring cells. The second problem 

is a harsh channel due to obstacles (such as walls, doors, people, etc.), that cause 

multipath reception which is a form of self interference. The third problem which is 

unique to CDMA is the power control of all portables' transmitters. Otherwise, those 

portables which are near the base station generate unsurmountable interference for a 

portable far from the base station. 

CDMA is almost ideally suited to the first two problems mentioned above. 

CDMA employs spread spectrum signals which means, as stated before, each user has 

a specific spreading code, which is usually a pseudo random sequence. The spreading 

in the transmitter and despreading in the base station is done with the same code or 

pseudo random sequence. The spread spectrum signals from other portables which 

were spread with unique codes appear like incoherent noise which is the most benign 

form of interference. 

The multipath reception problem shows that there are multiple replicas of 

the original signal, but with different time delays. In CDMA, these replicas can be 

resolved and then each resolved signal demodulated and combined constructively. 

The optimum receiver which combines the multipath components is called a RAKE 
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receiver [7j. In FDMA and TDMA, portables located in the same cell do not interfere 

with each other. To prevent neighboring cells from generating interference, bordering 

cells are assigned different carrier frequencies. While this reduces the interference, it 

also decreases the spectrum efficiency by a factor of 4 or 7 depending on the frequency 

reuse pattern. As well, multiple paths cannot be resolved for narrow band FDMA 

and TDMA signals. 

Transmit power control is a very important problem in a CDMA system. It 

is necessary to mitigate the effect of fading. Power control guarantees that each 

portable transmits at the required power level to keep the quality of communication 

satisfactory and reduce the amount of interference. This must be done to reach the 

capacity limit of network. 

1.2 Thesis Objectives 

Realization of indoor wireless CDMA communications is the key step toward a 

fully personal communication system. One of the very important problems in CDMA 

is transmit power control. In this thesis, transmit power control for an indoor com-

munication system is addressed. The objectives of this thesis are as follows: 

1. Develop an architecture for a power controlled wireless indoor CDMA com-

munication system using time division duplexing (TDD). 

2. Analyze the performance of the model for the reverse link. 

3. Simulate the model to verify the analysis. 

1.3 Thesis Organization 

This thesis consists of seven chapters including this introductory chapter. The 

second Chapter discusses time-variant multipath channel. The model of the channel 

is described in order to introduce all related parameters. As well, diversity and com-

bining techniques are briefly described. In the third Chapter, CDMA communication 
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architecture is introduced. Then transmit power control of a portable is described. 

Analysis of an indoor wireless CDMA system using time division duplexing and power 

control is covered in Chapter 4. Verification of the analysis with simulation is given in 

Chapter 5. Simulation results are presented and discussed in Chapter 6. The thesis 

conclusions are given in Chapter 7. 



Chapter 2 

Indoor Channels 

2.1 Introduction 

Indoor wireless communication systems suffer from a very harsh radio channel 

due to a phenomenon called multipath fading. This phenomenon results in a severe 

degradation of the quality of a communication system. To mitigate the effect of 

multipath fading some kind of diversity must be used. In this chapter, multipath 

fading indoor channels and different types of diversity are described. 

2.2 Characterization of the Indoor Channel 

In a typical wireless indoor communication system, a fixed antenna installed at 

the base station communicates with a number of portables inside the building. Due to 

reflection, refraction, and scattering of radio waves by objects inside the building, the 

transmitted signal reaches the receiver by more than one path. The signal components 

arriving from the direct path and the indirect paths combine and generate a distorted 

version of the transmitted signal. 

In narrow band transmission, an indoor channel causes fluctuations in the enve-

lope and phase of the received signal. On the other hand, in wide band transmission, 

the effect of the indoor channel is to replicate a series' of delayed and attenuated 

versions of the transmitted signal. In the case that. the transmitted signal is a pulse 

6 
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the received signal would be as shown in Figure 2.1. In this figure, two responses are 

shown for two pulses transmitted at times to and to + a where a > 0 and t2 < ti [13]. 

As seen in this Figure, the amplitudes, the relative delays among the pulses, and 

the number of pulses change with time. For this reason, the time-variant multipath 

channel can only be characterized statistically. 

Transmitted signal Received signal 

t = to t = tl I t = t1 + T12 

t = T11 

t= + a t = t2 t = t2 + T22 

t = t2 + T21 
• 

n 
t = t2 + T23 

Figure 2.1: A typical response of a time-variant indoor channel to a single pulse 

applied at two different times 

2.2.1 Impulse Response of the Indoor Channel 

An indoor channel usually consists of a number of paths, associated with each 

path are a propagation time delay and an attenuation factor, both of which vary with 

time. The variations of these two parameters are mostly a result of moving objects like 

portables, people, doors, etc. The time-invariant version of this model, first suggested 

by Turin[8], has been used successfully in mobile radio communications[9],[10]. 

A signal is said to be a band pass signal if its frequency spectrum is zero in the 
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vicinity of f = 0 and f = oo. With the above model, if the band pass signal s(t), 

represented as 

s(t) = Re[u(t)ejwl, (2.1) 

is transmitted in this environment by a portable, where u(t) is the low pass equivalent 

of s(t) and co, = 27rfe is the carrier angular frequency, the received signal at the base 

station is then 

L(t) 

r(t) = E ,3,(t)s(t — 11(0). 
1=1 

(2.2) 

In the above equation, A(t) and ri(t) are the attenuation factor and the propa-

gation time delay for the /-th path, respectively. As well, L(t) is the number of paths 

between a portable and the base station. The values of the above three time-variant 

parameters are those experienced by the signal that reaches the receiver at time t. 

Using (2.1) to express s(t — ri(t)) results in 

where 

L(t) 

r(t) = Ref[E /31(t)e-i2irfcmou(t 
— 

Timeizwiet} 

1.1 
= Re-P;(0612'1cl, 

L(t) 

x(i) = > ,3,(t)e-j2/1.0)u(t — Ti(o) 
1=1 

(2.3) 

(2.4) 

is the equivalent low pass response of the channel to the equivalent low pass input 

signal u(t). Therefore, the low pass equivalent of the time-variant impulse response 

to an impulse applied at t = T is obtained by letting u(t) in (2.1) equal 5(t — r) and 

following the above procedure. This results in an expression for x(t), which will be 

the time-variant impulse response h (r;t), given by 



L(t) 

hi(r; t) E Ame-i2irAmoot - r — T((t)), 
1.1 

(2.5) 

where 131(t), 71(t), and L(t) have the same definitions as in (2.2). The two variables t 

and T that appear in (2.5) are the observation or absolute time and the birth time of 

the input impulse at the transmitter, respectively. 

The impulse response is zero for t < T since the channel is a causal system. 

For this reason, only the region t > T is of interest and the time variable t — T in 

6(t — T — TO)) is changed to A. This new variable, i.e. A, corresponds to the age of 

the impulse response. In this case, the impulse response can be defined as 

hi(t — A; t) = h2(A; t) 
L(t) 

h2(A; t) = E mme-j21r1.-1(06.0 - on, 
1=1 

(2.6) 

where 130), Ti(t), and L(t) are as before. As well, it is clear that all three parameters 

in equation (2.6) are functions of the observation time t rather than the birth time 

of the transmitted impulse or the age of the impulse response. 

In many papers and texts such as [11, 12] and [13], the impulse response of the 

multipath fading channel has been expressed as equation (2.6), but using the variable 

T for A. This causes confusion and often the meanings of T and A get mixed up. 

In this thesis from this point forward only one function without any subscrip-

tion h(.; t) will be used to describe the time-variant impulse response of the channel. 

The first argument for this function will always be the age of the impulse response. 

However the age of the impulse response has been primarily shown by the variable 

A, it will be represented by the variable T. So, h(T; t) will represent the low pass 

equivalent impulse response of the channel in which T and t are the age of impulse 

response and observation (or absolute) time. 

The thermal noise and co-user interference is modelled as additive noise. This 

mathematical model is illustrated in Figure 2.2. The low pass equivalent of the 
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no(t) 

s(t) 

h(T;t) 

linear time-variant 

Figure 2.2: Mathematical model of the channel 

received signal based on (2.6) is given by 

x(t) = u(t — r)h(r ; t)dr no(t) (2.7) 

where no(t) is the low pass equivalent of the noise and interference. 

When a single unmodulated carrier at frequency L is transmitted in a multi-

path environment, the equivalent low pass received signal x(t) is obtained from (2.4) 

by letting u(t) = 1. Therefore, 

L(t) 

X(t) = E Pi(t)e-3211.11(t)
l=1 
L(t) 

E (t)e-010) 
1=1 

(2.8) 

where 91(t) = 2ir fcri(t) can change by 2r radians with changes in path length of one 

carrier wave length. For a carrier of 900 MHz the wave length is 30 cm. As seen 

in (2.8), the equivalent low pass received signal is a signal summation of the signals 

received via different paths. At some times, these signals add constructively; at other 

times, destructively. The resulting fluctuations in received signal amplitude cause 

signal fading which is a consequence of the time-variant multipath channel. The most 

common type of fading to overcome is called Rayleigh fading and it will be described 

later. 
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2.2.2 Discrete-Time Impulse Response 

In the time varying impulse response given in (2.6), the time difference between 

two paths may be as close as zero. To make the above model simpler, a discrete-time 

impulse response model is preferable. In this model, the time axis is divided into a 

number of small time intervals called bins. Each bin is assumed to have either one 

multipath component, or no multipath at all. A reasonable bin size is the resolution 

of the measurement since two paths arriving within a bin can not be resolved as 

distinct paths. Using this model, the path delay sequence 711/ILT is approximated by 

a string of the path indicators of 0's and 1's. If a path exists in bin 1, /-th element 

of the string is 1 and otherwise it is 0. If an element is 1 then there is an associated 

amplitude and a phase value. 

2.2.3 Multipath Dispersion Channel Model 

In the channel model described before, the number of paths can be very large 

and make the analysis and simulation very difficult. It is reasonable to use the 

geometric model shown in Figure 2.3 and make the given model in (2.5) or (2.6) 

more convenient. As seen in this Figure, the signal transmitted from the base station 

reaches the portables via a number of main waves. These main waves consist of 

several rays reflected by main structures such as outer walls, ceilings , floors and may 

or may not consist of line of sight(LOS) wave. The main waves are random upon 

their arrivals in the local area of the portable. They divide into many rays in the 

environment of the portable due to scattering by the local structure and furniture. 

In the end there are likely to be many paths that are nearly the same length and 

cause nearly the same time delay for each main wave. Therefore, these scattered rays 

experience nearly the same attenuation, but have different phases due to different 

path lengths. With this ray model in mind, (2.6) can be changed to 

L(t) 

h(T; t) = E i3/(t)e—ja:(05(r — Tilt)) 
1=1 

(2.9) 
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where 01(t) can have uniform distribution over [0, 2r) rather than be 2r fcri(t). 0/(0 

can be considered random because at a frequency of 900 MHz the path length need 

only change by 30 cm for the phase to change by 2r. As well, Tilt) can be considered 

as a mean of time delays of all different paths that make up each main wave. 

Figure 2.3: A typical propagation wave model for indoor environment 

The number of resolved paths at a given point in the space, depends on the 

type of the building as well as the resolution of the time measurement. As well, the 

maximum number of resolved paths that can be considered depends on the resolution 

of the time measurement and the delay spread which will be described in the next 

section. 

2.2.4 Delay Spread And Coherence Bandwidth 

The autocorrelation function of the channel equivalent low pass impulse response 

is 
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Oh(r1) 72; tl, t2) = E[h *(Ti; ti)h(T2; t2)1, (2.10) 

where r1 and T2 are ages of the impulse response at times ti and t2, respectively. If the 

impulse response is wide sense stationary (WSS) in the t variable, its autocorrelation 

function depends on the variables t1 and 12 only through the difference At = 12 — 11. 

As well, if the channel can be modelled as a continuum of uncorrelated scatterers (US) 

then the autocorrelation function for a wide sense stationary uncorrelated scatterers 

(WSSUS) channel is given by [14] 

Oh(TI., T2; ti, t2) h(Ti T2; At) 

= (r1; At)8(T2 — (2.11) 

If the observation time is fixed (i.e. At = 0), then the autocorrelation function 

Oh(T; 0) = Oh(r) becomes a measure of the average received power as a function of 

the impulse response's age, T. The function (h(r) is called the delay power spectrum 

or the multipath intensity profile of the channel. As shown in Figure 2.4(a), the time 

interval over which the delay power spectrum has significant value is so called the 

multipath spread T,„, of the channel. Since there is not any exact definition for Tm, 

two other parameters are introduced in the next paragraph. If the symbol period T of 

the transmitted signal is T >> Tm, then the channel introduces a negligible amount 

of intersymbol interference(ISI). 

There are two other parameters that are good measures of multipath spread. 

The first parameter is mean delay spread or mean excess delay defined as 

Tm = [DTI - TAM/ E /3? 

where TA is the arrival time of the first (shortest) path. The second parameter is rms 

delay spread defined as 

(2.12) 
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Trms = [E(7 Tm TAP 141 E 2 (2.13) 

1 1 

As seen, the first equation r,n gives the first moment of the normalized delay power 

spectrum and the second equation rr,n, gives the second central moment of the nor-

malized delay power spectrum. 

96h(T) 

OH(Af) 

T 

0 

0 Of 

(AA 

(a) (b) 

Figure 2.4: Interrelation of multipath spread and coherence bandwidth 

The Fourier transform of Oh(T) is the autocorrelation function in the frequency 

variable and is given by 

OH(Af)= Oh(T)e-'" dr. (2.14) 

The bandwidth of OH(Af), as shown in Figure 2.4(b), is denoted by (AA and called 

the coherence bandwidth of the channel. It is approximately equal to the inverse of 

the multipath spread Tm,i.e. 
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(Of), 1 / T„,. (2.15) 

If the bandwidth of the transmitted signal is W >> (Af)c, then the channel is 

said to be frequency selective fading. In this case, the signal is severely distorted by 

the channel. On the contrary, if W << (0f )c, the channel is frequency nonselective 

and all frequency components of the signal experience nearly the same channel fading. 

2.2.5 Doppler Spread and Coherence Time 

In the previous section, the delay spread and the coherence bandwidth were de-

fined and it was pointed out that coherence bandwidth is approximately equal to 

the inverse of the multipath spread, Tm. In this section, the effect of the motion of 

people and equipment on the transmitted signal is discussed. It is well known that 

the relative movement of the portable and base station results in Doppler spread in 

the received signal. However, even if the portable and base station are fixed, the 

indoor channel exhibits nonstationarity in time due to movement of people inside the 

building. A measure of a channel's temporal variations is the width of the received 

signal's spectrum when a single sinusoid is transmitted. The Doppler spread can be 

found from the autocorrelation function of the channel. This autocorrelation function 

for a WSSUS channel, is given by 

Oh(T; At) = '.[h* (Ti; ti)h(ri Tyt1+ At)]. (2.16) 

The function OH(Af; At) is defined as the Fourier transform of Oh(r, At) in the 

variable T, i.e. 

OH(Ai; At) = J 
Oher; AOC j' Af dr (2.17) 

To consider the Doppler effect on the channel impulse response, let's take A f = 0. In 

this case, it is assumed a single frequency signal has been transmitted over the channel 

and 011(0; At) = sH(At) shows the autocorrelation function of a single frequency 
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transmitted signal between two times separated by At. The time interval over which 

sH(At) is nonzero is called coherence time and is denoted by (At),. This is illustrated 

in Figure 2.5(a). The Fourier transform of sH(At) is called Doppler spectrum of the 

channel. 

00 s H(T) = sH(At)e-juvAtdAt (2.18) 
-00 

To avoid confusion between frequency f in previous section, a different notation W is 

used for frequency in the above equation. Since sH(At) and SH(P) are a Fourier pair, 

the bandwidth of SH(P) or Doppler spread, shown in Figure 2.5(b), is then given by 

Bd 1/(At)c (2.19) 

If two frequency elements of a transmitted signal are separated by less than 

Bd, then they are not distinguishable at the output of the channel. As well, a single 

frequency transmitted signal at two different times separated by more than (At), does 

not have any autocorrelation with itself. In other words, if the time period of each 

transmitted symbol is T << (6,t)c, then the channel attenuation and phase shift are 

fixed for the duration of at least one signalling interval. Such a channel is said to be 

slowly fading. And if T >> (At), the channel is fast fading. 

2.2.6 Rayleigh Fading Channel 

In a multipath environment, two paths can be resolved as distinct paths if 

— Tk I > 1/W for k 1 (2.20) 

where TI and Tk are time delays for path land k, respectively and W is the bandwidth 

of the receiver system. Paths with delay separated by less than 1/W can not be 

distinguished by a measurement using bandwidth W. In this case, any two paths, 

say 11 and 12, for which Ira — T/2 1 < 1/W are considered as a single path, with a 

common delay TI = + 772)/2 and the attenuation 13/ and phase 0/ of the path are 



17 

sH(At) 

At 

SH(`P) 
A 

0 

Bd 

(a) Spaced-time correlation function (b) Doppler power spectrum 

given by 

Figure 2.5: Interrelation of Doppler spread and coherence time 

Pie e38" )312e j9' (2.21) 

It is well accepted that the phase of each path has a uniform distribution as 

described in section 2.1.3. However, amplitude fading in a multipath environment 

may have different distributions depending on the presence or absence of a domi-

nating strong component. It is usually assumed that there is no strong single ray 

component. In such a case, the amplitude exhibits Rayleigh fading with probability 

density function 

f(r) = re- r2 /21' for r> 0 
p 

(2.22) 

where r = 0, for any 1 in the multipath impulse response and p is the Rayleigh 

parameter. The mean and the variance of this distribution is respectively 
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E[r] = 7\i rp (2.23) 

0'7! = (2 — i)P (2.24) 

To show that a multipath fading channel has Rayleigh distribution, it may be 

possible to use the channel model given by Clarke [15]. In this model, it is assumed 

that the transmitted signal reaches the receiver via L paths. The i-th path having a 

complex strength riejei that can be considered by a phasor with an envelope ri and a 

phase O. These signals are added vectorially at the receiver and the resultant phasor 

is 

rej° = > riejei (2.25) 

Clarke assumed that in small areas and in the absence of a line-of-sight path, the ris 

are about equal 

ri = 7t

for { i = 1, 2, ...., L}. So, (2.24) reduces to 

(2.26) 

rei9 = 7t E ejei (2.27) 

The path phases are very sensitive to path delays in the frequency range of interest, 

so 0 is uniformly distributed over the interval [0, 27r). The signal received via path i 

is now 

7"ejei = i(cos 0i j sin 0i), (2.28) 

which is a complex Gaussian random variable. So, the in-phase terms, r Ei cos ei, and 

quadrature terms, 7' Ei sin Oi have Gaussian distributions, with a mean of 0 and the 

same variance. As well, the in-phase and quadrature components are uncorrelated 

and consequently independent. Therefore, as well known for such a case, r and 0 are 
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independent and r has a Rayleigh distribution. 

2.3 Diversity Transmission 

The only efficient way to reduce the error probability with a Rayleigh fading 

channel is to circumvent the possibility of a deep fade on a single transmission. This 

is accomplished by means of diversity transmission. There are different types of 

diversity but the objectives in all types of diversity is to obtain M received signals for 

which the Rayleigh distributed transmission gains A, 1= 1, 2, 3, ..., M are statistically 

independent. If the M received signals are then combined properly, the probability 

of a deep fade will decrease exponentially with M. 

The most used diversity techniques are as follows: 

• time diversity 

• frequency diversity 

• multiple antenna diversity 

• spread spectrum diversity 

These diversity transmissions are described below. 

2.3.1 Diversity Techniques 

In time diversity, the objective is to space successive transmissions in time in such 

a way that the fading experienced by each transmission is statistically independent. 

To achieve this objective, the time slot assigned to each transmission must exceed the 

coherence time (At), of the channel. - kgf ft, v! 

Another way of having independent paths at the same time for a fixed transmit-

ter and receiver is using different carrier frequencies. The difference in path lengths 

for two stationary scatterers is now fixed in distance but varies in the number of 

wavelengths as a function of carrier frequency. In this case, frequency separation of 

carriers must exceed the coherence bandwidth (Af), of the channel. .F 4.6 Je, tt C41 v 't 

A 
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In the third diversity technique, multiple antennas are used. Here antennas of 

different polarization can be used or the antennas can be placed enough far from each 

other to experience independent fading. 

Spread spectrum diversity technique can be used in the case of having a trans-

mitted signal with the bandwidth W >> (Af)c. As described in section 2.1.6, two 

paths are resolvable if their path delay difference is greater than 1/W. To get M-

th order diversity, the transmitted bandwidth W must be approximately M times 

the coherence bandwidth (0f),[8]. As understood, spread spectrum diversity can be 

considered as a type of frequency diversity. 

The optimum receiver for the spread spectrum diversity is called a RAKE 

receiver[7], the structure of which is shown in Figure 2.6. The RAKE receiver takes 

advantage of the information in the multiple paths. The structure shown in Figure 2.6 

is a receiver for a binary phase shift keying signal that has been spread by a pseudo 

random code PN(t) and transmitted over an L-path fading channel. In the receiver, 

the signal is despreaded separately for each path component by multiplying with the 

PN sequence used in spreading bit delayed by an amount equal to the delay of that 

multipath component. To synchronize the L-path components after despreading, each 

must be delayed by a complementary amount To — 71, where To > TL > TL-1 > > 

Sampling is done at times To kT where k is an integer including zero and T is the 

time period of information bits. The sampled values then must be combined before 

making the decision whether the transmitted signal is one or zero. 

There are three major combining techniques for spread spectrum diversity with 

a single antenna at the receiver that are described in the following section. 

2.3.2 Combining Techniques 

The three most used combining techniques are selective, maximal ratio and equal-

gain. In selective combining, the combiner selects the strongest of the L signals coming 

from the L paths. The best combining technique for a signal corrupted with additive 

white gaussian niose (AWGN) is called maximal ratio combining. The term maximal 
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PN(t — 71,) 

Delay 

Figure 2.6: RAKE receiver 

ratio refers to maximal signal to noise ratio. In this technique, each leg is weighted 

proportionally to the voltage of its signal component and then the L weighted signals 

are summed. Therefore, the contribution of each path is based on its signal to noise 

ratio. Finally, an equal-gain combiner adds all received signals from different paths 

with a weighting of one for each. 



Chapter 3 

CDMA Indoor Wireless 

Communications Systems 

3.1 Introduction 

In chapter 1, wireless communications was described briefly and its advantages, 

which included more efficient use of frequency spectrum and transmit power, were 

mentioned. It was stated that current analog cellular communications systems using 

FDMA have reached the saturation point so that no additional services may be pro-

vided in big cities. It was also stated that people and objects in the channel cause 

multipath reception which decreases the quality of a communications system. 

Code division multiple access (CDMA) as an alternative to FDMA is claimed 

to offer nearly 20 times improvement in capacity over the current analog FM-FDMA 

cellular communication[5]. Therefore, CDMA is very attractive. But some problems 

must be addressed. One very important problem is the control of transmit power of 

the portables so as to mitigate the effects of the fades and co-users interference. 

In this chapter, after describing a CDMA architecture, performance measures 

for the quality of the communications system are examined. The necessity of con-

trolling the transmit power of each portable, which is a unique issue to CDMA, is 

described in section 3.4. In the last two sections, two types of channel duplexing, 
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frequency and time division, are described and compared, especially with respect to 

the power control issue. 

3.2 CDMA Architecture 

A signal is said to be a Spread spectrum signal if its bandwidth is much larger 

than that of the message signal. That is to say the bandwidth expansion is much 

greater than 1. There are basically two types of spread spectrum multiple access; one 

based on direct sequence (DS) modulation and the other based on frequency hopping 

(FH). For cellular communications where available spectrum is concentrated in a few 

blocks, direct sequence modulation has received the most attention. 

In DS spread spectrum or CDMA, all portables transmit over a common chan-

nel bandwidth simultaneously. The message signal originating from each portable is 

modulated with a different pseudo random code or noise (PN) so that the base station 

knowing the assigned code can recover the message. The structure of the transmitter 

and receiver are shown in Figure 3.1. In this Figure, the two portables are simul-

taneously transmitting to the base station over the same channel bandwidth. The 

message signals originating from the portables are binary phase shift keyed (BPSK) 

and the direct sequence modulated with pseudo random noises PNi(t) and PN2(t) 

in portables 1 and 2, respectively. The pseudo random signals PNi(t), i = 1, 2, are 

binary with levels ±1. In Figure 3.2, the message signal mi(t) and pseudo random 

noise PNi(t) are shown in the time interval of 0 and T where T is the time period 

of each message bit. As shown in this Figure, the time period of the narrowest pulse 

in the pseudo noise T, is called the chip period. The bandwidth of mi(t)PNi(t) is 

1/Te, which coincides with the first null in the spectrum of the DS modulated 

signal. This baseband DS modulated signal is then modulated to radio frequency 

(RF) at center frequency coo. The channel is assumed to be ideal, i.e. its gain and 

time delay are 1 and 0, respectively. 

The receiver is based on coherent carrier recovery as shown in Figure 3.1. The 

received signal at the input of the low pass filter (LPF) can be expressed as 
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Source 

Portable 1 

(t) 

Base Station 

m2(t) 

cos(wot) 

m2(t) 

PN2(t) 

BPSK Source 

Portable 2 

Figure 3.1: A typical CDMA communication system with two portables 

2[mi(t)PNi(t) m2(t)PN2(t)] cost coot. (3.1) 

After filtering with an ideal low pass filter with bandwidth W, < wo, the recovered 

baseband signal is obtained and given by 

mi(t)PNi(t) m2(t)PN2(t) (3.2) 

There are two branches or fingers in the receiver. The upper branch is matched to 

portable 1, while the lower branch is matched to portable 2. The baseband signal of 

(3.2) is despreaded by multiplication with PNi(t) which produces 
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mi(t) 

t 

0 

PNi(t) 

t 

Figure 3.2: One information bit and chipping sequence 

mi(t)PNRt) m2(t)PNi(t)PN2(t) (3.3) 

Since mi(t)PN(t) = mi(t), the first term is simply the message. The second 

term is interference from the second portable. The amount of interference depends 

on the correlation between the two PN codes. If these two PN codes are orthogonal, 

then the second term will be zero and there will be no interference. However, there is 

usually some correlation between the PN codes and there will be some interference. 

A traditional way of describing the bandwidth expansion Wc/Wb, where We

and Wb are the first null bandwidth of the DS modulated data and the message 

signals, respectively, is to examine the power spectrum of mi(t)PNi. The spreading 

gain of this system is given by the bandwidth expansion. The spectrum of the random 

data sequence with rate R = 1/T bits/s is given by 
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Smi(f) = Eb[sin(7 fT)12
fT 

and that of the product mi(t)PNi(t) is given by 

ET rsin(7r/Tc)12
ScDmA(f = T L irfTc ' 

Both spectrums are sketched in Figure 3.4. Low pass filtering the recovered message 

signal plus interference with bandwidth Wb allows most of the message signal to pass 

and blocks most of the interference power. The interference power that can pass 

through the filter is proportional to Wb/Wc. Therefore under perfect power control 

and with two users, the signal to interference power ratio is given by 

(3.4) 

(3.5) 

(3.6) 
Wb 

which equals to the spreading gain. Since the despreading operation increases the 

SIR by the factor Gp = 147,IWb, this factor is also called the processing gain. 

—Wc 

SIR = 
Wc 

0 Wb = 1/T We = 1/Te

Figure 3.3: Power spectrum of message and of spread signal 
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3.3 CDMA Performance 

The performance of a CDMA communications system can be expressed in terms 

of the signal to noise power rario (SNR) of the decision variable or the probability of 

detection error, Pe. The Pe is related to the system parameters in a very complicated 

way and it can not be expressed as a function of the system parameters in a closed 

form. Thus, it is very difficult to gain insight into the effects of certain parameters on 

the system performance using Pe as the performance measure[16, 17]. While SNR 

is not the exact measure of performance, it is often expressible as a closed form 

function of the system parameters. The closed form expression gives more insight 

into the effects of the parameters on the performance of the system[18]. For this 

reason, the SNR will be used in this thesis as the measure of system performance. 

Let's consider a simple CDMA communications system shown in Figure 3.1 

and compute the performance in the form of signal-to-noise ratio and the probability 

of error in the following subsections. 

3.3.1 Signal-to-Noise Ratio 

In a system with several simultaneous users, the co-users appear as interference. 

The simplified model of a CDMA system in which all co-users are considered as a 

single source of interference, is shown in Figure 3.4. The information signal mi(t) and 

pseudo random noise PNi(t) are similar to those shown in Figure 3.2. Of concern is 

the SNR of the decision variable of user 1. This SNR expression is derived below. 

The received signal is 

r(t) = mi(t)PNi(t) I(t). (3.7) 

In the receiver, r(t) is multiplied by PAri(t) and then integrated over a bit interval 

to get an estimate of mi(t), rhi(t). The output of the integrator is 
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o
u(t) = 

f 

T 
[Mi(t)P + 1(0W Ni(t)dt 

LT 
mi(t)dt 

+I 
 I(t)PNi(t)dt. 

Hence, the decision variable at time T is 

(3.8) 

Gp 

U = + Nrk -,1 E (3.9) 
i_1

where El is the energy of the interference signal in time interval of T and Xi's are 

Portable 1 Base Station 

Transmitter 
(t)PNi(t) A r(t) 

I(t) 

Other Portables 

Receiver 

Figure 3.4: A functional block diagram of a CDMA communications system 

zero mean independent identical distributed (iid) binary random variables with levels 

±1. 

The signal-to-noise ratio is defined as 

SNR = E2[U] (3.10) 
Var[U] 

where E[U] and Var[U] are the expectation and variance of the decision variable U. 

These values can be computed as 

E[U] = rib (3.11) 
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1 GP
E[U 2] Eb E [Ei E X?] 

14i 1

= Eb 

Var[U] = E[U2] — E2 [U] 

EI 
Gp

Therefore, the signal-to-noise ratio for portable 1 is 

SNR = 
E 2[U] = Eb G
Var[U] P.

Clearly the SNR is proportional to the processing gain Gp. 

3.3.2 Probability of Bit Error 

(3.12) 

(3.13) 

(3.14) 

The calculation of the probability of a bit error again starts with the equation for 

the decision variable as 

GP
U =  EI 1 E (3.15) Gp i=1 • 

If the transmitted signal is a positive pulse of voltage VEb/T for 0 < t < T, then 

Pe = P(U < 
Gp

= P(VEb NrEj - Xi < 0). 

GP 
(3.16) 

Since Gp >> 1, the sum of independent Xi's given by X = EiG_Pi Xi can be consid-

ered
P — 

a Gaussian random variable due to the central limit theorem. In doing so, the 

probability density function of X is Gaussian with mean 

E[X] = 0 (3.17) 

and variance 
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Var[X] 

So, the probability of error is 

E[X2] - E2[X] 
1 GpE xix.

3

1 GPE x
Gp 

? j., 
1 

Gp 

(3.18) 

Pe = P(VET, 11 X < 0) (3.19) 

= P(X < 
Eb 

) EI

= Q(\l—
Eb

Gp) (3.20) 

= Q( (3.21) 

where Q is the Q-function given by 

Q(k) = 1 .1 °0 e- 4 
27 

dA (3.22) 
v k 

which is not expressible in closed form. 

Comparing (3.20) and (3.14) shows that the SNR is a simple function of the 

system parameters Eb, Er and Gp while the probability of error is not. 

3.4 Necessity of Implementing Power Control in 

CDMA 

If the energy per bit Eb received at the base station from a portable is much 

smaller than the energy per bit of other users then the SNR becomes very low and 
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the probability of error can be very high. This situation would occur for a distant 

portable[19] if the transmit power of the nearer portable was not controlled. 

Considering the above phenomenon, power control is the most important re-

quirement for a CDMA system [5, 6, 12, 20, 21, 22, 23]. In the reverse link (i.e. 

from portables to base station), power control must be used to mitigate the effects 

of all three forementioned factors. In forward link, there is no near/far problem but 

power control can still be used to minimize the interference in neighboring cells. The 

appropriate power control scheme depends on a number of factors such as: system 

bandwidth, velocity of the portables and size of the cells. However, one of the most 

important factors in the power control scheme is the type of channel duplexing used 

in the CDMA system. Channel duplexing is briefly described in the next section. 

3.5 Channel Duplexing 

Full duplex communication is required in most CDMA systems. There are two 

types of duplexing that have been considered for indoor CDMA systems[24]. They 

are known as frequency division duplexing FDD and time division duplexing TDD. 

In FDD, transmission and reception occur in two well separated frequency 

bands. In TDD, they occur in the same frequency band; however, in separated time 

slots. Generally, two signals can be discriminated if they occupy either well separated 

frequency bands or different time slots. Time and frequency relation between trans-

mission and reception of signals using FDD or TDD are shown in Figure 3.5. It is 

possible to separate forward and reverse links by using a duplexer in FDD and a time 

switch in TDD. In an FDD system, interference from adjacent channels is reduced 

through the inclusion of a guard band. In TDD, the adjacent channel interference is 

reduced or possibly eliminated through the inclusion of a guard time. 
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Figure 3.5: (a) Reverse and forward links; Relation between forward and reverse links 

in time and frequency using (b)FDD and (c)TDD 

3.6 General Comparison of TDD and FDD 

In this section, a general comparison of two types of channel duplexing so called 

TDD and FDD for an indoor CDMA system is provided. This comparison is mostly 

based on[25]. TDD and FDD have certain advantages and disadvantages due to the 

required spectrum, design and implementation considerations and finally due to the 

power control scheme. 

Both TDD and FDD require an equal amount of spectrum for the same trans-

mission rate as shown in Figure 3.5. The difference lies in the fact that TDD requires 
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a contiguous bandwidth, while FDD requires a pair of well separated subbands. It 

is usually easier to find a single band for TDD rather than a pair of well separated 

bands for FDD, because the amount of unassigned spectrum for public radio services 

is very small and generally not in paired bands. However, if the required bandwidth 

is supposed to come from the present FDD system, then FDD is superior to TDD. 

Due to the use of different frequencies for each direction of transmission in 

FDD, the reverse and forward links cannot interfere with each other even if they are 

not synchronized in time. However, in TDD precise synchronization is required to 

avoid interference between the forward and reverse links. 

3.6.1 Power Control in an FDD System 

An FDD system uses different frequency bands for transmission and reception as 

mentioned before. The two frequency bands are usually separated by more than the 

coherence bandwidth, in which case , the forward and reverse channels experience 

independent fades. For this reason, the portable cannot use the power of its received 

signal from the base station to determine what its transmit power should be. In 

order to control and track variations in a multipath fading channel a closed loop 

power control system must be used. 

The rate of the power adjustment must be high enough to track the fading 

which means the control signal must be received and acted on before the channel 

conditions change significantly. It is important that the latency in determining the 

power control signal and the transmission process be kept small. There are several 

components to the delays which are illustrated in Figure 3.6. These include the power 

measurement delay in the base station, the queueing delay(which is delay waiting 

for a time slot to send the power control information), transmission delay, and the 

processing delay in the portable. 

Clearly, power control in FDD is complicated and doomed to be sluggish pri-

marily due to the queueing delay. The only way that the queueing delay can be 

reduced is by using a larger portion of the data stream which reduces the capacity 
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for voice information. 
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Figure 3.6: Different delays due to a closed loop power control 

3.6.2 Power Control in a TDD System 

Time division duplex has the forward and reverse channels sharing the same chan-

nel bandwidth therefore channels should be nearly identical for each user. Since the 

forward and reverse bursts occur every other time slot the reciprocity is not perfect 

and the two channels will not be identical. However, if time slots are much shorter 

than the coherence time of the channel, the channel is nearly reciprocal for each user. 

Therefore, if it is desired to keep the received power from each portable constant at 

the base station, each portable can use a measurement of its received signal power to 

adjust its transmit power. 

Since the main delay in producing power control command is due to the time 

interval of each burst, the accuracy of the power control depends almost entirely on 

the burst lengths. If the time duration of each burst is much less than the coherence 

time of the channel then the fading is highly correlated in consecutive slots. This 

means variations in the multipath fading channel can be tracked and compensated 

using open loop control. 
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For co-users, the forward and reverse channels are different. In better words, 

while the forward channels are the same for each user and its associated co-users, 

the reverse channels are different for them. Hence, if the signal to interference power 

ratio must be controlled, a portable should not use a measurement of the interference 

power because it is not the same for the forward and reverse channels. In this case, a 

closed or open loop control may be needed to control the signal to interference power 

ratio which must be investigated. 



Chapter 4 

Analysis of an Indoor Wireless 

TDD CDMA System 

4.1 Introduction 

In previous chapters, indoor channels and CDMA indoor wireless communications 

systems were described. In chapter 2, it is observed that an indoor channel can 

be modelled by a linear time-variant system. Such a channel usually consists of a 

number of paths which introduce random amplitudes, phases and time delays. The 

signals from these multiple paths interfere with each other and degrade the quality 

of wireless communication. In addition, there is a problem of bandwidth efficiency. 

Code division multiple access (CDMA) was shown in chapter 3, to hold promise in 

solving or partially solving the bandwidth efficiency. However, co-users signals are a 

source of interference, the effect of which depends on how well the transmit power is 

controlled . It was pointed out in chapter 3 that the ability to control transmit power 

is greatly influenced by the method used to provide a duplex channel. 

In this chapter, an indoor wireless BPSK CDMA communication system using 

time division duplexing (TDD) with power control, as shown in Figure 4.1, is analyzed. 

The system performance measure, in this analysis, is the signal to noise ratio. Before 

the system can be analyzed a model for the transmitter, channel, and receiver must 
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be constructed. The chosen models are described in sections 4.2, 4.3 and 4.4. 
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Figure 4.1: System block diagram 

4.2 Transmitter Model 

As described in chapter 3, there are a number of users who share the same chan-

nel bandwidth. User k transmits a binary data sequence bk,j, j = ..., —2, —1, 0, 1, 2, • • • 

and employs a code waveform of N rectangular pulses or chips, to spread each data 

bit. The chip sequence is denoted by ak,i, i = ..., —2, —1, 0, 1, 2, .... The bit and chip 

duration are denoted by T and T, respectively so that T = NT,. Thus, the chip and 

data waveforms for the kth user denoted respectively by ak(t) and bk(t) are given by 

00 

ak(t) ak,iPT,(t—iTc) 

00 
bk(t) = > bk,ipT(t—jT), 

(4.1) 

(4.2) 
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where Pw(t) denotes a rectangular pulse of unit height and duration w. 

The carrier frequency is the same for all users and is denoted by wc, while the 

carrier phase for the kth user is denoted by 9k.The transmitted signal has an amplitude 

Ao t which denotes the amplitude of kth user at the nth burst of transmission. Ak,n 

is adjusted based on the power control command received in the (n — 1)th burst from 

the base station. 

The power control unit tries to keep the signal to interference power ratio 

constant in the reverse link. The power control unit measures the SIR of the RAKE 

decision variable in each burst and compares this value with the reference SIR. Based 

on this comparison a command is sent to the portable to raise or lower its transmit 

power by a constant value which is ±1 dB. The power control command is considered 

as a single data bit and is sent with other data bits. The details of the transmit power 

control is described in section 4.5.1. 

There is an automatic gain control (AGC) loop to compensate for fading which 

affects the received signal and interference power simultaneously. Since the power 

control unit tries to keep the ratio of signal to interference power about a given 

reference, as shown in Figure 4.1. The AGC is there only to prevent the electronics 

from saturating and does not affect the analysis. 

Generally, the binary valued chips and data bits take logical values of 0 or 1, 

and the spreading is achieved by adding each data bit modulo-2 to every chip in the 

spreading sequence. For analysis, however, it is convenient to assume the chips and 

data bits have logical values of —1 or 1 so that the spreading is equivalently achieved 

by multiplying the chips by the data bit. The transmitted signal for the kth user, 

sk(t) is thus given by 

sk(t) = Ak,nak(t)bk(t)cos(wet + Ok) (4.3) 
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4.3 Channel Model 

It is assumed that the channel between the kth user and the base station, as shown 

in Figure 4.2, is a multipath Rayleigh fading channel which is modelled by two rays 

so that the low pass equivalent impulse response is given by 

hk(r; t) = fik,1(t)6(7- — rk,i(t))e-29k1(t) /3k,2(t)6(7. — rk,2(t))e- jek2(t), (4.4) 

where /3k,i(t), Ok,i(t) and rk,i(t) are the gain, phase and delay of the ith path, re-

spectively, as described in chapter two. It is assumed for each k and each point of 

time, that /3k,i and /3k,2 are independent Rayleigh random variables. The path delays 

Tk,1 and 71,2 are independent random variables separated by a random variable which 

is at least T. Moreover, 9k,1 and 0k,2 are independent random variables uniformly 

distributed in [0, 27r]. 

The fading rate in an indoor environment is slow compared to the bit rate, 

hence the random parameters associated with the channel do not vary significantly 

over one bit interval. The Rayleigh distribution for i3k,i is given by 

= -02 .i2pk fi3k,i = e ' s for i3kj, 0 
Pk,i 

where pki is equal to half the average path power, i.e. pk,i =1E[N,i]• 

4.4 Receiver Model 

(4.5) 

The optimum receiver for a multipath channel is a RAKE [7] receiver. The latter 

consists of two single path receivers, each of which is matched to a path in the two ray 

model. Therefore, two replicas of the transmitted signal are available at the receiver. 

These two signals are demodulated separately and then combined with equal gain to 

form the decision variable. For the purpose of proper demodulation, it is assumed 

the path delays can be tracked and measured accurately for both rays. It is also 
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i6k,iej°1̀ ,1

Transmitted Signal TntPrfPrenrP r(t) 

sk(t) 

4,2 ej9k,2

Figure 4.2: The two ray fading channel model 

assumed that noise at the input of the receiver is band limited Gaussian noise with 

two sided power spectral density of height la. Thus, the low pass equivalent noise 

has a spectral density of No. 

4.5 System Performance Analysis 

The transmitted signal sk(t) passes through a two path channel with low pass 

equivalent impulse response given by (4.4). So, the received signal at the input of the 

receiver is given by 

r(t) = E Ak,nv3k,1(oak(t — Tki (t))bk(t — Tk,i(i)) COS(w ct ,l(i)) 
k=1 

+Pk,2(t)ak(t — Tk,2(t))bk(t — rk,2(t)) cos(coct + 66 k,2(t))] + 

n,c(t) cos Loci — ns(t) sin wct for nA < t < (n 1)0, (4.6) 

where K and Ak,n are the number of active portables and the gain of the amplifier for 

the kth portable's transmitted signal in the nth burst transmission, respectively. As 
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well, 6. is the time length of each transmission/reception burst and the carrier phase 

Ok has been absorbed in the random phases Oki. and Olc,2 associated with two channel 

paths. The received signal can be written in quadrature form 

r(t) = x(t)costact — y(t) sin wct (4.7) 

where x(t) and y(t) are the quadrature components of the received signal and for 

nA < t < (n 1)i given by 

K 

X(t) = E Ak,npk,i(t)ao — Tk,1(t))bk(t — rk,i(o) cos ok,l(t) + 
k=i 
/9k,2(t)ak(t — Tk,2(t))bk(t — 71,2(t)) cos Ok2(t)] nc(t) (4.8) 

K 

y(t) = E Ak,nbak,i(t)ak(t — Tle,l(t)bk(i — Tki (0) sin 4k,1 (t) + 
k=1 
flk,2(t)ak(t — Tk,2(t))bk(t — rk,2(t)) sin Ok,2(t)] n 8(0. (4.9) 

Thus, the complex envelope u(t) of the received signal is given by 

u(t) = x(t) + y(t) (4.10) 

The upper single path of the RAKE receiver shown in Figure 4.3 is analysed 

in appendix A. The complex envelope of the output of the integrator at the sampling 

time is given by (A.13), which is 

where 

K 2 

W1 = A1,n11/31,1 + x1 + jyi + E E(xkii + jykii) + -y1+ 
k=2 1=1 

x1 + jyi = 

(4.11) 

(4.12) 
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Figure 4.3: Functional block diagram of the receiver at the base station for user 1 

Xkil jykii = Ak,nbk,1R1k (4.13) 

T 

Rik(rk,i) = J al(t)ak(t — rk,i )dt (4.14) 

T 

71 = J nc(t)ai(t)dt (4.15) 

T 

77i = ns(t)ai(t)dt. (4.16) 

x1 + jyi and xkil jykii denote self interference and the kth co-user's interference 

coming from path i, respectively. Rik(rk,i) is the cross correlation between the first 

user's PN code and the kth user's PN code coming from path i. The noise samples 71

and 7i are independent zero mean Gaussian random variables with identical variance 

„2 = NoT . 

The analysis of the second path follows that of appendix A. The result of the 

analysis for the output of the integrator for the second path at the sampling time is 
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K 2 

W2 = A1,nT/31,2 + X2 + jy2 + E E(xki2 + jyki2) + + j712. 
k=2 i=1 

(4.17) 

The decision variable of the RAKE receiver using an equal gain combiner, is 

the summation of w1 and w2 and is given by 

2 

W = (/31,1+ /31,2) + E(xi + jyi) + 
i=1 

K 2 

E E[(xkii + jykil) + (xki2 + jyki2)] + 
k=2 1=1 
(71 + 72) + j(th + 7/2). (4.18) 

Ok,ieidik,' and /3/,,nei4'ion in equations (4.12) and (4.13), are independent zero 

mean random variables except for k = I and i = m simultaneously. Moreover, bk,i is 

a data bit which has values of 1 or —1 with equal probability. Thus, bk,ifik,iejOki has 

the same statistics as ikiejd'ic,i. Therefore, all noise, self and co-users' interference are 

independent from each other as well as from the signal. This means that the variance 

of the decision variable can be obtained by summing the variances of each term in w. 

So, the variance of kth co-user's interference (2 < k < K) due to path i is given by 

Var [Xkil iYkill = E[A20,1:1?k(rk,i)fiLi] 

= 2A20 0- , 2pk,i, (4.19) 

where, o 2 and 2pk,i are the averages of Rh(rk,i) and it, respectively. In practice, 

the correlation between the first user's PN code and the kth co-user's PN code is very 

small. This statement is also true for R11(71,1) because r1,1 > Tc. The transmitter 

voltage gains Ak,n, from this point forward are assumed to be unity, i.e. Ak,n = 1 

for 2 < k < K. Otherwise, the second order effect of variations of Ak,n for k # 1 in 

different bursts makes simulation very complicated. In this case, the variance of w 

due to co-users and self user's interference, respectively, are given by 
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K 2 
2 

47cu = E 2o 2 2pk,i 
k=21=1 

2 

= E 2p1,{.0.2au 
i=i 

(4.20) 

(4.21) 

Thermal noise components are zero mean Gaussian random variables with identical 

variance, NoT where No and T are one sided spectral density of noise and the data 

bit period, respectively. So, the variance of the thermal noise components is given by 

t2h = 4NoT. (4.22) 

Signal power in the decision variable is the square of its mean and the mean 

of w is given by 

E[w] = A1,nT(E[/(31,1] EP1,21) 

2 

= i i=1 ' 

As defined in chapter 3, the signal to noise ratio is given by 

S E2 [w] 
N Var[w].

Substitution of E2[w] and Var[w] in the above equation yields to 

(4.23) 

(4.24) 

S =  z AL LT 2 (EL  i 1 ) 2 (4.25) 
N v • K vN2 

Lik=2 L-4=1 2cr2 2pk,i ELI 24„.72pi,i + 4NoT • 

If all channels have the same statistics, i.e. pk,i = p for all k and i, then the above 

equation simplifies to 

S  rAL,T2p 
(4.26) 

N 29.2p[2(K — 1) + 2Nor 

As seen in the above equation, the signal to noise ratio depends on a number of 
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parameters including the transmit voltage gain A1,n of the first user and the number 

of co-users (K — 1). The -g-1 varies from burst to burst due to the variations of the 

channel parameters and the number of co-users. For this reason, the transmit power 

of the first user is controlled to keep its signal to noise ratio constant. Power control 

is described in the next section. 

4.5.1 Power Control 

The power control unit controls the voltage gain of the first portable, A1,„, on a 

burst to burst basis so as to maintain its signal to noise ratio about a fixed reference 

value, say /4 = r0. The other portables transmit their signals without any power 

control. In doing so, the system performance of the first portable is worse than 

that of controlling all users transmit power. The reason for not controlling co-users 

transmit power is to save computation time in the simulation. As well , if the signal 

to noise ratio in a burst is less than a minimum reference, i.e. t7-1 < rfla for a > 1, 

the communication link will be disconnected that means N = 0. In this section, the 

power control algorithm is described and analyzed. 

The value of the RAKE decision variable can be used to control the transmit 

power. The following power control algorithm is used to modify the transmit power 

of the first portable. In each reverse burst transmission, steps 1 to 4 of the algorithm 

must be done by the power control unit. Steps 5 and 6 are done by the base station 

and the portable, respectively. 

1. Measure the interference power of the RAKE decision variable (n cun)• 

2. Measure the signal power of the RAKE decision variable (psn)• 

3. Calculate the signal to interference power ratio of the RAKE decision vari-

able (rn = psn /pcnn). 

4. Compare rn with the reference value (ro) and issue a required up/down 

power control command. 

5. Transmit the above command to the portable in the following forward 

burst transmission. 
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6. Raise/lower the transmit power in a constant step of ±1 dB depending on 

the above command. 

Let w,(n, m) = 11,4313,n(m) th,2,n(m)] denote the signal part of the deci-

sion variable for the mth bit in the nth burst. th,i,n(m) and th ,2,n(m) are the path

gains of the first user for the mth bit in the nth burst associated with the first and 

second paths, respectively. If the time length of each burst is short enough with 

respect to the coherence time so that variations of each channel parameters can be 

neglected for one burst, the summation of w,(n, m) for all m's in the nth burst is 

given by 

M 

zs(n) = TAi,n E [fli,i,n(m) + #1,2,,L(m)] 
m=1 

M 

= TALn E [so,n + #1,2,n] 
m=1 

(4.27) 

where zs(n) is the signal part of the RAKE decision variable in the nth burst and 

M is the number of bits in a burst. Each channel is assumed to have identical but 

independent statistics. The mean received power in zs(n) for path 1 and path 2 

denoted by p1 and p2, respectively, has the same value and is given by 

and the mean power of zs(n) is 

P1 = P2 

= 2MT2 (4.28) 

E[p,n] = 4MT2 AL,p, (4.29) 

where p.„ is the power of zs(n). It can be shown that zs(n) is a Rayleigh random 

variable[26] and [27]. In this case, the probability density function (pdf) for psn is 

exponential and is given by 
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1 
fpan(p,„) = —exp(---- Psn ) (4.30) 

2p1 2p1

If zcu(n) is defined as the summation of all the co-users interference w,,(n,m) 

in the nth burst, i.e. 

M 

zeu(n) = E tv,u(n, m) 
m=i 
M K 2 

= E E E{ [xkii (n, m) xki2(n, m)] 
m=1 k=2 i=1 
j[Ykii(n, yki2(n, m)] } (4.31) 

If I kii(n,m) denotes the interference part of the decision variable w1 due to the kth 

co-user, coming from path i, for the mth bit in the nth burst, then it can be written 

as 

/ NI (n, m) = xkii (n, jykii (n, m) 

m)Riki(rki(n, m))exp(jOki(n, m)). 

The mean received power due to /kii(n, m) for m = 1, 2, ..., M is 

M 

E[pkii] = E m=1 
2Mcr2p2, 

(4.32) 

(4.33) 

where pkii denotes the received power due to hi] . (n, m) for m = 1, 2, ..., M. If peun is 

the received power due to zeu(n) then its mean is given by 

2 K 

E[pcun] = EE(E[pkii] + gpki21) 
i=1 k=2 
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2 K 

= E E 2(Ma2 p Ma2p)
i=1 k=2 

= 8(K - 1)Ma2 p 

(4.34) 

(4.35) 

where Pki2 is similar to pkil but associated to the second leg of the RAKE receiver. 

The above equation differs from the variance of the co-users interference expressed 

by (4.20) by a factor of M because (4.20) equals 8(K — 1)o- 2p when pk,i = p for all k 

and i. To simplify the notation, from this point forward the LHS of (4.35) is denoted 

by A. So 

A = 8(K — 1)Mcr2 p (4.36) 

where K is the number of simultaneous users, M is the number of transmitted bits 

in each burst, o2 is the power of the cross-correlation between the first user's and 

co-users PN codes and p is half the average path power, i.e. p = 2E[132]. If the 

random phase term in (4.32) varies very slowly for all paths and co-users during a 

burst, then the sum zcu(n) is also a Rayleigh phasor [261 and its probability density 

function is given by 

fPcum(Pc.)= pc. (4.37) 

In two above equations, the second order effect of the variations of cross-correlation 

between PN codes compared to the prime effect of the variations of Rayleigh fading 

channel is neglected and shown by its power (72. 

To obtain the average of N, let's define rn as 

rn = 
Pcun 

Pan rn > 0 (4.38) 

The system performance is assumed to be co-users interference limited in above equa-

tion. Defining also the random variable 

x = Nun x > 0 (4.39) 
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The joint pdf of rn and x can be written 

fRn,X (r n x) = f Pen,Pcun(Psn Pcun)J (Pan, Pcun) (4.40) 

where J(Psn,pcun) is the Jacobian of the transformations from p.„ and pcun to rn and 

x. By virtue of independence of pan and pcun and the Jacobian being x, the above 

equation becomes 

fRn,X(rn, X) = fp„n(rnX)fpcun(x)x, 

from which the pdf for rn is 

(4.41) 

hin(rn) = fran(rnx)fpc„„(x)xdx. (4.42) 

As mentioned before, while signal to noise ratio is controlled about ro, it is desired 

that rn > ro/a where a is a constant greater than 1. Therefore, the cumulative 

distribution function FRn(ro/a) r.-. P(rn < ro/a) can be calculated by 

FRn (rola) = j r°1°1 dry, f 00 fP,n(rnx)fPcun(x)xdx. 0 0 
(4.43) 

To evaluate this, an expression for fRn,x(rn, x) is required. This expression is obtained 

by substituting fp,n(rnx fr cun (X) X with the result 

x , Arn 2131 
fRn,x(rn,x) = ----xp( 

2pi A
e 

2pi A x)

co 
fRn (rn ) = fRn,X (rn X )dX 

0 

Substituting ti for s(Arn 2/31)/(2pi A) the above integral becomes 

f  Rn(rn\  =  2p1 A [cc' 

(Ar + 2P02 Pe 1

It is known that 

(4.44) 

(4.45) 

(4.46) 
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0
So, fR„(rn) becomes 

n! 
bn+1

for n = 1, 2, 3, ... and b > 0 

fRn(rn) 
2p1A 

(Arn + 2p1)2 
A 

2p1 

(1 + e pir n) 2

Using (4.42), FR„(ro/a) can be expressed as 

FR (ro/a) = 270 
/"/" 

0,,  (Arn 2p1)2

By substituting v for Arn 2pi the above integral becomes 

FR. (ro/a) 
/Aro/042m 2p1 dv 

.12721 V2 

roA 
2api 

1 
+roa

2api 

(4.47) 

(4.48) 

(4.49) 

(4.50) 

In most practical cases Aro/(2aP1) < 1 because A/2pi is the ratio of the average 

received interference power to signal power. Thus, 

roA ro 2pi 
FRn(ro/a) for J -(—y l<1 —A— I (4.51) 

2api 

As seen in the above equation, the probability that P(rn < ro/a) increases propor-

tionally with ro/a and the number of co-users through A. 

The power control unit must maintain rn ti ro by controlling A1,n. The mean 

and variance of rn, which are indications of the mean and variance of Alm are calcu-

lated in appendix B, with the result 

drn
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2 iT

" - rn 

E[rn] = A 2i  In 2epi

2P1 (b 
2pi ln2  2p1) 

A2 2e2pi

= 
2pi 

(1) 9 In — —), 
2 2e

b3 ,
pi 2e

b
Pi 

(4.52) 

(4.53) 

where b is the greatest practical value for Arn 2p1 (Refer to Appendix B) and e 

is the natural logarithm base. The mean and the variance of r„ both decrease with 

increasing the number of co-users. 



Chapter 5 

Verification of the Analysis 

5.1 Introduction 

In previous chapter, an indoor wireless CDMA communication system using time 

division duplexing with power control was analyzed. In section 4.5.1, a power control 

algorithm was described and the probability density functions (pdf) of signal psn, 

interference pc.„ and signal to interference ratio rn (or SIR) of the RAKE decision 

variable were calculated. The pdf of pm, 13.n and rn were given in (4.30), (4.37) and 

(4.48), respectively. In this chapter, the accuracy of (4.30) and (4.37) are examined 

with simulation. If the accuracy of these equations are verified, then the pdf of the SIR 

of the RAKE decision variable (4.48) will also be verified, since (4.48) was calculated 

using (4.30) and (4.37) without any further assumption. 

The signal and the interference power of the RAKE decision variable in a 

burst are assumed to be ergodic processes. This means that the pdf of the signal 

and interference can be computed using a sample function over a sufficient length of 

the time or sufficient number of sample functions at a specific point of time. This 

assumption can be used to save computation time and computer memory. 

For a sample function to provide a reasonable estimate of the pdf its length 

must be much greater than the coherence time of the indoor channel. The coherence 

time of an indoor channel, is very long compared to a data bit period T. Assuming 

a coherence time of 250 msec which corresponds to a Doppler spread of 4 Hz [28,29] 

52 
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or equivalently and 0.1 msec for T, the number of data bits (or samples) needed 

for a single sample function to obtain reliable results, must be greater than 25000. 

For 1000 sample functions, the amount of memory needed to simulate channels is 

approximately 1000 x 25000 x 3 x K = 75 x K M-bytes, where K and 3 are the total 

number of users and the number of channel parameters for each path, respectively. 

Therefore, for the non-ergodic case, a great deal of memory is needed. To save 

computer memory and computation time, p,„ and pc., were considered as ergodic 

processes. 

5.2 Simulation Model 

To compute the pdf of p,„ and pc,„, only a single reverse burst of transmission is 

simulated. The number of sample functions is 1000 for each case. 

For each portable, the transmission channel is a time-variant multipath Rayleigh 

fading channel which consists of two rays. Each ray associated with any portable is 

independent of the other rays. The channel model was described in section 4.3. The 

path gains of all channels are Rayleigh distributed with the same Rayleigh parameter 

p which is half the mean path gain. The parameter p affects the signal and interfer-

ence alike (see (4.28) and (4.36)) so its value does not change the system performance 

of the portable. In this simulation, the value of p is chosen as 1. 

The time delay associated with each path is uniformly distributed over the 

interval of 0 to 571 where 71 is the chip period. For the first portable, the time delays 

are uniformly distributed in [0, Tc] and [271,, 3T d. This allows the receiver to resolve 

two paths. The phase of each path is also uniformly distributed in[0, 2r]. 

The Doppler spread (or fading rate) of the channel is assumed to be 4 Hz 

[28],[29] which is the most common value reported or used for indoor radio channels. 

A maximum value of 6.1 Hz has also been reported [30]. 

The block diagram of the model used to generate the gain and the phase of 

each path is shown in Figure 5.1. This model was suggested by Luts et al. [31] and 

successfully used by other researchers [32]. As stated in [31], applying a third order 
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Butterworth LPF with a half power frequency f3dB = 4 Hz results in generating 0 
with variation rate of 1.2 times f3dB which becomes 4.8 Hz. The Gaussian num-

ber generator produces independent numbers for each sample. For indoor channels, 

channel parameters are not independent for neighboring samples. That is why a LPF 

is used in the model to suppress those variations which are faster than the fading 

rate (Doppler spread) of the channel. The output of the LPF is a Gaussian process, 

because passing a Gaussian process through a linear time-invariant system results in 

a Gaussian process. Hence, Xi and X2 in Figure 5.1 are Gaussian and consequently 

/3 and are Rayleigh and uniformly distributed, respectively. 

Gaussian Number 

Generator 

Gaussian Number 

Generator 

Butterworth 

LPF 

Butterworth 

LPF 

= Nix? + xi 
= arctan xi 

Figure 5.1: The model used to generate path gain and phase of a Rayleigh fading 

channel 

The output samples of the LPF are separated in time by a distance of one 

data bit period which is T = 0.1 msec. Comparison of T and inverse of f3dBimplies 

that the values of the Xi and X2 have a small difference for two consecutive samples. 

So, the values of Xi and X2 are close to zero when the simulation program initially 

is run. It takes some time Xi and X2 to pass their transient state and reach their 

steady state. In this simulation, those values of Xi and X2 are used which obtained in 

the first initial burst of transmission. It makes signal and interference be very small. 

However, it does not affect the accuracy of the comparison between simulation results 

and analysis. 
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The PN codes used in this simulation are different for all portables. Each PN 

code is periodic with period N which is also the ratio of the data bit period T to the 

chip period Tc. The processing gain is 20 dB. The output of the RAKE receiver is 

passed through a low pass filter with cut-off frequency of 10 k-Hz which equals the 

data bit rate in the forward and the reverse links. 

5.3 Verification of the Analysis With Simulation 

In this section, the probability density functions (pdf) of ps„ and p,„„ obtained 

from simulation are compared to those calculated from equations (4.30) and (4.37) 

to check the validity of the two equations. 

For the sake of convenience, equations (4.30) and (4.37) are repeated bellow 

as (5-1) and (5-2), respectively. 

1 ps. 

f133n(Psn) = 2Th exP(- 9;)
1 c,. 

freun(P.) = -A-exP(—pA ). 

(5.1) 

(5.2) 

where ps„ and pc„„ are the signal and interference power, respectively, of the RAKE 

decision variable in a reverse transmission burst. 2p1 and A are the mean of p37, and 

pc,„, respectively. The values of P1 and A which are obtained from (4.28) and (4.36) 

and are 

pl = 2MT2A?,„p, 

A = 8(K — 1)Mcr2p, 

where M is the time length of a transmission burst, T is the data 

the transmitter voltage gain of the first portable in the nth burst, 

power gain of each path, K is the total number of users and a2 is 

(5.3) 

(5.4) 

bit period, A1,„ is 

p is the half mean 

the average power 
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of correlation between the first user's PN code and each co-user's PN code. 

The values of the signal power psi, depends on each path gain which varies in 

time, while other parameters in RHS of (5.3) are constant in each burst. In analysis, 

it was assumed the parameters of an indoor channel vary slowly in time so that 

each parameter can be considered constant in a burst of transmission. In practice, 

however, they vary in time and consequently affect the value of the signal power p..• 

Moreover, an increase in the burst length causes variation in the path gain during 

a burst of transmission. Therefore, the effect of the burst length on the accuracy of 

(5.1) is examined by the simulation. 

The probability histograms of 100 bins of signal power p.,,, for different burst 

lengths are shown in Figure 5.2. Equation (5.1) agrees with the simulation results 

very well. Therefore, the simulation results suggest (5.1) is valid. It is clear that 

increasing in the burst length results in more variations in the received signal power 

of the RAKE decision variable. This makes power control less accurate which will be 

seen in the next chapter. 

The value of the co-user interference pc,,,„ not only depends on each path gain 

and the transmission burst length M, (see (5.4)), but also depends on the total 

number of users K and the correlation between the first and other users PN codes. In 

each burst of transmission, the path gain and correlation between PN codes vary in 

time. The variations of path gain were assumed to be slow and considered constant 

in the analysis. As well, the second order effect of the correlation between PN codes 

was neglected as it is relatively little when the effect of the channel is considered. 

An increase in the burst length M and the total number of users K result in more 

variation in the path gain and the correlation between PN codes. Hence, the effects 

of the burst length and the number of users on the accuracy of (5.2) are examined by 

the simulation. 

The probability histogram of 100 bins of p. computed by simulation are com-

pared with those of pdfs calculated from (5.2). The results are shown in Figures 5.3, 

5.4 and 5.5 for the burst lengths of 5, 10 and 20 data bit periods, respectively. The 

number of users are 2, 10 and 20 in each case. In all cases, the probability his-
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tograms computed from simulation are approximately exponentially distributed, but 

they do not agree well with (5.2). Simulation results show that the occurrence of low 

(high) interference levels is more (less) likely than that of the calculated probability 

histogram. 

The disagreement between (5.2) and simulation results may have its origin in 

the correlation between PN codes. Referring to (5.4), it is seen that the interference 

power of the RAKE decision variable depends on the path gain and correlation be-

tween the first and other users PN codes. As mentioned before, the second order 

effect of the variations in the correlation between PN codes as compared to the effect 

of Rayleigh fading channel was neglected. However, this varies from data bit to data 

bit and makes some difference between simulation results and (5.2). 

Variations in pc,„„ increases with the number of users, the burst length and, 

as well , the Doppler spread of the channel. The effect of the number of users and 

the burst length on the variations and consequently on the variance of pc.„ can be 

seen in Figures 5.3 to 5.5. The effect of the Doppler spread on ps„ and pc„,„ may be 

obtained by comparing Figures 5.3 to 5.5 with Figure 5.6. In Figure 5.6, the burst 

length and the Doppler spread are 5 data bit periods and 8 Hz, respectively. As seen 

in this Figure, the range of variations of ps„ and pcun are similar to those of Figure 

5.5 where the burst length and Doppler spread were 20 data bit periods and 4 Hz, 

respectively. Therefore, the Doppler spread of the channel has more effect on the 

variations in signal and interference power than that of the burst length. 

Considering all simulation results, it can be said that simulation results confirm 

the validity of (5.1). As well, simulation results confirm that the pdf of pour, is 

exponential but they do not confirm the validity of (5.2) exactly. 
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Chapter 6 

Simulation Results 

6.1 Introduction 

In chapters one to three, different issues of concern for an indoor CDMA com-

munication systems with power control were described. Multipath fading channel, 

diversity, CDMA structure, CDMA performance and channel duplexing were among 

those issues of concern. In chapter 4, an indoor CDMA communication system using 

time division duplexing with power control was analyzed. The system model was ex-

plained in sections 4.2 to 4.3 and the power control algorithm was described in section 

4.5.1. Based on this power control algorithm, the probability density functions of the 

signal power, interference power and the signal to interference ratio of the RAKE 

decision variable were calculated. In chapter 5, the validity of calculated pdfs were 

examined. In this chapter simulation results for a power controlled indoor CDMA 

communication system using time division duplexing are presented. 

As mentioned before, to reach the maximum capacity of a code division multi-

ple access(CDMA) communication system, two problems must be overcome. The first 

problem is the interference from co-users. The second problem is a harsh channel due 

to walls, doors and people inside the building that cause multipath reception which 

is a form of self interference. These multiple replicas of the original signal can be 

resolved and combined by a RAKE receiver. 

Since the path gains vary in time, the signal to interference power ratio (SIR) 
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also varies for each portable at the base station. This degrades the quality of each com-

munication link. To overcome this problem, a power control algorithm was suggested 

in section 4.5.1 and analyzed. Based on this algorithm, the signal to interference ratio 

is controlled so that the quality of the communication is kept as constant as possible. 

A time division duplexing (TDD) scheme is used in the system. As stated 

before, if the burst length is very small compared to the coherence time of the channel, 

then it would be possible to keep the SIR almost constant. For the sake of convenience, 

the power control algorithm is repeated below. 

The value of the RAKE decision variable is used to modify the transmit power 

of the first portable. In each reverse burst transmission, steps 1 to 4 of the algorithm 

are done by the power control unit at the base station. Steps 5 and 6 are done by the 

base station and the portable, respectively. 

1. Measure the interference power of the RAKE decision variable (pcu.). 

2. Measure the signal power of the RAKE decision variable (psn). 

3. Calculate the signal to interference power ratio of the RAKE decision vari-

able (rn = SIR = Pan Pcun)• 

4. Compare rn with the reference value (ro) and issue a required up/down 

power control command. 

5. Transmit the above command to the portable in the following forward 

burst transmission. 

6. Raise/lower the transmit power in a constant step of ±1 dB depending on 

the above command. 

The probability density function of the signal to interference power ratio r — n 

is obtained from (4.48) and is repeated here 

2/31 A 
fRn (rn) = 

(Arn 2p1)2 (6.1) 

where 2p1 and A are the mean signal and interference power of the RAKE decision 

variable. The values of p1 and A which are obtained from (4.28) and (4.36) and are 
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P1 = 2MT2

A = 8(K —1)Mo-2 p, 

(6.2) 

(6.3) 

where M is the time length of a transmission burst, T is the data bit period, A1,„ is 

the transmitter voltage gain of the first portable in the nth burst, p is the half mean 

power gain of each path, K is the total number of users and (72 is the average power 

of correlation between the first user's PN code and each co-user's PN code. 

The value of the signal to interference power ratio depends on P1 and A. The 

value of pi depends on the burst length M which is constant, the gain of each path 

which varies with time and must be compensated by controlling A1,„ according to the 

algorithm. The value of A also depends on the burst length M and each path gain 

and the correlation between the first user's PN code and any other co-user's PN code. 

The last two parameters vary in time and must be compensated by controlling A1,n. 

Among all parameters in RHS of (6.2) and (6.3), the burst length M, the 

number of users K and the correlation between the first user and any other co-user's 

PN code must be carefully selected to produce a system with maximum capacity. 

If this is the case, only the channel variations must be compensated by controlling 

the transmitter voltage gain of the first portable A1,,, to keep the SIR constant. In 

this chapter, the effect of the number of users and the burst length on the signal to 

interference ratio come into play. 

6.2 Simulation Model 

The block diagram of the system used to simulate an indoor CDMA communica-

tion system using time division duplexing with power control was shown in Figure 

4.1. The model of the transmitter, the channel and the receiver were explained in 

sections 4.1 to to 4.4. The power control algorithm was given in section 4.5.1 and 

repeated in the previous section. 
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The power control unit measures the signal and interference power of the 

RAKE decision variable and calculates their ratio (SIR). This measured SIR is com-

pared with the reference value. Based on this comparison, a power control command 

is sent to the portable to raise/lower its transmit power in a constant step of ±1 

dB/burst. 

The power control is applied to the reverse link of only one of the portables 

(the first portable). Other portables transmit their signals without any power control. 

The reason for not controlling co-users transmit power is to save computation time. 

In doing so, the SIR of the first portable is worse than that of controlling all users 

transmit power. 

The transmission channel of each portable is a time-varian multipath Rayleigh 

fading channel which is modelled by two independent rays with the same statistics.The 

path gain is Rayleigh distributed with the Rayleigh parameter p. The parameter p 

affects the signal and interference similarly and its value is chosen as being 1. The 

time delay of each path is uniformly distributed in [0,5Tc] for co-users. For the first 

user, the time delays of the path 1 and 2 are uniformly distributed in [0,11] and 

[2Tc,371,] so that the receiver can resolve the two paths. The phase of each path is 

also uniformly distributed over the interval of 0 and 2r. The Doppler spread of the 

channel is 4 Hz [28, 29]. 

The block diagram of the model used to generate path gains and phases of a 

Rayleigh fading channel is shown in Figure 5.1 and described. In this figure, the out-

put samples of the low pass filter (LPF) are separated in time by one data bit period 

which is T=0.1 msec. Since the coherence time of the channel (At)e = 250msec >> T, 

the value of two consecutive samples are very close to each other. Specially, when the 

simulation program is run initially the path gains are close to zero. In this simulation, 

the initial segment of samples (path gains) which are close to zero are not used. 

In the reverse link, each path is independent of the other paths because all users 

are usually located in different places. In this case, the received power of each path 

is independent of the others and the signal to interference ratio has more variations 

from burst to burst. Therefore, this is the worst case. 
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The simulation results presented in this chapter, are obtained in the steady 

state of the system. This means that the reference value for the SIR is chosen to be 

the SIR of the reverse link when the simulation program is initially run. As well, the 

simulation program is run for 1000 data bits in the reverse and 1000 data bits in the 

forward link. 

6.3 Effects of the Number of Users on the SIR 

In this section, simulation results are presented for a fixed transmission burst 

length of 5 data bit periods and for three different number of users. Although the 

signal to interference ratio ( SIR) of the RAKE decision variable is the subject of 

concern, the signal power and the interference power of the RAKE decision variable 

are also presented to help the understanding of the power control mechanism. As 

well, the SIR of the forward link is shown. 

The power control has a better performance when it keeps the SIR equal the 

reference value for a large percentage of the time. Since the transmit power of the first 

portable is controlled in a constant step of ±1 dB/burst, the acceptable deviation in 

the SIR from the reference value is ±2 dB. 

In Figure 6.1, the SIR of the first portable in the reverse and forward links are 

shown in (a) and (c), respectively. The signal and interference power are also shown 

in (b) and (d), respectively. The horizontal axes show the order of the received data 

bits. As mentioned before, 1000 data bits are sent in each link. The vertical axes are 

in dB. In this case, there are only 2 users. 

The power control function can be understood if Figures 6.1(a), (b) and (d) are 

taken into consideration. The variations in the interference power, 6.1(d), is followed 

by the signal power, 6.1(b), so that the signal to interference ratio is kept constant. 

In Figure 6.1(d), the interference power varies by more than 15 dB. This means, if 

the signal power is kept constant, there will be more than 15 dB variation in the 

SIR and consequently degradations in the system performance. However, if the SIR 

is controlled, not only the system performance will be kept constant, but also the 
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portable always transmits the minimum power required to achieve the fixed reference 

SIR. This saves the battery of the portable significantly. 

In Figure 6.2(a) where the number of users is 10, the SIR is fixed with accuracy 

of ±2 dB, 90% of the time. There are two positive peaks in the SIR due to two negative 

peaks in the interference power in Figure 6.2(d). The latter peaks happen with sharp 

ramps of -20 or -30 dB/burst. Since the power control unit cannot track a ramp 

sharper than ±1 dB/burst, such a negative peak in the interference power appears as 

a positive peak in the SIR. After each positive peak in the SIR, there is a transient 

until steady state is reached again. 

In Figure 6.3(a), where there are 20 users, the SIR is constant with accuracy 

of ±2 dB, for 70% of the time. In this case, there are three positive peaks in the SIR. 

The reason for the appearance of a negative peak in the interference power is 

due to the correlation between the first user's PN code and others PN codes which 

was described before. This negative peak in the interference power and consequently 

in the SIR can be removed by choosing a set of appropriate PN codes. 

The presence of a positive peak in the SIR are favorable because a larger SIR 

means a better performance for the portable. It is good to point out that at this 

time, the signal power of the portable is small and does not harm other portables. 

After each positive peak, there is an unwanted valley in the SIR which degrades 

the quality of the communication system. This valley will disappear from the SIR if 

the power control is not applied for a negative peak in the interference power. If this 

the case, the SIR of the first portable is guaranteed to be higher than the reference 

value with accuracy of -2 dB. 

6.4 Effects of the Burst Length on the SIR 

In the analysis, it is assumed that all channel parameters remain constant for 

the duration of a burst. As mentioned before, the channel parameters vary slowly 

and increasing the burst length decreases the correlation in the channel parameters 

between two consecutive bursts. This results in more variations in the SIR. 
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Figures 6.3 to 6.5 illustrate the effects of the burst length on the system per-

formance. In these three figures the number of users is 20 and the burst length is 5, 

1 and 20 data bit periods, respectively. 

In Figure 6.4(a) where the burst length is one data bit, the SIR is constant 

with accuracy of ±2 dB for more than 95% of the time. As mentioned in the previous 

section, sharp valleys in the interference power results in positive peaks in the SIR. 

In this case, the shortest possible burst length causes only a small transient. So, each 

peak reaches steady state very fast. As the burst length changes from 1 to 5 and to 

20 data bit periods in Figures 6.3 and 6.5, respectively, the transient after each peak 

becomes longer. For instance, the SIR in the reverse link has a transition time of 

30% and 45% of the burst time when the burst length is 5 and 20 data bit periods, 

respectively. 
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Chapter 7 

Conclusions 

As mentioned in chapter 1, the objectives of this thesis were as follows: 

1. Develop an architecture for a power controlled wireless indoor CDMA com-

munication system using time division duplexing (TDD). 

2. Analyze the performance of the model for the reverse link. 

3. Simulate the model to verify the analysis. 

To reach the above objectives, an architecture for power controlled CDMA 

using TDD was developed and its performance analyzed. As well, simulation results 

based on the developed architecture were obtained. The transmit power control which 

has been investigated is based on keeping the signal to interference power ratio in the 

reverse link constant. Transmit power gain is controlled in ±1 dB/burst and the 

channel is modelled with a time-variant two ray model. The contribution of this 

thesis are: 

1. The probability density functions of the signal and interference power of 

the RAKE decision variable in a burst were derived. 

2. The probability density and cumulative distribution functions of the signal 

to interference power ratio (SIR) of the RAKE decision variable in one 

burst for reverse link were derived. As well, the variance and the mean of 

the SIR in one burst were derived. 
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3. The probability density function(pdf) of the signal power of the RAKE 

decision variable was verified by the simulation results. Simulation results 

also suggested that the pdf of the interference power of the RAKE deci-

sion variable has an exponential distribution. However, it did not verify 

the validity of the equation obtained from the analysis completely. This 

difference is due to the effect of cross-correlation between PN codes which 

was neglected in the analysis. 

4. Verification of the pdf of the signal and interference power of the RAKE 

decision variable in one burst implies that the pdf of the SIR is also valid 

because the latter was derived from the pdf of the signal and interference 

without any further assumptions. 

5. Simulation results show for a fixed burst length, more co-users causes to a 

longer transient after each positive peak. 

6. Simulation results also show that for a fixed number of co-users, an increase 

in the burst length causes the transient to be proportionally longer. 

7. Moreover, in chapter 2, the linear time-variant multipath channel was de-

scribed in more details to clear the confusion existing in the literature. 

In this thesis, some assumptions were made to analyze the system. Some 

possible conditions and issues that could be considered in future research are: 

• Do the analysis for other types of fading such as flat fading or Rician fading. 

• Deriving the probability of error. 

• Do the analysis for a power control algorithm based on keeping the received 

signal power of the RAKE decision variable constant. 

• Investigate the effect of the coding and interleaving on the probability of error. 

• Investigate the effect of moving portables and the near/far problem on the SIR 

and the probability of error. 
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Appendix A 

Appendix 

The upper single path of the RAKE receiver shown in Figure 4.3 is analysed in this 

appendix. The analysis for the second path will be identical. This single path receiver, 

called path 1, is correspondent with the shorter path for portable 1(i.e. T1,i < 

Here, portable 1 and path 1 are assumed as references. For ni. < t < (n 1)0, vi(t) 

is given by 

vi(t) = u(t)ai(t — 

= Ef—i Ak,n[i3k,i(t)ak(t — Tk,i(t))bk(t — Tk,i(t))cosOk,i(t) 

,8k,2(t)ak(t — Tk,2(t))bk(t — rk,2(t))com4k,2(t)lai(t — r1,1) + 

i[fik,i(t)ak(t — rk,i(t))bk(t — rk,i(t))sin0k,i(t) + 

4,2(1)ak(t — Tk,2(t))bk(t — rk,2(t))sin0k,2(t)jai(t — r1,1) 

[7-1,(t) + jns(t)jai(t — (A.1) 

where K is the number of active users and Ak,n is the amplifier gain of the transmitter 

for kth user in the nth burst transmission. As well, ak(t) and bk(t) are the PN 

code and the data sequence signals for the kth user, respectively. The parameters 

Ok,i(t), rk,i(t) and Ok,i(t) are the channel gain, time delay and phase of the received 

signal from ith path for kth user, respectively. And finally, nc(t) and ns(t) are the 
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quadrature components of the low pass equivalent noise and 0 is the time length of 

each transmission/reception burst. 

Without loss of generality, the analysis focusses on the ability of the receiver 

to detect a particular bit. The random chosen bit which is used as a reference for the 

time axis is 1. The time axis is referenced to the path 1,i.e. shorter path, signal so 

that the transmitted bit is received via path 1 between times 0 and T. Due to the 

differences in path lengths, this same bit is received via path 2 between times 71,2-71,1 

and T + T1,2 — T1,1. Since only the time differences of arrivals are important delay r1,1 

is taken as a reference and set to be zero to reduce the notational complexity. The 

phase chi is also taken to be zero for the same reason. 

The decision variable for user 1 at the input of the integrator for path 1 and 

only for the real and imaginary part of the signal are 

Re{vis(t)} = th,i(t)AimPT(t) + th,2(t)ii1,„cos151(t)PT(t — )al(t)ai(t — 

+EL2 [Ak,m8k,i (t)bk,iPT(t — Tkl (t))ak(t — Tkl(t))ai(t)cosOki(t) 

Ak,niek,2(t)bk,1PT(t — Tk2(t))ak(t — Tk2(t))ai(t)cosOk2(t)], (A.2) 

Im{vis(t)} = /61,2(t)AimPT(t)al(t)ai(t — ri)sinch(t) 

-FEL2[Ak,n13k,1(t)bk,iPT(t — (t))ak(t — Tki (t))ai (t)cosOki (t) 

Ak,n4,2(i)bk,iPT(t — Tk2(t))ak(t — rk2(t))a1(t)cos42(t)], (A.3) 

where PT(t) is a rectangular pulse of unit height and duration T, Tki = — T1,1 and 

Tl = T1,2 — T1,1 are greater than Tc as mentioned in chapter 4 and Oki = c6k,i — 01,1) 

01 = 01,2 — 01,1. So, the cross-correlation between ai(t — T1,1) and ai(t — T1,2) can 

be neglected, and only interferences from other portables are considered. The rate of 

variations for /3, and T are slow relative to data bit interval T. Hence, they can be 

considered constant at least for one bit. As well, the processing gain is assumed to 
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be much grater than 1 and max(rk,i) < T for all k and i, so the previous bits don't 

affect on calculations of current bit significantly. Thus, the output of the integrator 

for signal at time T is given by 

T 
Re{tvia} = Ti31,1111,n + th,2111,ncos(ki ai(t)ai(t — ri)dt 

Er=2131c,1Ak,nbk,1COSOk1 J ai(t)ak(t — r ki)dt 

EI=21472Ak,nbk1COSOk2 
Jo 

ai(t)ak(t — Tk2)dt 

T 
IM{Wis} = 131,2A1,nSinc6i ai(t)ai(t ri)dt 

Er-24,1Ak,nbkiSiTI,Ok1 f ai(t)ak(t — rki)dt 

Ek-213k,2Ak,nbkiSirt0k2 
Jo 

ai(t)ak(t — Tk2)dt 

To make notation simpler, let 

= 1
T 

0 ai(t)ai(t — ri)dt 

Riki(Tki) = ai(t)ak(t — Tk,)dt 

So,the output of the integrator for the real and imaginary part of the signal can be 

written as 

(A.4) 

(A.5) 

Re{tvis} = Ai,n +131,2111,ncosOiRn(ri) + 

ri 
r2 A

-̀ik=2 4-Ji=1. k,nPk,iu I.k,1COSOkiRlki (Tki) (A.8) 
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/m{wis} = th,2AnsinOiRii(71) 

Er_2V-1Alemflkibk,lsinOkiRlki(Tki) (A.9) 

The complex envelope of w1 at time T, considering the effect of thermal noise, is 

given by 

where 

w1 = Re{wi.} + j/m{wis} + ry1 + jrfl (A.10) 

T 

11 = 
Jo 

ne(t)ai(t)dt (A.11) 

= J 
1 ns(t)ai(t)dt (A.12) 

The noise samples -A and ni are independent zero mean Gaussian random variables 

with identical variance o-,2, = NoT. w1 can also be written in the following form 

where 

wl = 1731,1,41,n + x1 + + jykil) +'7l + 

Xi = th ,2A1mCOS 01 R11 (7-1) 

xkil = Ak,n,6k,ibk,1COs(bkiRlki(Tki) 

Ykil = Alc,n13k,iblc,1Sin4kiR1 ki ) • 

(A.13) 
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xl, xki and yki denote self interference, real and imaginary part of the co-users inter-

ference, respectively, at the output of the integrator for path 1 of the RAKE receiver. 

Using the same method, the output of the integrator for the second path at time T 

is obtained as 

W1 = T131,2A1,n + x2 + Erc-2EL(Xki2 iYki2) jr12. (A.17) 

The decision variable of the RAKE receiver w is the summation of w1 and w2 

and is given by 

w = + /31,2) + x1 + x2 + 

Ef-2E-1[(xkii + xki2) + + yki2)] + 

(71+72) +i(ni +172) (A.18) 

The desired signal component of the decision variable is the first term of RHS, while 

the rest terms are undesired parts. It is reasonable to consider each interference 

signal independent of the others. Consequently, the total power of interference is 

the summation of interference power of each path. Since noise and interference are 

independent the total power of the undesired part of the decision variable is the 

summation of their powers. 
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Appendix 

In this appendix, the average and the variance of the signal to interference ratio, 

given in (4.52) and (4.53), are calculated. The probability density function of the 

signal to interference ratio was calculated in chapter 4 which is 

2p1A 
= (Arn 21,02 .

The average of the signal to interference ratio is given by 

too rndr„, 
E[rn] = 2/31A Jo (Arn 2p1)2

1 dr„ 
2 ). 

Arnd+rn2pi 2A/31 if:  (Arn 2pi1i 2pi A( 1- ji: 

Substituting v for Arn 2pi the above integral becomes 

1 fo° dv p21ro dv
E[rnl= 2pi At -x j2p, Av  — A j2pi 

Avg 

(B.1) 

(B.2) 

(B.3) 

When the upper bound of the above integral is infinity, the resulted average will be 

infinity. In practice, the upper bound of v can be a very big number, for instance b, 

but not infinity. Considering this being the case, the above integral is given by 
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b 2pi
E[N] = 1 

pi 
1 A2b 

ti 2P1 In b
2ep1

(B.4) 

where e is the natural logarithm base and 2p1 < A2b. 

The variance of r„ equals to E[71,]— E2 [rn] where E[rn2] is calculated below. 

r!dr„ 
E[r!] = 2Pi A Jo (Arn 2p02 

x drn 4pi ro  rndrn  4pi ro  drn ,,). (B.5) = Akio A2 A Jo (AN 2p i  ) 2 A2 Jo (Arn 2/31)-

Substituting v for Arn 2p1, and considering the upper bound of the integral, for the 

same reason mentioned above, as b. Then E[71] is given by 

2pi 4pi 2pi b 4/4 1 _1 ).
E[r! ] = AFb — 

A n 2epi A2 ‘2pi. b 

Since b >> 2pi the last term can be removed from the above equation. So 

2pi
E[r!] 7 (b — 4pi In 

2ep1

In the above equation, b >> 1 so EHJ is given by 

and the variance of rn is 

rn 

(B.6) 

1). (B.7) 

E[r!] -3: 2p7(b — 4p1 In 
2e i 

) 

= E[r!] — E2[rn] 

ti 
,1 2pi b 

[b — 2p1(21n 
2ep1 

in-2 
b 

)1 A2 

2
2pi 

2e 
i[b + 2p1(ln  1)2 — 2/31 ] • A p

(B.8) 

(B.9) 
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Substituting In e for 1 the above equation is given by 

2 = ern 

which is (4.53). 

2pi b 
A2 (b + 2piln2 2e2izi 2p1) 

2pi r, , n  „ 2 b  
to -1- zpi kin-  1)] Az 2e2pi

2Ap21 
b 

[b + 2pi On yeb Tih 1)(1n Te-F p7. + 1)] 

2pi 
2e

b
A2 [b + 2pi O i  n i---li In e)(1n 2e2b 731 + In e)] 

2731 
(b + 2pi ln — ln —b ) 2 2e

3b
pi 2epi

(B.10) 
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