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Abstract 

Co-channel interference (CCI) and muitipath fading are the major sources that greatly 

degrade the performance of transmission in wireless communication. Hence. combating 

the deleterious effects of these factors has attracted an enormous amount of attention in 

the last decade. 

This thesis investigates several algorithms such as the Direct Matrix Inversion (DM) 

algorithm. Bilinear Filter (BF) and Sequence Estimation (SE) algorithm for an adaptive 

antenna array at the receiver of a USDC IS44 system. The outdoor wireless channel 

undergoes Rayleigh fading with a Doppler frequency up to 77.462 Hz. The studies 

conducted in simulation show that the LMS algorithm has a large tracking loss for the 

high mobile speeds. and the DM1 algorithm can acquire and track the weights to combat 

desired signal fading at the mobile speeds up to 100 kmh. Results indicate that the SE 

algorithm exhibits a few dB gain over the DM1 algorithm for the low speed of mobile. but 

this superiority is lost for mobile speeds above 50 kmh. 
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CHAPTER 1 

INTRODUCTION 

1.1 Evolution of Mobile Radio Communications 

Historically, growth in the mobile communications field has come slowly and has 

been coupled closely to technological improvements. In 1946. the first public mobile 

telephone service was introduced in twenty-five American cities. It used 120 kHz of 

radio frequency (RF) bandwidth in a half duplex mode. The large RF bandwidth was 

needed because of the difficulty in the mass production of narrowband RF filters and low 

noise, front-end receiver amplifiers. Due to technology advances atier World War 11. the 

FM bandwidth of voice transmission was cut to 30 kHz. Thus. there was only a factor of 

4 increase in spectral efficiency. In the 1950s and 1960s, automatic channel trunking was 

introduced and implemented under the Improved Mobile Telephone Service (IMTS). 

With [MTS. telephone companies began offering full duplex auto-dial, auto-trunking 

phone system. However, MTS quickly became saturated in major markets. 

With the development of highly reliable, miniature. solid state radio frequency 

hardware in the 1970s. the modem wireless communications era was born. In 1979. the 

world's first cellular system was built in Japan by the Nippon Telephone and Telegraph 

company 0. Frequency modulated (FM) duplex channels with 15 kHz bandwidth in 

800 MHz band are used. Almost at the same time, AT&T Bell laboratories developed the 

first U.S. cellular telephone system called Advance Mobile Phone Service (AMPS) [I]. 

The AMPS system uses a seven cell reuse pattern with provisions for sectoring to 

increase capacity. Federal Communications Commission (FCC) finally allocated 666 

duplex channels in the 800 MHz band for the AMPS. Each channel has a one way 
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bandwidth of 20 kHz. In Europe. the Nordic Mobile Telephone System (NMT-450) was 

developed in 198 1 for the 450 MHz band channels. The extended European Total Access 

Cellular System (ETACS) was developed in 1985, which is virtually identical to U.S. 

AMPS system except for a slightly smaller bandwidth channels. 

The first generation cellular systems using FM modulation could not support the 

increasing demand for capacity in large cities. With the development of digital 

modulation techniques and multiple access schemes, the second generation systems have 

been developed in North American, Europe and Japan. The United States Digital Cellular 

System (USDC) was developed to support more users in a fixed spectrurn allocation in 

the late 1980s. The USDC standard allows cellular operators to replace gracellly some 

single user analog channels with digital channels which support three full-rate users in 

the same 30 kHz bandwidth [2]. This multiple access method is called time division 

multiple access (TDMA). At the same period, the Global System for Mobile (GSM) was 

developed to solve the fragmentation problems in Europe, because of different 

frequencies and communication protocols used in the first generation systems. The GSM 

standard is gaining worldwide acceptance as the first universal digital cellular system 

with modem network features extended to each user. '4 200 kHz wide channel is time 

shared by up to eight subscribers using TDMA [3]. In Japan, the Pacific Digital Cellular 

(PDC) standard provides digital cellular coverage using a system similar to the USDC 

system. 

Another cellular system based on code division multiple access (CDMA) has been 

developed by Qualcomm in the early 1990s [4]. This supports a variable number of users 

in a 1.25 MHz wide channel using direct sequence spread spectrum. A CDMA system 

can operate at much larger interference levels because pseudo-noise sequence (PN) is 

superimposed on the data sequence to enhance their interference resistance properties. 

Unlike other cellular systems, a CDMA system allows users within a cell to use the same 

wide band radio channel, therefore it has simple channel assignment and less fading 

problems compared to the previous wireless standards. Recently, orthogonal frequency 
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division multiple access (OFDM) has been intensely investigated for the personal 

communications service. In an OFDM system, a serial data stream is first convened into 

several parallel streams, where each operates at a lower symbol rate. Each parallel stream 

is then modulated onto orthogonal carriers. The OFDM enables the system designer to 

combat intersymbol intert'rence (ISI) and multipath fading. 

A new specialized mobile radio service (SMR) was developed to compete with U.S. 

cellular radio carriers in the early 1990s. SMR purchases small groups of radio system 

licenses from a large number of independent private radio services. The SMR integrates 

voice dispatch. cellular phone service, messaging and data transmission capabilities on 

the same network. Nextel and Motorola have formed an extended S M R  network in the 

800 MHz band, which could provide capacity and service similar to cellular system [j]. 

1.2 Objective and Motivation 

Unlike wired communication channels, wireless channels are time-varying with a 

changing environment that causes it to be nonstationary. Thus, keeping a high 

performance is much more difficult than on the wired system. Transmission is subjected 

to some major sources of degradation, such as large scale path loss, small scale fading 

and co-channel interference (CCI). The large scale path loss is due to retlection. 

difiaction and scattering of the transmission signal. 

In wireless channels, there may exist more than one propagation path, and this 

situation is referred to as multipath propagation. The propagation paths change with 

movement of the mobile unit (MS), the base unit (BS), and/or the movement of 

surroundings. Even the smallest, slowest movement could cause time-variable rnultipath. 

Due to the relative motion between NS and BS, each multipath wave experiences an 

apparent shift in frequency. The shift in received signal frequency due to motion is called 

Doppler shift or Doppler frequency, which is directly proportional to the velocity of the 
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mobile unit and direction of motion with respect to the arrival direction of the received 

multipath wave [J]. With increasing Doppler frequency, the performance of a digital 

receiver is worse because of reduced ability to provide good link estimates as well as 

correlation estimates using a limited data block size. The existence of rnultipath causes 

small scale fading of transmission signals. If the multipath structure of a wireless channel 

is such that the spectral characteristic of transmitted signal are preserved at the receiver 

and the strength of received signal changes with time, then the received signal will 

undergo flat fading. In a flat fading channel, the multipath time dispersion and coherent 

time are negligible, and errors are caused mainly by fading and CCI. 

In the USDC system. several users from different cells share a single carrier 

liequency at the same time thereby causing CCI. Unlike thermal noise, CCI cannot be 

combatted by simply increasing the carrier power of a transmitter due to relatively 

increasing inrerference power at the same time. Therefore, it is important to develop 

some efficient methods, including receiver structures and algorithms, to reduce the affect 

of CCI. 

The main objective is to develop and investigate receiver algorithms and structures to 

combat both flat fading and CCI, so as to improve the reliability of wireless 

communication and increase the performance, especially when mobiles are moving with 

a high speed. This thesis focuses on adaptive antennas which consist of an array of 

spatially distributed antennas. By properly combining the output of each antenna. it is 

possible to extract the desired signal waveforms from the received superposition, even if 

these signals occupy the same radio channel. Although the adaptive array technique was 

developed a long time ago, its application has been suggested only in recent years to 

improve performance of a wireless communication system [6] - [12]. Perhaps most 

important is its capability to cancel co-channel interference and flat fading. 

In order to differentiate the desired signal from CCI and noise, normally either 

knowledge of a reference signal or a training signal is required. Coded Digital 
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Verification Code (CDVCC) and Synchronization and Timing (SYNC) data contained in 

each data frame are used as reference signals. In the USDC system, some algorithms 

could be used to update the array weights, each with its speed of convergence and 

required processing time. Because of Doppler frequency of the moving mobile. not every 

algorithm is suitable for a high speed mobile. Not every algorithm can be used to 

overcome the effect of multiple CCI either. Therefore, developing an efficient algorithm 

is a challenging task in wireless communications. 

1,3 Thesis Overview 

Chapter 2 introduces USDC (IS-j4), which covers characterization, modulation 

techniques, channel and frame structure, pulse shaping and CCI. Radio propagation path 

loss and small scale fading channels are presented in chapter 3. In chapter 4, both 

conventional diversity techniques designed to combat flat fading as well as adaptive array 

techniques designed to combat both flat fading and CCI are briefly reviewed. Chapter 5 

provides an introduction to some algorithms and update receiver structures that are used 

in the flat fading environments. In these environments, no equalization is needed. These 

algorithms can be used to mitigate the effects of CCI. In chapter 6. we present the 

simulation system including models of the transmitter, channel and receiver. Simulation 

results are presented in chapter 7, based on the algorithms and receiver structures 

introduced in chapter 5. Finally, the major conciusions of the thesis and 

recommendations for M e r  work are presented in chapter 8. 



CHAPTER 2 

UNITED STATES DIGITAL CELLULAR (IS-54) 

2.1 introduction 

In order to satisfy the capacity requirement in wireless communication, the first 

United States Digital Cellular (USDC) system hardware was installed in major !J.S. cities 

in 1991. The USDC scheme uses TDMA which has a flexibility of incorporating even 

more users within a single radio channel. The dual mode Advanced Mobile Phone 

System ( M P S )  was standardized as Interim Standard (IS-54) by Electronic Industries 

Association and Telecommunication Industry Association (E WTIA) in 1990. 

The USDC system uses the same frequency band and channel spacing as AMPS. 

however. for USDC, each channel is shared by three subscribers by using six time slots, 

three for transmission and three for reception. Only one user is allowed to either transmit 

or receive in each time slot. Thus, the USDC suppons three full-duplex users or six half- 

duplex users in each 30 kHz AMPS channel and offers as much as three times the 

capacity of AMPS. To maintain compatibility with AMPS phones, the USDC forward 

and reverse control channels use the same signaling techniques as AMPS, which is 10 

kbps frequency shift keying (FSK), but FSK is replaced by 4-aryxlJ Differential 

Quadrature Phase Shift Keying (DQPSK) in the USDC voice channels. The transmission 

rate is 48.6 kbps. Table 2.1 summarizes the air interface for USDC. 

2.2 Characteristics of Time Division Multiple Access 

In a TDMA cellular radio system, several users time-share a communication carrier 



Table 2.1 USDC Radio Interface Specifications Summary 

frequency. Each user, transmitting low bit rate digital d a ~  is allotted two time slots for 

forward or reverse transmission. A basic TDMA channel assignment is shown in Figure 

1.1 where a frame is comprised of m time slots. A TDMA channel may be thought of as 

some particular time slots reoccurring every Frame. Inter-user interference is prevented by 

strict adherence to time slot schedules, and by both guard time and time alignment 

procedures between time slots. 

Parameter USDC IS-54 Specification 
L .  

Multiple Access TDMNFDD 

The main advantages of TDMA are [ 1 31 [I 41 : 

I )  Because TDMA uses digital modulation scheme instead of analog modulation, 

digital techniques, such as source coding, channel coding and adaptive equalization. 

can be used to significantly improve system performance. 2) TDMA requires much 

Modulation 

Channel Bandwidth 

Reverse Channel Band 

Forward Channel Band 

Foward and Reverse 

Channel Data Rate 

Spectral Efficiency 

Equalizer 
I 

Channel Coding 

Interleaving 
r 

User per Channel 

Pi14 DQPSK 

30 kHz 

824 - 849 MHz 

869 - 894 MHz 

48.6 kbps 

I 

1.62 bps/Hz 
I 

Unspecified 

7 bits CRC and rate 112 convolutional 

coding of constraint length 6 
1 

2 slot interleaver 

3 - full rate speech coder of 7.95 kbpsluser 

6 - half rate speech coder of 3.975 kbpsluser 
& 
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less stringent power control requirement, since inter-user interference is controlled 

by time slots and Frequency allocation instead of processing gain as in CDMA. 3)  

The hand off processing is much simpler because of discontinuous transmission. It 

is able to listen to other base stations during idle time slots. Therefore, an enhanced 

link control is carried out by a subscriber by listening to an idle slot in the TDMA 

t i m e .  4) The subscriber transmitter can be turned off during idle periods to 

decrease battery consumption. 5 )  With respect to other multiple access methods, 

duplexee are not required, since different time slots are used for either transmission 

or reception. 

Time Slot 

( ) 17 F I  b] [carrier Frequency l I 

( ) 111 [~arr i er  Frequency 2 I 

( ) 17 1 ?I I ~arrier Frequency n I 

Figure 2.1 Time Division Multiple Access 

The disadvantage features of TDMA include: 

1) The requirement for tight synchronization, since data transmission is slotted. It 

requires the receiver to be synchronized for each data burst exactly. 2) In order to 

send a synchronization waveform, the preamble time is necessary at the beginning 

of each time slot. Therefore, the desired overhead and bit rate limit the number of 

users. 3) High transmission rate is required in a TDMA system because of buffer- 



and-burst transmission, 

2.3 d 4 DQPSK Modulation Technique 

USDC is the first generation digital cellular communication system and replaces the 

analog FM modulation with a digital rr 1 1  DQPSK modulation. A number of advantages 

of ir i 4 DQPSK are cited in [ I  51 [ 161. Unlike Quadrature Phase Shift Keying (QPSK) 

which has k 180" phase change. the transitions in r 14 DQPSK signal constellation do 

not pass though the origin, see Figure 2.2. Because the maximum phase change is 

limited to 13ju, a high power nonlinear class C amplifier can be used at the USDC 

transmitter. The envelope of a n / 4 DQPSK exhibits less variation than that of QPSK, so 

it has better output spectral characteristics. 

Figure 2.2 Constellation Diagram of an / 4 DQPSK Signal 

2.3.1 Modulation 

A a / 4 DQPSK signal constellation as illustrated by Figure 2.2 is a combination of 
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two QPSK signal constellations (denoted by .X' and '0'. respectively). which are offset 

by 45 degrees relative to each other. Signaling points of the modulated signal alternate 

between the two QPSK constellations. Switching between hvo constellations. each 

successive symbol goes through one of four relative phase changes. k x / 4 and f 3n 14 . 

The phase changes corresponding to a pair of idormation bits are listed in Table 2.2. The 

current differentially encoded symbol is a function of previous symbol and the current 

differential phase. The kth in-phase I, and quadrature Q, components of R / 4 DQPSK 

signal are given by [15] [16]: 

and 

where 0, represents the absolute phase for the kth symbol. The Ik and Qk bit streams are 

separately modulated onto two quadrature carrier of the same frequency and the 

IT / 4 DQPSK waveform is generated according to the following equation: 

where px, ( r )  is the impulse response of a square root raised cosine shaping f lter and T, 

is the symbol duration or period. The pulse shaping filter is used in order to reduce 

bandwidth occupancy and solve the spectral restoration problem. The pulse shaping filter 

will be discussed in the following section. 

2.3.2 Demodulation 

Non-coherent detection must be used to demodulate the ic 14 DQPSK signal. There 
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are various types of non-coherent detection techniques, which include baseband 

differential detection, intermediate iiequency (IF) differential detection and FM 

discriminator detection. These detection techniques are discussed in [ 141. 

Table 2.2 Phase Shifts Corresponding to Various Input Bits Pairs 

Before detection, the received sample stream is first filtered by a square root raised 

cosine shaping filter which is matched to that at the transmitter. The output signal is 

sampled at the data symbol times and the phase change between two adjacent symbols is 

determined. A modulo-2lr correction is applied to the phase change. which removes 

wrap-around errors [15]. This can be accomplished as follows: 

Information Bits , m,/, 

0 0 

0 1 

1 0  

1 1  

I f  #k c -180' h e n  @k = - 360" (2.4) 

and 

If #k > 180' then 4k =#, -560' (2 .5 )  

Differential Phase Shift 4k 

- 3 ~ 1 4  

3x/J 

- n l J  

n l J  

The correct relative phase change is decoded directly into a pair of information 

stream according to Table 2.2. The modulo-215 phase conversion improves the BER 

performance and reduces the effect of click noise. 

2.4 Channel Structure and Slot Format 

A USDC channel fiame structure is shown in Figure 2.3. The frame length on each 



digital TDMA channel is 40 milliseconds. Each frame consists of six equally sized time 

slots, exactly 334 bits in length. Time slots 1. 2 and 3 are used to transmit. and 4, 5 and 6 

slots are used to receive. At the mobile station, the offset between the reverse and 

forward frame timing, with no time advance applied, is one time slot plus 88 bits (4 12 bit 

periods). This means that, time slot one of frame N in the forward direction occurs 412 

bit periods after time slot one of frame iV in the reverse direction. 

Figure 2.3 TDMA Channel Frame Structure and Slot Formats 

for the Forward and Reverse Voice Channels 

I 

Slot I Slot 2 Slot 3 Slot I 

h/iS to BS 

The slot formats of both forward and reverse voice channels are also depicted in 

Figure 2.3. On the forward voice channel, fiom BS to MS, each time slot consists of two 

I30 bit bursts of data, 28 bits of Synchronization and Timing (SYNC), 12 bits of Slow 

Associated Control Channel (SACCH), 12 bits of Coded Digital Verification Color Code 

(CDVCC) and 12 reserved bits. On the reverse voice channel. from MS to BS, SYNC, 

the CDVCC and SACCH bits are identical with those in the foward voice channel. The 

160 bits of data are comprised of a pair of 122 bits and a burst of 16 bits. Reserved bits 

(RSVD) are replaced by Guard Time (G) and Ramp Time (R), which are six bits each at 

Slot 5 

G 

6 

Slot 6 

SYNC 

R 

6 

1 2 8  12 1 3 0  12 4 130 12 

CDVCC SACCH DATA RSVD 

DATA 

16 

DATA 

SYNC 

28 

DATA 

122 

SACCH 

12 

CDVCC 

12 

DATA 

122 



the beginning of each slot. 

2.5 SYNC, SACCH and CDVCC 

Synchronization and Training (SYNC) is a 14 symbol field used on both forward and 

reverse channels for slot synchronization, equalization training and time slot 

identification. Six unique synchronization sequences. defmed in Table 2.3, are specified 

by the phase changes in radians. These synchronization sequences have good auto- 

correlation and cross-correlation properties. 

Table 2.3 Synchronization And Timing Sequences 

Slow Associated Control Channel (SACCH) is sent in every time slot. and carries 

various control and supervisory messages like messages for power level changes and 

handoff requests between the subscriber and BS. SACCH is also used by MS to report 

the results of signal strength measurements of neighboring BS so that the BS may 

implement mobile assisted handoff. 

i SYNC1 
I 

I 

I 
i SYNC2 
i 
I 

i SYNC3 

SYNC4 
I 

' SYNC j 

I 
1 SYNC 6 
i 

Coded Digital Verification Color Code (CDVCC) is a 12 bit message sent in every 

-~ / j ,n /~ , -3nI4 , -3~/4 ,3nl4 , -3nl  J , - ~ l 4 , - 3 ~ 1 4 , ~ 1 3 , - 3 x / 4 , n / 4 , 1 r I 4 . ~ / 4 , ~ / ~  

3x1 4 , ~ /  4 , 3 ~ /  4.3~14,-3x1 4,-3x1 4x1 4,-3x14,-3~/ 4,-XI 4.-XI 4,x/ 4 , ~ / 4 , ~ /  4 

- 3x1 j, x /  4,-31r/ 4,-rr / 4,-n/ 4,3n / 4 , - 3 ~  1 4.3nI4.3~ / 4 , 3 ~  4,-rrlJ, 1 4. 4 

8 

- ~ ~ / ~ , ~ / ~ , ~ ~ ~ , - ~ K / ~ . ~ K / ~ ~ K / ~ , K / ~ , - K ! ~ , - ~ K / ~ , ~ K / J , - I C /  J, - ~ R / . I , - B / ~ . ~ z / J  I 
I 

I 
I 

,7~~~-~/~,rr/~,-n/4~n/4~nl4,n/4,-3~l4,-3~/4.-~/4.-~lQ3nl43~l4.-~~~ ! 

I 
i 
I 

-jn/4,-3~/ J , - ~ ~ / ~ , ~ ~ / J , ~ / J , ~ / J , - x / J , - ~ x / J , - R /  ~ , ~ / ~ . - 3 n / j , ; x ~ ~ , x : ~ , - j r r ~ ~  
I 

1 
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time slot, dloying each BS and its subscribers to confiirm proper connection during the 

call. This function is similar to the Supervisory Audio Tone (SAT) in AMPS. CDVCC 

uses ( 12.8) Hamming code to transform 8-bit word to 1 '-bit coded sequence. The base 

station transmits a CDVCC code on the forward voice channel, and each subscriber using 

the TDPcllA channel must receive, decode and retransmit the same CDVCC code to the 

BS on the reverse voice channel. If the CDVCC "handshake" is not properly completed, 

then the time slot will be relinquished for other users, and the subscriber transmitter will 

be turned off automatically. 

The CDVCC code is an 8 bit number between 1 and 255. The CDVCC word is 

generated from the polynomial d ( x )  defined in equation (2.6) 

Multiplying polynomial d(+) by x 4 ,  and then dividing by 1 + x + x', gives the 

expression in equation (2.7). 

TheCDVCC(1Z bits)code isdefinedas (b,, 6:. b,, bo,  d,. d6,  4, d,, d,, d 2 .  d , .  

ti, ) where 6, , b2,  4 and b, are the coefficient of b ( x )  . 

As discussed previously, a maximum of three full duplex users share one radio 

channel in a USDC system. In order to distinguish one co-channel user from others, each 

co-channel user is assigned a different CDVCC and SYNC sequence. 

2.6 Co-channel Interference 

Co-channel interference (CCI) is generated when two or more independent users are 
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transmitting signals simultaneously through the same frequency channel. In a cellular 

system, if the size of each cell is approximately the same, CCI is independent of 

transmitted power and becomes a function of the radius of the cell R, and the distance to 

the center of the nearest co-channel cell DL [J]. The ratio DL /RL. is called the frequency 

reuse ratio (FRR) or co-channel reuse ratio (CCRR). By increasing the ratio DL./R, . the 

spatial separation between the co-channel cells relative to the coverage distance of a cell 

is increased. Figure 2.4 is a hexagonal geometry example for a 7 cell cluster with the dot 

denoting the desired cell. As shown in the Figure 2.1, the co-channel interference is the 

signal coming from the cells indicated by an arrow. In order to obtain a larger carrier to 

interference ratio (CIR). the frequency reuse ratio should be increased. On the other hand, 

the system capacity is reduced. A large FRR will improve the transmission quality. due to 

smaller level of co-channel interference. 

Figure 2.1 Co-channel Cells for a Cluster Size=7 

The received power at a given mobile i due to a particular interference cell is 

proportional to (~,(i))-" , where n is the path loss exponent typically between 2 and 4 in 

urban environments. Therefore, the CIR is mainly determined by the first tier of CCI. The 

rest of the CCI sources contribute negligible interference. In general, only the co-channel 

users in the fust tier are considered as interference for the desired signal. 
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In a USDC system. a BS uses a three sector antenna to decrease CCI and increase 

system capacity. When antenna sectoring is employed. the channels used in a particular 

cell are divided into sectored groups. This sectorization reduces the number of co- 

channel interferences in the first tier to 2. Thus, the system performance will significantly 

improve due to decreasing number of CCI. 

2.7 Pulse Shaping Technique 

The purpose of adding a pulse shaping filter is to increase the modulation bandwidth 

efficiency and suppress out-of-band radiation, while reducing ISI. The overall channel 

response H( f )  is approximated as a product of transfer Function of both transmitter and 

receiver filter. In order to provide a matched filter, an effective b c t i o n  H( f )  is often 

achieved by using filter with transfer Functions ,/H(/) at both transmitter and receiver. 

The symbols are pulse shaped by using a square root raised cosine filter with an 

excess bandwidth of 35% or roll-off factor of 0.35 before modulation onto a carrier in a 

USDC transmitter. A corresponding square root cosine filter is used at the receiver. 

which provides a match filter to the pulse shaping filter in the transmitter. The frequency 

response of square root raised cosine filter is [l  j] [17] 
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where (Y is the roll-off factor and T, is the symbol period. With increasing a, the square 

root raised cosine filter becomes sensitive to timing jitters and the occupied bandwidth is 

increased. Alternately, the square root raised cosine filter can be expressed in terms of its 

impulse response which is shown to be [ I  51 [I 71 

sin , . ( I  - a) - + l a  -co ~ ( l +  a) [ ;I ; .[- $1 
for all other r 



CHAPTER 3 

THE WIRELESS CHANNEL 

3.1 Introduction 

Compared to the wired radio channels (phone lines, coaxial cable and fiber) that are 

stationary and predictable, the mobile radio channel is influenced by the environments. 

such as buildings, mountains and relative speed between transmitter and receiver. 

Therefore. the mobile radio channel is extremely random and not easy to analyze or 

predict. 

Large-scale path loss and small-scale propagation are two kinds of propagation 

models traditionally used to analyze the mobile radio channel. Both of them are used to 

predict the mean received signal strength or received signal strength fluctuations. The 

large-scale path loss focuses on predicting the average received signal strength over a 

large separation distance between the transmitter and receiver (T-R separation distance 

d , ,  ). The small-scale propagation considers the variability of the signal strength in 

close spatial proximity to a particular location. 

3.2 Large-Scale Path Loss 

Large-scale path loss changes with distance and is obtained by averaging over five to 

forty wavelengths or transmitter-receiver separation distance of about several hundreds to 

thousands of meters. Free space propagation, when the signal transmitting path has clear 

or unobstructed line-of-sight (LOS) path, is fimdamental to the path loss model used to 

characterize the cellular radio channel. Reflection, difiaction and scattering are three 



basic propagati.on mechanisms causing large-scale propagation. 

3.2.1 Freespace Propagation 

Satellite communication systems and microwave LOS radio links typically undergo 

free space propagation. The strength of a transmitted signal is attenuated in tiee space, 

thus the power of the received signal decays as a function of T-R separation distance 

d ,- , . The fiee space power received by the receiver antenna is defined by the Friis free 

space equation [J]. Without considering any attenuation from transmission line, filter and 

antenna in the system. the free space equation is given by 

where P, and P, are transmitted power and received power, respectively. l is the 

wavelength in meters, G,  is the transmitter antenna gain, and G, is the receiver antenna 

gain. 

3.2.2 Reflection 

In a mobile radio channel, a single direct path between BS and MS is seldom the only 

physical means for propagation, and hence the fiee space propagation model is in most 

cases inaccurate when used alone. Reflection occurs when a propagating electromagnetic 

wave impinges upon an object which has very large dimensions compared to the 

wavelength of radio signal, such as big buildings, large walls and the surface of earth. 

The most common model is the 2-ray ground reflection model. This model is a 

propagation model that is based on geometric optics, and considers both the direct path 

and a reflected propagation path. This model has been found to be reasonably accurate 

for predicting the large-scale signal strength over distance of several kilometers for 
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mobile radio system. The received signal power at a distance d , - ,  from the transmitter 

can be expressed as [14] : 

The parameters in equation (3.2) are the same as those in equation (3.1) except for h, 

and h , ,  which are the heights of the transmitter and receiver, respectively. This is a much 

more rapid path loss than experienced in free space. because the received power falls off 

with the fourth power of separation distance. 

3.2.3 Diffraction 

Diffraction allows radio signals to propagate around the curved surface of the earth, 

beyond the horizon, and to propagate behind obstructions. Although the received signal 

strength decreases rapidly when a receiver moves deeper into the shadow region. the 

difiaction field still exists and has sufficient strength to maintain a good communication. 

The diffraction is illustrated as all points of objects on a wavefiont are considered as 

point sources for the production of secondary wavelets and these wavelets combine to 

produce a new wavefiont in the direction of propagation. Therefore, only some part of 

transmitted energy reaches the receiver. Depending on the surrounding environment, the 

received energy will be a vector sum of the energy contributions tiom all unobstructed 

Fresnel zones, which is a basic method to analyze the diffraction. The mathematical 

analysis of Fresnel zone geometry is developed in [14]. Though the calculation of 

diffiaction losses over complex and irregular terrain is a mathematically difficult 

problem, expressions of diffraction losses for many simple cases have been derived 

already. When shadowing is caused by a single object, such as hill or mountain, the 

attenuation caused by d ihc t ion  is estimated by treating the obstruction as a difiacting 

knife edge. This is the simplest of difiaction models, and the diffiaction loss in this case 

may be readily estimated using the classical Fresnel solution. In many practical 
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situations, the propagation path may consist of more than one obstruction, in which case 

the multiple knife edge model is employed. 

3.2.4 Scattering 

Scattered waves are produced by rough surfaces, small objects or by other 

irregularities in the channel, whose dimensions are much smaller compared with the 

wavelengths, and where the number of obstacles per unit volume is large. This is because 

when a radio wave impinges on a rough surface or a small object, the reflected energy is 

spread out in all directions due to scattering. Objects such as high towers. lamp posts and 

trees scatter the energy of receiver signal in every direction. thereby providing additional 

radio energy at a radio receiver. 

The knowledge of physical location of distant objects is used to accurately predict 

scattered signal strengths. The Radar Cross Section (RCS) of a scattering object is 

introduced to measure the diffraction. RCS is defined as a ratio of the power density of 

the signal scattered in the direction of the receiver to the power density of the radio wave 

incident upon the scattering object. For urban mobile systems, models based on bistatic 

radar equation are used to compute the received power due to scattering in far the field 

[IS]. 

P, ( d h )  = P, (dBm) + GT (dBi) + 20 log A + RCS(dB mm? ) 
(3.3) 

-3Olog41r-20l0gd~ -20logd, 

where d ,  and d, are the distances from the scattering object to the transmitter or 

receiver, respectively. The RCS is a variable measured in dB m' and may be 

approximated by the surface area of the scattering object. Equation (3.3) is useful for 

predicting signal power at the receiver, which are scattered off by some large objects, 

such as buildings and walls. 



3.3 Small-Scale Fading and Multipath 

Small-scale fading or fading is used to describe the rapid fluctuation of the envelop of 

a radio signal over a short period of time or travel distance, so that the large-scale path 

loss effects may be ignored. Radio propagation in the environments is affected by 

multipath propagation, speed of the mobile, speed of the surrounding objects and 

transmission bandwidth of the radio signal. Fading is caused by interference between two 

or more versions of the transmitted signal which amve at the receiver at slightly different 

times. This multipath propagation concept is described in the following section. Several 

parameters will be discussed, which are used to traditionally describe varying natures of 

the fading channel in the time and Frequency domain, respectively. 

3.3.1 Multipath Propagation 

A transmitted signal will be reflected, dissipated and/or diffracted by the constantly 

changing environment. These effects result in multiple versions of the transmitted signal 

that arrive at the receiving antenna. The end result is a fluctuation in the received signal 

strength because of random amplitude, phase and time of arrival of these signals. This 

phenomenon is known as multipath propagation or fading which is illustrated in Figure 

3.1. At the mobile, the reflecting signals are generated by surrounding environment. then 

superimposed on the LOS signal to make up the received signal. Under some 

circumstances, the LOS signal does not exist and the received signal consists of the 

reflected signals only. Statistical means are used to characterize the time variant 

multipath channel [19]. The transmitted bandpass signal can be expressed as: 

where s, ( r )  is the lowpass equivalent response of the transmitted signal. If the signal is 

transmitted over a time varying multipath channel, then multipath signals arrive at the 



Figure 3.1 Outdoor Multipath Environment 

receiver at different times with different attenuation and phase. The channel is time 

variant. and thus the propagation delays and attenuation factors are also functions of 

time. The received bandpass signal may be expressed as: 

where pk ( r )  is the time-varying attenuation factor and E, ( 1 )  is the time-varying 

propagation delay for the kth path in a total of N paths. Substituting (3.4) into (3.5). the 

lowpass equivalent of the received signal may be written as: 

The received signal is the summation of time-varying versions of the lowpass transmitted 

signal with the random attenuation pk (r) and phase 2 1 r f , ~ ,  (t) . Due to constructive and 

destructive effects of multipath waves, the received signal strength sometimes has very 

low power. This is called deep fading. It is very difficult to maintain good 
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communications at the fade nulls. Antenna array is one of the methods used to 

compensate deep fades, as illustrated in Chapter 4. Two kinds of distributions are used to 

model the random attenuation p, (t) , the Rayleigh distribution and Rice distribution. The 

mathematical analysis of Rayleigh and Rice distributions are discussed in [19]. 

3.3.2 Time Dispersion Parameters and Coherent Bandwidth 

The amount of time dispersion of a signal acquired after passing through a multipath 

channel is usually quantified by the rms delay spread. The rms multipath delay spread 

ar is determined from the power delay profile and expressed as the square root of the 

second central moment power delay profile, 

- 
where ; is the first moment power delay profile which is the mean excess delay and r2 

is the second moment power delay profile. Both quantities are defined in [20] [2 11. The 

rms delay spread is used to measure the relative delay to the first detectable signal as it 

arrives at the receiver. The mean rms multipath delay spread is typically between 1 ps 

and 25 ys for the outdoor mobile channel and between 25 ns and loons for indoor radio 

Relative to the power delay parameters in the time domain, coherent bandwidth is 

used to characterize the channel in the frequency domain. The rms delay 0, and 

coherent bandwidth Bc are inversely proportional to one another. Coherent bandwidth is 

a statistical measure of the range of frequencies over which two fiequency components 

have a strong amplitude correlation. Within the coherent bandwidth, the channel 

frequency response is considered "flat". However, a unique relationship between 

coherent bandwidth and rms delay spread does not exist. The relationship depends on the 
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correlation. For example, if two sinusoids, separated by B, in Frequency, are sent into 

the channel and the required correlation between the output is above 0.9 [21], then 

If the definition is relaxed so that the frequency correlation is above 0.5. then the 

coherent bandwidth B,. is changed to 02/2/al . 

3.3.3 Doppler Spread and Coherent Time 

Due to relative motion between receiver and transmitter, the received carrier 

frequency differs from the transmitted carrier frequency. It will have components in the 

frequency range from 1; -1; to f, + fJ, where f, is the carrier frequency and 

frequency change f, is called the Doppler shift given by [19] [22]. Consider a mobile 

moving at a constant velocity v along a path segment which has length d between points 

X and Y. see Figure 3.2, while it receives signals from a remote source S. Phase change 

in the received signal due to the difference in path lengths is apparent in frequency 

Figure 3.2 Illustrationofthe Doppler Effect 
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change. Doppler shift f, is a function of the relative velocity v between receiver and 

transmitter. and the angle ,O between the direction of relative motion and direction of 

arrival of the scattered waves. 

v 
t; = c o s p  

Doppler spread B ,  is used to measure the width of Doppler spectrum which is a 

power spectral density giving the average Doppler shift with respect to the carrier 

tiequency f, . The amount of spectral broadening depends on f; . If the baseband signal 

bandwidth is much greater than the Doppler spread BD, the effects of the channel 

Doppler spread are negligible at the receiver. 

Coherent time is used to statistically measure the time duration of the channel 

impulse response. It is a channel characterization in the time domain, corresponding to 

Doppler spread B, in frequency domain. Doppler spread and coherent time bear an 

inverse relationship [ l  J] 

In other words, coherent time is the time duration over which two received signals 

have a strong amplitude correlation. If the reciprocal bandwidth of the baseband signal is 

greater than the coherent time of the channel, the channel will change during the 

transmission of the baseband message. Therefore, the received signals are distorted by 

the changing channel. Doppler spread and coherent time are parameters which describe 

the time varying nature of the channel in small-scale region. 

3.4 Flat Fading 

If the mobile channel has a constant gain and linear phase response over a bandwidth 
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which is greater than the bandwidth of the transmitted signal B W ,  then the received 

signal is said to undergo flat fading. In summary, if a signal undergoes flat fading, then 

Typical flat fading channels cause deep fades; amplitude fades of -20, -30 or even 

-40 dB are possible. In order to achieve low bit error rates during times of deep fades. 

more signal power needs to be transmitted as compared to systems operating over non- 

fading channels. The characteristics of a flat fading channel are illustrated in Figure 3.3. 

s ( t )  and r ( t )  are transmitted signal and received signal, respectively. The corresponding 

signals in the frequency domain are expressed as S( f )  and R( f )  . h( t )  is the channel 

impulse response and H( f )  is the frequency response of the radio channel. The 

transmitted radio spectrum is preserved at the received signal, but the received signal, in 

the time domain, varies in magnitude due to the fading channel. 

Figure 3.3 Flat Fading Channel Characteristics 
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If the Doppler spread of the flat fading channel is much less than the bandwidth of the 

baseband signal, the signal undergoes slow flat fading. In this case, the channel may be 

assumed to be static over one or over several reciprocal bandwidth intervals. Otherwise 

the signal is under fast flat fading. In the fast flat fading channel, signal distortion due to 

fast fading increases with increasing Doppler spread relative to the bandwidth of the 

transmitted signal. In practice. fast fading only occurs for very low data rates. 

Figure 3.4 Frequency Selective Fading Channel Characteristics 

3.5 Frequency Selective Fading 

If the channel impulse response has a multipath delay spread which is greater than the 

reciprocal bandwidth of the transmitted message waveform, then the channel creates 

frequency selective fading on the received signal. When this occurs, the received signal 

includes multiple versions of the transmitted waveform which are attenuated and delayed 

in time. Due to time dispersion of the transmitted signal within this channel, intersymbol 

interference (IS0 is induced. Hence, frequency selective fading is caused by multipath 

delays which approach or exceed the symbol period. To summarize, a signal undergoes 

frequency selective fading if 



B W )  Bc 

and 

Frequency selective fading is very difficult to overcome, since the gains are different 

for different frequency components of the transmitted signal. Figure 3.4 illustrates the 

characteristics of a frequency selective fading channel. The channel varies in magnitude 

and phase across the spectrum of s ( t ) ,  resulting in time varying distortion in the received 

signal r ( , r ) .  



CHAPTER 4 

ANTENNA ARRAY TECHNOLOGY 

4.1 Introduction 

An antenna may be classified as omni-directional. directional. phased array, adaptive 

array and optimal array [ I l l .  An omni-directional antenna has equal gain in all directions. 

The directional antenna, on the other hand, has more gain in certain directions and less in 

others. In a phased array antenna, the direction with maximum gain is controlled to adjust 

the phase before combining the signals to form the array output. The adaptive antenna 

adjusts the signal phase and attenuation induced on various elements to maximum gain of 

the may, then combines the signal induced on the antenna to form the array output. In 

this way. the array adapts to the situation and the adaptive process is normally under 

control of the system. The optimal antenna is one where both gain and phase of each 

antenna element are adjusted to achieve the optimal performance of the array in some 

sense. 

In recent years, the material applicable to may  processing for mobile 

communications has been reported in many IEEE publications, as well as non-IEEE 

publications. A large number of applications of antenna array have been also suggested in 

a variety of ways to improve the performance. The most important job is its capability to 

cancel CCI and combat multipath fading. In order to differentiate the desired signal from 

CCI and recover the transmitted signal over fading channel, the scheme requires either 

the knowledge of a reference signal, a training signal or the direction of the desired signal 

source to achieve its desired objectives. The basic theory of array processing is l l l y  

presented in some excellent references [l 1 ] [12] [23] [24]. 
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Actually, many methods or algorithms are involved to update the array weights. Each 

of them has its speed of convergence, misadjustment and required processing time. which 

will be discussed in chapter 5.  In this chapter, diversity combining techniques are first 

briefly introduced followed by a discussion of adaptive antenna arrays with optimum 

combining. including the array architecture, signal model and characteristics. 

4.2 Diversity Combining 

Diversity is a powefil communication receiver technique which is used to improve 

reliability of communication in fading environment. The idea behind diversity is to 

extract information fiom a received signal through uncorrelated wireless fading channels 

to improve the resultant signal-to-interference-plus-noise ratio (SNR). Diversity exploits 

the random nature of radio propagation by finding independent signal paths for radio 

communication. If one of the radio paths undergoes a deep fading, another independent 

path may have a strong signal, so that the system performance may be maintained or 

improved. Although conventional divenity schemes are mainly designed to combat flat 

fading, it is also used to reduce the effects of co-channel interference on the system 

performance when SINR is relatively high. 

4.2.1 Classification of Diversity Combining 

Different forms of diversity combining schemes have been proposed in the literature. 

Generally, there are four kinds of diversity: space diversity, polarization diversity, 

frequency divenity and time diversity. We only focus on space diversity in this thesis. 

Space divenity, also known as antenna diversity, is one of the most popular diversity 

methods used in wireless communication. The space diversity method can be used at 

either the mobile or base station, or both. The most prevalent linear space divenity 

scheme are mainly classified into maximal ratio combining (MRC), equal gain 

combining (EGC), selection divenity (SD) and feedback or scanning diversity (FD). 



32 

From theoretical analysis, each diversity is a tradeoff between system performance and 

complexity. 

Cophase 

and 

Sum 
Detector LJ 

- - - - - -. . - .- 

Adaptive Control 

Figure 4.1 Block Diagram of Maximal Ratio Combining 

4.2.2 Maximal Ratio Combining 

First of all. we assume that there are H diversity channels. carrying the same 

information signal. Each channel is assumed to be Frequency non-selective or tlat fading 

and all channels are mutually statistically independent. The signal in each channel is 

corrupted by an additive. zero mean, white gaussian noise zk ( r )  . The noise processes in 

the 1V channels are assumed to be statistically independent. The mathematical model for 

the communication system with diversity may be written as: 

where pk ( t  ) is an attenuation factor and #k ( r )  is a phase shift for the kth channel. s,, ( r  ) 

denotes the nth transmitted signal, assuming all signals have the same energy. Figure 4.1 

shows a block diagram of MRC. The individual signals are weighted in proportion to the 

signal to noise power ratios and co-phased before being summed. It attempts to track the 

changing of the channel attenuation factor gl, ( r )  and phase shift #k ( r )  . The weights are 
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continuously adjusted depending on the error between the reference signals and received 

signals. MRC produces an output SNR equal to the sum of each channel SNR. Therefore. 

an acceptable output can be achieved even when none of the individual signals SNR are 

acceptable. This technique gives the best statistical reduction of fading of any known 

linear diversity combining when there is no interference [25] .  Phase tracking to 

accomplish co-phasing is very difficult in fast varying channels and in the presence of 

interference. 

4.2.3 Equal Gain Combining 

The block diagram of EGC is similar to that of MRC in Figure 4.1. In some cases. it 

is not convenient to provide the variable weighting capability required for true maximal 

ratio combining. Thus. EGC is developed where the output From different branches are 

co-phased. equally weighted. and then summed. It is well known that the performance of 

EGC is only marginally worse than that of MRC. 

4.2.4 Selection Diversity 

The two diversity techniques mentioned above have a very good system performance 

especially MRC, but the complexity is high. Selection diversity is one of the simplest 

diversity methods. The block diagram is shown in Figure 4.2. The receiver scans each 

branch, measures the instantaneous SNR. and then selects the branch with the largest 

instantaneous SNR for detection. The advantages of SD are discussed in [26] .  Consider .V 

independent channels are available at a receiver. then the average SNR improvement 

offered by SD is 

where f is the mean SNR with the selection diversity and r is the mean SNR of each 



branch. From equation (4.2). it is seen that the average SNR in the branch selected by 

using SD naturally increases. since the mean SNR gain is guaranteed to be greater than 

unity. Therefore, SD offers a performance improvement without increasing transmitter 

signal power or adding any sophisticated receiver circuitry. Unlike MRC and EGC that 

use all of the possible branches simultaneously to provide the highest achievable at the 

receiver at ail times, selection diversity is not an optimal diversity technique. 

Selecting Detector 

L-_J Output 

Figure 4.1 Block Diagram of Selection Diversity 

In practice, it is not easy to select the branch with the highest instantaneous SNR 

because of the high requirement of the radio receiver to measure, in real time, the SNR 

for each branch. Instead of measuring the instantaneous value. selection diversity is 

simplified to measure the SNR over a relatively longer time period. On the other hand. 

the system must be designed so that the internal time constants of the selection circuitry 

are shorter than the reciprocal of the signal fading rate. 

4.2.5 Feed back or  Scanning Diversity 

In order to avoid measuring the instantaneous SMt frequently, feedback diversity 

scan iV signals in a fixed sequence until one is found to be above a predetermined 

threshold. This signal is connected to the demodulator until it falls below this threshold. 

The scanning process is initiated again to find another branch whose signal is above this 
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threshold. -4 block diagram of FD is shown in Figure 4.3. During the scanning process, 

the received SNR is continuously monitored and compared with the threshold. The key in 

this method is to set up a reasonable threshold so as to achieve acceptable performance. 

+ + 
Control 

Comparator 
Present Threshold 

I 4 Short Term 1 
Average 

Figure 4.3 Block Diagram of Feedback or Scanning Diversity 

To summarize the discussion. SD and FD have low system complexity and easy to 

implement. but the performances are not as good as those of MRC and EGC. 

4.3 Adaptive Array with Optimum Combining 

Space diversity only combats multipath fading of the desired signal. From previous 

study, we know maximal ratio combining may provide the highest output S N R  at the 

receiver. In MRC, the interference at each receiving antenna is assumed to be statistically 

independent. However, in most cellular communication systems, the same interference 

signals are presented at each antenna with the desired signal at the same time. Thus, the 

received signals should be combined to reduce the inference in addition to combating 

desired signal fading. Adaptive array with optimum combining is developed to satisfy 

this requirement and maximize the output SINR, rather than maximize SNR as does 



maximal ratio combining. 

Figure 4.4 Block Diagram of an iV-Element Adaptive . h a y  

Decode 

4.3.1 Architecture 

77- 
".v (k) 

Figure 4.4 shows a block diagram of an 1V-element adaptive array. The received 

signal in the kth symbol interval at the ith antenna is u , ( k ) .  The corresponding 

controllable weight is w, ( k )  . The received signal and the weight vectors are 

X 
w.v 

and 

.c, YY 
C Ref Signal 

Weights Generation - 

Ex = [~[(k) wz(k)  w,(k)T 

The array output signal for the symbol k is given by the inner product: 

H 
~ ( k )  = w.u. (4.5) 

where the superscript H is the Hermitian transpose. The error signal is generated as 
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e ( k )  = d(k)  - w E  g,, , where d(k )  is the available reference signal. The most common 

adaptive criterion for selecting the adaptive weights is the mean-square error (MSE). 

which is a function of the weight vector w ,  and is defined as follows: 

where R,, is the auto-correlation matrix of the input vector. 5, is the cross-correlation 

vector of the input vector and the reference signal. Both are defined as [17] [19] [%I: 

and 

The MSE surface is a quadratic function of w, . Minimizing MSE by setting its 

gradient with respect to w ,  equal to zero yields the well-known Wiener-Hopf equation 

tbr the optimal weight vector. which can be expressed as: 

where the superscript -1 denotes the inverse of a matrix. We are assuming the matrix is 

nonsingular so that R-'.VN exists. Generally, the Wiener filter can provide a very high 

output SINR. The reference signal may be generated in a number of ways. In IS-j4? some 

known symbols such as the SYNC and CDVCC may be used as reference signals. 

43.2 Characteristics of Adaptive Array 

The fading environment, the degree of freedom and some advantages of adaptive arrays 

are briefly discussed in the next subsections. An adaptive array may be also suitable for 
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multipath fading environments without considering the angular separation. The degree of 

freedom is one of three basic limiting factors that affect the performance. It is 

independent of the particular weight control algorithms. 

4.3.2.1 Fading Environment 

In order to suppress the interference at the array output, it places nulls in the antenna 

pattern in the directions of these interference signals. In a non-fading environment. a two 

antenna array cannot at the same time null one intertkrence and enhance reception of the 

desired signal. if the angular separation between the interference and desired signal is too 

small. 

In fading environments, the angular separation no longer matters because of the 

multipath propagation. The signal phase at one antenna is independent of the others when 

the antenna separation is greater than half of a wavelength. In practice, the received 

signal phases are independent of vehicle location. Therefore, the resolution of 

interference and desired signal does not depend on how close the vehicles are. In 

summary, the received signal phases are statistically independent in multipath fading 

environments. 

4.3.2.2 Degree of Freedom 

The degree of freedom is one of the most important factors that dfect the 

performance of array processing. It is a limitation of an array pattern to specify the 

process capacity. Let us consider the N-element adaptive array shown in Figure 4.4. If a 

unit amplitude signal at frequency w arrives at angle 8 with respect to broadside. the 

received signal vector can be expressed as: 



We assume the signal on element one has zero phase. 8, is the phase shift between 

element one and element j. The received signal from each element is multiplied by a 

complex weight w, , respectively, where j is from 1 to N. The array output is [2J] 

Factoring the firs weight out of the expression. then 

and defining the h c t i o n  y ( k )  = f'(0) el" , where f (0) is the voltage pattern of the 

array for any given set of w, defined as: 

In the last equation, the factor w, has no effect on the shape of the pattern. It merely 

controls the overall amplitude and phase of the entire pattern. Since there is a total of 

LV - 1 coefficients inside the brackets of the equation (4.131, f (8)  could only yield 

N - 1 additional linear constraint equations. The degree of freedom of the antenna array 

is therefore N - 1. In summary, maximum of :V - l CCI can be suppressed at the 

receiver with an 1V-element antenna array. An N-element array only has a maximum of 

N - 1 null or beams [23] [27]. 

In the mobile communication system, the number of co-channel interferences may be 

much greater than the number of antennas. Therefore, the receiver cannot significantly 

suppress every interference [6] [7]. Combating multiple co-channel interferences, whose 

number is greater than the number of receiver antennas, is investigated in this thesis. We 

investigate several receiver structures that do not significantly increase system 



complexity. 

4.3.2.3 Advantages 

By forming beams in certain directions and nulls in others, an adaptive array is able 

to cancel some of the delay arrivals in a multipath environment. It can also provide 

compensation in multipath fading by diversity combining. adding the signals belonging 

to different clusters after compensating for delays and canceling delayed signals arriving 

from the directions other than that of the main signal. An adaptive array cancels 

interferences by performing spatial filtering, which does not require knowledge of the 

interfkrences. 

The advantages of the adaptive array in a mobile communications system are 

summarized in [ l  11. An adaptive array could reduce delay spread, multipath fading, co- 

channel interference. outage probability, handoff rate and cross talk. At the same time. it 

can increase transmission efficiency, spectral efficiency or improve system capacity. 

improve system BER performance and so on. 

4.4 Summary 

From previous studies, we know that diversity techniques are suitable for the 

multipath fading environments, but it lacks the ability to significantly suppress multiple 

CCI at each antenna. Adaptive array with optimum combining is developed to make up 

tor the shortcoming of diversity technique while preserving the advantages of diversity 

combining. While adaptive arrays can overcome fading as well as combat multiple CCI, 

there are some limitations. These include the degree of freedom that limits the maximum 

number of CCI in the array system as well as the adaptive algorithms used to calculate 

the received weights. 



CHAPTER 5 

ALGORITHMS AND UPDATE METHODS FOR 

ADAPTIVE ARRAY 

5.1 Introduction 

Historically, the basis of adaptive signal processing evolved From techniques 

developed for adaptive control of time-varying systems. The use of adaptive techniques 

to improve the performance of digital transmission in multipath and co-channel 

interference environment has attracted a tremendous amount of attention in the last few 

years [28] [29]. In order to compensate for an unknown time-varying channel, a specific 

algorithm is required to update the coefficients and track the channel variations. A wide 

range of algorithms exists to adapt the filter coefficients. Excellent references include 

[I71 [301 [311* 

The performance of an algorithm is determined by various factors. such as rate of 

convergence which is defined as the number of iterations required for the algorithm to 

converge to the optimum solution, rnisadjustment which is the difference between the 

theoretical minimum mean square error and the value of the mean square error achieved 

by the algorithm. Other factors include computational complexity which is the number of 

operations required per iteration and the stability of the algorithm. 

In order to achieve a better performance and overcome the limitations of conventional 

algorithms, such as the Least Mean Square (LMS) algorithm and Recursive Least Square 

(RLS) algorithm, some new and efficient algorithms have been introduced to the wireless 

environment. 



5.2 Least Mean Square (LMS) Algorithm 

The LMS algorithm is one of the basic algorithms which was developed by Widrow 

and Hopf in the 1960s. The criterion is to minimize the mean square error (MSE) 

between the desired signal and the received signal. The signification feature of the LMS 

algorithm is its simplicity. It does not require any measurement of the pertinent 

correlation functions, nor does it require matrix inversion. 

The MSE as a function of the elements of the tap-weight vector w ,  in equation (4.6) 

may be visualized as a multidimensional bowl facing upwards with a unique minimum. 

The adaptive process has the task of continually seeking the bottom or minimum point of 

this bowl-shaped surface. The minimization of the MSE is carried out recursively by use 

of the stochastic gradient or steepest descent algorithm. 

According to the steepest descent algorithm, which is introduced in [3 11, the updated 

value of the tap-weight vector at time n+l is computed by using the following simple 

recursive relation 

where p is the step size which controls the convergence rate and stability of the 

algorithm, and V(J(n) )  is the gradient vector. The factor 0.5 is merely a normalization 

factor. The step size ,u can be chosen in the range 0 to 1, usually much less than 1. A 

large p could result in a large MSE. because adaptive process never converges to the 

minimum mean square error (MMSE) solution. Conversely, if p is too small, the receiver 

cannot track rapid variations of a fading channel, because the coefficient vector 

adaptation is very slow. Therefore, choosing the step size p plays a very important role in 

determining the performance of the adaptive receiver. Substituting the gradient vector 

O(J(n))  into equation (5. I), the recursive relation for updating the tap-weight vector is 
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Given the received signal g, (n) ,  desired signal d(n) and the proper step size ,u, the 

LMS algorithm is summarized by the following steps: 

Equations (5.3a) and (5.3b) define the signal estimated and the estimation error e(n). 

The second term on the right hand side of equation (5.3~) represents the correction term 

for updating the rap-weight vector w,, (n). The iterative procedure is started with an 

initial weight vector -. w ,  (0) = Q . 

The convergence rate of the LMS algorithm is slow, especially when the eigenvalues 

/i of the input auto-correlation R,v,v have a very large spread, i.e. 1 ,,/A ,, >> I .  

Although the speed of convergence is a major disadvantage of this algorithm, it is 

attractive in that the computational complexity is low. Another major disadvantage is 

that, in the presence of CCI, the receiver is unable to estimate the transmitted signal. To 

prevent the adaptation &om becoming unstable, the value of p is chosen to satisfy the 

following condition [17] 

where A , is the eigenvaiue of auto-correlation matrix R, of dimension N x 1V. 



5.3 Recurs.ive Least Square (RLS) Algorithm 

The major advantage of the LMS algorithm lies in its computational simplicity. 

requiring 2N + 1 arithmetic operations per iteration. However, the price paid for the 

simplicity is low speed of convergence. The RLS algorithm is one of adaptive algorithms 

with a high convergence speed. The RLS algorithm is based on the method of least 

squares. as opposed to the statistical average in the LMS algorithm. 

In the RLS algorithm, the objective function to be minimized is the weighted sum of 

squared errors [3 1 1: 

n 

J(n) = q "" e @ (i, n)e( i .  n )  
1=1 

where q ,  0 < 7 < 1 ,  is an exponential weighting hctor or forgetting factor. The error 

e(i,n) is defined by equations (5.3a) and (S.jb), and the superscript asterix is the 

complex conjugate. The forgetting factor weights the recent data more heavily in the 

computations and tends to forget the old data in a non-stationary environment. It may be 

set to one under a stationary channel. 

Define the auto-correlation matrix R, (n) as: 

and the cross-correlation vector f ,v (n )  as: 

Minimization of J(n)  resuits in the Wiener-Hopf equation: 



Instead of solving the Wiener-Hopf equation, an iterative method may be used. From 

the definition of the auto-correlation matrix (5.6). R ,  (n) can be expressed in terms of 

R ,  (n - I) by the following recursive relation: 

By using the matrix inversion lemma, the recursive update for Rid!, (n) is expressed 

in the terms of the previous inverse R;; (n - I) . Initializing each parameter to zero 

except R.;; (0) = a,, . where is a 1V-by-N identity matrix and 6 is a very large 

positive constant, the RLS recursive computation for the time update procedure is 

summarized by the following steps [3 11 

H 
~ t n )  = E , ~  (n - I)&!,V (n) (5.1 Oa) 

W )  = d(n) - ~ ( n )  (5.1 Ob) 

In spite of its superior tracking performance, the RLS algorithm has some 

disadvantages. One is the computational complexity which is proportional to LV', 

compared to N in the LMS algorithm. The second is its sensitivity to round-off noise 

that accumulates due to the recursive computations, which causes instability in the RLS 
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algorithm. On the other hand. the RLS algorithm has a superior misadjustment compared 

to the LblS algorithm. 

The Wiener-Hopf equation provides in the optimum solution for the weight vector. 

The optimum weights maximize signal to interference plus noise ratio (SINR) and 

minimize the bit error rate (BER) in the output signal. Consider an interference 

environment with a thermal noise vector 2 and the sum of co-channel interference vector 

1 From a total of N - 1 co-channel users. where p is the propagation path vector 
- j  

of the jth co-channel interference. the received signal vector can be expressed as [9 ] :  

where a, is the propagation path vector of the desired signal. The thermal noise is 
-el 

independent for different paths. The received signal auto-correlation matrix is defined as: 

.v-1 

RH d ( t ) + j + = p  , = I  -I d, )  ( m d d ( k ) + g + &  , = I  -I d , l X ]  

.Assuming the desired signal, noise and interference signals are uncorrelated. then the 

received signal auto-correlation matrix can be simplified as: 

and the cross-correiation vector is defined as: 



where a: is the noise power, I, is the identity matrix and N - 1 is the number of CCI. 

In practice, it is impossible to derive ideal weights for the wireless environments because 

of three factors: data detection errors at the radio receiver, channel variation due to the 

miltipath propagation over a finite window and noisy estimates for the auto-correlation 

matrix and the cross-correlation vector over a finite window. 

The Direct Matrix Inversion (Dh.11) discussed in [23] provides the best solution for a 

finite data length. Consider the kth window size of N samples, the auto-correlation matrix 

and the cross-correlation vector can be estimated by: 

and 

The weight vector is computed for the (k+l)th windows as: 

( k  + 1) = R (k) j (k) - - ,V 
(5.17) 

If the estimated auto-correlation matrix k ,  is singular, then pseudo-inverse 

techniques can be used [32]. The DM1 algorithm is computationally the most complex 

algorithm because it involves calculation of matrix inversion. However, the DM1 

algorithm has about the same computational complexity as the LMS algorithm, if l?, is 

a 2-by-2 matrix, because there is only one scale factor and the weight calculation for the 

inversion 2-by-2 matrix does not require division by the determinant. For a large 

dimension iV, the complexity of matrix inversion is proportional to /V3,  compared to N 

for the LMS algorithm and N' for the RLS algorithm. 
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The DM1 algorithm uses a sliding window to calculate k ,  and tV. and then 

averages over several received symbols in that window. This is in contrast to recursive 

techniques such as the LMS or RLS algorithms. Averaging R ,  and + reduces - .I' 

variations from wireless radio channel and interference fiom the co-channel users. Note 

that the effects of channel variation is reduced by decreasing the sliding window size iV. 

while the effect of noisy estimates is reduced by increasing iV [9] [33]. A 14-symbol 

sliding window is a good tradeot'f for the two eflects. 

The DM1 algorithm with an exponential weighting or forgetting factor r] is also 

analyzed in [9]. Instead of equal weight averaging over sliding window, the auto- 

correlation matrix and the cross-correlation vector are weighted by q . The performance 

of adding a weighting factor is almost the same as that with the sliding window. The 

correlation matrix and vector are calculated as follows: 

and 

j ( k  + I) = q ,b (k) + lc'd(k) -u - #V 

5.5 Bilinear Filter (BLF') 

In a typical adaptive array application, only a few interferences are present at the 

receiver. Furthermore, their power is much weaker than that of the desired signal. The 

adaptive array places nulls in the antenna pattern in the directions of these interference 

signals, which greatly suppresses these interfering signals in the array output. In the 

mobile communication system, under some circumstances, it is possible to have several 

interference signals whose powers are close to that of the desired signal. Therefore, the 

number of interference signals may be greater than the number of elements in the array 
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and the array may not be able to suppress every interference. Thus, the array output SMR 

may not be significantly increased by this technique. There are only two antennas at the 

receiver in the USDC standard. It is absolutely not enough to combat multiple co-channel 

interferences by using two-weight adaptive antennas array with existing adaptive 

algorithms. Adding extra antennas increases the complexity of the receiver. It is desired 

to search for a technique to improve system performance without significantly increasing 

the complexity of the receiver. The Bilinear Filter (BLF) is one of the methods 

investigated in this thesis. It has been widely used in non-linear control systems, but not 

in wireless radio communication. Some characteristics of bilinear filter are briefly 

introduced. 

For an N-element array, there are N weights g, , i = l, 2. . . . . iV and the array 

output is 

For the basic bilinear filter [34], the array output is given by 

where x - and y are two tap-input vectors of size 1V. a, and 6, are corresponding taps. - 
The third summation in equation (5.21) is a non-linear term. x,y, is the product of 

independent received signals x, and y,, and c, are the weights for the non-linear 

component. Generally, the bilinear form is used in applications where the channel 

distortion is too severe for a linear form to handle. 

In this thesis, a simple bilinear array is used. The output of the bilinear array can be 

written as: 



The input signal vector and weight vector are defined as: 

and 

respectively, where x, , r2, . . . x ,  are independent signals from totally N antennas and 

V l r  v2  - - -  v,, are 11.f signals formed by the products of pairs of the received signals. It 

is seen that the LV dimension vector is converted to lbl+lV dimension. lbl more received 

weights are required in the new array system. From theoretical analysis, the performance 

of the array improves with increasing dimension of the antennas. 

5.6 Sequence Estimation (SE) 

ho the r  method that is investigated in this thesis is sequence estimation (SE). In the 

SE method, the characteristics of radio frequency channel is estimated and is used with 

all possible sequences to reconstruct the possible received signals. 

Each reconstructed signal is compared with the received signal and the Hamming or 

Euclidean distance is calculated. The sequence corresponding to the signal that yields the 

minimum distance is picked as the most likely sequence that was transmitted [19] [35]. 

In general, this procedure adds a significant amount of complexity. In this thesis. we 

examine a simple channel estimation scheme with a simple sequence estimation scheme 

with only two symbols in the sequence. The scheme is fully described in Chapter 6. 

Using x / 4 DQPSK, there are in total sixteen possible sequences of length two. 



5.7 Summary 

Five algorithms have been briefly discussed in this chapter. From theoretical analysis. 

not every algorithm is suitable for the fast flat fading channel or the environment with 

multiple CCI. Although the RLS algorithm has a fast speed of convergence with a very 

small misadjustment, it is proven to be unstable due to rapid variation of the fading 

channrl. The preferred algorithms presented are the direct matrix inversion. the bilinear 

filter and the sequence estimation. 

Five algorithms except the RLS algorithm will be used at the adaptive array receiver 

in the next chapter. The system performances of each algorithm are presented under 

different environmental conditions. Bit error rate (BER) is the performance measure. 



CHAPTER 6 

COMPUTER SIMULATION FOR A TDMA SYSTEM 

6.1 Introduction 

In the previous chapters, we briefly introduced the North American digital mobile 

system IS-54, the wireless radio channel, antenna array and adaptive algorithms. With an 

adaptive array. the signals received by multiple antennas are weighted and combined to 

suppress conhannel interference and estimate the desired signal. A maximum of three 

co-channel interferences is considered in this system. The mobile radio channel 

undergoes flat Raylrigh fading. The weight generation algorithms are the Least Mean 

Square (LMS) algorithm and the Direct Matrix Inversion (DMI) algorithm. Two other 

receiver structures. the Bilinear Filter (BLF) and the Sequence Estimation (SE), are also 

investigated. The implementation descriptions and block diagrams for each algorithm are 

also presented. 

6.2 System Model and Assumptions 

The baseband signal is used instead of the high kequency signal, since it is very 

dificult to simulate and accomplish signal processing of radio frequency (RF) signal 

through a wireless radio channel. Additionally, the effect of high power efficiency non- 

linear amplifier will be ignored. Symbol timing and frame synchronization at the receiver 

are assumed to be perfect, so as to significantly simplify the complexity of the radio 

receiver. 
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Figure 6.1 Block Diagram of a TDMA Transmitter 

6.2.1 Transmitter 

Figure 6.1 shows the block diagram of the transmission system used in the simulation 

study. Only the reverse link transmission is considered. First. the source data to be 

transmitted is buffered and organized into the TDMA Frame as shown in Chapter 2. 

Without loss of generality, SACCH is not included in the frame. [n the n l l  DQPSK. 

the quadrature and in-phase data are paired and mapped onto differentially encoded 

signal phase to generate the transmitting symbols. To match the symbol sampling rate, 

linear interpolation is used to fill in the missing samples. This is accomplished by simply 

padding with zeros, that is, inserting zeros between every two adjacent symbols. The 

interpolation technique is discussed in [36]. Finally, according to the IS-54 standard, the 

symbols are pulse shaped by a transmission filter which is a square root raised cosine 

filter with 0.35 rolloff factor to limit the bandwidth of transmitting signal. The impulse 

response of this filter is presented in Chapter 2. 

In an actual transmitter, the pulse shaped signal is modulated onto the carrier, 

amplified, and then transmitted. If the power amplifier is assumed to be linear. the 

transmitted signal is represented as: 



where d ( n )  is the complex information symbol transmitted during the nth symbol 

interval of duration T. seconds, p,(t) is the impulse response of the transmit filter and 

4,, is a random phase. The signal is then transmitted over the channel. 

6.2.2 Channel 

The block diagram of a two-antenna radio channel is shown in Figure 6.2, where 

h , ( r )  denotes the channel impulse response of the kth signal propagation channel at the 

lth diversity antenna. All channels are assumed to be statistically independent. and 

undergo flat fading. For the radio receivers, Doppler effects are also included. The signal 

at each antenna is also corrupted by an independent and identically distributed additive 

Gaussian noise. In flat fading, the channel impulse response is represented as: 

where $,,(t) is a random phase which is assumed to be uniformly distributed in the 

interval [O, Zn] and A(t) is a random amplitude which is assumed to be Rayleigh 

distributed with variance cr'. The probability density function (PDF) of Rayleigh 

distribution is given by [I  91 

h the computer simulation, Doppler fkequencies considered are 0, 6.197, 38.73 1 and 

77.462Hz; these correspond to mobile speeds of 0, 8, 50 and 100 km/h. respectively. 
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Ignoring mobile moving direction, Doppler frequencies considered are absolute values. 

The power ratio between the transmitted signal and the additive Gaussian noise in the 

channel is 30 dB. In this system. a maximum of three CCI or number of undesired 

transmitters is assumed. The interferences may have equal power distribution or one is 

dominant with a power distribution of 3. 5 and 10 dB. 
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Figure 6.2 Block Diagram of Radio Channel Used in Simulation 
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To generate the Rayleigh fading channel, we use a well known model where the 

, 

electric field is a superposition of plane waves expressed by the following equation [37] 

Cechannel User 

. 
+ ) -el h,, ( t )  



E ( t )  = ~ e [ T ' ( t ) e j ' ~ ~ ~ ' ]  

where 

and 

/, is the Doppler frequency, 4, is a random phase and E, is the energy of the source 

data. p is the angle of wave arrival and is uniformly distributed with dp = Za / iV . thus 

C: = 1 / N and p, = 2m 1 iV . If N /  2 is set to an odd integer, then the series can be 

rewritten as: 

The first term in the summation represents waves with the Doppler shifts from 

+ ZMc cos(2m l !V) to - 2ML. cos(2m / N) as n runs from 1 to ,V / 2 - l , while the 

Doppler shift in the second term goes from - 2& ccos(2ml N) to + 2,& cos(2m I X) . 

The third and fourth terms represent waves with maximum Doppler shifts of + and 

- zrr f , .  respectively. Without loss of generality. it is convenient to represent the signal in 

terms of waves whose frequencies do not overlap 

where the factor f i  has been used so that the total power in E(t) is unchanged. If iV is 



large enough. T(t) is approximately a complex Gaussian process, so that Ifl is Rayleigh 

distributed as desired. In general, Rayleigh approximation is quite good if iV is at least 

equal to six. Eighteen is used in the simulation. 
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Figure 6.3 Block Diagram of a Two-Antenna Diversity Receiver for a TDMA System 
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The basic processing blocks in a two-antenna diversity receiver are shown in Figure 

6.3. The received signal in each path is passed through a matching square root raised 

cosine filter. The output is sampled at the symbol rate R, = l /T or twice the symbol rate 

R, = 2 / T .  We assume perfect synchronization so that the two output signals From two 

antennas could be properly combined. IS1 due to imperfect filtering is negligible with the 

sample rate R, = 1/T. In IS-54 TDMA system, SYNC and CDVCC are known symbols. 

These known symbols are used to estimate the parameters needed for the combiner. 

Sampler 

The sampled received signals at the combiner input may be expressed in vector form 

as: 

u, (4 
v 



where 

and 

In equation (6.9), d(n)  is a known desired signal during the SYNC and CDVCC 

windows. Outside of these windows. an estimate is used in place of d(n) . g(n) denotes - 

link gain including filters and channel at the sampling instant for the desired data 

symbols and n c ( n )  is the co-channel interference plus additive Gaussian noise. The 

subscript 1 and 2 denote the signals from antenna one and two, respectively. 

0 . .  

*V~.YZ - - - - - 
W3 Wi 

Frame 

SYNC 

Figure 6.1 Weights Update Schemes during a TDMA Frame 

h general, the elements of the gain and data vectors are unknown in the data window. 

The objective of the diversity scheme is to extract the desired data symbols which are 

corrupted by random gain, interference and additive Gaussian noise. Therefore, the first 

step is to estimate the weights from the SYNC window, and then use the weight 

estimates to estimate the data vector in the data window. In order to track the tirne- 

varying channel, the frame is divided into shon windows of 14 symbols as illustrated in 

Figure 6.4. The first 14 (SYNC) symbols are used as reference signals to generate the 

DATA DATA 
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weight vector, W,. These weights are used to estimate the next 14 symbols. After 

decoding, the 14 symbols are used as reference signals to calculate the weight vector CV, . 

These steps are repeated until the entire & m e  is exhausted. The CDVCC symbols are 

used as known reference symbols. 

Table 6.1 Simulation Parameters for IS-54 TDMA system 

6.2.4 Simulation Parameters 

Number of Physical Antennas 

Array Size 

Vehicle Speed 

Sample Rate 

Rolloff for Square Root Cosine Filter 
. 
SNR 
L 

Size of Sliding Window 

Symbol Rate 

To summarize the previous discussion, the number of parameters chosen to evaluate 

their effects on the system performance is listed in the Table 6.1. The number of physical 

antennas was chosen to be two since this is the minimum required number. 

2, 3 or 4 

2-by-2, 3-by-3, or 4-by-4 

0 kmlhr, 8 kmlhr, 

50 km/hr or 100 krnlhr 

1 SarnpleISymbol 

2 SamplesISymbol 

0.35 
I 

30 dB 

14 Symbols 

24.3 kpbs 

6.3 LMS Implementation Description 

The basic simulation block diagram using the LMS algorithm is shown in Figure 6.5. 

In this two-antenna system, all of the vectors are 2-by-1 and matrices are 2-by-2. In the 

synchronization window, the estimated signal output is represented as: 



Input Vector I SYNC or CDVCCI-q w Ref. Signal 
I I 

# 1 
1 

c 4  P 

1 I I Weights Generator 

# 2 
V < Combine 

where 

and 

I Demodulator I 

So 4 Output 

Figure 6.5 Block Diagram Implementation of LMS for 

a Two-Antenna System with 1 Sample/Syrnbol 

G(n) = [I?, (n) it (n)] ' - 

are the input signal vector fiom the antenna and the estimated weight vector, respectively. 

The hat denotes estimate and the subscript represents the index of the antenna. The 

estimate of the weight vector is updated for each iteration as: 

6 ( n  + 1) = Mn) + p @)e' (n) - 

where p is the step size. Here, all the vectors and matrices are complex. The error 

between the desired signal and output signal fiom the hvo-antenna array is 



e(n) = d(n) - y(n) 

where d ( n )  is the desired signal such as SYNC and CDVCC. 

6.4 DM1 Implementation Description 

Two sampling rates are investigated for the DM1 algorithm. The first is one sample 

per symbol and the second is two samples per symbol. 

6.4.1 DM1 with 1 sample/symbol 

The simulation block diagram with 1 sample/symbol is shown in Figure 6.6. The 

outputs of both antennas are sampled once per symbol. The auto-correlation matrix and 

the cross-correlation vector are computed on a block by block basis using a sliding 

window of size k, as in equation (6.18) and (6.19), respectively. 

and 

where g(n) is the vector of the received signal. d(n)  is the desired or reference signal 

which is either the SYNC or CDVCC sequence or the detected sequence. The weight 

estimate vector is given by 

Given the average weight estimate, the combined signal is calculated as: 



y(n)  is then decoded to yield the data estimate &n) . In the data window, the reference 

signal is equal to j ( n )  instead of the SYNC and CDVCC sequences. This approach is 

computationally more efficient than recursive estimation like the LMS algorithm. 

8 1 
3 / : cross-correlation 

Demodulator u 
. 

Output w 

b Autocorrelation E Inverse 

# 2 

: 

Figure 6.6 Block Diagram hpiementation of DM1 for 

1 

Combine 

a Two-Ante~a  System with 1 Sample/Symbol 

6.4.2 DM1 with 2 sample/symbol 

Consider transmission of data symbols d l ,  d,  , * * -  d,,-, , dn , dn+, , ..- d,  using 

square root raised cosine filter. At the receiver, each symbol interval is sampled twice as 

shown in Figure 6.7. The large dots indicate the sampling points. The g,,, and g,,2 are 

the instantaneous channel gains for each sample and subscript x denotes the index of the 



63 

antennas. Assuming the first sample has no ISI, the first two samples for antenna one are 

where d(1) is the symbol for the desired signal from the transmitter and I.J, (1) is additive 

noise vector. The gain estimates are determined as: 

Symbols 
4 1) +a) d(n - I) + d(n) 

Figure 6.7 Transmission Data and Channel Gains in Each Symbol 

By h e  same principle, the channel gains for the second antenna are calculated as 

follows: 

and 

g?, (1) 
.?(I) = [ ] d(l)  + x l ( l )  

g22 (1) 

i, (I) = [ ~ Z I  (I)] + x 2  (l)d* (I) = g2 (1)d0 (1) -- 9,  (1) 

where -- v , ( l )  is additive noise vector. Because the second sample is taken from the 
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intersection of adjacent samples, IS1 will contribute to the corresponding gains. We may 

therefore write the expression for the signal vector at antenna one as follows: 

Similarly. for antenna two, 

u ,  (n) = -- I + !?("I 

where d(n) is data symbol in the current symbol interval and d(n - 1) is data symbol 

From the previous interval which causes IS1 in the current nth symbol interval. The gain 

estimates for each antenna are 

and 

Now. we want to use the average gain in each block rather than the instantaneous 

gains. The average gains for each antenna in N block size are 

and 

The gain is averaged in order to reduce the variance due to co-channel interference, 



channel variations and noise. 

1 To Combining 

From Decoder 

Figure 6.8 Block Diagram of ISI Canceling 

The block diagram of IS1 canceling is shown in Figure 6.8. The two vectors in 

equation (6.26) and (6.27) have IS1 in the first components. One way to reduce this IS1 

before combining is to subtract the vector [ i , , d ( n  - l ) ,  o]' from equation (6.26) and 

r 
[ i 2 , r i ( n  - 1). 01 from equation (6.27), respectively. The signal vector of antenna one is 

modified as: 

t, 

(g, I (n) - g,, )d(n - 1) + g, ,d(n) il ( n )  = I + ![(N 
( n ) d ( n )  

Estimate Gain + 

Similarly. for antenna two. 

Input Vector 
Average Gain 

'I 

* b IS1 Canceling 



- Stage 1 ,-+- Stage I1 ~-4 

# 1 IS1 Canceling 
2 Weights 

Figure 6.9 Block Diagram Implementation of Two-S tage Combining 

for a Two-Antenna System with 2 Samples /Symbol 

Combine 

2 Weights 
L 

[f the gain estimate is ideal, then g (n) - %(n) = 0. and IS1 is completely removed 

from the received signals. If the variance of the gain estimate around the average gain is 

very small. then (g (n) - &n)l is negligible, and therefore IS1 is very small. After 

canceling LSI, the received signals c, and li, -_ from the two antennas are as follows: 

and 

Combine 
' 
i. 

Z Weights 

The block diagram of the D M  algorithm with 2 samples/symbol is shown in Figure 6.9. 

Combining is accomplished in two stages. The first stage has two parallel branches. Each 

branch takes one sample born each antenna and combines them. The outputs fiom the 

first stage are sent to the second stage to combine again. Both stages use the Direct 



Matrix Inversion algorithm. 

We estimate the channel gains for each sample, then subtract the interference from 

the adjacent symbol. During the training, the CDVCC and SYNC are used as the desired 

signals to estimate channel gains. After canceling ISI, the corresponding sample in each 

antenna is rotated by 90 degree in order to reduce the correlation. 

t 1 Ref. Signal 

Array Output 

Figure 6.10 Block Diagram Implementation of BLF for a 

Two-Antenna System with I Sarnple/Symbol 

Decode 

6.5 BLF Implementation Description 

- = w 

The receiver structure of BLF is shown in Figure 6.10. This is a two-antenna system 

with 1 sample/symbol. The received signals from two antennas are the u, (n) and u2 (n) . 

so 

X n Y n  O f - Y n Y n  1 SYNC 

4 CDVCC 
Weight Generation 

The BLF is a three-weight combiner with inputs given by 



Combining is accomplished by the DM1 algorithm. The average weights are generated 

according to equations (6.18) to (6.20) with the matrix size changed to 3-by-3 in BLF. 

Figure 6.1 1 Block Diagram Implementation of SE for a 

Two-Antenna System with 1 Sarnple/Symbol 

6.6 SE Implementation Description 

The block diagram of the sequence estimation scheme is shown in Figure 6.1 1 .  It is a 

two-antenna system with 1 sample/symbol. The top branch is exactly the same as the 

two-antenna adaptive array. In this branch, we use the DM1 algorithm with 1 

sample/syrnbol to generate the array output. For the bottom branch, the channel gain is 

estimated on a block-by-block basis as discussed in section 6.4.2. .4n estimate of the 
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desired received signal vector is then constructed from the average gain estimate P(k,, ) 
- 

for each of the possible sequence s, (n) as follows: 

where subscript p is the index possible sequence. The length of possible sequence s, is 

chosen as two symbols resulting in a total of 16 cases for the ir / 4 DQPSK. Each of the 

16 signals is passed to the adaptive array for combining using the same estimated weight 

vector as in the top path. The output for the pth signal is 

i, (4 = gH (k ,  ) ip (n) ; 

The two outputs d ( n )  and j ( n )  are differentially decoded and compared. The 

sequence with the minimum distance among the 16 possible sequences is selected as the 

most likely sequence that is sent From the transmitter. 

Except for the data which is generated using Matlab RANDN and SIGN functions. all 

the other functions are from author's own library, which are written using Matlab. Those 

functions include the DQPSK n / 4 modulation and demodulation. linear interpolation. 

square root raised cosine filter. Raylcigh fading channel, adaptive antenna array. all the 

adaptive algorithms and so on. 

6.7 Summary 

The block diagrams and implementation procedures have been discussed in this 

chapter. There include the LMS algorithm. the DM1 algorithm with 1 sarnple/symboi and 

2 samples/symbol, the bilinear filter and the sequence estimation. The computer 

simulation results for these algorithms or methods are presented in the next chapter. 



CHAPTER 7 

SIMULATION RESULTS AND ANALYSIS 

7.1 Introduction 

In this chapter. we first present simulation results for a two-antenna array applied to 

the IS-% system. The simulation system is described in Chapter 6. We investigate BER 

performance for carrier to interference ratios (CIR) from 0 dB to 20 dB and 30 dB signal- 

to-noise ratio (SNR). BER performance is also investigated for no co-channel 

interference and SNR From 10 dB to 30 dB. The wireless channel is assumed to undergo 

Rayleigh flat fading. The vehicle speeds considered are 0, 8. 50 and 100 km/h 

corresponding to Doppler frequencies of 0, 6.197. 38.73 1 and 77.462 Hz, respectively. 

Under the multiple CCI environments, the simulation results with equal interference 

power as well as with one dominant interference power are also presented. Finally. 

results for multiple-antenna systems. that is three and Four antennas, are presented to 

compare with those of a two-antenna system. 

7.2 Performance in Gaussian Noise Channel 

We first consider the performance of the LMS and DM1 algorithms with 1 

sample/symbol without co-channel interference. Figure 7.1 shows the curves of average 

Bit Error Rate (BER) versus signal-to-noise ratio (SNR) for both the LMS and DM1 

algorithms. The simulation results are achieved by averaging at least 40000 frames. At 0 

kmh, the fading channel is constant over each block, but independent between blocks. 

Compared with the results of DMI, the degradation for LMS is about 0.8 dB at 1.0 x lo-' 

BER. At 50 k.tn/h (Doppler frequency of 38.73 1 Hz) and 100 km/h (Doppler frequency of 
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Figure 7.1 Average BER for Gaussian Channel with the LMS and DM1 Algorithms 

for Doppler Frequencies of 0.3 8.73 1 and 77.462 Hz. Curves A. B 

and C are the DM1 Results while D, E and F are the LMS Results 

77.462 Hz), LMS loses about 2.2 dB and 4.3 dB, respectively, at the same BER. There is 

almost 5 dB degradation at 4.0 x lo-' BER for a Doppler frequency of 38.73 1 Hz mobile 

and 10 dB for 77.462 Hz. It is seen that performance of the LMS algorithm degrades 

much faster than that of the DM1 algorithm with increasing Doppler Frequency. 

Therefore, we can predict that the LMS algorithm will perform poorly if CCI is 

introduced in the system. The major reason for the poor performance is the poor tracking 

ability of the LMS algorithm. The DM1 algorithm uses Wiener solution over a sliding 

window, thus can efficiently estimate the variation of the fading channel, especially for 

the low speed mobile. Without CCI. 1.0 x lo-' BER can be easily attained, if S M t  is 

seater than 17 dB. With increasing mobile speed, the channel is rapidly changing 
L. 

causing the estimated weights to deviate from the optimum due to estimation errors in the 

auto-correlation matrix and cross-correlation vector. The performance for the DM1 
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algorithm at 1 8 dB S N R  is about 55 x 10" for Doppler frequency of 3 8.73 1 Hz mobile 

and 6.5 x lod3 for 77.462 Hz mobile. The degradation is about 0.6 to 1.5 dB relative to 

the results of a Doppler frequency of 0 Hz. 

10.~1 I I I I 
10 15 20 25 30 

SNR (dB) 

Figure 7.2 Average BER for Gaussian Channel with the DM1 and SE 

Algorithms for Doppler Frequencies of 0 and 77.462 Hz, 

Curves A and C are for DM1 while B and D are for SE 

Figure 7.2 shows the performance for the SE algorithm and the DM1 algorithm with 1 

sarnple/symbol in a CCI-free environment. For a Doppler frequency of 0 Hz, the SE 

outperforms the DM1 algorithm. For example, for a BER of 3.0 x 10" , the S N R  of the SE 

algorithm is about 18 dB (B) while the SNR of the DM1 algorithm is about 18.9 dB (A), 

which corresponds to about 0.9 dB improvement. For a BER of 1.0 x 1 o-' , SNR is about 

25 dB (B) for the SE algorithm and 27 dB (A) for the DMI algorithm. Therefore, the 

improvement is increased to 2.0 dB. For a Doppler fiequency of 77.462 Hz, the BER 

advantage of the SE algorithm over the DM1 algorithm is lost. The maximum gain is 
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about 0.3 dB for the SE algorithm. We may conclude that the SE algorithm is superior to 

the DkII algorithm at the low speed of mobile (Doppler frequencies of 0 or 6.197 Hz). 

but this superiority is lost for the higher mobile speed, 100 krnh (Doppler frequency of 

77.462 Hz). 

7.3 Performance under Equal Power CCI Condition 

When co-channel interferences is introduced into the wireless system. the 

performance will exhibit a degradation. A maximum of three CCI is considered. The 

performance of the Direct Matrix Inversion, Sequence Estimation and bilinear algorithms 

are evaluated through computer simulations in terms of average bit error rate (BER) and 

carrier to interference ratio (CIR). 

7.3.1 BER of DM1 Algorithm 

Figure 7.3 illustrates BER versus average CIR curves for the DM1 algorithm with 

one. two and three CCI with 1 sample/symbol. The simulation results are achieved by 

averaging at least 40000 frames. BER for Doppler frequencies of 0 Hz and 6.197 Hz 

differs only by about 0.4 dB for CIR greater than 4 dB with one CCI. However, there is a 

significant difference in performance for higher Doppler frequencies. For example. 

relative to 0 Hz, the degradation is 9.3 dB and 14.2 dB, respectively, at BER=I.O x lo-' 

for Doppler fiequencies of' 38.73 1 and 77.462 Hz with one CCI. For two CCI and three 

CCI, on the other hand, performance degrades for all three Doppler frequencies and the 

CIR differences at a given BER is not as significant as in the one CCI case. It is clearly 

seen that two antennas can only significantly reject one CCI. 

This section examines the performance of the DM1 algorithm when 2 samples/symbol 

are used instead of 1 sample/symbol. Figure 7.4 shows a comparison between the DMI 

algorithm with 1 sample/symbol and the DM1 algorithm with 2 sarnples/symbol. As a one 
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stage combining, four weights are used instead of two weights with 1 sample/symbol. At 

a mobile speed of 8 km/h (Doppler frequency of 6.197 Hz), performance for 2 samples 

:symbol relative to 1 sample/symbol degrades by about 2.8 dB with two CCI at BER of 

1.0 x LO-' . The degradation illcreases to 4.6 dB when mobile speed increases to 100 km/h 

(Doppler frequency of 77.462 Hz). One explanation is that the two samples are not 

independent because they are taken over one symbol duration. Another explanation is 

that intersymbol interference (ISI) is introduced by the second sample. Reduction of the 

effect of ISI before combining is considered as described in Chapter 6. 

.................. . ....................... * ............................ " ...... *.- ................,. ................................ ....t................,..................L.............. --tf 

I .................................................... 4. ....-......................*..........-..-......... I.... 1-1---...A- - ....................................................................................... 
.......... .............. ..................................................... L.... ..............................~....~..... .-. ...... 1 .............................................................................. 

I 04[ L I I I 
0 5 10 15 20 

CIR (dB) 

Figure 7.4 Average BER for D M  with 1 Sample & 2 Samples (1 Stage) and 

2 CCI for Doppler Frequencies of 6.197 and 77.462 Hz, Curves A and 

B are for I sample/symbol while C and D are for 2 sarnples/symbol 

As a two-stage combining, the fmt stage of the combiner reduces the correlation 

between the samples while the second stage is exactly the same as the DM1 algorithm 

with 1 sample/symbol. Figure 7.5 illustrates the average BER c w e s  for one, two and 
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three CCI at a Doppler frequency of 77.462 Hz. The BER performance degradation has 

now dropped to a maximum of about 0.4 dB at low values of CIR. This indicates that 

there is no benefit in using 2 samples/syrnbol. 

Figure 7.5 Average BER for DM1 with 1 Sample and 2 Samples (2 Stages) 

and 1.2. & 3 CCI for Doppler Frequency of 77.462 Hz 

7.3.2 BER of Bilinear Filter 

The simulation results are presented in Figure 7.6 for one and three co-channel 

interferences, respectively. At a mobile speed of 8 kmm (Doppler frequency of 6.197 

Hz), the degradation of the BF algorithm relative to the DM1 algorithm is about 2.8 dB 

for one co-channel interference at BER= 1.0 x 10" and about 0.75 dB for three co-channel 

interferences. For a mobile speed of 100 km/h (Doppler frequency of 77.462 Hz, the 

degradation is about 1 $7 dB at BER= 4.0 x 10" with one coshannel interference. A 

similar amount of degradation is observed for three coshannel interferences. It appears 
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Figure 7.6 Average BERfor DM1 ( I  Sample) and BF for 

Doppler Frequencies of 6.197 and 77.462 Hz 
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that the bilinear method cannot achieve the same performance as the DMI algorithm with 

I sample/symbol. The possible reason is the correlation between the combination signal 

and the actual received signal. 

7.3.3 BER of Sequence Estimation 

Figure 7.7 shows the average BER of the SE algorithm and those of the DM1 

algorithm with 1 sarnple/symbol. For one CCI. there is almost 3.3 dB improvement of the 

SE algorithm at BER= 1.0 x lo-' over the DM1 algorithm for a Doppler frequency of 0 Hz 

and about 6.0 dB improvement at BERZ2.0x lo-'. However for higher Doppler 

frequencies (higher mobile speeds), i.e. 38.731 Hz and 77.462 Hz, the SE algorithm loses 

about 0.3 dB for the CIR values lower than 17.5 dB. For three CCI, the SE algorithm 

exhibits a gain of about 1.2 dB at BER of 1.0 x lo-' and 1.0 x lo-' for low mobile speed 

(0 Hz). However. the improvement is insignificant for the high mobile speeds. At the low 

values of CIR, the SE algorithm exhibits only about 0.6 dB gain at BER of 3.0 x 10-I and 

1.0 x lo-' for a Doppler fiequency of 38.73 1 Hz. with only about 0.4 dB at BER of 

3.0 x 10-' and 0.3 dB at BER of 1.0 x lo-' for a Doppler frequency of 77.462 Hz. The 

gain reduces to zero at the higher values of CIR. 

The reason that the SE method loses its advantage at high mobile speeds is the fact 

that only two received symbols are used in making a decision. If more than two symbols 

are used to calculate the minimum distance before making a decision, the system 

performance would be improved at high CIR values. However combiner complexity 

would also increase. 

7.4 Performance of DMI with One Dominant Interference 

Under multiple interference environments, it is more difficuit to track the desired 

signal than in a single interference environment. With one dominant interferer, the 
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interference power is mainly coming from one co-channel user. Ln that case, the system 

performance is mainly determined by the dominant interferer. 

Figure 7.8 shows the average BER results for DMI (1 sample/symbol) with equal 

power interferers as well as one dominant power interferer for Doppler tiequencies of 0. 

38.731 and 77.462 Hz with two co-channel interferences. In the first case, we consider 

the dominant interferer to be 3 dB above while in the second case it is 10 dB above. At a 

BER of 3 x 10-' and the low speed of mobile (Doppler frequency of 0 Hz), the case of 

one dominant power being 3 dB above has about 0.3 dB gain over the case with equal 

power interferences. For one dominant power with 10 dB above, performance gain is 3.0 

dB over the case with equal power interferences. Correspondingly, the gains for the 

Doppler Frequency of 38.731 Hz are about 0.2 dB and 1.4 dB at a BER of 3 x lo-', 

respectively. At the high speed mobile (Doppler frequency of 77.462 Hz), the gains are 

0.1 dB and 0.8 dB at a BER of 3 x 10-' , respectively. Hence, the distribution of power 

between the two interferers affects system performance, especially at the low values of 

CIR and lower Doppler frequencies. 

At the higher values of CIR, the performance is mainly determined by the dominant 

interferer. The interference with the weak power looks like white noise. For example, 

there is almost identical BER for the 3 dB dominant interference case and the equal 

power interference case at CIR of 18 dB. The gain for one dominant power interference 

with 10 dB above with respect to the equal power interference case is greatly reduced 

with increasing CIR. For example, there is a 4.0 dB gain at low values of CR. which 

reduces to 1.0 dB at high values of CIR. 

7.5 Performance of Multiple-Antenna System 

Figure 7.9 shows average BER results for DMI ( I  sample/syrnbol) in a 3-antenna 

system for two co-channel interferences and three co-channel interferences, respectively. 
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Figure 7.9 Average BER for DM1 (1  Sample) with 3-Antenna for 
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The performance gains with 3 antennas for the Doppler frequencies of 38.73 1 and 77.462 

Hz are 7.4 dB and 10.3 dB with respect to that of the Doppler frequency of 0 Hz at a 

BER of 7.0 x 10-' with two co-channel interferences, respectively. The gains reduce to 

0.7 dB and 2.5 dB with three co-channel interferences. respectively. 

Figure 7.10 shows BER results for D M  ( I  sample) with 4-antenna system. Under 

the same conditions, the gains for Doppler frequencies of 38.73 1 and 77.462 Hz are 

much over 20 dB at a BER of 2.0 x 10" with two co-channel interferences with respect 

to that of the Doppler frequency of 0 Hz. This gain reduces to 6.9 dB and 8.7 dB, 

respectively, with three co-channel interferences. 

From Figure 7.3 and Figure 7.9, the performance gains of 3-antenna system over 2- 

antenna system at a BER of 2.0 x 10-3 are about 13.0 dB, 12.1 dB, 7.1 dB and 6.8 dB 

with two co-channel interferences and Doppler frequencies of 0, 6.197, 38.73 1 and 

77.162 Hz, respectively. From Figure 7.3 and Figure 7.10. the estimate gains of 4- 

antenna system over 2-antenna system at a BER of 2.0 x 1 0-3 are over 30 dB for low 

mobile speeds, 14.8 dB for mobile speed 50kmih (Doppler frequency of 38.73 1 Hz) and 

10.3 dB for high mobile speed 1 0 0 M  (Doppler frequency of 77.462 Hz) with two co- 

channel interferences, respectively. 

From the previous results, it again confirms that system performance is significantly 

improved when more antennas are used at the TDMA receiver. It is also seen that two 

antennas can only significantly reject one CCI while two CCI and three CCI can be 

significantly rejected by three-antenna and four-antenna system, respectively. 

7.6 Summary 

The simulation results are presented in this chapter. Compared with the Direct Matrix 

hversion (DMI) algorithm ( 1 sarnple/syrnbol), the sequence estimation algorithm offers a 
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few dB gain at low mobile speeds and almost identical performance at high mobile 

speeds. There is no benefit to sample two times per symbol. Under multiple co-channel 

interference conditions, increasing the relative power of the dominant interferer changes 

system pertbrmance. There is a few dB gain for 10 dB dominant interference case. but 

only an insignificant gain for 3 dB dominant interference case. Finally, system 

performance will significantly improve with one or two extra antennas added at the 

receiver. The estimated gains of 4-antenna system over 2-antenna system at BER of 

2.0 x lo-' with two CCI are over 30 dB for low mobile speeds, but relative gains of 3- 

antenna system over 2-antenna system are only about 13 dB. 



CHAPTER 8 

CONCLUSIONS 

8.1 System Overview 

According to the IS-54 standard, the source data is organized into TDMA frames. 

Afier modulation, K J DQPSK symbols are pulse shaped by a square root raised cosine 

filter to limit the bandwidth of the transmitted signal. In this thesis, only flat Rayleigh 

fading has been considered. The coherent bandwidth of the channel is much greater than 

the bandwidth of the transmitted signal. The channel impulse response is mainly 

determined by the Doppler frequency. For the computer simulations, the following values 

of Doppler frequencies have been used: 0,6.197,38.73 1 or 77.162 Hz. Each independent 

channel is corrupted by additive Gaussian noise with a signal-to-noise ratio of 30 dB. At 

the receiver. the received signals are matched filtered by another square root raised cosine 

filter. 

A two-antenna diversity receiver is the basic structure that is used. The basic Least 

Mean Square algorithm, Direct Matrix Lnversion algorithm, Bilinear Filer and the 

sequence estimation method have been investigated. 

8.2 Discussion 

With increasing mobile speed in a Gaussian noise channel, the LMS algorithm 

degrades much faster than the DM1 algorithm. At BER=4.0 x lo", LMS loses about 2.0 

dB for relative low mobile speeds (0 kdh), and 10 dB for relative high speed mobile 

(100 M). Under similar conditions, the SE algorithm exhibits an improvement for low 



mobile spceds.The advantages, however, almost disappears at high mobile speeds. 

The DM1 algorithm with 2 samples/symbol did not show any advantage over the DM1 

algorithm with 1 sarnple/symbol as well as the bilinear filter method. 

The SE algorithm has shown some advantages through computer simulation. The SE 

algorithm exhibits a gain of about 3.3 dB gain for one CCI and 1.2 dB gain for three CCI 

at BER= 1.0 x 10-' for low speeds. However, for the Doppler frequencies higher than 

j8.73 1 Hz, the SE algorithm has almost the same performance as the DM1 algorithm; the 

maximum gain is about 0.4 dB. Using two symbols to estimate the desired signal is not 

enough for the high mobile speeds. The use of more symbols will improve the 

performance. but it will also increase system complexity significantly. 

8.3 Recommendations for Future Work 

The DM1 algorithm has a low computational complexity if dimension of auto- 

correlation matrix is 2-by-2, and a fast convergence speed. The major attraction for the 

DM1 algorithm is in the use of a sliding window to estimate the auto-correlation matrix 

and cross-correlation vector over several received symbols, followed by the Wiener-Hopf 

solution to generate and update weights for the antenna array. The performance expected 

by sampiing the received signals twice per symbol is not achieved because of the 

correlation and IS1 over one symbol duration. Future work should develop a better 

method to cancel IS1 and reduce correlation without significantly increasing 

computational complexity. Furthermore, we might also increase sample rate to 4 

samples/symbol and use more information to combat multipath fading and reduce CCI. 

The sequence estimation method also has an attraction, but using two symbols is 

obviously not enough to track the variations of the wireless channel, especially for the 

high Doppler frequency. The key in the SE algorithm is to estimate channel gains. A 
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better and accurate method is definitely helpful to minimize the Euclidean distance or 

Hamming distance. More symbols (e.g. 4 symbols) could be used to improve detection. It 

is necessary to investigate other algorithms or simplify the current methods to 

significantly reduce computational complexity. 
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