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ABSTRACT

Wireless communication system is one of the most vibrant areas in the communication field
today. However, wireless communication links become unreliable and have fundamentally low capacity
due to the effect of multipath fading channels and the systems interferences such as Co-Channel
Interference (CCI) and Multiple Access Interference (MAI). Therefore, two new structure receivers in
Layered Space-Time Coding (LSTC) and Multiple Input Multiple Output (MIMQO) with Direct
Sequence Code Division Multiple Access (DS-CDMA) systems for applications in downlink wireless
communications have been proposed in this thesis.

The designed receivers are called adaptive iterative LSTC-CDMA receiver and adaptive
iterative Generalized RAKE (G-RAKE) LSTC-CDMA receiver. The proposed receivers, based on a
joint adaptive iterative detection and decoding algorithm, are investigated in both time and frequency
domains. Specifically, Least Means Square (LMS), Partially Filtered Gradient LMS (PFGLMS) and
Recursive Least Squares (RLS) algorithms are used in the adaptation process under the interference
suppression and cancelation techniques. Moreover, the computational complexities of these adaptive
detection algorithms in time and frequency domain are investigated. It is shown that the numbers of
complexity of the proposed adaptive iterative receivers in frequency domain are significantly reduced in
comparison with those in time domain.

The adaptive iterative LSTC-CDMA receiver is investigated in both fast and slow fading
channels with a various number of antennas. The performance results show that the average Bit-Error
Rate (BER) of the proposed adaptive receiver increases when the fading rate is increased and the 2x4

antennas system achieves the best performances among 2x2, 4x4 and 4x2 antennas systems. 3 fingers

I



and 6 fingers G-RAKE structures are utilized in the adaptive G-RAKE LSTC-CDMA receiver. The
performance of the proposed receiver improves when the number of fingers is increased beyond the
number of resolvable multipath. Furthermore, the results show that the performances of both proposed
receivers in frequency domain have the same performances as those in time domain. However, the RLS
based receivers have better performances than PFGLMS and LMS based receivers; and the adaptive
iterative G-RAKE LSTC-CDMA receiver outperforms the adaptive iterative LSTC-CDMA receiver.
Finally, the simulation results prove that the designed receivers successfully have the ability to
combat the effect of multipath fading channels and also to cancel the system interferences with low

computational complexities and fast convergence speeds.
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Chapter 1

Introduction

This chapter describes the background and motivation of this work by introducing the research
field, presenting the principal research problems and explaining the main research objectives. A concise
outline for the remainders of the thesis is provided at the end of this chapter.

1.1 Background

Wireless communication systems have become increasingly important not only for professional
applications but also for many fields in people’s daily routine and in consumer electronics. Moreover,
the demand for faster and easier ways to communicate and transfer information worldwide with real
time processing is increasing. Therefore, the demands for capacity in wireless communications have
been rapidly increasing worldwide. However, the signal transmission quality in wireless communication
has deteriorated due to the modernization of the urban cities with skyscrapers and other manmade
obstacles. These obstacles and demands are driving communication technology towards a higher data
rate, higher mobility, and higher carrier frequencies in order to enable reliable transmission over
wireless communication systems.

Recent research in information theory has shown that large gains in capacity of communication
over wireless channels are feasible in multiple-input multiple-output (MIMO) systems [1, 2]. An
effective and practical way to approach the optimal capacity of MIMO wireless channels is to employ
space-time coding (STC) [3]. Through this approach, simultaneous diversity and coding gains can be
obtained, as well as high spectral efficiency. STC and related MIMO signal processing soon evolved
into a most vibrant research area in wireless communications.

A popular technique to efficiently utilize the available wireless MIMO communication
resources is multiple access technique. It has been successfully demonstrated in theory as well as in
practice that a code division multiple access (CDMA) system can offer higher bandwidth efficiency
than its predecessors, such as the frequency division multiple access (FDMA) and time division multiple
access (TDMA) techniques [4]. In order to improve the throughput of the wireless system, the
combination of layered space-time coding (LSTC) and CDMA technique, named as LSTC-CDMA, has
been intensively studied. However, this implementation generates co-channel interference (CCI) from
the adjacent layers and multiple access interference (MAI) from other users. Both interferences will
degrade the system performance seriously. Hence, the recent research challenge is shifted towards the

interference suppression and cancellation at the receiver end of wireless communication systems.



1.2 Research Motivations

Generally, MIMO channels are only associated with multiple antenna systems [5]. However,
the use of multiple antennas, along with multipath and multiple users, to transmit information data
simultaneously in the same channel introduces not only inter-symbol interference (ISI), but also CCI
and MAI, which limit the performance of the whole system. Therefore, one of the key challenges in
designing multiuser communications systems is to mitigate the interferences. Many advanced signal
processing techniques proposed to mitigate interference fall largely into multiuser detections.

The simplest detection technique of CDMA systems is a single user matched filter (MF) [6] or
the conventional MF detector. In the multiuser systems, the conventional MF of a desired user will
suffer from the MAI The motivated studies of multiuser detection techniques for CDMA systems were
started with the work of Verdu [7, 8]. He introduced an optimal approach based on maximum likelihood
(ML) algorithm. Although the ML detector can nearly eliminate the degradation in performance due to
multiuser interference, it had two main drawbacks: complexity and required side information. Later on,
another optimal approach based on maximum a posteriori probability (MAP) algorithm [9] was
introduced with similar structure and drawbacks. Due to the high complexity of the optimal detectors,
the linear and decision feedback detectors have been discussed. Linear detectors, such as zero-forcing
(ZF) detection and minimum mean squared error (MMSE) detection [10], are generally much less
complex than the optimal detector, making them practical for most applications. They can suppress the
interference by means of linear processing. However, the computational complexity of the system is still
increased [11] by using the iterative technique. Hence, some of decision feedback detectors, such as
successive interference cancellers (SIC) and parallel interference cancellers (PIC) [11-15], have been
developed. The ability of both detectors is to remove the MAI from the received signal with relatively
low computational complexity [12]. However, the decision feedback detectors have difficulty when
MIMO CDMA system is presented because it fails with the present of CCIL.

Therefore, the adaptive detection technique in STC communications systems was proposed in
[16]. It was shown that the proposed method can effectively suppress CCI while preserving the space-
time structure. As the result, CCI can be reduced but MAI is still a huge problem, degrading the
performance and yielding channel estimation inaccurate in a high interference environment. A non-
linear adaptive iterative receiver has been studied in [17,18]. It contains a feed-forward filter to detect
the desired signals and a feedback filter to cancel the interferences under an iterative format. The system
performance can be improved significantly. However, the complexity is increased because of the

feedback filter, compared to the linear system which has only the feed forward filter.



Thus, the computational complexity is an important issue that impacts on receiver design.
Therefore, such a high computational complexity receivers make its detectors become impractical in a
real system. This motivates the author to focus on investigating adaptive multiuser detection algorithms

with a good performance and a complexity trade-offs.

1.3 Research Objectives and Contributions

In this study, two new receivers’ structures in space-time coding and MIMO direct sequence
(DS)-CDMA systems for application in downlink wireless communication are presented. The objective
of the proposed receivers is to improve the system performances which include the abilities to mitigate
the problems of interferences and multipath fading by improving the system convergence speed and
reducing the complexity. Specifically, adaptive detection algorithms play an important role in designing
these downlink LSTC-CDMA receivers. Two main contributions of this research work are presented.

Due to the high computational complexity in the non-adaptive MMSE receivers, an adaptive
iterative receiver for LSTC-CDMA systems has been presented in this thesis. The proposed receivers
are firstly investigated in time domain system. Then, they are also designed in frequency domain based
on the frequency domain equalizer (FDE) [9]. This results in a significant reduction in the
computational complexity with performance comparable to time-domain equalizer (TDE) [9]. The
receiver is based on a joint adaptive iterative detection and decoding algorithm. Least means square
(LMS) [19] detection algorithm and MAP decoding algorithm are utilized in the receiver structure in
order to reduce the computational complexity and improve the system performance. A partially filtered
gradient LMS (PFGLMS) algorithm [20] is also proposed to improve the convergence speed of the
LMS based receiver with a slight increase in complexity. In reality, recursive least squares (RLS)
algorithm has higher computational requirement than LMS and PFGLMS but has a faster convergence
speed [21]. So, the RLS algorithm is also studied based on this trade-offs. The system performances are
evaluated by using the results from computer simulation in trading with the complexity computation in
both time and frequency domain for various number of antennas. Successfully, the performance results
prove that the proposed receiver can effectively mitigate the CCI and MAI by using the interference
suppression and cancellation techniques. Moreover, the simulation results show that the proposed
receiver based on RLS algorithm yields a faster convergence speed and better tracking ability with a
slightly increase in the complexity than that of LMS and PFGLMS algorithm. Finally, it is proved that

the system performances of the time and frequency domain approaches are identical.



Generally, it is a difficult task to enlarge the network capacity and improve the quality of
service due to the multipath fading of wireless channel. The number of multipath signals is unknown
and difficult to predict. However, a RAKE receiver allows each arriving multipath signal to be
individually demodulated and then combined to produce a stronger and more accurate signal [22]. The
simple RAKE receiver structure is proposed, in which the values produced by RAKE fingers are
combined to generate a decision statistics [23]. Optimizing the RAKE receiver for the CDMA downlink
was presented in [24]. Furthermore, the generalized RAKE (G-RAKE) receivers for interference
suppression and multipath mitigation have been developed in [23-25). Compared to the conventional
RAKE receiver, this generalized RAKE receiver has more fingers and has different combining weights.
G-RAKE reception in DS-CDMA systems has been described in detail in {26]. They proved that G-
RAKE receiver can theoretically provide significant gains in performance by suppressing interference
and combat the effect of multipath channels compared to adaptive CDMA receiver.

As aresult, the G-RAKE reception is applied in the LSTC-CDMA receiver structure to improve
the system performance in multipath fading channels. Therefore, a Generalized RAKE LSTC-CDMA
receiver for interference suppression and multipath mitigation has also been proposed in this thesis. The
adaptive detection algorithms are used for both feed-forward filter and feedback filter in the adaptive
detection in order to determine the weight coefficient of each finger element. Consequently, the
proposed adaptive detector, based on LMS, PFGLMS, and RLS algorithm, are investigated whereby the
systems performances are compared to each other in both time and frequency domain system. The
performance of the system is evaluated by using the simulation results for various numbers of RAKE
fingers. The simulation results show that the system performance improves when the number of fingers
is increased beyond the number of resolvable multipath. Furthermore, RLS based receiver achieves the
best performance among that of LMS and PFGLMS. Finally, the simulation results also show that the
G-RAKE LSTC-CDMA receiver yields a faster convergence speed and have a better tracking ability
than that of adaptive iterative LSTC-CDMA receiver.

1.4 Thesis Outline

The thesis has six chapters. Chapter 3, 4, and 5 contain the main contributions. As a guide to
read this thesis, its structures are organized and briefly summarized as follows.

Chapter 1 introduces a short review of the wireless communications revolutions and the
existing problems in this rapidly-evolving field, as well as the motivation and contributions of this

research work.



Chapter 2 describes some fundamentals of wireless MIMO systems that related to this thesis. It
focus mainly on MIMO system model, multiple access techniques, fading channels, architectures of
space-time coding and more importantly some useful multiuser detection techniques.

Chapter 3 presents the adaptive iterative LSTC-CDMA receiver in both time domain and
frequency domain in MIMO Rayleigh fading channels. The LMS, PFGLMS and RLS algorithms are
used in the feed forward and feedback filter of the adaptive detector in order to cancels CCI and
mitigates MAL The computational complexity of each adaptive algorithm is calculated in both time and
frequency domain.

Chapter 4 provides the proposed Generalized RAKE LSTC-CDMA receiver based on LMS,
RLS, and PFGLMS detection algorithms in time and frequency domain system. The system models of
the proposed transmitter and receiver are presented based on a joint structure between the G-RAKE
receiver and LSTC-CDMA receiver.

Chapter 5 gives the performances results of the adaptive iterative LSTC-CDMA receiver and
G-RAKE LSTC-CDMA receiver. Both proposed receivers are investigated based on adaptive detection
algorithms such as LMS, PFGLMS and RLS in time and frequency domain system. In addition, the
performances of the proposed schemes are also compared with each other through simulation results.

Chapter 6 concludes the thesis by summarizing main results and discussing potential future

research works.



Chapter 2

Wireless MIMO Systems

A brief introduction to wireless multiple input multiple output (MIMO) channel characteristics
is presented in this chapter. Two main techniques for realizing a MIMO system, namely space-time
coding and spatial multiplexing, are explained. Then, the detail description of fading channels model,
multiuser interferences, and multiple access techniques are presented. Finally, the literature reviews of
various multiuser detection techniques are briefly described at the end of this chapter.

2.1 Introduction

For several last decades, wireless system designers are facing a number of challenges. Novel
communication and information services are being introduced almost daily. These include the
increasing demand for higher data rates, better quality of service and higher network capacity. In recent
years, MIMO systems have emerged as a most promising technology in these measures. MIMO
communication systems can be defined intuitively [27, 28] by considering that multiple antennas are
used at the transmitting end as well as at the receiving end. In principle, using multi-element antenna
arrays at both ends of the link can dramatically enhance the system capacity [29] by increasing the data
rate and add diversity to improve the quality of the communication. The key principle that will enable
ultimate capacity utilization in wireless MIMO system is the use of space-time coding and spatial
multiplexing. However, the implementation of these two techniques yields various forms of
interferences at the receiver end of a wireless system. Hence, various designs of transceivers with the
combination of MIMO systems, various multiple access techniques, and appropriate types of multiuser
detection algorithms have been developed in order to overcome the effects of these interfering scenarios
and to improve the system capacity.

2.2 MIMO Multiuser Systems
2.2.1 MIMO System Model

Multiple-input multiple-output communication techniques have been an important area for the
next-generation wireless systems because of their potential for high capacity, increased diversity and
interference suppression [30]. A MIMO channel with N transmit antennas and M receive antennas is
depicted in Figure 2.1. The information bits are first sent into the system by the source. Then, it is
transformed into the transmitted signal by a transmitter. Next, the signal passes through the wireless

channel. Finally, the desired signals are detected by multiple receive antennas.
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Figure 2.1 MIMO wireless link.

The transmitted signals in each symbol period are represented by an (N x 1) column matrix X
which is denoted as:
25 P /42NN 2.1)
where X, refers to the transmitted signal from antenna i-th and i=[1,..,N].
A wireless channel is typically represented as a matrix H of dimension ( N x M) , where each of
the coefficients 4, represents a sample of complex random variable that describes the channel between

the j-th receive antenna and the i-th transmit antenna, as shown below:
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The total received signal at the receive antennas j-th is expressed as:
N
r, =IZhﬁx,+nj (23)
=1

where n, is a zero mean independent identically distributed (i.i.d) additive white Gaussian noise

(AWGN) complex sample at the receive antenna j-th. So, the total received signal vector, denoted by an

(M x 1) column matrix r, can be represented as:

r=Hx+n 2.4)

T T
where r=[r,...,r,] and n =[n,..,n,].



2.2.2 Spatial Multiplexing
The basic principle of spatial multiplexing (SM) is to transmit essentially independent data
from each antenna. Then at the receiver, the multi-antenna signal is separated with appropriate detection
techniques. In SM systems which is shown in Figure 2.2, the input data stream is de-multiplexed into N
separate streams, using a serial-to-parallel (S/P) converter, and each stream is transmitted from an
independent antenna. The received signal is then passed through the detector, which is similar to a

multiuser detector and treats separate streams as separate users of a multiuser channel.
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Figure 2.2 Spatial Multiplexing system model.

The SM technique is utilized when that the channels between any transmit and any receive
antennas are uncorrelated from one another. Then, different information data can be allocated to
different transmit antennas and transmitted simultaneously through the MIMO channel to the receive
antennas. The received signal at the receive antenna is the superposition of the signals coming from all
the transmit antennas and additive noise. Because the signal corresponding to every transmit antenna
has a particular spatial signature at a receive antenna, it will be able to detect the individual signals
transmitted by each of antennas and separate them at the receiver. This operation obviously increases
the spectral efficiency of the system by a factor equal to the number of transmit antennas. Thus, the
throughput of an SM scheme is N symbols per channel for a MIMO channel with N transmit antennas.
However, the N-fold increase in throughput will generally come at the cost of a low diversity gain
compared to space-time coding. On the other hand, as shown by B. Vucetic and J. Yuan [31] and H.
Jafarhani [32], space-time codes provide a diversity gain equal to the product of the number of transmit

and receive antennas NM.



2.2.3 Space-Time Coding

An effective and practical way to approaching the capacity of MIMO wireless channels is to
employ space-time (ST) coding [33]. Space-time codes (STC) were first introduced by Tarokh et al. [33,
34] in 1998 as a novel means of providing transmit diversity for multiple antennas in fading channels.
The space-time coding scheme is essentially defined as a joint design of coding, modulation, transmit
and receive diversity, which is designed for use with multiple transmits antennas. Moreover, space-time
coding can achieve transmit diversity and power gain over spatially uncoded systems without sacrificing
the bandwidth.

Two main approaches in STC structures, namely space-time block codes (STBC) [35] and
space-time trellis codes (STTC) [33] were firstly studied. The space-time block codes can achieve the
full transmit diversity specified by the number of the transmit antennas. However, no coding gain can be
provided by space-time block codes, while non-full rate space-time block codes can introduce
bandwidth expansion. On the other hand, space-time trellis codes provide both diversity and coding
gain. In principle, space-time trellis codes have a major drawback. The maximum likelihood decoder
complexity grows exponentially with the number of bits per symbol, thus limiting achievable data rates.
Later, Foschini [36] proposed other STC approaches, namely layered space-time (LST) architecture. It
can attain a tight lower bound on the MIMO channel capacity and overcome the weakness of STTC
scheme. Therefore, LST architecture is utilized in this thesis and its main features will be presented
briefly in section 2.6.

However, a central issue in these coding schemes is the exploitation of multipath effects of

fading channel in order to achieve high spectral efficiencies and performance gains.

2.3 Fading Channels Model

In wireless communications, fading is a deviation of the attenuation that a carrier-modulated
telecommunication signal experiences over a certain propagation media. Fading varies with time,
geographical position and/or radio frequency. In wireless systems, fading is either due to multipath
propagation or Doppler shift. Fading causes a poor performance in a communication system because of
its result in a loss of signal power without reducing the power of the noise. This signal loss can be over
some or all of the signal bandwidth. Communication systems are often designed to adapt to such
impairments. Common diversity schemes that are used to overcome the fading signal include: the
techniques that are used in MIMO system which are already mentioned in section 2.2 and multiple

access techniques which are going to be explained in section 2.5.
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2.3.1 Multipath Propagation

Figure 2.3 Multipath propagation systems.

In wireless communications, the presence of reflectors in the environment surrounding a
transmitter and receiver creates multiple paths. Multipath propagation occurs when the electromagnetic
field carrying the information signal propagates along more than one "path" connecting the transmitter
to the receiver as shown in Figure 2.3 [37]. As a consequence, the receiver will receive the reflected,
diffracted and scattered signals from all directions. The direct path between the transmitter and the
receiver is called the line of sight (LOS). The corresponding signal received through the LOS is usually
the strongest and the dominant signal. Reflection occurs when a propagating electromagnetic wave
encounters a surface that is large relative to the wavelength of the propagating wave [37). This reflected
wave may interfere constructively or destructively at the receiver due to the change in phase shift after
reflection. Sources for reflections include the surface of the earth, buildings and walls. Diffraction can
occur at the edge of an impenetrable body or at a surface with sharp irregularities that is large compared
to the wavelength of the radio wave [38]. The waves resulting from such edges or surfaces are partially
reflected and retransmitted with a bend of waves around the obstacle. This allows the signal to be
transmitted even when there is no LOS path between the transmitter and the receiver. Scattering occurs
when the radio path between the transmitter and receiver consists of large amount of objects with
dimensions that are small compared to the wavelength of the signal [37). The scattered waves can be
produced by rough surfaces or by other irregularities in the channel such as foliage and traffic signs.

Finally, the shadowing is due to the absorption of the radiated signal by scattering structures.
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2.3.2 Doppler Shift
Due to the relative motion between the transmitter and the receiver, each multipath wave is
subject to a shift in frequency. The frequency shift of the received signal caused by the relative motion
is called the Doppler shift [39]. It is proportional to the speed of the mobile unit, Consider a situation
when only a single tone of frequency fc is transmitted and a received signal consists of only one wave
coming at an incident angle & with respect to the direction of the vehicle motion. The Doppler shift of

the received signal, denoted by £, is given by

j;:

where v is the vehicle speed and c is the speed of light. The Doppler shift in a multipath propagation

v

c

cos@ 2.5)

environment spreads the bandwidth of the multipath waves within the range of f, £ fd__ , where fd_is
the maximum Doppler shift, given by

v,
C PN AN
c
2.3.3 Statistical Model for Fading Channels

(2.6)

The nature of the multipath channel is the amplitude of the delta functions are random. This
randomness originates from the multipath and the random location of objects in the environment.
Therefore, statistical models are needed to investigate the behavior of the amplitude and power of the
received signal. Depending on the nature of the propagation environment, there are different models
describing the statistical behavior of the multipath fading envelope. In this section, the Rayleigh and
Rician fading models, used to describe signal variations in a multipath environment, are introduced.

2.3.3.1 Rayleigh Fading

Rayleigh fading is the most applicable model that is applied where there is no LOS between the
transmitter and receiver and many buildings and other objects attenuate, reflect, refract and diffract the
signal [40]. When the number of reflected waves is large, according to the central limit theorem, two
quadrature components of the received signal are uncorrelated Gaussian random processes with a zero
mean and variance O's2 - As a result, the envelope of the received signal at any time instant undergoes a
Rayleigh probability distribution and its phase obeys a uniform distribution between ~7 and 7. The

probability density function (pdf) of the Rayleigh distribution r is given by [41]:

—a,z—-e"'zlz"'2 a=20
p(a) =40, 2.7
0 a<0

The mean value, denoted by m, , and the variance, denoted by O': , of the Rayleigh distributed

random variable are given by
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m, = \/E-a, =1.25330,
2 (2.8)
ol=(2 —%)crf =0.42920%

If the probability density function in (2.7) is normalized so that the average signal power

(E[a*]) is unity, then the normalized Rayleigh distribution becomes

2ae™ az0
a)= (2.9)
p(@) {0 a<0

The mean value and the variance are
m, =0.8862

(2.10)
ol =0.2146

The pdf for a normalized Rayleigh distribution is shown in Figure 2.4.

0 05 1 15 2 25 3

Figure 2.4 The pdf of Rayleigh distribution.

2.3.3.2 Rician Fading

Rician fading is a stochastic model for radio propagation anomaly caused by partial cancelation
of a radio signal. Generally, the sum of a constant amplitude direct signal and a Rayleigh distributed
scattered signal results in a signal with a Rician envelope distribution. Hence, the pdf of the Rician

distribution is given by

a Z2 ron
20’,2 b=
p@)=457"° I°(aj] az0 @.11)
0 a<0

where D’ is the direct signal power and I(.) is the modified Bessel function of the first kind and zero-

order. Assuming that the total average signal power is normalized to unity, the pdf in (2.11) becomes
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2a(1+ K)e X0 1 [K(K +1) a0
0 a<0

where X is the Rician factor, denoting the power ratio of the direct and the scattered signal components.

p(a)= (2.12)

The Rician factor is given by

2
K= 2D i (2.13)
O‘l’

The mean and the variance of the Rician distributed random variable are given by

. l , ES e——lzg[(l+K)lo(-lzi)+Kll(-§-)]
“ 2V1+K (2.14)

ol =1-m’
where I|(.) is the first order modified Bessel function of the first kind. Small values of K indicate a
severely faded channel. For K = 0, there is no direct signal component and the Rician pdf becomes a
Rayleigh pdf. Large values of X indicate a slightly faded channel. For X approaching infinity, there is

no fading. The Rician distributions with various X are shown in Figure 2.5.
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Figure 2.5 The pdf of Rician distributions with various X.

2.4 Interferences in Multiuser Systems

Interference is a fundamental nature of wireless communication systems, in which multiple
transmissions often take place simultaneously over a common communication medium. In recent years,
there has been a rapidly growing interest in developing reliable and spectral efficient wireless
communication systems. One primary challenge in such a development is how to deal with the
interference, which may substantially limit the reliability and the throughput of a wireless

communication system.
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2.4. 1 Intersymbol Interference
Intersymbol interference (ISI) is a form of distortion of a signal in which one symbol interferes
with subsequent symbols [42]. The presence of ISI in the system introduces errors in the decision device
at the receiver output. Generally, ISI is caused by multipath propagation in which a wireless signal from
a transmitter reaches the receiver via many different paths. Since all of these paths are different lengths
and some of these effects will slow the signal down. As the result, there are different versions of the
signal arriving at different times. This delay means that part or all of a given symbol will be spread into
the subsequent symbols, thereby interfering with the correct detection of those symbols.
2.4.2 Co-channel Interference
Generally, wireless systems that employ frequency reuse are affected by co-channel
interference (CCI). CCI occurs when two or more independent signals are transmitted simultaneously
by the same frequency band. In CDMA system, frequency reuse implies that in a given coverage area,
there are several cells that use the same set of frequencies. These cells are called co-channel cells, and
the interference between signals from these cells is called co-channel interference. Unlike thermal noise
which can be overcome by increasing the signal-to noise ratio (SNR), co-channel interference cannot be
combated by simply increasing the carrier power of a transmitter. This is because an increase in carrier
transmit power increases the interference to neighboring co-channel cells.
2.4.3 Multiple Access Interference
Multiple Access Interference (MAI) is a type of interference caused by multiple users who are
using the same frequency allocation at the same time. This multiple-access interference can present a
significant problem if the power level of the desired signal is significantly lower (due to distance) than
the power level of the interfering user. The occurrence of MAI remains a limiting factor in CDMA
detection, degrading the bit-error rate (BER) performance over wireless channels. However,
Interference cancellation and suppression techniques are the effective way to alleviate the adverse

impact of multiple-access interference [43-45].

2.5 Multiuser Systems and Multiple Access Techniques
2.5.1 Multiuser Systems
Generally, there are various types of multiple user communication systems, where multiple
users can access the channel and transmit information through the channel to the receiver. The multiple

user communication scenario is depicted in Figure 2.6.



15

Receiver

Figure 2.6 Multiple users communication systems.

Two main types of multiuser communication systems are multiple access channel (MAC) and
broadcast channel (BC). MAC scenario is often referred to as uplink transmission. A number of users
share a common channel to transmit information to a receiver. On the other hand, BC scenario is also

known as a downlink transmission. A single transmitter transmits information to a number of receivers.

Uplink Systems
(Multiple-Acess)

Downlink Systems
(Broadcast)

]

2, g “ A 714
Mobile Station 1 Mobile Station 2 Mobile Station N

NG

Figure 2.7 Mobile cellular communication systems.

As an example, Figure 2.7 presents two types of multiuser system in a mobile cellular
communication, in which there is a single base station and multiple mobile devices. When the base
station is transmitting messages to the mobiles, the channel is referred to as a downlink or broadcast
channel. Conversely, when the mobiles are transmitting messages to the base station, the channel is
referred to as an uplink or multiple access channel.

There are several techniques to accommodate multiple users in a system, whether it is MAC or
BC scenarios. The most well-known methods, which have been implemented in current wireless

communication systems, are multiple access techniques.
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2.5.2 Multiple Access Techniques

The support of parallel transmissions on the uplink and downlink is called multiple access
technique. The necessary insulation of this technique is achieved by assigning to each transmission
different components of the domains (frequency, time, code) that contain the signals. If the different
transmissions are differentiated only for the frequency band, Frequency Division Multiple Access
(FDMA) is used. If transmissions are distinguished on the basis of time, the Time Division Multiple
Access (TDMA) is applied. Code Division Multiple Access (CDMA) is utilized if a different code is
adopted to separate simultaneous transmissions. However, resources can be also differentiated by more
than one of the above aspects.

2.5.2.1 FDMA System

In FDMA system, the frequency band available to the system is divided into different portions.
Each of them is used for a given channel as shown in Figure 2.8. Then, the different channels are
distributed among cells according to a reuse pattern. One disadvantage of FDMA is the lack of
flexibility for the support of variable bit-rate transmissions, an essential prerequisite for future mobile
multimedia communication systems. With the evolution towards digital communications, TDMA. and

CDMA access schemes can be implemented.

4
2 User 1
g
=1 User 2
g
User 3
Time ¢
Figure 2.8 FDMA system.

2.5.2.2 TDMA System

In TDMA scheme, each user has assigned the total bandwidth of a carrier for transmission, but
only for a short time interval (slot) that is periodically repeated according to a time-organization called
frame. Figure 2.9 depicts the TDMA system. Transmission is organized into frames, each of them
containing a given number of slot intervals, to transmit packets of bits. The main disadvantage of
TDMA is that the high peak transmits power that is required to send packets in the assigned slots.
Moreover, a fine synchronization must be achieved at the beginning of each transmission for the

alignment with the time-frame structure.
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Figure 2.9 TDMA system.

2.5.2.3 CDMA System

Code division multiple access (CDMA) permits to achieve a greater robustness and a higher
capacity than other multiple access schemes. CDMA is a multiple access technique where different
users share the same physical medium, that is, the same frequency band, at the same time [46]. This
opens a third dimension, as can be seen in Figure 2.10.

A

User | | User | | User

g, 1 2 3
2 | User | | User (| User

g 2 3 1
User | | User | | User
3 1 2 |,
Time £

Figure 2.10 CDMA system.

In a CDMA [4] system, each user is assigned a distinct code sequence (signature sequence).
Each transmitter sends its data stream by modulating it with their own signature sequence that allows
the user to spread the information signal across the available assigned frequency band. Since the
signature sequences have fairly low mutual crosscorrelation, a CDMA receiver can detect its own data
using the corresponding signature sequence, although the multiple users’ signals overlap both in
frequency and in time in a random manner. It is clear that the design of the spreading codes strongly
influence the performance of CDMA systems. Therefore, the signature sequence should be carefully
designed to achieve low crosscorrelation between users [4].

There are three primarily different types of CDMA technologies that have been extensively
investigated in the past two decades: direct sequence (DS) CDMA, frequency hopping (FH) CDMA and
time hopping (TH) CDMA. However, DS-CDMA is the simplest and most popular CDMA scheme.
Each user in a DS-CDMA system uses a particular code to spread its information bit stream directly.
The DS-CDMA system is presented in Figure 2.11 where the user signal is spread by a user specific
signature sequence, pseudo noise (PN) code, with bits (named chips) whose length is basically

processing gain (PG) times smaller than that of the original bits.

71920
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Figure 2.11 Spreading and de-spreading processes for the i-th DS-CDMA user.

2.6 Layered Space-Time Architectures

Layered space-time (LST) architecture was firstly proposed by Foschini [36]. It can attain a
tight lower bound on the MIMO channel capacity. The distinguishing feature of this architecture is that
it allows processing of multidimensional signals in the space domain by 1-D processing steps, where 1-
D refers to one dimension in space. The method relies on powerful signal processing techniques at the
receiver and conventional 1-D channel codes. In the originally proposed architecture, n, information
streams are transmitted simultaneously, in the same frequency band, using n, transmit antennas. The
receiver uses n, = n, antennas to separate and detect the n, transmitted signals. The separation process
involves a combination of interference suppression and interference cancellation. The separated signals
are then decoded by using conventional decoding algorithms developed for (1-D)-component codes,
leading to much lower complexity compared to maximum likelihood decoding in space time trellis
code. Hence, the complexity of the LST receivers grows linearly with the data rate.

2.6.1 Transmitter Structures

There is a number of various LST architectures, dépending on whether error control coding is
used or not and on the way that the modulated symbols are assigned to transmit antennas. An uncoded
LST structure, known as vertical layered space-time (VLST) or vertical Bell Laboratories layered space-
time (VBLAST) scheme [47], is illustrated in Figure 2.12. The input information sequence, denoted by
¢, is first demultiplexed into n, sub-streams, called layer. The demultiplexing process can be carried out
by using a serial to parallel (S/P). Each of sub-stream is subsequently modulated by an M-level
modulation scheme and transmitted from a transmit antenna. This simple transmission process can be
combined with conventional block or convolutional one-dimensional codes, to improve the performance

of the system. However, the cost of bandwidth efficiency occurs by using this structure [48].
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Various LST architectures with error control coding were developed, as shown in Figure 2.13(a~c).

__ET
> Mod S Int -
Information 4 S :
Source Encoder > .
x"
5| Mod >/ Int d
a) An HLST architecture with a single code.
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¢) DLST and TLST architectures.

Figure 2.13 LST transmitter architectures with error control coding.
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In the horizontal layered space-time (HLST) architecture, shown in Figure 2.13(a), the
information sequence is first encoded by a channel code and subsequently demultiplexed into n, sub-
streams. Each sub-stream is modulated, interleaved and assigned to a transmit antenna. If the modulator
output symbols are denoted by x(i, ¢), where i represents the layer number and ¢ is the time interval, the
transmission matrix, formed from the modulator outputs, denoted by X, is given by

X=[x] (2.15)

For example, in a system with three transmit antennas, the transmission matrix X is given by

1 1 1
XX X X,

2 2 2 2
X={x x; x5 Xx; .. (2.16)

X X %X

The sequence x,, x}, X}, X}, ...is transmitted from antenna 1, the sequence x°, x2, X, X2, ..is
transmitted from antenna 2 and the sequence x,3 ) xg \ x33 y x: , -..is transmitted from antenna 3.

An HLST architecture can also be implemented by splitting the information sequence into n,
sub-streams, as shown in Figure 2.13(b). Each sub-stream is encoded independently by a channel
encoder, interleaved, modulated and then transmitted by a particular transmit antenna. It is assumed that
channel encoders for various layers are identical. However, utilizing only a 1-D encoder after S/P
conversion with time interleaver and simultaneously transmitting the signal by transmit antennas, the
HLST scheme will suffer from the presence of sub-channels in deep fade.

A better performance is achieved by a diagonal layered space-time (DLST) architecture [49], in
which a modulated codeword of each encoder is distributed among the n, antennas along the diagonal of
the transmission array. For example, the DLST transmission matrix, for a system with three antennas, is
formed from matrix X in (2.15), by delaying the i-th row entries by (i - 1) time units, so that the first
nonzero entries lie on a diagonal in X. The entries below the diagonal are padded by zeros. Then the
first diagonal is transmitted from the first antenna, the second diagonal from the second antenna, the
third diagonal from the third antenna and then the fourth diagonal from the first antenna etc. Hence the
codeword symbols of each encoder are transmitted over different antennas. This can be represented by
introducing a spatial interleaver (SI) after the modulators, as shown in Figure 2.13(c). The spatial

interleaving operation for the DLST scheme can be represented as

1 1 1 1 1 1 1 2 3 1 2 3
X, X, X3 X, X5 Xg .. XXk X x, X, X, ..
2 2 2 2 2 1 2 3 1 2
0 x7 x; xy x{ x5 .| >0 x x5 x5 x5 X5.. .17

3 3 3 3 1 2 3 1
0 0 x x; x5 x; .. 0 0 x x5 x5 x ..
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The rows of the matrix on the right-hand side of (2.17) are obtained by concatenating the
corresponding diagonals of the matrix on the left-hand side. The first row of this matrix is transmitted
from the first antenna, the second row from the second antenna and the third row from the third antenna.
The diagonal layering introduces space diversity and thus achieves a better performance than the
horizontal one. It is important to note that there is a spectral efficiency loss in DLST, since a portion of
the transmission matrix on the left-hand side of (2.17) is padded with zeros.

A threaded layered space-time (TLST) structure [50] is obtained from the HLST by introducing
a spatial interleaver prior to the time interleavers, in Figure 2.13(c). The transmitter structure differs
from DLST in that the transmitted symbols are not periodically cycled among the N antennas and they
are first fed into a spatial interleaver, followed by the time interleaver and then transmitted by all the

transmit antennas. In a system with n7 = 3, the operation of spatial interleaver can be expressed as

1 1 1 1 1 3 2 1
X, Xy Xy v JP e 4
2 2 2 2 2 1 3 2
XX XX, | D> XX, XX .. (2.18)
3 3 3 3 2 ! 3
X X X3 X, .. XX, Xy Xy

in which an element of the modulation matrix, shown on the left-hand side of (2.18) denoted by x,' ,
represents the modulated symbol of layer 7 at time ¢. The matrix on the right-hand side of (2.18),
denoted by X', is the TLST transmission matrix. That is, the modulated symbols xl] 5 x;, .7632 s xi 5 veey
generated by modulators in layers 1, 3, 2 and 4, respectively, are transmitted from antenna 1.

It is shown that the structures of DLST and TLST are very similar. The difference is the spatial
interleaving process. The spectral efficiency of both schemes is RmnT, where R is the code rate and m is
the number of bits in a modulated symbol, while the spectral efficiency of the DLST is slightly reduced
due to zero padding in the transmission matrix.

2.6.2 Receiver Structures

For coded LST schemes, the optimum receiver performs a joint detection and decoding
algorithm. For many systems, the exponential increase in implementation complexity may make the
optimal receiver impractical even for a small number of transmit antennas. There is a number of less
complex receiver structures which have good performance and complexity trade-offs which are
described in the following sub-sections.

2.6.2.1 Iterative LST Receiver

The iterative receiver is one of the effective receivers, which can efficiently suppress and
remove the interference by using suppression and cancellation techniques. Block diagrams of the

iterative receivers for LST (a)(c) architectures are shown in Figure 2.14.
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Figure 2.14 Block diagrams of iterative LSTC receivers.

In all three receivers, the detector provides joint soft-decision estimates of the n, transmitted
symbol sequences. In LST (a) the detected sequence is decoded by a single decoder with soft inputs/soft
outputs, while in LST (b) each of the detected sequences is decoded by a separate channel decoder with
soft inputs/soft outputs. At each iteration, the decoder soft outputs are used to update the a priori
probabilities of the transmitted signals. These updated probabilities are then used to calculate the
symbol estimate in the detector. Each of the coded streams is independently interleaved to enable the
receiver convergence. In LST (c), apart from time interleaving/deinterleaving, there is space

interleaving/deinterleaving across transmit antennas.
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2.6.2.2 Iterative MMSE Receiver

1
r rq-\ y> Deint Decoder Int C‘
' Y
2 C2
>q—} yr Deint Decoder Int
v, /'y
F :
[ n.
. o cr
. G Deint Decoder
rn
X

B

A ﬁ.“ ~a

Figure 2.15 Block diagram of an iterative MMSE receiver.

An iterative receiver with a multiuser detector consists of a feed-forward module which
performs interference suppression and a feedback module which performs parallel interference
cancellation was proposed in [36]. This receiver structure is called an iterative MMSE receiver. A block
diagram of the iterative MMSE receiver is shown in Figure 2.15. The iterative MMSE receiver which
employs hard decision decoders is equivalent to the receiver which performs linear MMSE suppression
in the first iteration and parallel interference cancellation in the following iterations. This filter would be
optimal in the MMSE sense if perfect symbol estimates were fed back.

2.6.2.3 Rake Receiver

The RAKE receiver, as shown in Figure 2.16, was first introduced by Price and Green [51]. For
frequency selective fading, the signal bandwidth is much greater than the coherence bandwidth of the
channel, therefore multipath components are resolvable and independent of each other. RAKE receivers
take advantage of the energy present in multipath components by correlating with each path. The RAKE
receiver is composed of several fingers which each resemble a single correlator. Each of these fingers
has a different time delay and phase rotation that is matched to a multipath component. The
crosscorrelation between a spread spectrum signal and a time-delayed version should be low, therefore
the RAKE receiver will be able to develop an estimate based on only the multipath component. The
resolution of the RAKE is dependent on the chip rate of the system. The multipath components must be

separated by at least one chip period for the RAKE to resolve them.
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Figure 2.16 RAKE receiver with N fingers.

2.6.3 Channel Coding Principles

During the last few decades, there has been an increasing demand for efficient and reliable
digital data transmission and storage systems. To reliably reproduce the data, a major concern of the
system design is the control of errors. With his 1948 paper, “A Mathematical Theory of
Communication”, Shannon [52] demonstrated that, by properly encoding of the information, errors
induced by a noisy channel or storage medium can be reduced to any desired level without sacrificing
the rate of information transmission or storages, as long as the information rate is less than the capacity
of the channel. The fundamental philosophical contribution inspired the research in the error control
coding areas.

2.6.3.1 Interleaving

Interleaving plays an important role in many digital communication systems for manifold
reasons. In the context of wireless communications, fading channels often lead to bursty errors. Then,
several successive symbols may be corrupted by deep fades. This has a crucial impact on the decoding
performance, for example, the performance of convolutional codes because of its sensitivity to bursty.
In order to overcome this difficulty, interleaving is applied. At the transmitter, an interleaver simply
permutes the data stream in a specified manner, so that the symbols are transmitted in a different order.
Consequently, a de-interleaver has to be employed at the receiver in order to reorder the symbols back
into the original succession.

2.6.3.2 Convolutional Codes

Convolutional codes are used extensively in numerous applications in order to achieve reliable
data transfer, including digital video, radio, mobile communication and satellite communication. A
convolutional code is described by three integers, which are the number of input symbols, £, the total
number of output symbols, », and memory order, m [31]. The n-tuple emitted by the convolutional

encoding procedure is not only a function of an input 4-tuple, but is also a function of the previous mk-
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input tuples. Figure 2.17 shows a simple convolutional code encoder, which is a linear feed forward

shift register. The connection between the shift register elements and the modulo 2 adders can be

conveniently described by the following two generator sequences:
g”=(g & g5)=(01)
g¥ =(g" " g”)=(1))

If u=(...,U_y, Uy, Uy,..., 4;,...) is the input data stream, then the two output sequences, denoted

(2.19)

1 D M L0 1 .
by v = (oo VO, 00 00 v D Yand v = (o VP 0P 93 v, ) can be obtained as

v =yxg? =12 (2.20)

where * denotes the convolutional operator.

V(l)

V(2)

Figure 2.17 A (2,1,2) convolutional encoder.

A convenient and common way of describing encoding and decoding operations is using trellis
diagrams. A trellis stage for an input at time ¢ for binary (2,1,2) code is shown in Figure. 2.18. A trellis
diagram consists of NV stages, where N is the number of input words, each consisting of & input data bits.
The stage of the encoder is defined as the content of its shift register. For the encoder with total memory
K, the stage number is 2K. Each new block of & inputs causes the transition to a new stage. That is, there
are 2K branches leaving each stage. Each branch is labeled the & input causing the transition at time unit
t, denoted by U = [u,,, sUygseees u,,k] and n corresponding to outputs, denoted by
Vv, =[V0sVipsees Vi)

1State1 St?te 1
Ul U U,

Figure 2.18 One stage in the trellis diagram for binary (2,1,2) convolutional code.
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The performance of a convolutional code depends on the decoding algorithm and distance
property. If a hard-decision decoding algorithm is used, the code performance is measured by Hamming
distance. The minimum free distance of a convolutional code is defined as the minimum Hamming
distance between any two code sequences, which is the minimum weight of all non-zero code sequences
of any length. If a soft-decision decoding algorithm is used, the code performance is measured by
Euclidean distance. The minimum free Euclidean distance is defined as the minimum Euclidean
distance between any two code sequences. However, the using of decision decoding algorithms is
depends on both the convolutional code trellis and modulation type [53].

2.6.3.3 MAP Decoding Algorithms

The decoder can apply a number of the soft output decoding algorithms. As the overall receiver
complexity is mainly dominated by the decoder complexity, the choice of the decoding algorithm
depends on the available processing power at the receiver. The maximum a posteriori (MAP) approach
[54] is optimum in the sense that it minimizes the bit error probability at the decoder output and is
usually implemented by using a forward and backward recursion algorithms. The MAP decoding
algorithm operates on a trellis representation of the convolutional code as shown in Figure 2.18.

The conditional error probability of the decoder is defined as:

P(E|r)=P(ii #u) = P(¥ £ v) @.21)
where — P(E) is the probability of error in the decoder
- r is the received where the term P(r) is independent of the decoding algorithms,

P(E) is given by:

P(E)=)P(E|r)P(r) (2.22)

So, the minimum probability of error in equation 2.22 is achieved by minimizing P(¥ =v|r) for

all r which is represented by:
P(r|v)P(v)
P(r)

If the coded sequences are all likely equal, the probability of optimal decoding for a discrete

PE=v|r)= (2.23)

memories channel is denoted as:

Pir|v)=] ]P0 |v) (2.24)

The 2.24 is rewrite in monotone increasing function as:

log P(r|v)= ) log P(r; | v,) (2.25)
!

where log P(r|v) is known as log-likelihood function.



27

The soft-output MAP decoder calculates the a posteriori log-likelihood ratio for data bit u, as:

plu, =1jr}
A(u)=log———2 (2.26)
() gp{u,=0lr}

where P{u=ijr} is the a posteriori probability (APP) of the data bit u,.

Then, the decoder makes the hard decision by:

L, ifA(y,)>0
Aw)= (@) 2.27)
0, otherwise
The APPs in Equation (2.26) can be computed from the trellis diagram as:
plu,=0|r}= > P{S_ =m"S, =m|r} (2.28)
(m',m)eB,°
plu,=1ir}= > P{S_ =m\S, =m|r} (2.29)
(m"m)eB!

where S, and S, are the encoder stages at time (+-1) and ¢, respectively, and B’ and B'are set of

transitions from state m' to stage M caused by u=0 and u=1, respectively. (2.28) and (2.29) can be

written as
P{S, _,=m"S, =m|r}
plu,=0|r}= = . (2.30)
B PO
P{S,_,=m"S, =m|r}
piu, =1|r} = = { (2.31)
’ (m',mz)eli,l P(l’)

where P(r) is a constant.

In order to efficiently calculate the information bits APPs, the following probability functions

are defined [31]
a,(m)=P{S, =m,r} (2.32)
B(m)y=P{x" |S, =m} (2.33)
7, (m'\m)y=Plu, =i,S, =m,x,|S,_, =m'} (2.34)
where | AE] AT e (2.35)
and r'k =(0 500k, ly) (2.36)

The joint transition probability, P{S, , =m', S, =m,r}, can be expressed as
P{S, =m"\S, =mr}=a,_ (m)Y. yi(m',m)B,(m) (2.37)

€0,

where @ (m)and g (m)are obtained recursively as

a(m)y=> o, (m)Y y(m',m) (238)

ie0,1

Bm) =3 Boa(m) Y i (m',m) (2.39)

ie0,}



28

and y/(m',m)is a channel transition probability weighted by the information bit a priori probability
p,(u,=i),i=0,1 where u, is the information symbol associated with transition S, =m'—>S, =m.

Coefficient y/(m',m)can be written as

J=n—-1

7i(m'my=p,(u, =D | Pir,, 1%} (2.40)
j=0
1 (":,j""l./ )2

P{r |x }=———e 2
S o
J =0,...,n—1, is a binary phase shift keying (BPSK) modulated symbol in the codeword

(2.41)

where x, ,
associated with transition S, =m'— S, =m.
If we assume that the encoder starts and ends in a zero stage, the boundary conditions are
,(0)=1, ay(m)=0, form=0 (2.42)
By(0)=1, B,(m)=0, form=0 (2.43)
The log-likelihood ration now can be written as
2 G (m )y (m's ), (m)
(m',m)eB
) S ) ) 249

(m',m)eBo

The above algorithm is usually referred to as a forward/backward algorithm, since the
coefficients &, (m)are calculated recursively starting from the beginning of the trellis, and the

,3, (m) coefficients are calculated recursively starting from the end of the trellis.

Q. (m'o ) ﬂm (m"o )
,(m'y ,m) Vi(m'sm"y)
')
(m;\O
7.ty ) i (s
a,,(m')) Bia(m")

Figure 2.19 Graphical representation of the forward and backwards recursions.

Figure 2.19 shows the graphical representation of the forward and backward recursion. In this
figure, a,  (m')represents ¢/ coefficients for state 7', in the (+-1)th stage which is connected with
stage M in ¢-th trellis stage and where the transition s,_, =m'— S, =m is caused by the information
bitu, =i,i =0,1. Similarly, the 3,,(m") denotes [ coefficient for stage m"in the (+-1)th trellis stage

which is connected with stage 7 in t-th trellis stage and where the transitions, , =m'— S, =mis
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caused by the information bit, =i,i = 0,1.The a posteriori probabilities of the information bits can be

calculates as

eA(“t)
P{u, =] | r} = T—{T("')- (245)
1
P{u, =0 I r} = m (246)

The a posteriori probabilities of the transmitted bits can be calculated by adding the

probabilities of the codeword that contain a particular transmitted, are denoted as

P{x, =1|r}= > P{u,=i|r} (2.47)
u=ix, =

Pix, =-1lr}= > Py =i|r} (2.48)
=i, ;=1

2.7 Multiuser Detection Techniques

Over the past twenty years, a number of sophisticated receiver designs, for example, multiuser
detection, have been proposed for interference suppression under various settings. Generally, multiuser
detection techniques are applied to joint detection of different signals transmitted over MIMO channel.
Multiuser detection [8, 55-57] was first proposed for CDMA systems rather than TDMA systems. The
simples approach to demodulate CDMA signals is the single-user matched filter (MF), which was
adopted in CDMA receiver. However, conventional single-user receivers are designed to operate in the
fading channel without CCI and MAIL Hence, they do not work well in a multiuser system. The studies
of multiuser detection techniques for CDMA system was started with the work of verdu [7]. For the
AWGN channel, Verdu presented an optimum multiuser receiver based on maximum likelihood (ML)
or maximum a posteriori probability (MAP) algorithm. This optimum technique however requires a
prior knowledge of the signal amplitudes and phases and involves a high degree of computational
complexity. Therefore, some suboptimum multiuser detection, named as linear detection which included
zero-forcing (ZF) and minimum mean square error (MMSE) detection have been investigated. They can
suppress the interference by means of linear processing in much lower complexity. Other sub-optimal
schemes were proposed in hopes of reducing complexity while maintaining good performance, are
referred as decision-feedback detection such as successive interference cancellation (SIC) and parallel
interference cancellation (PIC). However, in designing a multiuser detector for MIMO channels, the
knowledge of MAI characteristics such as the spreading sequences, the availability of the CSI at the
receiver, must be jointly take into account in order to mitigate ISI, CCI, and MAI Another successful

technique, named adaptive detector, was introduced, based on an adaptive signal processing scheme
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such as recursive solutions. The advantages of using adaptive signal processing techniques are its
capacity to track the channel variation without prior knowledge of CSI and its simplicity and robustness
to the signal.
2.7.1 Synchronous CDMA Systems
In a K-user synchronous CDMA system, the received signal consists of the sum of all users’

spread signals embedded in additive white Gaussian noise (AWGN) as shown in Figure 2.20.

*'() MOD
A's'(r)
k
Al MOD‘ 2 + Receiver
) n(t)
xK (t) MOD
A%s5 (0

Figure 2.20 DS-CDMA model.

The received signal is represented as:
r(t) = is" (t)A"x" +on(t) , t=[0,T] (2.49)
k=1
where T is the data symbol period. s"(t) is the signature waveform assigned to the k-th user as:
(0= 35 (Dg(e~(n=DT.) 250
n=l1

where: s(n) denotes the n-th chip value of s
q(t) is the chip waveform
T, is the chip interval.

Then, sk(t) is normalized to have unit energy as given by:
T
2 2
s = [s* @ar =1 (2.51)
0

The signature waveforms are assumed to be zero outside the interval [0,T], and hence there is
2
no inter-symbol interference (ISI). A¥ is the received amplitude of the k-th user’s signal. A¥ is referred

to as the energy of the k-th user. x* €[—1,+1]is the symbol transmitted by the k-th user and n(t) is

additive white Gaussian noise with zero mean and variance &~ .
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Equation (2.49) can be written in a discrete-time form as the following;:
r=SAx+on (2.52)
where r =[r(1),r(2),...r(N)]" (2.53)
and

s s*M) ... <)
e s'(.2) szi(z) e s".(2) (2.54)

s'(N) sSS(N) ... s5(N)

A =diag[4', 4*,..., 4] (2.55)
b=[b,b,.. b5 (2.56)
n = [n(1),n(2),....n(N)]" (2.57)

where N is number of data frame length.
2.7.2 Matched Filter Detection

The matched filter detector, also known as conventional detector, simply correlates the received
signal with the desired user's time reversed spreading waveform, and samples the output at the bit rate.
This is the demodulator that was first adopted in CDMA receiver which comes straight from single user
designs. Hence, MF is the optimal receiver for single-user CDMA. However, in the multiuser CDMA
channel, it does not take into account any other users in the system or channel dynamics. Therefore, this
detector is suffer from MAI, and is not robust to asynchronism, fading channels, or PN sequences with
substantial cross correlation.

The structure of CDMA MF is illustrated in Figure 2.21.

Y}MF x'
yi{F }:F_ﬁz'

] vie &
-

Figure 2.21 Matched filter for CDMA systems.
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The filter for a given user is matched to its signature waveform as the follows:
T
yf” = Isk @O)r(t)dt = A*b* + Z A p’*x) + ot (2.58)

0 J#k
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where r(t) and sk(t) are defined in Equation (2.49) and (2.50), respectively.

and
T
n* = [s*(O)n(r)dt (2.59)
0
pj * is the crosscorrelation between the j-th and k-th user, given by
T
pl* = j s (t)s* (t)dt (2.60)
0
Equation (2.58) can also be expressed in discrete-time form:
Yur= S'r=8"SAx+n'= RAx+n’ (2.61)
= 2 T
where Yir = [Vas Vg oo Vir ] (2.62)
n'=[n",n%,.,n* Y (2.63)
and R=8"S=p", i,j=1,2,.,K (2.64)

where: R is a correlation matrix with the autocorrelation factors p™/=1, and crosscorrelation
factors p'/ = p’”.
2.7.3 Optimal Detections
Since the conventional MF is sub-optimal in the multiuser CDMA environment, two optimum
multiuser detectors have been proposed. [7,8,58] showed that the maximum likelihood (ML) and
Maximum a Posteriori (MAP) detection can achieve the optimum performance in multiuser channels.
Although both detectors can nearly eliminate the degradation in performance due to multiuser
interferences, they have two main drawbacks: complexity and required side information, which
becomes impractical for a CDMA system with much more than ten users per sector.
2.7.3.1 Maximum Likelihood Detection
The introduction of the ML detector for CDMA in [7] essentially launched the field of
multiuser detection. The main reason for this is that it was shown that the performance of the ML
detector is insensitive to power variations among the users, unlike the matched filter detector.
Referring to (2.4), the ML detectors choose the vector of estimated symbols as:
X =arg max Pr(r received | x transmitted) (2.65)
If the addictive noise n is Gaussian, then the Equation (2.69) is equivalent to selecting:
X =arg mbin [r - Hx" (2.66)
where the norm is the regular Euclidean norm and the elements of x are constrained to be constellation

points.



33

2,7.3.2 Maximum A Posteriori Probability Detection
The Maximum a Posteriori (MAP) detector selects:
X=arg max Pr(x transmitted | r received) (2.67)

which minimizes the probability of error. This is the same as the ML estimate if the symbols are likely
equal. However, when combined with error control coding and iterative soft decoding, the decoder can
pass reliability information to the multiuser detector in the form of the a priori distribution or likelihood
ratio for each transmitted symbol. Hence, in that scenario the MAP estimate generally differs from the
ML estimate. Furthermore, the MAP detector itself computes soft estimates of each symbol, although
the final (hard) estimates are obtained from the soft estimates by thresholding. If the receiver detects a
subset of the vector x, then the MAP estimate maximizes the corresponding marginal distribution. In
general, this differs from the estimate in (2.65) and requires less computation.

The MAP detector suffers from the same drawbacks as the ML detector, namely, the
complexity grows exponentially with the size of x, and it requires knowledge of H. However, in some
applications where the system size is relatively small, the complexity may be manageable.

2.7.4 Linear Detections

Linear detectors are generally much less complex than the optimal detector, making them
practical for most applications. A common property of all linear techniques is that they do not exploit
the knowledge of the finite signal alphabet but assume continuously distributed transmit signals. Hence,
there is only a polynomial complexity with respect to the number of active users instead of an
exponential relationship. The two popular linear detection methods that are used in the design of a
MIMO receiver are zero-forcing (ZF) [59] and minimum mean-squared error (MMSE) detection [60].

2.7.4.1 Zero-Forcing Detection

A zero-forcing detection technique uses an inverse filter to compensate for the channel
response function. In other words, at the output of the equalizer, it has an overall response function
equal to one for the symbol that is being detected and an overall zero response for other symbols. Zero
forcing is a linear equalization method that does not consider the effects of noise. However, the noise
may be enhanced in the process of eliminating the interference.

The zero-forcing detector multiplies the output of the conventional MF with the inverse of the
correlation matrix. The output of the ZF receiver, defined by ¥ 4, is obtained as:

Yz =R7'S'r = Ax+R7'S"n (2.68)
where r is defined by Equation (2.4) and n is (M x 1) vector of the AWGN noise with zero mean and

. . 2
noise variance of O~ .
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The y, fully decouples the multiuser signal. However, it suffers from the noise enhancement
[8] as it is shown in the second term of Equatiori (2.68). Although, the MALI is perfectly removed, this
process increases the noise level. In extreme cases, the additional noise may be higher than the MAL
Therefore, the zero-forcing detector performance deteriorates more than the MF.

2,7.4.1 MMSE Detection

The ZF equalization does not consider the effects of the equalization in enhancing the noise. To
address this problem, a mean-square error criterion is minimized. The structure of the MMSE detector

(60] can be depicted in Figure 2.22.
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Figure 2.22 MMSE detector for CDMA systems.

The output of the linear MMSE filter [61] for user k-th is:

Yhnase = My, (2.69)
Where M is a matrix of MMSE filter coefficients, and y,,. is the matched filter output vector. The
problem of MMSE detection is choosing the (K x X ) matrix M to achieve the minimum square-error:

¢ = minE{"Ax—M’yMF”z} (2.70)
[8] has proved that the solution is:

M=[R+0c%*A7?]" (2.71)
where 0’A™ =diag{c’A;?,0°A},..,0%A} and it is assumed that the receiver has the exact
knowledge of o> . So, the MMSE detection can be rewritten as:

Yimse =[R+0*A2]'S™r (2.72)

Because the MMSE detector takes the background noise into account, it generally provides
better performance than the zero-forcing detector. The consideration of noise also avoids the noise
enhancement problem of the decorrelator. However, both detectors require the inversion of the
correlation matrix. Hence, with an increasjng number of users or large data frame size, the calculation of

the inverse may become numerically expensive. In short-code scrambling systems, the inversion can be
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implemented with low complexity. On the other hand, the complexity of the inversion can hardly be
reduced to a realistic level in long-code systeins.
2.7.5 Interference Cancellation Detections

Besides the linear detection schemes, researchers have also proposed non-linear detectors that
use the interferers’ data to detect that of the desired user. Interference cancellation (IC) [62] detectors
employ temporary data estimates to reconstruct the interference, and then subtract it from the received
signal. The IC detector includes two classes: successive interference cancellation (SIC) [63-65] and
parallel interference cancellation (PIC) [66-69].

2.7.5.1 Successive Interference Cancellation Detection

R Received Baseband
o Signal

A

Correlate Each User’s
Signal

A

4

Find Strongest User for
Cancellation

Regenerate Strongest
User’s Signal

A

Subtract Regenerated
from Buffer

Figure 2.23 Algorithm for successive interference cancellation.

The successive interference cancellation scheme uses the algorithm shown in Figure 2.23. At
each iteration of the scheme, all the user’s signals are estimated. The signal with the largest power is
then regenerated and subtracted from the buffered received signal. The remaining signals are now re-
estimated and a new largest user is selected. The process will continue until all the users’ signals have
been recovered or the maximum allowable number of cancellations is reached.

Successive interference cancellation has been shown to be very robust to imperfect power
control in a DS-CDMA system. This comes from the strongest users (and thus best estimated) all having
been cancelled from the received waveform. Successive interference cancellation is considered one of

the simplest forms of interference cancellation because of the single stage of cancellation. However, the
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processor performing the cancellation must perform all the cancellations while maintaining the
necessary data rate. As show in [70], this class of detectors has the almost paradoxical feature that
interference cancellation can be performed most reliably when the interference is strong relative to the
desired signal, i.e. when there is a significant power difference between each of the users signals.
However, its performance is poor when power levels are approximately equal. At the same time, the
signals need to be sorted by power correctly, and signal reordering is required whenever the power
profile changes. This will be a particular risk in a high capacity system with widely variable power
levels. Moreover, serial cancellation one by one will lead to a relatively long processing delay.

2.7.5.2 Parallel Interference Cancellation Detection

Parallel interference cancellation detection simultaneously removes from each user the
interference produced by the remaining users. In this detector, each user in the system receives equal
treatment in the attempt to cancel its MAL Compared with the SIC, since the IC is performed in paraliel
for all users, the delay required to complete the process is dramatically reduced. Figure 2.24 illustrates
the structure of the PIC detector in a two-user scenario. The PIC performs the estimation for all users’
signals separately at first. Then the signal decisions are used to reconstruct the MAI, which is subtracted

later. It’s clear that the parallel cancellation process should be divided into at least two stages as shown

in figure 2.24 and 2.25.
@4’”@ | S
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Figure 2.24 Parallel Interference Cancellation for CDMA systems.

In the first stage which can be provided by the MF or linear detectors, the signal from each
users are demodulated. Then, the data estimate of the kth user is given by:
%y =sgn(Vyr) @.73)
where sgn(.) is the sign of a real number.
For the desired user k, remodulating the signal of user j with the signature wave, we get the

MAI construction s/ (¢)s* (£)A %, which is subtracted from the received signal:
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Yo () = Ve ()= X p (D) 4,5}
- @.74)
= 4%, =3 p (A4, (x, - £,)+n'(t)
J=k
Assuming that a hard decision is employed, the output of the two-stage PIC detector is:
5'::10 = Sgn()’ch)

=sgn(4,x, =) P (04, (x, = %)+ n'(t)) 2.75)
J=k

The PIC approach can be further iterated by replacing the conventional MF outputs with the
increasingly reliable temporary decisions of the interfering users. It is made by PIC detector in the last

iteration as shown in Figure 2.25.
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<L
0! 2
rt) 7
s? (1)
/[
I
Figure 2.25 Iterative PIC detector.
Then, the received signal is rewritten as:
i) = Ve (=3 p (D4, F (2.76)
J=k
where pp.is the [-th iteration PIC detection result and ./ is the data decision made by the PIC

detection in the (/-1) th iteration. Moreover, the iteration can be performed as many times as needed. In
general, the performance of the detector should continuously improve with increasing number of
iterations. However, the disadvantage of PIC is that the risk of error propagation still exists. From
Equation (2.80), the MAI can be fully removed if the temporary decision is correct. On the other hand,
if the temporary decision is wrong, the error will be doubled after the PIC.
2.7.6 Adaptive Detections

Another alternative detection technique is an adaptive signal processing scheme, based on
adaptive filters and adaptive algorithm. The advantages of using adaptive detection are its capacity to
track the channel variations without prior knowledge of channel state information and its simplicity and
robustness to the signal. The most common adaptive filters, which are used during the adaptation
process, are the finite impulse response filters (FIR) types. These are preferable because they are stable,

and no special adjustments are needed for their implementation. The adaptation algorithms, which will
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be introduced in this thesis, are: Least Means Square (LMS) Algorithm, Partially Filter Gradient Least
Means Square (PFGLMS) Algorithm and Recursive Least Squares (RLS) Algorithm.

2.7.6.1 Least Means Square Algorithm

LMS adaptive filter scheme is simple to implement with low computational complexity and
capable to track the channel variation by recursively updating the filter tap coefficients without prior
knowledge of channel state information. Moreover, the LMS algorithm can be attributed to its
simplicity and robustness to the signal statistic without requiring matrix inversion which has a high

computational complexity. This technique only requires a training sequence to adapt the filter tap

coefficient.
-1 -2 Hn-N+1)
r(n) T r(n-1) T r(n-2) L n
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Figure 2.26 An N-tap transversal adaptive filter.

The N-tap transversal adaptive filter is presented in Figure 2.26. The filter input and tap-weight

vector are defined, respectively, by the column vectors [19]:

r(n) =[r(n),r(n-1),...r(n—N + DI (2.77)
w(n)=[w,(n),w(n),...,wy_, m7° (2.78)
The filter output [18, 25] is defined by:
Y)Y = 35wy (=) = ) (279)
The mean square error function is represented by:
¢ (n) = E[e’(n)] (2.80)
where e(n) =d(n)- y(n) (2.81)

To adapt the tap coefficient w(n), e(n) is minimized in the mean square sense. By using LMS
algorithm, the tap coefficient can be obtained by:

w(n+1)=w(n)- uVe*(n) (2.82)

where X is the algorithm step-size parameter and V is the gradient operator defined as a column

vector [19]:
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V=[ o 8 d ]T (2.83)

ow, ow, " aw, _,
The i-th element of the gradient vector ve*(n)is ;

Ve(n) = 2e(n )ae(”) (2.84)

Substituting Equation (2.81) with Equation (2.84) and d(n) is independent of w,, the Equation
(2.85) is obtained as:

aez(n) —2e(n )ay(n) (2.85)
aw, wl

Substituting y(n) from Equation (2.79) in Equation (2.85), the Equation (2.86) is represented as:

oe’ (n)
ow,

~2e(n)r(n-i) (2.86)
Using the gradient operator in Equation (2.83), the Equation (2.87) is represented:
Ve*(n) = —2e(n)r(n) (2.87)
where r(n) is defined in (2.77). Therefore, the tap coefficient w(n) can be recursively calculated by [19]:
w(n+1)=w(n)+ ue(n)r(n) (2.88)
2.7.6.2 Partially Filter Gradient Least Means Square Algorithm
Although, the LMS algorithm is simple to implement with low computational complexity, it
has a slow convergence speed. To improve the convergence speed of the LMS algorithm, several
adaptive algorithms have been proposed. The partially filter gradient LMS algorithm [20] based on an
exponentially weighted least square error is one of these adaptive algorithms.

A more accurate estimate of the minimum error function (2.80) is introduced with

exponentially weighted least square errors and defined by [20]:

£(n)= ;—Z Ale (D) (2.89)

=0

where 4 is the forgetting faction (0<A<1) . The MSE estimate of (2.89) can be represented as:
Cm)=A¢ (n=1)+ =& (n) 2.90)
By taking the derivative of Equation (2.90) with respect to filter tap coefficients, w(z), the

negative gradient vector can be represented by [20]:

g(n) =~V (n) = Ag(n-1)+ ‘Er(n)e(n) @91
To achieve a more effective estimate of the MSE, the weighted least MSE is modified as:
C(n)=;—(e’(n)+2" }.”"7e,2)=;_e’(n)+g‘(n) (2.92)
I=0
. ﬂ, n—l},g 2 )
¢(n)= LZ_’_ (2.93)

2
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where ¥ is a scaling factor (0<y<1) . The negative gradient vector is then given by:
g(t) = -V ¢ (n) =r(n)e(n) +g(n) (2.94)
with g(n) = Ag(n-1)+yr(n)e(n) (2.95)
Therefore, the tap coefficient w(n) can be recursively calculated by:
w(n+1)=w(n)+ ug(n) (2.96)
2.7.6.3 Recursive Least Squares Algorithm
RLS algorithm has higher computational requirement than LMS and PFGLMS, but behaves
much better in terms of steady state MSE and transient time [21]. The RLS algorithm is based on the
Least Squares estimate of the filter coefficients w(n-1) at iteration (n-1), by computing its estimate at

iteration 7 using the newly arrive data [71]. Figure 2.27 presents the general RLS block diagram.

A
x(n) | Filter w(n-1)x(n) Output
1 own-1)
.| Adaptive e, (n) r d(n)
~| mechanism

Figure 2.27 RLS block diagram algorithm.

According to the exponentially weight least squares solution, the means square error function in

(2.84) is rewrite with the criterion of exponential forgetting factog  as:

£(n) = Z A" le(i)?] = Z A"d @) - f w, (n)r(i = k)] 2.97)

Make the following variable change:

F'@)=NA"r () }

d'(iy=~JA""d (i) (2.98)
Then, (2.97) is rewritten as:
£ =3 0d D~ 3w, G- ) 299)
Iy k=0
So, the LS solution can be obtained as:
w(n) =[®(n)]" 2(n) (2.100)
where &(n)= i AT (1) (2.101)
2(n) =Y A7 ()d (i) (2.102)

Note that the data before (i=0) is zero. By using the information already available at time (n-1),

(2.103) is defined as:



wn-1)=[®(n-1D]"z(n-1)

Rewrite the variable ®(n)and z() as the functiond 6f z(n-1) and ®(n-1):
O(n) = AD(n-1)+r(n)r’ (n)
z(n)=Az(n-1)+r(n)d(n)

By using the matrix inversion formula [71], we have:

A=B'+CD’'CT

then, A" =B-BC(D+CTBC)'C"B
where,

A=0(n)

B = A0(n-1)

C=r(n)

D=1

By applying the matrix inversion formula to (2.104), we obtain:

A0 (n=1)r(n)r" (n)®(n-1)

-1 R e | s A
Q7 (n)=A" P (n-1) 1+ AT () (n=1)r(n)

Denoting:

Um)=®'(n)=2"Un-1)-A"g(m)r" (m)U(n-1)
). AU (n-Dr(n)
1+ AT (U (n=1)r(n)

e(ny=dn)—r" (mw(n-1)

g(n)

Therefore, the tap coefficient w(n) can be recursively calculated by:
w(n) =w(n-1)+g(n)e(n)
where w(0)=0 and U (0) =467 -

2.8 Conclusion
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(2.103)

(2.104)
(2.105)

(2.106)
(2.107)

(2.108)

(2.109)

(2.110)
(2.111)

(2.112)

(2.113)

In this chapter, the concept of the MIMO channel is described and it is shown that the presence

of multiple transmit antennas is a potential source of interference, i.e., CCl. Two main techniques for

realizing a MIMO system, i.e., space-time coding and spatial multiplexing, are introduced. A brief

survey of various multiple access techniques is given with particular emphasis on CDMA schemes,

where the presence of multiple users introduces MAI at the receiver. This chapter is concluded by

introducing some basic multiuser detection schemes, some of which will be briefly described in the

remainder of this thesis.

In particular, an adaptive iterative LSTC-CDMA receiver and an adaptive Generalized RAKE

LSTC-CDMA receiver are proposed in Chapter 3 and Chapter 4, respectively.



Chapter 3

Adaptive Iterative LSTC-CDMA Receiver

An adaptive iterative receiver for a layered space-time coded CDMA (LSTC-CDMA) system is
proposed in this chapter. The proposed receiver is investigated in both time and frequency domain.
Moreover, the least means square (LMS), the partially filtered gradient LMS (PFGLMS) and the
recursive least squares (RLS) algorithms are used for both feed-forward filter and feedback filters in the
adaptive detector. Due to the higher reliability of the co-channel interference (CCI) and multiple access
interference (MAI) estimation, the proposed adaptive iterative receivers have an ability to effectively
mitigate the CCI and MALI using the interference suppression and cancellation techniques. The system
model of LSTC-CDMA system, based on a joint adaptive iterative detection and decoding algorithm, is
described. The structure of the transmitter is firstly introduced. Then, the designs of proposed adaptive
receiver in both time and frequency domain are presented separately. Finally, the analysis of the system
computational complexity is investigated.

3.1 Introduction

With the integration of the internet and multimedia applications in the next generation wireless
communications, the huge demand of highly reliable data rate service and the increase in the system
capacity are growing very fast. Several broadband wireless communication systems have been widely
studied such as CDMA technique and MIMO systems. Direct-Sequence CDMA (DS-CDMA) has
emerged as a predominantly multiple-access technique because of its efficient capacity and facility of
network planning. At the same time as researchers paid attention to various types of CDMA techniques,
a large amount of research also addressed MIMO systems, as shown in Figure 3.1, which are
encouraged by the demand for higher link capacity. Therefore, the combination of MIMO and CDMA

techniques are proposed [72-74] in order to improve the data rate of CDMA systems.

L ]
Source — Sink
——» Transmitter i Receiver ——»
— .
E..f"

Figure 3.1 MIMO systems.
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Later, the layered space-time (LST) architecture is proposed by Foschini in [36] in the purpose

of improving the throughput of this wireless system. Then, the combination of Layered Space-Time

Coding (LSTC) and CDMA, named as LSTC-CDMA as shown in Figure 3.2, has been intensively

studied in [75-78]. This implementation generates Co-Channel Interference (CCI) from the adjacent

layers and Multiple Access Interference (MAI) from the users; hence, both will degrade the system

performance seriously.
Input Data
User 1 S/P
o
(4
@
Input Data
User X S/p

Figure 3.2 LSTC-CDMA system model .

LST
Receiver

To mitigate the aforementioned interferences, an adaptive Minimum Means Square Error

(MMSE) receiver for a LSTC system have been proposed in [16] as in Figure 3.3. In this work, CCI can

be reduced. However, MAL is still a huge problem which degraded the system performance and yielding

channel estimation inaccurate in a high interference environment.
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Input bit
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channe!
Estimation

Yoln]
¢ | Spacetime [Ouputt
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Figure 3.3 Adaptive MMSE receiver.
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A non-linear adaptive iterative receiver has been studied in [17, 18], as show in Figure 3.4. This
proposed structure contains a feed-forward filter to suppress the system interference and a feedback
filter to cancel the interference from adjacent antennas under an iterative format. As the result, the
tracking ability of the adaptive detector is improved. Therefore, these proposed receivers have faster
convergence speed than a MMSE receiver. However, the complexity is increased because of the

feedback filter, compared to the linear system which has only the feed forward filter.

SISO detector A

—— ;! DECEr Cr X
T el T

Z{_ forward |Cp . Yl . SII-! . SH_L .
filter 94——{* f : : .
Yy a7 -1 DEC
Feedback Gy | Iy =

filter
|Lfiter

Figure 3.4 Iterative LST receiver.

In order to reduce the computational complexity and to improve the system convergence speed
of the above proposed systems, an adaptive iterative LSTC-CDMA receiver for multiuser system has
been proposed in this research work. The proposed adaptive receiver is based on a joint adaptive
iterative detection and decoding algorithm. The designed detectors consist of M feed forward filters and
a feedback iterative parallel interference canceller.

Three main adaptive detection algorithms; namely Least Means Square (LMS), Partially
Filtered Gradient LMS (PFGLMS) and Recursive Least Squares (RLS) algorithms; are used in the
adaptive filters. The LMS algorithm can be attributed to its simplicity and robustness to the signal
statistic and does not require matrix inversion. These advantages make the LMS algorithm become a
preferable choice to reduce the system complexity. However, the convergence speed of the adaptive
detector is not yet satisfied. For this reason, the adaptive iterative receiver using a Partially Filtered
Gradient LMS (PFGLMS) [20] algorithm is proposed to improve convergence speed of LMS based
receiver with slightly increase in complexity. Although PFGLMS algorithm has a better convergence
speed compared to LMS algorithm, it may not track in a non-stationary environment very well. In
reality, Recursive Least Squares algorithm behaves much better in term of steady state Means Square
Error (MSE) with a faster convergence speed. Thus, PFGLMS and RLS algorithm are utilized in the
adaptation process of the adaptive detector in order to improve the convergence speed of the proposed
LMS based receiver. As the result, the computational complexities of the receivers based on these

detection algorithms are still high.
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Figure 3.5 Non-iterative FDE-TDDF equalizer.

However, recent researches [79,80] have been proved that frequency domain equalizer (FDE)
[81], as in Figure 3.5, offers significant reduction in the computation complexity with performance
comparable to time-domain equalizer (TDE) [82]. Consequently, the proposed adaptive receiver in
frequency domain is also proposed in this chapter.

Hence, the proposed receiver have the abilities to achieve the spatial diversity, to increase
throughput in the high SNR region, to combat the effect of multipath fading channel, to cancel the
system interferences such as CCI and MAI by using the interference suppression and cancelation
techniques, to reduce the system computational complexity that lead to a decrease in cost of system
design and to improve the convergence speed with high quality services of data transmission.

3.2 System Model

A downlink CDMA system as depicted in Figure 3.6 is considered in this study with no a priori
knowledge of Channel State Information (CSI), spreading sequences and fading coefficients except the
training sequence for each user. Data from different users is modulated by different signature
waveforms before being transmitted asynchronously through a wireless channel {831, which is modeled
as multipath Rayleigh fading. Then, the entire signals are combined with noises through Addictive
White Gaussian Noise (AWGN) Channel. At the receiver, the user data is retrieved adaptively by using

the proposed adaptive iterative detector.

PN 1
Input Dat . 3
ngl;er f 2 Transmitter 1 . Ig::?‘f;‘l’_el -
Input Data Eh2 ‘ Y x Fading R Adaptive —>
User2 "] Transmitter 2 —-G}—» Channel Receiver 2
. 3 .
. .
Input Data ) PNKJ Adaptive s
Userk ] Transmitter K Receiver K

Figure 3.6 An adaptive CDMA system model.



46

3.2.1 Transmitter Structure
The layered space-time (LST) architecture is used in the proposed transmitter structure. In LST
coding algorithm, N data streams are transmitted simultaneously over N antennas over the same
frequency band. The receiver uses M receive antennas and interference canceling/suppression
techniques to minimize interference caused by simultaneous transmission from N transmit antennas.
There is a number of various LST architectures, depending on whether error control coding is
used or not and on the way the modulated symbols are assigned to transmit antennas. The proposed

LSTC-CDMA transmitter structure is described in detail as followed.

PN,
E MOD I——-l
Input Data r1c1 |_| = ! e
User 1 .
— S/P ° SII Y,
_l—| Enc,, |—{MOD, 1 X TX1/\/
° . * ° +
Tx
° ° Y ° N/\/
° [ L) ° +
Enc, |—{MOD, 1 X
Input Data Py Py .
U K
L= s . ST .

L e oo Hoe
PN,

Figure 3.7 Block diagram of LSTC-CDMA transmitter structure.

In a downlink LSTC-CDMA system, all user signals are transmitted simultaneously with N
transmitters and M receivers antennas. Figure 3.7 shows the LSTC-CDMA transmitter structure with X
users. The binary information of each user is transmitted at a data rate of r, = 1/T,, where T, is the bit
interval. This data information is first converted into layered data information streams by a serial to
parallel (S/P) converter. Before modulating, each information stream is encoded by a convolutional
encoder to produce coded data stream for each layer, The layered coded data streams are then fed into a
spatial time interleaver (sr1) and time interleaver (I1). Next, the coded data streams are spread by its
signature sequence using a spreading gain of L with L = T/T_, where T is the symbol interval, and T, is
chip duration of spreading sequence. Finally, the spread symbols of all users are then combined together

and simultaneously transmitted through N transmit antennas.
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Let’s b is the coded signal vectors transmitted by X users through N transmit antennas and is
defined by:
b=[by,by,...b ..o 1" G.1)
where b, =[bp,u bpss b ] (3.2)

and b; is the information bit of the p-th user for »-th transmit antenna with »=1,..,N and r=1..K.

Let S represents the L x XN spread transmitted sequences of K users for n transmit antennas, as
given by:

1 N 1 N
S =[s},...,8 ,...,s';,...sK,...sK] (3.3)
n _r.nl n, n, LT
where Sp—[sp ,...,qu,...,sp (3.4)
and S;’q is the g-th chip of a spreading sequence for the p-th user and s-th transmit antenna with

=1,..., N; p=1,..,K; and ¢g=1,..,L.

Let’s l'fj is the received signal vector for the p-th user at the receiver antenna j , j=1,..., M,

for symbol ¢, is represented by:

r/, =SHf b+n/, (3.5
where ) [r',f’j.’l,...r,f’j.’q,...,r,f}'L]T (3.6)

and 7, ,,pj'q is the received signal for the p-th user at the g-th chip of the ¢-th symbol for j-th antenna.

The received signals for all receive antennas of the p-th user are given by

R & [REa), 6 (5xE 17 G.7)
HY s defined by:
HY; = diaghf;,....h7 ) ke (3.8)
where ht‘f_] = dlag [hﬁl (t)a--" h_f,n (t)sms hf:N (t)] NxN (3.9)

and hf,(f) represents the fading coefficient from j-th receive antenna to n-th transmit antenna of the P

th user.
nf Jj is defined as an Lx1 noise vector at the receive antenna j of the p-th user, given by:
= T
n,‘:j—[nﬁ,(t),...,nﬁq(t),...,nﬁL(t)] (3.10)

where n}’ q(t) is a Gaussian random variable with a zero mean and two sided power spectral density

N2 per dimension.
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3.2.2 Receiver Structure

In downlink LSTC-CDMA system, thers is an assumiption that the system has no knowledge of
Channel State Information (CSI), spreading sequences, and fading coefficients except the training
sequence. A block diagram of the proposed adaptive iterative LSTC-CDMA multiuser receiver for the
p-th user is shown in Figure 3.8. This structure consists of K adaptive iterative LSTC-CDMA single
user receivers, each with an adaptive detector followed by N parallel soft-input soft-output channel
decoders. The received signals are first input to the adaptive detector. The detector outputs are then fed
to the time and spatial deinterleavers, definded by 11 and sm-!, respectively. The deinterleavers
outputs are then decoded by a Maximum A Posteriori (MAP) decoder. The estimated soft symbols of
MAP decoders from all users are sent to the spatial and time interleavers, and then fed back to the
adaptive detector under iterative technique to cancel the interference from adjacent antennas of the user,

called CCI, and the interference from other users, called MAL
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H
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Figure 3.8 Block diagram of LSTC- CDMA receiver structure.

The challenge in detection of space-time signals is to design a low-complexity detector with
improving system performance. Hence, two detector structures in time and frequency domain system
are investigated in this proposed receiver design. Three main detection algorithms are studied. The
MAP approaches [84], which minimizes the big error probability at the decoder output, is employed in

this structure.
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3.2.2.1 Time Domain Adaptive Iterative LSTC-CDMA receiver

The block diagram of the adaptive iterative LSTC-CDMA receiver for the p-th user in time
domain system is shown in Figure 3.9. In the proposed adaptive receiver structure, N sets of adaptive
detector consist of M equalizers for the feed-forward filter and an equalizer for the feedback filter
modules. An equalizer, employed in the proposed adaptive detector, is based on the LMS, PFGLMS and
RLS algorithms. The detector output for each layer is obtained from combining a feed-forward and a
feedback filter output. In the iterative process, the feed-forward filter is compensated for the channel
estimation error, and the feedback filter is used to cancel the interference from adjacent antennas and
other users. In the first iteration, there are no estimated symbols from the decoders and the feedback
filter coefficients are zeros; thus, the feedback filter output is also zero. In the feed-forward filter, the M
adaptive equalizers are used to estimate the channel coefficients and signature sequence for each layer
of each user. The equalizer outputs from all receive antennas are added to obtain a feed-forward filter

output signal for each transmit antenna as shown in Figure 3.9,

r Feed-forward
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o RAZZ M AN IR :l ,my,',?oﬂ,e,
° ° . I | A <_|—_ users
° ° = MR |
S A2 =~ =5 = Train‘r?ng 273 "
l Fl Sequence | 4 Xr
for antenna N|_e
| ¥ X
° I ° gy
L . DEC | | -+ =
[} l ° N y
i TEAT
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l———
I_ Lf._. -1 /,':g ®]  Symbols
Feed-forwar " . from other
Filter N Feedback Filter N oL 4—_'—_ users

Figure 3.9 Block diagram of the time domain adaptive iterative LSTC-CDMA receiver.

Let wf ok (#) be an Lx1 feed-forward tap coefficients vector for the j-th receive antenna of the p-

th user during the -th iteration at symbol interval  and be given by:

W O=[w/F(0),..., w2k (q),... . wlF (L-1)) 3.11)

where Wf }k (g) is the feed-forward tap coefficient corresponding to the g-th chip of the spreading

sequence.
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Alk . .
g;, pis (KN — 1)X1 vector of the estimated soft symbols, at the A-th iteration, from MAP

decoders of every antenna of all users, except the #th antenna of p-th user at symbol interval ¢, given

by:
Ak _ ,alk 2Nk ~ik a1k ANKENT
Xep ™ (X erss X0 oo X gy Xyg 5o Xy 1) (3.12)
Ak __calk A2k Ad-lk ai+lk AN,k

where X, = (XX X N R S YD) (3.13)

Let w;;k (¢) be the feedback filter coefficients of all users, except the i-th antenna of the p-th
user, at symbol interval ¢ in time domain, is expressed as:
ik N LK Nk
W (=W (e W (@), W (), WA (0), e WL MOl (3.14)

where Wa (O O W O WE (), Wi (D] (3.15)

The detected symbol of the p-th user obtained at the output of the adaptive detector for the i-th

antenna during the k-th iteration at symbol interval ¢, denoted by y,’, p » is defined as:

M
K N3 H X k
Viip = Z Wt ef w07 &, (3.16)
-t

Lk ) il ..
The detector soft output }; ,, in the time domain is then compared to training symbol, denoted
tp p g sym
ik . ! 3 .
by X, p - The difference between them is calculated as the detection error. The detection error for the p-

ik
th user in the k-th iteration at symbol interval ¢, for i-th antenna, denoted by €, p» is represented by:

ik ___ ik ik
et,p _yt,p -xt,p (3.17)

The detection error is then used to adapt the feed-forward filter and feedback filter tap
coefficients in the time domain. After the Mean Square Error (MSE) approaches a specified value, the
training mode is switched to the decision directed mode, in which the training sequence is replaced by
the hard decision output of each user detector. In the decision directed mode, the detection error is given

by the difference between the detector output and the hard decision of the detector output.

The values tap coefficients, Wf * (t) in (3.11) and feedback filter tap coefficients, W;,’k ®) in

(3.14) are calculated by minimizing the mean square error, defined as ¢, and given by

- ik |2 - 2
¢ =mim (Ele,:p ) = mm(E[ ] (3.18)

Finally, the value of W% * (t) and wh () can be calculated recursively by the adaptive
J b

ik
Yep ~ Xep

detection algorithms such as LMS, PFGLMS and RLS, as shown in section 3.2.2.3.
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3.2.2.2 Frequency Domain Adaptive Iterative LSTC-CDMA Receiver

In this section, a new low complexity frequency domain adaptive iterative receiver for LSTC-
CDMA system is presented. The proposed frequency domain adaptive receiver is a modified structure
of time domain adaptive iterative receiver, presented in section 3.2.2.1, for computational complexity
reduction purpose. Therefore, the proposed receiver uses the frequency domain equalizer to replace the
time domain equalizer. As the results, both receiver structures receive the signal from same transmitter
structure as presented in section 3.2.1.

The block diagram of the proposed frequency domain adaptive iterative receiver for LSTC-
CDMA is shown in Figure 3.10. In the proposed system, an adaptive frequency domain equalizer (FDE)
is employed in the adaptive detector for both feed-forward and feedback filter. The FDE also uses
adaptive detection algorithm for its adaptation process. However, the detector outputs are passed to the
time deinterleaver followed by the spatial-deinterleaver after the adaptation process. Then the spatial-
deinterleaver outputs are encoded by parallel MAP decoders. If the system performance achieves a
satisfactory level, the decoder soft outputs are then passed to a decision device to make a decision for
the desired outputs; otherwise the iteration process is needed for further improvement in the interference

suppression and cancellation.
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Figure 3.10 Block diagram of the frequency domain adaptive iterative LSTC-CDMA receiver.
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The adaptive detector consists of an adaptive feed-forward filter and an adaptive feedback
filter. In the feed-forward filter module, the adaptive feed-forward filter of each user is a frequency
domain equalizer. It’s used to estimate the channel coefficients and signature sequences of each user, as
well as to suppress the interference in the system. So, the received signal at each receive antenna is
transformed into the frequency domain using the fast Fourier transform (FFT) and the convolution is
also performed in the frequency domain. Then, the inverse fast Fourier transform (IFFT) transforms the
feed-forward filter output signal from the frequency domain into the time domain.

For the proposed receiver, L chips received signals (r,f'j) of p-th user at the symbol ¢ are
transformed by using Fast Fourier transform (FFT) into frequency domain. The output of each FFT is
defined by:

o7, = () (3.19)
where j=1,...,M ,@7 is the received signal of j-th receive antenna of p-th user at time ¢ in frequency

domain, represented by

o =|®7;. erfi 8] (3.20)
L-1 ; ~Jj2rql
where @fj'jq = Z r,f’jr e\ L (3.21)
=0

and _/ft() is the fast Fourier transform function, and ® f 'j" , g=1,...,L, is the FFT transformation of the

received signal for the j-th receive antenna of the p-th user at the ¢-th chip of the ¢-th symbol.

w f * (t)is LX1 feed-forward tap coefficient vector for the j-th receive antenna of the p-~th

user during the k-th iteration at symbol interval t, is given by
w I O=Iw/ (0),ee s W2 (@), s wEF (LD (3.22)

Let ‘P,’f }k represents the FFT of the feed forward filter tap coefficient vector of the p-th user

for k-th iteration at the time ¢, at the receive antenna j, defined by

¥t = fr(wit) (3.23)
where: ot =[P 0), (), ¥ (L - n] 622
-j2nlq
and ¥/l (g)= Z wlilt(e * (3.25)
=0

@, , is then sent to the feed forward filter to perform the convolution with the feed forward tap
coefficient ‘P,"'j" in the frequency domain. The output of each feed forward filter is combined together

and is denoted by
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=ik M, H o
F.,= Zd:ag(@fj) R S (3.26)

J=1

. H
where diag () and () denoted a diagonal matrix and a conjugate transpose function respectively.

—ik
Next, F.,, is transformed back into the time domain by the inverse FFT (IFFT). The feed

forward filter output of p-th user in the k-th iteration at time ¢, for layer i, is given by

Flj =1p - F! (3.27)
where I, =[1 0,_,] , 0, isarow vector of length L-1 containing all zero, and
Al. . —i,k
Fl=ifft(Fip) (3.28)
E = [F(0),.., FE(g), o FE(L -] 629
Ak L e . =Jj2rlq
F'¥(q)= —L—Z FlYe L (3.30)
=0

For the feedback filter module, the feedback filter output can be obtained in the same manner as
the feed-forward filter process but the input of the feedback filter is the MAP decoder soft output from
the previous iteration. The estimated symbols from the decoder outputs are fed back to the feedback
filter to cancel the interference from adjacent antennas and from the antennas of other users. The symbol
estimates from the output of the decoders are transformed into the frequency domain using the FFT and
then passed to the feedback filter. Then, the output signal is converted into time domain system by using
IFFT before it is feeded back to feed forward filter.

To cancel MAI and CCI, the estimated symbols from the outputs of the decoders are first input

to the feedback filter and transformed into frequency domain by using the FFT. The output of the FFT is

represented by
Ak
Arh = fHR) (331)
where: A =AM AE (@), AP (KN - 1] (3.32)
. KN -2 ZJ2zam a € (1,...,KN-1)
A (@)= imke KN-I T 3.33
and z,p( ) ’;0 p {p e (1,..K) (3.33)

bk
X, pis an (KN — 1)X1 vector of the estimated soft symbols, at the k-th iteration, from MAP

decoders of all antennas of all users, excluding the j-th antenna of the p-th user, given by

T
alk _ (alk 2Nk sk Alk ANk
X ,= (x,,1 e Xy e s X s X g5 X g ) (3.34)
ik _ oLk a2k ~i-lk ai+lk ANk
where X p —(X,,p,x,,p,..., tp 2 Xip ,...,x,'p) (3.35)
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ik . .
W, (t ) is the feedback filter coefficients of all user except the j-th antenna of the p-th user,

given by
& JE A Y 4 » s ’ ’
w; (=W (0),....w, (O)sers Wy (O Wi )ers Wy O] (3.36)
Lk o -1, B >
where Wb (O =[W A (O, W O W D), RAGY (3.37)
Let ¥} p Tepresents the FFT of _v'{i;,’fp (¢) which is defined by
ik ik
¥, = m(wiko) (3.38)
where: P, =T, B (@), ¥ (KN - ] (3.39)
KN=-2 -j2xam
and (@)=Y whke (3.40)
=0

ik . .

The output of the FFT, as denoted as A:, p in (3.31), is then input to the feedback filter to
perform convolution with the feedback tap coefficients 'Pf,b in (3.38) in frequency domain. Hence, the
feedback filter output signals, defined by

— - .. H
Fy, = (dlag (A’;f‘p ) Ha p) (3.41)

tb,p
and then transformed back into time domain by IFFT. The feedback filter output is given by
) y — ik
Fl, =15 ifft(Fisp) (3.41)

where I, =[1 04,_,] and 0, _, is a zero row vector with length of KN-1, and

A, —ik
EhE = ifft(Fis.p) (3.42)
where B = F Wy F (@), s Flf (KN 1) (3.43)
e 1 KN=2 : ~J2zam
and Fl,};,p(a) =m Z—:o F;,mb:pe X (3.44)

The detected symbol of the p-th user obtained in the k-th iteration at time ¢, for layer #, denoted by

ik ik ik
Yo =F, v F, (3.45)
where F;': and F;',,k p Tepresent feed forward and feedback filter output in time domain, given in

(3.27) and (3.41) respectively. Note that the output of the feedback filter is zero at the first iteration.
The values of W f *(#) in (3.22) and W;,'k () in (3.36) are calculated by minimizing the mean
square error, defined as
- M . E ik ik 2
¢ =Min |yt = x| (3.46)

and they can be determined recursively by the adaptive detection algorithms as show in section 3.2.2.3.
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3.2.2.3 Adaptive Detection Algorithms

In the adaptation process of both proposed receiver structure, the adaptive detection algorithms
are used in order to compute the value of feed forward and feedback tap coefficients. It is obvious that
the LMS adaptive filter scheme is simple to implement with low computational complexity and capable
to track the channel variation by recursively updating the filter tap coefficients.

So, the values of feed forward tap coefficients in (3.11 and 3.22) and the values of feedback tap

coefficients in (3.14 and 3.36) can be determined recursively by LMS algorithm as follows [21]:

whtE+ ) = w0+ e, (3.47)

LA ERVERIORYINS el (3.48)

where p, and £4, are the step sizes for the feed-forward and feedback adaptation.

As the LMS algorithm has slow convergence and may not track in a non-stationary
environment very well, the partially filtered gradient LMS (PFGLMS) algorithm [20] based on an
exponentially weighted least square error is utilized to improve the convergence speed with a slight
increase in complexity. The modified feed-forward and feedback coefficients of the PEGLMS algorithm
can be expressed as:

(t+ D= w £() + ,ufg (1) (3.49)
Wi (e 1) = Wi () + 85 (1) (3.50)

g7 (1) = e(r), + 87 (1)

g 0o (3.51)
F@®=4,87 -+ 7 e

where

gyt (1) = e()&, + &4 (1)

’*II: ik alk (3.52)
(1) =48, (t-1)+ 71;3(’)?.‘_/:,;

and

where (A ,/1,,) and (¥ £ }’b) are the forgetting factors and the scaling factors of feed-forward and

feedback adaptation respectively, and §':* (0) = §}*(0) = 0

Although PFGLMS algorithm has a better convergence speed compared to conventional LMS
algorithm, it may not track in a non-stationary environment very well. In reality, Recursive Least
Squares algorithm behaves much better in term of steady state Means Square Error (MSE) and transient
time with a faster convergence speed. So, tap coefficients of feed forward and feedback filter, can be

determined recursively by Recursive Least Squares (RLS) algorithms as the following equations [21]:



56

Feed-Forward tap coefficients

Wt +1) = whk () + g8 (£ + De(?) (3.53)

Uj”"(t)r,f’j
Ay e TUT O, (.54
Uk )= 2,102 ¢ -1)- A (LR (LA (V)

p.k
t+1) =
where & ( )

Feedback tap coefficients
wpt(t+1) = wit @)+l ¢+ De(r) (3.55)

alk
p.k _ U[f k(t)x: N
g, (t+1) = ~ I KT 11 pk f No ik
where Ay + X, UPt (DX, (3.56)

UH() = 4,0 (-1 - gl (O ULk (1~ 1)]

where 1/, and gj;’; are defined in (3.6) and (3.12), (4,,4,)are the forgetting factor of feed-forward
and feedback adaptation respectively. The initializations of RLS algorithm are:

- w(0)=0

- U=5""1
where O is the inverse of the input signal power estimate and the recommended value is

5>1000" ,Iisthe (p + 1) by (p + 1) identity matrix and p is the filter order.

3.2.2.4 MAP Decoder

In the proposed receiver structure, detector output for user p, denoted by y,"’: , is decoded by
Maximum A Posteriori (MAP) Decoder. The soft-output from the decoder is used to suppress the
interference in the feedback filter in the next iteration. The process of this adaptive iterative
detection/decoding is performed until the symbol estimation can converge to the optimal performance.
The soft-output from the decoder in the last iteration is then fed into a decision device to produce a
decision. For a Binary Phase Shift Keying (BPSK), the functions for the transmitted modulated symbols

1 and -1 can be written as:

P

= 4l)= L (y' 71f 3.57)

i - pon b

The Log-Likelihood Ratios (LLR) is determined in the -th iteration for the i-th transmit layer

ik
of p-th user, denoted by A t,p
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Pl =1ly#)
Plxit =1yt

A% =log (3.58)

Lk ‘
The symbol A Posteriori Probabilities (APP) P( x:,p= q| y,':',‘,), with ¢ equal 1 and -1,

., . . . . i’k
conditioned on the output variable which is defined as A t,p for p-th user, can be obtained as:

Ak
ik _q|. ik} € 7
P(xt,p = llyt,p)‘ v (3.59)
Ak
e "7 +1
. . 1
& Ko
and P (x:,p = ‘ly:,p)— P (3.60)
e’ +1

The soft-output symbols are estimated in the i-th layer and k-th iteration for p-th user,

calculated as:

e

v w
I
—

RG= & (3.61)

3.3 Complexity Analysis

In order to calculate the number of complexity of the proposed receiver structure, the receiver
computational complexity are defined as the required number of signal processing operations per coded
symbol and per layer. Both multiplications and addition are calculated for each coded symbol with K
users, N transmit antennas, M receive antennas, / iterations and L spreading sequence length. Moreover,
the purpose of complexity calculation is to compare the cost between the time domain receiver and
frequency domain receiver by using different types of adaptive detection algorithms. So, the complexity
of the detector is only considered since the decoder is the same for both implementations.

3.3.1 Time domain

In time domain system, the computation requirement for each feed forward filter parameters
require L multiplier and (KN-1) multiplier for those of the feedback filter.

The time domain detector soft output y,’f, in (3.16) is given as the follows:

Yk = S W) e W ()" 3%
J=0

So, the total number of computational complexity, CC of the detector is defined as:

detector®

CC

detector

=KI[M(CC+ L) + (CC,HKN-1))] (3.62)
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LMS Algorithms
By using LMS algorithm, the total number of CC, and CC, can be defined base on the Equation
(3.47) and (3.48) as the follows:
CC=L+1
CC,=(KN-1)+1 =KN
So, the total number of computational complexity of the detector by using LMS algorithm is
defined as:

CCo = KITM (2L+ 1) + KN - 1)] (3.63)

PFGLMS Algorithins
The total number of CC;and CC, can also be calculated according to the Equation (3.49-3.52)
as the follows:
CC=3L+1
CC,=3(KN-1)+1=3KN-2
So, the total number of computational complexity of the detector by using PEGLMS algorithm

is defined as:

PFGLMS
Ccdetector

= KI [M(4L+ 1) + (4KN - 3)] (3.64)

RLS Algorithms
According to equation (3.53-3.56), the CC, and CC, are given as:
CC,=5L +1
CC,=5(KN-1)+1 =5KN -2
So, the total number of computational complexity of the detector by using RLS algorithm is
defined as:

CCXS = KI{M(6L+ 1) + (6KN=5)] (3.65)

detector

3.3.2 Frequency domain

The frequency domain adaptive detector soft output }, ,If, in (3.45) is given as follows:
y:i = th,pk + Frff»’ip
"In principle, the computation requirement for frequency domain adaptive detector requires
Log,L of multiplier for each feed forward filter as well as Log,(KN-1) for feedback filter. Therefore, the
total numbers of complexity of the adaptive detector by using different algorithms are defined as the

follows:



CcLMS

detector, frequency

PFGLMS
Ccdﬂcctor, frequency

CcRLS

detector, frequency

=KI[Mlog,(2L + 1) + log,(2KN -1)]
=KI[Mlog,(4L + 1) + log,(4KN -3)]
= KI[Mlog,(6L + 1) + log,(6KN —5)]
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(3.66)
(3.67)
(3.68)

The summary of the complexity comparison between time domain and frequency domain filter

and its example are listed in Table 3.1 and Table 3.2 respectively. It can be observed that the

computational complexity in the frequency domain is significantly lower than that of the time domain

approach. Moreover, the complexity of the detector base on RLS algorithm is higher than that of

PFGLMS and LMS algorithm respectively. Although RLS and PFGLMS algorithm have higher

complexity compared to the LMS algorithm, their convergence speed, which is going to be presented in

Chapter 5, is much faster than that of the LMS. Moreover, the numbers of multiplications of the

proposed adaptive iterative LSTC-CDMA receiver are much lower than that of the non-adaptive MMSE

receiver which was proposed in [17, 18].

Table 3.1. Complexity comparison between time and frequency domain receivers.

Algorithms LMS

PFGLMS

RLS

Time Domain

KI{ M(2L+1) + 2KN-1 ]

KI'[ M(4L+1) + 4KN-3 ]

KI[ M(6L+1) + (6KN-5) ]

Frequency Domain

KI[ Mlog,(2L+1) +
log,(2KN-1) ]

KI[ Mlog,(4L+1) +
log,(4KN-3) ]

KI[ Mlog,(6L+1) +
log,(6KN-5) ]

[17, 18] Non-adaptive MMSE receiver (Time domain) = KIIM(L+1) + SM(L+1) + 4(KN-1)]

N=number of transmit antennas, M= number of receive antennas,

K= number of users, L= processing gain, I= number of iteration

Table 3.2. Complexity comparison in number of multiplications.

Algorithms LMS PFGLMS RLS
(Number of multiplications)

Time Domain 4900 9500 14100
Frequency Domain 1206.17 1492.50 1663.40
[17, 18] Non-adaptive MMSE receiver (Time domain) = 18000

N=2, M=2, k=5, L=17, F20
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3.4 Conclusion

An adaptive iterative LSTC-CDMA receiver for MIMO systems in Rayleigh fading channels is
presented in this chapter. The proposed receiver is investigated in both time and frequency domain base
on three main adaptive detection algorithms such as LMS, PFGLMS and RLS. As the result, the
proposed receiver can suppress the system interference, such as the CCI and MAI, from the received
signal with a number of iterations by using the design of interference suppression and cancellation
techniques. Moreover, the use of a decoding stage at each iteration allows for a greater performance
improvement over multistage detectors, due to the higher reliability of the co-channel interference and
multiple access interference estimation. The comparison of the complexity is considered only the
complexity of the detector since the MAP decoder has been used with all detectors in the receiver
structures. It is shown that the proposed frequency domain receiver has a significant reduction in
computation complexity and achieves the same performance compared to the time domain system. The
system performance of adaptive iterative LSTC-CDMA system in both time and frequency domain are
quantified through the simulation results which are going to be presented in Chapter 5.

However, it is a difficult task to enlarge the network capacity and improve the quality of service
due to the multipath fading of wireless channel. By comparing to adaptive CDMA receiver, G-RAKE
receiver can theoretically provide significant gains in performance by suppressing interference and
combat the effect of multipath channels. Hence, the design of the combination between G-RAKE

receiver and LSTC-CDMA receiver will be discussed in the next chapter.



Chapter 4

Adaptive Generalized RAKE LSTC-CDMA Receiver

The design of system model of a Generalized RAKE LSTC-CDMA receiver in both time and
frequency domain systems are presented in this chapter. The least means square (LMS), the partially
filtered gradient LMS (PFGLMS) and the recursive least squares (RLS) algorithms are used for both
feed-forward filter and feedback filter in the adaptive detection in order to determine the weight
coefficient of each finger element. Moreover, the proposed adaptive G-RAKE receiver is based on a
joint adaptive iterative detection and decoding algorithm same as the adaptive iterative receiver that was
proposed in Chapter 3. However, this receiver has the ability not only to effectively cancel the system
interferences but also adaptively mitigate the effect of multipath fading. Chapter 4 is organized as
follows. Firstly, there is an explanation of the motivation of this proposed research work. Then, system
model is demonstrated, which is mainly focus on proposed transmitter and receiver structure. The detail
description of the receiver’s design in both time and frequency domain is presented and followed by the
explanation of the adaptive detection algorithms. Finally, there is a conclusion of this work.

4.1 Introduction

The development of communication systems over the past decade has had a significant impact
on the modern life of people in today’s society. As the results, wireless technology is experiencing
spectacular developments according to the emergence of interactive and digital multimedia applications
as well as rapid advance in the highly integrated systems. Code division multiple access (CDMA) is-an
access scheme that shows a promising to meet these ever growing capacity demands of wireless services
[85]. At the same time, a large amount of research also addressed MIMO systems which are encouraged
by the demand for higher link capacity. In order to reduce the computational complexity and improve
the system performance of these evolving systems, the recent research works on the combination of
MIMO and CDMA systems were proposed [16-18, 72-78]. Moreover, an adaptive iterative receiver for
LSTC-CDMA system has also been investigated in Chapter 3 in both time and frequency domain, in
order to improve the quality service of data transmission and reduce the cost of system design.

However, it is a difficult task to enlarge the network capacity and improve the quality of service
due to the multipath fading channels. Furthermore, system capacity is limited by multiuser interference
in the downlink of DS-CDMA systems. This interference can be suppressed at the receiver by

interference whitening approaches such as chip equalization and generalized RAKE (G-RAKE)
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reception [86]. The generalized RAKE (G-RAKE) receivers for interference suppression and multipath
mitigation have been developed in [87-89] as shown in Figure 4.1. The G-RAKE receiver scheme is
based on the RAKE receiver structure but with different finger placement and combining coefficients
than used in the conventional RAKE receiver. Therefore, the conventional RAKE receiver is a special
case of G-RAKE receiver when the number of fingers is equal to the number of multipath. The
combining coefficients are developed according to the maximum likelihood criterion and take into
account the spectral coloration of the interference and noise introduced by the combined effect of
multipath channel and the pulse shaping filter. The G-RAKE scheme can improve the performance by
using more fingers than channel multipath, as some of the fingers are used for whitening the colored
interference plus noise term. This scheme is capable of taking into account also interference caused by
neighboring cells and is not restricted to dealing only with own cell interference. It was shown that
significant improvement over conventional RAKE can be achieved both in system performance and
system capacity. Furthermore, G-RAKE receiver can theoretically provide significant gains in
performance, by suppressing interference and combat the effect of multipath channels [89], than that of

the adaptive iterative receiver.

Finger 1
| delay Spreading waveform y(d')=/)-(\—
1 d correlator '\T/
W
Finger 2
r(t ): ,| delay Spreading waveform | | ¥(d; )_/)'(\ ‘f‘_i'_\ Z
dy correlator 7 "\‘K "
W,
[ J ® L ]
[ ] L ] [ ]
[ J L [ ]
Finger U
| delay Spreading waveform | ; ¥(dy) N
1 dy correlator N
Wy

Figure 4.1 G-RAKE receiver structure.

In this chapter, a generalized RAKE receiver for LSTC-CDMA systems in multipath fading
channel has been proposed in both time and frequency domain. The proposed receiver is the result of the
combination between the existing system model, which is proposed in Chapter 3, and the G-RAKE
receiver structure. The G-RAKE LSTC-CDMA receiver has the ability to combat the effect of multipath

fading channel, cancel the system interferences by using the interference suppression and cancelation
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techniques, to reduce the system computational complexity that lead to a decrease in cost of system
design and to improve the convergence speed with high quality services of data transmission.
Consequently, the proposed adaptive detectors; based on the LMS [21], PFGLMS [20], and RLS
algorithms [71]; were investigated. Moreover, how interference suppression at the receiver can
significantly improve downlink system capacity for the LSTC-CDMA systems is also presented.

4.2 System Model

4.2.1 Transmitter Structure

Enc MOD
Input Data . ! H < 1| |
User 1

——{S/P . .
—L—l Enc, [—{MOD,

Enc, }—hlIOD1
Input Data p -

User K = .
L L
—l—| Ency, |—|MODN|—’— —|—|_r1_N_|-—Q<<
PN,

— S/P
Figure 4.2 LSTC-CDMA transmitter structure,

The layered space-time coded transmitter structure for multiuser systems in downlink wireless
communications, as shown in Figure 4.2, is utilized in the proposed system model. However, the system
performance design and the system performance comparisons are considered only at the receiver end.
Therefore, the transmitted signals of all N transmit antennas are the same transmitted signals as given in
Chapter 3.

The equations represent the transmitted signals from input data users to the receiver end are

presented as the follows:
b=[b;,bs,....0,....0; 1" @.1)

where b is the coded signal vectors transmitted by K users through N transmit antennas,
b,=[b lp sees b; sees b ,l,v ] and b; is the information bit of the p-th user for n-th transmit antenna

with #=1,..,N and p=1,..K.
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1 N .
S=[Sl,...,sl ,.:“S;-..SIK:...S%] (4_2)
where S represents the L x KN spread transmitted sequences of K users for » transmit antennas,
n n, 3
S5p= [s p rreesS pq,” ] and Sp 27 is the g-th chip of a spreading sequence for the p-th user and

n-th transmit antenna with n =1,..., N; p=1,...X; and ¢=1,..,L.

HY; = diag (hf poees B ) kvekn 4.3)
where Hf; represents the fading coefficient from j-th receive antenna to n-th transmit antenna of the p-th
user, hf, = diag[h j"_ 1 Oseees B, (0, B 7w (] pey and h jl-)’ n (£) represents the fading coefficient from j-th

receive antenna to n-th transmit antenna of the p-th user.

T
7 =80, nf g (0 eesnd L ()] (4.4)
where 1 f j is defined as an Lx1 noise vector at the receive antenna j of the p-th user and n (t )is a

Gaussian random variable with a zero mean and two sided power spectral density N./2 per dimension.

r/, =SH; b+n;, 4.5

where T, j is the received signal vector for the p-th user at the receiver antenna jaj=1,...,M, for symbol
— s K L g . . B .

rp [r,pj 5o r,‘}" 1. r,f} ] and r,, j 1s the received signal for the p-th user at the g-th chip of

the #-th symbol for j-th antenna.

4.2.2 Receiver Structure

In a downlink CDMA system, it was assumed that all the users have the same number of
antennas and each user can detect all other user's information and suppress them in its receiver, just like
a conventional multi-user detection. A block diagram of the proposed adaptive G-RAKE LSTC-CDMA
receiver is shown in Figure 4.3. It consists of M receive antennas with K adaptive detector followed by
N paralle]l soft-input soft output channel decoders. The received signals are first processed by the
adaptive detector. The detector outputs, corresponding to the N transmitted antennas for each user, are
then fed to the time and spatial deinterleavers, denoted by 7' and sz’ respectively. The outputs of
the deinterleavers are decoded by parallel MAP decoders. CCI and MALI interferences are cancelled by
an iterative technique. The soft output of the MAP decoders, which have the same algorithm as the one
in Chapter3, from all users are sent to the spatial and time interleavers, and then fed back to the adaptive
MMSE detector. A soft estimate of a particular user’s signals transmitted from a given antenna is

obtained by cancelling the interference from other antennas and other users.
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Figure 4.3 LSTC-CDMA receiver structure.

4.2.2.1 Time Domain Adaptive Generalized RAKE LSTC-CDMA Receiver

The block diagram of the adaptive iterative generalized RAKE LSTC-CDMA receiver for the
p-th user is shown in Figure 4.4. In the proposed adaptive receiver structure, N sets of adaptive detector
consist of M equalizers for the feed-forward filter and an equalizer for the feedback filter modules. An
equalizer, employed in the proposed adaptive detector, is based on the adaptive detection algorithms
such as: LMS, PFGLMS and RLS algorithms.

In order to determine a weight coefficient of each finger element, the proposed detector
employs an adaptive G-RAKE structure and antenna array processing. The structure consists of a bank
of U RAKE fingers, each correlating to a different delay of the received signal. Unlike the conventional

RAKE receiver, the G-RAKE receiver benefits from using more fingers than the number of multipath.
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The detector output for each layer is obtained from combining a feed-forward and a feedback
filter output. In the iterative process, the feed-forward filter is compensated for the channel estimation
error, and the feedback filter is used to cancel the interference from adjacent antennas and other users.
In the first iteration, there are no estimated symbols from the decoders, and the feedback filter
coefficients are zeros; thus, the feedback filter output is also zero. In the feed-forward filter, the M
adaptive equalizers are used to estimate the channel coefficients and signature sequence for each layer
of each user. The fingers outputs are used to combine with the signal from all receive antennas to form a
decision statistic. Then, the equalizer outputs from all receive antennas are added to obtain a feed-
forward filter output signal for each transmit antenna as shown in Fig. 4.4.

Let wj’ * (#) be an Lx1 feed-forward tap coefficients vector for the j-th receive antenna of the r

th user during the 4-th iteration at symbol interval ¢ and be given by:
WA= (0), s W/ (@), w2 (LD 4.6)

where w,’,’ }" (g) is the feed-forward tap coefficient corresponding to the g-th chip of the spreading
sequence.
Let W;,’k (#) be the feedback filter coefficients of all users, except the i-th antenna of the pth

user, at symbol interval ¢ in time domain, is expressed as:
W OIS (O, Wy (O, Wil (s Wi (O, WK (OT @
where Wit O=[wy s (1), Wy (), W (), W) 0] (4.8)

g::f, is (KN - 1)X1 vector of the estimated soft symbols, at the k-th iteration, from MAP decoders

of every antenna of all users, except the i-th antenna of p-th user at symbol interval ¢, given by:

abk _ s2lk "Nk ~ik ~1,k ANKNT
Xep = (xt,l sy Xy [ sees Xyl gy X' g s Xy ) 4.9
"lk “2k ~i-1k ~i+lk ANk
where ( ¢ p9 tLp? --7x1’p aX,,p ,""X;,p ) (4.10)

. .. .. P,
The finger outputs are then combined to form a decision statistic. z, ;j is the finger outputs for u-

th finger of p-th user at the receive antenna j and transmit antenna i for symbol ¢ and be represented by:

zf,=17,6(t-0, ) (4.11)
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The detected symbol of the p-th user obtained at the output of the adaptive detector for the i-th
antenna during the k-th iteration at symbol interval £, denoted by y,':: , is defined as:

M

ik _ ik o\NH ik NH ok
yl,,p,RAKE = Z wlj @) z:jj + W, (¢) l:,p 4.12)
Jj=0

ik . . ..
The detector soft output ,, in the time domain is then compared to training symbol, denoted

ik . . . .
by X,’, . The difference between them is calculated as the detection error. The detection error for the r

. N . ik
th user in the A-th iteration at symbol interval ¢, for i-th antenna, denoted by €. p » 1s represented by:

e =YX, (4.13)

The detection error is then used to adapt the feed-forward filter and feedback filter tap

coefficients in the time domain. After the Mean Square Error (MSE) approaches a specified value, the

training mode is switched to the decision directed mode, in which the training sequence is replaced by
the hard decision output of each user detector.

The values tap coefficients, Wf,’k (2) in (4.6) and feedback filter tap coefficients, Wf’k (®)in

(4.7) are calculated by minimizing the mean square error, defined as £, and given by
é’*mim(EIe""‘ lz)—min(E[ P e '2]) (4.14)
i [N 1! yl,p,RAKE t,p .

4.2.2.3 Frequency Domain Adaptive Generalized RAKE LSTC-CDMA Receiver

The block diagram of the adaptive G-RAKE LSTC-CDMA receiver for the p-th user in
frequency domain system is shown in Figure 4.5 In the proposed adaptive receiver structure, N sets of
adaptive detector consist of M equalizers for the feed-forward filter and an equalizer for the feedback
filter modules. In the iterative process, the feed-forward filter is compensated for the channel estimation
error, and the feedback filter is used to cancel the interference from adjacent antennas and other users. A
frequency domain equalizer (FDE) is employed in the adaptive detector for both feed-forward and
feedback filter. The FDE also uses adaptive detection algorithms for its adaptation process.

In order to determine a weight coefficient of each finger element, the proposed detector
employs a G-RAKE structure. Unlike the conventional RAKE receiver, the G-RAKE receiver benefits
from using more fingers than the number of multipath. Therefore, the structure also consists of a bank of

URAKE fingers, each correlating to a different delay of the received signal.
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Next, the detector outputs are passed to the time deinterleaver followed by the spatial-
deinterleaver after the adaptation process. Then the spatial-deinterleaver outputs are encoded by parallel
MAP decoders. If the system performance achieves a satisfactory level, the decoder soft outputs are
then passed to a decision device to make a decision for the desired outputs; otherwise the iteration
process is needed for further improvement in the interference suppression and cancellation. In the first
iteration, there are no estimated symbols from the decoders, and the feedback filter coefficients are
zeros; thus, the feedback filter output is also zero.

Zf j is the finger outputs for u-th finger of p-th user at the receive antenna j and transmit

antenna i for symbol ¢ and be represented by:
z], =r/o(t— 6 W) (4.15)

where a’,,u represents the delay of each finger « at receive antenna j and transmit antenna i and the
received signals I j is defined in (4.5).
Then, the outputs are transformed by using Fast Fourier transform (FFT) into frequency

domain. The output of each FFT is defined by:

@,"/=fft(z{fj) (4.16)
where j=1,...,.M,0/ , is the received signal of j-th receive antenna of p-th user in frequency domain,
represented by

)1 A
e, =[e/,.,00,.,0""] 4.17)
L-1 —Jj2rql
where 0= /z—o 23t @ 4.18)

,and ﬁ"t() is the fast Fourier transform function, and @ {’}‘l, g=1,...,L, is the FFT transformation of the
received signal for the j-th receive antenna of the p-th user at the g-th chip of the ¢-th symbol.
w 5’ * (t)is LX1 feed-forward tap coefficient vector for the j-th receive antenna of the p-th

user during the 4-th iteration at symbol interval t, is given by
whtO=[w/(0),...,wrF (@), , Wl (L-D)] (4.19)

Let ‘I’f }k represents the FFT of the feed forward filter tap coefficient vector of the p-th user

for k-th iteration at the time ¢, at the receive antenna j, defined by

= frr(wrt o) (4.20)
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@, ; is then sent to the feed forward filter to perform the convolution with the feed forward tap
coefficient ¥/ }" in the frequency domain. The output of each feed forward filter is combined together

and is denoted by
—i1k Mo o\ ok
Fip=|) diag(®!) ¥/ (4.21)
=1
where diag () and ()H denoted a diagonal matrix and a conjugate transpose function respectively.

Next, ﬁ:’; is transformed back into the time domain by the inverse FFT (IFFT). The feed

forward filter output of p-th user in the k-th iteration at time ¢, for layer i, is given by
ik S 0Lk
F'r=1g-F,, (4.22)

whereI, =[1 0,.,] ,0,_, is a row vector of length L-1 containing all zero, and = ifft( F—:Z: ) .
To cancel MAI and CCI, the estimated symbols from the outputs of the decoders are first input
to the feedback filter and transformed into frequency domain by using the FFT. The output of the FFT is
represented by
X' Vs ik
A:,p -~ ﬁi(l‘,,p) 4.23)

Ak

_J_K,z pis an (KN — 1)X1 vector of the estimated soft symbols, at the #-th iteration, from MAP

decoders of all antennas of all users, excluding the j-th antenna of the p-th user, given by

. X T
albk _ (alk ANk ~ik alk ANk
X, —(x,,1 v Xy s X Xy X )

(4.29)

WZ’" () is the feedback filter coefficients of all user except the j-th antenna of the p-th user,
given by

Wit =W O, W, (), Wi (O s W (), Wo (O] (4.25)
Let W}, , represents the FFT of w ;',kp (£), is defined by

¥, = (vt o) (4.26)

The output of the FFT, as denoted as Aﬁ:’; in (4.23), is then input to the feedback filter to
perform convolution with the feedback tap coefficients W f,b, , in (4.26) in frequency domain. Hence,

the feedback filter output signals, defined by

F'y, = (diag (A','f‘p” ) v p) 4.27)
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and then transformed back into time domain by IFFT. The feedback filter output is given by

Fl =1, - ifft(Frsp) 428)

—ik
where I, =[1 0., ] and 0,, _, isa zero row vector with length of KN-1, and F,'b"p ifft(F :,b,p ).

The detected symbol of the p-th user obtained in the 4-th iteration at time ¢, for layer i, denoted by
ik _ ik ik
Yi.p,RAKE = Ft,p + Ft,b,p (4.29)

where F'f: and F;f;,’fp represent feed forward and feedback filter output in time domain, given in (4.22)
and (4.28) respectively. Note that the output of the feedback filter is zero at the first iteration.
The values of W f o (¢) in (4.19) and Wﬁ,’k (¢) in (4.25) are calculated by minimizing the mean

square error, defined as

§=Min( [ly,pRAKE—x,':;IZD (4.30)

4.2.2.3 Adaptive Detection Algorithms
The modified feed-forward in (4.19) and feedback (4.25) tap coefficients of the LMS,
PFGLMS, and RLS algorithm for frequency domain adaptive G-RAKE CDMA detector can be
expressed as:
LMS algorithm
wht(E+1) = w”"(t)+,ufe

W, +1) = wy (t)"'/‘b

tp fj
g (4.31)

where y, and L4 are the step sizes for the feed-forward and feedback adaptation.

PFGLMS algorithm
HarD=w O+ pet 0
)y =e®al, + 8 0) (4.32)
Aik(’) 2,87 =) +y ezl

Wik +1) = Wik () + gl (1)
() = e(R) + 854 () (4.33)
NMOE A'k(1—1)+7be(f)X,p

where (4,,4,) and (¥/57s) are the forgetting factors and the scaling factors of feed-forward and
feedback adaptation respectively, and @ if'k (0)=¢,*(0) =
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RLS algorithm
wf"‘ (t+) = wj"" )+ gj"" (t+De(t)
Ut Oz,

p.k t+1 = (4.34)
g, (t+1) A, +20 U (0)2f
U (t) = A7 (UK (¢ =1) - g?* ()22, TUL* (1 - 1)]
wlE@E+ D) =wih )+ gft (e + De(r)
Pk (V%
g+l = U, W, (4.35)

2Lk Tyrpk ~ik
ﬂ’b +.§1,p Ub (t).&l,p

UL = A TUL =1 - gl (DR TUL* (1 - 1)]

where (4,,4,) are the forgetting factor of feed-forward and feedback adaptation respectively. The
initializations of RLS algorithm are:

- w(0)=0

- U(©0)y=67"1
where O is the inverse of the input signal power estimate and the recommended value is

8 >10007°, Iis the (p + 1) by (p + 1) identity matrix and p is the filter order.

4.3 Conclusion

In order to improve the network capacity and cancel the interferences of wireless
communications systems, the adaptive Generalized RAKE receiver for LSTC-CDMA systems in both
time and frequency domain is presented in this chapter. The proposed receiver is based on the Least
Means Square (LMS), the Partially Filtered Gradient LMS (PFGLMS) and the Recursive Least Squares
(RLS) algorithms. Due to the higher reliability of the Co-Channel Interference (CCI) and Multiple
Access Interference (MAI) estimation, the G-RAKE LSTC-CDMA receiver can effectively not only
suppress the CCI and MAI using the interference suppression and cancellation techniques but also
mitigate the effect of multipath of fading channel. The system performances of the proposed receivers

are investigated in multipath Rayleigh fading channels, which are presented in Chapter 5.



Chapter 5

Simulation Results and Performance Analysis

In this chapter, the system performances of adaptive iterative LSTC-CDMA receiver and
adaptive G-RAKE LSTC-CDMA receiver are quantified through the simulation results whereby the
performances results have been compared to each other. The performances of the systems are evaluated
in not only slow but also fast multipath Rayleigh fading channels. Consequently, the proposed adaptive
detectors; based on the least means square (LMS), the partially filtered gradient LMS (PFGLMS), and
the recursive least squares (RLS) algorithms; were investigated in both time and frequency domain. The
results show that the system performances of adaptive G-RAKE receiver outperformed to the one of
adaptive iterative receiver. Moreover, the RLS based receiver yields much faster convergence speed and
has better tracking ability than that of PFGLMS and LMS. The simulation results also prove that the
performance results of the proposed receiver in frequency domain system achieve the same performance
as the one in time domain system. The simulation systems and parameters are firstly presented. Then,
the performance results of adaptive iterative LSTC-CDMA receiver are described and followed by the
simulation results of adaptive G-RAKE LSTC-CDMA receiver. Finally, the performance of both
proposed receivers are compared to each other.

5.1 Simulation Systems and Parameters

The system models of both adaptive iterative LSTC-CDMA receiver and adaptive G-RAKE

LSTC-CDMA receiver utilize the layered space-time coding (LSTC) system structure with the selected

components as show in Table 5.1.

Table 5.1 Simulation systems.

Components Selected Components
Encoder Convolutional Code
Decoder MAP

Modulator BPSK

Spreading Codes Gold sequence
Interleaver Random Interleaving
Channels Model Rayleigh Fading Channels
Noise Channels AWGN
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Table 5.2 Simulation parameters.

Number of transmit antenna (N) 2,4
Number of receive antenna (M) 2,4
Number of users (K) 5
Number of iteration (I) 20
Number of multipath fading (NM) 3
Number of Spreading sequences (L) 7

The simulation parameters are summarized in Table 5.2. The constituent codes are
nonsystematic convolutional codes with the code rate R of 1/2 and memory order of 3. The spreading
sequence is a gold sequence with processing gain of 7. The proposed system is simulated with 2 and 4
transmit and receive antennas with multipath fading of 3 and with 130 information bits in each frame
per layer for each user. Each layer consists of 266 encoded symbols per frame. The data rate is 1 Mb/s at
the carrier frequency, f, of 2 GH,. The simulation results are represented in terms of average BER
versus the ratio of averaged energy per bit, denoted by Eb, to the power spectral density of the AWGN,
denoted by No.

5.2 System Performances Results
5.2.1 Adaptive Iterative LSTC-CDMA Receiver
The simulation results for the adaptive iterative LSTC-CDMA receiver with BPSK modulation
in both time and frequency domain systems are presented in this section. The system operates in the
training mode until the mean square error (MSE) approaches the minimum mean square error (MMSE),

then it switches to the decision directed mode.

5.2.1.1 Time Domain Systems
In this section, the simulation results of the proposed adaptive iterative receiver in time domain

systems are depicted in slow and fast Rayleigh fading channels.

a. Slow and Quasi Static Fading Channel
The slow fading channel is modeled as a quasi-static fading channel, where each fading

coefficients is constant within a frame but changes from one frame to another.
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receiver in a quasi-static Rayleigh fading channel with a 2x2 antennas system.
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Rayleigh fading channel with a 2x2 antennas system.
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The convergence speed comparison of thé proposed adaptive iterative LSTC-CDMA receiver
for 2x2 antenna sytems, based on LMS, PFGLMS, and RLS detection algorithms, is showed in Figure
5.1. The figure shows that the convergence speed of RLS algorithm is about two times faster than that of
PFGLMS and four times faster than that of LMS algorithms.

The number of users of the time domain adaptive iterative LSTC-CDMA receiver for 2x2
antennas system at E,/N_ equal to 16 dB is shown in Figure 5.2. The proposed adaptive detector is based
on LMS, PFGLMS and RLS algorithms. The simulation results show that at the number of users equal
to 15 and iterations equal to 5, the BER of LMS based receiver is 3.40 x 10'2, the BER of PFGLMS
based receiver is 3.00 x 107 and the BER of RLS based receiver is 2.70 x 107, These results also show
that when the number of users increases, a higher number of iteration is required to achieve the same
BER. For example, the RLS based receiver requires 5 iterations to achieve a BER of 2.70 x 10” for 15
users while it requires 10 iterations to achieve the same BER for 20 users.

The performances of 2x2, 2x4, 4x2 and 4x4 antennas systems of adaptive iterative LSTC-
CDMA receiver for 5 users under time domain approach are depicted in Figure 5.3, Figure 5.4, Figure
5.5 and Figure 5.6 as below respectively. The result shows that the performances of the proposed
receiver have a significant improvement in the first iteration and gradually improves for the higher
iterations. These four BER curves also show that the proposed RLS iterative receiver has an excellent

tracking ability in the scattering environment than that of PFGLMS and LMS.
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Figure 5.3 The BER performance of time domain adaptive iterative LSTC-CDMA receiver in a quasi-

static Rayleigh fading channel with a 2x2 antennas system.
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Figure 5.7 presents the comparisons of BER performances between 2x2, 2x4, 4x2 and 4x4
antennas systems of proposed adaptive iterative LSTC-CDMA system in a time domain quasi-static
Rayleigh fading channel at the first Iteration. Since the system with 4x2 antennas utilizes more transmit
antennas, the interference caused by other transmit antennas is increased corresponding to the number of
transmit antennas in use. Consequently, the performance of the system of 4x2 antennas is decreased
compared to other three antennas system. On the other hand, when the number of receive antennas are
increased more than the transmit antennas; the ability to track errors and cancel interference is also
increase. Hence, the 2x4 antennas system achieve the best performance.

b. Fast Fading

In the fast fading channel, the fading coefficients are constant within each symbol period and
vary from one symbol to another. The performance of the 2x2 adaptive iterative LSTC-CDMA receiver
at various fading rates based on LMS, PFGLMS and RLS algorithms are shown in Figure 5.8, Figure
5.9 and Figure 5.10 respectively. The results show that the average BER decreases when the fading rate
is increased. When the fading rate is increased, the inputs to the MAP decoder are less correlated and
the decoder has a better performance. However, the adaptive LSTC-CDMA detector is sensitive to the
channel estimation accuracy [32]. Therefore, the average BER of the proposed adaptive iterative

receiver is increased because of inaccurate channel estimation in the fast fading channel.
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Figure 5.8 Performances of the time domain adaptive iterative LSTC-CDMA receiver in various

normalized fading rates based on LMS algorithms.
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Figure 5.11 presents the comparison of the LMS, PFGLMS and RLS receivers at the
normalized fading rate of 0.001 for 2x2 antennas sytem. The result shows that the RLS algorithm has
good tracking ability compared to the PFGLMS and LMS algorithms on a fast fading channel. The
average BER of the RLS receiver is the smallest since the first iteration until 20th Iteration. Therefore,

the RLS receiver is more convenient for the fast fading channels.

5.2.1.2 Frequency Domain Systems

The performances comparisons of the proposed adaptive iterative LSTC-CDMA receiver in
frequency domain by comparing to those of time domain system are presented in this section. The
average BER of the time and frequency domain LMS, PFGLMS and RLS adaptive iterative LSTC-
CDMA receiver of a 2 x2 MIMO system for various numbers of iterations is shown in Figure 5.12,
Figure 5.13 and Figure 5.14 respectively. The results show that the performances of the time and
frequency domain approach are identical. The system performance is significantly improved for the
second iteration compared to the first iteration and gradually increases for higher iterations. The BER
curves also show that the performances of both time and frequency domain system converge to a steady
state after the fifth iteration and can achieve the interference free single user performance for a high

signal to noise ratio (SNR).
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Figure 5.12 The BER Comparison of the adaptive iterative LSTC-CDMA receiver in time and

frequency domain system, based on LMS algorithm.
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Figure 5.13 The BER comparison of the adaptive iterative LSTC-CDMA receiver in time and frequency

domain system, based on PFGLMS algorithm.

Average BER

1 —==— Ist Iteration
|| —©— 5th Iteration
10 § ~—g3— 10th Iteration
i e-sfe 15th Iteration
| —e— 20th Iteration ' ool
| —*— Interference Free Bound |- ----+---- -

Time Domain System  }i-----

= = = = Frequency Domain System

7 8 9

Figure 5.14 The BER comparison of the adaptive iterative LSTC-CDMA receiver in time and frequency
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5.2.2 Adaptive Generalized RAKE LSTC-CDMA Receiver
The simulation results of the proposed adaptive G-RAKE LSTC-CDMA receiver in both time
and frequency quasi-static Rayleigh fading channel for 2x2 antennas system are presented in detail in
this section. Moreover, the 3 fingers and 6 finger RAKE receivers are simulated and compared to each

other. The proposed G-RAKE receiver is also based on LMS, PFGLMS and RLS algorithm same as the

adaptive iterative receiver.

5.2.2.1 Time Domain Systems

The performance of 2x2 adaptive G-RAKE LSTC-CDMA receiver, with 3 multipaths for 5
users, based on LMS, PFGLMS and RLS are depicted in Figure 5.15, Figure 5.16 and Figure 5.17. The
BER curves show that the proposed G-RAKE receiver using 6 fingers outperforms the one using 3
fingers. This proves that the system performance improves when additional finger is placed at a delay;
which is corresponds to no multipath component.

The number of users for adaptive G-RAKE receivers is shown in Figure 5.18, Figure 5.19 and
Figure 5.20. These results also show that when the number of users increases, a higher number of

iteration is required to achieve the same BER.
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Figure 5.16 BER of time domain adaptive G-RAKE LSTC-CDMA receiver based on

PFGLMS algorithms.
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Figure 5.17 BER of time domain adaptive G-RAKE LSTC-CDMA receiver based on RLS algorithms.
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Figure 5.21 shows the BER curve and Figure 5.22 depicts the number of 3 fingers adaptive G-
RAKE receiver, The simulations results are simulated based on three main detection algorithms such as
LMS, PFGLMS and RLS algorithms. It can be clearly seen that the system performance of the receiver
that based on RLS algorithm outperforms to that of PFGLMS and LMS algorithms.
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time domain systems.

5.2.2.2 Frequency Domain Systems
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Figure 5.23 BER comparisons of 3 fingers adaptive G-RAKE LSTC-CDMA receiver in time and

frequency domain systems, based on RLS algorithm.
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Figure 5.24 BER comparisons of 6 fingers adaptive G-RAKE LSTC-CDMA receiver in time and

frequency domain systems, based on RLS algorithm.

According the simulation results which are presented in previous sections, RLS algorithm
achieves the best performance among LMS and PFGLMS algorithms. So, the comparison of the
proposed receivers that based on RLS algorithms are only presented in this section. The comparison of
performance results between the frequency domain and time domain adaptive G-RAKE LSTC-CDMA
receiver for 3 fingers and 6 fingers are shown in Figure 5.23 and Figure 5.24. The simulation results
show that the proposed receiver in frequency domain system have the same performances as the one in

time domain system with less computational complexity.

5.2.3 Systems Performances Comparisons
In this section, the performance comparisons between an adaptive iterative LSTC-CDMA
receiver and a 3 fingers adaptive G-RAKE LSTC-CDMA receiver, based on.LMS, PFGLMS and RLS
algorithm, are presented. The BER performance comparisons are depicted in Figure 5.25, Figure 5.26
and Figure 5.27. These curves clearly show that adaptive iterative receiver only performs better than
adaptive G-RAKE receiver in the first iteration. This means that the proposed adaptive G-RAKE

receiver have a better performance from second up to higher iteration.
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5.3 Conclusion

In this chapter, the simulation results of the proposed adaptive receivers for LSTC-CDMA
system in time and frequency domain are given. The receivers are based on LMS, PFGLMS and RLS
algorithm and are compared to each other in Rayleigh fading channel. The system performance of
adaptive iterative LSTC-CDMA receiver is investigated in both slow and fast fading channel for various
antennas systems. The results show that the average BER of the adaptive receiver increases when the
fade rate is increased. The performance results also show that the 2x4 antennas system achieves the best
performance among 4x4, 2x2 and 4x2 antennas systems. The 3 fingers and 6 fingers RAKE receiver
structures are investigated in the proposed adaptive G-RAKE LSTC-CDMA receiver. The performance
results prove that the adaptive G-RAKE receiver improves when the number of fingers is increased
beyond the number of resolvable multipath.

Moreover, both proposed receivers based on the RLS algorithm has a faster convergence speed
and better tracking ability compared to the PFGLMS and LMS receiver in both rich scattering
environment and fast fading channels with a slight increase in the complexity. Furthermore, the
proposed frequency domain receiver has a significantly lower computational complexity and achieves
the same performance in comparison to the time domain receiver. Finally, the simulation results show
that the adaptive G-RAKE receiver outperforms the adaptive iterative receiver. The conclusion of the

thesis and the discussion of the potential future work are concluded in Chapter 6.



Chapter 6

Conclusions

6.1 Conclusions

The development of communications systems over the past decades has had a significant
impact on the modern life of people in today’s society. Demand for faster and easier ways to
communicate and transfer information worldwide with real time processing is a basic requirement for
current communications systems. However, at high transmission rates, wireless communications links
become unreliable and have fundamentally low capacity due to multipath fading channels and the
systems interferences such as co-channel interferences (CCI) and multiple access interferences (MAI).

In this thesis, two new structure receivers in layered space-time coding (LSTC) and MIMO
DS-CDMA systems for applications in downlink wireless communication, as discussed in Chapter 2,
are presented. The proposed receivers are investigated in both time and frequency domain systems.
Specifically, adaptive detection algorithms such as least means square (LMS), partially filtered gradient
LMS (PFGLMS) and recursive least squares (RLS) algorithm play an important role in designing these
downlink LSTC-CDMA receivers. The purposes of these designs are to cancel the system interferences
and combat the effect of multipath fading with a low computational complexity and a fast convergence
speeds. Both proposed adaptive receivers are named as adaptive iterative LSTC-CDMA receiver and
adaptive G-RAKE LSTC-CDMA receiver.

Due to the high computational complexity in the non-adaptive MMSE receivers, an adaptive
iterative LSTC-CDMA receiver is proposed in Chapter 3. The system model of LSTC-CDMA system,
based on a joint adaptive iterative detection and decoding algorithm, is described. Based on the designed
system models of both transmitter and receiver, the proposed adaptive iterative receiver has the ability
to effectively suppress and cancel the CCI and MAI by performing interference suppression and
cancelation techniques. LMS, PFGLMS and RLS algorithm are utilized in the adaptation process of the
proposed adaptive detector in time and frequency domain. Firstly, the LMS algorithm is used in the
purpose of reducing the computational complexity of the existing systems. However, the convergence
speeds of this proposed structure are not satisfied yet. Hence, the PFGLMS algorithm is introduced in
order to improve the convergence speeds with a slightly increase in the system complexity. Moreover, it
has been shown that the RLS algorithm behaves much better in the scattering environments. Then, it is

also used in the proposed adaptive detection process. Therefore, the computational complexities of the
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three adaptive detection algorithms in time and frequency domain are investigated. It is shown that the
number of complexity of the proposed receiver in frequency domain system is significantly reduced in
comparison with the one in time domain system. The table of complexity comparisons, as shown in
Chapter 3, shows that both RLS and PFGLMS based receivers have slightly more number of
complexities than the LMS based receivers.

Generally, it is a difficult task to enlarge the network capacity and improve the quality of
service due to the multipath fading of wireless channel. Therefore, an adaptive G-RAKE LSTC-CDMA
receiver is proposed in Chapter 4. The proposed receiver can effectively not only suppress the CCI and
MAI using the interference suppression and cancellation techniques but also mitigate the effect of
multipath of fading channel. The design of the proposed system models are presented in detail in both
time and frequency domain. More importantly, LMS, PFGLMS, and RLS algorithm are utilized in the
adaptive detection process in order to determine the weight coefficient of each finger element.

The simulation systems of both proposed receivers are presented in detail in Chapter 5. The
Raleigh fading channels and additive white Gaussian noise (AWGN) channels are taken into account.
The proposed adaptive iterative LSTC-CDMA receiver is investigated in both fast and slow fading
channels and it is shown that the average BER of the adaptive receiver decreases when the fading rate is
increased. Moreover, a number of various antennas systems are simulated for the proposed adaptive
iterative receiver. The simulations results also show that the 2x4 antennas system achieve the best
performances based on the increasing of the ability to track the errors at the receiver end when the
number of receive antennas is increased.

The adaptive G-RAKE LSTC-CDMA receiver is simulated in both time and frequency domain
with 3 and 6 fingers RAKE structure. The adaptive G-RAKE receiver improves when the number of
fingers is increased beyond the number of resolvable multipath. Furthermore, the performances of the
both proposed frequency receivers achieve the same performances compared to those of the time
domain system. The performances results show that the RLS based receivers outperform the PFGLMS
and LMS based receivers and has a better tracking ability in the rich scattering environment. Finally, the
simulation results prove that the adaptive G-RAKE LSTC-CDMA receiver has the ability to combat the
effect of multipath fading channels and also to cancel the system interferences than the adaptive
iterative LSTC-CDMA receiver with a better performance.

6.2 Future Research Works
Nowadays, Cooperative Diversity (CD) technology is a promising solution for future wireless

communications systems to achieve broader coverage and to mitigate wireless channels’ impairments
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without the need to use high power at the transmitter. Nevertheless, problems in cooperative
communication continue to intrigue researchers by their difficulty and the potential for faster and more
reliable communication. Hence, “Adaptive iterative detections for LSTC receivers in cooperative
communication systems” is going to be the next research topic.

This potential future research are going to be proposed in the field of cooperative
communications networks by integrating the techniques in CD technology with the existing systems
model that were already proposed in this thesis. Consequently, the main objectives of doing this
research are to achieve diversity through independent channels; to obtain broadcast nature of CD
technology and to improve communication capacity, speed, and performance of the existing system.
Main techniques and designs are going to be proposed such as: a study on the cooperative protocols and
designs which are good over a wide range of channels, an efficient bandwidth approach design, a design
of a cooperative diversity system on an effective and suitable multiple access platform which have the
ability to demonstrate the cooperative diversity gains in practical wireless systems and a new
cooperative communication protocol that increases Signal-to-Noise Ratio (SNR) range.

In order to achieve the objectives of these proposed techniques and designs, some advanced
techniques in two main areas of cooperative communication such as: cooperative beamforming and
cooperative MIMO relay channel are going to be studied and investigated. Beamforming with antenna
arrays is a well studied technology. It provides Space-Division Multiple Access (SDMA) which enables
significant increases in communication rate. Indeed, a key aspect of the cooperative MIMO relay
channel is the processing of the signal received from the source node done by the relay. It is a new
paradigm that draws from the ideas of using the broadcast nature of the wireless channels to make
communicating nodes help each other. Furthermore, it implements the communication process in a
distribution fashion and gain the same advantages as those found in MIMO systems.

The outcomes of this future research works on the integration between the CD technology and
the LSTC systems would be a design of a various types of receiver structures in cooperative wireless
communication systems. Therefore, these receivers will have the abilities to achieve the spatial
diversity, to increase throughput in the high SNR region, to deal with the effect of multipath fading
channel, cancel the system interferences by using the interference suppression and cancelation
techniques, to reduce the system computational complexity that lead to a decrease in cost of system

design and to improve the convergence speed with high quality services of data transmission.
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Abstract- An adaptive generalized RAKE recelver for Layered
Space Time Coded CDMA (LSTC-CDMA) system has been
proposed in this paper. The proposed Generalized RAKE
recelver, based on a joint adaptive iterative detection and
decoding algerithm, adaptively mitigates the effect of maultipath
fading and cancels the system interferences such as Co-Channel
Interference (CCI) and Muttiple Access Interference (MAI). The
Partially Filtered Gradiemt Least Means Square (PFGLMS)
algorithm is used for bdth feed-forward filter and feedback filter
in the adaptive detectioh in order to determine the weight
cocflicient of each finger element. The performance of the system
is evaluated by simulation results for the various numbers of
RAKE fingers in multipath Rayleigh fading chanmnels.

I. INTRODUCTION

Wireless  technology  is  experiencing  spectacular
developments according to the emergence of interactive and
digital multimedia applications as well as rapid advances in the
highly integrated systems. The MIMO technique proposed in
recent years makes a full use of the space resources by
émploying multiple antennas at the transmitting and receiving
terminal, thus largely increasing the channel capacity.
Moreover, Direct-Sequence CDMA (DS-CDMA) has emerged
as a predominantly multiple-access technique for 3G systems
because of its efficient capacity and facility of network
planning in a cellular environment.

To improve the throughput of this cellular system, the
combination of Layered Space-Time Coding (LSTC) and
CDMA, named as LSTC-CDMA, has been intensively studied
in [1-3). This implementation generates Co-Channe}
Interference (CCI) from the adjacent layers and Multiple
Access Interference (MAI) from the users; hence, both will
degrade the system performance seriously. To mitigate the
aforementioned interferences controlled by Channel State
Information (CSI), an adaptive Minimum Means Square Error
(MMSE) receiver for a LSTC system have been proposed in
[4). In this work, CCI can be reduced, but MAI is still a huge
problem, degrading the performance and yielding channel
estimation inaccurate in a high interference environment. A
non-linear adaptive iterative receiver has been studied in {5, 6],
containing a feed-forward filter to suppress the system
interference and a feedback filter to cancel the interference
from adjacent anternas under an iterative format In order to
reduce the computational complexity of the feedback filter and
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improve the convergence speed of the above proposed systems,
an adaptive iterative receiver for multiuser LSTC-CDMA
system based on LMS and PFGLMS algorithms have been
investigated in [7].

Due to the multipath fading of wireless channel, it is a
difficult task to enlarge the network capacity and improve the
quality of service. As the results, the generalized RAKE (G-
RAKE) receivers for interference suppression and multipath
mitigation have been developed in [8,9]. Compared to the
conventional RAKE receiver, this generalized RAKE receiver
has more fingers and has different combining weights.

In this paper, an adaptive iterative generalized RAKE L.STC-
CDMA receiver for interference suppression and multipath
mitigation has been proposed. Consequently, the proposed
adaptive detector, based on the PFGLMS algorithm [10], was
investigated in multipath Rayleigh fading channels. Moreover,
the performance results show that the systems performances
have been improved by increasing the number of RAKE
fingers beyond the number of multipath components. The
paper is organized as follows. System model is demonstrated in
Section IT which is mainly focus on proposed transmitter and
receiver structure. The system performance is quantified
through the Performance results from the computer simulation
which is presented in Section III. Finally, section IV gives a
conclusion of this work.

II.  SYSTEM MODEL

A CDMA system as depicted in Fig.1 is considered in this
paper. Data from different users is modulated by different
signature waveforms before being transmitted asynchronously
through a wireless channel [11], which is modeled as multipath
Rayleigh fading. At the receiver, the user data is retrieved
adaptively base on the minimum mean square error criterion
(MMSE).

Fading
Channel

Fig. 1. An adaptive CDMA system model.



A.  Transmitter Structure

Fig. 2. LSTC-CDMA transmitter structure.

In a downlink LSTC-CDMA system, all user signals are
transmitted simultaneously with N transmitters and M receivers
antennas. Fig. 2 shows the LSTC-CDMA transmitter structure
with X users. The binary information of each user is
transmitted at a data rate of n, = 1/T}, where T is the bit
interval. This data information is first converted into layered
data information streams by a serial to parallel (S/P) converter.
Before modulated, each information stream was encoded by a
convolutional encoder to produce coded data stream for each
layer. The layered coded data streams are then fed into a spatial
time interleaver (SI1) and time interleaver (11). Next, the coded
data streams are spread by its signature sequence using a
spreading gain of L with L = T/T,, where T is the symbol
interval, and T, is chip duration of spreading sequence. Finally,
the spread symbols of all users are then combined together and
simultaneously transmitted through N transmit antennas in a
multipath Rayleigh Fading channels.

Let b be the coded signal vectors transmitted by K users
through N transmit antennas and be defined by:

b=[b.b,....b,,..b ] m
whereb , = s, by bf,"] . and b} is the information bit
of the p-th user for n-th transmit antenna with #=1,...N and
p=1,.. K

Let 8 represents the L x XN spread transmitted sequences of

K users for n transmit antennas, as given by:

1

S=[st,....57,...85 ..8%...s%] @
524

= ,...,s;'L]T » and sp?is the g-th chip
of a spreading sequence for the p-th user and n-th transmit
antenna with» =1,.... N p=1,..,K; and ¢=1,..,L.

Let A is the received amplitude of the p-th user’s signal for
n-th transmit antenna with #=1,.,N and p=1,..K; which is
represented by:

A=diag(Ary.. Assge Aopr AgirAgnd) )
Let 1/, is the received signal vectar for the p-th user at the

where s}, = [s™,..

receiver antenna j, j=1,... M , for symbol ¢ and delay time 7,

is represented by:

r(t) = s(t - v)hdb +n(t)
r/,=SHf Ab+n/,

and is equivalently by: )
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where 7, =[r!,..rf%,...p 5 Y . and 129 is the received
signal for the p-th user at the g-th chip of the £th symbol for j-
th antenna. H{:j is defined by H,fj=diag(h,‘fj,...,h,fj)mm
h?, = diaglht, (), k0 Oy Oy >
k¥ (1) Tepresents the fading coefficient from j-th receive

where and

antenna to n-th transmit antenna of the p-th user. nf, is
defined as an Lx1 noise vector at the receive antenna j of the p-
th user, given by n,{j=[n}"l(t),...,nj’.q(t),.._,nh(t)]’ where
ne (@ is a Gaussian random variable with a zero mean and

two sided power spectral density N/2 per dimension The
received signals for all receive antennas of the p-th user are

. _ T
givenbyR? =[r7,..., TSI /ov IS

B. Receiver Structure

In downlink LSTC-CDMA system, we assume that the
system has no knowledge of Channel State Information (CSI),
spreading sequences, and fading coefficients except the
training sequence. A block diagram of the proposed adaptive
iterative generalized RAKE CDMA multiuser receiver for
Layered Space Time Coded systems in multipath fading
channels is shown in Fig. 3.

This structure consists of K adaptive iterative G-RAKE
LSTC-CDMA single user receivers, each with an adaptive
detector that followed by N parallel soft-input soft-output
channel decoders. The received signals are first input to the
adaptive detector in order to mitigate the effect of multipath
fading. The detector outputs are then fed to the time and spatial
deinterleavers, defined by 11+ and sr1!, respectively. The
deinterleavers outputs are then decoded by a Maximum A
Posteriori (MAP) decoder. Next, the estimated soft symbols of
MAP decoders from all users are sent to the spatial and time
interleavers, and then fed back to the adaptive detector under
iterative technique to cancel the interference from adjacent
antennas of the user, called CCI, and the interference from
other users, called MAL

n

N4

v

Y

User 1

Adaptive |e—
Detector fe—

[

Adaptive

Detector |e—
User K

Fig. 3. Block diagram of G-RAKE LST- CDMA recciver,
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Fig. 4. Block diagram of the adaptive iterative G-RAKE LSTC-CDMA receiver.

The block diagram of the adaptive iterative generalized
RAKE LSTC-CDMA receiver for the p-th user is shown in Fig.
4. In order to determine a weight coefficient of each finger
element, the proposed detector employs an adaptive G-RAKE
structure and antenna array processing. Unlike the conventional
RAKE receiver, the G-RAKE receiver benefits from using
more fingers than the pumber of multipath. In the proposed
adaptive receiver structure, N sets of adaptive detector consist
of M equalizers for the feed-forward filter and an equalizer for
the feedback filter modules. An equalizer, employed in the
proposed adaptive detector, is based on the PFGLMS algorithm.
Moreover, the structure consists of a bank of U RAKE fingers,
each correlating to a different delay of the received signal. The
finger outputs are then combined to form a decision statistic.
Importantly, the detector output for each layer is obtained from
combining a feed-forward and a feedback filter output. In the
iterative process, the feed-forward filter is compensated for the
channel estimation error, and the feedback filter is used to
cancel the interference from adjacent antennas and other users.
In the first iteration, there are no estimated symbols from the
decoders, and the feedback filter coefficients are zeros; thus,
the feedback filter output is also zero. In the feed-forward filter,
the M adaptive equalizers are used to estimate the channel
coefficients and signature sequence for each layer of each user.
The equalizer outputs from all receive antennas are added to
obtain a feed-forward filter output signal for each transmit
antenna as shown in Fig. 4.
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Let w 7 *() be an Lx] feed-forward tap coefficients vector
for the j-th receive antenna of the p-th user during the k-th
iteration at symbol interval ¢ and be given by:

2O = w70, wIHL-DT©)
where w/ p * (q) is the feed-forward tap coefficient

correspondmg to the g-th chip of the spreading sequence.

Let wj F(f) be the feedback filter coefficients of all users,
except the i-th antenna of the p-th user, at symbol interval ¢ in
time domain, is expressed as:

w,{’f @),...

W O=Wi .. WoE O W O, W 0. W2 OT (6)

where  wy, (8) = [y (0, Wi X (O, (), wE (0] (7)

ii’,',', is (KN - 1)x1 vector of the estimated soft symbols, at
the k-th iteration, from MAP decoders of every antenna of all
users, except the /-th antenna of p-th user at symbol interval ¢,
given by:

PRI T E  olk aNAENT
X‘:J, x,_, » ,X;p, ”‘t £ ,K ) (8)
=r&! 22,k ALk Af+1k ANk
where  X;L = (R}%, %70, 5300480 9

zf ; is the finger outputs for u-th finger of p-th user at the
receive antenna j and transmit antenns i for symbol ¢ and be

represented by: zu "‘1}, S-9 ) 10)



The detected symbol of the p-th user obtained at the output
of the adaptive detector for the i-th antenna during the k-th
iteration at symbol interval 1, denoted by y,':'; , is defined as:

M
Wk & H Lk
iy = Wit el s wit(n” an
=0

The detector soft output y’-" in the time domain is then
compared to training symbol, dénoted by x:';The difference
between them is calculated as the detection error. The detection
error for the p-th user in the k-th iteration at symbol interval ¢,
for i-th antenna, denoted by e,':: , is represented by:
£p = Vip Xl a2)

The detection error is then used to adapt the feed-forward
filter and feedback filter tap coefficients in the time domain.
After the Mean Square Emor (MSE) approaches a specified
value, the training mode is switched to the decision directed
‘mode, in which the training sequence is replaced by the hard
decision output of each user detector.

The values tap coefficients, w7 *(¢) in (5) and feedback
filter tap coefficients, w 2’" (f)  in (6) are calculated by
minimizing the mean square error, defined as £ , and given by

2 2
= mim(Ele,’;’;I ): min(E[Iy,':f, -x ]) 13)
And they can be determined recursively by partially filtered
gradient LMS (PFGLMS) algorithm. PFGLMS algorithm
based on an exponentially weighted least square error is
utilized to improve the convergence speed with a slight
increase in complexity [10].
The modified feed-forward and feedback coefficients of the
PFGLMS algorithin can be expressed as:

~ik
.X_t,p

e

; wE+D) =wite) + u g () (14)
an

wit @+ D) =wit O+ pel () (15)
where ik Ak

g; (ND=e()z], +&7 (1) S

8H(0) = AR =1)+ y,e(0)z2?, i
and R N

gt () =e(x, + 85 () } k)

8 ()= A8 (¢ ~ 1)+ ye(n)z)”

P

2Lk
where X/, and z,;

L and are the step sizes for feed-forward and
feedback adaptation. (y,,%,) and (4,,4,) earethe
forgetting factors and the scaling factors respectively,
and g1 (0) = 24*(0) = 0

2. Maximum A Posteriori Decoder

In the proposed receiver structure, detector output for user p,
denoted by y;4is decoded by Maximum A Posteriori (MAP)
Decoder. The soft-output from the decoder is used to suppress
the interference in the feedback filter in the next iteration. The

are defined in (8) and (10), respectively.
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process of this adaptive iterative detection/decoding is
performed until the symbol estimation can converge to the
optimal performance. The soft-output from the decoder in the
last iteration is then fed into a decision device to produce a
decision. For a Binary Phase Shift Keying (BPSK), the
functions for the transmitted modulated symbols 1 and -1 can

be written as [12}]: i
Pl = 1)= exp%ji ()

The Log-Likelihood Ratios (LLR) is determined in the k-th
iteration for the i-th transmit layer of p-th user, denoted by 2,:"; :

ff"’ = lo; P(A{:: =l|y,'$
~‘ Pl*="1y%) (19)
The symbol A Posteriori Probabilities (APP) P(X}% = g] %),
with g equal to 1 and -1, conditioned on the output variable
which is defined as y;;f, for p-th user, can be obtained as:
‘I.A
e ., y y _ 1
Pt = :$)=m Pl =_lly“;)'e*T+] Q0)

The soft-output symbols are estimated in the i-th layer and &-
th iteration for p-th user, calculated as:

@n

20k
sk _€ -1
*p = ix

e P +1

III. PERFORMANCE RESULTS

This section presents simulation results of the adaptive
G-RAKE receiver for downlink LSTC-CDMA systems over &
quasi-static Rayleigh fading channel whereby the fading
coefficient is constant within a frame, but changes
independently from one frame to another. The constituent
codes are nonsystematic convolutional codes with the code rate
R of 1/2 and memory order of 3. The spreading sequence is a
gold sequence with processing gain of 7. The proposed system
is simulated with 2 transmit and 2 receive antennas with
multipath fading of 3 and with 130 information bits in each
frame per layer for each user. Each layer consists of 266
encoded symbols per frame. The data rate is 1 Mb/s at the
carrier frequency, f;, of 2 GH,.

10' -
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Fig. 5. The MSE performances of 3 and 6 fingers G-RAKE CDMA recciver.
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G-RAKE LSTC-CDMA receiver based on PFGLMS adaptive algorithm.

A comparison of MSE performances of adaptive G-Rake
CDMA receiver for 3 and 6 fingers is shown in Fig, 5, whereby
the MSE curve of 6 fingers RAKE receiver is lower than that
of 3 fingers. This shows that the system performance improves
when additional finger is placed at a delay. The performance of
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the 2 transmit and 2 receive antennas for 5 users under time
domain approach is depicted in Fig. 6. The result shows that
the performance of the G-RAKE receiver, based on PFGLMS
algorithm, has a significant improvement in the first iteration
and gradually improves for the higher iterations. The number
of users for adaptive CDMA G-RAKE receiver is shown in Fig.
7. The simulation results show that the mumber of users is 15 at
3 iterations for a BER of 8.5 x 102 These results also show
that when the number of users increases, a higher mumber of
iteration is required to achieve the same BER. In Fig. 8, we
present the performance comparison between an adaptive
LSTC-CDMA receiver [7] and a 3 fingers G-RAKE LSTC-
CDMA receiver. The BER curves show that adaptive iterative
receiver only performs better then G-RAKE receiver in the first
iteration. This means that the proposed G-RAKE receiver have
a better performance from second up to higher iteration.

IV. CONCLUSION

In this paper, we present an adaptive iterative generalized
RAKE receiver for Layered Space-Time Coded CDMA
systems, based on the Partially Filtered Gradient LMS
algorithm, in order to mitigate the effect of multipath and
suppress the interferences of the systems. Moreover, the system
performance improved when the number of fingers was
increased beyond the number of resolvable multipath. Due to
the higher reliability of the Co-Charmel Interference (CCI) and
Multiple  Access Interference (MAI) estimation, this
performance results prove that the proposed G-RAKE CDMA
receiver can effectively mitigate the CCI and MAI using the
interference suppression and cancellation techniques.
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CDMA Systems

Teav Keovkolyan' and Chakree Teekapavisit®

2Department of Information Engineering, Faculty of Engineering, King Mongkut's Institute of Technology Ladkrabang
(KMITL), Chalongkrung Rd, Bangkok 1520, Thailand
!(Tel : +66-8-0450-3025; E-mail: teav_keovkolyan@yahoo.com)
*(Tel : +66-8-4093-2354; E-mail: ktchakre@kmitl.ac.th)

Abstract: An adaptive iterative frequency domain receiver for a Layered Space-Time Coded CDMA (1.STC-CDMA)
system has been proposed in this paper. The proposed receiver, based on a joint adaptive iterative detection and
decoding algorithm, adaptively cancels Co-Channel Interference (CCI) and mitigates Multiple Access Interference
(MAD, and also has a significant reduction in computation complexity with the same performance compared to a time
domain receiver. The Least Means Square (LMS) algorithm is used for both feed-forward filter and feedback filter in the
adaptive detection. A Partially Filtered Gradient LMS (PFGLMS) algorithm is also proposed to improve the
convergence speed of the adaptive detector. The performance results show that the proposed adaptive receiver can
approach the interference-free single user performance for a certain range of the signal to noise ratio (SNR).

Keywords: Code Division Multiple Access, Layered Space Time Coding, Frequency domain equalizer, Least Mean

Square, Partially Gradient LMS.

1. INTRODUCTION

With the integration of the internet and multimedia
applications in the next generation wireless
communications, the huge demand of highly reliable
data rate service and the increase in the system capacity
are growing very fast. Several broadband wireless
communication systems have been widely studied such
as Code Division Multiple Access (CDMA) and
Multi-Input-Multi-Output (MIMO) systems.

Direct-Sequence CDMA (DS-CDMA) has emerged as
a predominantly multiple-access technique for 3G
systems, compared: to the 2G TDMA systems. To
improve the throughput of this system, the combination
of Layered Space-Time Coding (LLSTC) and CDMA,
named as LSTC-CDMA, has been studied in [1-3]. This
implementation génerates Co-Channel Interference
(CCD and Multiple Access Interference (MAI). To
mitigate these, an adaptive MMSE receiver for a LSTC
system have been proposed in [4]. A non-linear adaptive
iterative receiver has been studied in [5, 6], containing a
feed-forward filter and a feedback filter. By using this
algorithm, the convergence speed can be improved;
however, the complexity of the system is still high
because of the feedback filter. Moreover, the adaptive
iterative receiver for LSTC CDMA system was
proposed in [7], which can improve the performance of
the system but still have high complexity. Recently,
frequency domain equalizer (FDE) has been proposed
for SISO system in [8]. In [9], the FDE has been
extended to MIMO system. Such technique offers
significant reduction in the computation complexity.

In this paper, an adaptive iterative frequency domain
receiver for multivser LSTC-CDMA system under
quasi-static fading channel was proposed. Such receiver
can effectively mitigate the MAL, thus improve the
multiuser system performance with low complexity,
compared to that in time domain approach. The
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proposed low complexity receiver consists of a feed
forward filter and a feedback iterative parallel
interference canceller. Consequently, the proposed
adaptive detector was investigated, based on the
Adaptive Least Mean Square (LMS) algorithm [10),
whereby the performance, i.e. complexity, has been
improved. However, the convergence speed of the
adaptive detector is not satisfied. For this reason, the
adaptive iterative receiver using a Partially Filtered
Gradient LMS (PFGLMS) [11] algorithm was proposed
to improve convergence speed with slightly increase in
complexity, compared to LMS algorithm. The
simulation results show that the adaptive iterative
receiver in frequency domain can also approach the
interference-free single user performance for a certain
range of the signal to noise ratio (SNR).

2. SYSTEM MODEL

2.1 Transmitter Structure

In a downlink LSTC-CDMA system, all user signals
are transmitted simultaneously with N transmitters and
M receivers antennas. Fig. 1 shows the LSTC-CDMA
transmitter structure with K users. The binary
information of each user is transmitted at a data rate of
rn = 1/Ty, where T, is the bit interval This data
information is first converted into layered data
information streams by a serial to parallel (S/P)
converter. Before modulating, each information stream
is encoded by a convolutional encoder to produce coded
data stream for each layer. The layered coded data
streams are then fed into a spatial time interleaver (sI1)
and time interleaver (I1). Next, the coded data streams
are spread by its signature sequence using a spreading
gain of L with L = T/T,, where T is the symbol interval,
and T, is chip duration of spreading sequence. Finally,
the spread symbols of all users are then combined
together and simultaneously transmitted through N
transmit antennas.

PR0002/09/0000-2339 ¥400 ©



Fig. 1 LSTC-CDMA transmitter structure.

Let b be the coded signal vectors transmitted by X
users through N transmit antennas and be defined by:

b={by,by,...b,,...b, ] m
where b, =[b},.,5],.., 6Y)1, and b is the
information bit of the p-th user for n-th transmit antenna
withn=1,..Nand p=1,..K.

Let S represents the L x KN spread transmitted
sequences of K users. for » transmit antennas, as given
by:

S=[s},...,sf’,...,s;...s’K,...s’,}’] 0))

no_romt ng LT g :
where  sp =[s7"....,s) sea$p 1 o and sp7is the

g-th chip of a spreading sequence for the p-th user and
n-th transmit antenna with # =1,... N, p=1,.,K; and
g=1,..L.

Let 1,”;is the received signal vector for the p-th user
at the receiver antennay, j=1,_. M, for symbol 4 is
represented by:

rf, =SHY b+ nf, ®
where 17 =[r2  rf0, L rt Y. and gP4 s the
received signal for the p-th user at the g-th chip of the
t-th symbol for j-th antenna. HZ ,is defined by:

Hf; = diag(hf el sy @
where hf; =dlag[h£, Oresbf Oesbf oy Dl > and
i, (srepresents the fading coefficient from j-th receive

antenna to n-th transmit antenna of the p-th user. nf,

is defined as an Lx1 noise vector at the receive antenna j
of the p-th user, given by
nl, =[nfy (O fy (Os..n? (O] where ne.(t)is a
Gaussian random variable with a zero mean and two
sided power spectral density N,/2 per dimension, The
received signals for 4ll receive antennas of the p-th user
are given by R? = [ L7(FN 7SN 7o L

2.2 Receiver Structure

In downlink LSTC-CDMA system, we assume that
the system has no knowledge of Channel State
Information (CSI), spreading sequences, and fading
coefficients except the training sequence. A block
diagram of the proposed adaptive iterative
LSTC-CDMA multiuser receiver for the p-th user is
shown inFig. 2.

113

n

<<

Adeptve  fpun
Detector [

| .
l nit DEC b m
e - rig -XK .
§§ 1 ’;“ - Jsm 'Xl‘ suf .
BESLN . Ay .
gt ORC, Py o LT

(.

Fig. 2 Block diagram of iterative LST- CDMA Receiver.

This structure consists of K adaptive iterative
LSTC-CDMA single user receivers, each with an
adaptive detector followed by N parallel soft-input
soft-output channel decoders. The received signals are
first input to the adaptive detector. The detector outputs
are then fed to the time and spatial deinterleavers,
definded by 1% and s, respectively. The
deinterleavers outputs are then decoded by a Maximum
A Posteriori (MAP) decoder. The estimated soft
symbols of MAP decoders from all users are sent to the
spatial and time interleavers, and then fed back to the
adaptive detector under iterative technique to cancel the
interference from adjacent antennas of the user, called
CClI, and the interference from other users, called MAL

2.2.1 Proposed Adaptive Iterative Detector

In this study, we assume that downlink LSTC-CDMA
system has no knowledge of Channel State Information
(CSI), spreading sequences, and fading coefficients
except the training sequence. The block diagram of the
proposed frequency domain adaptive iterative receiver
for LSTC-CDMA is shown in Fig 3.

X
T ey e
ene -
.

T RedllaT
FurN

Fig.3 Proposed frequency domain adaptive iterative
receiver detector structure.

The adaptive detector consists of an adaptive LMS
feed-forward filter and an adaptive LMS feedback filter.
For the proposed recciver, L chips received signals
(1) of p-th user at the symbol ¢ are transformed by
using Fast Fourier transform (FFT) into frequency
domain. The output of each FFT is defined by,
0, =/ ("z';) where j=1, M ,@] is the received

signal of j-th receive antenna of p-th user at time ¢ in
frequency domain, represented by -

L1
P = p.3 pa 2l @79 = pd I3
®¢.J - ‘-G)!.j Lad et..} 2 O!.J J et.J = Z ';.J ¢
=)
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andﬁ'i( ) is the fast Fourier transform function, and @rs
..L, 15 the FF l transformation of the received
sxgnal for the j-th receive antenna of the p-th user at the
g-th chip of the ¢-th symbol.

Let W7+ represents the FFT of the feed forward
filter tap coefﬁc1ent vector of the p-th user for 4th
iteration at the time ¢, at the receive antenna J, defined
by T{* ﬁ}( P") where:

o =190 O ¥ (@) #2F (L -D)]
L-1 ZJiRlg &

CEIN @ =T owiiwe ¢ ad Wi
=0

is Lx1 feed-forward tap coefficient vector given by

w2t =[wrr(0)..., wit (g) o wer -1 (5)

©,, is sent to the feed forward filter to perform
the convolution with the feed forward tap
coefficient '¥2¥ The output of each feed forward
filter is combinéd together, denoted by

—_ M

Fir =(Z diag(@’ )” -‘P’*J (6)
=

where diag () and (-)"denoted a diagonal matrix and

a conjugate transpose function. F,: is then

transformed back into the time domain by the inverse

FFT (IFFT). The feed forward filter output of p-th user

in the k-th iteration at time ¢, for layer i, is given by

Flt =1, -ift (Feip) ©)

where 1, =[1 0,1 .0, is a row vectorkof length
L-1 containing all zero, and F ' ‘ = ifft (Fl ») Where

p'~-[z:'*<0)., (q).. FlH L -1
a“‘115"‘01)—-—21’ K

To cancel MAI and CCI, the estimated symbols
from the outputs of the decoders are first input to the
feedback filter and transformed into frequency domain
by usmg the FFT. The output of the FFT is represented

by Ayl = fA(8.5) where: A% =|A%Q),.. A4@),. N KA-D)

-/z-u- A
i asre g BT Lo Q0D
mwl pG (1 K)

X,'f, is an (KN - 1)x1 vector of the estimated soft
symbols, at the k-th iteration, from MAP decoders of all
antennas of all users, excluding the j-th antenna of the
p-th user, given by

aftk _ a1k ANk aik ALk "N,k)T
..l,p_(x:,l""rxt,l ) ’x[p! ’xt,x)"-: & (8)

_@L‘fp (t) is the feedback filter coefficients of all user
except the j-th antenna of the p-th user, given by

OO WO WEO.. WD, w50 ©)
Let ‘P“' represents the FFT of #J P(t) which is
deﬁnedb T:: = ﬁ’z(_"‘ (t)) where:

®i, = [‘{'::,a), LR @, Wik (kv - 1)) and

-[me
l,bp(a)"' Zwlbp
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The output of the FFT, as denoted asA, 'k, is then
input to the feedback filter to perform convofutlon with
the feedback tap coefficients P!, in frequency
domain. Hence, the feedback filtér output signals,

defined by Fif, =(diag(n*”) w2 ) and then
transformed back into time domain by IFFT. The
feedback filter output is g:ven by

FR =1, i (Fis.0) (10)

t,b,p

where 1, =[1 04 ,] and 04 is a Ze10, TOW

vector w1th length of kN-1, and F n " = ifft (Fis,p)
where [

Fi, = AU (a), it (RN -]
Ok Zﬁﬁ‘“

The detected symbol of the p-th user obtained in the
k-th iteration at time ¢, for layer i, denoted by

yib = BiE 4 B, an
where 7 and F¥  represent feed forward and
feedback filter outpuf in time domain, given in (7) and
(10) respectively. Note that the output of the feedback
filter is zero at the first iteration.

The values of w?*(f)and wj*(s) are calculated

by minimizing the mean square error, defined as

) 2
¢ = Min (&[]t =52 ) (12
where x" is the training sequence of p-th user in
the &-th 1teration at time ¢, for layer i and then can be
calculated recursively by an adaptive LMS algorithm as
the following:

w"."’(:+ D=wh* )+ petef, (13)
B D = wit () + ppert £ a4)

where 17, is the received sxgnil vector for the p-th user
which is defined in (3), and X, pis defined in (8). ff
and /& are the step sizes for the feed-forward and
feedback adaptation.

As the LMS algorithm has slow convergence and may
not track in a non-stationary environment very well, the
partially filtered gradient LMS (PFGLMS) algorithm
[11] is utilized to improve the convergence speed. To
apply the PFGLMS algorithm to the adaptive iterative
receiver, the detected symbol of the p-th user i-th
antenna during the A-th iteration at time ¢, defined in
(11), is denoted by [10]:

IN: — i,k
Yipros T }'1, Fl bop as
The modified feed-forward and feedback

coefficients of the PFGLMS algorithm can be expressed
as [10]'

wrE+D) =wrO+ g0 (16)
and

wiE e+ = wi O+ e (1) an
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where g7 (1) = e()r, +85(1) } a8
F@=emE”* + 8@

~tk — ank
and 87 ()=2,87(t D+ yeelthr, } 9
8O =45 ¢ -D+pex”

M and 1, are the step sizes for feed-forward
andfeedbf ack adaptation. (1,,4,) and (7., %)
are the forgetting factors and the scahng factors

respectively, and g/ (0) = g}*(0) =

2.2.2 Conplexity Analysis

In time domain adaptive detector, each feed-forward
filter requires M(2L+1) multiplications while feedback
filter uses (2XN-1) by using LMS algorithm. Hence, the
total number of operation is KI[M(2L+1)+2KN-1]
multiplications. Otherwise, the PFGLMS algorithm
requires M(4L+1) multiplications for feed-forward filter
and 4¢XN-1)+1 multiplications for feedback filter. Thus,
the total number is XIA{4L+1)+4XN-3] multiplications.
On the other hand, the computation requirement for
frequency domain adaptive detector requires LogoL of
multiplier for each feed forward filter as well as
Logy(KN-1) for feedback filter. The summary of the
complexity comparison between time domain and
frequency domain filter is listed in table 1.

Tablel. Complexity Comparison between Time and

Frequency Domain Filter.
Algorithm ; Conventional-LMS PFGLMS
Time KIMQ2L+1) KI[M(4LH)
Domain H2KN-1] 4 KN-3]
Frequency | Ki[M(logL+LH1) KI[M@og,L3L+1)
Domain +10g(KN-1)FKN] | Hog,(KN-1)43 XN-2]

K=number of users, L=processing gain, M= number of transmit
antennas, M=number of receive antennas, 2 number of tteration

3. PERFORMANCE RESULTS

This section presents simulation results for the
adaptive iterative LSTC-CDMA receiver operating in
the frequency domain with Binary Phase Shift Keying
(BPSK) modulation over a quasi-static fading channel,
for which the fading coefficient is constant within a
frame but changes independently from one frame to
another. The system operates in the training mode until
the MSE reaches the minimum, at which point switches
to the decision mode. The constituent codes are
non-systematic convolutional codes with the code rate
of ', memory order of 3 and the generating
polynomials g=15; and g;=17; The spreading
sequences used are Gold sequences with the processing
gain of 7. The proposcd system is simulated with 2
transmit and 2 receive antennas with 130 information
symbols in each frame per layer for each user. Therefore,
each layers of the LSTC-CDMA system consists of 266
encoded symbols per frame,

A comparison of the convergence speeds of LMS and
PFGLMS algorithm in frequency domgain is shown in
Fig.4, whereby the convergence speeds of PFGLMS
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adaptive iterative receiver is about seven times faster
than that of LMS. The average Mean Square Error
(MSE) of adaptive PFGLMS detector is lower than that
of LMS detector. This means that the detector that the
PFGLMS adaptive iterative receiver have better

Q.

performance that the one of LMS.

1 Y T v . . T T T
oy
e "\' """ A o s (we0.003) 7
Off =« furnnboero] e PFOLMS (u=0,003,7=013=09) |
agb . - 4¢ 4
0 P
o2} %’ o &’1'*"%' E,Mzwj‘

' WW%W.»

50 150

it
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e WMM

"o T 350 a0
ikration

Fig. 4 The Comparison of convergence speeds of
LMS and PFGLMS algorithm in frequency domain.

The performance of the 2 transmits and 2 receive
antennas for 5 users under frequency domain approach
is depicted in FigS. The result shows that the
performance of the adaptive iterative receiver based on
PFGLMS algorithm has a significant improvement in
the first iteration and gradually improves for the higher
iterations, compared to that of the receiver based on
LMS algoritm. The BER curves also show that the
PFGLMS iterative receiver approaches the interference
free bound and has an excellent tracking ability in the
scattering environment.

Averags BER
S,

ee I dleantiou

5| ot st heation

107 : z ~— Juh itertion

P —e= poth jteention

Lo =+ Xah iteexzion

« w MR Al it
«ee PTGIMS Alerillm

'
=== Wil overco freo boumd . '
" M . . H

104 " H . M
€ 7 ¢ » 10 1 12 13 1 15 16
LbNoldbl
Fig.5 The Comparison between LMS and PFGLMS
iterative algorithm for 5 users.

The bite error rate (BER) of the adaptive iterative
PFGLMS receiver for five users in time domain and
frequency domain is shown in Fig. 6. It can be observed
that the system performance is significantly improved
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for the second iteration compared to the first iteration
and approaches the interference free bound in the 20th
iteration. The results also show that performance of the
time domain and frequency domain structures are
approximately identity.

10 -

] & 15th eration
t*| ~—20th Reration I Frequency Doma '
"'} —#—Interference Free Bound || Time Domaia X
lo“ 1 L 1 i i i
2 4 [ 8 10 12 14 16

Eb/No

Fig. 6 The Comparison of BER of the adaptive
iterative PFGLMS receiver for five users in time
domain and frequency domain.

The maximum number of users for the frequency
domain adaptive iterative PFGLMS receiver in a target
BER at EyN, equal to 16 dB is shown in Fig. 7. The
simulation results show that the number of users is 15
after 20 iterations for a BER of 7 x 10>, These results
also show that when the number of users increases, a
higher nmumber of iteration is required to achieve the
same BER. For example, the receiver requires 10
iterations to achieve a BER of 1.95 x 10 for 15 users
while it requires 20 iterations to achieve the same BER
for 20 users.

10° -

Average BER

T Berstaon [
o =8 5th Teratioa |

- 10th Beration |- -
B SR, ko,
: {4 20th Rerstion |-
3 i
10 is 36 P13

Number of Users

Fig. 7 Number of users for frequency domain
adaptive iterative PFGLMS receiver at Ey/N, 16dB.
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4. CONCLUSION

In this paper, we present the low complexity
frequency domain adaptive iterative receiver for a
LSTC-CDMA based on the PFGLMS algorithm,
compared to LMS algorithm. The proposed frequency
domain receiver has a significant reduction in
computation complexity and achieves the same
performance compared to the time domain system. The
simulations results show that the proposed receiver
based on PFGLMS algorithm yields a faster
convergence speed, obtains better tracking ability, and
effectively mitigate the CCI and MAI by using the
interference suppression and cancellation techmiques.
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Adaptive Iterative Receiver for CDMA Systems in
Rayleigh Fading Channels
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Telecommunication Laboratory, Department of Information En gineering, Faculty of Engineering,
King Monkut’s Institute of Technology Ladkrabang (KM ITL)
Chalongkrung Rd, Bangkok 10520, Thailand

Abstract—An adaptive iterative receiver for a Layered Space-
Time Coded CDMA (LSTC-CDMA) system has been proposed in
this paper. The LSTC-CDMA system, based on a joint adaptive
iterative detection and decoding algorithm, adaptively cancels
Co-Channel Interference (CCI) and mitigates Multiple Access
Interference (MAI). The Least Means Square (LMS) algorithm is
uged for both feed-forward filter and feedback Alter in the
adaptive detection. A, Partially Filtered Gradient LMS
(PPGLMS) algorithm is also proposed to improve the
convergence speed of the adaptive detector. The performance
results show that the receiver, based on PFGLMS algorithm,
Yields much faster convergence speed and tracking ability with a
slightly increase in complexity. The proposed receiver is analyzed
in the slow and fast Rayleigh fading channels.

Keywords- CDMA; Layered Space-Time Coding; Least Mean
Square; Partially Filtered Gradient LMS; iterative detection.

L INTRODUCTION

Direct-Sequence CDMA (DS-CDMA) has emerged as a
predominantly multiple-access technique for 3G systems
compared to the 2G of TDMA systems. To improve the
throughput of this cellular system, the combination of LSTC
and CDMA has been intensively studied in [1-3). This
implementation generates Co-Channel [nterference (CCI)
from the adjacent layers and Multiple Access Interference
(MA]) from the users. To mitigate the aforementioned
interferences, an adaptive Minimum Means Square Error
(MMSE) receiver for a LSTC system have been proposed in
[4]. In this work, CCI can be reduced, but MAT is still a huge
problem, degrading the performance and yielding channel
estimation inaccurate in a high interference environment. A
non-linear adaptive iterative receiver has been studied in [5,
6], containing a feed-forward filter to suppress the system
interference and a feedback filter to cancel the interference
from adjacent antennas under an iterative format. By using
this algorithm, the convergence speed can be improved;
however, the feedback filter still has high complexity.

An adaptive iterative receiver for multiuser LSTC-CDMA
system has been proposed. The proposed adaptive detector
was investigated based on the LMS algorithm [7], whereby the
performance has been improved. However, the convergence
speed of the adaptive detector is not satisfied. For this reason,
the adaptive iterative receiver using a PFGLMS [8] algotithm
was proposed to improve convergence speed with slightly
increase in complexity. This paper presents adaptive iterative
receiver for LSTC-CDMA systems using PFGLMS algorithm
which organized as follows. System model is demonstrated in
Section I Performance results are presented in Section IIL
Finally, section IV gives a conclusion of this work.

1. teav_keovkolyan@yahoo.com
2. kichakre@kmitl.ac.th
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11
A, Transmitter Structure

SYSTEM MODEL

Fig. 1 LSTC-CDMA transmitter structure.

In a downlink LSTC-CDMA system, all user signals are
transmitted  simultaneously with N transmitters and A
receivers antennas. Fig. 1 shows the LSTC-CDMA transmitter
structure with K users. The binary information of each user is
transmitted at a data rate of r, = 1/7;, where T, is the bit
interval. This data information is first converted into layered
data information streams by a serial to parallel (S/P) converter,
Before modulated, each information stream was encoded by a
convolutional encoder to produce coded data stream for each
layer. The layered coded data streams are then fed into a
spatial time interleaver (sr1) and time interleaver (I7). Next,
the coded data streams are spread by its signamre sequence
using a spreading gain of L with L = T/T,, where T is the
symbol interval, and 7, is chip duration of spreading sequence.
Finally, the spread symbols of all users are then combined
together and transmitted through N transmit antennas.

Let b be the coded signal vectors transmitted by K users
through N transmit antennas and be defined by:

b=[by,by,...b,,.b, 1 [¢))
whereb, =[5},... b ], and by, is the information bit of the

p-thuser for #-th transmit antenna with 7=1,..,N and p=1,..,.K.
Let 8 represents the L x KNV spread transmitted sequences of
K users for n transmit antennas, as given by:
S=[s,....80,....87 ..sk,..5% ] 7))
whered<{s,. .4, .¢4fis the g-th chip of a spreading sequence
for the p-th user and »-th transmit antenna with ¢=1,..,L.
Let r/,is the received signal vector for the p-th user at the
receiver antenna Jsj=1,...,M , for symbol ¢, is represented by:
r, =SH! b+n?, 3)
where rf = [r,ﬂ",--.r,f',‘,- . .,r,ﬁ"']f, and r‘f’}‘l is the received
signal for the p-th user at the g-th chip of the -th symbol for j-
th antenna. Hf ,is defined by Hf, = diaghf ;... b dvun -



nf; is defined as an Lx1 noise vector at the receive antenna f

T
10
where "f . (¢)is a Gaussian random variable with a zero mean

of the p-th user, given by n{:j =[nﬁl(t),...,n;:q(t),...,n

and two sided power spectral density N,/2 per dimension.

B.  Receiver Structure

In downlink LSTC-CDMA. system, we assume that the
system has no knowledge of Channel State Information (CSI),
spreading sequences, and fading coefficients except the
training sequence. A block diagram of the proposed adaptive
iterative LSTC-CDMA multiuser receiver for the p-th user is
shown in Fig. 2.

This structure consists of X adaptive iterative LSTC-CDMA
single user receivers, each with an adaptive detector followed
by N parallel soft-input soft-output channel decoders. The
received signals are first input to the adaptive detector. The
detector outputs are then fed to the time and spatial
deinterleavers, definded by ™' and S, respectively. The
deinterleavers outputs are then decoded by a Maximum A
Posteriori (MAP) decoder. The estimated soft symbols of
MAP decoders from all users are sent to the spatial and time
interleavers, and then fed back to the adaptive detector under
iterative technique to cancel the interference from adjacent
antennas of the user, called CCI, and the interference from
other users, called MAI.

" )
§§

Y

%]

Y

User 1

Deloctor Joe— *|* *

UserK
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Fig 2 Block diagrdm of iterative LST- CDMA Receiver.
1. Proposed Adaptive Itevative Detector
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Fig 3 Block diagram of the adaptive iterative LSTC-CDMA receiver.
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The block diagram of the adaptive iterative LSTC-CDMA
receiver for the p-th user is shown in Fig. 3. In the proposed
adaptive receiver structure, N sets of adaptive detector consist
of M equalizers for the feed-forward filter and an equalizer for
the feedback filter modules. In the iterative process, the feed-
forward filter is compensated for the channel estimation error,
and the feedback filter is used to cancel the interference from
adjacent antennas and other users. In the first iteration, there
are no estimated symbols from the decoders, and the feedback
filter coefficients are zeros; thus, the feedback filter output is
also zero. In the feed-forward filter, the M adaptive equalizers
are used to estimate the channel coefficients and signature
sequence for each layer of each user. Finally, the equalizer
outputs from all receive antennas are added to obtain a feed-
forward filter output signal for each transmit antenna as shown
inFig. 3.

Let w""‘ (#) be an Lx1 feed-forward tap coefficients vector
for the j-th receive antenna of the p-th user during the A-th
iteration at symbol interval ¢ and be given by:

w bk a)~[w LY W () WP L - (@)

where (Q) is the feed-forward tap coefficient
co:ryﬁpondmg to the ¢-th chip of the spreading sequence.

X, pis (KN — 1)x1 vector of the estimated soft symbols, at
the k-th iteration, from MAP decoders of every antenna of all
users, except the i-th antenna of p-th user at symbol interval 1,
given by:

-l.k sNE ahk Al,k GNANT
_1p_(x111 ,X” s 9xf,p: (3 1,[(’ ,xrl ) (5)
|k Alk AZk Sk sithk &Nk

where % = (%, B R s By ®)

Let w} (t) be the feedback filter coefficients of all users,
except the i-th antenna of the p-th user, at symbol interval ¢ in
time dornain, is expressed as:

W Q=W 0, R O O W O, R OT ()

where Wit () = [k (1),..., Witk (1), Wil (@) Wi X (1] (8)
The detected symbol of the p-th user obtamed at the output

of the adaptive detector for the i-th antenna during the k-th

iteration at symbol interval f, denoted by y, " » is defined as:

yw7 —Zw""(r)”r" +wj ki ght ©

=t p
The detectof soft output v *in is then compared to tmim'ng
symbol, denoted by x 'fhe difference between them is
calculated as the detectxon error which is denoted by:
= yhpeuh (10)
The detection errar is thcn used to adapt the feed-forward
filter and feedback filter tap coefficients in the time domain.
After the Mean Square Error (MSE) approaches a specified
value, the training mode is switched to the decision directed
mode, in which the training sequence is replaced by the hard
decision output of each user detcctor
The values tap cocfficients, w4 *(#)in (4) and feedback filter
tap coefficients, w b"(t) in (7) are calculated by minimizing
the mean square error, defined as ;’ and given by



¢ = mim Ele mm(E ly D an

And they can be determined recursively by adaptive LMS
algorithm [7] as follows:
wf'k(t+l)=w‘;"k(r)'i-ﬂ/efjl;r{l (12)
wit e+ ) =wit) + uet (13)
where "P; and”i are defined in (3) and (5) ﬂfand Hyare
the step sizes for the feed-forward and feedback adaptation.
As the LMS algorithm has slow convergence and may not
track in 2 non-stationary environment very well, the PEGLMS
algorithm [8] based on an exponentially weighted least square
error is wtilized to improve the convergence speed. To apply
the PFGLMS algorithm 1o the adaptive iterative receiver, the
detected symbol of the p-th user i-th antenna during the #-th
iteration at time ¢, deﬁnﬁd in (9), is denoted by [7]:

3 " i R -
Virraus ZW'/'E M +wit @ (14)

The modified feed-fo';gvard and feedback coefficients of the
PFGIMS a.lgonthm canbe expressed as [7]

o Wi+ =wi () +pg% @) (15)
W 4D = Wik ) ) 16

T g = e, + 40
',*(r>= ,é’,*(r—l)w,e(r)r,} e

" = 20
(18)

i’(!) Ag (-1 + 763"

where #y and f4 are the step sizes far feed-forward and
feedback udaptatlon.(,i ,A,) oad (71 7’,)are T.he forgetting
and scaling factors respecnvely and g ; *(0) = (0) 0.

2. Complexity Analysis

By using LMS algorithm, each feed-forward filter requires
MQL+1) multiplications while feedback filter uses (2KN-1)
multiplications. Hence, the total number of operation is
KI[M2LA1)+2KN-1] multiplications and the same number of
additions. Otherwise, the PFGLMS algorithm requires
M(4L+1) multiplications for feed-forwand filter and 4(KN-
I)+1 multiplications for feedback filter. Thus, the total number
of operation is KI{M{4L+1)+4XN-3] multiplications and the
same number of additions. Both multiplications and addition
are celculated for each coded symbol with X users, N transmit
antennes, M receive antennas, J iterations, and L spreading
sequence length. The summary of the complexity comparison
between LMS and PPFGLMS algorithm is listed in TABLE L.

TABLEI
COnPMLEXITY COMPARISON BETWEEN LM S AND PFGLMS ALGORITENM
Computational
Number of
Algorithm R lexdity

multiplications (K=5, 120, M=2, N=2, L)

Conventional- | Ki [M2L+1+2KN-1] 2300

1MS
" PFGLMS KT [MAL+ 1Y+ kN3] 3500
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This section presents simulation results for the adaptive
iterative downlink LSTC-CDMA receiver with BPSK
modulation Rayleigh fading chamnels. The slow fading
chennel is modeled as a quasi-static fading channe! whereby
the fading coefficient is constant within a frame, but changes
independently from one frame to zpother. The constituent
codes are nonsystematic convolutional codes with the code
rate R of 122, memory order of 3, and the generating
polynomial g; 15;and g, 17. The spreading sequence is a
gold sequence with processing gain of 7. The proposed system
is simulated with 2 transmit and 2 receive antennes with 130
informeation bits in each frame per layer for each user. Bach
layer consists of 266 encoded symbols per frame. The data
rate is 1 Mb/s at the carrier frequency, f, , of 2 GH,. The
simulation results are represented in terms of average BER
versus the ratio of averaged energy per bit, denoted by Eb, to
the power spectral density of the AWGN, denoted by No.

A. .IS'Iow Fading Chatymel

PERFORMANCE RESULTS
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306 300
Fig. 4 Compariscn of convergenoo smds of LM algorithr and PEGLMS
algorithm.
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Fig.6 Number of usars for time domain adaptive iterative receiver based on
PFGLMS algorithm at By/N, 16dB.

A comparison of the convergence speeds of LMS and
PFGLMS algorithm is shown in Fig. 4, whereby the
convergence speeds of PFGLMS adaptive iterative receiver is

about seven times faster than that of LMS.

The performance of the 2 transmit and 2 receive antennas

for § users under time domain approach is depicted in Fig. 5.

The result shows that the performance of the adaptive iterative
receiver for LSTC-CDMA systems based on PFGLMS
algorithm has a significant improvement in the first iteration
and gradually improves for the higher iterations. The BER
curves also show that the proposed PFGLMS iterative receiver
approaches the interference free bound and has an excellent

tracking ability in the scattering environment.

The number of users for the time domain adaptive iterative
receiver based on PFGLMS algorithm at By/N, equal to 16 dB
is shown in Fig. 6. The simulation results show that the
number of users is 15 after 20 iterations for a BER of 7 x 107,
These results also show that when the number of users
increases, a higher number of iteration is required to achieve
the same BER. For example, the receiver requires 10 iterations
to achieve a BER of 1.6 x 10™ for 5 users while it requires 20
iterations to achieve the same BER for 10 users.

B. 'f"astFading Channel
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et Ts a0
R L L)
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PFig.7 Performance of the PRGLMS adaptive iterative receiver in various
normalized fading rate
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Fig.8 Comparison between PFGLMS iterative algorithm and MMSE

algorithm interference free bound at the 0.00001 normalize fading rate.
The performance of the proposed receiver at various fading
rates is shown in Fig.7. The results show that the average BER
decreases when the fading rate is increased. When the fading
rate is increased, the inputs to the MAP decoder are less
carrelated and the decoder has a better performance. Figure 8
presents the comparison of the performance between the
PFGLMS and MMSE algorithm at the fd*Ts = 0.00001. The
result show that the PFGLMS has a good tracking ability by

approaching the interference free bound at the 20 iterations.

Iv. CONCLUSION

{n this paper, we present an adaptive iterative receiver for
Layered Space-Time Coded CDMA based on the Partially
Filtered Gradient LMS algorittm, compared to LMS
algorithm. The simulation results show that the proposed
receiver based on PFGLMS algorithm yields a faster
convergence speed and better tracking ability with a slightly
increase in the complexity in term of multiplication and
addition. Due to the higher reliability of the Co-Channel
Interference (CCI) and Multiple Access Interference (MAI)
estimation, this performance results prove that the proposed
adaptive receiver can effectively mitigate the CCI and MAI
using the interference suppression and cancellation techniques.
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Abstract- An adaptive iterative recefver for a Layered Space-Time
Coded CDMA (LSTC-CDMA) system has been proposed in this
paper. The LSTC-CDMA system, based on a joint adaptive iterative
detection and decoding algorithm, adaptively cancels Co-Channel
Interference (CCI) and mitigates Multiple Access Interference
(MAT). The Least Means Square (LMS) algorithm is used for both
feed-forward filter and feedback filter in the adaptive detection. A
Partially Filtered Gradient LMS (PFGLMS) algorithm is also
proposed to improve the convergence speed of the adaptive detector.
The performance results show that the adaptive iterative receiver,
based on PFGLMS algorithm, yields much faster convergence speed
and tracking ability with a slightly increase in complerxity, compared
to that of the receiver based on LMS algorithm.

I. INTRODUCTION

With the integration of the internet and multimedia
applications in the next generation wireless communications, the
huge demand of highly reliable data rate service and the increase
in the system capacity are growing very fast. Several broadband
wireless communication systems have been widely studied such
as Code Division Multiple Access (CDMA) and Multi-Input-
Multi-Output (MIMO) systems.

Direct-Sequence CDMA (DS-CDMA) has emerged as a
predominantly multiple-access technique for 3G systems because
of its efficient capacity and facility of network planning in a
cellular environment, compared to the 2G Time Division
Multiple Access (TDMA) systems. To improve the throughput of
this cellular system, the combination of Layered Space-Time
Coding (LSTC) and CDMA, named as LSTC-CDMA, has been
intensively studied in [1-3]. This implementation generates Co-
Channe! Interference (CCI) from the adjacent layers and Multiple
Access Interference (MAI) from the users; hence, both will
degrade the system performance seriously. To mitigate the
aforementioned interferences controlled by Channel State
Information (CSI), an adaptive Minimum Means Square Error
(MMSE) receiver for a LSTC system have been proposed in {4].
In this work, CCI can be reduced, but MAI is still a huge
problem, degrading the performance and yielding channel
estimation inaccurate in a high interference environment. A non-
linear adaptive iterative receiver has been studied in [5, 6],
containing a feed-forward filter to suppress the system
interference and a feedback filter to cancel the interference from
adjacent antennas under an iterative format. By using this
algorithm, the convergence speed can be improved; however, the
complexity of the feedback filter still utilizes much computation.

978-1-4244-3388-9/09/825.00 ©2009 IEEE

An adaptive iterative receiver for multiuser LSTC-CDMA
system has been proposed. Consequently, the proposed adaptive
detector was investigated, based on the Adaptive Least Mean
Square (LMS) algorithm [7], whereby the performance, ie.
complexity, has been improved. However, the convergence speed
of the adaptive detector is not satisfied. For this reason, the
adaptive iterative receiver using a Partially Filtered Gradient
LMS (PFGLMS) [8] algorithm was proposed to improve
convergence speed with slightly increase in complexity,
compared to LMS algorithm. This paper presents adaptive
iterative receiver for LSTC-CDMA systems using PFGLMS
algorithm. The paper is organized as follows. System model is
demonstrated in Section II. Performance results are presented in
Section III, Finally, section IV gives a conclusion of this work.

II. SYSTEM MODEL

A.  Transmitter Structure

In a downlink LSTC-CDMA system, all user signals are
transmitted simultaneously with N transmitters and M receivers
antennas. Fig. 1 shows the LSTC-CDMA transmiitter structure
with K users, The binary information of each user is transmitted
at a data rate of r, = 1/7}, where T} is the bit interval. This data
information is first converted into layered data information
streams by a serial to parallel (S/P) converter. Before modulated,
each information stream was encoded by a convolutional encoder
fo produce coded data stream for each layer. The layered coded
data streams are then fed into a spatial time interleaver (sI1) and
time interleaver (IT). Next, the coded data streams are spread by
its signature sequence using a spreading gain of L with L = 7/T;,
where T is the symbol interval, and 7, is chip duration of
spreading sequence. Finally, the spread symbols of all users are
then combined together and simultaneously transmitted through
N transmit antennas.

tnput Data
User

Fig. 1 LSTC-CDMA transmitter structure.
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Let b be the coded signal vectors transmitted by K users
through N transmit antennas and be defined by:

b=[by,by,...bp,... 0 ] )
7 N . . N
wherebp =[bp s by sy 5,'], and b; is the information bit of

the p-th user for #-th transmit anterma with r=1,..,N and r=1,..K.
Let 8 represents the  x KN spread transmitted sequences of X
users for » transmit antennas, as given by:

1 N no 1 N
S =(sy,...,; seis8p e 8p,..8%]

@
where s} = [s;",...,s;',",...,s;',"‘]T »and sp7is the g-th chip of
a spreading sequence for the p-th user and n-th transmit antenna
withn=1,.., N; p=1,..,K; and ¢=1,..,L.

Let r,{’ ,is the received signal vector for the p-th user at the
receiver antenna j, j=1,.:., M, for symbol 1, is represented by:

17, =SH! b +n?,

@)
where rf, =[nf,..r5%,., 1257, and 524 s the received
signal for the p-th user at the g-th chip of the #-th symbol for Jth
aptenna.  HY, is defined by HZ,=diagh? FI T ey

Wheto hf, = diaglhf, (1).... 7, ()1 Oy » 804 42, (o) Tepresents
the fading cocfficient from j-th receive antenna to n-th transmit
antenna of the p-th user. nf; is defined as an Lx1 noise vector at
the rcceive antenna j of the p-th user, given by
0l =15 O,.nf @),-..n? (DT where n? (1) is a Gaussian
random variable with a zero mean and two sided power spectral
density No/2 per dimension. The received signals for all receive

antennas of the p-th user are given by R? R | POTRE 7 A .

B. Receiver Structure

In downlink LSTC-CDMA system, we assume that the system
has no knowledge of Channel State Information (CSI), spreading
sequences, and fading coefficients except the training sequence.
A block diagram of the proposed adaptive iterative LSTC-

CDMA multiuser receiver for the p-th user is shown in Fig. 2.
£
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Fig. 2 Block diagram of iterative LST- CDMA Receiver.
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This structure consists of X adaptive iterative LSTC-CDMA
single user receivers, each with an adaptive detector followed by
N parallel] soft-input soft-output channel decoders. The received
signals are first input to the adaptive detector. The detector
outputs are then fed to the time and spatial deinterleavers,
definded by T and SIT, respectively. The deinterleavers
outputs are then decoded by a Maximum A Posteriori (MAP)
decoder. The estimated soft symbols of MAP decoders from all
users are sent to the spatial and time interleavers, and then fed
back to the adaptive detector under iterative technique to cancel
the interference from adjacent antermnas of the user, called CCI,
and the interference from other users, called MAL

1. Proposed Adaptive Iterative Detector

The block diagram of the adaptive iterative LSTC-CDMA
receiver for the p-th user is shown in Fig. 3. In the proposed
adaptive receiver structure, N sets of adaptive detector consist of
M equalizers for the fesd-forward filter and an equalizer for the
feedback filter modules. An equalizer, employed in the proposed
adaptive detector, is based on the LMS and PFGLMS algorithm.
The detector output for each layer is obtained from combining a
feed-forward and a feedback filter output. In the iterative process,
the feed-forward filter is compensated for the channel estimation
error, and the feedback filter is used to cancel the interference
from adjacent antenmas and other users. In the first iteration, there
are no estimated symbols from the decoders, and the feedback
filter coefficients are zeros; thus, the feedback filter output is also
zero. In the feed-forward filter, the M adaptive equalizers are
used to estimate the channel coefficients and signature sequence
for each layer of each user. The equalizer outputs from all receive
antennas are added to obtain a feed-forward filter output signal
for each transmit antenna as shown in Fig. 3.

Let wf‘k (fybe an Lx1 feed-forward tap coefficients vector for
the j-th receive antenna of the p-th user during the A-th iteration
at symbol interval  and be given by:

wWEEQ = (WO, WP (@) WP L -1 4

where w,{’}k () is the feed-forward tap cocfficient corresponding
to the g-th chip of the spreading sequence.

Poadtemesry

i

]
!
I
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Y el .
oY e
1
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Fig. 3 Block diagram of the adaptive iterative LSTC-CDMA receiver.
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abk :
!:. pis (KN — 1)x1 vector of the estimated soft symbols, at the
k-th iteration, from MAP decoders of every anterma of all users,

except the i-th antenna of p-th user at symbol interval f, given by:

aik Al A aik al SNXT
i, =@ ,...,xf,"‘,...,x,’p,...,x,},...,x, _;c") ®)
aik a2k a2,k Si-Lk pitlk o Nk

where X, = (x,_,,x,_’ R VPIFS ARG S (6)

Let w;'(f) bo tho feedback filter coefficients of all users,
except the i-th antenna of the p-th user, at symbol interval f in
time domain, is expressed as:

W O =W Oy O, W O, W O, OT (1)

where wit ()= [w}t (0),... W A @O, Wk (0),... wik©]  (8)

The detected symbol of the p-th user obtained at the output of
the adaptive detector for the i-th antenna during the k-th iteration
at symbol interval 7, denoted by y::: , is defined as:

M
yip =D wEEO ez W F % ()
J=0

The detector soft oufput y,':: in the time domain is then
compared to training symbol, denoted by x!* . The difference
between them is calculated as the detection error. The detection
error for the p-th user in the k-th iteration at symbol interval 1, for
i-th antenna, denoted by e,"': , is represented by:

erp = Vip “%ip a0

The detection error is then used to adapt the feed-forward filter
and feedback filter tap coefficients in the time domain. After the
Mean Square Error (MSE) approaches a specified value, the
training mode is switched to the decision directed mode, in which
the training sequence is replaced by the hard decision output of
cach user detector.

The values tap coefficients, w 5’ * () in (4) and feedback filter
tap coefficients, w;;"' (t)in (7) are calculated by minimizing the
mean square error, defined as ¢, and given by

{= mim(EIe::ﬂz) = mm(E [l EE ek r D an

And they can be determined recursively by adaptive LMS
algorithm [7] as follows:

WA+ )= whA () + 1 el el (12)
W+ ) =wik O+ et 2 (13)

where r,.’j and gﬁ’; are defined in (3) and (5), respectively. Hy

and f4, are the step sizes for the feed-forward and feedback
adaptation.

As the LMS algorithm has slow convergence and may not
track in a non-stationary environment very well, the partially
filtered gradient LMS (PFGLMS) algorithm [8] based on an
exponentially weighted least square error is utilized to improve
the convergence spoed with a slight increase in complexity. To
apply the PFGLMS algorithm to the adaptive iterative receiver,
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the detected symbol of the p-th user i-th antenna during the A-th
iteration at time ¢, deﬁne)‘sl in (9), is denoted by [7]:
Yihrorus = D W O+ (3 (14)
The modified feed-fdrward and feedback coefficients of the
PFGLMS algorithm can be expressed as [7):

ad W) =W O+, (1) 5)
e Wi+ D =wit () + pg"k () a6
gl =er, +g% @
Er) =485 -1+ 7,e(0)r, } an
" g =z + ()
éL’*(f)=Aé2*(t—1)+7be(t)_fsi"} a®

where £4, andiare the step sizes for feed-forward and feedback
adaptation. (1., 4,)and ( 7> ¥s) are the forgetting factors and
the scaling facfors respectively, and  8°(0) = §;*(0) = 0 .

In the proposed receiver structure, detector output for user p,
denoted by y;* ,is decoded by Maximum A Posteriori (MAP)
Decoder. The soft-output from the decoder is used to suppress
the interference in the feedback filter in the next iteration. The
process of this adaptive iterative detection/decoding is performed
until the symbol estimation can converge to the optimal
performance. The soft-output from the decoder in the last
iteration is then fed into a decision device to produce a decision.
For a Binary Phase Shift Keying (BPSK), the functions for the
transmitted modulated symbols 1 and ~1 can be written as [3]:

(e 1)
02

(19)
2

The Log-Likelihood Ratios (LLR) is determined in the k-th
iteration for the i-th transmit layer of p-th user, denoted by ,1,5:: :
Wk 2
l:‘: 1o P(‘T:.r "lly:.pl)
3 P‘x,j = —lly};, ,
The symbol A Posteriori Probabilities (APP) P(x/% = g) y*),
with g equal 1 and -1, conditioned on the output variable which is
defined as y,'_’; for p-th user, can be obtained as:
Ak
A=)
, T ey

P =‘1|Yf$)=;,%+—l

Piglts = sl)=——om

20

@n

and 22)

The soft-output symbols are estimated in the i-th layer and k-th
iteration for p-th user, calculated as:

gr £ -1 @3)
2 ,ﬂ#
e " +1
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2. Complexity Analysis

By using LMS algorithm, each feed-forward filter requires
M2L+1) multiplications while feedback filter uses (2KN-1)
mukiplications. Hence, the total number of operation is
KIIMQ2L+1H+2KN-1] multiplications and the same number of
additions. Otherwise, the PFGLMS algorithm requites M4L+1)
multiplications  for feed-forward filter and 4(KN-1)+1
mmltiplications for feedback filter. Thus, the total number of
operation is KI[M(4L+1)+4KN-3] multiplications and the same
number of additions. Both multiplications and addition are
calculated for each coded symbol with X users, N transmit
antermas, M receive antennas, I iterations, and L spreading
sequence length The summary of the complexity comparison
between LMS and PFGLMS algorithm is listed in TABLE 1.

III. PERFORMANCE RESULTS

This section presents simulation results for the adaptive
iterative downlink LSTC-CDMA receiver over a quasi-static
fading channel whereby the fading coefficient is constant within
a frame, but changes independently from one frame to another.
The constituent codes ere nonsystematic convolutional codes
with the code rate R of 1/2, memory order of 3, and the
generating polynomial g, = 155 and g, = 17;. The spreading
sequence is a gold sequence with processing gain of 7. The
proposed system is simulated with 2 transmit and 2 receive
antennas with 130 information bits in each frame per layer for
cach user. Each layer consists of 266 encoded symbols per frame.

A comparison of the convergence speeds of LMS and
PFGLMS algorithm is shown in Fig. 4, whereby the convergence
speeds of PFGLMS adaptive iterative receiver is about seven
times faster than that of LMS. The average Mean Square Error
(MSE) of adaptive PFGLMS detector is lower than that of LIMS
detector. The performance of the 2 transmit and 2 receive
antermas for 5 users under time domain approach is depicted in
Fig. 5. The result shows that the performance of the adaptive
iterative receiver based on PFGLMS algorithm has a significant
improvement in the first iteration and gradually improves for the
higher iterations, compared to that of the receiver based on IMS
algorithm. The BER curves also show that the PEGLMS iterative
receiver approaches the interference free bound and has an
excellent tracking ability in the scattering environment.

IV. CoNCcLUsION

In this paper, we present an adaptive iterative receiver for
Layered Space-Time Coded CDMA based on the Partially
Filtered Gradient LMS algorithm, compared to LMS algorithm.
The simulation results show that the proposed adaptive iterative
receiver based on PFGLMS algorithm yields a faster
convergence speed and better tracking ability with a slightly
increase in the complexity in term of multiplication and addition.
Due to the higher reliability of the Co-Channel Interference (CCI)
and Multiple Access Interference (MAI) estimation, this
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performance results prove that the proposed adaptive iterative
teceiver can effectively mitigate the CCI and MAI using the
interference suppression and cancellation tzchniques.
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