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Abstract

Multiple-input multiple-output (MIMO) and orthogonal frequency division mul-

tiplexing (OFDM) stand as promising technologies to resolve bottlenecks in the

traffic capacity of current and future high data rate wireless systems such as long-

term evolution (LTE), Wi-Fi, and worldwide interoperability for microwave access

(WiMAX). Recently, the expansion of MIMO systems to employ multiple users

(multi-user MIMO) has been a key topic of interest, mainly motivated by the need

to recognise the network capacity enhancements resulting from the use of MIMO

technology. In Australia, the Commonwealth Scientific and Industrial Research

Organisation (CSIRO) has proposed and implemented a novel and feasible system

called the “Ngara wireless broadband access” system using space division multiple

access (SDMA) to allow multiple users to employ the same frequency at the same

time in MIMO-OFDM systems. In SDMA-based multi-user MIMO-OFDM, wireless

broadband services with higher spectral efficiency can be enabled by employing

multiple antennas at an access point to serve each mobile stations equipped with a

single antenna.

Over the last fifteen years, multi-user MIMO-OFDM wireless communications

have been the subject of extensive interest from both the academic and industrial

communities. However, a realistic multi-user MIMO-OFDM transceiver design, with

the ability to achieve channel capacity boundaries in practical channel conditions re-

mains a primary problem. Specifically, the performance of multi-user MIMO-OFDM

depends heavily on the accuracy of the estimation of channel state information (CSI)

which is defined by the propagation environment of wireless systems. Practically,

wireless channels experience multi-path propagation and time-variations which

should be tracked recursively to accurately detect transmitted data at the receiver.

Typically, CSI can be estimated by sending known symbols. However, this increases

overheads if the channel changes significantly over time. Therefore, the design and

implementation of an efficient SDMA-based multi-user MIMO-OFDM system still

faces major challenges, in particular, the development of an efficient and accurate

channel tracking method. Moreover, channel compensation has been identified as

a key issue from the beginning of wireless communications, and the latest growth

in this dominion has made the old issue more challenging. The exploitation of an

equalizer which can track the changing channel with increased accuracy with the

introduction of SDMA-based multi-user, multiple-antenna systems with OFDM

transmission is more demanding.
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To optimise the performance and ensure adequate planning of this point-to-

multipoint wireless communication technology, this research has developed a novel,

efficient and accurate algorithm for tracking CSI. A methodical approach has

been used to derive an accurate channel tracking algorithm. The tracked channel

estimation provides a significantly lower error vector magnitude (EVM) when used

in SDMA-based multi-user MIMO-OFDM systems. For example, the EVM for

the proposed novel method is up to 79% lower than for a training-based channel

estimation method using a single training sequence. Therefore, the novel channel

tracking method offers a significant advantage of using a reduced amount of frequency

bandwidth when compared to the training-based channel estimation method. The

results are shown for the improved performance of the channel tracking mechanism

when the maximum Doppler frequency is less than 30 Hz and SNR is greater than

13 dB. There is an added cost of computational complexity. However, with the

recent advancement in signal processing hardware makes the proposed methods

practical. Moreover, the proposed method shows lower EVM values for lower

maximum Doppler shifts (fd). For example, when fd is less than 30Hz, the EVM

approximately remains under 0.2. Since the proposed method uses hard-decisions,

the noise can be efficiently removed from the tracked channel estimation. This

shows the significance of the proposed novel channel tracking method in SDMA-

based multi-user MIMO-OFDM systems, offering a more efficient use of frequency

bandwidth and performing accurate channel tracking for time-varying, frequency

selective, multi-user, multi-path, MIMO channels.
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Chapter 1

Introduction

1.1 Introduction

High-speed broadband Internet access is widely recognised as a catalyst to economic

growth and social equity in Australia and around the world. The Australian

Government has therefore commenced the construction of the National Broadband

Network (NBN) to deliver the best and most cost effective infrastructure across

Australia [10]. However, rural Australia’s inherent dispersed population over a large

geographical area makes delivery of efficient, well-maintained and cost-effective

Internet access a challenging task. Therefore, the Commonwealth Scientific and

Industrial Research Organisation (CSIRO) has proposed and implemented a novel

and feasible system called the “Ngara wireless broadband access” system, which is an

efficient multi-user single-antenna multiple-input multiple-output (MUSA-MIMO)

wireless communications technology as a practical solution to provide cheaper and

faster Internet services to rural areas in a spectrally efficient and cost-effective

manner [11].

The advancement of multicarrier orthogonal frequency division multiplexing

(OFDM) [12] technology with multiple-input multiple-output (MIMO) MIMO) [13]

systems stand as promising technologies to address bottlenecks in the traffic capacity

of current and future high data rate wireless communications systems like long-

term evolution (LTE), Wi-Fi, and worldwide interoperability for microwave access

(WiMAX) [14]. MIMO systems use multiple antennas at both the transmitter and

receiver to create additional sub-channels in the spatial domain. Parallel channels

are established over the same time and frequency. Therefore, higher capacity and

reliability can be achieved without the need for increased transmission power or

additional bandwidth [6]. OFDM converts a frequency selective channel into a par-

allel set of frequency flat channels by splitting the available spectrum into a number

of overlapping but orthogonal narrowband subcarriers. Furthermore, it alleviates

the inter-symbol interference (ISI) caused by multi-paths and offers comparatively
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simpler implementations [15]. Overall, these performance strengthening advantages

have made the combination of MIMO-OFDM the favoured method for several high

data rate wireless technologies [14].

Recently, the extension of MIMO systems to accommodate multiple users (multi-

user MIMO) has been a major matter of interest. It is mainly motivated by the

necessity to identify the network capacity improvements resulting from the employ-

ment of MIMO arrangements. In multi-user MIMO-OFDM, wireless broadband

services with higher spectral efficiency can be enabled by employing multiple anten-

nas at an access point (AP) to serve mobile stations (MS) equipped with a single

antenna or multiple antennas.

Standardised wireless local loop (WLL), wireless local area network (WLAN),

wireless metropolitan area network (WMAN), and more recently wireless regional

area network (WRAN) technologies have been considered to provide terrestrial fixed

wireless multiple access for rural areas. However, these standard technologies achieve

a spectrum efficiency of less than 6 bits/s/Hz/cell [16]. Therefore, to simultaneously

serve every user in a cell with high data rates, either a wide frequency spectrum or

an excess of access points would be required. Therefore, the CSIRO has proposed

and implemented a novel and feasible system called the “Ngara wireless broadband

access” system [17].

This system uses point-to-multi-point wireless communications technology with

multiple users (multi-user MIMO) and has been implemented using OFDM. This

system employs the space division multiple access (SDMA) technique to allow users

to employ the same frequency at the same time. With this system, the AP is

equipped with multiple antennas to serve sparsely distributed user terminals with a

single antenna using the same bandwidth. This approach facilitates the allocation

of a wide frequency bandwidth for each user, thus giving them access to faster

data rates [18]. However, this novel system did not have a proper channel tracking

algorithm. Therefore, our research aimed to develop a novel channel tracking

algorithm that suit this novel system. Moreover, we received financial support from

the Queensland Government under the Smart Future Fellowship Scheme to conduct

this research. The present research is based on this Ngara wireless broadband

access system and focuses on the case of six users with a 12 AP antenna system,

as implemented in [19]. However, the proposed methods are applicable to a larger

number of users and antennas.

The multiple paths in a channel represent the effect of multiple wavefronts. The

channel is said to be time-varying, when the transmitter or the receiver is mobile

or the channel is rapidly changing due to environmental conditions. Identifying

the information about the channel is important in order to recover the transmitted
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signal at the receiver under these channel conditions. This phenomenon is referred

to as channel estimation. The removal of channel effects is referred to as equalization.

Channel tracking performs an important task to track a time-varying channel even

after the initial channel estimation. The motivation of the study presented in this

thesis is to develop channel tracking algorithm that can suit the novel SDMA based

multi-user MIMO-OFDM communication system developed by CSIRO. The next

section presents an outline of the motivation of the thesis.

1.1.1 Motivation for the thesis

Multi-user MIMO-OFDM wireless communications have received immense interest

from both the academic and industrial communities over the last fifteen years as

shown in literature review in Chapter 2. However, the ability to attain channel

capacity boundaries in realistic channel conditions remains a primary problem with

realistic multi-user MIMO-OFDM transceiver designs. Channel state information

(CSI) characterises the propagation environment of wireless systems [20]. The

accuracy of the estimation of CSI is critical for the performance of multi-user

MIMO-OFDM systems [21]. Typically, the estimation of CSI can be performed

by transmitting known symbols [22]. However, this method adds overheads to the

system if the channel changes drastically over time. Therefore, the design and

implementation of the CSIRO’s SDMA-based multi-user MIMO-OFDM system

still faces key demands, particularly, the development of an efficient and accurate

channel tracking algorithm. Moreover, the latest growth in multi-user wireless

communications demands channel compensation [23]. The development of an

adaptive equalizer which can compensate the channel impairments caused by multi-

path propagation and time-variations in the channel with increased accuracy for the

introduction of the SDMA-based multi-user MIMO-OFDM system is challenging.

1.1.2 Why does a channel need to be estimated and tracked?

In order to accomplish the maximum capacity and diversity gain in MIMO chan-

nels, optimisation difficulties such as power, rate adaptation, code design, joint

detection, channel estimation and channel tracking should be addressed [24]. Those

optimisation difficulties depend on the structure of the system. Therefore, channel

estimation and tracking are significant for the implementation and design of reliable

wireless communications. It is also independent of the other above mentioned

problems and is a prerequisite to the implementation of solutions to the previously

cited problems such as power, rate adaptation, code design and joint detection [24].

MIMO-OFDM communications systems need the knowledge of the CSI in order
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to detect the transmitted symbols at the receiver [25]. In reality, temporal variations

in the communications systems such as movement between transmitter and receiver

cause rapid changes in the channel and multi-path propagation cause frequency

selectivity in the channel. These effects in the propagation path exhibit a time-

varying and frequency selective channel matrix. Therefore, the coefficients of the

channel matrix have to be known at each time instance, if the channel changes, in

order to detect the transmitted signals at the receiver. These coefficients are obtained

by employing a suitable channel estimation scheme. The channel is estimated at

the transmitter (by channel reciprocity or channel feedback, or other prediction

methods) or at the receiver. In most two-way communications systems, the receiver

will estimate the channel condition. A data block is transmitted and reconstructed

at the receiver based on the channel estimated at the receiver. Moreover, the

time-variations change the channel coefficients even after the initial estimation so,

the time variation of the MIMO channel must be taken into account. Therefore, a

channel tracking algorithm is essential to recursively update the estimated state of

the channel.

The channel tracking methods are required to accurately estimate the channel

so that the transmitter can communicate with the reciever to use CSI in order

to improve the data rate. The receiver will negotiate with the transmitter about

whether to decrease or increase the size of the constellation depending on the

condition of the channel. If the channel is very noisy, the receiver will negotiate

with the transmitter to decrease the size of the constellation so that the symbol

error rate will still be satisfactory. If the channel is not noisy, then the receiver will

negotiate with the transmitter to increase the size of the constellation and therefore

the data rate can be improved for a less noisy channel.

The system’s knowledge pertaining to the channel conditions encountered is

crucial for achieving high capacity and the realisable integrity of communication

systems [26]. Therefore, the provision of an accurate and efficient channel tracking

approach is a critical feature in accomplishing high performance wireless systems.

The need of equalization in OFDM dictates the need of channel tracking in time-

varying channels.

Therefore, to optimise the performance and ensure adequate planning of this novel

multi-user MIMO-OFDM wireless communications system, an accurate channel

tracking algorithm needs to recursively track the state of the channel and obtain

the CSI. Specifically, the main research questions that motivated this research are:

1. How can a time-varying channel model for an SDMA-based multi-user MIMO-

OFDM system be created for the purpose of evaluating the proposed channel

tracking algorithms?
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2. How can the CSI for an SDMA-based time-varying multi-user MIMO-OFDM

system be obtained?

3. How can SDMA-based multi-user MIMO-OFDM channels be adaptively

equalized?

4. How can the SDMA-based multi-user MIMO-OFDM channel be recursively

tracked?

5. How can the effect of time-variations in terms of error vector magnitude

(EVM) be measured?

Therefore, the study presented in this thesis aimed to answer these research

questions.

1.2 Objectives

To further improve the performance of the CSIRO MUSA-MIMO system, an

algorithm that can track time-varying, frequency selective, multi-user, MIMO

channels is required. Therefore, the research presented in this thesis arose the

following objectives in order to detect the transmitted data at the receiver:

1. To create a time-varying channel model for SDMA-based multi-user MIMO-

OFDM systems for characterising the time-varying, frequency selective chan-

nels for the purpose of evaluating the proposed channel tracking algorithms.

2. To obtain the time-varying, frequency selective CSI at the receiver for SDMA-

based multi-user MIMO-OFDM systems.

3. To adaptively equalize SDMA-based time-varying, frequency selective, multi-

user MIMO channels.

4. To recursively track the time-varying, frequency selective, multi-user MIMO

channels.

5. To measure the effect of proposed channel tracking method in terms of the error

vector magnitude (EVM) between the recovered symbols and the transmitted

symbols.
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1.3 Significance of the research

The proposed channel tracking method performs accurately by recursively estimating

the time-varying, frequency selective, multi-user, MIMO channel with 79% lower

EVM than for the training-based channel estimation method. Moreover, this

method is a simple method that is developed to suit the design of the unique system

developed by the CSIRO.

To the best of the author’s knowledge, many of the channel estimation and tracking

methods for multi-user MIMO found in the literature depend on the number of

users. For example, when the number of users was increased, the performance of

the methods were degraded [27, 28]. These methods perform well only when the

number of users is limited. However, in realistic wireless communications systems,

we cannot expect to limit the number of MSs in the system. The tracking method

proposed can be extendable up to any number of users and we show the results for

six as an example.

Most conventional channel estimation and tracking methods use more than 20% of

the duration of OFDM transmission to send training sequences. For example, [27,28]

incorporated 12 out of 60 symbols and 16 or 32 as training sequences in their channel

estimation methods. However, the tracking method proposed in this thesis performed

accurately with only one OFDM symbol per transmitter as the pilot sequence, saving

valuable bandwidth in the system. Moreover, the training symbol incorporated in

our method provides a full description of frequency selectivity characteristics in the

channel.

Many adaptive equalization techniques [29] in the literature perform well only

for a 2×2 MIMO system limiting the number of antennas, while our methods show

performance for a 12×6 SDMA-based multi-user MIMO-OFDM system. Moreover,

with the method presented in [29], the symbol error rate (SER) reached 10−3

only when the signal-to-noise ratio (SNR) is equal to 40 dB, while the adaptive

equalization method proposed in the present research reached the same value of bit

error rate (BER), when the SNR equals to 12 with a decision feedback equalizer

(DFE). Therefore, the method proposed in this study performed well at low SNR

values.

1.4 Contributions of the research

The main contributions of this thesis are as follows:

• The application of linear and DFE adaptive equalization methods that can

compensate channel impairments like ISI and frequency selectivity effects in
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SDMA-based multi-user MIMO-OFDM systems.

The proposed methods are combined with least mean square (LMS) and

recursive least square (RLS) adaptive algorithms to provide low BER values

in SDMA-based multi-user MIMO-OFDM systems.

• The development of a channel tracking algorithm that can recursively update

channel variations in SDMA-based multi-user MIMO-OFDM systems.

The proposed channel tracking algorithm performed efficiently and accurately

with 79% lower EVM for time-varying, frequency selective multi-user MIMO

channels than for the training-based channel estimation method with employ-

ing only one pilot symbol for each transmit-receiver pair. Therefore, efficient

bandwidth can be saved by the proposed novel channel tracking method.

• The development of the novel channel tracking algorithm to suit CSIRO’s

unique SDMA-based multi-user MIMO-OFDM system.

No other research has developed such a scheme to track the time-varying,

frequency selective, multi-user, MIMO channels. To the best of the author’s

knowledge, this is the first time that a six-user, twelve-antenna multi-user

MIMO-OFDM channel is tracked.

1.5 Thesis outline

The organisation of the remainder of this thesis is as follows:

• In Chapter 2, a detailed discussion on the principles and recent research

efforts regarding fading channels, MIMO systems and OFDM systems is

presented. This chapter is structured in four main sections. The first section

sets out a brief outline of wireless communications, arranging the necessary

background to understand the subsequent sections. The succeeding sections

of this chapter present a comprehensive discussion and a literature review on

widely used communications technologies such as OFDM and MIMO that

help to mitigate the negative effects caused by multi-path fading and take

advantage of the multi-path fading.

• Chapter 3 provides a comprehensive literature review on the existing adaptive

equalization techniques, channel estimation methods and channel tracking

algorithms that are employed in MIMO-OFDM communications systems. The

literature review is categorised in three main sections. First, the literature

on adaptive equalization is presented by discussing three main areas: linear

vs. non-linear (DFE) equalization methods, adaptive filters and adaptive
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algorithms. Then, channel estimation is discussed in regard to uncertainty

models for channel state information, channel estimation methods, multi-

user channel estimation and channel estimators. Finally channel tracking is

discussed. The literature review points out the existing gaps in knowledge,

providing the base for preparing the scope, objectives and methodology of the

present research.

• Chapter 4 discusses the methodology carried out for performing the research

in five phases. First, we report the construction of a time-varying, frequency

selective, multi-user MIMO channel model to characterise the wireless propaga-

tion environment. Next, the development of an efficient mechanism for initial

channel estimation exploiting a training sequence for each transmit-receiver

pair is discussed. Then, the development of adaptive channel equalization

methods for SDMA-based multi-user MIMO-OFDM systems is presented.

Next, the development of a novel and efficient channel tracking algorithm

for multi-user MIMO-OFDM systems is explained. Finally, the statistical

analysis of the EVM between the recovered symbols (X̂) and the transmitted

symbols (X) is explained.

• Chapter 5 discusses the adaptive equalization techniques developed for

SDMA-based multi-user MIMO-OFDM systems. The overall performance of

multi-user MIMO-OFDM systems is affected by the critical factors such as

the ISI produced by multi-path propagation within time dispersive channels

and frequency selectivity. The employment of appropriate equalization at

the receiver can compensate these channel impairments. Therefore, this

chapter reveals the system model developed for linear and DFE adaptive

equalization in SDMA-based multi-user MIMO-OFDM systems. The proposed

equalization mechanisms adaptively equalize the channel and compensate

for channel impairments. To determine optimal performance, least mean

square (LMS) and recursive least squares (RLS) adaptive algorithms as well

as training sequence based equalization methods are used in the proposed

adaptive equalizers.

• In Chapter 6, the novel and efficient channel tracking algorithm for time-

varying and frequency selective channels in SDMA-based multi-user MIMO-

OFDM systems is presented. A detailed analysis of the simulation results

with error, channel matrix, Doppler shift and SNR are discussed. The results

demonstrate that the proposed algorithm performed better than the training

sequence based method in time-varying, frequency selective, multi-path chan-

nels in SDMA-based multi-user MIMO-OFDM systems. The results of the
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statistical analysis on both of the magnitude error and variance of EVM are

presented in this chapter.

• In Chapter 7, the research findings and deductions of this monograph are

summarised and the conclusions of the thesis are provided. Directions in

future research are suggested as well as extensions to which the results derived

in the study presented in the thesis can be applied.

9





Chapter 2

Principles of Multi-Path Fading,

MIMO and OFDM

2.1 Introduction

This chapter presents a detailed discussion of the principles and recent research

efforts regarding fading channels, MIMO systems and OFDM systems. The chapter

is set out in five main categories; background, OFDM, MIMO systems and multi-

user MIMO. The first section provides a brief outline of wireless communications,

establishing the necessary background to understand the following sections. The

next sections of this chapter discuss widely-used communications technologies such

as OFDM and MIMO that help to mitigate the negative effects caused by multi-path

fading and, in fact, take advantage of multi-path fading. The final section presents

multi-user MIMO technology.

2.2 Introduction to wireless communications

The understanding of radio propagation channels to design wireless communication

systems effectively is imperative. Previously, the wireless medium was analysed as

a limiting factor in designing reliable communications links. However, this pattern

has been transformed into modern day communications systems over enormous

research and successive insights, which have a tendency to explore the channel

behaviour for better performances.

The term “Wireless communications” refers to the transfer of information using

electromagnetic radiation from the transmitter to the receiver. The transmitted

signal propagates through a physical medium that contains reflective surfaces or

permeating obstacles. This causes multiple reflected signals of the same source to

arrive at the receiver at different times. The material properties such as dielectric
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constants, permeability, conductivity and thickness of the reflective surface directly

influence the reflected signal. These propagation medium effects are characterised

as an abstract entity called the channel [9]. The physical transmission medium is

the defined as the channel.

This section provides a brief outline of wireless communications. This overview is

intended to provide the necessary background to understand the research provided

in the following chapters.

2.2.1 Fading

Communication in wireless channels is limited primarily by fading. In wireless

systems, fading is primarily due to multi-path propagation or shadowing from

obstacles. The transmitted signal arrives at the receiver through diverse angles

and/or diverse time delays and/or diverse frequency shifts because of the scattering

effect of electromagnetic waves in the environment. This arbitrary variation in

signal level is known as multi-path fading. The signal experiences shadowing fading,

when the surrounding obstacles block the dominant path of the wave propagation.

The quality and consistency of wireless communication are significantly influenced

by fading. Furthermore, the task of planning high data rate, highly reliable wireless

communications systems is enormously challenging due to the restrictions created

by inadequate power and scarce bandwidth.

It is important to take into account whether the observation of such fluctuations

has been made over short distances or long distances. For a wireless channel, the

first scenario explains rapid fluctuations in the envelope of the signal, whereas the

second scenario presents a slowly varying, averaged view. Consequently, the former

case is referred to as small-scale fading or multi-path fading, whereas the latter is

called large-scale fading or path loss [9].

Large scale fading is explained by the gradual loss of received signal power with

transmitter-receiver separation distance. The objective of the present research is to

maximise channel estimation and channel tracking efficiencies. Therefore, we only

needed to consider small-scale fading characteristics and the large-scale fading is not

considered in this research. However, it is significant to address the different types

of small-scale fading; both in terms of the signal dispersion and the time-variance

of the channel (see Figure 2.1). A few important properties of wireless channels are

briefly outlined below.

1. Doppler shift

The Doppler shift (fd) is the frequency offset experienced by each multi-path

wave, due to the relative motion between the transmitter and the receiver.
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Figure 2.1: Types of fading channels.

It is directly proportional to the velocity and the direction of motion of the

mobile with respect to the direction of arrival of the received multi-path wave.

Accordingly, the Doppler shift can be expressed as:

fd =
v

λ
cos (α) (2.1)

=
vf c
c

cos (α)

where v is the speed of the mobile, λ is the wavelength of the radio signal, α is

the direction of motion of the mobile with respect to the direction of arrival of

the multi-path, c is the speed of light (3e8 m/s) and fc is the carrier frequency

of the radio signal. In general, the Doppler shift will become time dependent

if any form of acceleration or change of direction between the transmitter and

receiver (e.g., driving in a curve), is introduced (Doppler spread is expalined

below).

2. Coherence bandwidth

A channel which passes all spectral components with approximately equal gain
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and linear phase, is described as flat. The coherence bandwidth, Bc of a channel

is a statistical measure of the range of frequencies over a flat channel. It is a

significant parameter in the design of many wireless systems. Especially in

OFDM systems, each subcarrier would be affected by a flat channel, if the sub-

carrier spacing is set to be less than coherence bandwidth. Therefore, simple

one-tap equalization can be employed yielding a simpler OFDM system design.

3. Coherence time

The coherence time, Tc, is the time domain equivalent of the Doppler spread.

The time-varying nature of the channel can be characterized by Tc in the time

domain. Moreover, Tc is the time for which the correlation of the channel

responses reduces by 3 dB. For instance, to avoid the fast fading effect in the

OFDM systems, the coherence time of the channel is required to be longer

than the OFDM symbol length.

4. Fast fading channels

In a fast fading channel, the channel impulse response (CIR) varies rapidly

within the symbol duration. For such channels, the coherence time of the

channel, Tc, is smaller than the symbol period of the transmitted signal, Ts,

yielding frequency dispersion (or time-selective fading). This causes signal

distortion. In the frequency domain, the mobility results in the frequency

spread of the signal. It depends on the operating frequency and the relative

speed between the transmitter and receiver, also known as Doppler spread.

Therefore, a signal undergoes fast fading or time selective fading if: Ts > Tc

and Bs < Bd, where Bs is the bandwidth of the transmitted signal and Bd is

the Doppler spread of the channel.

5. Slow fading channels

The channel is said to be slow fading, if the CIR varies at a much slower rate

than that of the transmitted baseband signal. Under such circumstances, the

channel is said to be static over one or several bandwidth intervals. In the

frequency domain, this implies that the Doppler spread, Bd of the channel is

much less than the bandwidth of the baseband signal, Bs. Consequently, a

signal experiences slow fading if: Ts << Tc and Bs >> Bd.
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6. Frequency selective channels

The channel creates frequency selective fading on the received signal, if the

channel has a constant-gain and a linear phase response over a bandwidth

that is smaller than the bandwidth of the transmitted signal, Bs. In this case,

the CIR possesses a multi-path delay spread which is greater than the mutual

bandwidth of the transmitted message waveform. Consequently, the received

signal will be distorted, as it includes multiple versions of the transmitted

waveform which are attenuated (faded) and delayed in time. This leads to ISI.

Moreover, the spectrum of the transmitted signal has a bandwidth which is

greater than the coherence bandwidth Bc of the channel. Therefore, a signal

experiences frequency selective fading if: Bs >> Bc and Ts < στ , where στ is

the root mean square (RMS) value of the delay spread.

7. Flat fading channels

The received signal experiences flat fading (or frequency flat fading), if the

channel has a constant gain and a linear phase response over a bandwidth that

is greater than the bandwidth of the transmitted signal. Since the bandwidth

of the applied signal, Bs is narrow compared to the coherence bandwidth, Bc,

or the flat fading bandwidth, the flat fading channel is sometimes referred to

as the narrowband channel. Thus, a signal undergoes flat fading if: Bs << Bc

and Ts > στ [9].

The delay spread of the signal is the maximum time delay that occurrs. It

changes as the environment changes. In summary, when the delay spread is smaller

than a symbol period, the distortion is called flat fading. The frequency selective

fading occurs when the delay spread is larger than a symbol period. At deep fade

frequencies, the channel does not allow any information to pass through. The fading

occurs at selected frequencies, and is therefore called frequency selective fading.

2.2.2 Multi-path fading

Fading is caused, when the path followed by the propagation signal from the

transmitter to the receiver involves either reflections or obstructions (see Figure

2.2(a)). For example, the link path changes in environments such as a moving car,

indoor area, or a populated urban area with tall buildings. Here, a copy of the

original signal arrives at the receiver from many different paths. Each of these rays

has a slightly diverse delay and slightly diverse gain. The signal degrades as the
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time delays cause phase shifts in the main signal component, resulting in multi-path

fading.

α0 = Line of sight path gain

τ0 = Path Delay

α1 = Secondary path gain

τ1 = Secondary path Delay

AP

MS

αl = Secondary path gain

τl = Secondary path delay

(a)

t

|a0|  |a1| |al|

h(t)

τ1τ0 τl

...

(b)

Figure 2.2: (a) Multi-path distortion (b) Graphical representation of
the multi-path impulse response.

The impulse response of a multi-path channel can be expressed as:

hc (t) =
L−1∑
l=0

alδ (t− τl) (2.2)

where al are complex path gains, τl are the normalised path delays relative to the

line-of-sight (LoS) and L is the number of paths followed by the signal. Figure
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{ys}{xn}

f(t)

g(t) c(t)
p(t)

Figure 2.3: Communications channel with transmitter pulse modulation
and receiver filter [1].

2.2(b) shows a representation of the multi-path impulse response.

In fading, the delayed reflected signals add to the main signal component thus,

leading to either gains in the signal strength or deep fades. During deep fades,

the receiver fails to detect the transmitted symbol. Rayleigh fading occurs, when

there is no direct path (LoS) but only multi-path components in the received signal.

If the LoS component is present, the channel fading is assumed to have a Rician

distribution [30].

2.2.3 Inter-symbol interference (ISI)

ISI is the echoes from proceeding or succeeding symbols that are adding to or

subtracting from the symbol being detected. It is the dispersion effect in the discrete

time domain, where the transmitted data are considered as digital symbols with

pulse modulation. Figure 2.3 illustrates a communication channel with transmitter

pulse modulation and receiver filter. As shown for binary data, the discrete

information-bearing symbol xn is either “1” or “0” and the modulation pulse is a

square pulse.

Without considering channel noise, the received signal can be expressed as: [20]

y (t) =
∞∑
n=0

xnf (t− nT ) (2.3)
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where f(t) is the overall response with the transmitter modulation, channel and

receiver filter as depicted in Figure 2.3. In order to obtain the recovered symbol,

y(t) is sampled at times t = sT + τ0, s = 0, 1,..., where τ0 is the propagation delay.

We then have

y (sT + τ0) = ys =
∞∑
n=0

xnf (sT + τ0 − nT ) (2.4)

or equivalently,

ys =
∞∑
n=0

xnfs−n = f0xs +
∞∑

n=0,n6=s

xnfs−n (2.5)

The term foxs indicates the desired information symbol at the sth sampling instant

and the term
∑∞

n=0,n6=s xnfs−n indicates ISI.

The CIR is an impulse, δ (t), if the channel has infinite bandwidth. Due to the

channel’s bandwidth limitation, the CIR, c (t), is a spread pulse as depicted in

Figure 2.3. The convolution of the modulating pulse g (t), with c (t), outcomes an

impulse response whose pulse width is larger than T , the pulse width of g (t).

Generally, the receiver filter is designed as a match filter. If an equalizer has not

been employed in the receiver filter, the overall impulse response will have a larger

pulse width than T , as shown in the top scheme in Figure 2.4. The bottom scheme

of the figure illustrates the transmission of four consecutive symbols of “1”s. If

we look at the sampling instant sT , the recovered symbol is a summation of the

desired symbol value labelled by point 0, which equals x0 on curve C, plus the ISI

resulting from neighbouring symbols, which are point 1 on curve B (= x1), point 2

on curve A (= x2), and point 3 on curve D (= x−1). The ISI terms due to the prior

symbols are called precursors and the ISI terms due to the subsequent symbols are

called postcursors.

ISI occurs when the spread of the overall impulse response, x (t) is larger than

the symbol period Ts. ISI creates uncertainty in the received data samples. The

receiver gets a continuous signal whose samples can take any value, rather than

receiving discrete levels that are transmitted. The receiver must then compose an

estimate from the received symbols to detect the transmitted symbols.

The basic principles governing multi-path fading in wireless channels have been

reviewed in this section. The most widely used transmission techniques that help

mitigate the effects that arise due to multi-path fading in wireless channels are

discussed next.
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(s+1)TssTs

2TsTs-Ts

Figure 2.4: Illustration of ISI [1]

2.3 Orthogonal frequency division multiplexing

(OFDM)

During the past several decades, wireless communications has benefitted from

significant progress. It has become the key enabling method of ground-breaking

consumer products. Significant scientific accomplishments are required to make

sure that wireless devices have suitable architectures appropriate to support a broad

variety of services brought to users, and to satisfy the requirements of a range of

applications.

The necessities of high bandwidth applications and the large-scale deployment of

wireless devices lead to new challenges in terms of the efficient use of the attainable

spectral resources. Among the existing air-interface technologies, orthogonal fre-

quency division multiplexing [31–33] shows numerous advantages and has attracted

extensive attention.
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(a) (b)

Figure 2.5: How a delayed component of multi-path fading causes ISI
with (a) long delay (b) short delay [2].

OFDM deals with the problems of frequency selective fading. The delayed and

reflected radio paths impose ISI on the neighbouring bits, when transmitting at a

high data rate. The basic principle of OFDM was invented by Chang [34] and, over

the years, a range of researchers have investigated this technology. In its early years,

even though it is conceptually elegant, the use of OFDM has mostly been restricted

to military purposes because of implementation difficulties. However, in recent

years, a variety of applications such as digital audio broadcasting (DAB) [35], digital

video broadcasting (DVB) [36,37], WLANs [38], broadband radio access networks

(BRANs) [39] and a range of high-rate applications [40] have been implemented

using OFDM. These wide ranges of applications emphasise its significance.

2.3.1 Why use multiple carriers?

The employment of multiple carriers is pursued from the existence of multi-path.

Assume a carrier is modulated with digital information. The carrier is transmitted

with a particular phase and amplitude which is selected from the constellation

employed, during each symbol. A number of bits of information are transmitted

via each symbol. The number of bits is equal to the logarithm of the number of

states in the constellation.

Let us consider that this transmitted symbol n has arrived to the receiver via two

paths, having a relative delay between them. The receiver will try to demodulate

the information sent via this symbol by observing all the received data relating

to symbol n, that is the data received directly and via the delayed multi-path
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component.

Figure 2.5 shows how two instances of the delay cause ISI. Figure 2.5(a) depicts

an instance of a long delay which occurs when the relative delay is larger than one

symbol period. Here, the signal received via the delayed path only take information

which belongs to a preceding symbol or symbols. Therefore this signal acts entirely

as ISI. Figure 2.5(b) illustrates an instance of a short delay which occurs when

the relative delay is smaller than one symbol period. Here, a fraction of the signal

received via the delayed path acts entirely as interference, as it only takes information

which belongs to the preceding symbol. The remainder of the signal takes the

information from the required symbol, adding constructively or destructively to the

information of the main path.

This implies that, to have a considerable level of delayed signals, the symbol rate

must decrease adequately. Therefore, the total delay spread which is the difference

in the delay between the first and the last multi-path components will be only a

modest division of the symbol period. Consequently, in the presence of multi-path

propagation, the information that can be passed by a single carrier is restricted.

This implies that if one carrier cannot carry the information rate required, the idea

of splitting the high-rate data into many low-rate parallel sub streams, each passed

on by its own carrier should be considered. This is a type of frequency division

multiplexing (FDM), and is the first step towards OFDM.

2.3.2 OFDM fundamentals

OFDM is a combination of multiplexing and modulation techniques. It converts

a wideband frequency selective channel to a set of parallel flat fading channels by

splitting the wideband channel into narrow channels. The narrow band channels

are first modulated by data and are then remultiplexed to create OFDM carriers.

The subcarriers are orthogonal to each other. The basic principle of OFDM is the

orthogonality of the subcarriers. The orthogonality allows simultaneous transmission

on many subcarriers in a tight frequency space without causing interference to each

other.

OFDM directly modulates the arriving symbol sequence onto the subcarriers not

including the pulse shaping. As intuitively illustrated in Figure 2.6, rectangular

pulses in the time domain have a sync signal response in the frequency domain and

a sync signal response has spectral nulls at fc + /− 1/Ts. Therefore, the carriers

can be squeezed together as the subcarriers can be placed exactly at 1/Ts.

As well as the same carrier ISI, inter-carrier interference (ICI) will also occur if

the integration period spans for two symbols due to delayed paths, as illustrated in
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Figure 2.7: Addition of guard interval [2].

Figure 2.5. When the beat tones from other carriers alter in phase and/or amplitude

during the symbol period, they no longer integrate to zero, hence ICI occurs. This

can be avoided by adding a guard interval as depicted in Figure 2.7. It makes

sure that all the integrated information comes from the same symbol and appears

constant during the symbol period.

The symbol period is expanded so that it goes beyond the receiver integration

period. The guard interval length is selected to match the the length in time within

which significant muti-path component arrives. The segment inserted at the start

of the symbol to fill the guard interval is identical to the segment of the same

length at the end of the symbol. Hence, it is called the cyclic prefix. All the signal

components within the integration period come from the same symbol, provided

that the delay of any path with respect to the main multi-path component is less

than the guard interval. Therefore, both ICI and ISI will only take place when the

relative delay exceeds the guard interval.

2.3.3 OFDM systems

As illustrated in Figure 2.8 a serial data stream of a traffic channel is passed through

a serial-to-parallel (SP) convertor, which divides the data-stream into K number

of low-rate parallel sub-channels. OFDM employs a scheme of modulators with

carrier frequencies f0, f1, . . ., fk. The data symbols of each sub-channel are applied

to a separate modulator. The sub-channels are ∆f apart and therefore the overall

bandwidth W of K modulated subcarriers is K∆f . The symbol duration of each

of the K sub-channels is expanded by a factor of K, where K ≤ 128 is considered
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in this thesis. Therefore, one significant benefit of this method is that usually, the

signal of each subcarrier is likely to remain unaffected by the multi-path dispersion.

Then, the OFDM signal is generated by combining these K modulated carriers.

The SP convertor, is exploited to apply every Kth symbol to a modulator. This has

the effect of interleaving the symbols passed to each modulator. Therefore, symbols

s0, sk, s2k are applied to the modulator whose carrier frequency is f0. At the receiver

end, the received OFDM signal is demultiplexed into K frequency bands and the

K modulated signals are then demodulated. To recombine the baseband signals,

they are passed through a parallel-to-serial (PS) converter and sent to the sink.

Since the symbol period Ts is extended, the delay spread of the channel becomes

a considerably shorter division of a symbol period than that of a serial system.

Therefore, the key benefit of the OFDM concept is that it is less responsive to ISI

than the conventional serial system. Hence, only a few subcarriers are affected in a

frequency selective fading environment. Instead of a whole symbol being knocked

out, only a subset of (1/K) bits are lost. With proper equalization this can be

avoided.

We have to use K modulators and “square-root-Nyquist” filters at the transmitter

and K demodulators and “square-root-Nyquist” filters at the receiver. Hence, the

implementation complexity may seem to increase when compared to a conventional

serial modem. This may look like a disadvantage. However, each sub-channel

modulator is operated at a K-times lower symbol-rate. Therefore, the system may

be analysed as a “parallelized low-speed implementation” of a high-speed serial

modem.

As a further complexity alleviation technique, the fast Fourier transform (FFT)

algorithm is employed to perform N -point inverse FFT (IFFT) and FFT at the

transmitter and the receiver, respectively as depicted in Figure 2.9. First, a high

data rate binary data stream b [n] is passed through a serial-to-parallel converter.

They are then, mapped into N complex points x̄i by modulation, which corresponds

to each one of the subcarriers. Next, the points x̄i are converted into time domain

by IFFT operation. The IFFT modulates the signals of a block of K sub-channels

onto the subcarriers in a single step. To combat time dispersion and avoid ICI,

cyclic prefix is added as illustrated in Figure 2.7. The resultant digital signal is

then converted to analog and frequency up conversion is performed.

At the receiver, the received radio frequency (RF) signal is first down converted

and transformed into a digital sequence after being sent through an analog-to-digital

converter (ADC). The cyclic prefix is then removed by eliminating the guard band

from each OFDM symbol. The rest of the symbols are sent through a serial-to-

parallel converter and an N -point FFT is performed to obtain the frequency domain
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points. The resultant ȳn (n = 1, 2, . . ., N) complex points are the complex baseband

version of the N modulated subcarriers. Next, frequency domain one tap equalizers

are exploited to compensate for the channel’s dispersion occurs at certain subcarriers

due to decomposition of the broadband channel into N sub-channels. Finally, the

demodulation is performed and the data is sent to the sink.

2.3.4 Benefits of OFDM

OFDM offers important benefits over other commonly employed wireless transmis-

sion methods, such as direct-sequence spread spectrum (DSSS), frequency-hopping

spread spectrum (FHSS) and single-carrier transmission methods. The main advan-

tage of OFDM is the ability to transmit multiple symbols in parallel while increasing

the spectral efficiency, as the radio channel is split into many narrowband, low-rate,

and frequency flat subcarriers. Consequently, a simple multiple access technique

has being developed, known as the orthogonal frequency division multiple access

(OFDMA) technique to deliver the information of different users using separate

subcarriers [41–44]. This leads to the transmission of a variety of media such as

video, graphics, speech, text, or other data within the same radio link. However,

the transmission depends on the precise types of services and their quality-of-service

necessities.

OFDM offers simple implementation by employing FFT and IFFT. OFDM is

suitable for high data rate communications over time-varying, frequency selective

channels as it allows low complexity in transmission and reception. Moreover, the

OFDM system is more immune to frequency selective fading than single carrier

systems as the channel is spilt into narrowband flat fading subcarriers. Furthermore,

OFDM is less responsive to ISI than the conventional serial system as it employs

a cyclic prefix [45]. Employing channel coding in OFDM systems leads to coded

OFDM (COFDM) [46, 47], which offers the recovery of symbols lost because of the

frequency selectivity of the channel.

2.3.5 Major contributions on OFDM

This section presents a literature review on the key findings on OFDM systems.

The major contributions found in the OFDM literature are summarised in Tables

2.1, 2.2, and 2.3.
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Table 2.1: Major research contributions to OFDM (part 1) [4]

Year Author(s) Contribution
1966 Chang [34] Proposal of the first OFDM system for dispersive fading channels
1967 Saltzberg [48] Examination of a multi-carrier system using orthogonal quadrature

amplitude modulation (QAM) of the carriers
1968 Chang and

Gibby [49]
Theoretical analysis of the performance of an orthogonal multiplexing
data transmission method

1970 Chang [50] Issue of U.S patent on OFDM
1971 Weinstein and

Ebert [51]
Application of discrete Fourier transform (DFT) on OFDM modems

1980 Hirosaki [52] Design of a sub-channel based equalizer for an orthogonally multi-
plexed QAM system

Peled and Ruiz
[45]

Discussion of a decreased complexity frequency division data trans-
mission technique with a cyclic prefix approach

Keasler [53] Patent of an OFDM modem in telephone networks
1981 Hirosaki [54] Recommendation of an implementation of OFDM systems using DFT
1985 Cimini [55] Examination of the viability of OFDM in mobile communications
1986 Hirosaki,

Hasegawa,
and Sabato [56]

Development of a groupband data modem employing an orthogonality
multiplexed QAM method

1987 Alard and
Lasalle [55]

Employment of OFDM in digital broadcasting

1989 Kalet [57] Analysis of multitone QAM modems in linear channels
1990 Bingham [33] In depth discussion of a range of aspects of early OFDM methods
1991 Cioffi [58] Introduction of the American national standards institute (ANSI)

asymmetric digital subscriber line (ADSL) standard
1993-
1995

Warner [59],
Moose [60] and
Pollet [61]

Studies of time and frequency synchronisation in OFDM systems

1994-
1996

Jones [62], Shep-
herd [63] and
Wulich [64,65]

Investigation of a range of coding and post processing methods in-
tended to minimise the peak power of OFDM signal

1997 Li and Cimini
[66,67]

Exposure of the effect of clipping and filtering on OFDM systems

Hara and Prasad
[68]

Comparison of a range of techniques for combining CDMA and OFDM

1998 Li, Cimini and
Sollenberger [69]

Design of a robust channel estimator using minimum mean square
error (MMSE) in OFDM systems

May, Rohling
and Engels [46]

Performance analysis of Viterbi decoding using 64-differential ampli-
tude phase-shift keying (PSK) and 16-ary QAM modulated OFDM
signals

1999 Li and Sollen-
berger [70]

Study of parameter estimation based on a MMSE diversity combiner
in adaptive antenna array aided OFDM systems

Amour, Nix and
Bull [71–73]

Design of OFDM equalization-based receiver and the proposal of a
pre-FFT equalizer
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Table 2.2: Major research contributions to OFDM (part 2) [4]

Year Author(s) Contribution
1999 Prasetyo and

Aghvami [74,75]
Simplification of the transmission frame structure to attain fast burst
synchronisation in OFDM systems

Cherriman,
Keller and
Hanzo [76]

Evaluation of packetization and packet acknowledgment method based
on H.263 video codec in OFDM systems

Wong et al. [77] Proposal of a subcarrier, bit, and power allocation algorithm to reduce
the total transmit power of multi-user OFDM systems

2000 Fazel and Fet-
tweis [78]

Study of state-of-art works on OFDM

Nee and Prasad
[79]

OFDM in wireless multimedia communications

Lee, Keller and
Hanzo [80]

Study of enhanced turbo-coded OFDM receivers for DVB-T

Keller and
Hanzo [81]

Emphasis on the adaptive bit allocation and turbo coding in the
framework of OFDM

Lin, Cimini and
Chuang [47]

Application of turbo coding in OFDM systems employing antenna
diversity

Keller and
Hanzo [82]

Analysis of design tradeoffs of turbo-coded burst-by-burst adaptive
OFDM wideband transceivers

2001-
2002

Keller et al. [83] Quantification of the effect of time-domain and frequency-domain
synchronisation errors in the framework of OFDM system

Lu and Wango
[84–87]

Performance analysis of low density parity check (LDPC) based STC
assisted OFDM systems

Cherriman,
Keller and
Hanzo [77]

Proposal of various adaptive OFDM video systems for interactive
communications over wireless channels

2003 Hanso, Mnster,
Choi and Keller
[31]

OFDM for broadband multi-user communications, WLANs and broad-
casting

2004 Simeone, Bar-
Ness, and
Spagnolini [88]

Demonstration of subspace tracking algorithm employed for channel
estimation in OFDM systems

J. Zhang,
Rohling, and P.
Zhang [89]

Adoption of ICI self-cancellation scheme to combat the ICI caused by
phase noise in OFDM systems

Necker and
Stber [90]

Design of an ML assisted blind channel estimation method for OFDM
systems

Doufexi et al.
[91]

Emphasis on the benefits of employing sectorized antennas in WLANs

Alsusa, Lee, and
McLaughlin [92]

Proposal of multicarrier packet based multi-user systems with adaptive
subcarrier-user allocation

2005 Williams et al.
[93]

Design of pre-FFT synchronisation technique in OFDM systems
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Table 2.3: Major research contributions to OFDM (part 3)

Year Author(s) Contribution
2007 Hanzo and Choi

[94]
Review on adaptive high-speed downlink packet access (HSDPA)
approach

2009 Fischer and Siegl
[95]

Performance of analysis of peak-to-average power ratio reduction in
single- and multi-antenna point-to-point OFDM systems

Mileounis et al.
[96]

Blind identification of Hammerstein channels employing QAM, PSK,
and OFDM inputs

Huang and
Hwang [97]

Performance enhancement of active interference cancellation in OFDM
cognitive radio

Chen et al. [98] Design of spectrum sensing algorithms for OFDM systems using pilot
tones

Talbot and
Farhang-
Boroujeny [98]

Proposal of time-varying carrier offset model in mobile OFDM systems

2010 Sun, Morelli,
and Zhang [99]

Investigation of carrier frequency offsets tracking in the IEEE 802.16e
uplink based on the least squares (LS) method

2011 K. Wu and J.
Wu [100]

Suggestion of a low complexity DDCE algorithm in OFDM systems
with transmit diversity

2012 Lu et al. [101] Suggestion of a hard-decision directed frequency tracking method in
OFDM systems for frequency selective channels

Yu and Sadeghi
[102]

Study of pilot based channel estimation methods for OFDM commu-
nications systems in time-varying frequency-selective channels

The principles of MIMO communications systems are discussed in the next

section.

2.4 MIMO systems

The most important researcher in the field of communications theory is possibly

Claude Shannon, at Bell Labs. His significant finding of the capacity formula,

among many primary results in his renowned paper “A Mathematical Theory of

Communication” [103], laid the foundation for a new field of research, known

as information theory. Shannon proved that reliable communication between a

transmitter and a receiver is feasible even in the presence of noise. Shannon obtained

his celebrated formula on capacity, for the particular case of a unit-gain band-limited

continuous channel in the presence of additive white Gaussian noise (AWGN):

C = Wlog2

(
1 +

PT
PN

)
[bits/s] (2.6)
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Figure 2.10: MIMO wireless communications system.

where W , PT and PN stand for the electromagnetic bandwidth available, the

average transmitted power, and the noise power, respectively. However, W and the

maximum radiated power are scarce since they are subject to fundamental physical

and practical constraints as well as regulations.

One method to increase capacity is by increasing transmitted power. However, it

is not economically feasible, as the spectral efficiency logarithmically depends on

the transmitted power. It may also breach regulation power masks and result in

nonlinearity in the power amplifier. Furthermore, the electromagnetic radiation can

cause significant impact on people [104]. Another approach to increasing capacity

would be to use a wider radio spectrum. However, it is very expensive as it is a

scarce resource. Therefore, the design and implementation of wireless systems that

can achieve increased data rates and better performance while exploiting existing

frequency bands and channel conditions, are very challenging tasks.

MIMO communications and space-time processing is one of the most promising

technologies to resolve the bottlenecks in the traffic capacity of current and future

wireless networks. Foschini and Telatar showed in [13] and [105], that by deploying

multiple antennas at both the transmitter and receiver, MIMO systems can increase

the capacity without having to increase the transmission power or use a wider

band when the channel experiences rich scattering. Moreover, due to its dominant

performance-intensifying potential such as high capacity, increased diversity and

interference suppression, it has rapidly progressed from the research arena to

commercial availability within a decade [106].

The concept behind MIMO is to improve the data rate (bits/sec) or the quality of

service (bit error rate or BER) of the communication for each user by combining the

signals on the transmit antennas and receive antennas at two distinct ends [6]. In
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particular, the capacity of a MIMO system can increase, linearly with the minimum

over the number of inputs and outputs. The principles of MIMO communications

systems are discussed next in more detail.

2.4.1 Principles of MIMO communications systems

An example of a MIMO wireless communication system is illustrated in Figure

2.10. A binary data stream is supplied to a basic transmitting block which includes

the utilities of error control coding and mapping to complex modulation symbols

(quadrature phase-shift keying (QPSK), M-ary QAM, etc.). Then, a number of

separate symbol streams, which are collections of independent, partially redundant

and fully redundant, are generated. Subsequently, each signal is mapped onto one

of the multiple transmitter antennas. The signals are sent into the wireless channel

following upward frequency conversion, filtering and amplification. Then, the

signals are received by multiple receiver antennas and demodulation and demapping

operations are executed to recover the original message [6].

2.4.2 MIMO channel

Since the MIMO system is employed with multiple antennas at both ends of the link,

all the transmit and receive antenna pairs can be represented by the MIMO channel.

A single-user communication system with M number of transmitter antennas and R

number of receiver antennas is considered as shown in Figure 2.10. From a system

level point of view, a linear time-variant MIMO channel can be represented by an

R×M channel matrix [107]:

h (t, τ) =


h11 (t, τ) h12 (t, τ) · · · h1M (t, τ)

h21 (t, τ) h22 (t, τ) · · · h2M (t, τ)
...

...
. . .

...

hR1 (t, τ) hR2 (t, τ) · · · hRM (t, τ)

 (2.7)

where τ denotes the excess delay and the elements, hrm (t, τ) of the matrix H are

complex random variables that represent the time-variant impulse response between

the mth transmit antenna and the rth receiver antenna. There is no difference

between the spatially separate antennas and diverse polarisations of the same

antenna. Each element, hrm (t, τ) needs to be substituted by a polar metric sub

matrix if diverse polarised antennas are used. Therefore, the number of antennas

used in the system will be increased [107].

The physical characteristics of the propagation environment directly affect each
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sub-channel hrm (t, τ). The signals from the transmitter to the receiver and vice versa

are highly influenced by the quantity and complexity of the scattering mechanisms.

Consequently, the hrm (t, τ) signals have a complex variation, and it is essential to

model them as stochastic signals [108].

Several assumptions are regularly made in the hrm (t, τ) sub-channels considering

the statistics. For example, that there are independently and identically distributed

(i.i.d) complex Gaussian variables with zero mean; hence, a Rayleigh distribution

is followed by their modulus and their phase is uniformly distributed. However,

the statistical behaviour of the channel changes due to the presence of an LoS or a

dominant reflected component. In such circumstances, other distributions such as

Nakagami or Rice distributions better fit their behaviour [108].

The effects of the antennas such as the type, configuration and frequency filtering

(bandwidth-dependent) are included in the channel matrix (2.7). Let x(t) and

y(t) be the length-M transmit signal vector and length-R receive signal vector

respectively:

x(t) = [x1, x2, . . ., xM ]T

y(t) = [y1, y2, . . ., yR]T (2.8)

Then, the overall MIMO input-output relationship can be expressed as:

y (t) =

∫
τ

H (t, τ) x(t− τ)dτ + z(t) (2.9)

where z(t) indicates the noise and the interference vector at the receiver. If the

channel is time-invariant, then the channel matrix H(t, τ) = H(τ). For linear,

time-invariant and frequency flat channels;

y(t) = Hx(t) + z(t) (2.10)

Due to the fundamental mathematical nature of MIMO, where data is transmitted

over a matrix rather than a vector channel, new and significant opportunities are

produced beyond the added diversity or array gain benefits [6].

2.4.3 Benefits of MIMO technology

MIMO systems offer an impressive advance of both the capacity of the system and

spectral efficiency when compared with single-input single-output (SISO) systems.

The capacity of a wireless channel increases linearly as a function of the minimum of

the number of the transmit or receiver antennas [109,110]. A significant reduction of

the effects of fading can be achieved by the increased diversity and this is particularly
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favorable, when the different channels fade independently.

The principal performance-enhancing potentials such as high capacity, increased

diversity and interference suppression of MIMO systems arise from the array gain,

diversity gain, spatial multiplexing gain and interference reduction [111]. Each of

these leverages is discussed next.

1. Array gain

The array gain is the increase in the average received signal-to-noise ratio

(SNR) that results from a coherent combining effect of wireless signals at a

receiver. It is obtained through processing at the transmitter and receiver.

Depending on the number of transmitter and receiver antennas, transmit and

receive array gain require channel knowledge at the transmitter and receiver,

respectively. Although channel knowledge at the receiver is usually available,

the CSI at the transmitter is more complex to obtain. The coverage and the

range of a wireless network can be improved by the array gain, as it improves

resistance to noise.

2. Diversity gain

As explained earlier, the power of a signal fluctuates arbitrarily. This fading

effect in wireless channels can be reduced by diversity techniques that rely on

the transmission of the signal over multiple (ideally independent) fading paths

in time, frequency or space. The diversity ensures that the receiver receives

multiple copies of the same transmitted signal. If these copies are affected

by independent fading conditions, the probability of fading all the copies at

the same time decreases [6]. Therefore, the diversity helps to improve the

quality of a wireless system. The most common diversity technique is spatial

(or antenna) diversity [112] in MIMO systems, whereby multiple antennas are

spatially separated and the receiver selects the best signal at a given time. As

spatial diversity does not require transmission time or bandwidth expenditure,

it is favored over time or frequency diversity. The number of paths is often

referred to as diversity order. The probability that at least one of the paths

is not experiencing a deep fade can be enhanced by increasing the diversity

order. Therefore, the quality and reliability of the received signal is improved.

A MIMO channel with NT transmit antennas and NR receiver antennas offers

NT × NR independently fading links. Consequently, NTNR
th-order spatial

diversity can be obtained.

3. Spatial multiplexing gain
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Spatial multiplexing gain is the linear increase in capacity offered by MIMO

channels without additional power or bandwidth [105]. It is a transmission

scheme only possible in MIMO systems. This is realized by transmitting

multiple, independent data streams from the individual antennas within the

bandwidth operation. The receiver can split the different data streams under

suitable channel conditions such as rich scattering, yielding a linear increase

in capacity in the wireless network. The concept of spatial multiplexing is

detailed in the section 2.4.4.

4. Interference reduction or avoidance

Co-channel interference results from frequency reuse in wireless channels. With

the aid of multiple antennas, the separation between the preferred signal and

co-channel signals can be used to reduce interference. Although interference

reduction requires knowledge of the channel of the desired signal, precise

knowledge of the channel of the interferer may not be essential. Furthermore,

the interference reduction can be executed at the transmitter, by decreasing the

interference energy sent to the co-channel users, while transmitting the signal

to the desired user. The multi-cell capacity can be enhanced by interference

reduction as it allows for aggressive frequency reuse.

In general, due to conflicting demands on the spatial degrees of freedom (or

number of antennas), it is not feasible to take advantage of all the leverages of

MIMO technology simultaneously. The extent to which these conflicts are resolved

can be determined by the signalling scheme and transceiver design [111].

2.4.4 Main types of MIMO systems

Recently, a variety of designs for smart antenna have become popular, which have

established applications in various scenarios. Table 2.4 summarises the four most

widely used MIMO types. These four MIMO designs are employed to achieve

a range of design objectives. The spatial division multiplexing (SDM) [31, 113]

technique is used to maximise the achievable multiplexing gain. SDM increases

the throughput of a single user by employing the unique, antenna-specific CIRs

of the array elements. SDMA arrangements [31] are closely related to the SDM

technique. As opposed to SDM, it shares the total throughput among the supported

users to maximise the number of supported users. The family of space-time block

coding (STBC) [115] and space-time trellis coding (STTC) [119] techniques aim to

maximise the possible diversity gain [118]. Finally, the objective of beamforming is

to alleviate the effects of interfering users roaming in the vicinity of the preferred

user [122]. Here the received signals of the users are angularly separable.
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Table 2.4: Four main MIMO applications in wireless communications [4]

Space-division mul-
tiplexing (SDM)
systems [113]

SDM systems use multiple antennas to increase the throughput of
a wireless system in terms of the number of bits per symbol that
can be sent by a specific user in a known bandwidth at a given
integrity.

Space-division multiple
access (SDMA) [31,
114]

SDMA supports multiple users within the same frequency band
and/or time slot. It uses unique, user specific “spatial signatures”,
i.e. the CIRs of the individual users for distinguish among them.
The CIRs need to be adequately dissimilar and precisely measured.

Spatial diversity
(STBC [115–117],
STTC [116, 118, 119])
and space-time spread-
ing (STS) [120,121]

In spatial diversity methods, such as space-time block or trellis
codes [118] the multiple antennas are located as far apart as
possible as opposed to the λ/2−spaced phased array elements
of beamforming. Therefore, the transmitted signals of different
antennas can experience independent fading, leading to maximum
achievable diversity gain.

Beamforming [122] Smart antennas using beamforming are used to lessen the effects
of cochannel interference and to provide beamforming gain. To
certain a spatially selective transceiver beam, λ/2−spaced antenna
elements are used.

A. Space-division multiple access (SDMA)

In space-division multiple access (SDMA), the direction (angle) is used as another

dimension in the signal space. The direction can be channelised and assigned to

different users. This is usually performed by directional antennas, as depicted in

Figure 2.11. Only if the angular separation between the users surpasses the angular

resolution of the directional antenna, can the orthogonal channels be assigned to

users. If directionality is acquired by employing an antenna array, the exact angular

resolution needs a large array. However, this may be impractical for the AP and

is indeed not viable in small user terminals. Practically, sectorised antenna arrays

are exploited in implementing SDMA. In these arrays, the angular range of 360o

is divided into K sectors. There is high directional gain in each sector and small

interference between sectors. For mobile stations, SDMA should be able to adapt

as user angles change; or, if directionality is attained using sectorised antennas. So,

when a user moves out of its initial sector, it should be handed off to a new sector.

A more detailed discussion is presented later in Section 2.6.1.

36



Chapter 2 Section 2.4

Figure 2.11: Space-division multiple access (SDMA) [5].

B. Spatial multiplexing (SM)

Spatial multiplexing, often referred to as V-BLAST (vertical-bell labs space-time

architecture) in the literature [123,124], is a transmission algorithm which is only

possible in MIMO systems. This implementation approach can be considered as a

special class of STBCs. SM transmits streams of independent data over different

antennas, consequently offering a linear increase in the transmission rate for the

same bandwidth, with no additional power expenditure required [6, 123].

The concept of SM is illustrated in Figure 2.12. First, at the transmitter a

high-rate bit stream (left) is broken down into three independent-rate bit sequences.

Then, they are transmitted simultaneously via multiple antennas. Hence, only one-

third of the nominal spectrum is consumed and it leads to three-fold improvement

in spectral efficiency. Since the signals use the same frequency spectrum, they are

launched and mixed together in the wireless channel as expected. At the receiver,

the mixing channel matrix is identified through training symbols. Subsequently, the
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Figure 2.13: Generic space-time coding system.

individual bit streams are separated and estimated in the same way as the three

unknowns are determined from a linear system of three equations.

A potential separation can only be achieved if the equations are independent.

Each receiver antenna should be able to adequately see different channels and thus

detect and merge the bit streams together to yield the unique high-rate signal. As

proposed in [125], iterative versions of this detection algorithm can be employed to

enhance performance.

C. Space-time coding

Space-time coding is a promising signalling technique that supports reliable commu-

nications over the shared air interface, by using multiple antennas at the transmitter

and receiver. The data transmission in an ST system is carried out in two dimen-

sions, the space dimension and the time dimension as the acronym ST implies. The

space dimension is spanned by multiple transmit antennas while the time dimension

is spanned by multiple time intervals over which multiple blocks are transmitted.

As depicted in Figure 2.13, an ST system employs an ST encoder at the transmitter

and an ST decoder at the receiver. The ST encoder converts one-dimensional

block transmissions into two-dimensional ST transmissions. Let S be the signal

constellation to which the information symbols belong. It takes a block of s ∈ SNs×1

of Ns information symbols as inputs and outputs a space-time unique code matrix

X. The ST coding process can be viewed as a one-to-one mapping from s to X.

NT transmitted signals corrupted by fading and additive noise are collected by

each of the NR antennas at the receiver. The ST decoder is employed at the receiver

to recover X and s from Y which is the received signal. Similarly, the decoding

process can be theoretically explained as a mapping from Y to X or s. However,
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the implementation of ST systems highly depends on the availability of CSI [126].

2.4.5 Major research contributions on MIMO literature

This section presents a literature review of the key findings on MIMO systems. The

major contributions reported in the MIMO literature are summarised in Tables 2.5

and 2.6.

Table 2.5: Major research contributions in MIMO (part 1) [4]

Year Author(s) Contribution
1984-
1987

Winters
[127–130]

Introduction of a mechanism to transmit information from multiple
users over the same frequency/time channel using multiple antennas
at both the transmitter and receiver

1985 Salz [131] Investigation on optimization of joint transmitter and receiver em-
ploying MMSE principles

1992 Duel-Hallen
[132]

Study of MMSE linear and decision feedback equalizers (DFEs) for
MIMO systems with ISI

1993 Cheng and
Verdu [133]

Study of capacity region of a two-user Gaussian multi-access channel
with lSI

1994 Winters, Salz
and Gitlin [134]

Examination of the impact of spatial diversity on the capacity of
communications systems

Yang and Roy
[135,136]

Investigation of optimisation of joint transmitter and receiver for
MIMO transmission systems with decision feedback

Winters and
Salz [137]

Study of upper bounds on the BER of optimum combining in wireless
communications systems with multiple cochannel interferers

1996 Raleigh nd Cioffi
[109,110]

Derivation of a model for the MIMO, dispersive, spatially selective
wireless communications channel

Foschini [113] Invention of the Bell laboratories layered space-time (BLAST) ar-
chitecture for wireless communication in a fading environment when
employing multiple antennas at the transmitter and the receiver

1998 Tarokh, Se-
shadri and
Calder-
bank [119]

Introduction of STTC technique

Alamouti [115] Introduction of STBC technique
Winters [138] Study of the diversity gain of transmit diversity to offer diversity

advantage to a receiver in a Rayleigh fading environment
Foschini and
Gans [13]

Theoretical and numerical estimation of the limits of bandwidth
proficient deliverance of high bit rate digital signals in wireless com-
munications systems when multi-element arrays (MEAs) are employed

1999 Telatar [105] Investigation of the use of MIMO systems for single user communica-
tions over additive Gaussian channels

Foschini et al. Investigation of a simplified, highly spectrally efficient space-time
communications processing method

40



Chapter 2 Section 2.5

Table 2.6: Major research contributions in MIMO (part 2) [4]; from
year 2007 onwards information is added by the author

Year Author(s) Contribution
2000 Lu and Wang

[139]
Study of the applications of multi-user detection methods to STC
system

2002 Kung, Wu, and
Zhang [140]

Analysis on the design of Bezout space-time precoders and equalizers
for MIMO channels

2003 Petre et al. [141] Design of an ST block coded, single-carrier block transmission, direct-
sequence-CDMA transceiver

2004 Zhang et
al. [142]

Introduction of an MIMO model of single frequency network structure

Zhu and Murch
[143]

Proposal of a layered space-frequency equalization architecture for a
single-carrier MIMO system over frequency-selective channels

2005 McKayand
Collings [144]

Derivation of capacity and coded bit-error rate performance of MIMO
with bit-interleaved coded modulation ZF receivers

2007 Balakumar,
Shahbazpanahi,
and Kirubara-
jan [145]

Investigation of channel tracking in MIMO systems for time-varying
channels

2008 Koike-Akino
and Toshi-
aki [146]

Investigation on a recursive least squares (RLS) channel estimation
method in MIMO mobile communications for fast fading channels

2009 Kho and Taylor
[147]

Development of a sequence-based MIMO receiver including channel
estimation and tracking for frequency selective channels

2010 Chen and Su
[148]

Proposal of iterative methods in estimating static and time-variant
channels in MIMO systems

2011 Arablouei and
Dogancay [149]

Development of a modified RLS method enhancing the tracking capa-
bility for channel estimation in MIMO systems

2012 Rupp [150] Proposal of a robust design of adaptive equalizers

2.5 MIMO-OFDM

An immense amount of research interest has recently been concentrated on the

modulation techniques that exhibit a high potential to satisfy the challenging

requirements such as high data rates, imposed by the rapidly evolving wireless

communications applications including wireless multimedia, wireless Internet access,

and future-generation mobile communication systems. OFDM is a promising digital

modulation scheme to simplify the equalization in frequency selective channels and

provide simpler implementations [33,55]. As detailed in the previous section, MIMO

communications technology, can achieve significant increases in the channel capacity

[6,25,111,123]. Therefore, the combination of OFDM with MIMO communications,
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Figure 2.14: MIMO-OFDM system.

which is MIMO-OFDM systems, can realise high-performance transmissions [14,

25,111,151,152]. Although, multi-path propagation causes frequency selectivity in

broadband wireless channels, most MIMO systems are used for channels with flat

fading. Therefore, the MIMO-OFDM technique has initially been proposed to use

OFDM to alleviate ISI in MIMO systems and found to be a propitious selection for

high data rate wireless broadband communications.

The capability of OFDM systems to cope with highly time-variant wireless channel

characteristics explains the rapid employment of OFDM systems in the latest

wireless communications systems. However, as stated in [26], systems knowledge

pertaining to the channel conditions encountered is crucial in achieving high capacity

and the realisable integrity of communication systems. Therefore, the provision

of an accurate and efficient channel estimation approach is a critical feature in

accomplishing high performance wireless systems.

2.5.1 MIMO-OFDM system

Figure 2.14 shows a MIMO-OFDM system with J transmit antennas and R receiver

antennas. The module space-time processing performs the space-time methods

developed for flat fading channels. It actually, processes the signals of the space-

frequency domain in MIMO-OFDM, although it is called space-time processing [15].

The transmitted data stream or symbol xd is converted into J sub-streams xn
j via

a simple multiplexing method or STC in the ST processing module. Then, OFDM

modulation is performed and the data is transmitted through J different antennas.

If the cyclic prefix is long enough and a multi-path wireless channel is considered,

the demodulated received signal at each receiver antenna r (r = i, . . ., R) will be a

superposition of those from different transmit antennas j (j = 1, . . ., J). It can be
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expressed as [153]:

yn
r =

J∑
j=1

Hr ,j
nxn

j + zn
r , (n = 1, 2, . . ., N) (2.11)

where Hn
r ,j is the frequency response of the channel between the jth transmitter

and rth receiver antenna at AP observed on the nth OFDM subcarrier, zn
r is the

impact of channel noise at the nth subcarrier of the rth receiver antenna, which is

typically independent from n or r, Gaussian with zero mean and N is the number

of OFDM subcarriers. Equation (2.11) can also be expressed in matrix form as:

Yn = HnXn + Zn (2.12)

whereYn, Hn, Xn and Zn are the received signal vector, channel matrix, transmitted

signal vector and noise vector at the nth subcarrier in the frequency domain,

respectively and are defined as:

Yn = [Y n
1 , Y2

n, . . ., YR
n]T

Xn = [Xn
1 , X2

n, . . ., XJ
n]T

Zn = [Zn
1 , Z2

n, . . ., ZR
n]T (2.13)

Hn =

 Hn
11 · · · Hn

1J
...

. . .
...

Hn
R1 · · · Hn

RJ



2.5.2 Major contributions in MIMO-OFDM literature

This section presents a literature review of the key findings on MIMO-OFDM systems.

The major contributions found in the MIMO-OFDM literature are summarised in

Tables 2.7 and2.8.

2.6 Multi-user MIMO technology

Wireless MIMO systems have attracted attention from both the academic and the

industrial communities. Recently, the expansion of MIMO systems to employ mul-

tiple users (multi-user diversity) has been a topic of key interest, mainly motivated

by the need of recognising the network capacity enhancements resulting from the

use of MIMO technology. As explained above (Section 2.4), MIMO systems deploy
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Table 2.7: Major research contributions in MIMO-OFDM (part 1) [4]

Year Author(s) Contribution
1999 Li, Seshadri,

and Ariyavisi-
takul [153]

Investigation of channel estimation for OFDM systems with transmit-
ter diversity using space-time coding

2001 Blum et al. [154] Study of improved STC methods for MIMO-OFDM systems
2002 Li [155] Proposal to improve the performance and reduce the complexity of

channel parameter estimation in MIMO-OFDM systems by designing
an optimum training sequence and simplified channel estimation
method

Bolcskei, Ges-
bert, and
Paulraj [156]

Study of capacity behaviour of OFDM-based spatial multiplexing
systems for the case where the CSI is unknown at the transmitter and
known at the receiver

Sampath et al.
[14]

The first MIMO-OFDM system field tests to substantiate the perfor-
mance of the MIMO-OFDM communications system

Piechocki et al.
[157]

Performance evaluation of SM and space-frequency coded modulation
techniques

Doufexi et al.
[158]

Evaluation of performance in outdoor MIMO-OFDM channels using
ST processing methods

2003 Bolcskei,
Borgmann, and
Paulraj [159]

Study of the impact of the propagation environment on the perfor-
mance of space-frequency coded MIMO-OFDM systems

Barhumi, Leus,
and Moo-
nen [160]

Proposal of an LS channel estimation scheme for MIMO-OFDM
systems using pilot tones

Cai,Song and Li
[160]

Study of Doppler spread estimation in Rayleigh fading channels for
mobile MIMO-OFDM systems

Leus, and Moo-
nen [161]

Development of a tone-by-tone based equalizer for MIMO-OFDM
systems

Piechocki et al.
[162]

Development of a joint detection and channel estimation technique
for ST coded MIMO-OFDM systems

2004 Stber et al. [25] Summary of a variety of research challenges in MIMO-OFDM system
implementation

Shin, H. Lee and
C. Lee [163]

Suggestion of a cyclic combo-type training structure for channel esti-
mation while reducing mean squared error (MSE) at edge subcarriers
in MIMO-OFDM

Butler and
Collings [164]

Proposal of an approximate log-likelihood decoding technique based
on a zero-forcing MIMO-OFDM receiver with bit-interleaved coded
modulation

Zeng and Ng
[165]

Suggestion of a subspace-based blind method for channel estimation
for multi-user MIMO-OFDM uplink system

Baek et al. [166] Discussion of a time-domain semi-blind channel estimation method in
MIMO-OFDM systems

2005 Yang [167] Review of the state of the art techniques in MIMO-OFDM physical
layer
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Table 2.8: Major research contributions in MIMO-OFDM (part 2) [4];
from year 2007 onwards information is added by the author

Year Author(s) Contribution
2005 Ma et al. [168] Design of pilot symbol based modulation for carrier frequency offset

(CFO) and channel estimation in OFDM transmissions over MIMO
frequency-selective fading channels

Kim et al. [169] Suggestion of a joint data detection and channel estimation algorithm
employing QR decomposition-M algorithm and Kalman filter

Qiao et al. [170] Proposal of an iterative LS channel estimation algorithm in MIMO
OFDM systems

2006 Bolcskei [171] Overview of a variety of aspects in MIMO-OFDM technology
Cicerone, Sime-
one, and Spagno-
lini [172]

Investigation of advantages of using a priori information about the
multi-path channel on the performance of channel estimation in MIMO-
OFDM systems

Kashima,
Fukawa, and
Suzuki [173]

Suggestions of maximum a posteriori probability (MAP) receivers for
MIMO-OFDM communications with a channel coding

2007 Jiang and Hanzo
[4]

State of the study of multi-user MIMO-OFDM systems

Zamiri-Jafarian
and Pasupa-
thy [170]

Design of an improved LS based channel estimation method by em-
ploying the noise correlation in MIMO-OFDM systems

2010 Lui et al. [174] Design of a minimum-complexity channel estimation method for
MIMO-OFDM systems

2011 Yoon and Moon
et al. [175]

Development of a soft decision driven sequential channel estimation
algorithm for pipelined turbo receivers in MIMO-OFDM systems

2012 Chen, Yang and
Liao [176]

Suggestion of a channel estimation algorithm employing a Takagi-
Sugeno (T-S) fuzzy-based Kalman filter under the time varying veloc-
ity of the mobile station in a MIMO-OFDM system

multiple antennas at the transmitter and receiver to use the new dimension known as

space. The exploitation of this new dimension in communications can be addressed

in two scenarios. In the single user setting, all the spatial dimensions (antennas)

are allocated to one user to achieve higher rates, where as all the antennas are

shared among several users in the multi-user scenario. The latter is referred to as

multi-user MIMO (MU-MIMO) system. Since channel gains change over time due

to fading and mobility, this system only selects the users with good instantaneous

channel conditions for the signal transmission.

Standardised wireless local loop (WLL), wireless local area network (WLAN),

wireless metropolitan area network (WMAN), and more recently wireless regional

area network (WRAN) technologies have been considered to provide terrestrial fixed
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wireless multiple access for rural areas. However, these standard technologies achieve

a spectrum efficiency of less than 6 bits/s/Hz/cell [16]. Therefore, to simultaneously

serve every user in a cell with high data rates, either a wide frequency spectrum or

an excess of access points would be required.

With multi-user MIMO, the AP is equipped with multiple antennas to serve

sparsely distributed user terminals with a single antenna using the same bandwidth.

This approach facilitates the allocation of a wider bandwidth for each user, thus

giving them access to faster data rates. Suzuki et al. [18,19], show that the spectrum

efficiency can be enhanced linearly as a function of the number of antenna elements

at the AP. This can be delivered without increasing the total transmitted power

and, in predominantly LoS environments. A uniform circular array at the AP and

a low-complexity zero-forcing (ZF) pre-coding based downlink are used to achieve

this task [18]. MU-MIMO transmission techniques can achieve high data rates

with the use of advanced signal processing and coding. The next generation of

cellular systems supports spectral efficiencies in the 10’s of bits/sec/Hz [177,178], by

employing high-rate data-oriented downlink schemes with MU-MIMO transmission

technology. These methods are implemented in the “Ngara wireless broadband

access” solution [17] and are the basis for the research presented in this thesis.

There are two communication problems to be considered: downlink, that is

the communication from the access point to multiple users, such as when a user

downloads data from the Internet, and uplink, that is the communication from the

user terminals to the same AP such as when users upload data to an Internet host.

In single-user MIMO channels, the advantage of MIMO processing is achieved from

the correlation of processing among all the transmitters or receivers. No correlation

between the users is a common assumption in the multi-user channels [179].

As shown in Figure 2.15, for the uplink, the challenge is the processing done by the

access point to separate the signals transmitted by the users, by employing techniques

such as MUD and array processing. By employing an adaptive transmission and

efficient resource-allocation scheme in the multi-user MIMO-OFDM system, the

performance of the uplink can be considerably enhanced. Centrally, the AP decides

not only the optimal bit loading and subcarrier allocation, but also the transmit

antenna selection from multiple users based on the CSI of the system, in uplink

scenarios [180]. In this thesis, our focus is on the uplink channel signal processing.

In practice, the corresponding downlink channel processing needs to be implemented.

For time division duplex systems, channel reciprocity may be utilised to derive the

downlink channel from the uplink channel (which may be tracked or predicted).

However, this is out of the scope of this thesis and is left for future works.
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Figure 2.15: Illustration of the uplink of the multi-user MIMO system.

2.6.1 SDMA-based MIMO OFDM systems

As explained above (Section 2.4.4), SDMA is a sub-category of MIMO systems.

Recently, the SDMA-based methods [31,181,182] have attracted considerable interest

and SDMA has become one of the most capable mechanisms to resolve the capacity

dilemma of wireless communications systems. SDMA enables multiple users to

simultaneously share the same frequency bandwidth in diverse geographical areas.

Specifically, this method uses a spatial dimension called the spatial signature which

makes it feasible to recognize the individual users, even though they can be in the

same time/frequency/code domains. This yields increased capacity of the system.

The concept of the SDMA is illustrated in Figure 2.16. Here, a P -element receiver

antenna array is exploited to support each MS having a single transmitter antenna, so

that all MS can simultaneously communicate with the AP. As the transmit antennas

belong to different users, the transmissions of the multiple transmit antennas cannot

be coordinated and therefore, the SDMA technique can be considered as an explicit

division of the group of MIMO systems. The main benefits of SDMA techniques
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M

Figure 2.16: Schematic diagram of an SDMA system using a P -element
receiver antenna array for communicating M number of MSs.

are as follows [4]:

• Range extension: Since an antenna array is exploited, the coverage area of

high-reliability reception can be considerably larger than that of any single-

antenna based systems. The number of cells essential for covering a specified

geographical area can be significantly decreased with SDMA systems. For

instance, a gain of ten can be achieved by a 10-element array, which usually

doubles the radius of the cell and, therefore, quadruples the coverage area.

• Multi-path mitigation: As explained previously, with the advantages of MIMO

architecture, SDMA systems effectively mitigate the negative effects of multi-

path propagations. Additionally, by using efficient receiver diversity methods

some precise cases of the multi-path propagation can even be used for improv-

ing the signals of desired users.
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• Capacity increase: In theory, SDMA can be integrated with any existing

multiple access technique while achieving a significant increase in capacity

with only a limited amount of complexity. For example, by incorporating

SDMA with a conventional time division multiple access (TDMA) technique,

the same time slots can be shared by two or more users, yielding a doubled or

higher capacity of the overall system.

• Interference suppression: The unique and user-specific CIRs of the desired

user can be exploited in order to significantly reduce the interference caused

by other systems and by users in other cells. Therefore, MAI is not considered

in the study presented in this thesis.

• Compatibility: SDMA system are compatible with the majority of existing

modulation methods, carrier frequencies and other provisions. Moreover,

antenna types and different array geometries can be used to readily implement

the SDMA technique.

The combination of SDMA and OFDM forms the SDMA-OFDM system [31, 181,

183,184] which takes advantage of both SDMA and OFDM. This communications

system has attracted more research interest [184–187] recently. SDMA supports

multiple users within the same frequency band and/or time slot. It uses unique,

user specific ’spatial signatures”, i.e. the CIRs of the individual users to distinguish

among them. The CIRs need to be adequately dissimilar and precisely measured.

Therefore, the developed time-varying channel model is random and different for

each mobile station. The challenge in SDMA-based multi-user MIMO-OFDM

systems is that it does not have a suitable channel tracking algorithm that can

update time-varying, frequency selective MIMO channels. In this thesis, this issue

is addressed.

2.7 Chapter summary

In summary, this chapter provided a detailed overview of multi-path fading and

MIMO-OFDM wireless communications systems, assembling the necessary back-

ground to the findings of the present research. It also presented a thorough literature

review on the fundamentals and recent advances of OFDM, MIMO and MIMO-

OFDM systems explaining the basic theoretical concepts and advantages of these

technologies. The next chapter presents a comprehensive literature review on

adaptive equalization, channel estimation and channel tracking.
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Chapter 3

Fundamentals on Adaptive

Equalization, Channel Estimation

and Channel Tracking

3.1 Introduction

In a typical multi-user environment, a signal transmitted from an MS to an AP

is subjected to a range of impairments. Communication in wireless channels is

limited primarily by multi-path fading which introduces ISI. Moreover, the delay

spread of the signal, which is the maximum time delay occurred, will change as

the environment changes. When the delay spread is smaller than a symbol period,

the distortion is called flat fading. The frequency selective fading occurs when

the delay spread is larger than a symbol period. Information transfer is severely

limited at the deep fade frequencies. The fading occurs at selected frequencies, and

is therefore called frequency selective fading. On the other hand, the signal quality

suffers from the time-varying fading by the introduction of a random amplitude

and a phase shift to the transmitted signal. The channel is said to be time-varying,

when the transmitter or the receiver is mobile or the channel is rapidly changing

due to environmental conditions. Figure 3.1 shows an example of a simulated

time-varying, frequency selective mobile OFDM communications channel where the

subcarrier index is in the frequency domain and the OFDM symbols represent the

time domain.

Identifying the information about the channel is necessary to recover the trans-

mitted signal at the receiver. This process is known as channel estimation. The

removal of the channel effects is referred to as equalization [31]. It is significant to

keep a track of the activity in the channel by generating updates of the channel

estimates. This process is called channel tracking.
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Figure 3.1: OFDM simulated time-varying, frequency selective channel.

Channel estimation and tracking algorithms for SDMA-based MIMO-OFDM

systems have a strong influence on the development of new wireless systems because

CSI is needed to detect the transmitted symbols at the receiver especially when

the channel is time-varying. This chapter provides a comprehensive review of

the literature on recent and relevant channel estimation and tracking algorithms

developed for MIMO-OFDM systems. The chapter performs a key role in the

literature survey discussing channel equalization, estimation and tracking. The

outline of this chapter is shown in Figure 3.2.

3.2 Adaptive equalization (AE)

Digital signal processing (DSP) based equalization has been widely recognised in

a variety of applications in voice, data and video communications using different

transmission media. The function of an equalization scheme at the receiver is to

compensate for impairments of the transmission channel like the ISI produced by
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Figure 3.2: Outline of Chapter 3.

multi-paths within time-dispersive channels. It improves link performance in hostile

environments.

The channels are characterised by a channel transfer function in which particular

frequency components of transmitted signals are uniquely attenuated and uniquely

delayed. The channel coefficients and their statistics are generally unknown and

time-varying. The temporal variations change the channel coefficients even after the

initial estimation. The equalizer must track or recursively update the time-varying

channel characteristics and, therefore, is called an adaptive equalizer.

3.2.1 Linear and non-linear equalization methods

The two main types of AE are linear and non-linear which are determined by

how the AE output is used for successive control (feedback) of the AE. The linear

equalizers do not employ a feedback path to adopt the equalizer and therefore

provide simpler implementations. The non-linear equalizers such as the DFE are

widely employed in wireless applications where the channel distortions are too

critical for a linear equalizer to manage. The non-linear DFE is significant because

when an information symbol has been detected and decided on, the ISI that it
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causes on future symbols can be estimated and subtracted out before detection of

successive symbols [9].

A low complexity DFE was designed in [188] to decrease the effects of variations

in the channel. In that study, a small matrix of main CSI was used to recursively

compute the inversion of the matrix while considerably reducing complexity. Con-

sequently, it was suggested that the method was suitable for consumer terminals.

However, their research did not take multi-user scenarios in MIMO channels into

account.

In [189], Gupta and Saini presented an STBC structure in MIMO-OFDM systems.

They investigated the BER performance of STBC along with different equalizers

such as ZF, DFE and ML in the frequency domain and then suggested the optimum

equalization method. The simulations were performed for 2×1 and 2×2 transmit-

receive antennas in both frequency selective and flat channels. They stated that

their proposed method achieved simple implementation and complexity. However,

it could not attain multi-path diversity nor a high data rate.

An AE operates in two modes: training and tracking [9]. First, the AE coefficients

need to be trained in order to adapt to a proper value of minimum BER detection.

This operation can be performed using three methods: the training sequence, blind,

and semi-blind. The training data consists either of pilot symbols that are repeatedly

multiplexed into the data stream, or of a training data block at the beginning of

each packet, for packet transmission [24]. This method is widely used in current

wireless communications systems as it shows high accuracy and low complexity.

However, it introduces an overhead to the communication system and therefore,

reduces spectrum efficiency. The equalizer is called ‘blind’ if the training sequences

are not used. It depends on the structural properties of the received data. Although,

it is bandwidth efficient, it requires the accumulation of a large amount of data.

Semi-blind equalization, on the other hand, is based on a limited amount of pilot

data in conjunction with blind algorithms. The semi-blind methods have three

advantages over blind methods: the uncertainties inherent to blind methods can be

resolved, convergence speeds are enhanced; and a more effective and robust tracking

of time-varying channels is accomplished [190]. In addition, to compensate for the

channel distortions, the AE uses an adaptive algorithm to evaluate the channel and

adjust the filter coefficients recursively. A detailed description of the process of

linear and DFE adaptive equalizers can be found in Chapter 5 (Section 4.4).

The MIMO channels are tracked mostly using an adaptive filter. The adaptive

filtering process and the most widely used adaptive filters in the channel tracking

process are discussed next in detail.
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3.2.2 Adaptive filters

An adaptive filter is a self-learning system that incorporates a recursive algorithm.

The recursive algorithm is used to adjust the filter parameters or coefficients in

an environment where the knowledge of relevant statistics is unavailable. When

the signal entered into the filter continues, the adaptive filter coefficients adjust

themselves to achieve the desired result such as identifying the response of an

unknown system. Adaptive filters can be classified into two main groups: linear and

non-linear adaptive filters. The former computes an estimate as a linear function

of the available observations while the latter does not use a linear combination of

the observations for the estimation.

A. Supervised versus unsupervised adaptive filters

Adaptive filters can also be categorised into supervised and unsupervised adaptive

filters. The supervised adaptive filter uses a training sequence to obtain different

realisations of a desired response of a particular input signal vector. Then, it

compares the desired response and the actual response of the filter to obtain an

error signal. Next, this error signal and the input signal vector are used to adjust

the filter parameters. The parameter adjusting process is performed step by step

until a steady-state condition is found.

The unsupervised adaptive filters do not use a desired response to perform filter

parameter adjustments. Such a filter performs its function by specifying a set of

rules in its design to analyse the input-output mapping with the precise required

properties. The unsupervised adaptive filters are often referred to in the literature

as blind adaptation or blind de-convolution filters.

B. An adaptive filtering process

The adaptive filter performs in two basic processes: a filtering process and an

adaptive process. The filtering process first calculates the output of the filter, y(u),

in response to an input signal, x(u). Then, it produces an estimation error, e(u),

by comparing this output with a desired response, d(u), defined as:

e(u) = d(u)− y(u) (3.1)

The adaptive process then continuously adjusts the filter coefficients according to

the estimation error, so that filter output, y(u) becomes as close as possible to a

desired signal, d(u). As shown in Figure 3.3, the combination of these two processes

working together constitutes a feedback loop.

When signal and noise spectral characteristics are unknown and time-varying, the
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Figure 3.3: Block diagram of an adaptive filter.

adaptive filters adapt their frequency response appropriately. They are characterised

by the filter structure and the coefficient update algorithm.

In [191], Liang et al. discussed a channel estimation method using adaptive

filters in MIMO-OFDM systems. The proposed method estimated and tracked

the time-varying channel coefficients by using pilot symbols and adaptive filters.

Furthermore, prior knowledge of the channel statistics was not required. They

verified that the proposed method using adaptive filters performed better than

another method based on an LS algorithm. Moreover, they showed that the channel

estimation using an LMS filter had lower computational complexity than that using

an RLS filter. On the other hand, the channel estimation method using the RLS

filter demonstrated better performance and faster convergence than using the LMS

filter. Therefore, they concluded that a more suitable channel estimation method

can be selected using different filters according to its characteristics. The most

widely used adaptive algorithms in the MIMO communication system are discussed

next.

3.2.3 Adaptive algorithms

A. Least mean square (LMS) algorithm

In 1959, Widrow and Hoff developed the ubiquitous LMS algorithm which was the

first algorithm used to design a linear adaptive filter [192]. Since then, it has become

one of the most widely used algorithms in adaptive filtering. The LMS algorithm

is a stochastic gradient algorithm since it uses the gradient vector of the filter tap

weights to converge to the optimal Wiener solution. It is widely used in adaptive

signal processing due to its computational simplicity, simpler implementations, and
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robust performance. Furthermore, it does not require measurements of the relevant

correlation functions and matrix inversion. However, the LMS algorithm does not

converge quickly and it is sensitive to the eigenvalue spread (i.e., the ratio of the

largest eigenvalue to the smallest eigenvalue) of the correlation matrix of the input

signal vector. The simplicity achieved in this algorithm has made it the benchmark,

against which all other adaptive filtering algorithms are judged [193].

The LMS [194] adaptive algorithm is widely employed in MIMO equalization.

In [194], Yapici and Yilmaz discussed the iterative channel estimation and tracking

problem for time-varying frequency-flat fading MIMO systems. They employed

the pilot symbol aided (PSA) technique to jointly estimate and track the time-

varying multi-antenna channel. The MMSE filtering was used to further improve

the error performance. Moreover, the computational complexity resulting from

the MMSE filtering was reduced by introducing a low-complexity two-way LMS

algorithm based on the forward-backward operation of the conventional forward

only LMS algorithm. They showed that the two-way LMS had a near optimal

error performance and better channel tracking potential than the conventional LMS

algorithm with no significant complexity added. However, they does not consider

the multi-user scenario or OFDM transmission system in their method.

B. Recursive least squares (RLS) algorithm

The LMS algorithm achieves simplicity of implementation by exploiting instan-

taneous estimates of the autocorrelation matrix of the input signal vector, and

the cross-correlation vector between the input vector and the desired response.

On the other hand, the RLS algorithm uses continuously updated estimates of

these two measures, which go back to the beginning of the adaptive process [195].

Therefore, simulations for the proposed SDMA-based multi-user MIMO-OFDM

adaptive equalizer, are conducted with LMS and RLS adaptive algorithms using the

training sequence AE coefficients training method to achieve optimal performance

through a comparative analysis. A more detailed discussion of the LMS and RLS

AE is provided in Chapter 5 (Sections 4.4.3 and 4.4.4), respectively.

In [29], Mohammadi et al. derived a channel estimation method for a MIMO-

OFDM receiver. First, they obtained an optimum training sequence based on the

calculated MSE for the LS channel estimation. Then, adaptive channel estimation

methods based on LMS and RLS were proposed, exploiting the training sequences

derived to estimate the channel for a system which sends out independent data

streams from the transmitter antennas. All sub-channel coefficients between a

receiver antenna and all transmitters were estimated by these methods and the

performance was computed by comparing LMS and RLS algorithms with the LS
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algorithm. However, they did not consider the multi-user scenario in MIMO-OFDM

systems and they simulated the performance only for a 2×2 MIMO system limiting

the number of antennas, while our methods show performance for a 12×6 SDMA-

based multi-user MIMO-OFDM system. Moreover, with their method, the BER

reached 10−3 only when the SNR was equal to 40 dB, while the equalization method

proposed in the present research reaches the same value of BER, when the SNR

equals to 12 with a DFE. In the next sections, the literature on channel estimation

and tracking is reviewed.

3.3 Channel estimation

3.3.1 Uncertainty models for channel state information

Time-variations of the channel and multi-path fading cause detrimental effects in

wireless communications systems. In a typical communication system, the received

power experiences deep fades within the time-frame related to receiver movements.

Therefore, the communications system has to be able to reduce the fading effects, in

order to achieve efficient transmission. If the current CSI is known in advance, the

transceiver can re-allocate internal resources in a better way or alter the transmission

scheme in anticipation of the future conditions. This can be achieved by predicting

the CSI.

The full knowledge of the CSI is the knowledge required for the multi-user MIMO,

for example, obtainable by sending and processing the training sequence, albeit

corrupted by the noise. However, in most practical scenarios, the full knowledge

of the CSI is never known a priori. Moreover, the channel estimate is not perfect

due to noise, and the finite number of pilot symbols in a frame. In most typical

communication setups, channel estimation of the CSI is executed at the receiver,

using known pilot symbols and then employed in decoding if it is precise. Therefore,

the performance depends on the quality of the channel estimate. The quality of the

CSI can be classified into three different conditions, depending on the knowledge of

the CSI at the receiver:

• Perfect CSI: The most commonly assumed situation is that perfect CSI

is available at the receiver. The receiver has complete knowledge of the

instantaneous channel realisation. Under these conditions, the detection of

symbols is referred to as coherent detection.

• Imperfect CSI: The receiver may possess inaccurate knowledge about the

parameters describing the channel. For example, the receiver may be informed
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Figure 3.4: Pilot symbol aided estimation [7].

of the estimated channel matrix Ĥ 6= H, with corresponding covariance error

matrix C. In that case the channel model that can be used is one in which

the channel is a random matrix H ≈ C.

• No CSI: The receiver may not possess any information about the values of

the CSI, or its statistics. Under these conditions, the detection of symbols is

referred to as non-coherent detection.

3.3.2 Channel estimation methods

The channel estimation methods can be categorised into four main groups: pilot-

aided, blind, semi-blind and decision-directed. Pilot-aided algorithm schemes use a

set of known symbols interleaved with data in order to acquire the channel estimate.

Blind techniques, on the other hand, do not require any training data and use

the statistical or structural properties of the signals. The semi-blind algorithm is

a hybrid method that combines the blind estimation phenomenon with a limited

amount of pilot data. The use of earlier estimations of the channel to detect data

and apply it to estimate the channel in the last snapshot is called decision directing.

These channel estimation methods are discussed in detail in the following sections.

A. Pilot symbol aided (PSA) channel estimation

Recently, there has been a growing interest in pilot symbol aided (PSA) MIMO

channel estimation. The PSA channel estimation methods employ a pilot symbol

or training sequence, known to the receiver, that is used to obtain an initial

estimation of the channel parameters, timing, and frequency offset. These symbols

are interleaved among the transmitted signal frame and sent through the channel.
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Then, the channel is estimated using the received signal and the known pilot

sequence, at the receiver (see Figure 3.4). PSA estimation algorithms are widely

used in contemporary wireless communication systems, as they show high accuracy

and relatively low computational complexity. However, they introduce overheads to

the communication system by transmitting known pilot symbols and thus, reduce

the spectrum efficiency.

Carvers in [196], invented the widely used pilot symbol aided modulation (PSAM)

and presented an analytical approach to the design of pilot-assisted transmission

(PAT) techniques. Tong et.al, in [197] presented an overview of the PAT system and

discussed the channel estimation design criteria for recent wireless communication

systems. However, to the author’s knowledge, they did not analyse the channel

estimation using PSAM for the particular case of multi-user in SDMA-based MIMO-

OFDM systems.

Hassibi and Hochwald in [198] discussed how training affects the capacity of a

multi-antenna fading channel without considering OFDM transmission. In particu-

lar, too little training leads to improperly learned channels and too much training

yields no time left for data transmission before the channel changes. Therefore,

they computed a lower bound on the channel capacity and maximised the bound as

a function of the received SNR, fading coherence time, and number of transmitter

antennas. Moreover, they gained the optimal number of pilot symbols showing the

smallest training interval length that promised meaningful estimates of the channel

matrix. Furthermore, they showed that the training-based schemes can be optimal

at high SNR of 18 dB, but sub-optimal at low SNR of 6 dB.

In [199], Baek and Seo presented efficient pilot patterns and channel estimations

for a high-rate MIMO-OFDM system. They proposed pilot patterns by using a basic

orthogonal property of a unitary matrix and then used this orthogonal property to

propose channel frequency response (CFR) and CIR estimations. They considered

independent and suitably distributed two space-frequency coding encoders on multi-

input single-output (MISO) OFDM systems of DVB-T2 to compare the results. The

performance of the proposed channel estimation methods provided a low symbol

error rate (SER) of 10−4 at an SNR of 25 dB when compared with the MISO-OFDM

system channel estimation.

The pilot based channel estimation can be subclassified into four main cate-

gories. These are conventional pilot symbol versus superimposed training and the

block-type versus comb-type pilot channel estimation, which are discussed as follows:

I. Conventional pilot symbol versus superimposed training

The PSA method can again be divided into two approaches, namely, the conven-
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Figure 3.5: Schematic representation of channel estimation: (a) conven-
tional pilot symbol, (b) superimposed training.

tional pilot symbol-aided and superimposed training. The difference between the

conventional PSA and superimposed training channel estimation schemes are illus-

trated in Figure 3.5. The superimposed training scheme has recently gained research

interest in channel estimation. In this method, the pilot signal is superimposed

on the information signal. The complete transmitted frame can still be used to

transmit information symbols. Therefore, the superimposed training scheme is more

bandwidth efficient than the conventional pilot PSA scheme. However, the major

drawback of this method is that some useful power, which could have been allocated

for the transmitting information signal, is wasted in transmitting the superimposed

training sequence. Moreover, this method is relatively more complex in decoupling

the information/training signal at the receiver and orthogonal vulnerability of

precoding and training matrices occurs.

II. Block-type versus comb-type pilot channel estimation

For OFDM systems, the channel estimation using the PSA approach can be further

categorised into two methods: the block-type and comb-type pilot channel estimation

[8]. In the block-type pilot channel estimation scheme, the pilot tones are inserted

into all the subcarriers in an OFDM symbol, periodically (see Figure 3.6(a)). In

this case, the coherence time of the channel must be much larger than the period

of pilot insertion. This method assumes a slow fading channel condition to have
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(a) (b)

Figure 3.6: Pilot arrangements (a) block type (b) comb type [8].

an accurate channel estimation. In general, the estimation of the channel for this

block-type pilot arrangement can be based on the channel estimators, LS [200] or

MMSE [201], which will be discussed in detail later.

In the comb-type pilot channel estimation, the pilot tones are inserted into a

number of subcarriers over the transmission time and use this estimation for a

specific number of succeeding symbols (see Figure 3.6(b)). The total number of

subcarriers is much larger than the number of pilot-inserted subcarriers. This

method has been established in order to satisfy the need for equalizing when the

channel changes even in one OFDM block. This method possesses algorithms to

estimate the channel at pilot frequencies and to interpolate the channel. Moreover,

the comb-type channel estimation can be based on LS, MMSE or LMS channel

estimators. Usually, interpolation is used to estimate the CSI over the whole channel

bandwidth, as the channel estimation is performed only for a certain number of

subcarriers [202,203].

Coleri et al., in [204] investigated the channel estimation methods for OFDM

systems based on block-type and comb-type pilot arrangements. They studied

channel estimation at pilot frequencies based on LS and LMS algorithms. A decision

feedback equalizer was implemented for all OFDM subcarriers followed by periodic

block-type pilots. Moreover, they evaluated the performances of all modulation

schemes by measuring the BER with the 16-ary QAM, QPSK, differential-QPSK

and BPSK as modulation schemes. Furthermore, multi-path Rayleigh fading and
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auto-regressive based fading channels were used as channel models. Coleri et.al,

argued that the comb-type pilot channel estimation with low-pass interpolation

performed the best among all the channel estimation algorithms.

For OFDM systems, Liu et al., in [205] discussed a channel estimation algorithm

based on the PSA method called as regression least square support vector machine

(RLS-SVM). By obtaining the frequency responses of the positions of the pilot

frequencies and the frequency responses between the carriers, they predicted the

frequency responses of the positions of the subsequent OFDM sub-carriers by apply-

ing the RLS-SVM algorithm for the frequency selective multi-path Rayleigh fading

channel model. They argued that, at the same transmission rate, the number of

pilot frequencies in the RLS-SVM algorithm is less than in traditional algorithms.

They stated that, therefore the RLS-SVM was far better than the others at the

same SNR as the number of pilots decreased and the transmission efficiency im-

proved. However, they did not analyse how the channel could be estimated for

MIMO-OFDM systems or for the multi-user scenario of such a system. Therefore,

multi-user MIMO communications based on OFDM systems seems to be an open

area for the development of efficient channel estimation and tracking algorithms.

The next sub-section discusses channel estimation using PSA for time-varying

channel conditions.

Time-varying channel estimation using PSA

OFDM systems show performance degradation under time varying channels. The

OFDM symbol duration should be increased as the delay spread increases. Con-

sequently, OFDM systems become more vulnerable to time-variations, yielding

inter-carrier interference (ICI). However, to improve the performance in high delay

and Doppler spread environments, the ICI must be diminished. In slow time-varying

environments, the variation in channel within each OFDM symbol is negligible,

where by the channel is said to be quasistatic. This allows the independent es-

timation and equalization of fading in each subcarrier [206]. The estimation of

quasistatic channels for MIMO-OFDM systems is investigated in [207,208].

Hu et al., in [209] investigated the time-varying channel estimation methods for

MIMO-OFDM systems based on pilot sequences. However, they assumed that the

channel varied in a linear fashion during a block period. The CIR was expressed as

a function of the middle impulse response and the slope of the channel variation.

Consequently, they first estimated the middle CIR of the current OFDM symbol

and then estimated the slope. Hu et al. demonstrated that the proposed estimation

scheme performed well, while the use of the optimal pilot tones enhanced the channel

estimation. However, the case of the time-varying effects on an SDMA-based multi-
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user MIMO-OFDM channel estimation was not investigated.

In [210], Gao et al. investigated frequency-domain channel estimation in uplink

MIMO OFDM access (OFDMA) systems for time-varying channels. They used

training sequences to estimate the channel and showed that the proposed chan-

nel estimation method considerably outperformed the RLS channel estimation at

the high SNR range. Moreover, to improve the accuracy of channel estimation

they incorporated channel interpolation by using the correlation between adjoining

subcarriers. With a training overhead of only 5%, this method attains a BER

performance that was close to the case with perfect CSI.

B. Blind channel estimation

The term “blindness” means that the receiver has no knowledge of the transmitted

sequence and the CIR. The statistical or structural properties of communication

signals, such as cyclo-stationarity, high-order statistics, or the finite-alphabet prop-

erty are used to perform channel estimation, equalization or demodulation. In

general, training sequences are used to estimate the channel in static or slowly

varying propagation environments. However, the PSAM method is not desirable in

fast varying environments as the pilot overhead consumes a considerable amount of

bandwidth. Therefore, the need for higher data rates inspires the search for blind

channel estimation methods.

In OFDM systems, in general, up to 25% of the transmitted data are occupied

by the cyclic prefix (CP). Moreover, if training sequences are employed in channel

estimation and synchronisation processes, those may involve an additional 15% to

20% of the remaining data. Since it is more bandwidth-efficient, the blind channel

estimation for MIMO-OFDM has been a recent active area of research. However, the

main drawback of many blind estimation methods is that they become impractical

over time-varying channels, since they require the accumulation of a large amount

of received data.

Most existing blind estimation techniques for CP-based OFDM systems can be

categorised into two types: subspace-based and non-subspace-based [211]. Non-

subspace-based methods exploit the finite-alphabet property of transmitted symbols.

Thus, it involves considerable computational complexity mainly when the size of

the constellation is large. On the other hand, the subspace-based methods do

not require any knowledge on the symbol constellations. However, it requires the

statistical calculation of the received blocks and, thus, leads to slower convergence

than the methods exploiting finite constellations.

Yatawatta et al., in [212] proposed a blind channel estimation method for multi-

user MIMO-OFDM systems. A linear non-redundant block precoding scheme was
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used at the input of the OFDM system. The precoding spread the OFDM symbols

of each user over all the subcarriers. Simultaneously, it established a structure

for the transmitted symbols, which was exploited at the receiver to estimate the

channel in a blind approach. The proposed channel estimation scheme showed

simple computations and did not introduce any redundancy in the precoding scheme.

C. Semi-blind channel estimation

Semi-blind algorithms are based on a limited amount of pilot data in conjunction

with blind algorithms. As explained previously, semi-blind methods have three

advantages over blind methods: the uncertainties inherent to blind methods can be

resolved; convergence speeds are enhanced; and more effective and robust tracking

of time-varying channels is accomplished.

Zhou et al., in [213], demonstrated a semi-blind channel estimator based on

the finite-alphabet property of information symbols for multi-user OFDM systems.

The proposed method used a limited amount of training and was used for PSK

transmission. They stated that this algorithm could be applied both in CP-based

OFDM and zero-padded OFDM transmissions. The proposed method improved the

symbol recovery in zero padding OFDM systems. However, it led to modifications

in the transmitter and complex equalization. Moreover, this scheme did not consider

multi-antenna transmission with multi-user scenarios.

Chen and Zhou, in [214], presented a superimposed periodic pilot scheme by

using only a first-order statistic to estimate the channel for OFDM systems. Since

this scheme did not require dedicated slots for training, it was considered to be a

semi-blind approach. They concluded that the proposed method performed simple

channel estimation as well as equalization, without any loss of spectral efficiency.

However, they implemented this scheme for mobile wireless propagation and they

did not consider the multi-antenna specifications or multi-user scenario in their

channel estimator.

In [215], Xu et al., presented a semi-blind channel estimation method for MIMO-

OFDM systems. This method was based on both independent component analysis

(ICA) and pilot carriers. For the initial estimation of the channel, pilot carrier were

used. Then, those initial channel estimations were used as a priori information in

the algorithm of ICA. Next, convolutional encoding between data carriers and pilot

carriers was performed in order to correct the ordering and scaling of the estimated

sources. They showed that the proposed method reached a BER of 10−5 at an SNR

of 11 dB.
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D. Decision-directed channel estimation (DDCE)

The statistical properties of the communications channel and the received informa-

tion symbols are used to estimate the CSI in the decision-directed channel estimation

method. The main advantage of this scheme is that the complete transmission

session can be used to send information symbols since independent pilot symbols are

not required. Therefore, it is ideally bandwidth-efficient in theory. However, this

channel estimation scheme possesses some critical disadvantages. It is impractical

to implement the DDCE in real-time communications systems as the computations

are based on second-order statistics of the channel and the received signal is highly

complicated. Moreover, the DDCE methods are only suitable for slowly varying

channels where the channel statistics do not change over a long period as this

scheme often relies on time averaging. Furthermore, it is well known that all DDCE

algorithms have very poor performance in fast fading communication channels.

Because of the high computational cost and constraints to some data and channel

assumptions, DDCE methods, therefore, have limited use in practice [216].

For MIMO-OFDM systems, the number of transmit antennas that can be used

in LS channel estimation is restricted by the ratio of the number of subcarriers and

the number of significant CIR-related taps. Therefore, to allow for more complex

situations in terms of the number of transmit antennas and users supported, Munster

and Hanzo in [114] investigated a parallel-interference-cancellation-assisted DDCE

for OFDM systems supporting multiple users employing multiple transmit antennas

at the AP.

In [217], K. Wu and J. Wu proposed a low complexity DDCE method in transmit-

diversity OFDM systems. To decouple the data, the correlation of subcarrier channel

coefficients was used so that the proposed method can cancel the inter-antenna

interference (IAI) for separating the estimation of each channel response. They also

used the recent estimate of the channel response to eliminate the residual IAI. At

an SNR of 20 dB the accuracy in channel estimation is dominated. However, their

system incorporated a 2×2 transceiver with only a single user. Ganesh and Kumari,

in [218] presented a survey of channel estimation mechanisms in MIMO-OFDM

systems explaining three of the channel estimation methods (training-based, blind,

semi-blind) and their performance.

3.3.3 Multi-user channel estimation

Most of the earlier works on MIMO-OFDM channel estimation are based on single-

user MIMO channels [219]. However, in practical wireless communications systems,

the multi-user communications should be addressed. The AP must be able to

66



Chapter 3 Section 3.3

simultaneously detect the signals from all the active users. Consequently, in [220],

Gomma et al. used linear LS channel estimates to separate the users spatially at

the AP in multi-user MIMO-OFDM systems. To achieve the full benefits of this

method, the precise estimation of the multi-user channels is essential.

In [28], the multi-user channel estimation methods using pilot symbols for STBC-

OFDM were experimentally investigated. LS and MMSE techniques were used

for the estimation of multi-user channels. In a slowly faded quasistatic channel

environment, it was shown that the estimated channel closely approximated the

actual channel. Moreover, when the number of users was increased, the proposed

methods degraded in performance. However, these methods incorporated 12 out of

60 symbols as training sequences, increasing the overhead to the communications

system. Moreover, this method only performed well when the number of users was

limited. The tracking method proposed in the present thesis does not depend on

the number of users and performed accurately even with only one training symbol

for SDMA-based multi-user MIMO-OFDM quasistatic channels.

In [221], Zhang et al. considered multiple users communicating over fading

channels demonstrating a range of different characteristics such as time-variance

and time-invariance. Since a high number of independent transmitterreceiver pairs

had different statistical characteristics and had to be concurrently estimated for

each subcarrier, channel estimation was relatively challenging in that case. They

proposed a joint CIR and noise-variance estimation method for the uplink of SDMA

based multi-user MIMO OFDMsystems. It was based on the expectation-conditional

maximisation (ECM) algorithm. They showed that for SNR > 9 dB, the proposed

method was able to reach the Cramer-Rao lower bound (CRLB) in time-invariant

scenarios.

In [27], Yang et al. addressed a pilot-assisted LS channel estimation method for

the uplink of multi-user MIMO-OFDM systems. They developed channel estimation

methods for centralised and decentralised multi-user scenarios. However, when the

number of users increased, the MSE increased. In addition, they employed 16 or

32 symbols as pilots, increasing the overhead of the communications system. The

tracking method we proposed in the present study employ only one OFDM symbol

as the pilot sequence, saving valuable bandwidth in communications systems.

3.3.4 Channel estimators

A. Least squares (LS) channel estimator

Pilot-based channel estimation for MIMO-OFDM systems mainly focuses on LS

channel estimators. It is the simplest approach to PSA channel estimation in OFDM
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systems and no a priori information is assumed to be known about the statistics of

the channel taps. However, it shows poor accuracy as it is performed on a frame by

frame basis with no filtering of the estimate. The LS channel estimation hLS for

block-type pilots in the frequency domain can be expressed as:

hLS = yx−1 (3.2)

where y is the transmitted pilot symbol and x is the received pilot symbol. In [172],

Cicerone et al. investigated the advantages of using a priori information about

the construction of the multi-path fading channel on the performance of channel

estimation in MIMO-OFDM systems. First, they derived a lower bound for the

channel-estimation error for MIMO-OFDM systems and then designed an efficient

estimator that works closer to the derived limit. Moreover, they stated that the

fast-varying fading amplitudes are possible to track by using the LS algorithm.

However, they did not consider the performance of the LS channel estimator in

multi-user MIMO-OFDM systems.

In [222], Hidayat et al. investigated channel estimation for SM in MIMO-OFDM

systems employing pilot symbols. The initial channel estimation was performed

using the LS method. ZF algorithms were employed to detect and separate the

received signal. They showed that at an SNR of 25 dB the normalised MSE of the

channel reached 5×10−5 and the BER reached 3×10−4. However, they stated that

the channel estimation would be better by having an increased SNR.

B. Minimum mean square error (MMSE) channel estimator

The MMSE assumes the CIR as a random vector. In the MMSE estimator, the

average is taken not only over the observed data as in the maximum likelihood

estimator (MLE) but also over the probability density function (PDF) of the CIR.

Therefore, the MMSE takes full advantage of the correlation of the CFR at different

times and frequencies. Regarding all the CIR realisations, it is stated that the

MMSE has the minimum MSE on average, in [223]. Moreover, MMSE performs

better than MLE as it possesses prior information on the CIR.

In [224], Krouma et al. presented a low-rank MMSE channel estimator for a

2×2 MIMO-OFDM system in slowly fading channel environments. They performed

a comparison with LS and MMSE estimators in both SISO and MIMO-OFDM

systems with an SER. They have showed that a low computational complexity can

be achieved by decreasing the rank of the auto-covariance of the channel matrix.

Moreover, they showed that the proposed estimator offered a sound trade-off between

complexity and performance.
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C. Maximum likelihood estimator (MLE)

MLE does not require information on the channel statistics or the operating SNR

[225]. It assumes that the CIR is a deterministic but unknown vector. Consequently,

the MSE in the MLE is recognised as an average over the observed data. The CRLB

provides a lower bound on the MSE matrix for random parameters. Since the

MLE achieves the CRLB, it is the minimum-variance unbiased estimator. Further

improvement in MSE is not possible as long as the CIR is assumed as a deterministic

quantity and the estimator is unbiased. Moreover, MLE can be based on both

pilot-assisted and blind channel estimation.

Morelli and Mengali, in [223], compared MLE and MMSE channel estimators for

OFDM systems. The MLE is simpler to implement as it does not require knowledge

of the channel statistics and the operating SNR. It is the main advantage of MLE

over the MMSE estimator. Conversely, under certain operating conditions, the

MMSE estimator shows better accuracy as it uses prior information about the

channel. In particular, they found that: i) the channel estimates at the edges of the

bandwidth were worse than those in the middle, ii) the MMSE estimator performed

better than MLE at low SNR, and iii) at intermediate and high SNRs, the two

techniques exhibited comparable performance, provided that the number of pilot

tones was sufficiently greater than the duration of the CIRs. Otherwise, the MMSE

estimator is better.

In [189], Du et al. proposed two iterative ML-based channel estimation methods

for the uplink of OFDM systems in time-varying environments. First, they modeled

the uplink multi-path fading channel in order to estimate the unknown channel

coefficients. The proposed iterative ML-based method estimates the discrete-time

channel coefficients based on the system model. Then, a second-order Taylor

series expansion was employed to simplify the problem of channel estimation.

A perturbation technique was used to analyse the MSE performance. Next, an

enhanced iterative ML channel estimation algorithm based on a convergence analysis

was presented, employing a successive over-relaxation technique. They showed that

the simulated MSE performance agreed with the results gained from the theoretical

analysis. However, these proposed methods did not consider MIMO systems.

The ML estimator for the tracking of MIMO channels, is presented in [226]. This

algorithm was derived, first, by extracting the equations for ML estimation of a

time-invariant channel and then by extending it to a time-variant channel. As

a result, this algorithm did not possess desirable performance for time-varying

channels. Vosoughi et al. evaluated the performance analysis of MLE and modified

its structure in [227]. For time-varying flat fading MIMO channels, Karami and

Shiva have proposed a tracking algorithm based on the ML algorithm in [228].
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However, these algorithms depended on the channel model and hence the precise

channel model must be known.

3.4 Channel tracking

Several channel tracking methods have been previously proposed for wireless com-

munications. Molnar et al. [229] developed a method and apparatus for channel

tracking using pulse-shaping information to track the medium (channel) response

of the fading. For a received baseband signal to produce a filtered waveform, in-

formation symbol values were pre-filtered employing the pulse shape information.

They exploited this waveform as a reference signal to estimate the medium response.

This estimation was used to detect unknown information symbols using a coherent

detector. The channel tracking module tracked the medium response of a fading,

dispersive channel by processing the received data symbols. However, they only

considered a single-user, single antenna scenario with single-carrier transmission.

In [230], Tu and Champagne presented a blind recursive algorithm in precoded

MIMO-OFDM systems for tracking fast time-varying wireless channels. Typically,

subspace-based tracking is used for slowly time-varying channels only. The proposed

method could gather data from both the time and frequency domain due to the

frequency correlation of the wireless channels and could accelerate the update of the

necessary second-order statistics. A new channel estimate was obtained after each

such update by recalculating the subspace information exploiting the orthogonal

iteration. This method was evaluated in the case of the spatial channel model

suburban macro of a third-generation partnership project (3GPP). In this system,

an MS is allowed to move in any direction with a speed of up to 100 km/h, equivalent

to a maximum Doppler shift of about 230 Hz in this scenario. They showed that

when the SNR (per symbol) was ≥ 20 dB, the normalised MSE of the channel

estimates converged to a level of -30 dB within less than five OFDM symbols.

Yakhnich [231] implemented a channel tracking method to update channel es-

timates on blocks of samples during the reception of a message. When the new

sample data arrived, the channel tracking was performed by using the weighted RLS

algorithm which recursively updated the coefficients of the channel model. This

method updated the CSI once per sample block by applying a exponential weighting

factor. Yakhnich selected the block length to be short enough to achieve preferable

tracking performance while being adequately long enough to lessen the overhead

caused by preliminary decisions and updating precalculated tables in the equalizer.

Moreover, this method was implemented in both hardware and software. However,

this technique was implemented only in single carrier SISO systems without taking
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MIMO-OFDM communications into account.

Hyosung et al. [232] proposed a decision-directed channel tracking method to track

doubly selective slow-varying, multi-user, MIMO channel estimates by using the

complex exponential basis expansion model (CE-BEM) and Kalman filtering based

on the decisions from a DFE. However, this method was designed for single-carrier

MIMO systems without considering OFDM transmission. Moreover, a channel

estimation algorithm was proposed by Hijazi et al. [233] to track fast time-varying

environments in MIMO-OFDM systems. They also employed the basis expansion

model (BEM) and Kalman filter for tracking. The function of channel estimation

depended on the coefficients of a physical propagation channel or equivalent discrete

time channel taps. A BEM was used to approximate the channel and to manage

fast variations of the channels within a transmission block. This method did not

exploit the multi-user scenarios.

Gifford et al., in [234] presented a low overhead channel tracking algorithm

for mobile MIMO-OFDM communication systems. They used the PSA channel

estimation in conjunction with adaptive decision feedback LMS, RLS and Kalman

filter in their proposed algorithm. Moreover, the geometric wideband time-varying

channel model (GWTCM) with Rayleigh fading channels was considered. However,

the channel tracking algorithms for multi-user scenarios in SDMA-based MIMO-

OFDM systems were not considered.

Schmidt et al. [235] studied the principles of channel estimation in the frequency

domain for wireless OFDM systems and presented a low complexity channel tracking

method for OFDM systems. They used hard-decisions to update the channel

estimates in an indoor environment. To re-estimate the coefficients of the channel

and to generate additional training symbols they re-modulated the received decided

data. However, they only considered the SISO transmission with single- user

scenarios. Therefore, in the present study, we present a novel channel tracking

method for SDMA-based multi-user MIMO-OFDM systems under time-varying,

frequency selective MIMO channel conditions.

3.5 Chapter summary

The comprehensive literature review revealed the existing adaptive equalization

mechanisms, channel estimation methods and channel tracking algorithms that are

employed in MIMO-OFDM systems. However, channel estimation, equalization and

tracking algorithms for SDMA-based multi-user MIMO-OFDM communications

systems are more demanding in the latest wireless communications systems. There-

fore, the literature survey indicates the existing gaps in knowledge, providing the
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foundation for formulating the scope, objectives and methodology of the present

research.
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Estimating the Time-Varying

Channel

4.1 Introduction

This chapter elaborates on the methodology undertaken to perform this research.

The research for this project can be subdivided into five phases:

Phase 1: Construction of a SDMA-based time-varying, frequency selective, multi-

user, MIMO channel model

Phase 2: Derivation of an efficient method for initial channel estimation

Phase 3: Development of adaptive channel equalizers for SDMA-based multi-user

MIMO-OFDM systems

Phase 4: Development of a novel and efficient channel tracking algorithm for SDMA-

based multi-user MIMO-OFDM systems

Phase 5: Statistical analysis of the error vector magnitude (EVM) between the

recovered symbols (X̂) and the transmitted symbols (X)

The following sections provide a detailed discussion of each of these phases.

4.2 Construction of a time-varying, frequency se-

lective, multi-user, MIMO channel model

This section discusses the mathematical model of the SDMA-based multi-user

MIMO-OFDM channel and provides an overview of how it is implemented and

simulated.
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Access Point

R antennas

MS 1

MS 2 MS 3

MS M

Figure 4.1: Multi-user MIMO communications system with a single
antenna at the MS.

4.2.1 Channel model

In an SDMA-based multi-user MIMO-OFDM system, wireless broadband services

with higher spectral efficiency can be enabled by employing multiple antennas at

an AP to serve each MSs equipped with a single antenna or multiple antennas.

Typically, the case of an MS using a single antenna is considered as illustrated in

Figure 4.1 as it is generally easier and more cost effective to implement than the

multiple antennas case.

As shown in Figure 4.1, communication resources such as time, frequency and

spatial stream are allocated to M number of MSs. The AP and each MS are

equipped with R antennas and a single antenna, respectively. The end-to-end

communication between the MSs and the AP can be considered as an M×R MIMO

system for the downlink and an R×M MIMO system for the uplink. The uplink

and downlink channels in multi-user MIMO systems are referred to as a multiple

access channel (MAC) and broadcast channel (BC), respectively. In this thesis, our
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focus is on the uplink channel signal processing. In practice, the processing of the

corresponding downlink channel needs to be implemented. For time division duplex

systems, channel reciprocity may be utilised to derive the downlink channel from

the uplink channel (which may be tracked or predicted). However, this is out of the

scope of this thesis and is left for future work.

4.2.2 Multiple access channel model for a SDMA-based

multi-user MIMO system

AP

h1x1

h2x2

hMxM

...

+

z

yMAC

Figure 4.2: Multiple access channel (MAC): Uplink channel model for
a multi-user MIMO system.

The CIR can be represented as an input-output relationship between the transmit

and receive antenna pairs. The uplink channel for M independent MSs can be

exemplified as in Figure 4.2. The received signal yMAC ∈ CR×1 at the AP can be

expressed as:

yMAC = h1x1 + h2x2 + · · ·+ hMxM + z

= [h1h2 · · ·hM ]

 x1

...

xM

+ z = H

 x1

...

xM

+ z (4.1)
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where xm ∈ C is the transmit signal from the mth mobile station, m = 1, 2, · · ·M ,

H ∈ CR×M and hm is the channel gain between the mth MS and the AP and

z ∈ CR×1 is the additive white Gaussian noise (AWGN).

4.2.2.1 Response of a time-varying channel

The CIR of a time-varying channel between a transmitter and receiver is modelled

by L propagation paths and can be written as:

h (t, τ) =
L∑
l=1

al (t) δ (τ − τl (t)) (4.2)

where h (t, τ) is the response at time instant t for an impulse signal transmitted at

time t − τ ,
∑L

l=1 al (t) are the channel coefficients at time instant t, and τ is the

excess delay [3]. The corresponding CFR can be stated as:

h (f, t) =

∫ ∞
−∞

h (t, τ) exp {−j2πfτ} dτ (4.3)

...
...

MS 1

MS M

MS 2 Rx 2

Rx 1

Rx R

H11

H12

H1M

H21

H22

H2M

HR2

HR1

HRM

...

MS 1

MS 2

MS M

AP

Figure 4.3: Multi-user MIMO channel.
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A multi-user communications system with M number of transmitters (MSs) and

R number of receiver antennas at the AP is considered, as shown in Figure 4.3.

Since the multi-user MIMO uplink system is employed with multiple antennas at

the receiver and a single antenna at the MS, all transmit and receive antenna pairs

can be represented by a MIMO channel. From a system-level point of view, a linear

time-variant uplink multi-user MIMO channel can be represented by an R ×M
channel matrix:

h (t, τ) =


h11 (t, τ) h12 (t, τ) · · · h1M (t, τ)

h21 (t, τ) h22 (t, τ) · · · h2M (t, τ)
...

...
. . .

...

hR1 (t, τ) hR2 (t, τ) · · · hRM (t, τ)

 (4.4)

where the elements, hrm (t, τ), of the matrix h are complex random variables that

represent the time-variant impulse response between the mth MS antenna and the

rth receiver antenna at the AP. The physical characteristics of the propagation

environment directly affect each sub-channel hrm (t, τ).

4.2.3 Construction of the channel model

Figure 4.4 illustrates two simulated OFDM time-varying, frequency selective chan-

nels between the first MS and the first AP antenna for maximum Doppler shifts

(fd) of 10 Hz and 70 Hz respectively. The subcarrier index shows the variations in

frequency domain (frequency selectivity) and the symbol index shows the variations

in the time domain. The frequency selectivity is due to multi-path propagation.

The time-variations occur due to changes in the relative position/movement between

the transmitter and the receiver. The time-variations are more noticeable in Figure

4.4(b) than Figure 4.4(a). The dynamic range of the magnitude of the channel

when fd is 10 Hz is 1.1081 with a minimum of 0.1879 and a maximum of 1.2959,

while the dynamic range of the magnitude of the channel when fd is 70 Hz is 1.7107

with a minimum of 0.0188 and a maximum of 1.7296. Therefore, the magnitude

of the channel for fd is 70 Hz has a higher dynamic range of 0.6026 than that of

fd is 10 Hz, when the subcarrier index (frequency) changes from 1 to 128 and the

symbol index (time) changes from 1 to 96. This implies that when fd is higher (i.e.,

the MS travels at a higher speed) the channels experience higher variations in time

and frequency.

Figure 4.5 elaborates on how fast the channel varies with time [236], as it shows

the time-varying channel between the first MS and the first receiver antenna at

the AP of the first subcarrier. Figures 4.5(a) and 4.5(b) illustrate the time-varying
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(a)

(b)

Figure 4.4: Simulated channel frequency response (a) fd = 10 Hz (b)
fd = 70 Hz.

channels for fd = 10 and fd = 70, respectively. The dynamic range of the magnitude

of the channel when fd is 10 Hz is 0.2205 with a minimum of 0.9367 and a maximum
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(a) (b)

Figure 4.5: Time-varying channels (a) fd = 10 Hz (b) fd = 70 Hz.

of 1.1572, while the dynamic range of the magnitude of the channel when fd is

70 Hz is 1.4202 with a minimum of 0.3085 and a maximum of 1.7287. Therefore,

the magnitude of the channel for fd is 70 Hz has a higher dynamic range of 1.1997

than that of fd is 10 Hz, when the symbol index (time) changes from 1 to 96. This

implies that when fd is higher, the channels experience a higher variation in time.

Figures 4.6(a) and 4.6(b) depict the frequency selective channels between the first

MS and the first receiver antenna at the AP for the first symbol for fd = 10 and

fd = 70, respectively. The dynamic range of the magnitude of the channel when

fd is 10 Hz is 0.8049 with a minimum of 0.3326 and a maximum of 1.1374, while

the dynamic range of the magnitude of the channel when fd is 70 Hz is 1.1162 with

a minimum of 0.0286 and a maximum of 1.1448. Therefore, the magnitude of the

channel for fd is 10 Hz has a higher dynamic range of 0.3113 than that of fd is 70

Hz, when the frequency index changes from 1 to 128.

The simulations are performed using Matlab. First, a channel object is created

to generate frequency selective fading channels that model each separate path as an

independent Rayleigh/Rician fading process. There are L separate fading paths

and each path had its own corresponding average power gain and delay. Three

distinct paths are chosen to create each power delay profile. Average path gains in

dB were set to a vector of the form [0 g g − 1] where g is randomly generated

using Rayleigh distribution. The channel experiences frequency flat fading when

L = 1, while a frequency selective fading occurred for L > 1. Several values of L
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(a) (b)

Figure 4.6: Frequency selective channels (a) fd = 10 Hz (b) fd = 70 Hz.

are simulated and L = 3 is selected as a trade-off to allow channel tracking and

frequency selectivity at the same time. The Rician K-factor is the ratio between the

power of the direct path and the power in the other, scattered, paths. It is typically

between 1 and 10 and is normally expressed linearly, not in dB. When the K-factor

is 0, Rayleigh fading occurs. The channel object is created as a Rayleigh fading

channel that acted on a signal sampled at 10 kHz or 10, 000 samples per second.

A vector of average path gains, in dB, a vector of path delays, in seconds, and

the maximum Doppler shift (fd), in Hz, are given as parameters to create the

channel object. The average path gains specified the average power gain of each

fading path, which is a large negative dB value in real propagation conditions.

However, average path gains between −20 dB and 0 dB are usually employed in

computer simulations [237]. The average path gains are produced as Rayleigh

distributed random numbers for each creation of the channel object. The path gains

are normalised to make sure that the total power of the expected values of the path

gains is 1.

In this thesis, we assumed that the access point (receiver) has knowledge of all

the spatial parameters such as angle of arrival, angle of departure, cluster spread.

In generating MIMO channels for multiple users, number of multi-paths are set to

3, maximum Doppler shift is fixed to 10 Hz unless otherwise mentioned, sample

time is fixed to 10 kHz, the vector of path delays is fixed to [0 1.1e− 4 2.1e− 4]

and the number of OFDM symbols is set to 100. Average path gains in dB were set
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to a vector of the form [0 g g − 1] where g is randomly generated using Rayleigh

distribution. Therefore, the average path gains are different for each mobile station.

The delay of the first path is usually set to zero, which corresponds to the first

propagation path. To follow reflected paths, a delay of 1 µs corresponds to a

300 m difference in path length. There could be up to a number of kilometres of

difference between the longest and the shortest path in some outdoor multipath

propagation environments [237]. In this study, the path delays are set to a vector of

[0 1.1e− 4 2.1e− 4] in seconds. The last path is 63 km longer than the shortest

path, and therefore arrived 0.21 ms later. In indoor propagation conditions, the

delays of succeeding paths are typically between 1 ns and 100 ns while in outdoor

propagation conditions, the delays of succeeding paths are typically between 100 ns

and 10 µs [237]. For example, an area bounded by mountains can be represented

by a very large set of delays in this range of 0 to 102.3 µs [238].

The maximum Doppler shift is calculated according to Equation (2.1). Slow

variations in time are resulted by a smaller fd (a few hertz to a fraction of a hertz)

and faster variations are created by a large fd. At a frequency of operation of 700

MHz, an example of a typical long term evolution (LTE) carrier frequency, an fd of

10 Hz is equivalent to a mobile speed of 15.4 km/h and an fd of 70 Hz will represent

a mobile travelling at a speed of 108 km/h. A signal from a moving pedestrian may

experience an fd of about 3 Hz, while a signal from a moving car on a freeway may

experience an fd of about 65 Hz. The channel object models the channel as static

(i.e., fading does not change with time), if either fd = 0 or fd is not defined during

the creation of the channel object.

Time-varying conditions are created by filtering the OFDM symbols through

the channel object. Then, multiple different channels are created for each channel

between multiple users and multiple antennas at the AP. Since our focus is on the

case with six users with 12 AP antenna system, as implemented in [19], the number

of MSs is set to M = 6 and the number of antennas at the AP is set to R = 12

in the simulations. Figure 4.4 is plotted for a Rayleigh fading channel with 100

channel realisations. The number of OFDM symbols used in the simulations is set

to 96 and the number of OFDM subcarriers is set to 128.

Figure 4.7 shows the CIR of the multi-path channel and the band-limited channel

response. The multi-path response is indicated by stems, each related to one multi-

path component. The paths with the shortest and the largest delays are shown in

red and blue, respectively. The green curve represents the band-limited channel

response which is the result of convolving the multi-path impulse response, with a

sinc pulse of period, T (the sample period of the input signal). The channel filter

response sampled at rate 1/T is represented by the solid green circles.
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Figure 4.7: Channel impulse response (CIR) and the band-limited
response.

The progression of the magnitude impulse response over time is shown by Figure

4.8 for fd of 10 Hz and 70 Hz, respectively. The last 10 snapshots of the band-limited

impulse response of the channel are shown and the darkest green curve represents

the current response. The time of the channel snapshot relative to the current

response time is represented by the time offset. The range of the delay spread of

the channel for fd = 10 Hz is from −0.2 ms to 0.3 ms and the range of the delay

spread of the channel for fd = 70 Hz is from −0.4 ms to 0.6 ms. It can be clearly

seen that there are more time-variations when fd = 70 Hz than that of fd = 10 Hz.

Figure 4.9 exemplifies the magnitudes of the simulated uplink frequency selective

channel model for all MSs and receiver antenna combinations for fd = 10 Hz. The

figure shows the magnitude of the channel in dB, averaged over all time symbols

versus the OFDM subcarriers (frequency). It can be seen that almost all the

channels experience frequency selectivity. For example, the channel between the MS

4 and the receiver antenna 10 faced a deep fade. The dynamic range of magnitude

for this specific channel is 0.8677 with a minimum of 0.0252 and a maximum of

0.8929 of in dB.

In this thesis, the CSIRO’s system is used as a reference model. However, there
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(a)

(b)

Figure 4.8: Impulse response waterfall plot of the multi-path channels
(a) fd = 10 Hz (b) fd = 70 Hz.
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are some differences between the parameters in simulations and the actual CSIRO

system, For example, the number of OFDM subcarriers used in the simulations

are 128 whereas that of CSIROs system is 1705. Therefore, a fair comparison

between simulation results in this thesis and experimental data from CSIRO test

bed measurements is not possible in most cases.

Figure 4.10 and Figure 4.11 exemplify the simulated uplink time-varying channel

model for all MSs and receiver antenna combinations for fd = 10 Hz and fd = 70

Hz, respectively. The figures are illustrated for the magnitudes of the channel in dB,

averaged over all OFDM subcarriers versus all time symbols. As expected, there

are more variations when fd = 70 Hz than that of fd = 10 Hz. It can be seen that

almost all the channels experienced variations in time, especially when fd = 70 Hz.

For example, for the channel between the MS 4 and the receiver antenna 10, the

dynamic range of magnitude when fd = 10 is 0.2353 with a minimum of 0.2426 and

a maximum of 0.478 of in dB and the dynamic range of magnitude when fd = 70 is

0.7840 with a minimum of 0.0660 and a maximum of 0.85 of in dB.

4.3 Derivation of an efficient method for initial

channel estimation

SDMA-based MIMO-OFDM communications systems need the knowledge of the

CSI. The channel coefficients of the channel matrix have to be known, in order

to detect the transmitted signals at the receiver. These coefficients are obtained

by employing a suitable channel estimation scheme. In this study, the training

sequences that are known to both the transmitter and receiver are employed in

the adaptive channel equalization methods and the channel tracking method to

estimate the channel initially.

4.3.1 OFDM packet format

The OFDM packet format for transmit antenna 1 (MS 1) containing training and

data is depicted in Figure 4.12. The training sequence is at the front end of the

packet followed by F number of OFDM frames. Ideally, the training period, RT

should be minimised and the number of OFDM frames could be increased to lessen

the training sequence overhead effect on communications systems.

The adaptive equalization methods requires training sequences to equalize the

received signal. The first 20 transmitted data symbols are used as the known

training symbols in the adaptive equalization method at the receiver.
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OFDM1 OFDM2 OFDMF

RTS

RD

R

Training Data
RO

...

RT

Figure 4.12: OFDM packet format.

4.3.2 Initial channel estimation

The channel tracking method incorporates an initial channel estimation method

and it is performed using training sequences for multiple users. In the novel channel

tracking method (as explained later in Chapter 6), only the first data symbol of each

transmitter is used as the known training symbol in the initial channel estimation

method. The training symbol incorporates AWGN noise at each receiver antenna

at the AP.

Let y0 be the received training symbols at the AP and x0 be the transmitted

training symbol as defined in Section 4.2.2. Then, the initial channel estimation is:

Ĥ0 = y0(x0)−1 = H0 + z0(x0)−1 (4.5)

The actual channel (H0) plus a noise term (Z0(X0)
−1) can be found by using

Equation (4.5). The noise term is the channel estimation error (E).

4.4 Development of adaptive channel equalizers

for SDMA-based multi-user MIMO-OFDM

systems

Multi-path fading in band-limited (frequency selective), time dispersive channels

creates ISI deforming the transmitted signal which creates error bits at the receiver.

ISI is one of the main barriers in high-data rate communication over mobile radio

channels. Therefore, equalization is performed at the receiver to battle ISI [239].

Typically, the mobile radio channels are time-varying and random. The time-varying

characteristics of the channel must be tracked by the equalizers and therefore these
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Modulator Transmitter Radio Channel

RF Receiver Front 

End
IF Stage

Detector

Matched Filter

Decision Maker

∑

∑

Equalizer

heq(t)

Original baseband 

message 

x(t)

Equivalent noise 

z(t)

y(t)
Reconstructed 

message data 

d(t)

e(t)

- +

f(t)

Figure 4.13: Schematic diagram of a simplified communications system
with an adaptive equalizer at the receiver [9].

are called adaptive equalizers (AE).

As mentioned earlier, an AE operates in two modes: training and tracking. First,

a fixed-length training sequence known to the receiver is transmitted by the MS

so that the equalizer at the AP can converge to a suitable setting. The user data

is transmitted immediately following the training sequence. To compensate for

channel changes, the AE at the AP uses a recursive algorithm to assess the channel

and estimate the tap weights of the AE. The tap weights are near the optimal

values, when the training sequence is finished, so that the AE is ready for receiving

the user data. The characteristics of the changing channel are tracked by the AE,

when the user data are received. Consequently, the AE continuously changes its

tap weights over time. Typically, the implementation of an equalizer takes place

at baseband or intermediate frequency (IF) in a receiver. The channel response,

demodulated signal and the adaptive equalizer algorithms are normally implemented

and simulated at the baseband as the baseband complex envelope expression can

be used to characterise the bandpass waveform [9].

Figure 4.13 presents a schematic diagram of a communications system with an

AE at the receiver. Let x(t) be the original message signal and f(t) be the combined

complex baseband impulse response of the transmitter, channel, and the RF/IF

sections of the receiver. Then, the signal received as the input of equalizer can be

represented as:

y(t) = x(t)⊗ f∗(t) + z(t) (4.6)
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where ⊗ is the convolutional operation, f∗(t) is the complex conjugate of f(t) and

z(t) is the baseband noise at the input of the equalizer. Let heq(t) be the impulse

response of the equalizer. Then, the output of the equalizer can be expressed as:

d̂(t) = x(t)⊗ f∗(t)⊗ heq(t) + z(t)⊗ heq(t) (4.7)

= x(t)⊗ g(t) + z(t)⊗ heq(t)

where g(t) is the combined impulse response of the transmitter, channel, RF/IF

sections of the receiver, and the equalizer. The complex baseband impulse response

of a transversal filter equalizer can be expressed as:

heq(t) =
∑
u

wuδ (t− uT ) (4.8)

where wu are the equalizer’s complex filter coefficients. The original source data

x(t) is the desired output of the equalizer. If z(t) = 0 then, with the aim of forcing

d̂(t) = x(t) in Equation (4.7), g(t) has to be equal to:

g(t) = f∗(t)⊗ heq(t) = δ(t) (4.9)

The objective of equalization is to ensure Equation (4.9). In the frequency domain,

this equation can be represented as:

Heq(f)F∗(−f) = 1 (4.10)

where Heq(f), F∗(−f) are the Fourier transform of heq(t) and f∗(t), respectively. As

can be seen from Equation (4.10), an equalizer is in fact an inverse filter of the chan-

nel. The equalizer improves the frequency components that have small amplitudes,

if the channel is frequency selective. To offer a flat, composite, received frequency

response and a linear phase response, the equalizer attenuates the strong frequency

components in the received frequency spectrum. To track the channel variations in

a time-varying channel, an adaptive equalizer is designed to approximately satisfy

Equation (4.10).

4.4.1 Process of a linear adaptive equalizer

An adaptive equalizer is a time-varying filter, so that the filter coefficients must

continuously be retuned. Figure 4.14 illustrates the process of a linear adaptive

equalizer, where u denotes the discrete time index or the OFDM symbol index

and there is only a single input yu,r
n at any time instant. As depicted in Chapter
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Ts Ts Ts

. . . . .

Input Signal yu, r
n

yu-1, r
n

yu-2,r
n

yu-P, r
n

Adaptive algorithm that updates each weight

w0u wPu

 u output of the equalizer

-

du is set to

 training sequences xu

Error bu

∑

∑
+

w1u w2u

Figure 4.14: Linear adaptive equalizer during training.

5 (Figure 5.1) and Figure 4.13, the value of yu,r
n depends on two criteria: the

instantaneous state of the radio channel and the specific value of the noise. n

denotes that the received symbols are taken OFDM carrier-wise after being sent

through the FFT module. The adaptive equalizer shown in Figure 4.14 is referred

to as a transversal filter and has P delay elements, P + 1 taps and P + 1 tunable

complex multipliers referred to as weights. The physical location in the delay line

structure describes the weights of the filter and u symbolises that the weights vary

with time. The adaptive algorithm employed in the equalizer continuously updates

these weights on a sample-by-sample basis (i.e., whenever u increases by 1).

Error signal bu controls the adaptive algorithm and it is derived by comparing

the output of the equalizer, d̂u, with a training sequence du (an exact replica of the

transmitted signal xu). The adaptive algorithm, then employs bu to minimise a cost

function and updates the equalizer coefficients in a way that iteratively decreases

the cost function. For instance, the filter coefficients of the equalizer are updated

by the LMS algorithm by searching the optimum or near-optimum filter weights as

follows:

New weights = Previous weights+ (constant)× (Previous error) (4.11)

×(Current input vector)

where

Previous error = Previous desired output− Previous actual output

(4.12)
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and the constant is adjusted by the adaptive algorithm for controlling the variations

between the filter coefficients on succeeding iterations.

The most frequently used cost function is the mean square error (MSE) be-

tween the desired signal and the output of the equalizer [240]. It is indicated by

E[b(u)b∗(u)]. The adaptive algorithm at the equalizer calculates and minimises the

cost function, by detecting the training sequence. It derives the filter coefficients

until the subsequent training sequence is transmitted.

Since the input of the equalizer, yu,r
n which is the output of the FFT module

at time instant u on the receiver antenna r at the OFDM subcarrier n can be

taken separately and inserted to separate equalizers the study of the process of an

equalizer can be simplified by letting the input of the equalizer be yu where

yu = [yu yu−1 . . . yu−P ]T (4.13)

The output of the equalizer can be expressed as:

d̂u =
P∑
p=0

wpuyu−p (4.14)

where wu is the vector of filter weights and can be expressed as:

wu = [w0u w1u w2u . . . wPu]
T (4.15)

By using Equations (4.13) and (4.15), Equation (4.14) can be written in vector

notations as:

d̂u = yTuwu = wT
uyu (4.16)

When the desired output of the equalizer is known (i.e, Du = Xu), the error signal

Bu is given by:

bu = du − d̂u = xu − d̂u (4.17)

and substituting d̂u from Equation (4.16):

bu = xu − yTuwu = xu −wT
uyu (4.18)

Equation (4.18) is squared in order to calculate MSE |bu|2, at time instant u:

|bu|2 = x2
u + wT

uyuy
T
uwu − 2xuy

T
uwu (4.19)

The expected value of |bu|2 over u (which amounts to calculating a time average
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practically) yields:

E
[
|bu|2

]
= E

[
x2
u

]
+ wT

uE
[
yuy

T
u

]
wu − 2E

[
xuy

T
u

]
wu (4.20)

Notice that the time average does not include the filter coefficients wu as, for

convenience, they are assumed to be converged to an optimum value and are not

time-varying.

Equation (4.20) would be insignificant to simplify if xu and yu are independent.

However, in general, this is not true as the input signal vector should be correlated

with the desired output signal vector of the equalizer. If not, the desired signal would

not be easily extracted by the equalizer. As an alternative, the cross correlation

vector v between the desired response and the input signal can be expressed as:

v = E [xuyu] = E[xuyu xuyu−1 xuyu−2 . . . xuyu−P ]T (4.21)

and the input correlation matrix or the input covariance matrix can be defined as

(P + 1)×(P + 1) square matrix A where

A = E [yuy
∗
u] =


y2
u yuyu−1 yuyu−2 · · · yuyu−P

yu−1yu y2
u−1 yu−1yu−2 · · · yu−1yu−P

...
...

...
. . .

...

yu−Pyu yu−Pyu−1 yu−Pyu−2 · · · y2
u−P

 (4.22)

The mean square values of each input sample is contained in the main diagonal of

A and the cross terms indicate the autocorrelation terms resultant from the delayed

samples of the input signal.

If yu and xu are static, then the components of A and v are the second order

statistics which are not time-varying. Equation (4.20) can be rewritten by employing

Equations (4.21) and (4.22) as:

MSE = ξ = E
[
x2
u

]
+ wTAw − 2vTw (4.23)

The equalizer can be adaptively tuned by minimizing Equation (4.23) in terms of

the weight vector wu so that the equalizer can provide a flat spectral response (with

minimum ISI) in the received signal and minimising the MSE yields an optimal

solution for wu.

As can be seen from Figure 4.13, the channel noise is included in the received

signal. Since the noise z(t) is present, an equalizer cannot realise prefect performance.

Therefore, there will always be some residual ISI with some tracking error. In

practice, noise makes Equation (4.9) difficult to realise. Consequently, a flat
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instantaneous combined frequency response will be hard to attain.

Minimising the MSE has a propensity to reduce BER. This can be elaborated

upon with a simple intuitive justification. Suppose the error signal bu is Gaussian

distributed with zero mean. Then, E
[
|bu|2

]
is the variance or the power of the

error signal. There is less possibility of disturbing the output signal du, if the

variance is minimised and the decision device has more possibility to detect du as

the transmitted signal xu. Therefore, in this research BER is analyzed for a range

of SNR values.

4.4.2 DFE adaptive equalizer

When the channel distortions are too severe for a linear equalizer to maintain,

nonlinear equalizers like DFE are employed. If there are deep spectral nulls in the

passband of the channels then, linear equalizers do not execute well. The linear

equalizers put too much gain in the locality of the spectral null while attempting to

compensate for the distortions. Consequently, the noise present in those frequencies

will be enhanced.

The nonlinear equalizer DFE is significant because when an information symbol

has been detected and decided on, the ISI that it causes on future symbols can be

estimated and subtracted out before the detection of successive symbols [9]. Figure

4.15 illustrates a DFE adaptive equalizer during training. The signals are the same

as for the linear adaptive equalizer. The detected output is fed back to the equalizer

as a decision feedback path after the initial training sequence is used to generate the

initial equalized signal. The error signal Bu controls both the set of feed forward

and the feedback weights. P and Q are the order of the feed forward and feedback

filters, respectively. The output of the equalizer can be represented as:

d̂u =
P∑
p=1

w∗pyu−p +

Q∑
q=1

fqdu−q (4.24)

where wu and yu are tap gains and input of the forward filter, respectively. As

mentioned earlier, since the input of the equalizer, yu,r
n which is the output of the

FFT module at time instant u on the receiver antenna r at the OFDM subcarrier n

can be taken separately and inserted to separate equalizers the study of the process

of an equalizer can be simplified by letting the input of the equalizer be yu. fu and

dq are the tap gains and input of the feedback filter, respectively. dq (q < u) is

the previous decision made on the detected symbol. Next, the previous decisions

du−1, du−2, . . . with du are fed back to the equalizer. Then, using Equation (4.24),

d̂u+1 is obtained.
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4.4.3 Least mean square (LMS) algorithm

LMS uses the minimisation of the MSE between the desired output and the actual

output of the equalizer. Let us consider Figure 4.14. The error signal Bu can be

expressed as:

bu = du − d̂u = xu − d̂u (4.25)

and from Equation (4.16):

bu = xu − yTuwu = xu −wT
uyu (4.26)

To calculate MSE |bu|2, at time instant u, Equation (4.26) is squared to acquire:

ξ = E [x∗uxu] (4.27)

The LMS algorithm seeks to minimise the MSE obtained in Equation (4.27). For a

precise channel condition, the error signal bu depends on the tap gain vector wP .

This implies that the MSE of an equalizer is a function of the tap gain vector and

lets the cost function J(wP ) be the MSE as a function of wP . Considering the

derivation in Section 4.4.1 and so as to minimize the MSE, it is necessary to make

the derivative of Equation (4.28) to zero.

d

dwP

J (wP ) = −2vP + 2 APPwP = 0 (4.28)

Simplifying Equation (4.28):

APPŵP = vP (4.29)

Since the error is minimised and is made orthogonal (normal) to the projection

of the desired signal xu, Equation (4.29) is called the normal equation. When

Equation (4.29) is fulfilled, the MMSE of the equalizer can be expressed as:

Jopt = J(ŵP ) = E [xux
∗
u]− 2vTP ŵP (4.30)

To acquire the optimal tap gain vector ŵP , the normal Equation in (4.29) must be

solved iteratively while the equalizer converges to an adequately small value of Jopt.

Practically, the MMSE is executed recursively by employing the stochastic gradient

algorithm proposed by Widrow [241]. This method is commonly referred to as the

LMS algorithm. It needs only 2P + 1 operations per iteration and therefore, is the

simplest equalization algorithm. Let the parameter i be the sequence of iterations
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and LMS is calculated iteratively by:

d̂u(i) = wT
P (i)yP (i)

bu(i) = du(i)− d̂u(i) (4.31)

wP (i+ 1) = wP (i)− µb∗u(i)YP (i)

where the number of delay phases in the equalizer is denoted by P and µ is the

step size of the LMS algorithm. It controls the convergence and the stability of the

algorithm.

The ratio of signal to distortion is maximised by LMS at its outputs within

the limitations of the filter length of the equalizer. The equalizer will not be able

to lessen the distortion, if an input signal of the equalizer has a time dispersion

characteristic that is larger than the equalizers propagation delay. Since only one

variable, the step size µ, controls the rate of adaptation, the convergence rate of

the LMS algorithm is not fast. To avoid the adaptation becoming unsteady, the

value of µ is selected from

0 < µ <
2(∑P
p=1 γp

) (4.32)

where γp is the pth eigenvalue of the covariance matrix APP

4.4.4 Recursive least squares (RLS) Algorithm

The gradient based-LMS algorithm is very slow due to its convergence rate. This is

severe specifically when the eigenvalues of the input covariance matrix APP have

a very large spread, i.e., γmax \ γmin >> 1. In order to attain faster convergence,

complex algorithms which consist of extra variables are employed. The method

of least squares is used to develop rapid converging algorithms, rather than using

the statistical technique employed in the LMS algorithm. This means that the fast

convergence relies on error measures that are represented in the time average of the

actual received signal rather than of a statistical average. This results in a powerful,

although complex, adaptive signal processing approach termed as recursive least

squares (RLS) [195]. It extensively enhances the convergence rate of adaptive

equalizers.

The definition of the least square error derived from the time average can be

expressed as [242]:

J (i) =
i∑

u=1

λi−ub∗ (u, i) b (u, i) (4.33)
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where λ is the weighting factor and it should be closer to but less than 1, b∗ (u, i)

is the complex conjugate of b (u, i) and it can be expressed as:

b (u, i) = x(u)− yTP (u)wP (i) 0 ≤ u ≤ i (4.34)

and

yP (u) = [y(u), y(u− 1), . . ., y(u− P + 1)]T (4.35)

where yP (u) is the input vector at time instant u, and wP (i) is the new tap gain

vector at time instant i. Consequently, the error signal employing the recent tap

gain at time instant i for testing the previous data at time instant u is b(u, i), and

the cumulative squared error of the recent tap gains on the previous data is J(i).

By minimising the cumulative squared error J(i), the RLS solution attempts to

find the tap gain vector of the equalizer wP (i). All the old data are used to test

the recent tap gains. The variable λ is a data weighting factor which is also called

the forgetting factor. In non-stationary conditions, λ weights the new data more

heavily in the calculations; therefore, J(i) has a propensity to forget the previous

data.

The gradient of J(i) is made zero for acquiring the minimum of least squares

error J(i):
d

dwP
J (i) = 0 (4.36)

By using Equations (4.34), (4.35), and (4.36), we can derive [243]

APP (i)ŵP (i) = vP (i) (4.37)

where ŵP (i) denotes the optimal tap gain vector of the RLS equalizer,

APP (i) =
i∑

u=1

λi−uy∗P (u)yTP (u) (4.38)

vP (i) =
i∑

u=1

λi−ux∗(u)yP (u) (4.39)

where APP (i) is the deterministic correlation matrix of the input data of the

equalizer yP (u) and vP (i) is the deterministic cross-correlation vector between the

input vector of the equalizer yP (u) and the desired output du, where du = xu. To

calculate the weight vector of the equalizer, ŵP , by employing Equation (4.37), it is

necessary to calculate A−1PP (i). It is feasible to acquire a recursive equation stating
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APP (i) in terms of APP (i− 1) by using the definition in Equation (4.38).

APP (i) = λAPP (i− 1) + yP (i)yTP (i) (4.40)

Note that the three terms in Equation (4.40) are all P × P matrices. Therefore, for

deriving a recursive update for A−1PP (i) in terms of the earlier inverse, A−1PP (i− 1),

a matrix inverse lemma can be employed [9].

A−1PP (i) =
1

λ

[
A−1PP (i− 1)− A−1PP (i− 1)yP (i)yTP (i)A−1PP (i− 1)

λ+ α(i)

]
(4.41)

where

α(i) = yTP (i)A−1PP (i− 1)yP (i) (4.42)

Therefore, using these recursive equations, the RLS minimisation can be expressed

in terms of the following weight update equations:

wP (i) = wP (i− 1) + κP (i)b∗(i, i− 1) (4.43)

where

κP (i) =
A−1PP (i− 1)yP (i)

λ+ α(i)
(4.44)

A summary of the RLS algorithm can be written as follows:

1. Initialise w(0) = κ(0) = x(0), A−1(0) = δIPP , where IPP is an P × P identity

matrix and δ is a large positive constant.

2. Compute the following equations recursively:

d̂(i) = wT (i− 1)y(i) (4.45)

b̂(i) = x(i)− d̂(i) (4.46)

κ(i) =
A−1(i− 1)y(i)

λ+ yT (i)A−1(i− 1)y(i)
(4.47)

A−1(i) =
1

λ

[
A−1(i− 1)− κ(i)yT (i)A−1(i− 1)

]
(4.48)

w(i) = w(i− 1) + κ(i)b∗(i) (4.49)

Chapter 5 (Section 5.2) provides a discussion about the system model developed

with the proposed linear and DFE adaptive equalizers.
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4.5 Development of a novel and efficient channel

tracking algorithm for SDMA-based multi-

user MIMO-OFDM systems

This section discusses the system model developed to perform the novel channel

tracking method in the uplink of SDMA-based multi-user MIMO-OFDM systems.

4.5.1 System model

A block diagram of the uplink of an SDMA-based multi-user MIMO-OFDM system

with channel tracking in the frequency domain is shown in Figure 4.16. The process

in the transmitter is the same as the one described for the development of the

adaptive equalizers. The same time-varying, frequency selective channel model

described in Section 4.2.3 is used in the simulations.

At the receiving end, the signals received by R antennas in the AP are forwarded

through FFT OFDM demodulators to obtain the frequency domain points. The

resultant yn (n = 1, 2, . . ., N) complex points are the complex baseband version of

the N modulated subcarriers and can be expressed as:

y = Hx + z (4.50)

where z is the Additive White Gaussian Noise.

4.5.1.1 Zero-forcing detection

To reduce the computational complexity, transmitted data are detected using the

zero-forcing technique. First, zero-forcing is executed at the AP, using the initial

channel estimates to detect the transmitted data on a symbol-by-symbol basis:

W =
(
Ĥ0Ĥ

H
0

)−1
ĤH

0

WĤ0 = I (4.51)

where {· · ·}H is the Hermitian Transpose, I is the identity matrix and Ĥ0 is the

initial estimate of the channel. The first detection after the initial channel estimation

can be expressed as:

Wy = WHx̂ + Wz

Wy = W
[
Ĥ0 + ∆H− e

]
x̂ + Wz
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Wy =
[
WĤ0

]
x̂ + W∆Hx̂−Wex̂ + Wz (4.52)

Wy = x̂ + W∆Hx̂ + W(z− ex̂)

∆H = H− Ĥ0 + e

where ∆H is the difference between the actual channel (H) at time equals first

detection, after initial channel estimation, and the estimated channel at initial

channel estimation time. ∆H includes the estimation error (e) plus the change in

the channel due to the relative movement between the transmitter and the receiver.

Multiple access interference (MAI) arises from the inaccuracy of channel estimation.

Consequently, the recovered data X̂ can be obtained with zero-forcing.

4.5.2 Why quadrature amplitude modulation (QAM)?

In the simulations, 16-ary QAM are used as the preferred modulation scheme. In a

phase-shift keying (PSK) system, the signal points are all spread on a circle. The

distance between the signal points is decreased as the order of the PSK system

increases. Consequently, the error rate increases. This means that when we send

more bits together, we will have more points on a circle, leading to a higher error

rate. The M-ary quadrature amplitude modulation (M-ary QAM) system provides

a solution to this problem by modulating independent messages over the amplitudes

of orthogonal carriers. The signal constellation can be extended to a higher level of

signal constellation (e.g. 64-ary QAM, 256-ary QAM). The advantage of having a

large constellation is that we can send a large number of bits together and therefore,

increase the transmission data rate. However, if a PSK system is employed for a

transmitter with a fixed transmission power, the symbol error probability (SEP)

increases because the distance between signal points is decreased due to a dense

constellation.

The modulation schemes require only one carrier with a fixed carrier frequency.

Each OFDM subcarrier corresponds to one bit and if the PSK or QAM modulation

is combined with OFDM, each subcarrier corresponds to more than one bit. The

M-ary QAM system is preferred due to constellation being less dense than in a

PSK system. Moreover, for both systems, the bandwidth will be reduced if the bit

rate is kept the same and the bit rate will be increased if the bandwidth is kept the

same. Therefore, the 16-ary QAM modulation scheme is employed in the system

model developed in this study as it provided a less dense constellation than in a

PSK modulation scheme.
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4.6 Statistical analysis of the error vector magni-

tude

This section describes the statistical analysis of the EVM conducted in this study.

EVM measurements can offer a significant amount of insight into the performance

of digitally modulated signals. The types of degradations that exist in a signal can

be identified with the appropriate use of EVM and related measurements and even

can help in identifying their sources. It provides a measure of signal quality that is

both simple and quantitative figure-of-merit for digitally modulated signals that can

be applied in practical digital RF communications system designs. The employment

of EVM measurements is increasing rapidly in acceptance. EVM has already been

applied in standards such as global system for mobile (GSM) communications, the

North American digital cellular (NADC) system and the personal handy-phone

system (PHS). Therefore, it is useful to carry out a statistical analysis of EVM

especially as lower EVM values lead to better performance.

4.6.1 Error vector magnitude (EVM)

The error vector magnitude as depicted in Figure 4.17 is a measure of the difference

between the reference signal and the measured signal. This difference is referred

to as the error vector. In the simulations in this study, the EVM is calculated by

comparing the recovered symbols (X̂) with the actual transmitted symbols (X).

4.6.2 Statistical analysis of the EVM

The statistical analysis is executed by carrying out the following steps:

1. The EVM is computed to obtain the magnitude and the complex numbers for

different maximum Doppler shift values in a range of 1, 10, 20 and 30 Hz.

The EVM values are computed for both the initial channel estimation and

channel tracking algorithm. A specific range of maximum Doppler values is

selected by observing the performance of the channel tracking algorithm with

different fds. The computed EVM is simulated for 100 realisations for all the

MSs, all the OFDM symbols and all the OFDM subcarriers.

2. The variance of the EVM is computed.

The real and imaginary components of the variance of the EVM are computed

separately.
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Measured signal

Ideal signal

(reference)

Error vector

Magnitude error

(I/Q error magnitude)

Phase error

(I/Q error 

phase)

Q

I

θ

Figure 4.17: Error Vector Magnitude.

3. The variance of EVM for each of the below mentioned variables with the all

OFDM symbols are characterised.

A separate analysis of variance of EVM is conducted for different OFDM

subcarriers, for different MSs, and different fds.

4. The EVM is characterised by finding its distribution.

4.7 Chapter summary

The methodology undertaken for conducting the research is discussed in this chapter.

The research for this project is conducted in five phases. First, the construction of

a time-varying, frequency selective, multi-user, MIMO channel model is performed.

Then, an efficient method for initial channel estimation is derived employing a

training sequence. Next, adaptive channel equalization methods for SDMA-based

multi-user MIMO-OFDM systems are developed. After that, the development of a

novel and efficient channel tracking algorithm for multi-user MIMO-OFDM systems

is performed. Finally, statistical analysis of the EVM between the recovered symbols
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(X̂) and the transmitted symbols (X) is carried out.

The next chapters discuss the adaptive equalization methods and the novel

channel tracking algorithm.
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Chapter 5

Adaptive Equalization in

SDMA-Based Multi-User

MIMO-OFDM Systems

5.1 Introduction

Linear and decision feedback adaptive channel equalization using the LMS algorithm

and the RLS algorithm for multi-user MIMO-OFDM wireless communications

systems are discussed in this chapter. The contribution of this chapter resides on the

application of adaptive equalization techniques to multi-user MIMO-OFDM systems

using SDMA for the first time. Moreover, this contribution consists of applying

these techniques for static, frequency selective, SDMA-based multi-user MIMO-

OFDM channels. The proposed equalization methods adaptively compensated

the channel impairments caused by multi-path propagation and time-variations in

the propagation environment. Simulations for the proposed adaptive equalizer are

conducted using a training sequence method to determine optimal performance

through a comparative analysis of LMS, RLS and without adaptive equalization.

The results shows an improvement of 0.49 in BER (at an SNR of 16 dB) when

using DFE adaptive equalization with RLS algorithm compared to the case in

which no equalization is employed. In general, adaptive equalization using LMS and

RLS algorithms is shown to be significantly beneficial for SDMA-based multi-user

MIMO-OFDM systems.

The next sections present a theoretical framework for adaptive equalization and

the simulation results obtained for static, frequency selective multi-user MIMO

channels using linear and DFE adaptive equalization in the uplink of SDMA-based

multi-user MIMO-OFDM systems.
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5.2 Adaptive equalization in SDMA-based multi-

user MIMO-OFDM systems

This section discusses the system model developed to perform adaptive equalization

in the uplink of SDMA-based multi-user MIMO-OFDM systems.

5.2.1 System model

A block diagram of an uplink of an SDMA-based multi-user MIMO-OFDM system

with adaptive equalization in frequency domain is shown in Figure 5.1. As a com-

plexity alleviation technique in OFDM, the fast Fourier transform (FFT) algorithm

is employed to perform N -point inverse FFT (IFFT) and FFT at the transmitter

and the receiver, respectively. At the transmitter, a binary data stream from each

MS M is passed through a serial to parallel (SP) converter and subsequently mapped

onto blocks of data symbol constellation points. Binary phase shift keying (BPSK)

modulation is used in the simulations. Then, inverse FFT is performed to generate

OFDM subcarriers. There are M × N -element signal constellation blocks. The

signal from the mth transmitter (m = 1, 2, . . .,M) can be expressed as:

xu,m = [xum
1, xum

2, . . ., xum
N ]T (5.1)

where the index u is the current time instant and T is the transpose of the vector.

The outputs of the modulators are then transmitted by a single antenna at the

MS through the unknown frequency selective channel model. It is assumed that all

MSs are synchronised. At the receiving end, the signals received by R antennas in

the AP are forwarded through FFT OFDM demodulators to obtain the frequency

domain points. The resultant yn (n = 1, 2, . . ., N) complex points are the complex

baseband version of the N modulated subcarriers. The outputs of the demodulators

are then sent through the proposed frequency domain linear adaptive equalizers

to equalize the unknown channel to compensate for the channel’s dispersion that

occurred at different subcarriers as depicted in Figure 5.1.

The inputs to the nth equalizer in the mth MS bin are the complex samples at

the output of the FFT demodulators and can be expressed as:

yn
u,r =

M∑
m=1

Hn
rmxum

n + zn
ur, (n = 1, 2, . . ., N) (5.2)

where Hrm
n is the gain of the channel between the mth MS and rth receiver antenna

at AP observed on the nth OFDM subcarrier and zn
ur is the additive white Gaussian
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noise sample at the output of the nth FFT bin of the rth receiver antenna at the

uth time instant.

Since the subcarriers are mutually orthogonal, we could consider each output of

the FFT module separately. There are N ×R linear adaptive equalizers in each of

the m bins. In the equalizer, the received symbols are equailized and detected. If

we apply the following vector notation:

yn
u = [ynu,1, yu,2

n, . . ., yu,R
n]T

xn
u = [xnu,1, xu,2

n, . . ., xu,M
n]T

zn
u = [znu,1, zu,2

n, . . ., zu,R
n]T (5.3)

Hn =

 Hn
11 · · · Hn

1M
...

. . .
...

Hn
R1 · · · Hn

RM


we can express the outputs of the nth bin of the FFT demodulator as:

yu
n = Hnxn

u + zn
u , (n = 1, 2, . . ., N) (5.4)

From our linear adaptive equalization method, the transmitted data block xn
u

could be found on the basis of the received sample vector yn
u that is observed at

the outputs of the nth bin of R FFT OFDM demodulators. We jointly processed

the output samples from a given mth bin by averaging the detected symbols over

R antennas and then, demodulated the resultant signal to calculate the BER.

The delay (D) introduced by the reference tap in the equalizer is compensated

by truncating the demodulated signal by D number of symbols. LMS and RLS

adaptive algorithms can be used to adjust the coefficients of the equalizer in an

environment where the knowledge of relevant statistics is unavailable.

Figure 5.2 illustrates the process of a linear adaptive equalizer. The adaptive

algorithm LMS is controlled by error signal bu. The error signal is derived by

comparing the output of the equalizer d̂u, with a training sequence xu. The

adaptive algorithm, then uses bu to minimize a cost function and updates the

equalizer coefficients in a way that iteratively decreases the cost function. The filter

coefficients of the equalizer are updated by the LMS algorithm as follows:

wu+1 = wu + µbuyu,r
n (5.5)

where yn
u,r is the input vector of time delayed input values, the tap weights of

equalizer are wu = [w0u, w1u, . . ., wpu]
T at time instant u and P is the order of the
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Ts Ts Ts

. . . . .

Input Signal yu, r
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n

Adaptive algorithm that updates each weight

w0u wPu

 u output of the equalizer

-

du is set to

 training sequences xu

Error bu

∑

∑
+

w1u w2u

Figure 5.2: Linear adaptive equalizer during training.

equalizer. These coefficients contain information from channel characterization.

The parameter µ is the step size which is a small positive constant and it controls

the influence of the updating factor. In RLS, the cost function can be minimised as

follows:

ξ (u) =
u∑
i=1

λu−i |b (i)|2 (5.6)

where λ is the forgetting factor which is a positive constant close to, but less than 1.

Figure 5.3 shows the proposed DFE adaptive equalization method for the uplink of

an SDMA-based multi-user MIMO-OFDM system. Architecture similar to the one

used for linear equalization is employed to perform decision feedback equalization

at the AP. A detailed description of the process of the linear and DFE adaptive

equalizers can be found in Chapter 4 (Section 4.4).

5.3 Simulation results and discussion

The improvements achieved by the proposed linear and decision feedback adaptive

equalization methods for the uplink of SDMA-based multi-user MIMO-OFDM sys-

tems using the LMS and the RLS adaptive algorithms for static, frequency selective

multi-user MIMO channels are discussed in this section. Computer simulations are

performed using Matlab. The simulations are conducted for two types of channels:

a) two path, static, multi-user MIMO, frequency selective fading channels, and b)

three path, multi-user MIMO, frequency selective fading channels. BPSK modula-

tion is used for all the simulations with 100 iterations for BER. The simulations are
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Figure 5.4: Static, frequency selective channel.

performed for 96 OFDM symbols (time index, U = 96), the number of subcarriers

is N = 128, the number of MS is M = 6, and the number of receiver antennas at

the AP is R = 12. The step size (µ) of the LMS is empirically fixed to 0.03 to allow

a faster convergence and the forgetting factor (λ) of the RLS algorithm is fixed to

0.99 since λ < 1 implies the filter will have less memory and therefore will adapt to

a time-varying channel more efficiently.

5.3.1 Linear adaptive equalization in SDMA-based multi-

user MIMO-OFDM systems

The simulations conducted for the static, frequency selective multi-user MIMO

channels with linear adaptive equalization are discussed in this section. The

simulated CFR is depicted in Figure 5.4 with 128 OFDM subcarriers in the frequency

domain. The time variations are not considered in this simulation, hence the channel

is described as static or non-stationary. The dynamic range of the magnitude of the

channel is 1.586 with a minimum of 0.0317 and a maximum of 1.618. Although the
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Figure 5.5: BER versus SNR for linear AE with LMS, RLS and without
equalization for static, frequency selective, multi-user MIMO channels.

multi-user MIMO channel is static in time, it is frequency selective. Therefore, the

effect we are discussing in this section is the effect of adaptive equalization in static,

frequency selective, multi-user MIMO channels. The function of the equalizers is to

compensate the impairments of the channel.

Figure 5.5 shows the simulation results for BER with LMS, RLS adaptive al-

gorithms and without equalization. The BER values are averaged over the BER

iterations and the number of MS. Linear adaptive equalization using LMS and RLS

provided a significantly lower BER when used in multi-user MIMO-OFDM systems.

For example, at an SNR of 16 dB, the average BER without equalization is 4.9×10−1

while the average BER with LMS is 2.8×10−4. Similarly, at an SNR of 16 dB, the

average BER with RLS is 2.95×10−6. In general, these results demonstrate the

significant effect AE is able to achieve in SDMA-based multi-user MIMO-OFDM

systems. As expected, the RLS BER results shows a better performance than the

LMS algorithm results, due to the adaptive property of RLS algorithms which

continuously update the estimates of the autocorrelation matrix of the input signal

vector and the cross-correlation vector between the input vector and the desired
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Figure 5.6: Signal constellation with LMS for static, frequency selective,
multi-user MIMO channels.

response of the filter. For example, at an average BER of 10−3, the required SNR

with RLS is 3 dB lower than that of LMS. Moreover, the error floor for the LMS

reduces dramatically from 3×10−4 to 3×10−6 by using RLS. There is an error floor

for LMS and RLS because when SNR increases the error between the desired signal

and the output signal of the adaptive filter decreases (see Figure 3.3). The filter

coefficients converge to a minimum BER value by using adaptive algorithms such

as LMS and RLS as there is no need to adjust filter coefficients as SNR increases.

Therefore, the RLS algorithm performs better than the LMS algorithm with linear

AE for the uplink of the multi-user MIMO-OFDM systems.

Signal constellations of equalized symbols, received symbols and detected symbols

with LMS for the first subcarrier and for the first user at the first receiver antenna

are shown in Figure 5.6. The standard deviation of the equalized symbols is 0.128

while that of the received symbols is 0.518, which is 0.39 higher than the standard

deviation of the equalized symbols on the imaginary axis. This shows that the

received symbols has a higher standard deviation after passing through the static,
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Figure 5.7: Signal constellation with RLS for static, frequency selective,
multi-user MIMO channels.

frequency selective, multi-user MIMO channels. In addition, the equalizer with

LMS lessened the effects of channel impairments as can be seen from the equalized

symbols.

The signal constellations of the equalized symbols, received symbols and detected

symbols with RLS for the first subcarrier and for the first user at the first receiver

antenna are shown in Figure 5.7. The standard deviation of the equalized symbols

is 0.196 while that of received symbols is 0.518, which is 0.322 higher than the

standard deviation of the equalized symbols on the imaginary axis. This shows

that the received symbols has a higher standard deviation after passing through the

static, frequency selective, multi-user MIMO channels. Additionaly, the equalizer

with RLS lessened the effects of channel impairments as can be seen from the

equalized symbols.

The performance of the RLS adaptive algorithm in terms of the forgetting factor

in linear adaptive equalization is analysed and the results are depicted in Figure

5.8. It can be seen that the BER reduces as the SNR increases with a minimum
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Figure 5.8: BER versus SNR for linear AE with different forgetting
factors (λ) for RLS adaptive algorithm.

BER of 2.76×10−6 and a maximum of 9.7×10−3. Moreover, there is no apparent

difference in BER for different forgetting factors (λs) as the SNR increases. This

implies that the linear adaptive equalization in static, frequency selective multi-user

MIMO channels does not depend on the forgetting factor, λ. This is because the

channel is static and the algorithm does not have to adapt any channel variations.

The next section presents the simulation results obtained using DFE adaptive

equalization for static, frequency selective, multi-user MIMO channels in SDMA-

based multi-user MIMO-OFDM systems.

5.3.2 Decision feedback adaptive equalization in SDMA-

based multi-user MIMO-OFDM systems

The simulations conducted for the static, frequency selective multi-user MIMO

channels with DFE adaptive equalization is discussed in this section. Figure 5.4

depicts the simulated CFR with 128 OFDM subcarriers in the frequency domain.

The channel is called static as time variations are not considered in these simulations.

The performance of the DFE adaptive equalizer in terms of BER versus SNR in
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Figure 5.9: BER versus SNR for DFE with LMS, RLS and without
equalization for static, frequency selective SDMA-based multi-user MIMO-
OFDM channels.

(dB) is illustrated in Figure 5.9. It shows the performance with LMS, RLS adaptive

algorithms and without equalization. The BER values are averaged over the BER

iterations and the number of MS. A significantly lower BER can be achieved by

the DFE adaptive equalization using LMS and RLS in SDMA-based multi-user

MIMO-OFDM systems. For example, at an SNR of 16 dB, the average BER without

equalization is 4.9×10−1 while the average BER with LMS is 2.4×10−2. Similarly,

at an SNR of 16 dB, the average BER with RLS is 5.7×10−4. Generally, these

results shows the important effect of DFE adaptive equalization is able to attain in

SDMA-based multi-user MIMO-OFDM systems. As expected, the RLS BER results

demonstrated better performance than the LMS algorithm results, as explained in

the previous section. For example, RLS achieved an average BER of 10−3. The

error floor for LMS reduces dramatically from 2.4×10−2 to 5.7×10−4 by using RLS.

Consequently, the RLS algorithm performs better than the LMS algorithm with

DFE for the uplink of the SDMA-based multi-user MIMO-OFDM systems.

When compared with the DFE AE, the linear AE shows lower BER values. As

argued in [9], the DFE AE is employed when the channel conditions are too severe
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Figure 5.10: Signal constellation with LMS.

for a linear equalizer to manage and linear AE performs well for static channels.

Now, our simulations have proven that linear AE performs better than the DFE

AE for the SDMA-based multi-user MIMO-OFDM systems.

Figure 5.10 depicts the signal constellations of the equalized symbols, received

symbols and detected symbols with LMS. The results are shown for the first

subcarrier and for the first user at the first receiver antenna. The standard deviation

of the equalized symbols is 0.046 while that of the received symbols is 0.518, which is

0.472 higher than the standard deviation of the equalized symbols on the imaginary

axis. This demonstrates a higher standard deviation for the received symbols after

passing through the static, frequency selective channel and the equalizer with LMS

reduces the effect of channel impairments as can be seen from the equalized symbols.

Furthermore, the output of the equalizer, namely, the detected symbols are at the

precise demodulation points for BPSK.

Figure 5.11 illustrates the signal constellations of the equalized symbols, received

symbols and detected symbols with RLS algorithm. The results are presented
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Figure 5.11: Signal constellation with RLS.

for the first subcarrier and for the first user at the first receiver antenna. The

standard deviation of the equalized symbols is 0.18 while that of received symbols

is 0.518, which is 0.338 higher than the standard deviation of the equalized symbols

on the imaginary axis. This demonstrates a higher standard deviation for the

received symbols after passing through the static, frequency selective channel and

the equalizer with LMS diminished the effect of channel impairments as can be seen

from the equalized symbols.

Figure 5.12 depicts the performance of the RLS adaptive algorithm in terms of

the forgetting factor with DFE AE. It can be observed that the BER decreases

as the SNR increases with a minimum of 6.9×10−4 and a maximum of 5.9×10−2.

Furthermore, as the SNR increases, there is no obvious difference in BER for the

different forgetting factors (λs). This implies that the DFE adaptive equalization

in static, frequency selective multi-user MIMO channels does not depend on the

forgetting factor λ as the RLS algorithm does not have to adapt to any channel

variations.
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Figure 5.12: BER versus SNR for DFE AE with different forgetting
factors (λ) for RLS adaptive algorithm.

5.4 Chapter summary

The critical factors that determine the overall performance of multi-user MIMO-

OFDM systems are the ISI produced by multi-path fading within time-dispersive

channels and frequency selectivity. These channel impairments could be compen-

sated by appropriate equalization at the receiver. This chapter presented linear and

DFE adaptive equalization methods for SDMA-based multi-user MIMO-OFDM

systems. The proposed equalization methods adaptively equalized the channel and

compensated for channel impairments. LMS and RLS adaptive algorithms as well

as training sequence-based equalization methods are employed in the proposed

AE to determine optimal performance. Average BER results for an SDMA-based

multi-user MIMO-OFDM system employing 6 MSs and 12 receiving antennas at

the AP using BPSK at an SNR of 16 dB shows a lower BER when using DFE

AE, with BER equal to 2.4×10−2 for LMS and 5.7×10−4 for RLS algorithms, in

comparison with a 4.9×10−1 BER when AE is not used. This implies that the RLS

algorithm performs better than the LMS algorithm for the uplink of the multi-user
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MIMO-OFDM systems. Moreover, it shows the significant effects the adaptive

equalization can provide to SDMA-based multi-user MIMO-OFDM systems.

Since these adaptive equalization methods perform in a point-to-point basis, a

novel channel tracking method is developed to track and estimate a time-varying

frequency selective, multi-user MIMO channels. The development of the channel

tracking algorithm is discussed in the next chapter.
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Chapter 6

Novel and Efficient Channel

Tracking in SDMA-Based

Multi-User MIMO-OFDM

Systems

6.1 Introduction

A novel and efficient channel tracking method for SDMA-based multi-user MIMO-

OFDM wireless broadband communications systems is discussed in this chapter.

This channel tracking method recursively updates the channel estimation for a time-

varying, frequency selective, multi-antenna, multi-user, multi-path channel. The

initial channel estimation is performed using training sequences for multiple users

and transmitted data are detected using zero-forcing to reduce the computational

complexity as discussed in Chapter 4. Simulations for the proposed tracking method

are conducted to determine optimal performance through a comparative analysis.

In general, channel tracking using detected data symbols is shown to be significantly

beneficial for SDMA-based multi-user MIMO-OFDM systems. For example, the

mean EVM for the proposed novel method is up to 79% lower than a training-based

channel estimation method using a single-training sequence. This novel method

offers a more efficient use of bandwidth, as it can perform accurate channel tracking

with a single-training sequence, offering a reduction in bandwidth usage when

compared to traditional training-based channel tracking methods.

123



Chapter 6 Section 6.2

6.2 Novel Channel tracking for SDMA-based multi-

user MIMO-OFDM systems

This section discusses the proposed novel method of channel tracking in SDMA-

based multi-user MIMO-OFDM systems. We focus on the case of six users with a 12

AP antenna system, as implemented in [19]. For channel tracking, first, zero-forcing

is performed using initially estimated channel with the preamble to recover the

subsequent twelve OFDM symbols. Then, hard-decision decoding is performed on

the recovered data. A hard-decision receiver would operate to find the reference

constellation that is closer to the recovered constellation. Then, modulation is

performed on the hard-decisions to generate hard-decision data symbols. 16-ary

QAM modulation is used in simulations. Figure 6.1 shows an example of the

signal constellation of received data symbols versus hard-decision data symbols.

The received data symbols are spread around the constellation points following a

noise-like pattern.

Figure 6.2 shows a flow chart for the proposed channel tracking algorithm. As

explained, in Section 4.3.2, a single-training symbol of each transmitter is used as

the known training symbol in the initial channel estimation method to obtain the

initial channel estimate, H0 according to Equation (4.5) . Then, this initial channel

estimate H0 is used to perform zero-forcing at the AP to recover data X̂ as explained

in Chapter 4 (Section 4.5.1.1). For channel tracking, the zero-forcing process is

performed in groups of 12 symbols as X̂ should be an invertible matrix. Next, this

recovered data X̂ is demodulated to obtain hard-decision received data bits and

again modulated to obtain hard-decision received data symbols as illustrated in

Figure 6.2 and in Figure 4.16 in Chapter 4.

Next, in the tracking module, the channel estimates, including noise, are updated

using the modulated data symbols x̂ as follows:

YHD = HiX̂ (6.1)

YHD

(
X̂
)−1

= HiX̂
(
X̂
)−1

(6.2)

YHD

(
X̂
)−1

= Ĥi (6.3)

The received data (Y ∈ CR×Q) with modulated data (X̂ ∈ CU×Q), the channel

(H ∈ CR×U) and the AWGN (z ∈ CR×1) are represented in Equation (6.1). Q is

the number of symbols in one group for channel tracking. Q is set to 12 symbols as

X̂ should be invertible. Then, the received data are multiplied by the inverse of the

modulated data symbols as expressed in Equation (6.2). Ultimately, the tracked
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Figure 6.1: Signal constellation of received data and hard-decisions of
6×12 SDMA-based multi-user MIMO-OFDM uplink simulated transmis-
sion.

channel states (Ĥi (i = 1, 2, . . ., 8)) can be found by Equation (6.3). There are 8

groups of 12 symbols, as the simulations are conducted for 96 OFDM symbols.

Then, the updated (newly estimated) channel state Ĥi is used to produce a new

updated channel response at the channel update module as shown in Figure 4.16 in

Chapter 4 and in Figure 6.2. The previously estimated channel is replaced with the

tracked channel estimate at the channel update module. Noise is removed by the

hard-decision process as shown in Figure 6.1. The received data symbols in blue

are spread around a constellation point, while the hard-decision data symbols in

red are exactly at the constellation points, which we selected in the hard-decision

process. Then, zero-forcing is performed as described in Chapter 4 (Section 4.5.1.1)

using the updated channel response and recursively demodulated, modulated and

tracked for all the OFDM symbols as illustrated in Figure 4.16 in Chapter 4 and in

Figure 6.2.
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Initial Channel Estimation

Zero-Forcing

Demodulation

Hard-decision 

received data bits

Hard-decision 

received data 

symbols = YHD

Modulation

Channel Tracking

Ĥi = YHD(   )
-1

Training Sequence X0

Channel Update

Ĥ0 = Y0(X0)
-1

= WY - WΔH    - WE   + WZ

Ĥ0 = Ĥi 

Updated 

channel 

estimation 

using YHD

Figure 6.2: Channel tracking algorithm.

6.3 Simulation results and discussion

Computer simulations are performed using Matlab in order to show the improve-

ments achieved by the novel channel tracking mechanism for uplink communications

in SDMA-based multi-user MIMO-OFDM systems. Three path MIMO frequency

selective fading channels are generated with 100 channel realisations and 16-ary

QAM modulation. The simulations are performed for 96 OFDM symbols (time
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Figure 6.3: Mean error vector magnitude versus OFDM symbol index
for the fourth mobile station (MS4).

index, U = 96), the number of subcarriers is 128 (N = 128), the number of MSs is 6

(M = 6), and the number of receiver antennas at the AP is 12 (R = 12). The SNR

is set to 30 dB and the maximum Doppler shift is set to 10 Hz for the simulations

unless otherwise stated. The channel model constructed in Section 4.2.3 is used in

all the simulations unless otherwise stated. The simulations and analysis conducted

are discussed in the following sub-sections.

6.3.1 Error analysis

This section provides a detailed analysis of the error produced by comparing the

recovered symbols (X̂) with the actual transmitted symbols (X), as explained in

Chapter 4 (Section 4.6.1).

Figure 6.3 shows the simulation results for mean EVM versus OFDM symbols

of the fourth MS with initial channel estimation and with the proposed channel

tracking method. EVM is averaged over all channel realisations and all subcarriers.

Usage of the tracked channel estimates provided a significantly lower mean EVM.

For example, at OFDM symbol 96, the maximum mean EVM for the initial channel

estimates is 0.33 while the mean EVM for the tracked channel estimates is 0.069,

which is 0.258 (79%) lower than the mean EVM with the initial channel estimates.
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Figure 6.4: Mean Error Vector Magnitude versus OFDM symbol index
for all six mobile stations.

Mean EVM is the same at the beginning for both methods. However, mean

EVM increases linearly as a function of the number of OFDM symbols when the

initial channel estimates are employed. This implies that, more training sequences

should be incorporated to reduce the mean EVM as the symbol index increases.

However, this increases the overhead in the communications system that consumes a

considerable amount of bandwidth. With tracked channel estimates, the mean EVM

remains at an average of 0.0478 for all OFDM symbols, which is significantly lower

than the use of initial channel estimates, and tracking algorithm does not require

the use of additional training sequences.The EVM returns to its minimum value

every 12 symbols when the channel is updated. Therefore, we can see a pattern

in mean EVM for tracked channel estimates as shown in Figure 6.3. This shows

the significant effect in terms of efficient use of bandwidth that this novel channel

tracking method can achieve in SDMA-based multi-user MIMO-OFDM systems.

Figure 6.4 shows the simulation results for mean EVM versus OFDM symbols for

all the MSs with initial channel estimation and with tracked channel estimates. It

can be seen that the mean EVM increases linearly as a function of the symbol index

with the initial channel estimation method for all the MSs. However, the mean

EVM varies around an average of 0.0414 and with a standard deviation of 0.0046
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Figure 6.5: Mean magnitude error versus OFDM symbol index for the
fourth mobile station.

for all the OFDM symbols and for all the MSs with the tracking method, as the

channel is updated for every 12 symbols. As explained in Section 6.2, the channel

is tracked for every 12 symbols, since the recovered data matrix X̂ should be an

invertible matrix. Since the received path gains for each MS is random, there is a

small variation of mean EVM among MSs with a standard deviation of 0.0308 and

0.0071 for the initial channel estimation method and the channel tracking method,

respectively, for the OFDM symbol 96.

Figure 6.5 depicts the simulation results for the magnitude error versus OFDM

symbols for the fourth MS showing initial channel estimation and tracked channel

estimates. It can be seen that the magnitude error increases when the symbol index

increases for the initial channel estimation method with a mean of 1.6× 10−3 and a

standard deviation of 1.2× 10−3. However, it remains in a small range of values

closer to 0 with a mean of 4.9 × 10−4 and a standard deviation of 2.9 × 10−4 for

tracked channel estimates. The magnitude error is the same for the first 12 symbols

for both methods, as the tracking method incorporates the initial channel estimates
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MS1

MS3

MS5

MS2
MS4

MS6

Figure 6.6: Sample signal constellation for actual channel, tracked
channel and initial channel estimation for each mobile station at OFDM
symbol 48.

for the first 12 symbols. This section discussed a detailed analysis on the errors

produced by comparing the recovered symbols (X̂) with the actual transmitted

symbols (X).

6.3.2 Channel matrix analysis

This section provides a detailed analysis on the channel matrices obtained using the

proposed channel tracking method and the training-based initial channel estimation

method.

The collection of all possible signal points in the signal space is called the signal

constellation. It is much easier to identify the distance between the signal points

when using the signal space representation. The distance is closely related to the

symbol error rate of a given constellation. Figure 6.6 illustrates a sample comparison

of the signal constellation between the actual channel, the tracked channel estimates

and the initial channel estimates for all the MSs at OFDM symbol 48. These
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Figure 6.7: Magnitude of the tracked channel, the initial channel esti-
mation and the actual channel.

simulation results represent the channels between all the MSs and first receiver

antenna at the AP for the first subcarrier. These results show that the proposed

method estimates the actual channel more accurately than the initial training-based

channel estimation method. For example, the root mean square (RMS) error for

the fourth MS is 0.2424 for the initial channel estimation method and 0.0557 for

the channel tracking method which is 23% lower RMS error. This implies that the

proposed tracking method tracks the actual channel matrix more accurately than

the initial channel estimation method.

Figure 6.7 illustrates a comparison of the actual channel, the tracked channel and

the initial channel estimation for the MS1 and the first receiver antenna at the AP.

Results are shown for the first OFDM subcarrier. It shows that the tracked channel

accurately approximates the actual time-varying channel for all the OFDM symbols.

For example, the RMS error is 0.0145 for the channel tracking method and 0.0938

for the initial channel estimation method. Therefore, the RMS error of the channel

tracking method is 0.0793 lower than that of the initial channel estimation method.
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Moreover, the initial training-based method estimates a constant channel state for

all the OFDM symbols. The proposed channel tracking method is able to adapt to

channel variations effectively.

Comparisons of magnitudes of all the time-varying channels between all the MSs

and the receiver antenna pairs with fd = 10 Hz for the tracked channel estimation,

the initial channel estimation and the actual channel are illustrated in Figure 6.8.

The tracked channel estimates (blue curves) closely follow the actual channel (green

curves) for most of the multi-user MIMO channels. Table 6.1 shows the goodness

of fit calculated for the actual channel matrix with the tracked channel estimation

and the estimated channel illustrated in Figure 6.8. If the value of goodness of fit is

negative, then it is a bad fit and if it is closer to 1, then the fit is perfect. It can be

seen that the goodness of fit values are always negative for the initial training-based

channel and the goodness fit values of the tracked channel estimates almost have

either a positive value or it is closer to 1. The mean value of the goodness of fit

of the whole channel matrix is 0.5647 for the tracked channel matrix and −1.0921

for the initial training-based channel estimation. Therefore, the tracked channel

approximates the actual channel better than the initial channel estimation.

The performance comparison of the mean magnitudes of the actual frequency

selective channel between MS4 and receiver antenna 10 at the AP with fd = 10 Hz

for the tracked channel estimation and the initial channel estimation is exemplified

in Figure 6.9. The performance is shown by averaging the results over all symbols.

The goodness of fit values for the tracked channel and the initial channel estimate

are 0.9678 and 0.4158, respectively. Therefore, at fd = 10 Hz, the channel tracking

method works with 97% accuracy, while the training-based initial channel estimation

method shows poor performance in estimating the actual channel comparatively.

The initial channel estimation suffered from not only channel variations but also

from the channel estimation errors due to noise. The tracking method is actually

eliminating/reducing the effects of channel estimation error due to noise. The

Table 6.2 shows the dynamic ranges of the magnitude of the channels depicted in

Figure 6.9. The difference of the dynamic ranges between the actual channel and

the tracked channel estimation is 0.8507, which is smaller than the difference of

the dynamic range between the actual channel and the initial channel estimation

(1.4110).

The comparison between the mean magnitude of all the frequency selective

channels with fd = 10 Hz for the tracked channel estimation, the initial channel

estimation and the actual channel is illustrated in Figure 6.10. Table 6.3 shows the

goodness of fit values of the actual frequency selective channel with the tracked

channel and the initially estimated channel for all the channel pairs between the
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Figure 6.9: Sample performance comparison of mean channel magnitude
of the actual frequency selective channel between MS4 and receiver
antenna 10 at the AP with fd = 10 Hz for the tracked channel estimation
and the initial channel estimation.
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Table 6.2: Dynamic ranges of the channel tracking method and the
initial channel estimation method in dB for the frequency selective channel

Method/Channel Minimum Maximum Dynamic range

Actual channel -0.3419 -25.6378 25.2959
Tracked channel estimation -0.2762 -26.4228 26.1466
Initial channel estimation 2.1503 -21.7346 23.8849

MSs and the receiver antennas at the AP as depicted in Figure 6.10. As explained

above, the goodness of fit values implies a perfect fit, when the corresponding value

is closer to 1 and a bad fit, when it is negative. The majority of goodness of fit values

for the tracked channel are closer to 1 with a minimum of 0.9262 and a maximum

of 0.9898. A lower value of goodness of fit is shown for the training-based channel

estimation method with a minimum of −0.8008 and a maximum of 0.8366, when it

is compared with the novel tracking method. The mean value of the goodness of fit

of the whole channel matrix is 0.9746 for the tracked channel matrix and 0.4594 for

the initial training-based channel estimation. Moreover, at fd = 10 Hz, the channel

tracking method performs with higher accuracy (the blue curves overlaps the green

curves). The initial channel estimates deviated from the actual frequency selective

channel and shows a noise-like pattern for some OFDM subcarriers.

Figure 6.11(a) depicts an example of a Rician fading channel between the first MS

and the first receiver antenna at the AP with k= 100 (20 dB) and fd = 10 Hz. The

dynamic range of the channel is from 0.4016 to 0.8406 having a maximum difference

of 0.439. A sample of the performance of channel tracking method for the Rayleigh

and Rician channels with different K-factors is shown in Figure 6.11(b). There is

no considerable variation of the performance of the channel tracking method with

the K-factor. This implies that the proposed technique does not depend on the

Rician K-factor. However, the mean EVM for K = 100 is slightly lower than for the

other K-factors. This is due to having a reduced multi-path propagation scenario

(higher K-factors), which increases the correlation between the MIMO sub-channels,

therefore reducing the channel capacity and deteriorating the performance of the

system. This is independent of the channel tracking method. The dynamic range of

mean EVM for MS 4 is ranges from 0.0255 to 0.0533 having a maximum difference

of 0.0278.

For illustration purposes, Figure 6.12 compares the channel frequency response

of the actual channel between the MS4 and the receiver antenna 10 with CFRs
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(a)

(b)

Figure 6.11: (a) Simulated Rician fading channel with k= 100 (20 dB)
(b) Performance of channel tracking for different K-factors of MS4.
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(a)

(b) (c)

Figure 6.12: Illustration of (a) the actual time-varying, frequency
selective channel and the channel frequency responses obtained by (b)
channel tracking method (c) initial channel estimation method.

obtained by the proposed channel tracking method and the initial training-based

channel estimation method. Despite both the channel tracking method and the

initial channel estimation method provide a reasonably good fit in the frequency

domain, the advantage of the tracking method is more noticeable in the time

domain where the tracking method is able to follow the decreasing trend against

time presented in the actual channel. In this section, a detailed analysis of the

channel tracking method in terms of the CFR was discussed.

6.3.3 Doppler shift analysis

This section provides a detailed analysis of the performance of the proposed channel

tracking method and the training-based initial channel estimation method for

different maximum Doppler shifts (fd).
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The performance in terms of mean EVM for different maximum Doppler shifts

ranging from fd = 1 Hz to fd = 70 Hz using the tracked channel estimation are

illustrated in Figure 6.13. At a frequency of operation of 700 MHz, typical long

term evolution (LTE) frequency, an fd of 10 Hz is equivalent to a mobile speed of

15.4 km/h and fd of 70 Hz will represent a mobile travelling at a speed of 108 km/h.

The results are shown for EVM of the first user averaged over all the subcarriers

and all EVM iterations. The maximum mean EVM is 0.0391, 0.0541, 0.1242, and

0.2872 when fd = 1 Hz, fd = 10 Hz, fd = 20 Hz and fd = 30 Hz, respectively.

Therefore, the performance of channel tracking is better when fd <= 30 Hz. Figure

6.14 exemplifies the signal constellations of the received data and the hard-decision

symbols for fd = 1 Hz, fd = 20 Hz, fd = 30 Hz and fd = 40 Hz. From Figure 6.14,

it can be seen that when fd increases, the received data constellations merge with

the neighbouring symbols and cause errors in the hard-decision process. Because

of that, the channel tracking method does not work effectively at fds larger than

30 Hz, as the mean EVM increases as fd increases. Since, the tracking method

incorporates the channel estimated by using training symbols during the first 12

symbols, it shows a very low mean EVM at the beginning of the OFDM symbol

index (during the first 12 symbols) for all the fds.

The performance comparisons in terms of the mean EVM for different maximum

Doppler shifts ranging from fd = 1 Hz to fd = 70 Hz using the training-based initial

channel estimation are illustrated in Figure 6.15(a). The results are shown for the

EVM of the first user averaged over all the subcarriers and all EVM iterations. The

maximum mean EVM for fd = 1 Hz, fd = 10 Hz, fd = 20 Hz and fd = 30 Hz are

0.0477, 0.2747, 0.5265, and 0.7608, respectively. A comparison of the performance

of the tracking method and the initial channel estimation method in terms of mean

EVM and fd is depicted in Figure 6.15(b). The maximum mean EVM of the

tracking method is 0.0086, 0.2206, 0.4022, and 0.4736 when fd = 1 Hz, fd = 10 Hz,

fd = 20 Hz and fd = 30 Hz, respectively and these values are lower than that of the

initial channel estimation method by a maximum of 80% at fd = 10 Hz. The mean

EVM increases as the fd increases for both methods. Therefore, both methods are

affected by higher Doppler shifts. However, the channe tracking method kept a

maximum mean EVM 80% lower than the initial estimation method at fd = 10 Hz.

At these higher fds the mean EVM for both methods increase with time. However,

the channel tracking method can provide a lower mean EVM i.e of 22% at fd = 70

Hz.
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Figure 6.13: Performance of channel tracking for different maximum
Doppler shifts (fd)s in Hz

(a) (b)

(c) (d)

Figure 6.14: Signal constellations of received data and the hard-decision
symbols for (a) fd = 1 Hz (b) fd = 20 Hz (c) fd = 30 Hz (d) fd = 40 Hz.
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(a)

(b)

Figure 6.15: Performance of channel tracking for different maximum
Doppler shifts (a) initial channel estimation (b) both methods.
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Figure 6.16: Mean EVM for the channel tracking method and the
initial training-based channel estimation method versus maximum Doppler
shifts.

Figure 6.16 shows the difference in mean EVM for the channel tracking method

and the initial training-based channel estimation method versus fd in Hz. The

averages of the mean EVM for the tracking method and the initial channel estimation

method are 0.4337 and 0.7475, respectively. This implies that, the average EVM

for the tracking method is lower by 0.3138 compared to the training-based channel

estimation method. Moreover, the mean EVM for the initial channel estimation

method is always higher than the channel tracking method. Therefore, the novel

channel tracking method performs better than the initial channel estimation method

for all the considered fds. In this section, a detailed analysis of the performance

of the proposed channel tracking method and the training-based initial channel

estimation method with a range maximum Doppler shifts (fds) was discussed.
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Figure 6.17: Sample performance of the channel tracking method and
the initial channel estimation method against SNR.

6.3.4 SNR analysis

This section provides a detailed analysis of the performance of the proposed channel

tracking method and the training-based initial channel estimation method for a

range of SNR values with fd = 10 Hz.

The performance of the novel channel tracking method with the initial channel

estimates for a range of SNR values at fd = 10 Hz is illustrated in Figure 6.17. The

simulations are conducted for 100 EVM iterations and the performance is shown

for the 48th symbol averaged over all EVM iterations, all subcarriers and all MSs.

The mean EVM decreases as SNR increases for both methods. The average EVM

for the initial channel estimation is −1.5605 dB lower than that of the channel

tracking method for SNR ranging from 0 dB to 13 dB. However, when the SNR

increases beyond 13 dB, the proposed tracking method shows considerably lower

mean EVM when compared with the initial channel estimates. For example, at an

SNR of 30 dB, the mean EVM of the proposed tracking method is approximately
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(a) (b)

Figure 6.18: Signal constellations of received data and hard-decision
symbols for (a) SNR= 0 dB (b) SNR= 30 dB.

−73 dB while the mean EVM for the training based method is approximately −50

dB, which is a 23 dB loss in mean EVM for the proposed method. This implies that,

when the SNR is more than 13 dB, the proposed channel tracking method performs

better than the training based method. Figure 6.18 shows the signal constellations

of the received data and the hard-decision symbols for SNR= 0 dB and SNR= 30

dB, respectively. When the SNR is 30 dB, the noise levels are lower and it makes

the hard-decision process more effective, as the received data symbols in the signal

constellation will be closer to the hard-decision red points. At low SNR levels, the

received data symbols in blue will appear more spread out around the hard-decision

red points, merging with the neighboring symbols, causing more errors. Because

of that, the channel tracking method does not work well when the SNR is lower

than 13 dB. At low SNR levels, the tracked channel estimates provides more errors

than the initial channel estimation method. This is because, as shown in Figure

6.18, hard decisions provide erroneous outcomes at low SNR levels which are used

in the tracking method. This could be addressed by employing an error correction

method. However, this is out of the scope of this thesis and is left for future works.

Figure 6.19 illustrates the performance of the novel channel tracking method and

initial training-based channel estimation method with the SNR and symbol index.

The performance is shown for the fourth MS averaged over all EVM iterations

and all subcarriers. In Figure 6.19(b), the mean EVM increases linearly with the

time index, as the initial channel estimation method incorporates a single training
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(a)

(b)

Figure 6.19: Performance of (a) channel tracking method; (b) initial
channel estimation method with SNR and symbol index.
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sequence for each transmitter to estimate the time-varying channel. In contrast,

in Figure 6.19(a), the mean EVM remains at an average of 0.0478 for all OFDM

symbols, which is significantly lower than the use of initial channel estimates, and

do not require the use of additional training sequences, as the tracking method

keeps updating the channel estimates by incorporating the hard-decision symbols.

The mean EVM of both methods decreases as the SNR increases as explained in

the previous paragraph.

6.4 Statistical analysis of the error vector magni-

tude

This section discusses the statistical analysis of the EVM of the novel channel

tracking method in SDMA-based multi-user MIMO-OFDM systems. As explained

in Chapter 4 (Section 4.6.1), the EVM is computed by comparing the recovered

symbols (X̂) with the actual transmitted symbols (X). The EVM is computed to

obtain the magnitude and the complex numbers for different maximum Doppler shift

values in a range of 1, 10, 20 and 30 Hz. The following section presents the results

obtained in the simulations conducted to perform error and statistical analysis of

the EVM for the novel channel tracking method. The simulations of a statistical

analysis on the EVM variance is conducted.

6.4.1 Analysis on variance of EVM

This section presents an analysis conducted on the variance computed for the EVM.

The variance of the EVM for different fds is illustrated in Figure 6.20. It can be

seen that the variance of the EVM increases as fd increases. For example, the

variances of the EVM at symbol 96 for fd = 1, 10, 20 and 30 Hz are 0.0002, 0.0019,

0.0139 and 0.0751, respectively. Because fd increases the time variations of the

channel, the variance of the EVM for fd = 20 and 30 Hz increases as the symbol

index increases. Since the tracking method incorporated the channel estimated

by using training symbols during the first 12 symbols, it shows a very low EVM

at the beginning of the OFDM symbol index (during the first 12 symbols) for all

the fds. As explained in the previous section, the channel tracking method shows

high mean EVM when fd is larger than 30 Hz and the mean EVM increases as fd

increases. Therefore, statistical analysis of the EVM is carried out employing the

data calculated for fd up to 30 Hz.

The probability distribution functions (PDFs) for the EVM variance for different

fds are calculated and are shown in Figures 6.21 and 6.22 for the real and imaginary
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Figure 6.20: Variance of EVM for different maximum Doppler shifts
(fds) in Hz.

Figure 6.21: Probability distribution functions of the variance of the
EVM for different maximum Doppler shifts (fds) in Hz.
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(a) (b)

(c) (d)

Figure 6.22: PDF of variance of EVM when (a) fd = 1 Hz (b) fd = 10
Hz (c) fd = 20 Hz (d) fd = 30 Hz.

values of EVM variance. The PDFs in Figure 6.21 is a sample for the first symbol

and for the first subcarrier. There is no apparent difference between the PDFs

of the EVM variance for different fds. It can be seen that all the PDFs follow a

Gaussian distribution with zero mean for a range of fds.

The performance of the novel channel tracking algorithm in terms of symbol error

probability (SEP) versus SNR in dB for fd ranging from 1 to 30Hz is illustrated in

Figure 6.23. The SEP is computed by averaging over all subcarriers, all channel

realisations and all MSs and taking the corresponding values of the 25th symbol.

It can be seen that the SEP increases as fd increases. For example, the SEP

is 1.9×10−2, 2.4×10−2, 4.9×10−2, and 9.2×10−2 for fd = 1, 10, 20, and 30Hz,

respectively. Moreover, it can be seen that, the SEP reduces as SNR increases.

When fd increases, the time variations in the multi-user MIMO channel increases

and the SEP of the tracking algorithm increases with fd. The demodulation process
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Figure 6.23: Symbol error probability versus SNR for a range of fds in
Hz.

will have more errors as there is a shift in the carrier frequency.

6.5 Chapter summary

This chapter presents a novel and efficient channel tracking method for time-varying

and frequency selective channels in SDMA-based multi-user MIMO-OFDM systems.

The proposed method tracks the channel using hard-decision data symbols. One

single-training sequence for each transmitter is employed to generate the initial

channel estimates. The transmitted data are detected using zero-forcing to reduce

the computational complexity and remove the effect of the channel’s frequency

selectivity. Subsequently, the channel estimates are updated using the detected

data symbols.

A detailed analysis of the simulation results with error, channel matrix, maximum

Doppler shift and SNR are presented. The results show that the proposed method

performs better than the initial training sequence based method in time-varying,

frequency selective, multi-path channels in SDMA-based multi-user MIMO-OFDM
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systems. For example, the mean EVM for the proposed novel method is up to

79% lower than a training-based channel estimation method using a single-training

sequence for each transmitter. Therefore, this novel channel tracking mechanism

allows more efficient channel estimation without having to spend bandwidth in

additional training sequences. It can be concluded that both magnitude error and

variance of EVM increases as the maximum Doppler shift increases. Furthermore,

the statistical analysis proves that the variance of the EVM follows a Gaussian

distribution with zero mean.
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Conclusion

The results and contributions of this thesis are summarised in this final chapter.

The first part of the thesis discussed the literature and established the ground

work on adaptive channel equalization and novel channel tracking. Specifically,

we concentrated on the development of a novel channel tracking algorithm in the

uplink of SDMA-based multi-user MIMO-OFDM systems. A review of the theory

on multi-path fading, MIMO and OFDM and the relevant literature review on

channel tracking is also presented. The next section presents a chapter by chapter

summary of the thesis.

A detailed overview of multipath fading and MIMO-OFDM wireless communica-

tions systems, presenting the necessary background to understand the succeeding

research findings, is provided in Chapter 2. The importance of OFDM, MIMO

and MIMO-OFDM systems is established through a thorough literature review and

explanations of the basic theoretical concepts of these technologies. A comprehen-

sive literature review is presented in Chapter 3, with a focus on the literature on

existing adaptive equalization methods, channel estimation techniques and channel

tracking algorithms that are employed in MIMO-OFDM systems. The foundation

for formulating the scope, objectives and methodology of this thesis is built by

idetifying the existing gaps in knowledge as revealed by the literature review.

The methodology for carrying out the research in five phases is discussed in

Chapter 4. First, we constructed a time-varying, frequency selective, multi-user,

MIMO channel. Next, we derived an efficient method to perform the initial channel

estimation using a single-training sequence. Then, we developed adaptive equaliza-

tion methods in the uplink of the SDMA-based multi-user MIMO-OFDM systems

based on discussion of the theoretical concepts. Next, we developed a novel channel

tracking algorithm in the uplink of the SDMA-based multi-user MIMO-OFDM

systems. Finally, we conducted statistical analysis of the EVM.

Chapter 5 is dedicated to discussing the developed system model and presenting

the simulation results of the proposed adaptive equalization methods for compen-
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sating the channel impairments such as ISI produced by multi-path propagation.

This chapter discussed the simulation results obtained for linear and DFE adaptive

equalizers with LMS and RLS adaptive algorithms for both static and time-varying

channels. The novel and efficient channel tracking method in time-varying and

frequency selective channels for the SDMA-based multi-user MIMO-OFDM systems

is presented in Chapter 6. The simulation results are discussed in four categories:

1) error analysis, 2) channel matrix analysis, 3) Doppler shift analysis, and 4) SNR

analysis. Statistical analysis on the variance of the EVM is then presented. For

this purpose, first, we computed the EVM and its variance. Then, the simulation

results are produced to provide an analysis.

7.1 Summary of research findings and contribu-

tions

The research presented in this thesis first created a channel model for SDMA-

based multi-user MIMO-OFDM systems to characterise the time-variations and

frequency selectivity in the propagation environments in order for the adaptive

equalization techniques and tracking algorithms to equalize and track a time-varying,

and frequency selective channel, respectively. Then, the time-varying, frequency

selective CSI is estimated at the receiver for SDMA-based multi-user MIMO-OFDM

systems using a single-training sequence for each transmitter. Next, adaptive

equalization mechanisms in SDMA-based MIMO-OFDM systems are developed

to compensate the channel impairments caused by multi-path propagation and

time-variations in the propagation environment. After that, the novel algorithm

is developed to recursively track the time-varying, frequency selective, multi-user

MIMO channels. Then, the effects of temporal variations in terms of the EVM

between the recovered symbols and the transmitted symbols are measured.

The study in this thesis presented a novel and efficient channel tracking algorithm

for time-varying and frequency selective channels in SDMA-based multi-user MIMO-

OFDM systems. The proposed method tracks the channel using hard-decision data

symbols. One single-training sequence for each transmitter is employed to generate

the initial channel estimates. The transmitted data are detected using zero-forcing

to reduce the computational complexity. Subsequently, the channel estimates are

updated using the detected data symbols.

The tracked channel estimation provides a significantly lower EVM when used

in SDMA-based multi-user MIMO-OFDM systems. For example, the value of the

EVM for the proposed novel method is up to 79% lower than for a training-based
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channel estimation method using a single-training sequence. Therefore, the novel

channel tracking method offers a significant advantage of using a reduced amount

of bandwidth when compared to the training-based channel estimation method.

Moreover, the proposed method shows lower EVM values for lower Doppler shifts.

For example, when fd is less than 30 Hz, the EVM approximately remained under

0.2. Furthermore, there is no considerable difference in EVM for different Rician

k-factors, making the performance of the novel proposed channel tracking method

independent of the Rician k-factor. Since the proposed method used the hard-

decisions, the noise can be efficiently removed from the tracked channel estimation.

This shows the significance of the proposed novel channel tracking method in

SDMA-based multi-user MIMO-OFDM systems, as it offers a more efficient use

of bandwidth and performs accurate channel tracking for time-varying, frequency

selective, multi-user, multi-path MIMO channels.

Since most of the channel estimation and tracking methods employ more than

20% of the OFDM transmission duration as training data, the scarce bandwidth

that can be allocated for transmitting information is wasted. However, the novel

channel tracking method presented in this thesis only uses single pilot data for

each transmitter, saving valuable bandwidth in OFDM transmission. Moreover,

this method does not depend on the number of users or the number of receiver

antennas at the AP. Most of the channel estimation and tracking algorithms degrade

in performance when the number of users or the number of receiver antennas is

increased.

The study presented in this thesis considered the linear and DFE adaptive channel

equalization using the LMS algorithm and the RLS algorithm for SDMA-based

multi-user MIMO-OFDM wireless communications systems. The contribution of

these techniques relates to the application of adaptive equalization methods to

multi-user MIMO-OFDM systems using SDMA for the first time. Furthermore,

this contribution consists of applying these techniques in both static and time-

varying, frequency selective, SDMA-based multi-user, MIMO-OFDM channels. The

channel impairments caused by multi-path propagation and time-variations in the

propagation environments are compensated by the proposed adaptive equalization

methods. The proposed DFE adaptive equaliser reached a BER of 10−3 at an

SNR of 12 dB when using the RLS adaptive algorithm. In general, the adaptive

equalization using the LMS and RLS algorithms are shown to be significantly

beneficial for SDMA-based multi-user MIMO-OFDM systems.
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7.2 Suggested future work

A number of valuable directions for future research work arise as a result of the

work presented in this thesis. As we discussed in relation to the simulation results,

the EVM increases with the fd. Therefore, it would be worthwhile to incorporate

an error correction method into the simulations of the channel tracking method in

multi-user MIMO-OFDM systems to improve the EVM so that the accuracy of the

novel channel tracking technique can be improved. Incorporating soft-decisions in

the simulations of the tracking method to improve performance can also be suggested

as an area of investigation in future work. In practical terms, the processing of the

corresponding downlink MIMO channel needs to be implemented. For time division

duplex systems, channel reciprocity may be employed to derive the downlink channel

from the uplink channel (which may be tracked or predicted). Therefore, channel

tracking in downlink channel processing can also be suggested as a worthwhile area

of investigation for future work.

The proposed channel tracking method operates in quasi-static, frequency selec-

tive, multi-path, SDMA-based multi-user MIMO channels. It would be worthwhile

to develop tracking and equalization methods for fast time-varying, frequency se-

lective, multi-path, multi-user, MIMO channels. Moreover, a mechanism could be

developed to estimate and track doubly-selective channels in vehicle-to-vehicle envi-

ronments. Furthermore, it would be worthwhile to investigate the implementation

of this method in a real-time multi-user MIMO-OFDM system. Narrowband MIMO

channel has a very short time delay. Therefore, it can be modeled as dense channel

model. In contrast, broadband channel model may be modelled as a sparse channel.

Therefore, it would be interesting to explore and exploit MIMO channels inherent

sparsity to estimate and track multi-user MIMO-OFDM channels.

7.2.1 Extensions

Some of the work presented in this thesis can be further extended. The availability

of channel knowledge or the CSI at the transmitter (Tx) is the most common

assumption in all of the recent research done on the subject of multi-user MIMO

systems. There are several advantages of having CSI at the transmitter, such as

achieving high SNR at the preferred receiver (Rx) and reducing the inter-user

interference. Having CSI at the transmitter, a single-user MIMO system benefits

either when NTx > NRx antennas, or at low SNR. However, an AP transmitting to

multiple users via the same channel will always benefit from CSI.

The CSI can be obtained at the transmitter by using two techniques. The first
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method is to use the pilot or training data in the uplink for time division duplex

systems. The second mechanism uses the feedback from the receivers channel

estimate obtained by the training data in the downlink. The latter is suitable for

frequency-division duplex transmission systems. In each scenario, it is not only a

technical challenge, but also not economical to obtain the CSI at the transmitter.

However, it is justifiable for multi-user channels [106]. Therefore, the CSI obtained

by the tracking algorithm can be fed back to the transmitter by extending the work

presented in this thesis.
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