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Abstract

Due to the incessant requirement for higher performance radio systems,
wireless designers have been constantly seeking ways to improve spectrum efficiency,
link reliability, service quality, and radio network coverage. During the past few
years, space-time technology which employs multiple antennas along with suitable
signalling schemes and receiver architectures has been seen as a powerful tool for the
implementation of the aforementioned requirements. In particular, the concept of
communications via Multiple-Input Multiple-Output (MIMO) links has emerged as
one of the major contending ideas for next generation ad-hoc and cellular systems.
This is inherently due to the capacities expected when multiple antennas are employed
at both ends of the radio link. Such a mobile radio propagation channel constitutes a
MIMO system.

Multiple antenna technologies and in particular MIMO signalling are
envisaged for a number of standards such as the next generation of Wireless Local
Area Network (WLAN) technology known as 802.11n and the development of the
Worldwide Interoperability for Microwave Access (WiMAX) project, such as the
802.16e. For the efficient design, performance evaluation and deployment of such
multiple antenna (space-time) systems, it becomes increasingly important to
understand the characteristics of the spatial radio channel. This criterion has led to
the development of new sounding systems, which can measure both spatial and
temporal channel information. In this thesis, a novel semi-sequential wideband
MIMO sounder is presented, which is suitable for high-resolution radio channel
measurements. The sounder produces a frequency modulated continuous wave
(FMCW) or chirp signal with variable bandwidth, centre frequency and waveform
repetition rate. It has programmable bandwidth up to 300 MHz and waveform
repetition rates up to 300 Hz, and could be used to measure conventional high-
resolution delay/Doppler information as well as spatial channel information such as
Direction of Arrival (DOA) and Direction of Departure (DOD). Notably the
knowledge of the angular information at the link ends could be used to properly
design and develop systems such as smart antennas.

This thesis examines the theory of multiple antenna propagation channels, the

sounding architecture required for the measurement of such spatial channel



information and the signal processing which is used to quantify and analyse such
measurement data. Over 700 measurement files were collected corresponding to over
175,000 impulse responses with different sounder and antenna array configurations.
These included measurements in the Universal Mobile Telecommunication Systems
Frequency Division Duplex (UMTS-FDD) uplink band, the 2.25 GHz and 5.8 GHz
bands allocated for studio broadcast MIMO video links, and the 2.4 GHz and 5.8 GHz
ISM bands allocated for Wireless Local Area Network (WLAN) activity as well as for
a wide range of future systems defined in the WiMAX project. The measurements
were collected predominantly for indoor and some outdoor multiple antenna channels
using sounding signals with 60 MHz, 96 MHz and 240 MHz bandwidth. A wide
range of different MIMO antenna array configurations are examined in this thesis
with varying space, time and frequency resolutions. Measurements can be generally
subdivided into three main categories, namely measurements at different locations in
the environment (static), measurements while moving at regular intervals step by step
(spatial), and measurements while the receiver (or transmitter) is on the move
(dynamic). High-scattering as well as time-varying MIMO channels are examined for

different antenna array structures.
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Chapter 1 Introduction

Chapter 1
Introduction

1.1 Introduction

The past two decades has seen an increasing demand for faster and more
spectrally efficient mobile radio services for voice, data and multimedia applications.
This requirement has been the main catalyst for driving radio systems research, and as
a consequence has led to the development of many new wireless systems and
standards across the world. Modern radio communication systems have been able to
only partially fulfil the requirement for higher data rates and better qualities of service
for nomadic users. It is predicted that in order to provide better channel throughputs
via radio links, multiple antennas have to be employed at both transmit and receive
sites, thus creating a Multiple-Input Multiple-Output (MIMO) system.

Multi-antenna array technologies can significantly enhance the performance of
radio systems. MIMO signalling techniques in particular can offer a combination of
diversity and multiplexing gains to provide considerably higher channel throughputs
as compared to conventional Single-Input Single-Output (SISO) systems [1]. These
systems have been studied quite extensively so far and have shown great potential in
terms of MIMO space-time processing [2, 3]. Although to date more emphasis has
been placed on the system’s aspect, it is important to note that whilst space-time
coding and MIMO signal processing are essential to the implementation of MIMO
technologies, it is often the radio propagation channel along with the antenna array
type and geometry that proves to be the major restriction in utilising this technology.
The propagation characteristics of a typical MIMO channel can often show quite
significant deviation from the standard Independent and Identically Distributed (IID)
assumption. The time varying nature of the channel can also provide a major problem
in realistically predicting the performance of such systems. Therefore the
experimental characterisation of such propagation channels is vital to the future
development of MIMO technologies which are intended for both ad-hoc and cellular

systems. Over the years this has led to the development of a number of channel
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Chapter 1 Introduction

characterisation systems known as sounders for radio propagation studies [4]. The
majority of the sounders developed in the past have focused on measuring temporal
channel parameters such as power vs. delay information. However, the requirement
to employ multiple antennas at both ends of the link provides the challenge of
measuring spatial channel parameters such as Direction of Arrival (DOA) and
Direction of Departure (DOD), to aid with system design.

The following sections provide the background to the evolution of mobile
radio systems from first generation analogue systems to second generation and third
generation digital systems. The reasons for developing multi-antenna communication
systems are given, and the issues concerning channel characterisation are discussed.

Finally, there is a brief review of all chapter contents.

1.2 Evolution of Mobile Radio Systems

The first generation cellular radio systems were all based on analogue
technology, and used Frequency Modulation (FM) with Frequency Division Multiple
Access (FDMA) as the air interface technology. These included the worlds first
cellular system, which was implemented by Nippon Telephone and Telegraph
company (NTT) in Japan (1979), Advanced Mobile Phone Service (AMPS) in United
States (1983), Nordic Mobile Telephone System (NMT 450) followed by European
Total Access Cellular System (ETACS) in Europe (1985) and cellular standard 450
(C-450) in Germany (1985). ETACS was virtually identical to AMPS with the
exception that it employed smaller bandwidth channels.

The incompatibility and low coverage capability of first generation analogue
systems led to the development of second generation digital systems. The second
generation cellular mobile radio systems employed digital modulation and advanced
call processing capabilities. Amongst these were, Groupe Spécial Mobile (GSM) in
Europe (1990), US Digital Cellular (USDC: IS-54 and IS-136) in United States
(1991), Pacific Digital Cellular (PDC) in Japan (1993) and Interim Standard 95 (IS-
95) in United States (1993). During this period, several successful cordless telephone
standards were also developed, including Second Generation Cordless Telephone
(CT2) in Europe (1989), Digital European Cordless Telephone (DECT) in Europe
(1993), Personal Handyphone System (PHS) in Japan (1993), Personal Access
Communication System (PACS) in United States (1994) and Digital Communication
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Chapter 1 Introduction

System (DCS-1800) in Europe (1993). Most of these standards used Time Division
Multiple Access (TDMA) and FDMA air interface technologies with the exception of
IS-95, which used Code Division Multiple Access (CDMA). Currently the most
successful of all of these standards is the Pan European Digital Cellular Standard
GSM [5].

Several Enhancements have been made to second generation systems in order
to provide new services and better speech quality. They come under the name:
enhanced second generation systems or 2.5G. These include Interim standard 95B
(IS-95B) in the United States, and in Europe, General Packet Radio Service (GPRS),
High Speed Circuit Switched Data (HSCSD) and Enhanced Data Rates for GSM
Evolution (EDGE).

Due to the capacity limitations of second generation systems for data and
multi-media applications, there has been enormous work towards the development of
third generation technologies. In 1992 the World Administrative Radio Conference
(WARC) defined the frequency spectrum for third generation systems to support
advanced services for data and multimedia applications. International Mobile
Telecommunications-2000 (IMT-2000) was the International Telecommunication
Union’s (ITU) effort to develop a rigorous definition for 3G. Although the original
intent of a worldwide standard for 3G was the Universal Mobile Telecommunications
System (UMTS), the reality of economics, competition and other factors forced the
development of competing and incompatible systems. The 3GPP developed the
UMTS Frequency Division Duplex (UMTS-FDD) and UMTS Time Division Duplex
(UMTS-TDD) standards [6], while the 3GPP2 produced cdma2000 (including 1xEV-
DO/DV, 1xRTT, 3xRTT) [7]. The 1x prefix specifies that it is 1 times the spreading
rate of standard IS-95 (1.2288 Mcps). In china, the development of IMT-2000 is
underway based on Time Division-Synchronous Code Division Multiple Access (TD-
SCDMA). There are many other IMT-2000 Candidate standards such as Universal
Wireless Communications Consortium (UWC-136), Enhanced DECT and CDMA 1.
All the IMT-2000 3G standards are based on CDMA air interface technologies.
While c¢dma2000 is an evolution of the original IS-95 standard with 1.25 MHz
channel bandwidth, UMTS (W-CDMA) is an entirely new standard, which uses 5
MHz channel bandwidth CDMA air interface [5].

Amongst the evolution of mobile cellular systems, there have been enormous

developments for fixed broadband microwave links used to create a Wireless Local
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Loop (WLL). A vast array of new services and applications has been proposed and
are in the various stages of commercialisation. These services include Local
MultiPoint Distribution Service (LMDS) and Multi-channel Multipoint Distribution
Service (MMDS). In the United States, the standardisation committee for the US
LMDS/MMDS is IEEE 802.16, while in Europe the committee for Broadband Radio
Access Networks (BRAN) has developed the HIPERACCESS and HIPERLINK
standards. Enormous progress has also been made in Free-Space Optics (FSO) and
Millimetric wave Technologies. There are products commercially available which
support transfer rates of several Gbits/s (Gigabit Ethernet).

In parallel to the growth of fixed wireless broadband, there have been
tremendous developments of the so-called Wi-Fi (Wireless Fidelity) era. In the
United States, the IEEE 802.11 standards is fast becoming a global standard, while in
Europe HIPERLAN/2 has emerged as the next generation Wireless Local Area
Network (WLAN) standard. It is widely believed that the IEEE 802.11 standards
have already occupied the niche that HIPERLAN was designed for, albeit with lower
performance. In Japan, Multimedia Mobile Access Communication system (MMAC)
has been developed as the WLAN standard. All of these WLAN standards have been
implemented to work in the 2.4 GHz and 5.8 GHz Industrial, Scientific, and Medical
(ISM) frequency bands with the exception of HIPERLAN, which will work at 5.2
GHz and 5.6 GHz. The IEEE 802.15 standards committee have also formed to
provide an international forum for developing Bluetooth and other Wireless Personal
Area Networks (WPANSs) that interconnect pocket PCs, personal digital assistants
(PDAs), cellphones, light projectors, and other appliances. These licence free
networks provide an interesting dichotomy in the radio systems market since; high
data rate ad-hoc networks are being deployed by individuals within buildings without
a licence, whereas cellular operators have focused on providing outdoor voice
coverage and have been slow in providing reliable in-building coverage and high data
rate services to their cellular subscribers [5S]. Emerging standards include the
Worldwide Interoperability for Microwave Access (WiMAX) project, which is
defined under the IEEE 802.16 working group. It is very similar in concept to Wi-Fi,
but has certain improvements that are aimed at enhancing performance and should
permit usage over much greater distances.

Although the current achievements in mobile radio technology have been

monumental, there are inevitably more requirements placed for future generation
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systems. Ideally in the long term, high capacity terminals should become ‘go
anywhere’ personal ones. The so-called fourth generation mobile radio systems have
the criterion to produce higher capacity links for nomadic users [8, 9]. In order to
achieve higher channel throughputs, different types of technologies may need to be
combined and some of the current research suggestions for future generation radio
systems are IP-based core ad-hoc networks, employing broadband technology and/or
multi-antenna systems. In general, it is difficult to predict the future of wireless
technology, and in particular, the future of mobile radio systems. However, with the
knowledge of current systems, it is believed that the key to providing reliable high
data rate communications lies in designing systems that allow maximum possible
reconfigurability and global roaming [10, 11].

It is predicted that MIMO and smart antenna technologies will have a central
role for future generation systems. This is due to the inherent Shannon capacity gains
provided when multiple antennas are employed at the transmitter and/or receiver sites.
Currently multiple antennas are employed to achieve simple space-time diversity for
third generation systems, which is mainly for the 3GPP’s specifications of the W-
CDMA systems. The use of Alamouti space-time coding has been extremely
effective for 3G scenarios, particularly when two antennas are employed at the base

station and only one antenna at the mobile terminal [12].

1.3 Development Towards Multi-Antenna Communications

The actual concept of MIMO signalling was first introduced by Jack Winters
in 1987 [13]. This work examined the capacity of multi-antenna systems for two
different scenarios. The first case inspected the communications link between a
multiple antenna base station and several single antenna mobile terminals and the
second case inspected the communications link between two mobile terminals both
with multiple antennas. This provided a basic understanding of MIMO channels and
the capacities available when using multiple antennas. However, it was not until the
mid 1990s that the groundbreaking work by Telatar and Foschini [1, 14] paved the
way for future research on MIMO. Gerald Foschini showed through his conceptual
analysis of MIMO, that there would be an almost linear increase in the channel
capacity as the number of antennas at both ends of the system increased. The

potential of MIMO signalling was shown, when the Bell Labs Layered Space-Time
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Architecture (BLAST) 8 x 8 system demonstrated a capacity of 42 b/s/Hz at 1%
outage and 21 dB average SNR at each receiving element [1]. This performance was
realised based on a number of assumptions, which included, a Rayleigh flat-fading
environment, uncorrelated antenna signals and equal power sub-channels. However,
the potential capacity of MIMO channels is still said to exist even in relatively poor
scattering environments.

The realisation of MIMO signalling is certainly not trivial and numerous
factors can hinder system performance. The primary limiting factor in a practical
MIMO environment is the correlation of the received antenna signals. This infers that
in order to achieve higher channel capacities, a rich scattering environment is
required, which can permit uncorrelated signals at the receiver array. Research
studies undertaken do show that the capacity of MIMO radio links can be
significantly degraded if a LOS situation is present. By using channel training
sequences [15] and appropriate space-time coding schemes [16], it is possible to
approach the information theoretic capacity limit of MIMO channels.

Although MIMO techniques are often more complicated to implement than
conventional systems, their inherent ability to allow faster data rates is a real incentive
to system developers and operators. So far, most of the systems developed use
Orthogonal Frequency Division Multiplexing (OFDM/OFDMA) as the air interface
technology. Such systems are currently being developed for a number of ongoing
wireless standards for adhoc systems such as 802.11n and 802.16e. Currently, the
latest MIMO-oriented version of the IEEE 802.11n standard has seen two competing
approaches being proposed. The TGn Sync proposal is a 2 x 2 MIMO system, which
can expand up to a 4 x 4 array and is backed by Intel, Agere, Atheros, and some
others. The World-Wide Spectrum Efficiency (WWiSE) proposal is mostly a 4 x 4
MIMO solution backed by Broadcom, Motorola, Airgo, and others. So far, it scems
that the simpler 2 x2 version will prevail, however the likely solution is a
compromise between the two groups. There is clearly a greater cost associated with
having more antennas on the end user terminal. It is interesting to observe that there
are currently hardware products available for the 802.11n market and these are
classified as ‘Pre-N’ systems. The MIMO concepts are also being used in the IEEE
802.16 standard for WiMAX.
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1.4 Challenges for Mobile Radio Propagation

Clearly, the fundamental limitation of all radio communication systems is the
propagation channel. The radio link between the transmitter and receiver can vary
significantly from a simple Line-of-Site (LOS) scenario to a complex non line-of-site
one, which is severely obstructed by buildings, mountains and foliage. Unlike wire-
line communications, where the characteristics of the link (e.g. Coax, Fibre) are well
known, radio channels are described as being extremely complex and random in
nature. The numerous different propagation mechanisms including reflection,
refraction, diffraction, and scattering, all attribute to the complexity of radio wave
propagation.

Radio channels can be characterised into two generally different propagation
environments. Large-scale path loss describes the mechanism behind long distance
electromagnetic wave propagation and is mainly a function of reflection, diffraction,
and scattering. Small-scale fading is described as the rapid fluctuations experienced
over very short travel distances and is usually described by rapid changes in the
receiver signal level. This is affected by the varying Doppler shifts and multipath
propagation delays experienced in the channel environment. The factors that
influence this include velocity of the mobile, velocity of surrounding objects and the
transmission bandwidth [5].

Characterisation of MIMO propagation channels are even more complex,
since additional variables are introduced in the analysis, namely the number of
antennas at the transmitter and at the receiver with their spatial locations. Multiple
antennas at both ends of the radio link create a matrix channel and the advantage of
this is the possibility of transmitting data on several spatial data pipes over the same
frequency-time slot. Having a high scattering radio channel actually helps MIMO
signalling, since each spatial sub-channel will be different. A straight LOS link, will
in general degrade channel performance, however this is not trivial to characterise.
Every MIMO channel presents a different set of spatial characteristics which have
significant impact on the performance of the system.

To date there have been numerous simulation studies on MIMO channels,
however, only a limited number of studies have been carried out on actual wideband
MIMO propagation focusing on the physical channel itself and even fewer studies on

time-variant channels. Time-variation being a case where either objects in the
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physical channel are moving and/or the transmitter and receiver units are moving in
space. Most of the research conduced so far shows that the physical channel plays a
vital role in the overall channel throughput.

Clearly, there is an overwhelming requirement to study the various types of
channel environments for different system and antenna configurations. In order to
perform measurements for various types of MIMO links, the parallel chirp sounder
previously developed for SIMO measurements was upgraded to a wider bandwidth
semi-sequential MIMO architecture. The inherent merits of this approach are
discussed in the thesis. This project has involved the design and development of
various RF and digital circuits, and the development of many MATLAB algorithms
for data processing. More than 175,000 MIMO channel impulse responses have been
measured and analysed for different environments. The results include channel
capacity, spatial channel characterisation and time-variability amongst other
parameters. Capacity results in particular give direct insight into the performance of a

MIMO radio system when present in a real-world environment.

1.5 Review of Chapter Contents

Chapter 2 describes the fundamental principles of wireless channels with
emphasis on the small-scale fading characteristics. The mechanisms of multipath
propagation are explained in some detail with a brief review of wideband channel
modelling. Important channel parameters are described such as power delay profiles,
delay spread, Doppler spread, scattering functions, coherence time and coherent
bandwidth and data fitting with probability distribution functions.

Chapter 3 extends the theory of wireless channels to take into account a
MIMO propagation environment. The underlying theory of MIMO signalling is the
ability to separate channels in multipath and this is described in some detail. The
general topics of discussion in this chapter include, channel capacity limits, signal
correlation, practical MIMO signalling, physical and non-physical channel modelling,
and spatial channel parameters. This chapter provides a literature review of the
previous MIMO models and measurement campaigns.

In order to measure directional (or double-directional) channel information, it
is necessary to apply the knowledge of array signal processing. Therefore, chapter 4

reviews the various direction finding algorithms, from the overly simple beamforming
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techniques to the complex yet resourceful Space-Alternating Generalized
Expectation-Maximization (SAGE) algorithm. Due to their resolution capabilities,
more emphasis will be placed on parametric estimation techniques than spectral-based
methods.

In chapter 5, the various different wideband channel sounding techniques are
discussed, which includes the chirp sounding method. The advantages and
disadvantages of such methods are described in detail, as well as the FFT data
processing.

Chapter 6 describes the MIMO chirp sounder architecture at the systems level.
The concept of the semi-sequential chirp sounder system is given along with the
sounder calibration results, which include back-to-back tests, two-tone tests, and
ambiguity functions. Furthermore, calibration results are presented for two antenna
arrays.

In chapter 7, the spatial parameters of the multiple antenna radio channel are
examined. A range of spatio-temporal results are presented, such as DOA and DOD.
Particular emphasis is placed on the concept of a double-directional radio channel.
This chapter also includes the practical implementation of the array signal processing
algorithms, such as SAGE. Along with the measured data, there will be some
descriptions of the MIMO or SIMO environments surveyed.

In chapter 8, the characterisation of numerous ‘typical’ indoor (and some
outdoor) MIMO links are examined. A broad spectrum of channel statistics are
presented including Cumulative Distribution Functions (CDFs) of link capacity.
Time-variant analysis is performed on various channel environments. The results are
typically associated with an allocated frequency band, such as that for MIMO-OFDM
studio video links (BBC) in the 2.25 GHz band. Many MIMO statistics are presented
for different frequency bands including those simultaneously collected in two bands.

Chapter 9 is the conclusions section of the thesis. It describes the work
accomplished thus far and the requirements needed in order to perform further

measurements and analysis.
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Chapter 2
Mobile Radio Propagation

2.1 Introduction

In a radio link, the most basic channel propagation characteristics are the
signal attenuation over ideal free space. The model of free space treats the region
between the transmitter and receiver as being free of all objects that might absorb or
reflect Radio Frequency (RF) energy. It also assumes that the channel behaves as a
perfectly uniform and non-absorbent medium and that there are no reflected
components other than the LOS. The free space equation or the Friis equation [1] is a
well-known ideal model, which assumes that the attenuation of RF energy between
the transmitter and receiver behaves according to an inverse square power law.

For most practical channels, where signal propagation takes place in the
atmosphere and near the ground, the free space model is inadequate to describe the
channel characteristics and predict system performance. In a mobile radio
communication system, a signal can travel from transmitter to receiver over multiple
reflective paths and this phenomenon is referred to as multipath propagation. The
effect can cause fluctuations in the received signal’s amplitude, phase and angle of
arrival, giving rise to the terminology multipath fading. The fading channel
manifestations can be categorised into two types: large-scale and small-scale fading.
Large-scale fading represents the average signal power attenuation or path loss due to
motion over large areas. It is affected by the land undulations and prominent terrain
contours such as hills, forests, buildings, etc, between the transmitter and the receiver.
The statistics of large-scale fading provides a way of computing an estimate of path
loss as a function of distance. This is usually specified in terms of mean path loss (1/n
power law) and a log-normally distributed variation about the mean [2]. Small-scale
fading refers to the fluctuations in signal amplitude and phase due to small changes in
the spatial separation between the transmitter and receiver, which can be as low as
half a wavelength. Small-scale fading can be described by two mechanisms, namely,

time-spreading of the signal, also known as signal dispersion and time-variant
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behaviour of the channel. The channel is considered to be time-variant because
motion between the transmitter and receiver results in propagation path changes [2].
The rate of change of these propagation conditions accounts for the rapidity of the
fading. In a mobile radio channel, both types of fading are prominent such that,
small-scale fading is superimposed on large-scale fading. It must be noted however,
that the term fading is usually applied when referring to small-scale signal
fluctuations. Figure 2.1 illustrates small-scale fading and large-scale fading for a

received signal level as a function of position.

——— Small-Scale Signal Level

....... Large-Scale Signal Level
(Window-Averaged)

Received Power

Position Displacement

Figure 2.1: Small-scale and large-scale spatial channel fading.

There are three main mechanisms of propagation in a mobile radio channel.
They are reflection, diffraction and scattering. Reflection occurs when a signal
impinges on a smooth surface that has a larger dimension than the signal wavelength.
Diffraction occurs when the radio path between the transmitter and receiver is
obstructed by a dense body with larger dimensions than the signal wavelength.
Scattering occurs when a radio signal impinges on a rough surface or any surface
whose dimensions are on the order of the signal wavelength or less, causing the
reflected energy to spread out in all directions. Diffraction is the main propagation
mechanism for most mobile radio communication systems, since in most cases there
is no LOS path between the transmitter and the receiver. This is often referred to as
shadowing, since the diffracted signal can reach the receiver, even when it is
shadowed by an impenetrable obstruction such as a building. The following sections
will describe these propagation mechanisms in more detail, with emphasis on the

small-scale fading characteristics of the radio channel.

2-2



Chapter 2 Mobile Radio propagation

2.2 Small-Scale Fading and Multipath

Fading is caused by interference between two or more versions of the
transmitted signal, which arrive at the receiver at slightly different times. These
multipath waves, combine at the receiver antenna to give a resultant signal, which can
vary in amplitude and phase, depending on the distribution of signal intensity, relative
propagation time of the waves, and transmission bandwidth of the signal. The three
main factors that affect fading are: fluctuations in the signal level over a period of
time or travel distance, random frequency modulation due to varying Doppler shifts
on different multipath signals, and time dispersion or echoes caused by multipath

propagation delays.

2.2.1 Multipath Propagation

The signal received at the mobile terminal at any point in space, may consist
of a large number of plane waves with randomly distributed amplitudes, phases and
angles of arrival. These so called multipath signals are then combined vectorially at
the receiver, and can cause the resultant received signal to fade or distort. If the
mobile terminal is stationary, then the received signal may fade due to movement of
the surrounding objects in the channel [3]. If the channel environment is static, and
movement is considered to be only due to the mobile, then fading can be considered
as a purely spatial phenomenon. The spatial variations of the resulting signal are
perceived as temporal variations by the receiver as it moves in space. As the receiver
moves in the multipath field, it can go through several deep fades. Maintaining a
‘good’ communications link during such fades can be extremely difficult, hence
leading to the deployment of various multipath mitigation techniques. Antenna
diversity techniques can be extremely useful in improving link quality. Some popular

antenna diversity techniques include space, polarisation, and pattern diversity.

2.2.2 Physical Basis for Fading

Many physical factors can influence small-scale fading in the mobile radio
channel. Figure 2.2 illustrates a typical mobile radio propagation environment in

which, multipath signals, speed of surrounding objects, speed of the mobile, and
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transmission bandwidth all attribute concurrently to fades in the resultant received

signal.
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Figure 2.2: Multipath signals arriving at the mobile radio receiver antenna.

Multipath signals result from reflective objects and scatterers in the radio
channel environment. Often multipath propagation lengthens the time required for the
signal to reach the receiver, and this can result in signal smearing due to Intersymbol
Interference (ISI). The speed of the mobile terminal results in random frequency
modulation due to different Doppler shifts affecting each multipath component. The
polarity of the Doppler shift is dependant on whether the mobile receiver is moving
towards or away from the base station. Doppler shift directly impacts the time-
variability of the channel, which is defined by the coherence time. The speed of
surrounding objects in the channel can result in a time varying Doppler shift on each
of the multipath components. If the surrounding objects are moving at a faster rate
than the mobile receiver, then this effect can dominate the fading in the channel [2].
Otherwise, the surrounding objects can be ignored and only the movement of the
mobile terminal can be considered.

The transmission bandwidth is also an important factor in influencing fading.
If the signal transmission bandwidth is greater than the channel bandwidth, the
received signal will be distorted, but the small-scale fading will not be significant.
The channel bandwidth is quantified by the coherence bandwidth, and this will be

discussed in the following sections.
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2.2.3 Doppler Shift

Due to the relative motion between the mobile terminal and the base station,
each multipath wave undergoes a shift in frequency. This shift in the received signal
frequency is referred to as the Doppler shift, and is directly proportional to the
velocity of the mobile with respect to the direction of arrival of the received multipath
signal. Figure 2.3 illustrates the Doppler shift experienced by a mobile moving at
constant velocity v, along a path of length d (between points 4 and B), while receiving

signals from source S.
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Figure 2.3: Illustration of Doppler effect.

The difference in path lengths travelled by the signal from source S to the
mobile at points 4 and B is Al =d cos(6) = vAt cos(6). Where At is the time required
for the mobile to travel from 4 to B. The phase change in the received signal due to

the difference in path length is given by equation (2.1).

_ 27Al _ 2nvAt .

A¢ 1 7 0sé 2.1
The Doppler shift is then given by
1 Ag v
_— = H 2.2
Ja =27 ac =7 @2

It can be observed from equation (2.2) that the Doppler shift is positive if the
mobile is moving toward the direction of arrival of the signal and negative if the

mobile is moving away from the direction of arrival of the signal.
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In most radio channels, the scatterers that contribute the most power are likely
to have the smallest Doppler frequencies. This is usually referred to as the big-slow
rule and states that bigger objects scatter more power but are less likely to move. The
meaning and implications of Doppler spectra are discussed in section 2.6.2.2 when

describing Clarke’s model.

2.3 Channel Impulse Response

The wideband multipath channel can be fully characterised by its impulse
response. This contains all the necessary information required to simulate, analyse
and predict any type of radio transmission through the channel. The mobile radio
channel can be modelled as a linear filter with a time varying impulse response [3].
The time variation is due to the movement of the receiver in space and/or the
environment. For a case where the mobile receiver is moving along the ground at a
constant velocity v, the impulse response varies as a function of receiver position d.

Assuming that v is constant over short time or distance intervals, the impulse
response of the multipath radio channel is denoted as A(¢, 7). The variable ¢ represents
the time variations due to motion and 7 represents the multipath delay for a particular
t. The received signal can now be expressed as a convolution of the transmitted signal

x(f) and the channel impulse response A(Z, 7).

0

w(t) = j x(t —7)h(t,7)dT = x(£)* h(t,7) 2.3)

—©

The impulse response shown in equation (2.3) is derived for a bandlimited
passband channel, however it can be expressed equivalently as a complex baseband
impulse response /;(Z, 7). The use of representing passband radio systems at baseband
is discussed in section 2.4.1.1. Using baseband notation, the complex received signal

envelope can be written as

$y(O)= 5,0 3y 7) @4

where y(f) and x,(¢) are the complex envelopes of y(f) and x(¢), respectively. The %2

factor in equation (2.4) is due to baseband signals having twice as much signal power
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as their passband counterparts. This fits in with conventional baseband signal theory

and analysis (described in section 2.4.1.1).

2.3.1 Discrete Temporal Models

It is useful to divide the multipath delay axis 7 of the impulse response into
equally spaced time delay segments called excess delay bins, with each bin having a
time delay width of Az, i.e. ; = iAr with i = 0 to N-1 for a maximum excess delay of
NArt. It is important to note that, depending on the choice of A7 and the radio channel
environment, there may be more than one multipath signal arriving within an excess
delay bin. In such a scenario the individual components are unresolved, but do
combine vectorially to yield a single multipath component. Such situations can cause
the signal level to fade within an excess delay bin, however this is usually not
significant over the local area [3].

The multipath channel consists of a series of attenuated, time-delayed, phase-
shifted replicas of the transmitted signal. Therefore the baseband impulse response of

the channel can be expressed as
& QL)
hy(t,7) = a,(t,7)-& AN (7 —1,(1)) (2.5)
i=0

where at, 7) and 7(f) are the real amplitudes and excess delays, respectively, of the i™

multipath component in time . The phase term e’/?*/c (")

in equation (2.5)
represents the phase shift, due to the propagation of the "™ multipath component in the
radio channel and any additional phase shifts encountered along the different
propagation paths. The symbol &-), denotes the unit impulse function, which is often
used by engineers to represent a set of individual delayed and weighted signal
components (in this case; multipath radio components at time ¢ with excess delays 7).
Figure 2.4 gives an example of the time varying discrete impulse response model for a
multipath radio channel. In general, discrete temporal channel models are useful, not
only because the digitisation of channel information is made relatively easy, but also

because it is made possible to simulate the convolution of packet data with the

channel impulse response [4].
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Figure 2.4: Time varying impulse response [3].

It is possible to assume a static channel environment over a local area if the
time delay resolution of the channel impulse response resolves every multipath
component over that area accurately. The term local area is often used when
describing small-scale channel environments. By definition a local area is the largest
volume of free space about a specified point in the radio channel, which can be
modelled accurately as a sum of uniform plane waves (homogenous waves). With the

aforementioned time-invariant channel assumption, equation (2.5) simplifies to
N-1 ‘2
hy(2)= a(r)- &/ DN(r 1) (2.6)
i=0

In general, the motion of scatterers in the radio channel introduces two
components, which attribute to the overall channel impulse response; the non-
fluctuating component A,(7), which describes the static channel and the fluctuating
component oh(t, 7), which describes the transient channel. This is mathematically

expressed as

hy(t,7) = h,(7)+5h,(1,7) @.7)

In temporal channel modelling, the transient behaviour of the channel is of
greater importance, since it is directly related to the motion of radio scatterers. When
the radio channel is considered to be time invariant, only A;(7) is considered (as
described by equation (2.6)).

The past literature has shown the developments of many new channel impulse

response models, some of which take into account the spatial channel parameters (for
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multi-antenna systems), such as direction of arrival and/or direction of departure [6].
This is usually formulated by extending equations (2.5/2.6) to take into account
directional channel information. Such models are often referred to as directional or
double-directional channel models and have significant importance in characterising
the spatial radio channel. Many of the developments in double-directional parametric
channel modelling have come from the research programmes undertaken at the
Technical Universities of Vienna (Austria) and [lmenau (Germany) [7-12]. Some of
these will be discussed in the following chapter.

It should be noted that the propagation physics of the mobile radio medium is
described by the physical laws of small-scale fading formulated by Maxwell’s
equations (Maxwellian basis). Several publications explain this formulation including

[13-15].

2.3.2 Power Delay Profile

In order to measure or statistically model the channel impulse response, a
probing signal is often required to sound the radio channel (see chapter 5). Mobile
radio channel sounding can be classified as being either direct pulse measurements,
spread spectrum sliding correlator measurements, or swept frequency measurements.
If a continuous pulse is used to sound the channel, it is possible to directly determine
hy(t, 7), since a pulse can approximate a delta function &¢-7). For small-scale channel
modelling, the power delay profile of the channel is found by taking the spatial
average of | A,(¢, 9 over a local area. By taking several local area measurements of
| hs(t, 7) P in different locations, it is possible to build an ensemble of different power
delay profiles, each representing a small scale channel state [3]. When sounding the
radio channel, the actual measured power is found by summing up the multipath
powers resolved in the instantaneous power delay profile | Az, 7) P of the channel and
is equal to the energy received over the time duration of the total multipath delay
divided by the maximum measured excess delay. Therefore small-scale received
power is simply the sum of the average power received in each multipath component.

The average time invariant power delay profile is given as

P(1)= <k '|hb (t, r)|2> (2.8)
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Where (-) denotes statistical expectation and & represents the total channel gain.

2.4 Mobile Radio Channel parameters

Various channel parameters can be derived from the power delay profiles of
the channel, which are often represented as plots of relative received power as a
function of excess delay (with a fixed time delay reference). The Doppler spectrum is
equally important in describing the characteristics of the mobile radio channel with
respect to the motion in the channel. However, these parameters can only be

discussed if the fundamentals of stochastic radio channel modelling are revised.

2.4.1 Basic Stochastic Modelling Parameters

It is well known that the mobile radio propagation channel is a random process
medium, which can only be modelled effectively by some measure of channel
correlation. In general probability theory, correlation is a measure of conditional
predictability, usually made between two observations of a random event. In
stochastic channel modelling, the relationship between sample correlation and sample
separation provides the starting point for characterising the behaviour of random
process evolution. This type of analysis is based on the autocorrelation function of a

particular channel parameter.

2.4.1.1 Baseband-Passband Representations

Although not directly relevant to the subject of stochastic modelling,
baseband-passband transformations are very important in the notation used to
represent signals. The development of baseband representation for modulated signals
can be considered to be the cornerstone of channel modelling and analysis. A
baseband representation essentially removes the dependence of a passband radio
channel from its carrier frequency. This intern generalises and simplifies channel
modelling. The following sections of this report will instinctively use this notation.

In order to understand such transformations, figure 2.5 illustrates both types of

representation in the time and frequency domains [15]. The outer sketches show the
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process of modulation-demodulation for a baseband signal in the frequency domain,

while the block diagram shows the same process in the time domain.

X, b (f - fp )
et ! l !
‘f f f
X, () > RC{ } X
-f 0 -f \ - f {7/\/_\1;/\/\ ,4' [ ‘y I\/\ft/\/\ f
Complex Baseband signal xb (t ) X (t) Real Bandpass signal
\ LPF |
XU+ 1)
e
s AR y

-2f. / 0

Figure 2.5: Baseband-passband transformations.

The subscript b denotes that the signal is in the baseband domain, hence X;(f)
and x,(f) represent the baseband signal in the frequency and time domains,
respectively. The passband signal represented in the time and frequency domains is

denoted by x(¢f) and X(f), respectively. The passband signal is given by
x(1)=M{x, (1)} =Re{xb(t)ef2"fc'} 2.9)

where M{:} denotes the modulation operator and Re{-} denotes the real part of a

function. Using the identity Re{S}= %2 (#+ f*) in equation (2.9) yields

x(t)=%[(xb(t)e””fm(x,,(t)eﬂ”fc’)*} (2.10)

In order to demodulate the passband signal, the following can be derived

e vl -~

x,(t)=M" {x(t)} = [x(t)e‘j 2””0’] * [2kBsinc(kBt)]

ﬁ'equer;,cy shift low-pags filter
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=2k, Ix(r)e‘fz”ﬂ’ -sinc(kB [t—z'])dz' .11)

In equation (2.11), the first term denotes the frequency shift and the second
term represents the low pass filter (LPF) response, with kg as the filter bandwidth.
The convolution of these two terms removes the high frequency mirror image so that
only X,(f) remains.

The spectrum of the passband signal can be equivalently derived in the

frequency domain using the Fourier transform.

x()e 7" dt

X(f)=

Il
g8 b8

[Re{xb (t)eﬂ”ﬂ’}}e‘ﬂ”f’dt

S

j [xb (£)e’>™ ! + x; (£)e /2 ]e—j 271t gy

[X,(f = )+ X (-F = )] e12)

N —

2.4.1.2 Autocorrelation Relationships

A stochastic process is usually described by an ensemble of different random
functions or realisations. The most common way to characterise a stochastic process
is by calculating the autocorrelation function of that process. Taking the example of a
time-varying stochastic channel h(f), it is possible to derive its autocorrelation

function as
R, (t,,1,) = E{hy (1,5 (8,)} (2.13)

where E{-} denotes the ensemble average of all possible realisations. Equation (2.13)
quantifies the time evolution of 4(f) by averaging the products of all samples in the
random process ensemble at two different points in time, ¢, and £,. Therefore, the
autocorrelation function provides a snapshot of the typical correlation behaviour for a

random channel. In order to simplify matters, it is possible to assume a Wide-Sense
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Stationary (WSS) stochastic process, which infers that the time difference in the
autocorrelation function is invariant of absolute time [15]. By this assumption the
time difference ¢, - #;, can be defined as a stationary variable Af. Hence equation

(2.13) can be expressed as
R, (A1) = E{h,(1,)h; (1, + At))} (2.14)

Also for a WSS process the mean E{/,(f)} must not be a function of time.
The WSS assumption is often not true in real life stochastic processes, but rather a
simplifying assumption for channel characterisation.

There are various different definitions of autocorrelation function including
autocovariance and unit autocovariance. If a stochastic process does not have a zero
mean, then the autocovariance definition is used which removes the mean value. This

is defined by

R, (At)= E{[hb t)-p [ Bt +AD)- ]} (2.15)

=R, (At )_|'”|2

where u is the random process mean and equal to u = E{hx(1)}.

The unit autocovariance is an autocovariance function that has been
normalised against the mean power of the random process. It is dimensionless and
therefore extremely useful in measuring correlation on a scale of 0 tol. In a time-
varying stochastic channel the mean power is equal to the autocorrelation function

evaluated at At = 0:
R, (0)=E {h,OR O} =E {|hb (t)lz} (2.16)

Therefore, the unit autocovariance is defined as

R, (AD)—|4f’
7, (A= 1 (A1) Iﬂl 2.17)
’ th(o)_'#l




Chapter 2 Mobile Radio propagation

With the autocorrelation function defined, it is possible to derive a definition
for Power Spectral Density (PSD). PSD arises from the Wiener-Khintchine
relationship, which states that the PSD and the autocorrelation of a WSS random
process are Fourier Transform pairs. The Wiener-Khintchine theorem principally
states that studying the autocorrelation properties in the base domain is equivalent to
studying average signal power in the spectral domain. This relationship between
autocorrelation and PSD is useful for joint channel statistics (described in section 2.7),
as well as single dependency statistics. With this definition, a random process is only
WSS if its spectral components are uncorrelated. This is inherently understood and is
often referred to as Uncorrelated Scatterings (US) in the spectral domain [17].

For radio channel parameters, the spectral domain of time is the Doppler
frequency domain, the spectral domain of frequency is the time delay domain, and the
spectral domain of position is the wavenumber domain. Using these definitions, it is
possible to note that by taking the Fourier transform of the autocorrelation function in
time, the Doppler spectrum can be obtained. This duality is equivalently true for all
other spectral representations. Using the example of channel autocorrelation in time,

the Doppler spectrum is defined as
P, (v)= ]F{th (At)} = [R, (&)™ dAt (2.18)

where F{-} denotes the Fourier transform, and v represents the Doppler frequency
variable. The autocorrelation function in time can be derived using the inverse

Fourier transform

] 1% "
R, (A)=F ‘{Phb(v)}=ﬂ JO P, (v)-e™dv 2.19)

2.4.2 Time Dispersion Parameters

Various multipath channel parameters can be derived from the power delay
profile. The time dispersion properties of the wideband channel are often described
by their mean excess delay (7 ) and rms delay spread (o). The mean excess delay is

the first moment of the power delay profile and is defined as
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Zk:a,frk Zk:P(rk)rk
Zk:ag B ;P(rk)

T= (2.20)

As previously mentioned, the power delay profile can be defined as the
combined powers of k resolvable multipath components (up to resolvable z,,,) with
amplitudes a;. The rms (root mean square) delay spread is the square root of the

second central moment of the power delay profile, and is defined as

o, =7 —(7)’ 221)

where

_ Sdd Lre

72 =k

;a,f h Zk:P(rk)

(2.22)

These delays are measured relative to the first resolved signal arriving at the
receiver at 7p = 0. Equations (2.21)-(2.22), only rely on the relative amplitudes of the
multipath components within P(7), and not the absolute power level. Typical values
of rms delay spread are on the order of microseconds for outdoor mobile radio
channels and on the order of nanoseconds for indoor radio channels. The statistics of
delay spread are often studied to determine the time dispersion parameters of a small-
scale channel environment. Intuitively, the rms delay spread can be defined in terms
of the measured width of the delay PSD. This gives insight into the coherence of the
channel since; as PSD widens, the autocorrelation becomes narrower and the
coherence decreases.

The maximum excess delay (X dB) of the power delay profile is defined as the
time delay during which multipath energy falls to X dB below the maximum. Figure
2.6 shows an example of the power delay profile for an indoor radio channel with a
maximum excess delay defined for multipath signals within 20 dB of the maximum.

The measured channel delay parameters illustrated in figure 2.6, depend on the
choice of noise floor used to process P(r). The noise floor is the level, which
differentiates between the resolvable multipath signals and thermal noise. If the noise
threshold is set too low, then noise will be processed as multipath, therefore giving

rise to delay parameters that are artificially too high.
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Power Delay Profile

Relative Power (dB)

0 200 400 600 800 1000
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Figure 2.6: Indoor power delay profile with defined delay parameters.

2.4.3 Coherence Bandwidth

Delay spread is a natural phenomenon caused by reflection and scattering in
the radio channel and the coherence bandwidth, B, is a defined relationship derived
from the rms delay spread. Coherence bandwidth is simply a statistical measure of
the range of frequencies over which the channel can be considered to pass all spectral
components with approximately equal gain and linear phase. It is generally known as
the range of frequencies over which spectral components have a strong potential for
amplitude correlation. Two spectral components with a greater separation than the
coherence bandwidth will behave quite differently. If the coherence bandwidth is
defined as the bandwidth over which the frequency correlation function is greater than

0.9 [18], then this can be approximated as

1
500,

A ~

(2.23)

However, the common rule of thumb for coherence bandwidth is defined so that the
frequency correlation function is greater than 0.5. This gives an approximate

coherence bandwidth of
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B~1

~ 224
c SO_T ( )

The above definitions are only rough estimates of coherence bandwidth and
therefore cannot determine the exact impact of time-varying channels on multipath
signals [3]. This implies that more rigorous models have to be developed for more

accurate radio channel characterisation.

2.4.4 Frequency Dispersion Parameters

The delay spread and coherence bandwidth do not provide information on the
time varying nature of the channel caused by either the movement of objects in the
channel or the relative motion between the mobile terminal and base station. Doppler
spread and coherence time provide a description of this time varying nature of the
channel.

Doppler spread, By, is a measure of the spectral widening caused by the time
rate of change of the channel and is fundamentally defined as the frequency range
over which the received Doppler spectrum is non-zero [3]. Hence, if a CW signal is
transmitted at frequency fj, the received signal spectrum (also defined as the Doppler
spectrum), will have spectral components in the range of fy — f; to fy + f4, where f is
the Doppler shift defined earlier. If the spectrum of the transmitted baseband signal is
much greater than By, the effects of Doppler spread can be neglected. This is usually
termed slow fading. Using traditional definitions, the rms Doppler spread, o,, which

is a measure of the width of the Doppler spectrum, P(v), can be defined as
)
o, =V’ =(V) (2.25)

where the n'" central moment of the Doppler spectrum is given by

_ ;V;‘P(VF)

here F' denotes the total interval of the Doppler spectrum. When n =1, equation
(2.26) denotes the mean Doppler, 7 .
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2.4.5 Coherence Time

Coherence time, T, is the time domain dual of the Doppler spread and is used
to characterise the time varying nature of the frequency dispersive channel (in the
time domain). The Doppler spread and coherence time are inversely proportional to

one another and this can be expressed as

1

T~
I

(2.27)

where f,, is the maximum Doppler shift derived from equation (2.2) and given by
fm=Vv/A. Analogous to the definition of coherence bandwidth defined earlier, the
coherence time can be defined as the maximum time separation over which received
signals have a strong potential for amplitude correlation. In essence, coherence time
is a statistical measure of the time duration over which the channel impulse response
is time invariant, which is used to quantify the similarity of the channel response at
different times. If the inverse of the transmitted signal bandwidth (//B;) is greater
than the coherence time of the channel, then there will be channel variations during
transmission causing the received signal to distort. As in the case of coherence
bandwidth, there are also various slightly different expressions for coherence time.
By assuming coherence time is defined as the time over which the time correlation

function is above 0.5, T, can be approximately expressed as [18]

9
16z £,

(2.28)

c ~

However, a popular rule of thumb defines the coherence time as a geometric mean of

equations (2.27) and (2.28). This is expressed as

o [9 042
‘N6z f:  f,

(2.29)

2-18



Chapter 2 Mobile Radio propagation

2.4.6 Time and Frequency Selective Fading

In Summary of the above, time dispersion and frequency selective fading are
both manifestations of multipath propagation with delay spread, and as noted
previously, they are both intuitively related to one another. Time dispersion causes a
signal to stretch in time so that the duration of the received signal is greater than the
duration of the transmitted signal. In general, time dispersion is a result of signals
taking different times to cross the channel via different propagation paths and is
quantified by the delay spread. Frequency selective fading on the other hand, filters
the transmitted signal, attenuating certain frequencies more than others. It occurs
because the electrical length (/. = t/c) of each propagation path can be expressed as a
function of frequency and this is measured by the coherence bandwidth [18].

Frequency dispersion and time selective fading both represent the time varying
nature of the channel. Frequency dispersion results in the signal bandwidth being
stretched so that the received signal’s bandwidth is different (greater or less) from that
of the transmitted signal. The frequency dispersion of the channel is measured by the
Doppler spread. Time selective fading represents the frequency dispersion
characteristics of the channel in the time domain and can cause distortion because the
channel characteristics may change while the signal is in flight. Time selective fading
is expressed in terms of coherence time and has a reciprocal relationship with Doppler

spread.

2.4.7 Angle Spectrum and Space Selective Fading

The concept of delay spectrum is quite intuitive and can be described as
multipath power arriving at the receiver with different propagation delays due to the
relative electrical lengths of the propagation paths in the channel, thus causing a
smear of the received signal power as a function of time delay. The Doppler spectrum
is equally intuitive, since the movement of objects in the channel and the relative
motion between the transmitter and receiver introduces nonzero Doppler frequencies
on selected multipath components, causing frequency dispersion of the received
signal. However, the concept of wavenumber (or wavevector) spectrum is not so
intuitive, since scientists and engineers do not often work in the spectral domain of

space. Since the motion of objects in space and the temporal variations of the channel
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are related by d = vz, often a space-varying channel is converted into a time varying
channel.

The concept of angle spectrum is quite intuitive (as oppose to wavenumber)
and attempts to define the spatial fading of the channel in terms of the Direction of
Arrival (DOA) of incoming multipath power typically only in the azimuth plane.
Angle spread at the receiver refers to the spread in the DOA of the multipath
components at the receive array for a multi-antenna system. Similarly, angle spread
at the transmitter refers to the spread in the Direction of Departure (DOD) of the

multipath signals that finally reach the receiver. It is possible to define the rms angle

o, = ,/? —(é )2 (2.30)

where the n™ central moment of the angle spectrum, P(6), is given by

spread, oy, as

_ 39Pe)
Ot == (2.31)

3 P@)

i=—1
when n = 1, equation (2.31) defines the mean DOA (8).
Angle Spread causes space selective fading, meaning that the signal amplitude
varies with the spatial position of the antenna. Space selective fading is characterised

by coherence distance, D., which is inherently defined by a reciprocal relationship

with rms angle spread, given as

D, oc — (2.32)

The exact constant in the relationship depends on the spatial environment. The
coherence distance is often used to classify an environment as being either small-scale

or large scale [15].

2-20



Chapter 2 Mobile Radio propagation

2.5 Types of Channel Fading

As described in the previous section, the type of fading experienced by a
signal propagating in the channel depends on the characteristics of the radio channel
and that of the transmitted signal. In general, different signals transmitted through the
channel will undergo different types of fading, depending on the relationships
between signal characteristics such as bandwidth and symbol period, and channel
parameters such as delay spread and Doppler spread. The time and frequency
dispersion mechanisms in the channel lead to four distinctly different effects, which
are manifested based on signal and channel characteristics. It is quite apparent from
the channel parameters, that the delay spread leads to time dispersion and frequency
selective fading, whereas the Doppler spread leads to frequency dispersion and time
selective fading. These time and frequency dispersion mechanisms are independent

of one another and are described below.

2.5.1 Multipath Fading Caused by Delay spread

Time dispersion due to multipath propagation causes signal fading, which can

be classified as either frequency flat fading or frequency selective fading [2].

2.5.1.1 Frequency Flat Fading

If the radio channel has a constant gain and linear phase over a bandwidth,
which is greater than the transmitted signal bandwidth, then the received signal will
undergo frequency flat fading, or simply flat fading. The channel multipath structure
in a flat fading environment is such that the transmitted signal spectra is preserved at
the receiver. However, the receiver signal changes over time due to the variations of
the channel gain caused by multipath. In a flat fading channel, the reciprocal
bandwidth of the transmitted signal is much larger than the channel multipath delay
spread and A(f, 7) can be approximately described as having no excess delay. Flat
fading channels are also referred to as amplitude varying channels (in time), and since
the bandwidth of such channels are inherently narrow, the term narrowband fading is
also applied. In general, flat fading channels cause deep signal fades and are often

described by a Rayleigh distribution. A signal undergoes flat fading if
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B, << B, (2.33)

where B; and B. denote the transmission bandwidth and the channel coherence

bandwidth, respectively. Due to the reciprocal relationship, this can be expressed as

1
T, = B >> 0, (2.34)
where T is the reciprocal bandwidth (i.e. for digital data this is the symbol period)

and o, is the rms delay spread.

2.5.1.2 Frequency Selective Fading

If the radio channel has a constant gain and linear phase over a bandwidth,
which is smaller than the transmitted signal bandwidth, then the received signal will
experience frequency selective fading. In such a fading environment, the channel
impulse response has a delay spread which is greater than the reciprocal bandwidth of
the transmitted signal. Such a channel by its nature induces intersymbol interference.
Since the signal bandwidth is considered to be larger than the coherence bandwidth,
certain frequency components in the received signal spectrum have greater gain than
others.

In the analysis of flat fading channels, the impulse response was
approximately modelled by a single delta function. However, this is no longer the
case with frequency selective fading channels, since each multipath component must
be described and the channel should be considered as a linear filter. This makes it
extremely difficult to model frequency selective channels, and it is for this reason that
wideband channel measurements are made, and models are developed from these
measurements. Several models have been developed so far to characterise the
wideband multipath channel, such as the statistical two-ray Rayleigh fading model,
which considers the channel impulse response to be constructed from two delta
functions (see section 2.6.2.3).

Frequency selective fading is caused by multipath delays, which approach or
exceed the symbol period of the transmitted symbol [3]. The term ‘wideband
channels’ are often used to describe frequency selective fading channels, since the

bandwidth of the transmitted signal is considered to be wider than the channel
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coherence bandwidth. As time varies, the channel changes in gain and phase across
the transmitted signal spectrum, causing time varying distortion in the received signal.

In summary a signal undergoes frequency selective fading if

B.>B, (2.35)
and
T=1co (2.36)
s B T *

A rule of thumb, which is often used to distinguish between the types of
channel fading caused by delay spread is that a channel is flat fading if 7 > /100, and
is frequency selective fading if 7 < 100, Figure 2.7 illustrates the types of channel
fading by comparing the signal spectrum to the channel coherence bandwidth.

X /\ .

@ O
Figure 2.7: (a) Frequency selective fading, and (b) flat fading for a transmitted signal

of spectrum X(f) as compared to the channel spectrum H(f).

2.5.2 Multipath Fading Caused by Doppler Spread

Frequency dispersion due to the time variant nature of the channel causes

signal fading, which can be classified as either fast fading or slow fading.

2.5.2.1 FastFading

The rate of change of the transmitted baseband signal as compared to the rate
of change of channel determines the type of fading caused by Doppler spread. In a

fast fading channel, the impulse response changes rapidly within the symbol duration
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and the symbol period of the transmitted signal is considered to be larger than the
coherence time of the channel. The Doppler spreading of the channel causes
frequency dispersion, which distorts the signal by introducing Doppler frequencies to

the various multipath components. In summary, a signal experiences fast fading if

T.=—>T, (2.37)

and

B, <o, (2.38)

where 7, and o, are the coherence time and Doppler spread, respectively.

[t must be noted that the term fast fading and slow fading only refer to the rate
of change of the channel due to motion and do not specify the frequency selectivity of
the radio channel. When dealing with flat fading channels, the impulse response can
be approximated by a single delta function since there is effectively no excess delay.
Hence a flat fading, fast fading channel is a channel where the amplitude of the delta
function varies faster than the rate of change of the transmitted signal [3]. In the case
of a frequency selective fading, fast fading channel, the amplitudes, phases and delays
of any of the multipath components varies faster than the rate of change of the

transmitted signal. In real systems, fast fading only occurs if the data rate is very low.

2.5.2.2 Slow Fading

In a slow fading channel, the rate of change of the channel impulse response is
much slower than the rate of change of the transmitted signal and the channel may be
assumed static over one or several symbol periods. This infers that the Doppler
spread of the channel is much smaller that the bandwidth of the baseband signal in the

frequency domain. Therefore, a signal undergoes slow fading if

1
T.=—<<T 2.39
) BS c ( )
and
B,>>o0, (2.40)
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The velocity of the mobile and the velocity of the surrounding objects in the
channel determine whether the transmitted signal experiences fast or slow fading.
Figure 2.8 illustrates the type of channel fading caused by Doppler spread for simple
transmitted square pulse symbols for both fast and slow fading.

Figure 2.9 illustrates the relationship between multipath channel parameters
and the type of fading experienced by the transmitted signal in matrix form. Both
matrix tables are equivalent to one another, and are related by a reciprocal relationship
[3]. Fast fading and slow fading deal with the relationship between the time rate of
change in the channel and the transmitted signal, and therefore should not be confused
with the terms large-scale and small-scale fading, since these are defined by the

measure of spatial channel coherence and spatial selectivity.

e, ) e, ) P

“ | !

«—>
t Symbol

(2) (b)

Figure 2.8: (a) Fast fading, and (b) slow fading for a transmitted signal of square

0
—! Sy;bol

pulses, where x(#) and A,(t, 7), denote the transmitted baseband signal and the channel

impulse response, respectively.
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Figure 2.9: Types of fading experienced by a signal as (a) a function of transmitted

symbol period, and (b) a function of transmitted baseband signal bandwidth.
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2.6 Statistics of Fading

The mobile radio channel can be analysed by its first order and second order
statistics. The following describes the probability distribution functions used to
describe the envelope fading characteristics of signals in the channel. The distribution
functions used to describe small-scale signal variations (rapid signal variations)
include Rayleigh, Rician and Nakagami. Several statistical models, which describe
the multipath fading in the channel, are also discussed. Furthermore, the second order

statistics of the channel are described such as level crossing rate and duration of fades.

2.6.1 Fading Distributions for Received Signal Envelope
2.6.1.1 Rayleigh Fading Distribution

The Rayleigh distribution is often used to describe the time varying nature of
the received envelope of a flat fading signal, or the envelope of an individual
multipath component in a non-LOS environment. The Pythagorean sum of two
quadrature Gaussian noise signals follows a Rayleigh distribution. The Rayleigh
distribution has a Probability Density Function (PDF), which is given by

r2
p(r)=L2-e [202], r>0 (2.41)
o

where r is the signal strength in linear units, 7°/2 is the short term signal power, and o
is the rms value of the received voltage signal [19]. The probability that the received
signal envelope does not exceed a particular value R, is given by the Cumulative

Distribution Function (CDF)
s or-o |5
Pr[r<R]= Ip(r)dr =1-e \* (2.42)
0

The mean value #yeq, and the variance o;” of the Rayleigh distribution is given by

Vonean = E{r} = Jr - p(r)dr = \/ga =1.25330 (2.43)
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and

o’ = E{rz} —(E{r})2 = uj[rz -p(r)dr—%O'2
h

=(2_%)02 —0.42920" (2.44)

Furthermore, the median 744, 0f the distribution is found by solving

Fmedian

0.5= J' p(r)dr (2.45)

therefore,

=1.77¢ (2.46)

rmedian

The term Rayleigh fading actually describes an environment in which all the
received signal power is non-specular in nature. In other words, the received signal

power does not have any LOS (specular) components present.

2.6.1.2 Rician Fading Distribution

When there is a dominant specular non-fading signal component present in the
channel (such as for a LOS path), the fading envelope distribution is described to be
Rician. In such a scenario, random multipath signal components are superimposed on
a dominant stationary (non-fading) signal. At the output of the envelope detector, this
is manifested by adding a dc component to the random multipath. As the dominant
signal becomes weaker, the composite signal starts resembling a noise signal which
has a Rayleigh envelope. Hence, the Rician distribution collapses to a Rayleigh

distribution, when the dominant signal fades away. The Rician PDF is given by

r2+V3] V
0.2
2 [—P;J V,20,r20 (2.47)

-
p(r)=—5-e
o) o)
where the parameter V),, denotes the peak amplitude of the dominant signal and Iy(-) is
the zero-order modified Bessel function of the first kind.
A parameter called the K-factor is very important in describing the Rician

distribution. The Rician K-factor describes the ratio of specular power, V,7, to the
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remaining non-specular multipath power, 2¢°. In the literature, the K-factor is often

given in dB value

2
K,z =10log,, b (2.48)
207

As V,—0; K— —oo dB, therefore the Rician Distribution degenerates to a Rayleigh
distribution. This is illustrated in the PDF and CDF plots in figure 2.10 [20].
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Figure 2.10: Rician PDF (fz(p)) and CDF (Fz(p)) as the dominant multipath signal

component increases [20].

2-28



Chapter 2 Mobile Radio propagation

The Rician CDF is given by

1 1f[R—V,,] 1|, RV, 1+(R-,) | (0

Prir<R|=—+—er - + . 2
| ] ) 2 JSﬂVp 4v, 8V} ¢
(2.49)
where the error function, erf{(:), is defined as
2%
erf(x)= = e dt (2.50)

0

2.6.1.3 Nakagami Fading Distribution

The Nakagami distribution is useful in modelling mobile radio channels,
which are either more, or less severe than the Rayleigh channels. The distribution is

modelled by a single parameter, m, which corresponds to the amount of fading in the

channel [19].

p(r)= %m)(%) r(zm_l)e_[T] , r=0 (2.51)

where m is mathematically expressed as the ratio of moments (inverse normalised

variance of envelope, #%), and R = 2. The m parameter is given by

m=——— m=20.5 (2.52)

The Nakagami distribution is very useful in approximating other distributions.
For example, m = 0.5 gives the one-sided Gaussian distribution, and m = 1 gives the
Rayleigh distribution. In equation (2.51), I'(:) denotes the Gamma function, which is
given by [21]

[(x)= [redr (2.53)
0

The Nakagami CDF is given
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Pr[r<S]=1 _m ") (2.54)
F(m) %(S'—[fo)

There are many other statistical distributions which describe the fading
experienced in a mobile radio channel, including the log-normal distribution, which is
useful for urban channel characterisation, and the Suzuki distribution, which
combines short-term Rayleigh fading with long-term log-normal fading. There have
also been recent developments of fading distributions, which are based on the
physical descriptions of multipath signals [20]. Such fading distributions include, the
Two-Wave with Diffuse Power (TWDP) PDF, which extends the Rician model to

include two dominant specular non-fading multipath components rather than one.

2.6.2 Statistical Models for Multipath Fading

A number of models are presented here, which describe the statistical nature
of the mobile radio channel. The first model that attempted to describe the multipath
channel statistics, was Ossana’s model, which was based on the interference of waves
incident and reflected from the flat sides of randomly located buildings [1]. Ossana’s
model made certain assumptions, including the requirement for a LOS path, which
restricted it from being applied to cluttered radio channels, in which no direct signal
would be available from the transmitter to the receiver. A model based on scattering
was much more appropriate, and the most widely quoted is Clarke’s model [22]. The
Doppler power spectra derived from Clarke’s model is famous in its shape and used
widely in channel characterisation. Clarke’s model is a two dimensional signal
model, meaning that incoming waves that travel vectorially are restricted to the
azimuth plane [22]. An extended three dimensional signal model based on Clarke’s
work was made available by Aulin, in order to alleviate such problems [1]. The
following describes Clarke’s model as well as some other important channel models,

which statistically describe multipath fading.

2.6.2.1 Clarke’s Flat Fading Model

Clarke developed a model based on channel scattering, which provided the

statistical characteristics of the electromagnetic waves received at the mobile
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terminal. The model assumes a fixed transmitter with a vertically polarised antenna.
The received field is assumed to be in the azimuthal plane, and comprises of N equal
amplitude plane waves, with arbitrary carrier phases and azimuthal angles of arrival.
The received waves are assumed to be of equal amplitude, since in the absence of a
LOS path, the received (scattered) components will experience similar channel
attenuations over small-scale distances. Figure 2.11, illustrates a typical Azimuthal n"

component wave arriving at the mobile receiver.

n® incoming wave

Figure 2.11: Illustrating the n™ component wave incident on a mobile receiver
travelling at velocity v, in the x-direction. The angle of arrival of the n™ component

wave is given in the azimuthal x-y plane, and denoted by «,,.

Every wave incident on the mobile terminal experiences a Doppler shift
(defined in equation (2.2)) due to the motion of the receiver, and arrives at the
receiver at the same time. This inherently infers that there is no excess delay for any
of the incoming component waves (i.e. flat fading assumption). The Doppler shift for
the n™ component wave arriving at an angle of @, with reference to the x-axis is given

by

In= %cosa,, (2.55)

If the transmitted signal is vertically polarised, the E and H field components

seen at the mobile receiver are given by [22]

N
E,=E,» C,cos2x f,t+6,) (2.56)

n=l1




Chapter 2 Mobile Radio propagation

N
= %Z sina, cos(2z f .t +6,) (2.57)
=
N
= —?702 cosa, cos(2z f.t+6,) (2.58)
where
6, =2xft+§, (2.59)

In the above equations, f; is the carrier frequency of the transmitted signal, 77 is
the intrinsic free space wave impedance (120nt ~ 377Q), Ey defines the amplitude of
the average E-field (assumed locally constant), and C, is a real variable representing
the amplitudes of individual waves. Together, EoC, denotes the amplitude of the n™
wave in the E, field. The 6, parameter denotes the random phase angle of the o™
arriving component (¢, is uniformly distributed between 0 and 21).

The amplitudes of the E and H fields are normalised such that

N
E {Z C,f} =1 (2.60)
n=l1

The three field components may be modelled as narrowband random
processes, since the experienced Doppler shift is small compared to the carrier
frequency. Furthermore, as a consequence of the central limit theorem, for large
values of N, the three field components can be approximately modelled as Gaussian
random variables. Based on the analysis by Rice, the E-field can be expressed in an

in-phase and quadrature form [22]

E.(t)=T.(t)cos2x f t)-T,(t)sin(2x £,t) (2.61)
where
N
T.(t)=E,Y C,cos2x f,t +¢,) (2.62)
n=l1
and
N
I.(t)y=E,) C,sin2x f,t+¢,) (2.63)

n=
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Both T.(¢) and T(f) are Gaussian random processes, corresponding to the in-
phase and quadrature components of E,, and are denoted by T, and T (for a fixed ¢),

respectively. They have zero mean and equal variance, and are denoted by

E? 2
2] _ 21 _ Lo _
E{Tc}—E{Ts}—T—E{EZ } (2.64)
It must be noted that 7, and T are independent:
E{T.T,}=0 (2.65)

Since T.(f) and T(f) are Gaussian random variables, the envelope of the
received E-field (|E(f)]®) follows a Rayleigh distribution (proof is derived via the

Jacobean transformation) [22].

2.6.2.2 Doppler Spectra Derived From Clarke’s Model

So far it is assumed that the field may be represented by the sum of N
component waves (equation (2.56)). As N— oo, it would be expected that the incident
power included in an angle between o and a+ da would approach a continuous,
instead of discrete, distribution [3]. Let p(@)da denote this fraction of the total
incoming power within da of the angle of @, and also assume that the receiver
antenna is directive in the azimuthal plane with power gain pattern G(a). Thus it is

possible to express the total received power as
2x
P.= [AG(a)p(@)da (2.66)
0

where A4 denotes the average received power with respect to an isotropic antenna, and
AG(a)p(a)da is the differential variation of the received power with angle [3]. This
differential variation of the received power can be expressed in terms of frequency
[22]. If the scattered signal is a CW signal of frequency f., then the instantaneous

frequency of the received signal component arriving at angle « is defined as

fl@)=f=f,cosa+f. (2.67)
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where f,, is the maximum Doppler shift (f,, = v/2) and f{e) is an even function of c.
Since @) = f-a), the differential variation of power with frequency may be

expressed as
S(N)|df|= 4] p(@)G(a)+ P(-a)G(-a)]|da| (2.68)

where S(f) is the power spectrum of the received signal. Using the differentiation of

equation (2.67), it is possible to derive
|df|=|da]|-sina] £, (2.69)

since a can be expressed in terms of £, such that

a=cos™! (%} (2.70)

therefore

sin = 1—[%&] 2.71)

substituting equation (2.69) and (2.71) into (2.68), thus gives the power spectrum of

the output of a receiving antenna

A p(@)G(@) + P(-a)G(-) |
2
_| =t
f Jl &3

S(f)=0, forlf—fc

S(f)= 2.72)

where

> f, 2.73)

The above spectrum is centred on the carrier frequency and is zero outside the
limits of f; #f,,. Each of the arriving waves has a carrier frequency, which due to the
direction of arrival, is slightly offset from the centre frequency. This power spectrum
depends on the antenna gain pattern and differs from the power spectrum of the field

components. It is possible to assume from the present model, that there are antennas
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that respond to the field directly. For example, if the transmitted signal is assumed to
be vertically polarised, the electric field will be in the z-direction. This infers that the
field may be sensed by a vertical /4 antenna (with G(a) = 1.5). Substituting this into
equation (2.72) and assuming that p(a) is uniformly distributed over the interval of 0

to 27 (i.e., p(@) = 1/2x) gives

1.5

2
w17

Se. ()= (2.74)

Antennas may likewise be used to sense the magnetic field along the x-axis
(Hy) and along the y-axis (H,) in order to derive the magnetic field power spectra
(Salf) and Sg(f)).

In equation (2.74), the power spectrum at f = f. * f,, is infinite, meaning that
the Doppler components arriving at 0° and 180° have an infinite power spectrum.
This is not a problem since « is continuously distributed and the probability of
components arriving at exactly these angles is zero [3]. Figure 2.12 illustrates the
Doppler power spectral density for an unmodulated CW signal. The spectrum
analysis for Clarke’s model was developed by Gans [22].

f

fc'fmw ) . . | ,:t ‘ ‘ A f:+frn

Figure 2.12: Doppler power spectra derived from Clare’s model.

The Doppler spectra derived from Aulin’s model gives an RF spectrum, which
does not tend to infinity at f = f. + 1, and is therefore a better fit for the Doppler
experienced in the channel. Parson’s Model gives an even better fit to this spectrum

and is derived in [1].
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Following the envelope detection of the Doppler-shifted signal at the receiver,
the baseband power spectrum has a maximum frequency of 2f,. It is shown from

Jakes [22] that the electric field produces a baseband power spectral density given by

2
Senis, (f )=8ﬂlf K 1—(2§ ] (2.75)

where K[] is the complete elliptic integral of the first kind. This is a result of the
temporal correlation of the received signal when passed through a nonlinear detector

[3]. Also, the complete elliptic integral of the first kind is defined as [21]

/2 1/2
K(m)= j (1—msin2 6?) de (2.76)

0

In reality, the Doppler spectrum can show considerable variation from this
model. In fixed wireless applications the Doppler spectrum is approximately
exponential in its shape [23]. Clarke’s model conveniently produces analytical
statistics that are unrealistically identical regardless of the direction of travel
(omnidirectional). Many measurement campaigns have shown that the arriving
multipath in a local area bears little resemblance to this omnidirectional propagation
assumption. In general, an approximately omnidirectional model does not accurately
describe fading statistics if directional or smart antenna systems are used.

Recently a powerful method of using shape factors [24] has been presented
which allows the quantative analysis of any distribution of non-omnidirectional
multipath components in a local area. Three shape factors are defined; angular
spread, angular constriction and azimuth direction of maximum fading, which
describes the distribution of the arriving multipath energy. Basic second order small-
scale statistics such as level crossing rate, average fade duration, autocovariance and
coherence distance, may be described in terms of multipath shape factors. These are

well documented in [15, 24].

2-36



Chapter 2 Mobile Radio propagation

2.6.2.3 Two-Ray Rayleigh Fading Model

Clarke’s model and the statistics of Rayleigh fading are for flat fading
conditions and therefore do not consider multipath delay. Modelling the effect of
multipath delay spread has become essential for high data rate communication
systems [3]. A simple model which can be useful in modelling the multipath in a
channel is the two-ray independent Rayleigh fading model. The impulse response of

the model is given by
h(t) =™ 5(t) + e’ 5(t-1) .77)

where a; and a; are independent and Rayleigh distributed, ¢; and ¢, are independent
and uniformly distributed over the interval of 0 to 2n, and 7 is the time delay
separation between the two rays. By varying 7, it is possible to examine a wide

variety of frequency selective fading effects.

2.6.2.4 Saleh-Valenzuela Model

The Saleh-Valenzuela Model [25] is a popular indoor statistical multipath
channel model based on measurement results. Here, it is reported that the
measurement results were obtained by using 10ns radar-like pulses. The method
involved averaging the square law detected pulse response while sweeping the
frequency of the transmitted signal.

The Saleh-Valenzuela Model is based on the assumption that the rays of the
received signal arrive in clusters. The received ray amplitudes are independent
Rayleigh random variables with variances that decay exponentially with cluster delay
as well as with ray delay within a cluster. The corresponding phase angles are
independent uniform random variables over the interval of 0 to 2rn. The clusters, as
well as the rays within a cluster, form Poisson arrival processes with different, but
fixed rates. Equivalently, the clusters and the rays have exponentially distributed
inter-arrival times. The formation of the cluster is related to the building
superstructure, while the rays within a cluster are formed by multiple reflections from

objects in the vicinity of the transmitter and the receiver.
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The analysis of the model carried out to produce a channel impulse response
can be presented as follows. Let the gain of the ™ ray of the ™ cluster be denoted by
Pu, and its phase by 8. Thus, the complex low-pass impulse response of the channel

is given by

h(t) = ; /;) B¢ -T ~1,) (2.78)

where T is the arrival time of the ™ cluster (1=0,1,2, ...) and 7 is the arrival time of
the " ray measured from the beginning of the I™ cluster (k = 0,1,2, ...). By
definition, for the first cluster, 7; = 0, and for the first ray within the m cluster, 75 = 0.
Thus, according to this model 7; and 7y are described by independent inter-arrival

exponential PDFs.

2.6.3 Level Crossing Rate and Average Fade Duration

Rice computed joint statistics for a mathematical problem which was similar
to Clarke’s fading model. This provided simple expressions for computing the Level
Crossing Rate (LCR) of the signal and the Average Fade Duration (AFD) of the
signal. The LCR and AFD are two important second-order statistics which are useful
for designing error control codes and diversity schemes to be used in mobile
communication systems. The LCR is defined as the expected rate at which the
normalised Rayleigh fading signal envelope crosses a specified level, R, in a positive

direction, and is defined as
N, = [fp(R,F)di =27 f,,pe ™" (2.79)
0

where 7 1is the time derivative of the received signal, p(R,7) is the joint PDF of r
and r at ¥ =R, f, is the maximum Doppler shift, and p=R/R,, is the value of the
specified level R, normalised to the local rms amplitude of the fading signal envelope
[22]. Usually the signal envelope undergoes frequent shallow fades and occasional
deep fades.

The AFD is defined as the average period of time for which the received
signal is below a specified level R. For a Rayleigh fading signal, this is defined as
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p(r)dr =12 (2.80)

substituting equation (2.79) into (2.80) gives

e” -1
pfu27

f= (2.81)

The AFD is very useful in indicating the most likely number of signalling bits lost
during the fade. The manner in which LCR and AFD are related is shown in figure
2.13, where the LCR is the average number of positive going crossings per second

and the AFD is the average of 1y, 12, 13, .-, Ta.

Figure 2.13: The relation between LCR and AFD [1].

2.7 Wideband Channel Characterisation

The characterisation of frequency-selective mobile radio channels can be
developed from the general description of linear time-variant filters (figure 2.14). The
channel can be described in terms of system functions, which give insight into the
physical mechanisms that dominate channel behaviour. This so-called ‘systems’
approach to linear time-variant channels was formally and rigorously developed by
Bello [17], based on the original work done by Zadeh on linear time-variant filters [1].
In a seminal paper, Bello proposed four system functions, which individually
provided full knowledge of the channel in the time and frequency domains. The
symmetrical relationships between these system functions via the frequency and time
duality principle meant that the full knowledge of one function would allow the direct

calculation of any other function.
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x(?) y(2)

Input Linear Time-Variant » Output
Channel

X(f) Y(f)

Figure 2.14: A linear time-variant channel with input (x(f)<>X(f)) and output

(<> Y(f)) described in the time and frequency domains, respectively.

Mobile radio channels have propagation characteristics that are seen to vary
randomly with the location of the mobile and relative motion of objects in the
channel. Bello system functions provide a description of deterministic channels,
which can then be transformed to random variables used to describe randomly time-

variant linear channels.

2.7.1 Bello System Functions

A set of four system functions are denoted by Bello as; input delay-spread
function h(t, 7), time-variant transfer function 7(ff), output Doppler-spread function
H(f,v), and delay-Doppler-spread function S(z,v). The following briefly describes

each function.

¢ Input Delay-Spread Function, A(t,7)

The input delay-spread function relates the input signal x(¢) to the output

signal y(7) by the convolution relationship, as previously expressed in equation (2.3)

wt)= Oj' x(t—o)h(t,7)dT (2.82)

where Ah(t, 7) is the time-variant channel impulse response. In the discrete time delay

and using the causality principle, equation (2.82) can be expressed as

N
Y€)= x(t-nAt)h(t,nAT)AT (2.83)
n=l1
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which can be realised in the form of a tapped delay line, composed of N delay
elements, N modulators and N adders (figure 2.15). This provides a time domain

description of the channel, where delay is associated with the channel input.

x(t)—>| Ar At ar f=— — = ar
<) (%) x)

h(t,AT)AT h(t,2AT)AT h(,NAT)AT

Figure 2.15: Tapped delay line model of a multipath channel.

The time-variant impulse response is measured directly by time domain wideband
sounders, which either use a wideband RF pulse, or its equivalent. The tapped delay

line model is often used in system simulations [4, 26].

e Time-Variant Transfer Function, 7(f,?)

The time-variant transfer function is found by taking the Fourier transform of
the time-variant impulse response, with respect to 7. This provides the relationship

between input spectrum X(f) and the output time function y(f). This is expressed as

W= [ X(OTS e df .84

where

Y(fst)zX(f9t)'T(f’t) (2.85)

and X(f1) and Y(fr) are the short term spectra of the input and output signals,
respectively, and are only valid if the channel is varying slowly with time, i.e. time-
invariant assumption [27].

For narrowband (frequency-flat) channels, the transfer function is obtained by
means of a single tone (unmodulated CW carrier) sounder. For wideband (frequency-

selective) channels, a multi tone sounder can be used which transmits several
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simultaneous spaced CW tones, which are then received individually via a
narrowband receiver [28]. This gives a direct measure of the coherence bandwidth of
the channel (chapter 5). An alternative and far more efficient technique in the

frequency/time domain is to use a swept CW carrier, i.e. a chirp signal.

¢ Output Doppler-Spread Function, H(f, )

The Fourier transform of the transfer function with respect to time ¢, gives the
output Doppler-spread function, which relates the output spectrum Y(f) to the input
spectrum X(f) in an identical manner to the way in which A(z,7) relates the
input/output time functions. The interpretation of this function is that the channel
output spectrum is represented as the superposition of elemental Doppler-shifted and
filtered replicas of the input spectrum. This is described in terms of frequency, £, and

Doppler shift, v, given by

V()= [ X -H(f vy @59

Analogous to the tapped delay line model, it is possible to realise the physical
model of the channel based on H(f,v) in the form of dense frequency conversion
chains which represent the positive and negative Doppler frequency shifts on the input
signal spectrum. This model is realised in figure 2.16, using a differential circuit
representation of equation (2.86), which uses a bank of filters with transfer functions
H(f, v)Av, followed by Doppler shifting frequency converters. The output Doppler-
spread function can be directly measured by frequency domain wideband sounders

and can be used for simulation of the channel as an alternative to A(z, 7) [18].
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“Av |— — — —> _Av —-Av -Av
H(f,~nAv)Av H(f,-2av)Av H(f,-Av)Av H{f,0)Av
X({f)» _—— —
H(f,nAv)Av H(f.2av)av( X H(f.av)av( X
Av —— — —= Ay + Av + Av Y(f)

Figure 2.16: Tapped frequency conversion chain model. This provides a frequency
domain description of the channel, where Doppler is associated with the output port of

the channel.

o Delay-Doppler-Spread Function, S(7,V)

A Fourier transform of A(t, 7) with respect to ¢ yields a function S(z, v), which is
denoted as the delay-Doppler-spread function, or simply the scattering function.
Unlike either A(t, 7) or H(f, v), which provide an explicit description of only one aspect
of the channel’s dispersive behaviour (either delay or Doppler), the scattering function
provides a description of both the delay and Doppler characteristics of the channel.
This represents a channel, which has the time-delay operation at the input and the
Doppler-shift operation on the output. The output signal y(¢) is the sum of delayed
and Doppler shifted replicas of the input signal x(f), weighted by S(z v), which can
thus be interpreted as the gain of infinitesimal point scatterers. Using the obvious

definition of

ht,0)= [S(z,v)e™™ dv (2.87)

the input-output relationship can be defined as

y(t)= j j x(t—1)8(r,v)e’*™ dvdr (2.88)

—00 —00
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2.7.2 Bello Dual Set Functions

Bello system functions have a dual set denoted as output delay-spread function
g(t,7), frequency-dependent modulation function M(t,f), input Doppler-spread
function G(f, v) and Doppler-delay-spread function V(v;7). These equivalent functions
are referred to as sister functions since they describe the channel in the same domain,

therefore it is common to employ only the first set of system functions.

2.7.3 Relationships Between System Functions

It is inherently understood from Bello that the system variables f and v are
orthogonal to each another in the same way that the variables ¢ and 7 are orthogonal.

The duality of system variables defined by Bello is illustrated in figure 2.17, with F

and F' denoting the forward Fourier transform and the inverse Fourier transform,
respectively, with respect to a system variable. In figure 2.17, the standard
convention is applied; therefore when converting from a time variable to a frequency
variable, the Fourier transform is used, whereas the inverse Fourier transform is used
when converting from a frequency variable to a time variable. The Relationships
between the Bello system functions can be illustrated using this convention (figure
2.18).

Doppler-

Frequency Shift

Figure 2.17: Relationship between system variables.
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Input Delay-Spread
Function

Time-Variant
Transfer Function

Delay-Doppler-
Spread Function

Output Doppler-
Spread Function

Figure 2.18: Fourier Transform Relationships between Bello System functions.

2.7.4 Randomly Time-Variant Linear Channels

Having established the various descriptions of the channels deterministic
behaviour (using Bello functions), it is now possible to extend the analysis to a
discussion of real radio channels, which are randomly time-variant in nature. For a
complete stochastic description of the channel, it is necessary to have a
multidimensional joint PDF of the impulse response, or an equivalent system
function. Since this is too complicated in practice, Bello suggested that the
characterisation of these channels be done using just the autocorrelation of the
impulse response or one of its Fourier transforms. Noting the definition of
autocorrelation defined in section 2.4.1.2, it is possible to describe the purely random
channel using the autocorrelation definition of the four system functions described

earlier. This is formulated as

R,(t,157,7) = E{h(t, D)k’ (t',7")} (2.89a)
R (/. fit.6)= E{T(f,0T" ("1} (2.89b)
R, (f,[5v.v)= E{H(f,V)H" (')} (2.89c)
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Ri(r,7v,v)=E {S (z,v)S* (7', V')} (2.89d)

where ¢ and t’ are time variables, 7 and 7’ are time-delay variables, f and f” are
frequency variables and vand v’ are Doppler-shift variables.

In the same way that the Bello system functions were related by the Fourier
transform, the system autocorrelation functions are also related by an inherent Fourier
relationship. However, since there are two pairs of each variable, the double Fourier
transform has to be employed [17]. This is denoted by DF and DF"!, which represents
double forward Fourier transform and double inverse Fourier transform, respectively.
However, it must be noted that when transforming from a time variable to a frequency
variable, a positive exponent is used to connect the first variables in each pair and a

negative exponent to connect the second variables (e.g. from Ry, to Ry, use ¢/**/*and

e”’”"). When transforming from a pair of frequency variables to a pair of time

variables, an opposite signing procedure is used (e.g. from Ry to Ry, use ¢**/ and
e’’™7").  Using this convention, the relationships of the system autocorrelation

functions are illustrated in figure 2.19.

R, (1,1';7,T")

R, (f, [ 5v,V)

Figure 2.19: Relationships between system autocorrelation functions.

If the statistics of the channel are zero-mean Gaussian, then the autocorrelation

functions are sufficient to completely characterise the channel. If they are not zero-
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mean, then the mean values are required in order to use the autocovariance definition.

Only non-Gaussian statistics require higher-order statistics [27].

2.7.5 Description of Practical Channels

Even the Autocorrelation function is too complicated for a practical
description of the channel, since it is dependent on four variables, e.g., ¢, t’, 7, 7’ (or
its equivalent). The Wide-Sense Stationary Uncorrelated Scattering (WSSUS)

assumption allows a further simplification (as noted in section 2.4.1.2).

2.7.5.1 Wide-Sense Stationarity (WSS)

As noted previously, a channel is wide-sense stationary if its autocorrelation
function does not depend on ¢ and ¢’, but only on the difference Ar =¢’- . This is
denoted by

R, (t,t",7,7)=R, (t,t+At;7,7") = R, (At;7,7") (2.90)
and

Re(f, f560)=Re(f, fit,t + A =Ry (f, /1 Ar) (2.91)

The physical interpretation of this is that the second-order statistics of the
channel remain the same over time (strict sense stationarity would mean that the
higher-order statistics would not change over time) [27]. The equivalent narrowband
case would be a Rayleigh fading amplitude (equation (2.41)), where o’ stays the same
over time.

A further interpretation of the WSS condition is given by the spreading

function S(7, v) and its Fourier relationship
R(z,7v,v) = R (t,t:7,7)e/ MV dedy (2.92)

S h

Inserting equation (2.90) into (2.92) gives

R.(z,75v,v)= |/t | R (At;7,7)e ™ MdAt  (2.93)
S h

—00
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The first integral in equation (2.93) is just a delta Dirac function &(v-v’), therefore
R (r,7"v,V") = I~’S (z,7;v)o(v—Vv") (2.94)

In the general notation used, P{-} represents the PSD, which is derived by

taking the Fourier transform of the autocorrelation functions. In equation
(2.99), f’S(r, 7';v) is the delay-Doppler cross power, denoted by the second integral in

equation (2.93). Thus, the WSS assumption implies that the contributions of the
different scatterers are uncorrelated if they give different Doppler shifts. In a similar

way

Ry (f, fv V) =Py (f, fv)o(v—v') (2.95)

In terms of circuit model representation, this implies that the transfer functions
of the random filters associated with different Doppler shifts (figure 2.16) are

uncorrelated.

2.7.5.2 Uncorrelated Scattering (US)

The Uncorrelated Scattering (US) assumption is defined as the contributions

of scatterers with different delays being uncorrelated. This implies
R (t,t't,7")=P,(t,t'7)0(r ~7') (2.96)
For R, the US condition means
R (z,Tv,v') = f’s (;v,v)o(r-7") (2.97)

Physically, the US assumption implies that one echo gives no information
about another echo with a different delay. The US is regarded as the dual of the WSS
assumption in the frequency domain, such that the autocorrelation functions will only

depend on the frequency difference between the variables, i.e. Af=f-f. This implies

R, (f,fv,V)= Ry (f,f+Afv,V)=R, (Af5v,V) (2.98)

and

Ry (f, [568)=R.(f, f+Aft,t")= Rp(Af58,¢) (2.99)
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Thus equations (2.98) and (2.99) only depend on the frequency difference, and

not the absolute frequency.

2.7.5.3 The WSSUS channel

It is an obvious step to combine the WSS and US conditions to form the
WSSUS assumption. As a result a WSSUS channel exhibits WSS with respect to the
time and time-delay variables and US with respect to the frequency and Doppler-shift
variables. The WSSUS assumption provides the simplest type of randomly time-
variant linear channel description. This is accomplished via the WSSUS channel

correlation functions, described as

R (t,t+At;7,7")=0(r—1")P (At;7) (1.100a)
R.(f,f+Af;t,t+At)=R.(Af;Ar) (1.100b)
Ry(z,7;v,v)=6(r—1)o(v—V")P(7;v) (1.100c)
R, (f,f+Af;v,v)=0(v—v)P,(Af;v) (1.100d)

The functions on the right depend now on only two variables, which clearly
simplifies the formulation and computations of the channel characteristics. The name
and Fourier relationships of these correlation functions are shown in figure 2.20.

The WSSUS assumption provides many inaccuracies, however it is a simple
model for the channel that has proved to be very useful in the characterisation of
scattering radio environments. The ergodicity assumption (with respect to ¢ and f)
leads directly to the WSSUS channel. However, the US assumption is only fulfilled
for certain types of environments. For particular indoor channels and other special

environments such as corridors and tunnels, scatterers are not uncorrelated [29].
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Figure 2.20: Relationships between correlation functions in the WSSUS channel.

Many channel parameters can be derived from the correlation functions shown
above, including power delay profile P(7), Doppler spectrum P(v), frequency
correlation function Ry(4f) and time correlation function Ry(Af). In turn these
parameters lead to the computations of many other parameters, such as coherence
time, coherence bandwidth, delay spread and Doppler spread. The most useful
correlation function is the scattering function, since it can lead directly to the power
delay profile and the Doppler spectrum [30]. The link between the channel
parameters used for WSSUS channels is shown in figure 2.21.

In general, many models have been developed from the WSSUS assumption
[31] and in the literature the simplified channel correlation functions have been
extended to include spatial parameters. One example is the WSSUS Homogenous
channel (WSSUS-HO) model [23]. Furthermore, Deterministic Gaussian
Uncorrelated Scattering (DGUS) models have been developed to form an analogous
relationship to the WSSUS model [29, 32].
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Figure 2.21: Special cases for WSSUS channels, which lead to important channel

parameters. The arrows labelled FT, represent the relevant Fourier transforms.

2.8 Summary and Conclusions

Thus far, the fundamental principles of mobile radio channels have been
presented. These include the effects of time dispersion and frequency selective
fading, which were defined as manifestations of multipath propagation, giving rise to
the terms delay spread and coherence bandwidth. The effects of frequency dispersion
and time selective fading were also described, as being the result of the time-varying
nature of the channel, giving rise to the terms Doppler spread and coherence time.
Angle spectrum and angular spread were also defined with the fundamental definition

of coherence distance. Furthermore, the basic statistics of channel fading were
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discussed, including Clarke’s model, which resulted in the well-known U-shape
Doppler power spectra. Finally, a description of the Bello system functions was
presented. These functions could be used to characterise randomly time-variant linear
channels, and could lead to a description of practical radio channels via the simplified
WSSUS assumption. To date, these definitions are widely used to process and

analyse a broad range of mobile radio propagation channels.
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Chapter 3
MIMO Radio Channels

3.1 Introduction

The desire for higher capacity links for mobile radio systems has led to the
development of multi-antenna technologies. To date, multiple antenna systems have
been used widely for diversity enhancement relative to single antenna systems. The
deployment of multiple antennas at both sides of the radio link constitutes a Multiple-
Input Multiple-Output (MIMO) system. Such systems can be employed not only to
provide diversity gains through appropriate space-time (ST) coding strategies but can
also allow parallel data streams to be transmitted in order to provide multiplexing gain
[1, 2]. The fundamental aims of employing MIMO space-time wireless systems are
not only to improve spectrum efficiency (bits/s/Hz) but also quality of service and
radio network coverage. Figure 3.1 illustrates a typical MIMO communication
system with n, transmit antennas and », receive antennas.

There has been considerable effort by various research communities around
the world to study and develop MIMO technologies, although most of the research
studies undertaken thus far have been restricted to narrowband (flat fading) channels.
Recently the performance of frequency selective channels has drawn more attention
and in particular the combination of OFDM with MIMO systems (MIMO-OFDM) is
being proposed for next generation adhoc and cellular systems as well as MIMO
spread spectrum and MIMO multi-user technologies [3, 4]. Although the MIMO
system concept is relatively new and presents a number of practical challenges such
as multiple antenna integration and signal processing, it is nevertheless anticipated
that a great deal of progress could be made in this field over the coming years.

In this chapter, the different types of multi-antenna systems are reviewed and
the channel capacities available when communicating via MIMO links are described.
Furthermore, a literature survey is provided on the various MIMO channel models

and reported measurement campaigns undertaken thus far. Finally, some of the issues
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For a SIMO (Single Input Multiple Output) system with n; antennas and a
MISO (Multiple Input Single Output) system with n; antennas, the received signal
strength is enhanced by ny or #;, respectively. Since the noise adds incoherently, and
assuming coherent addition of the signal components, an increase in channel capacity

is achieved, given by [6]

Cono = Blog,(1+n,p,) (3.2)

and

C,uso = Blog,(1+n,p,) (3.3)

A MIMO communication system employs 7, transmit antennas and »; receive
antennas and hence for coherent addition this enhances the received signal strength by

nshy times, giving a capacity

Ciimo = Blog,(1+nnp0,) (3.4)

3.3 MIMO Spatial Multiplexing

The diversity MIMO capacity given in equation (3.4) can be further increased
by spatial multiplexing, i.e. transmitting independent data streams on the different
antennas over independently faded channels. This is discussed in section 3.4.

For MIMO systems, the time-variant impulse response between the ;™ transmit
antenna and the /™ receive antenna is given by h;(t, 7) and denoted by a np x n; matrix,

H(z, 7), defined in [9] as

(1) hy(67) - Ay, (7))

h(t,0) Ip(t,) e By, (47)

H(t,7)= (3.5)

_han(t’T) hnRZ(t’T) han,(t:’T)_

Therefore, for a signal x;(f) transmitted from the jlh antenna, the signal received at the

i™ antenna, yi(h), is given by

7O =S b6, )% x,(t),  i=12,..,m, 3.6)
=
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and in matrix notation

y(®)=H(t,7)*x(?) 3.7
where
T
x()=[x0) @ - x,0)] (3.8)
and
T
YO=[»0) »n® - 2,0 (3.9)

The time-varying channel matrix is normally simplified for the static

narrowband case expressed as

—hn By - I"m,
I (3.10)
han hnRZ T RNy

. .

consequently

y(#) = Hx(¢) (3.11)

If the elements of H are independent Zero-Mean Circularly Symmetric
Complex Gaussian (ZMCSCG) random variables with unit variance [8, 9], this leads
to the Independent and Identically Distributed (IID) spatially white assumption of
MIMO channels i.e. H = H,,. This basic model is often used for MIMO system
simulations and is defined as a reference for many capacity calculations. For the case
that ny =ng=nand H=H,, a central result is achieved via the strong law of large
numbers [9, 17]

1
n

.. C—>n-Blog,(1+ p) (3.13)

HHY 51 as n—>o (3.12)

Equation (3.13) implies an n fold increase in channel capacity, over that of the SISO
case.
In reality, H can deviate significantly from H,, for a variety of different

reasons. These include inadequate antenna spacing causing spatial correlation, the
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presence of a LOS link (Rician fading), gain imbalances between the channel
elements through the use of polarised antennas, or channel rank deficiency caused by
keyhole channels [11-14]. Many of these are discussed in [9].

There are various properties of the n; x n, MIMO channel matrix which
should be analysed before proceeding. Channel decomposition is particularly
important for analysis of systems where channel knowledge is available at the
transmitter as well as at the receiver. Using Singular Value Decomposition (SVD),

any n x ny channel matrix, H, can be written as

H=UDV” (3.14)

Where D is the diagonal matrix containing the non-negative singular values,
and U and V are the n; x r and n; x r unitary matrices, respectively, where r is the
rank of the channel matrix and is limited by the smallest array size (either at the
transmit site or at the receive site). The diagonal values of D are the square roots of
the eigenvalues of matrix HH" denoted by A.

In defining the MIMO channel matrix, there is often reference to the squared

Frobenius norm of H, IElf , which is given by
2 &Gy, 12
[l =3 > Ay (3.15)
=1 j=1

This norm typically represents the overall power gain of the channel. The
squared Frobenius norm is important in the normalisation of channel capacity results
since it represents the overall matrix gain. This is practically described in chapter 8
and MATLAB programs for channel normalisation are provided on the accompanying
CD-ROM.

3.4 Capacity of MIMO Channels

The input-output relationship of a MIMO system is given by

y=\/—%ﬂx+n (3.16)
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where x is the transmit signal vector (n; x 1), y is the receive signal vector (n; x 1), H
is the n, x n,; channel matrix and n is the noise vector (n; x 1). Here, E; is the total
average energy available at the transmitter over a symbol period. The transmit signal

covariance matrix, R = E{xx"}, must satisfy the condition Tr(R_)=n, to limit the
total average energy transmitted over a symbol period [9]. Noting that E /N,

represents the signal to noise ratio denoted by p, the generic capacity of a MIMO
channel can be expressed as [9]
_ P H )
Como = Tr&l&ﬁw log, det(lnk +ZHR“H J bits/s'Hz  (3.17)
Equation (3.17) is the fundamental capacity equation from which various
expressions can be derived. Assuming the channel is completely unknown to the

transmitter but known to the receiver, then the input vector, x, may be chosen to be

non-preferential (i.e. R, =1, ). This means transmitting the same power on all the

antennas, thus giving a capacity

C=log, det(InR +%HH”) (3.18)

A higher capacity can be achieved when the channel is known at the
transmitter. In this case it is possible to increase the channel capacity through
adaptive power allocation also referred to as waterfilling [16]. This is achieved by the

modal decomposition of the H matrix into » (where r is the rank of the channel)
parallel spatial sub-channels, each with gain\/z . Figure 3.2 provides a simple

illustration of the parallel sub-channels or “data pipes”.
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—)_ A )
Transmitter '_—g \/Z )__' Receiver

—_ E )

Figure 3.2: Representation of r spatial data pipes between transmitter and receiver.

This can be understood simply by representing the MIMO capacity equation

given earlier as the sum of SISO channels, each having power gain A;
C=Ylog,|1+£ 4 (3.19)
i=1 hy

With channel state information (CSI), the transmitter now has the potential of

allocating variable energy across each of the spatial sub-channels, given as

C-—-Zr:Iog2 (1+8,.

i=1

P ,11.J (3.20)

hy

where &, represents the transmit allocated energy in the i sub-channel and satisfies

> & =n,.

In general, CSI at the transmitter could be obtained either through some type
of feedback link from the receiver or via the reciprocity principle in a duplex system.
In the case of feedback, the channel information is sent from the receiver to the
transmitter. This feedback will inherently involve some delay period (for the time of
flight), therefore it must be ensured that this delay time is much smaller than the
coherence time of the channel to avoid considerable temporal variations. Feedback
could potentially provide a large overhead on the reverse link. An alternative is to
only feedback partial information, which will reduce this overhead.

The reciprocity principle could be examined for Time Division Duplexing

(TDD) and Frequency Division Duplexing (FDD) systems. For TDD channels, the
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forward and reverse links can only be equated if the time delay (i.e. the time
difference between the forward and reverse link) is small compared to the coherence
time of the channel. In FDD links, the forward and reverse channel can only be
equated if the duplexing frequency difference is small compared to the coherence
bandwidth of the channel. Due to limits on the filters separating these two bands, the
frequency difference is not smaller than the coherence bandwidth, meaning that in
practice the reciprocity principle cannot be used in FDD links [9].

Channel capacity where no CSI is available at either end of the radio link (i.e.

blind channel estimation) is still an ongoing research area and is not discussed here.

3.4.1 Wideband Channel Capacity

So far the capacity equations have been defined for narrowband links. It is
also possible to calculate the capacity of a wideband fading MIMO channel by
dividing the frequency band into N narrower frequency-flat channels, each with a
bandwidth of 1/N Hz [9]. By denoting the /™ frequency flat channel as H; (i =

1,2,...,N), the input-output relationship can now expressed as

y: =\/%Hixi+ni (3.21)

where as before, y; is the ng x 1 received vector, Xx; is the nr x 1 transmit vector and n;
is the ng x 1 noise vector for each i™ sub-channel. The total input-output relationship

can then be written as

_y]‘ —Hl 0 0 "x]_ _n]_

Y2 |2 510 1.12 0 1% +| "2 (3.22)
: n.|: .o : :

Y| 0o 0 - HN_/_XN_ oy |

Yy Hyp Xpp  Npp

where the subscript WB here denotes a wideband channel, hence Yyp is ngN x 1, Xpp
is nyN x 1, Nyp is ngN x 1, and Hyp is an ngN x nyN matrix whose diagonal elements

represent the narrowband sub-channels H;. As in the case of narrowband channels,
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when the channel is unknown to the transmitter, equal power is allocated to each

transmit antenna (i.e. Rxx = Inyy) giving a capacity defined as [9]

Cyp ®

1 & o
ﬁglogz det{l,,R +%H,.H,.H J bits/s/Hz (3.23)
If all the elements H; are IID, then by the strong law of large numbers [17], the
capacity of one sample realisation of the wideband channel approaches a fixed value.

In most of the literature, the frequency-selective capacity is similarly defined

by integrating over all frequencies [19], and is expressed as

wa% jBlog2 det[]{nk+;’0—H( HHA(f )]df bits/s’Hz  (3.24)

T

where H(f) is the frequency-selective transfer function and B denotes the bandwidth
of interest.

For random channel capacity, a practical measure which is often used, is the
outage capacity. This gives the channel capacity that is guaranteed with a defined
level of reliability. The ¢% outage capacity is defined as the information rate that is
guaranteed for (100-g)% of the channel realisations. This definition of link
throughput is used in chapter 8.

3.4.2 Degradation of MIMO Channels

Various factors influence the degradation of MIMO channels from the ideal
IID channel model, H,. These include spatial correlation caused by the antenna
spacing or scattering, different polarised antennas leading to gain imbalances between
the elements of H, the presence of a LOS component leading to Rician fading as well
as antenna coupling, the effects of interferers in the channel, and high Doppler
frequencies, which are not reviewed in this section.

Some of these effects can be reasonably examined by substituting the various
extended channel models in the literature into the capacity equations. For the case of

spatial correlation, the ‘Rayleigh flat-fading channel can be modelled by
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H=R!?H R!"? (3.25)

where R, and R, represent the positive definite Hermitian matrices for transmit and
receive correlation, respectively. Therefore, substituting this into the capacity

equation for a MIMO channel without CSI at the transmitter, gives [8]

C=log,det| 1, +2-R"?H R H'R""? (3.26)
2 np n, r ey Sl Ve o

3.5 MIMO Propagation Models

The desire to develop future wireless systems which offer higher data rates
and better qualities of service has driven an overwhelming number of researchers to
investigate a variety of MIMO space-time systems. In the past few years, researchers
have developed a number of MIMO channel models, mostly while assuming a
comparatively benign temporal environment. Some of the more significant channel
models are reviewed in the following.

There are various ways of classifying MIMO channel models. In the literature
some classify channel models by the effective system bandwidth, and these are
termed narrowband or wideband models. A more popular classification is by
whether the models are stochastic or deterministic in nature. Stochastic models
essentially refer to parametric methods, geometrically-based methods and correlation-
based methods. Deterministic models on the other hand refer to Ray-tracing methods
and recorded impulse response models. In the following, the MIMO channel models
are divided into physical and non-physical models.

In general, the physical models use some physical parameters to describe the
MIMO propagation channel. Some typical parameters include Direction of Arrival
(DOA), Direction of Departure (DOD) and time delay. Non-physical models on the
other hand are based on channel statistical characteristics using non-physical
parameters. Non-physical models are easy to simulate and provide accurate
characterisation of the channel for the scenarios under investigation, although they
only give limited insight into the channel and are primarily limited by the channel

measurement equipment used [20]. Physical models are less restrictive, but still prone
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to the same prejudice in relation to the conditions under which the models are

identified. The following briefly describes both categories of channel models.

3.5.1 Non-Physical Channel Models

3.5.1.1 IST METRA Project

The European Union IST METRA (Information Society Technologies
Multielement Transmit-Receive Antennas) project [21-23] was initiated to carry out
an extensive indoor measurement campaign in Aalborg (Denmark) at a carrier
frequency of 2.05 GHz. The aim of the project was to develop a simple stochastic
MIMO radio channel model (with its implementation in COSSAP® simulation
software) using correlation matrices at the transmitter and at the receiver.

Assuming M number of transmit antennas and N number of receive antennas,

the wideband channel model (excluding noise) was given by
L
H(7)=) A/6(r-1)) (3.27)
=

where H(7) is the N x M matrix of impulse responses and A; is a matrix of complex
transmission coefficients, which describe the linear transformation between the

transmit and receive antenna arrays at delays 7. A, is given by

PG (0 0 ]
al(l) Qo Oy
) ) )
a a s e e a
A =" 2 M (3.28)
) O . )
| AN1 Oy? Ay |

where the coefficientsa) (for the m™ transmit antenna and the n™ receive antenna)

are assumed to be zero-mean complex Gaussian with the same average power, P,.

In order to construct this MIMO channel model, the correlation between the
different pairs of transmission coefficients needed to be determined. The correlation
coefficients between different transmit antennas (m; and m;) and different receive

antennas (n; and n,) are denoted by
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2 2
! !
Praim, =<‘06,(,,1)n ), > (3.29)
2 2
Rx I !
pnln2=<‘afm),l oo, > (3.30)

where it is assumed that the spatial correlation on one side of the radio link is quite
independent of antenna elements on the opposite side. However, the cross correlation
of the two transmission coefficients connecting two different sets of antennas (for n; #

ny and m, # my) can also be defined, and this is given by

2

2

2
mm l ! —_ AL Rx
p”;’”]z _<a'("1)”1 a'("Q)”Q >_'0"’)1r”’2p"1’b (.31
where this equation represents a theoretical result [23]. It is also possible to denote

equation (3.31) in terms of symmetrical complex correlation matrices R™ =[ p;; Lss
and R™ =[p/], ., given by

R,0 =R*®R¥ (3.32)

Following the approach in [24], the correlated transmission matrix can be

simulated according to

A, =vec(A,))=,[/PCa, (3.33)

where vec(-) denotes the operator to stack the columns of the correlated transmission
matrix A; into a column vector A, , and a; is a column vector with IID elements
(MN x 1). Here, C denotes the symmetrical mapping matrix, which is a direct result
of the standard Cholesky factorisation [10] of the matrix R,,,,, = CC" [22].

In the IST METRA Project, narrowband MIMO channels were simulated via
the above model and compared with measured data by means of the Cumulative
Distribution Function (CDF) of the eigenvalues. The results showed agreement
between the simulated channel and the measured channel.

The METRA Channel characterisation model only reproduces the correlation
matrices and the fast fading characteristics of the channel, while the phase

information across the antenna arrays is not necessarily reflected correctly in the
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model. An improvement for this was to employ a phase steering matrix to provide the

average phase-shift information with respect to the first element [22].

3.5.1.2 IST SATURN Project

The European Union IST SATURN (Information Society Technologies -
Smart Antenna Technology in Universal bRoadband wireless Networks) project was a
significant effort by the European community to investigate smart antenna
technologies, primarily for UMTS and HIPERLAN systems [25]. Various
measurement campaigns (both wideband and narrowband) were undertaken by two of
the partners of the IST SATURN project in the aim to develop a correlation model for
the channel. The measurement campaigns were conducted by; the University of
Bristol using the MEDAYV RUSK BRI Vector Channel Sounder, and France Telecom
R&D using the new AMERICC (Appareil de Mesure de la Réponse Impulsionnelle
pour la Caractérisation du Canal) sounder. The outcome of the project led to a
justification that the channel covariance matrix could be modelled by the Kronecker

product ® of the covariance matrices at both ends of the radio link, that is
k (H*) vec(HF)" kY k
R}, = E{vec(H*)vec(H*) 1 =(R} 1) ®(Rfyp,) (3.34)

where R}, denotes the channel covariance matrix of the K™ tap (from a tapped delay

line analogy) of the MIMO channel impulse response [25], and RY . and R',‘W

H,7x
denote the covariance matrices of the ™ tap seen from the transmitter and receiver,
respectively. For a narrowband channel model, R, = (R, ;)" ® (R, ).

Assuming that the taps are independent zero-mean complex Gaussian, the k™

tap of the wideband MIMO channel impulse response can be modelled as

H, = (R} x )1/2 G, (R )”2 (3.35)

where H, is the s tap of the MIMO channel impulse response, H, and G, is a random
matrix with IID elements.
For measured narrowband data, the relative error between the estimated

MIMO covariance matrix and the Kronecker product of the estimated receive and

3-13



Chapter 3 MIMO Radio Channels

transmit covariance matrices were shown to be less than 1% for a 2 x 2 antenna
system and less than 5% for a 3 x 3 antenna system. In the case of the wideband
channel model, separate channel covariance matrices were estimated for each channel
tap, Hy. Again, the product structure in equation (3.35) showed very good agreement
with the measured data, with a relative error of less than 10% for each tap. The
accuracy of the estimated covariance matrices were worse in this case, since no

averaging was possible over frequency [25].

3.5.2 Physical Channel Models

3.5.2.1 Distributed Scattering Model

This effective narrowband channel model was presented in [8] for describing
outdoor MIMO propagation. It is assumed again for this model that there is an N x M
MIMO propagation channel and a distributed scattering environment between the
transmitter and the receiver. By assuming that there are enough scatterers (denoted by
S) between the transmitter and the receiver to cause random fading in the channel, the
scatterers at the receive end could be seen as a virtual array between the two ends of
the radio link. Consequently, the channel transfer function can be represented as [8]

1

— 1/2 1/2 1/2
H = \/—g—Rgher,R%’ZDr,SG,R@ 2 (3.36)

In equation (3.36), the 1/Js term represents the normalisation factor and
R,%, , Ry, s> R, are the correlation matrices seen from the transmitter, the
virtual array, and the receiver, respectively. Here, G, and G, are random matrices
with IID elements which denote the scatterers by the transmitter and receiver,

respectively. There is a detailed description of the distributed scattering model and its
parameters in [8, 27].

Various outdoor channel environments could be examined by determining the
rank of the channel matrix (influenced by R,?, , R,%,,, /s> Ry% ). This includes the
study of true keyhole channels where the rank of the channel matrix is effectively

singular.
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3.5.2.2 Multidimensional Parametric Channel Model

The k-dimensional parametric channel model is a powerful deterministic
representation of the channel proposed by the collective research studies of the
technical universities of Ilmenau (Germany) and Vienna (Austria) [30-40]. This
model is formed from the multipath parameters derived from measured results, with
the fundamental assumption that the propagation signal is a finite sum of discrete,
locally planar waves. It is further assumed that the relative bandwidth is small
enough so that the time delay of the impinging waves simply transforms to a phase
shift between individual antennas in the arrays, and the array aperture is small enough
so that there is no observable magnitude variation of any single wave received at the
different array elements [30, 31]. Furthermore, the channel parameters are assumed
to be time-invariant during a measurement snapshot time period. Based on the above

assumptions, the multidimensional wave propagation model can be expressed as

P

h(VsTal//Rxs‘ng’WTx"ng)zz}/P '5(V—Vp)5(T_TP)

p=l
5(WRX _‘//R_x,p)a('ng _'ng,p)

.5(V/TX —V/Tx,p)é('ng _'ng,p) (337)

where y, represents the 2 x 2 path weight matrix describing the two polarisation

responses of the receive and transmit antennas, respectively. The parameters 7, v

denote the time delay and Doppler shift, respectively, while the DOA and DOD (in

azimuth and elevation angles) are represented by v, , 4., and y,,, 4,

., respectively.
Equation (3.37) denotes the complex channel impulse response described by P
dominant paths and resolved in six dimensions for time delay, doppler shift, and both
directions seen from the transmitter and receiver [30]. In equation (3.37), the path

weight matrix is given by

71//1// }/ 3
=l (3:38)
Sv, Vs,
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With appropriate arrays deployed at the BS and the MS, the data model in
equation (3.37), transforms into a multidimensional harmonic retrieval problem, given

by

P
_ —jlavyt —jlnfr
H(t,f,nRx,me,nTx,me)—Z}/pe e ?

p=1

.e—jZEnqu/RX’p e_jZ””’Rx‘gla,p

— P27 W —Jj27my Sy,
e J ”n’IxWT:c,pe J m?x‘97x,p (339)

where the variables m and n represent the corresponding spatial aperture domains at
the receiver and transmitter antennas, respectively. The harmonic retrieval problem
could be solved using a k-dimensional parameter estimation based on the ESPRIT
algorithm, which is a search-free method based on the SVD of the signal subspace,
and is widely used for DOA estimation. This algorithm can be considered as a
superresolution algorithm since it results in parameter resolution, which is better than
the Fourier method [31]. The resolution achievable by the ESPRIT algorithm is
limited in terms of SNR, incorrect model assumption, and limited measurement
accuracy such as calibration errors, etc. In most cases, the Unitary ESPRIT algorithm
is used because of its computational efficiency.

A collection of real time measurement data in various typical radio
environments are used in [30-35] to provide a deterministic characterisation of the

radio channel by resolving individual multipath parameters. Based on the full set of
estimated multipath parameters, {y,,v,,7:, 9, p>Wr pSs p¥r ) » Which describe the

discrete path model, it is possible to locally construct the electromagnetic field in the
distinct vicinity of the receive and transmit antennas, in both time and frequency. The
basic principle of parametric channel modelling based on high-resolution MIMO
measurements is illustrated in figure 3.3. It should be noted that although this model
provides a very useful step for parametric MIMO channel modelling, it does
ultimately make a number of restrictive assumptions about the channel which can
result in erroneous estimates. Some of these issues will be addressed in the following
chapters. One example is the use of delta functions as opposed to finite pulses

(limited by system bandwidth) to model each channel parameter.
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a ™
Local MIMO Superresolution Reconstruction of G.eneratlon Of.
. Application Specific
Impulse Response Parameter Electromagnetic
N . Impulse Responses
Measurements Estimation Field wave . .
for Simulation
_J J

Figure 3.3: Principle of multidimensional parametric channel modelling.

A number of other physical MIMO channel models have been proposed over
the past few years, including the virtual array channel model which separates the
MIMO channel into K parallel virtual channels, and the Electromagnetic scattering
model which is based on the electromagnetic properties of the channel and the

antenna arrays at both link ends.

3.5.2.3 Other Physical Channel Models

A widely referenced MIMO channel model is the one-ring model [26] which
was initially developed in order to give a physical description of the narrowband
MIMO channel. In the one-ring model, the base station (BS) is assumed to be
elevated well above ground so that it is not obstructed by local scatterers, while the
mobile station (MS) is surrounded by scatterers [20]. For this model, no direct LOS
path is assumed to be present between the transmitter and the receiver. Here, each ray
is assumed to be reflected once and all the received rays are assumed to have the same
power. This provides a rudimentary physical description of the channel coefficients.
It is possible to extend the one-ring model, so that the BS is also surrounded by
scatterers. For this case, each ray is reflected twice and the channel coefficients can
be derived [26].

In [29] a directional model was developed by the European cooperative
research initiative COST 259 (COoperation in the field of Scientific and Technical
research). This model aimed to define the double directional channel impulse
response using the analogy of L impinging plane waves at the receiver.

Another key model was the MIMO extended Saleh-Valenzuela model which
was a double-directional narrowband version of the original model presented in

chapter 2. This model assumes that the multipath at the receiver arrive in clusters
[28].
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Whilst the physical channel models provide some analytical description of the
channel, they often fall short of providing an accurate description of the multipath

environment.

3.6 MIMO Channel Measurements

In section 3.5, a brief description of a number of MIMO channel models were
given and some of these were often based on or verified using measurement data. It is
difficult to keep a full account of all the past MIMO measurements due to the sheer
quantity of publications so far and the continuing research studies in this field,
however in this section, some of the more significant measurement campaigns are
examined.

The majority of the MIMO measurement campaigns so far have focused on
the 1.9-2.5 GHz band (predominantly for outdoor systems) and the 5.2-5.8 GHz band
(typically for indoor systems). Principally, these measurements have been used to
examine practical channel capacity and multi-antenna channel parameters, such as
angular spread, correlation coefficients, channel rank deficiency, etc. A brief

description of some of these measurement campaigns is given in the following.

3.6.1 Lucent Technologies: BLAST Measurements

A laboratory prototype of the Vertical BLAST (V-BLAST) system was
constructed for the purpose of demonstrating the feasibility of the BLAST approach
[7, 41, 42]. The prototype operated at a carrier frequency of 1.9 GHz, and a symbol
rate of 24.3 ksymbols/s, in a bandwidth of 30 kHz. The MIMO system consisted of 8
transmit antennas (M = 8) and 12 receive antennas (N = 12). The antenna arrays were
A/2 wire dipoles mounted in various arrangements, with ~A/2 inter-element spacing.

The measurement environments were indoor offices and laboratories, with
transmitter-receiver separations of up to about 12 meters. The environments under
test were particularly benign, since the delay spread was considered negligible, the
fading rates were low, and there was significant near-field scattering from nearby
equipment and office furniture.

Measurements were made using this architecture, with transmission bursts of

100 symbols, 20 of which were used for training. In the experiment, the 8 transmit
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antenna sub-streams utilised uncoded 16 level Quadrature Amplitude Modulation (16-
QAM). At SNRs of 24-34 dB, spectral efficiencies of 20-40 bits/s/Hz were
demonstrated under real indoor conditions [41-43].

A number of other Lucent measurement campaigns have been undertaken thus
far, in which a 5-tone transmission signal with separations of 1 kHz or a 16-tone
transmission signal with separations of 2 kHz were used for channel measurements
[44-47]. The results showed that for a LOS scenario with 84 meter separation, a 5 x 7
(M=5,N=7)system at 22 dB SNR gave spectral efficiencies of around 20 bits/s/Hz,
while for suburban environments, 60% of the IID capacity was achieved for a 5 x 4
system, and 50% for a 5 x 7 system. For outdoor BLAST measurements at 2.44 GHz
[46], the initial results indicated above 38 bits/s/Hz for 20% of the measured locations
and above 24 bits/s/Hz for 50% of the measurement locations.

In [47], a narrowband MIMO measurement campaign was carried out in
Manbhattan (under Lucent) using a 16 x 16 system. Measured median capacities of the
full 16 x 16 arrays were found to be 35 bits/s/Hz at 10 dB SNR, which was 80% of
the IID channel capacity. Subarray capacities for a 2 x 2 and 4 x 4 system were found
to be 5.5 and 10 bits/s/Hz, respectively, which was 90% of the IID capacity. The
measurement setup was based on a 16-tone transmission signal with separations of 2
kHz, centred at 2.11 GHz.

A wideband 16 x 16 BLAST array measurement campaign was reported in
[48]. These measurements were conducted using the National Institute of Standards
and Technology (NIST) open area test site. Using the H matrix, capacity results were

computed and showed less than 5% error when compared to theoretical calculations.

3.6.2 Multidimensional Measurements

Although the term ‘multidimensional measurements’ can be somewhat
generic, this section just groups together the publications which have focused on
multi-parameter channel estimation, some of which were described in section 3.5.2.5.
To date, various MIMO measurement campaigns have been conducted and in the
majority of these cases, some version of the MEDAV RUSK vector sounder has been
used. Thereafter, parameters such as DOA, DOD, capacity, etc, have been

determined for a particular channel environment, typically for WLAN type systems in
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the ISM bands [19, 30-40, 49-54]. In some cases, capacity results were estimated and
often compared to a Kronecker-type (or Weichselberger [55]) channel model. The
following describes some of these papers.

The work presented in [30-34] by the Technical University of Ilmenau
investigates the steps required for performing deterministic parametric channel
modelling based on general measured data. Here the focus is on parametrically
estimating DOA, DOD, and Time Delay of Arrival (TDOA) for specific antenna
arrangements (see figure 3.15). For these measurements, the RUSK (ATM) sounder
was used at 5.2 GHz with 120 MHz of system bandwidth (which is the maximum
bandwidth available for the MEDAV RUSK sounder). Measurements were
performed by using a Uniform Linear Array (ULA) at the receiver and a Uniform
Rectangular Array (URA) or Uniform Circular Array (UCA) at the transmitter.
Channel parameters were often estimated using the ESPRIT algorithm (see chapter 4).
The measurement system employed here (RUSK sounder) is based on an arbitrary
waveform generator, which is used to generate a periodic multi-tone signal. The
advantages and disadvantages of such a technique are described in chapter 5.

Paper [50] uses the same techniques as described in [30-35], however in this
case, channel capacity is estimated from synthesised impulse responses (using
measurement data) for a minimum SNR of 16 dB. Measurements were conducted for
an 8 x 8 array configuration, where a ULA was employed at the transmitter and a
UCA was employed at the receiver.

The concept of a double-directional radio channel was formally described in
[36] by the Technical University of Vienna. Such a principle was born out of certain
MIMO channel assumptions, which are further explored in the forthcoming chapters.
In [36], a number of multipath scenarios were explored using the RUSK (ATM)
sounder with 120 MHz bandwidth at 5.2 GHz. The measurements were typically
conducted for a 16 x 8 antenna configuration. At the transmitter a virtual array was
used (the array is formed by a dipole being moved by a computer controlled step
motor), while at the receiver, a simple linear patch array was used with a fast RF
switch. This technique was employed for many channel measurements, described in
[36, 38, 40, 51, 52].

The measurements reported in [40], examine the spatial characteristics of the

double-directional channel in the 2 GHz band at high mobile speeds. The
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measurements were conducted on a race track for a 15 x 8 configuration, where a
UCA (0.43A spacing) was used at the transmitter and a ULA (0.5A spacing) was used
at the receiver. For these measurements, the transmitter was mounted on a moving
vehicle. Each measurement took 0.25 s, with each impulse response being 3.2 ps in
duration. Results such as DOA and DOD were estimated using a conditional
maximum likelihood algorithm.

In paper [38], the same measurement setup is employed as described in [36],
however measurements are also performed at 5.2 GHz using the same synthetic array.
Here the Unitary ESPRIT algorithm is used to identify and estimate DOAs and
DODs. Papers [51, 52] follow on from [38], where measurements are performed
using the RUSK (ATM) sounder with 120 MHz at 5.2 GHz. In [51], indoor office
channel capacity results are presented for 2 x 2, 4 x 4, and 8 x 8 array configurations.
Here, the receiver employed an 8-element ULA (0.4A spacing), while at the
transmitter a 2D virtual array was used. This utilised the same x-y positioning system
which formed a grid with 20 x positions and 10 y positions, and A/2 inter-element
spacings. This system took 10 minutes to record one full channel measurement file,
therefore the measurements were performed at night to ensure stationarity [51]. The
results showed that for the larger array configurations, such as 8 x 8, the system
suffered particularly from high correlation.

The measurements described in [52] were performed using the same system
setup as [51]. Here, however, the focus was on BER analysis and modelling for 4 x 4
and 6 x 8 MIMO systems. The results showed that the popular Kronecker model was
not the best choice of channel representation. The paper concludes that the newly
introduced Weichselberger model was a more suitable choice [55].

In [19, 49], a powerful method for measuring channel capacity was described.
This method was used to calculate the CDF of the channel capacity from a single
measurement snapshot. The method is based on the extraction of multipath
parameters (as in the case of k-dimensional parametric methods), and thereafter
applying a synthetic phase variation in order to obtain an ensemble of different
channel capacities. Capacity results were presented for frequency-flat and frequency-
selective channels. Here, the studies concluded that the estimated capacities were up

to 30% lower than what would be expected from a simple model.
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Paper [53] examines MIMO data for 5.2 GHz channels in order to analyse the
statistical properties of the channel matrix, particularly for correlated radio
environments. For these measurements, the same RUSK system was used. The
results show that in cases where there was particular correlation between transmitter
and receiver, the Kronecker model was simply inadequate for channel estimation. In
this paper, the Weichselberger model [55] was shown to provide a better fit for
measured channel capacity.

In [54], capacity results are presented for several 4 x 4 subarrays of a full
16 x 16 array system. Here, the MEDAV RUSK (BRI) system was employed at 5.2
GHz and good agreement was shown between measured and estimated channel
capacity results.

Multi-parameter channel measurements have also been conducted using a
basic Vector Network Analyser (VNA) [56, 57]. Such a measurement technique is
further described in chapter 5. In [56], measurements are performed using an Agilent
E8358A VNA. Here, virtual array results for DOA and DOD are collected at 5.25
GHz with a measurement bandwidth of 200 MHz.

3.6.2.1 Measurements for the IST METRA Project

The IST METRA project [21] was described in section 3.5.1.1. For this project,
numerous measurement campaigns were carried out in Aalborg, Denmark at a carrier
frequency of 2.05 GHz, for a 4 x 4 and a 2 x 4 system, while moving the antenna
elements at the transmitter. Two measurement setups were considered and these
differed in transmitter antenna motion and array topology. The aim of the project was
to develop a stochastic MIMO radio channel model with experimental validation.

The results for picocell environments showed capacities within 14 bits/s/Hz
and 16 bits/s/Hz in 80% of the cases for a 4 x 4 antenna system which implemented
waterfilling at 20 dB SNR. In [58], measurements for a 4 x 4 system showed that
0.4)A separation between the elements of the antenna array were sufficient to get
decorrelated channels even in a LOS scenario. Moreover, it was concluded that a gain
of 18 dB at 10% outage could be achieved using this set-up. The stochastic model
derived from these measurement results was fed into a COSSAP® block for

implementation [21].
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3.6.2.2 Measurements for the IST SATURN Project

For the SATURN project, the majority of the measurements were carried out
using the MEDAV RUSK (BRI) vector sounder, which has an eight-element
omnidirectional ULA at the transmit side and an eight-element ULA with 120°
beamwidth at the receive side, i.e. an 8 x 8 antenna configuration. The measurements
were centred at 5.2 GHz with a bandwidth of 120 MHz. The Kronecker structure of

the channel was examined as well as the capacity for several antenna configurations.

3.6.3 Other Measurement Campaigns

Other measurements include the Stanford University measurements for 2 x 2
MIMO channels in the time and frequency domains for fixed wireless applications
[59-62]. The parameters extracted from these measurements included path loss,
Rician K-factor, fading signal correlations, delay spread, Doppler spread, cross-
polarisation discrimination (CPD), second order statistics, as well as link capacity.
The measurements were carried out with a discrete frequency swept signal with RF
bandwidth of 4 MHz at an operating frequency of 2.48 GHz (for the ISM band).

Path loss results in [61] showed that blockage due to buildings or foliage
caused an excess loss of 35.45 dB compared to free-space propagation at a distance of
1 km. In [62], a generalised 2 x 2 channel model is described based on the correlation
properties between path loss, co-polarised K-factor, and CPD distribution of the
constant and scattered signal components. The work presented here was used to
develop the Stanford University Interim (SUI) models for space-time wireless
channels [9].

A number of notable channel measurement campaigns were conducted by
Wallace et al. [63-66]. In [63, 65], MIMO measurements are presented in the
nominal 2.45 GHz frequency band for 4 x 4 and 10 x 10 antenna arrays, as well as for
2 x 2 in [64]. The system architecture used is narrowband, where the system
generates and receives a binary phase shift-keyed (BPSK) signal [65]. The measured
data presented allows assessment of the channel statistical behaviour including
transfer matrix PDFs and temporal-spatial correlation. In addition to this, the impact
of polarisation, directivity, and number of array elements on the channel capacity

were demonstrated.
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Paper [67] presents a statistical narrowband model for the obstructed LOS
indoor MIMO channels based on the channel covariance structure. Indoor MIMO
capacity results were examined in the 5.8 GHz ISM band and the effect of inter-
element spacing on the channel capacity was studied. The investigation showed that
the envelope of the channel coefficients for this obstructed LOS scenario was
approximately Rayleigh distributed.

The work presented in [68] by Martin et al. (originally at AT&T Labs
Research) examines MIMO capacity for 4 x 4 channels. The experimental data were
collected at 1.9 GHz with a bandwidth of 30 kHz, as for IS-136 systems. The results
showed the degradation in capacity due to correlation.

In [69], an experimental MIMO study was carried out in the metro tunnels of
Paris. Data files were collected for a single-track and a double-track tunnel with a
transmitter-receiver distance of a few hundred meters. It was shown that at 10 dB
SNR, the maximum mean data rate increased from 3 bits/s/Hz for a single antenna
(SISO) channel to 8 bits/s/Hz using a 4 x 4 array system. The experimental
arrangement is described in [69].

Experimental investigations into keyhole channels were carried out in [70].
The measurements used a waveguide, a small hole without a waveguide, and a hole of
300 x 300 mm size as the only paths between the two rich scattering environments.
For the small hole, there was a loss in capacity compared to the ideal case, but for the
large hole, the capacity was almost near the theoretic MIMO limit.

Paper [71] presented temporal channel results for a 2 x 2 MIMO-OFDM
configuration at a centre frequency of 3.676 GHz with a channel bandwidth of 18.775
MHz. The system consisted of 751 sub-carriers spaced 25 kHz apart. The study
involved data analysis for impulse response measurements, such as path loss and
fading statistics. Most of the measurement locations showed moderate delay spread
although this varied between 0 and 5 pus rms. The results indicated that locations
further from the base would experience a range of path loss values, with higher path
loss corresponding to higher delay spread.

The work presented in [72], describes channel measurements and analysis for
wideband (100 MHz) indoor MIMO links at 5.25 GHz. The measurements were
performed using the Elektrobit Multidimensional channel sounder [73]. The results

showed that dual-polarised antennas provide a good solution for MIMO multiplexing.
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It should be noted that the measurement campaigns described thus far provide
only a representative sample of the work carried out to date. By and large, the
majority of the MIMO capacity studies have focused on measuring the channel
matrix, H, and comparing its statistics to that of a basic channel model, such as the
Rayleigh IID channel. In most of the studies, only narrowband time-invariant MIMO
channels have been considered, even though in recent years there has been more
interest in wideband MIMO links, particularly for OFDM systems. The effects of
Doppler on MIMO system performance have seldom been examined and the
convenient ‘quasi-static’ assumption has been made in many of the propagation
studies. In order to realise MIMO space-time architectures, some of these systematic
deficiencies must be addressed. A comprehensive review of some of the
aforementioned measurement campaigns are presented in [74]. There are also a

substantial number of measurement results presented in the COST 273 action [75].

3.7 Practical MIMO Signalling

Even though there are only a few recognised MIMO systems in existence such
as the BLAST system reported by Lucent, it should be noted that vast progress has
been made in the field of MIMO space-time signalling. These technologies are
envisaged not only for future generation systems but also for current standards
(UMTS).

In general, the principle argument in the design of any space-time system is
the inherent trade-off between diversity gain and spatial multiplexing. The reported
MIMO channel capacities can only be achieved through the latter. This section
describes two basic space-time architectural structures for a wireless link with
multiple transmitters and multiple receivers.

The realisation of MIMO signalling can be achieved through the BLAST
architecture in one of two ways [5, 7, 41, 42, 76]. The two proposed space-time
architectures employed for practical MIMO signalling are classified as either vertical
BLAST (V-BLAST) or Diagonal BLAST (D-BLAST). For the V-BLAST
architecture, data are demultiplexed into parallel substreams, each going to a different
antenna, i.e., independent data transmission. The data substreams may or may not be

of equal data rate. Figure 3.4 illustrates this architecture.
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Figure 3.4: V-BLAST wireless transmission of four data substreams.
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In an ideal scattering environment, the V-BLAST architecture can provide
very high channel capacity. However, it must be noted that this architecture is not
very practical, since if any transmit antenna is in a fade, the corresponding data
substream will be lost. A more practical MIMO system architecture is that of the D-
BLAST system, where the data substreams are diagonally layered in space-time so
that each layer is transmitted sequentially on every transmit antenna, as illustrated in
figure 3.5. This provides a more reliable system for communication, since if any of
the transmit antennas are individually or collectively in a fade, the corresponding data
layer will not be lost. The D-BLAST architecture is based on data redundancy with
the data substreams being of equal data rate, therefore it is not as efficient as the V-
BLAST system. However, in a practical radio environment it is unlikely that the V-
BLAST system would be able to provide a reliable high capacity communication link
[76]. It should be noted that the MIMO architectures described thus far have been

based on burst mode data transmission as described for the BLAST system.
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Figure 3.5: D-BLAST wireless transmission of four data substreams.
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In recent years, a number of different MIMO system architectures have been
investigated. These include simple linear receiver systems such as the Zero-Forcing
(ZF) receiver to the more complex but optimal Maximum Likelihood (ML) receiver.
Many of the practical issues concerning MIMO signalling techniques are discussed in
[2, 4, 9, 76-80]. The implementation of MIMO was at the outset only reported by
Lucent Technologies with the BLAST chip, which was capable of supporting
communications for a 2 x 2 and a 4 x 4 link. However, at present there are a number
of companies which manufacture MIMO chipsets. For the pre-N LAN market alone,
chipmakers include Atheros, Airgo, and Ruckus.

3.8 Summary and Conclusions

In this chapter the basic principles of MIMO radio links were discussed. It
was shown that the ideal environment for a MIMO channel is one with rich scattering,
which permits uncorrelated signals at the receive array. The fundamental capacity
formula for MIMO channels was given, with a discussion of channel state knowledge
at the transmitter. Furthermore, the effects that diminish this capacity were specified
as being caused by spatial correlation, LOS paths, cross polarised antennas as well as
other perhaps less significant factors such as antenna coupling, user interference, self
interference (limited by number of transmit antennas) and high Doppler frequencies.
A number of MIMO channel models were described and a literature review of recent
MIMO measurements was presented. Finally, two very basic MIMO signalling

techniques were discussed.
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Chapter 4
Spatial Array Signal Processing

4.1 Introduction

Over the past two decades, there has been growing interest in spatial array
signal processing, which is primarily concerned with estimating temporal and spatial
channel parameters using the data collected from array sensors. The estimation
problem depends on parameters such as array geometry, sensor characteristics and
signal properties. For mobile radio communications, the extraction of signal
parameters such as complex amplitudes, DOA, DOD, time delays and Doppler shifts
from the antenna array are critical in measuring, analysing and modelling directional
and double-directional radio channels.

This chapter provides a brief overview of the various methods available for
estimating the DOA of a signal using an antenna array (the estimation of departure
angles is based on the same principles). The array based DOA estimation techniques
considered in this chapter are classified into three main branches: spectral-based
techniques, parametric techniques and joint parametric techniques. Spectral-based
methods are often used in order to form some spectrum-like function of the
parameter(s) of interest, such as DOA estimates. Parametric methods on the other
hand, require a simultaneous search for all parameters of interest. This often results in
more accurate estimates, albeit at the expense of increased computational complexity.
Maximum Likelihood (ML) type methods are an important category of parametric
methods and are optimal techniques which perform well even under low SNR
conditions. However, these techniques are often very computationally expensive. In
this chapter, special emphasis is placed on parametric techniques, in particular
ESPRIT (Estimation of Signal Parameters via Rotational Invariance Techniques) and
SAGE (Space Alternating Generalised Expectation maximisation), which is especially

suitable for high-resolution DOA estimation.
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4.2 DOA Problem Formulation and Assumptions

In order to examine the various DOA estimation techniques, it is essential to
first define the spatial data model and formulate the DOA estimation problem.
Estimating the DOA of a wave emanating from a point source is by far the most
analysed channel parameter estimation scenario. The difficulty in estimating DOAs is
simplified by assuming that each source results in a single wave arriving from a
specific direction 6. This assumption is referred to as the point source assumption,
and is generally applicable to the majority of radio environments (far-field).
However, in cases where the sources are not accurately modelled as point sources,
such as close range environments, a rather more complicated approach is adopted
based on spread source models [2]. In this chapter, the point source scenario is
generally assumed.

The point source scenario implies that the classical spatial data model in which
P waves are incident on a receiver array of N elements is appropriate and thus can be

expressed as

x(t)= ZP: a(6)s,(t)+n(t)=A@)s(t)+n(r) 4.1)
P

where x(f) is the N x 1 measured voltage signal vector, s(¢) is the P x 1 source signal
vector (s(t)=[s5,(t) s,(6) --- s,(®)]") and n(¥) is the N x 1 noise vector (assuming
a AWGN model). A(6O) is the N x P array manifold, defined as a set of P array
steering vectors, a(8), each of dimension N x 1, which model the spatial response of
the array due to an incident plane wave from the azimuth direction 6. Thus, if P
waves impinge on an N-element antenna array from distinct DOAs &, to 8p, the array

manifold A(6) can be expressed as
A@@)=[a@) a@,) - a6,)] (4.2)

The physical (Maxwellian) modelling of the array antennas and the spatial
data model can be found in a variety of publications, including [1-6]. It should be
noted that there is a fundamentally analogous relationship between the signal model

defined in equation (4.1) and the MIMO system model described in chapter 3.
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In equation (4.2), each of the array steering vectors, a(6&), represent the array
response vector for a direction 6. In general, the steering vectors are dependent on
the assumed data model, the array geometry, the carrier frequency and obviously the
DOA. Different antenna array geometries give different expressions for the steering
vectors. The most common array geometries are the Uniform Linear Array (ULA)
and the Uniform Circular Array (UCA) geometries. These are illustrated in figure
4.1(a) and 4.1(b), respectively.

() x) x) Xy () xy(1)

(b)

Figure 4.1: Illustration of (a) ULA with N antenna elements and (b) UCA with N

antenna elements.

The steering vector, a(d), for direction @ using a ULA or a UCA can be

mathematically expressed as

. . T
aULA(g)zg(a)[l e—jkdcos(ﬁ) e—j(N—l)kdcos(a)J 4.3)
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and

) ijcos[e—L”] ijcos[B—?‘W”(N—l)] ]T
e

a,.,(0)=g(6) [ef"R“’S(a e N (4.4)

where g(6) is a singular complex antenna gain based on the assumption that g,(6) =
gA0)= - = gm(0) = g(6). Since all elements are assumed to have the same directivity,
it is common to drop the gain factor g(6) from the above expression. In the above
equations, k = 2774 and is defined as the wavenumber (often expressed as w./c). The
inter-element spacing for the ULA is denoted by d, and for the UCA, the angular
distance between 2 elements in an N-element array is clearly given by 2#/N. In
equation (4.4), R denotes the radius of the circle formed by the array antennas.

It is assumed in the signal model defined in equation (4.1), that N > P, i.e.
there are more antenna elements than signals. Furthermore, it is assumed that the
array manifold (or steering matrix), A(6), is of full rank and that the signal and noise
vectors are zero-mean complex Gaussian and uncorrelated. In addition to this, it is
assumed that there is no antenna coupling between elements and perfect calibration of
the array antennas.

It is important to note that most of the DOA estimation techniques described
in the following sections exploit the properties of the signal covariance matrix (as
described in chapter 3). Using the aforementioned assumptions, the covariance

matrix of the measured voltage signals can be expressed as
R=E{x(t)x"" (t)} = AE{s(t)sH(t)} A" + E{n(t)n" (1)} (4.5)

where A = A(6). It should be clear from equation (4.5) that the cross-correlation
terms vanish, since it is assumed that the signal and the noise are uncorrelated. By
denoting the source covariance matrix as P and the noise covariance matrix as oI (it
is assumed that noise has a common variance amongst all sensors and is also

uncorrelated amongst all sensors), the following can be defined
R=APA" + 571 (4.6)

Assuming that there is one vector, z, that is orthogonal to the steering matrix,

A, such that Aflz = 0, then Rz = ozz, meaning that z is an eigenvector of R with
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corresponding eigenvalue of [7]. Since the steering matrix, A, is full rank with
dimension N x P, there are N - P linearly independent vectors of z that are
perpendicular to A. Thus, any vector orthogonal to A is an eigenvector of R with

eigenvalue o’. The spatial covariance matrix R can be eigendecomposed as
R=EAE" 4.7

where A = diag{4,, 4,,..., Ay} is a diagonal matrix of the real eigenvalues ordered
such that A; > A, > --- > Ay. E is the unitary matrix.

Many DOA estimation techniques presented in this chapter rely on the
eigendecomposition of the covariance matrix, R, which can be written as a sum of
two parts, one part corresponding to the noise eigenvectors and a second part relating

to the signal eigenvectors. This is given by
R=EAE" +0°E EX (4.8)

where E = [e,,...,€»] denotes the signal eigenvectors corresponding to the eigenvalues
Az 2Ap> 02, and A = diag{4,, Ay,..., Ap} denotes the signal eigenvalues. E, =
[ep.s-.-,€,] denotes the noise eigenvectors corresponding to the remaining eigenvalues
A1 = =Ay = o (i.e., A= diag{oz, 02,..., o’ 1. This decomposition is sometimes
referred to as spectral factorisation, and is used extensively when dealing with
subspace-based DOA estimation (discussed in the following sections) [2].

Since all the noise eigenvectors are orthogonal to A, the columns of E; must
span the range space of A whereas those of E, must span its orthogonal complement

called the nullspace of A" Thus by exploiting this orthonormality of the eigenvectors
H H
EE'+EE, =1 4.9
Following on from this, the covariance matrix can be written as
R=E (A,-0)E! +o[=E A E! + 0 (4.10)

Comparing equations (4.10) and (4.6), indicates that the subspace spanned by
the columns of Eg must be equal to the subspace spanned by the columns of AP. The

subspace spanned by E; is usually called the signal subspace and the corresponding

4-5
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space spanned by E, is therefore called the noise subspace [2]. These spaces are
orthogonal due to the orthogonality of the eigenvectors.

Almost all the DOA estimation techniques discussed in the following section
exploit the properties of the covariance matrix of the measured voltages. However,
since the induced voltages, x(f), are measured (as a finite number of measurement
snapshots, Ny) and not the covariance matrix; R must often be approximated by the

ML estimate of the covariance matrix in equation (4.5), which is defined by

N

S 1 H
R=—> x(t)x" (¢ 4.11

gt

I
—_

where N, represents the total number of array measurement snapshots. A spectral

representation similar to that of equation (4.8) could be given by

A

R=EAE" +c2E EX 4.12)

4.3 Spectral-Based Techniques

Spectral-based estimation techniques were the first to be developed and the
least complicated to apply. In general, they rely on calculating a spatial spectrum, and
finding the DOA’s by the location of the peaks in the spectrum. The most widely
used DOA estimation technique based on spectral-based methods is beamforming [8].
Using this method, the received energy is focused in one direction (or beam) at a time.

This is defined as
y(t) =wix(t) (4.13)

where the weighting vector, w, can be considered as a spatial filter that emphasises
one particular direction. Given samples y(1), y(2), ..., y(Ny), the output power is
measured by

1 Y% 1 Y% n
P(w)= Voé' y(t)l2 = FMZ:]:WH x(O)x (Hw = w/Rw (4.14)

where R is the estimated spatial covariance matrix given in the previous section.
Different weighting vectors, w, result in different properties of the beamforming

schemes [9].
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4.3.1 Bartlett Beamformer

Following on from equation (4.14), if the weighting vector is chosen to

maximise the received power in a particular direction 6, then w is given by [8]

a(o)

Vo G (0)a0)

Inserting equation (4.15) into (4.14) gives the classic spatial spectrum, denoted by

(4.15)

a” (0)Ra(0)

PBF(H) = aH(Q)a(Q)

(4.16)

This spatial spectrum is often referred to as the conventional (or Bartlett)
beamformer, since it is a natural extension of the classical Fourier method only with
different window functions. If a ULA is used (with omnidirectional elements), then
the above spatial spectrum is analogous to the classic periodogram in time series
analysis [6]. As with the periodogram, the spatial spectrum in equation (4.16) has a
resolution threshold. Using this method, waves arriving with electrical angle
separation (given by kdcos@) less than 27/N cannot be resolved. This poor
resolution capability led to other choices of weighting vectors, w, which could result

in lower resolution thresholds.

4.3.2 Capon Beamformer

In an attempt to alleviate some of the limitations of the conventional
beamformer, in particular the poor resolution capability, a better technique was
proposed by Capon. This well-known beamformer [2] attempts to minimise the
power contributed by noise and any signals coming from directions other than the
direction of interest (), while maintaining a fixed gain in the direction of interest. In
the literature, Capon’s beamformer is also referred to as Minimum Variance

Distortionless Response (MVDR) filter, and its weighting vector is given by

___RMa9)
a” ()R 'a(9)

W (4.17)
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Inserting equation (4.17) into (4.14) gives the MVDR spatial spectrum, denoted by

1

Fear®)= a” (O)R'a(0)

(4.18)

Although this method is more complex, it does give a significantly lower
resolution threshold than the conventional beamformer. The lower resolution
threshold is achieved at the cost of reduced noise suppression capability. This

resolution threshold when assuming a perfect R can be expressed as [6]

1 1/4
Acapon =871 5 (4.19)

where p denotes the SNR. This is obviously lower than the 2/N resolution threshold
given by classic beamforming. It must be noted that both of the beamforming
techniques presented thus far require a 1-D search for the DOA estimates and are
incapable of dealing with coherent signals, which are signals that are scaled and
delayed versions of each other. Even though many other beamforming methods have
been presented in the literature, the resolution threshold for beamforming methods in
general is still relatively high. This was one of the motivations for developing the so-

called subspace-based methods such as MUSIC (Multiple Signal Classification).

4.3.3 Multiple Signal Classification

As discussed previously, subspace-based methods rely on the observations
regarding the eigendecomposition of the covariance matrix, R, into signal subspace
and noise subspace, as in equation (4.12). The concept of subspace is fully described
in [7]. One of the most important subspace-based methods is the MUSIC estimation
technique, which is in essence based on the observation that the noise eigenvectors,
E,, are perpendicular to the steering matrix, A, or the signal subspace, Es [1]. The
MUSIC algorithm calculates the noise subspace by using the eigendecomposition of
the estimated covariance matrix given in equation (4.12). It should be noted that the
noise eigenvectors can also be found by taking the Singular Value Decomposition

(SVD) of the data matrix. The estimates of the DOAs are then taken as those & that
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give the lowest value of a” (G)E”, i.e., the values that result in a steering vector

farthest away from the noise subspace. This is often formed by finding the P largest
peaks in the MUSIC spatial spectrum [10], defined by

1

B O ok, )

(4.20)

In general, the movement towards subspace methods was mainly motivated by
the improvement in the resolution capability over that of the beamforming techniques.
The formula for the resolution threshold of MUSIC is rather complex and depends on
a number of parameters including the number of samples Ny, the number of antenna
elements N, and the SNR. Whilst the MUSIC technique is an improvement over the
beamforming methods, there are extensions of MUSIC, which perform better than the
basic algorithm. One in particular is weighted MUSIC which takes into account a

weighting factor w and gives a better resolution capability.

4.4 Parametric Techniques

As mentioned in the previous section, spectral-based methods are
computationally attractive and easy to apply, however they do not always provide
sufficient accuracy, especially in propagation environments with highly correlated (or
even coherent) signals. Therefore an alternative is to employ parametric techniques,
which estimate the DOAs without initially calculating a spatial spectrum. Parametric
techniques yield a far better performance in terms of accuracy and resolution by fully
exploiting the underlying data model, thus resulting in greater efficiency and
robustness. However, this is at the cost of increased complexity and computations,
since a multidimensional search for estimates is required. Because parametric
techniques do not calculate a spectrum like function, parameters such as bandwidth
and resolution threshold become less significant. Thus, in order to evaluate the
performance of such techniques, two statistical properties of the DOA estimates are
usually defined [2]. These two measures are consistency and statistical efficiency.
Consistency is a measure of whether an estimate converges to the true value when the
amount of data tends to infinity. Whilst, statistical efficiency is a measure of whether

an estimate asymptotically attains the Cramér Rao bound (CRB), which is a lower

4-9
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bound on the covariance matrix of any unbiased estimator [1]. Since all methods
presented in the following are consistent, the statistical efficiency is a more important
parameter for performance evaluation.

In the following sections several important parametric estimation techniques
are discussed, including ML, Root-MUSIC, ESPRIT and unitary-ESPRIT.
Furthermore, the description of the ESPRIT and unitary ESPRIT algorithms is
extended to UCAs.

4.4.1 Maximum Likelihood

The ML method is possibly the most well-known and frequently used model-
based estimation technique in array signal processing. The technique presented here
assumes a statistical structure for data generation and uses the model assumptions
stated in section 4.2. In the literature, this method is usually referred to as Stochastic
Maximum Likelihood (SML) and is obtained by modelling the signal waveforms as
complex Gaussian processes [2]. By using the signal model in equation (4.1), and the
previous assumptions, a negative log likelihood function to be minimised can be

defined as

Iy, (6,P,0%)=log|R|+Tr(R'R) 421)

where the expressions for R and R were defined earlier in the chapter. For a fixed 6,

the minimising values of P and o7 can be expressed as [6]

1

G5.(0) =55 Tr(PiR) (4.22)
P, (0)=AT(R-32,, (0)1)A™ 4.23)

where A' denotes the Moore-Penrose Pseudoinverse of A (i.e., A" =(A7A)"A").

Inserting equations (4.22) and (4.23) into (4.21), gives the concentrated negative log
likelihood function, defined by

~

b5y =argmin (log ‘AlA’SML OA" +63,, (H)I') (4.24)
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Therefore, the DOA estimates are found by the minimising argument. Note
that the SML method is statistically efficient, since the variance of the DOA estimates
attains the CRB. The MUSIC method only attains the CRB if signals are uncorrelated
and there are a large number of measurement snapshots with high SNR. It is mainly
for this reason that the SML method is chosen over MUSIC. However, compared to
MUSIC, the SML technique is more complicated since it requires a numerical search
due to the complicated nature of equation (4.24). Therefore, less computationally
intensive techniques such as subspace methods and in particular MUSIC are still used
for DOA estimation even though they are not statistically efficient [2].

So far, two different ML techniques have appeared in the signal processing
literature, both of which make different assumptions about the nature of the signals.
The ML method presented here is described as SML, and it models the signals as
being complex Gaussian (note that this method is still applicable even if data is not
considered to be Gaussian). However, there is another method which models the
signals as being deterministic. This alternative method leads to a non-linear least
squares (LS) fit to the data model and is often referred to as Deterministic Maximum
Likelihood (DML). This method, although similar to SML, does yield DOA
estimates that usually have a higher variance [2]. It should be noted, however, that in
almost all practical scenarios the difference in performance between SML and DML
is negligible.

Another class of subspace methods, which have attracted a great deal of
attention, are Subspace Fitting (SF) techniques. These methods are efficient and have
properties that are very similar to SML, however with a lower computational burden.
There are mainly two versions of subspace fittings, one based on Signal Subspace
(SSF) and the other based on Noise Subspace (NSF) [2]. The SSF method is based on
the observations that the signal eigenvectors are equal to a linear combination of the
steering vectors, while the NSF method is based on the same observation as in

MUSIC, namely, that the columns of A are orthogonal to the noise subspace.

4.4.2 Root-MUSIC

The MUSIC method can be applied to any antenna array. However if the
antennas form a ULA, then an efficient and simplified technique can be used where

the elements of the steering vector in equation (4.3) and the MUSIC spectrum in
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equation (4.20) can be defined as a polynomial with respect to z, where z = e /¢,

This essentially removes the DOA search required in the MUSIC method. Instead,
the DOA estimates are found by finding the 2(m-1) roots of the symmetrical
polynomial defined by

f(2)=a"(z HE,E a(z) (4.25)

Therefore by employing this technique, the DOAs are determined by finding
the P largest roots of the polynomial and solving arg{z;} (refer to [1, 2]). There are
various other estimation techniques, where the numerical search can be avoided by
exploiting the structure of the array. One in particular is the Iterative Quadratic
Maximum Likelihood (IQML) technique, which is an iterative procedure for

minimising the DML criterion for a ULA [2].

4.43 ESPRIT

The ESPRIT method is another subspace-based technique, which relies on the
type of array structure. Although in this section the empbhasis is placed on ULAs, it
must be noted that in general this method can be applied to any array that has a so-
called shift structure, which only exists if the array can be divided into two identical
arrays displaced by a known translation . In this case the DOAs are defined relative
to the normal of this translation [6]. For this technique, no information concerning the
two subarrays is required, other than that they should be identical. In general, this
implies that the majority of problems with calibration may be avoided by using this

technique. The output vectors of the two subarrays can be defined as

x, ()= As(t)+n, () (4.26)

X, (1) = A,s(f) +m, (f) 4.27)

The configuration of each subarray can be described by a pair of selection matrices, J;
and J,, which merely select the corresponding elements of the snapshots for each
array. Thus, by using these selection matrices, the whole output array can be

described as

4-12
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H 1 ]X(’ )= Bl }As(f )+n(f)=As()+n(r) (4.28)
2 2

The ESPRIT method relies on the principle that the steering matrix of the two

A= [:' ] = [ AA(‘]D] (4.29)
2 1

where A is an / x P steering matrix and @ is a P x P diagonal matrix with elements

arrays be formed so that

[(I)]ii — e—jké'sinﬂ,— (4.30)

Although not all arrays have this shift structure, a ULA or a UCA with an even
number of elements can be divided into two identical subarrays. However, it should
be noted that the application of the ESPRIT method for UCAs is somewhat more
difficult. The ESPRIT method exploits the shift structure of the array and also the
fact that the subspace spanned by the columns of E; must equal those spanned by the
columns of A (assuming that the signal covariance matrix is of full rank). Therefore,

it can be stated that
E =AT (4.31)

s R

where T is a unique non-singular matrix. The basic idea is therefore to find those s

that best fit the relation in equation (4.31). The signal subspace matrix E; may be

_ Esl _ Esl
B e

where ¥ = T"' ®T (assuming A is full rank) [6]. Due to the relationship between ®

partitioned so that

and P, both matrices share the same eigenvalues, which are denoted by e /***"% for
i=1,..,P. Given an estimate ﬁs, the submatrices f]sl and Esz do not exactly share the

same range space, therefore an approximation of ¥ is found by the relationship

A

E,~E ¥ (4.33)
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Solving the above equation in a LS sense or a Total Least Square (TLS) sense gives
the solution, although in general the TLS method is more natural [1]. The TLS
ESPRIT estimates are obtained through the eigendecomposition of the partitioned

eigenvectors Esl and Esz, that is

E [ﬁ B ]: Vi Vi L v (4.34)
Efz o 52 V2] V22 VZI{ V2’21

Where L is a diagonal matrix given by eigendecomposition. Solving equation (4.33)

by the TLS method yields

‘i’TLS = “Vlez_zl (4.35)

Thus, the i DOA estimate is given by
0, =sin™! [M} (4.36)

where 4, is the /™ eigenvalue of the solution matrix in equation (4.35). The ESPRIT

algorithm can be summarised as follows:

1. Compute the eigendecomposition of the array covariance matrix R (or
compute the SVD of the complete array data matrix X € CV")
2. Form K and E, from the N principle eigenvectors (i.e., split the signal

subspace into two subspaces corresponding to J; and J;).
3. Solve the relation f§s2 ~ Esl‘l' , in either a LS sense or a TLS sense.

4. Obtain the DOA estimates by computing the eigenvalues of ¥ and
substituting then into equation (4.36).

The main advantage of the ESPRIT method is that it offers high accuracy at a
small computational cost, since no numerical search is required and the final solution
is in closed form. In order to apply the ESPRIT algorithm, the two subarrays are
required to be identical and due to practical constrains, the ESPRIT method is prone
to more estimation errors than ML and SF, which inherently exploit the full antenna

model and not just the translation. In the literature, there are several possible
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strategies for forming the two subarrays, especially in the case of ULAs, where a
maximum overlapping structure is common, i.e. the first N-1 elements overlap with
the last N-1 elements [1].

Various research studies have been carried out to improve on the performance
of ESPRIT by applying row weighting and/or Forward-Backward (FB) averaging, as
well as spatial smoothing for coherent environments. In particular, Unitary-ESPRIT
[11] has been proposed as an intelligent way of incorporating FB averaging in order to
reduce complexity and improve the estimation efficiency. While the ESPRIT method
is not exclusively for ULAs, most of the research studies have focussed on linear
array geometries. However, in order to achieve a 360° estimation of DOAs, it is
common to employ UCAs. This introduces new difficulties in applying the ESPRIT
algorithm. The procedure given in [12], presents a technique for using the ESPRIT
method for UCAs by transforming the element space manifold into a beam space
manifold via the phase mode excitation of the array. Similar efforts have been made
in order to apply the MUSIC technique to UCAs. As in the case of many algorithms,
the ESPRIT method can be applied for 2-D angle estimation to find both azimuth and

elevation angles of arrival [1, 12].

4.4.4 Unitary-ESPRIT

The Unitary-ESPRIT method [11] was proposed in order to reduce the
computational complexity apparent in the ESPRIT algorithm. It was also proposed
based on the notion that it would improve the estimation accuracy. The main feature
of this algorithm is that it employs FB averaging, which is simply a technique that is
applied for handling coherent signals. In basic terms, FB averaging manipulates the

array covariance matrix, R, to get
R, = %(R +TIR'TI) = APA" + 071 (4.37)

where IT is an exchange matrix with ones in its anti-diagonal and zeros elsewhere.
In essence, the Unitary-ESPRIT algorithm transforms the input data matrix
X e C”™ into a real-valued representation so that all computations are real-valued.

This transformation 7(-) is applicable to any centro-symmetric antenna configuration
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(where the antenna elements are symmetric with respect to the centroid), and by this
transformation, X becomes centro-hermitian. With the help of the so-called left I1-

real transformation matrices, Q, the real-valued data matrix can be written as
T(X)=Q% [X m, XTI NJQz v, (4.38)

where T(X)e R™*™ and I, isan N x N (I, is an Ny x Np) exchange matrix with

ones in its anti-diagonal and zeros elsewhere. Also

_ 1 In .]In
Q,, ——E[Hn —jHJ (4.39)
and
L, 0 J,
Q,,. = % 0 V2 0 (4.40)
m, o0 -jII,

are unitary matrices and I, is an » x » identity matrix. Furthermore, the incorporated
FB averaging used here effectively doubles the number of columns in equation (4.38),
thus improving the resolution capability. As a result, coherent signals or very highly
correlated signals can be resolved. In a similar way to the standard ESPRIT method,

the real-valued signal subspace can be computed via an eigendecomposition of the

real-valued covariance matrix estimate [13]. Therefore, E, € R"’ denotes the P

principle eigenvectors of

T(X)T(X)? e RVN (4.41)

The Unitary-ESPRIT algorithm provides a solution for the real-valued

representation of the invariance equation, given by
KEY~KE, (4.42)

This must be solved in a LS sense or a TLS sense [13]. K, and K; are selection
matrices, which are analogous to matrices J; and J, for the standard ESPRIT method.
The two selection matrices defined for the standard ESPRIT algorithm are chosen in
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this case to be centro-symetric with respect to each other, so that J, = I1J; I1. Hence,

K; and K; can be defined as

K, =Q; (J,+J,)Q, =Q; (J, +IJ, 1L, )Q, (4.43)

K,=Q; (J,-J,)Q, =Q} (J,~IL,J,11, )Q, (4.44)

The eigendecomposition of the observed real-valued matrix, Y, can therefore be

defined as

Y =TQT 'R (4.45)

where Q is the P x P diagonal matrix of the eigenvalues, given by

Q=diag{o,}, (4.46)
The estimated DOAs can be obtained by
R 2tan™" (o, )}
0, =sin™! {—’ 4.47
i 27 (4.47)

Because of the relation between Y and Q (defined in equation (4.45)), the DOAs can
be computed in a straightforward manner by computing the eigenvalues of Y. The

Unitary-ESPRIT algorithm can be summarised as follows:

1. Compute the eigendecomposition of the matrix T(X)T(X)" (or compute the
SVD of the complete array data matrix 7(X) € R"*"), and estimate E;.
2. Solve the relation K,E Y ~K,E_, in either a LS sense or a TLS sense.

3. Obtain the DOA estimates by computing the eigenvalues of Y and
substituting them into equation (4.47).

It should be noted that both ESPRIT and Unitary-ESPRIT methods presented
so far have been based on 1-D estimation. However, there are multi-dimensional
methods that can for example offer 2-D estimation of the DOAs. In the following
section, both techniques are practically applied to UCAs.
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4.4.5 CUBA-ESPRIT

So far, the ESPRIT and Unitary-ESPRIT methods have been discussed with
respect to ULAs, which in principle have a maximum coverage range of 180°.
However, as noted previously, UCAs have to be employed if full 360° area coverage
is required for the impinging array signals. Here, a very effective method is described
based on the CUBA (Circular Uniform Beam Array) [14], where it is assumed that the
circular array is composed of uniform multi-beam antennas (sectorised antennas).

The idealised antenna pattern for a CUBA is illustrated in figure 4.2

Figure 4.2: Illustration of the beam patterns for a 6-element CUBA.

A CUBA consists of N antennas with circular symmetric beam patterns bo(6),
where the main directions of two adjacent elements are rotated by &, = 2#/N. It must
be noted that CUBA configurations can be formed in a variety of different ways,
including a bi-conical multi-beam array which has a zero phase reference, an array of
microstrip patch antenna elements, or even an array of horn antennas. The antenna
array designs are described in texts such as [15-18].

In the following, a method is described for applying the ESPRIT algorithm to
CUBAs, with the capability to handle coherent sources. Given a narrowband signal
impinging on a CUBA with angle 6,, the output signals of the N array elements can be

described by means of a sampled beam pattern, given by [14].
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b,(n6y) =y ,b,(n6,-0,) (4.48)

where & = 27/Nand n=0, ...,(N-1). , denotes the complex path weights.

Since the beam patterns of the antenna elements are periodic with respect to
2m, a DFT (discrete Fourier transform) can be used to transform this beamspace into a
so-called virtual aperture space, which also holds the shift invariance property. The
virtual aperture space (or function) corresponding to equation (4.48) is given by

/ y-1 —jZIr"NI
£ (Z) = ,,Z:;‘) by (16, )e (4.49)

where [ = 0, ...,(L-1). The aperture space dimension L is defined as the number of
DFT bins for which the virtual aperture has a finite support on (if N> L). This can be

defined as

) L—1
0 if(ml<=——
#0 if |m| 5

. L-1
=0 if |m|>T

go(m)= (4.50)

consequently, in the virtual aperture domain the signal source response with respect to

equation (4.49) is given by
[ ) -
g, (EE] = %480 (E)e 76p (4.51)

and for P sources with complex weights, y,, the virtual aperture function of the array
output can be described by [14]

] )i p .
o5 )=l 5z 3 @52)

p=l

Equation (4.52) represents the virtual aperture vector of the whole array and in matrix

format, this is defined as

g =G, Ay (4.53)

where Gy = diag{go(0), ..., go((N-1)/2m)} is a diagonal matrix containing virtual

aperture functions. A = [a(6), ..., a(6p)] is the steering matrix that is composed of
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the complex exponential vectors relating to P source directions, which are defined by
a(8,) =[1,exp(—j6,),....exp(—j6, (N -1))I". y is a vector containing the complex

path weights. Since the array output signal is given by samples of the beam patterns,
bo(n6Bp), the Nyquist sampling criterion has to be considered. i.e., the virtual aperture
function contains the required rotational invariance structure only if the Fourier
transform of bo( ) has finite support in L/27 and if N> L.

The virtual output aperture vector is calculated from the DFT of the received

data b = By, where B = [b(6)), ..., b(6p)] is the matrix that contains the P beam
vectors b(6,) =[b,(0),....5,((N -1)6, )]". A transformation matrix, T, is used in order

to transform the measurement snapshot, b, into an aperture snapshot, x. This is
defined as

x=Tb (4.54)
where T is defined by [14]

T=(JGJ") JF (4.55)

Here F is the N x N DFT matrix and J is a L x N selection matrix which chooses only

the useful part of go(//27) and is defined as
J=: 00 (4.56)

The transformation matrix defined in equation (4.55) is a theoretical model
and in practice this matrix must be estimated based on array measurements made in an
anechoic chamber. Every antenna array is characterised by non-uniform beam
patterns, unknown phase factors, inter-element coupling, etc. It is for this reason that
array calibration is achieved through the use of T, which transforms the array data.
The CUBA calibration method is described in [14, 19]. The array error matrix may
be formed by a calibration procedure described in [20]. However, for CUBA ESPRIT
the explicit knowledge of the array error matrix is not necessary. The CUBA
calibration procedure is not discussed further in this thesis.

With the measures described, the modified virtual aperture space, x, shows the

required rotational invariance structure. For both CUBA ESPRIT and CUBA
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Unitary-ESPRIT (which can also be applied), the signal subspace can be derived from
x in the same way as described earlier for the standard techniques. Let x; denote the

part of x beginning with element & and a length S, given by
X = (XX oy ] (4.57)
Then, by using forward smoothing [1], the data matrix X/ can be defined as
XL =[x, Xy Xy, ] (4.58)

where M = L — S + 1. With the reflection matrix (or exchange matrix) Il, the data

matrix, X = [IXJ’, is defined using backward smoothing. Combining both matrices

gives the full data matrix X, which can be defined as
X, =[X{ X4]|=[x{ mX{] (4.59)

Subsequently, the signal subspace, E, can be estimated by taking the SVD of the data
matrix, Xs, corresponding to the P left singular vectors of Xs that belong to the P

largest eigenvalues. This is expressed as

. 0| K#
X, =|[E, E"][os ZJ{K;’ } (4.60)

Using the selection matrices J; and J, (corresponding to maximum overlap), the

invariance equation is defined as
JE¥Y=J,E,=>E ¥Y=E, (4.61)

Obviously, this is the same as the invariance equation for standard ESPRIT, defined
in equation (4.33). Thus, solving for the eigenvalues of 'V, gives the DOA estimates.

The CUBA ESPRIT algorithm is summarised as follows:

Ly

1. Estimate the transformation matrix, T, using antenna measurement data and

the CUBA calibration method [14, 19].
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2. Transform the received array snapshot, b, using x = Th.

3. Form the full data matrix, Xs, from the aperture snapshot x. Estimate the
signal subspace, E;, via the SVD of XGs.

4. Solve (JJE )¥ =(J,E ) by either aLS or a TLS method.

5. Obtain the DOA estimates by computing the eigenvalues of ¥ (same as
standard ESPRIT).

Since A is conjugate centro-symmetric, Unitary-ESPRIT is preferable for a
computationally effective implementation. For CUBA Unitary-ESPRIT, the data
matrix used is not FB averaged, since Unitary-ESPRIT inherently does this. Thus,

only the forward matrix is used, so that
T(X§)=QU[X{ M X4, |Q,,, (4.62)

Similar to the standard Unitary-ESPRIT method, the CUBA Unitary-ESPRIT

algorithm can be summarised as follows:

A

1. Estimate the transformation matrix, T, using antenna measurement data and

the CUBA calibration method.
2. Transform the received array snapshot, b, using x = Tb.

3. Form the data matrix, 7(X}), from the aperture snapshot x. Estimate the
signal subspace, Es, via the SVD of T(X/).

4. Solve K\E Y =K,E_ by either a LS or a TLS method.

5. Obtain the DOA estimates by computing the eigenvalues of Y. If some of the
eigenvalues appear in complex conjugate pairs, then the algorithm must be
restarted.

6. The DOA estimates are then obtained by computing the eigenvalues of Y

(through linear transformation).

It is important to note that the number of resolvable paths for both algorithms
is restricted to the aperture dimension, L, and not the number of antenna elements, N.
For a given L, the maximum number of resolvable coherent sources is 2L/3, and the

number of resolvable incoherent signal sources is L — 1. Also it must be noted that if
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the antenna array does not have a zero phase centre, the beam pattern for every
element must be projected to a zero centre through the use of antenna measurements.

A preliminary ESPRIT and Unitary-ESPRIT algorithm have been developed
in MATLAB based on the original CUBA ESPRIT method described in [14] (see
accompanying CD-ROM). A full validation program for the CUBA ESPRIT method
is documented in [19], with a calibration program and other test programs. Although
the ESPRIT techniques are useful, for reasons given in the next section, the SAGE or
SAGE-type algorithms are preferred.

4.5 Joint-Parametric Techniques

The knowledge of DOA does reveal key spatial channel characteristics,
however other properties such as time of arrival (TOA or path delay) and Doppler
frequency are also important. It is extremely valuable for channel characterisation, if
both spatial and temporal parameters could be simultaneously deduced without the
application of different algorithms. So far, there have been various multi-parameter
estimation techniques presented in the literature. Here, only two approaches are
presented. The first is an algorithm based on the ML approach and the second is an
algorithm which could be used in conjunction with ML, MUSIC, or ESPRIT.

4.5.1 SAGE

The SAGE algorithm [21] is in essence based on the maximisation of the ML
function for scenarios of unknown parameters DOA and TOA, using the expectation-
maximisation principle. The method presented here includes joint delay, Doppler and
azimuth DOA estimation. In order to discuss the SAGE technique, an appropriate

multi-parameter signal model must first be defined. This can be formulated as

x()= zp:s(t;()k)+n(t) (4.63)
=
where
s(1;8,) = pa(6, )¢’ u(t-1,) (4.64)
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Here, x(¢) is the received signal vector at the output of the array and s(#;6;)
denotes the received signal from the &™ wave when the signal u(f) is transmitted.
Each wave is defined by its complex amplitude, g, time delay, %, azimuth DOA, 6,
and Doppler frequency, v. The transmitted signal u(¢) is often represented as a train
of pulses modulated by a Pseudo Noise (PN) sequence [22]. The measured voltages,
x(7), the steering vector, a(#), and the noise vector, n(f), are defined as before. The

unknowns associated with each path are now 0, =[7,,6,,v,, p,], thus the unknowns

associated with all paths may be organised in a matrix formulated as

0=100,,0,,...,0 ]. Thus, the parameters of interest are defined by maximisation of the

log likelihood function, Isage(B), given by
O=arg max lo466(0) (4.65)

It turns out that the maximisation problem stated in equation (4.65) becomes
very computationally expensive because there is no closed form solution and the
parameter matrix 0 is typically of high dimension {6]. By applying the SAGE
algorithm, this multi parameter optimisation procedure can be reduced to a one-
dimensional problem. The SAGE method solves the maximisation problem
iteratively by solving for each path separately and iterating to get the optimal solution.
In essence, the idea behind the SAGE method is to first estimate the contribution of

each path x,(f) to the measured signal x(¢), and then perform the maximisation for
each path individually to obtain estimates of the parameters 0 .- Subsequently, these

parameter estimates are updated, based on which the maximisation is performed again
[6]. The iterative procedure is continued until a suitable convergence condition is
satisfied. This procedure yields very accurate results and the SAGE technique itself
does not rely on a particular array or system configuration. The SAGE algorithm can

be described by using the model in equation (4.63), therefore

Expectation step:

n P n
X, (6:0)=x(¢) - ; s(2;0,.) (4.66)
k'=Lk'#k
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Maximisation steps:

f, =argmax|Z, (2007 ) (4.672)

1
6! =arg max|Z, (2.0,.%,) (4.67b)

2
v, =arg mvilx Z, (?,’c ,63,2, Vk) (4.67c)

2
P, = A ,éﬁ,&,’() (4.67d)

Rlec)] -2
where
Z,(1.8vi )= Y u' (-7, )e >l (6%, (1;0) (4.68)
t

In equation (4.67d), E is the energy of the transmitted signal u(f). The delay
estimate of path & is found by obtaining the time correlation peak between the
transmitted signal, u(f), and the delayed (for each path) signal, xi(f). The Doppler is
obtained by the Doppler correlation, and the azimuth DOA is determined by a
beamforming technique. It must be noted, however, that the iterative steps of the
SAGE algorithm require an initial data ‘pool’ 6 and the number of impinging signals
p. In [22], the successful implementation of the SAGE method is described in detail.
A version of the SAGE method was developed in MATLAB (see accompanying CD-
ROM). Where, a peak-search program was used before running the first iterations.

Further explanation of these methods and their innate limits are given in chapter 7.

452 JADE

Another important joint estimation technique is the JADE (Joint Angle-Delay
Estimation) algorithm [23]. This method is based on fitting a parametric model of the
channel to an unstructured estimate of the channel. If the signal is known at the
transmitter, then this estimate can be obtained via an LS approach. However, if the

transmitted signal is unknown, a blind channel estimation technique could be applied
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to obtain an estimate of the channel matrix H. The structured channel model is given
by

p
H=>Y a(6,)pg (z,) (4.69)
k=1

where as before, a(g,) denotes the steering vector and gy is the path gain. The vector
g( =) represents the L x 1 sampled transmitted waveform delayed by 7 [24], and L
represents the length of the channel. If the response for a single wave arriving at

angle, &, and delay, 7, is given by
ud,,7,)=g(r,)®a(6,) (4.70)
then the channel relation can be defined as
x(1)=U(0,1)p(1) 4.71)

where x(t) is the vectorised channel matrix, p=[p1,...,pp]T, and
U@,r)={u(,,r,),....u(d,,7,)] is the full space-time matrix. By sampling at Np

instants, the model for the unstructured estimate of the channel matrix could be given

by
X=U(0,7)P+N 4.72)

where X is NL x Ny (N denotes the number of antenna elements),
P=[p(),..., p(N,)]" is p x Ny and N, which is of dimension NL x Ny, represents the
error in the channel estimate, X. Because of the structure of equation (4.72), many
classical array processing techniques can be applied to find the aforementioned

parameters. If the noise is AWGN, the ML estimate reduces to a non-linear LS type
fit, given by [23]

{é, ?} =arg min [%X-ue, ‘r)P"zF 4.73)

This minimisation is carried out in a similar way as the DML method [6]. There are

other versions of JADE based on MUSIC and ESPRIT solutions [23].
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4.6 Summary and Conclusions

This chapter presented a basic introduction to DOA estimation techniques for
mobile radio environments. First, a classic array data model was presented with a
description of spectral-based methods for DOA estimation. The poor performance
capability (accuracy and efficiency) of spectral based techniques were discussed with
the motivation behind parametric techniques. In particular, ESPRIT-type algorithms
were described for both ULAs and UCAs (e.g. CUBA ESPRIT). It was noted that
most of these techniques were applicable only to azimuth DOA estimation, even
though multidimensional extended versions of these algorithms were presented in the
literature. Finally joint parameter estimation techniques were presented, focusing in
particular on the SAGE technique, which is primarily used as a DOA estimator in
chapter 7 due to its flexibility in a wide range of system configurations.

It should be noted that due to the sheer volume of publications in array signal
processing, only a few major DOA estimation techniques were presented in this
chapter. A thorough description of antenna array signal processing is given in the

definitive texts, including [1, 2, 4-6].
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Chapter 5
Wideband Channel Sounding
Techniques

5.1 Introduction

In general, propagation studies can be considered to be the basis for the design
of any radio system and for this reason a number of channel sounders have been
developed over the years. Numerous propagation studies have been carried out with
narrowband sounders [1], and are well documented. Therefore in this chapter only
wideband channel sounding techniques are described and these can be classified into
two major categories, namely time-domain methods which include periodic pulse
sounding and spread spectrum sounding and frequency-domain methods which
include the chirp technique. In general, time-domain sounding results in
measurements which give the channel impulse response. However, if frequency-
domain techniques are employed, the measurements result in some representation of
the channel transfer function.

All of these sounding methods are briefly described in this chapter. Particular
emphasis is placed on chirp sounders, since the system developed to carry out the
measurements is based on this technique. With reference to the chirp method, a
description is given for how to extract parameters such as the power delay profile
(PDP) and Doppler shift from the measured channel data. Finally, a brief description
is given for how to extend the chirp concept to MIMO sounding, and the limitations

that are inherently imposed by such architectures.

5.2 Wideband Channel Sounding

Due to the requirements for higher data rates and multiple access techniques,

most radio communication systems are wideband. While it is possible to characterise
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parallel or sequentially), this technique has inherent limitations [1-3]. Thus, it is often
preferable to employ a real wideband sounding system.

The word ‘sounder’ infers that a signal is used at the transmitter to sound or
excite the radio channel. The signal observed at the receiver is then stored and
analysed for further information. Through data analysis, the time-variant channel
impulse response or one of the other system functions described in chapter 2 can be
obtained. Figure 5.1 shows the block diagram of a ‘generic’ sounding system which

is conceptually very simple.

—

< M \
Waveform Transmit Power ] \ Radio ™, | Receive . Filter Data
Generator Filter [ "] Amp. :’ Channel J Filter | "] Gain and [/Q ™ Acquisition
l:. :I Phase- P N Phase-
T O
fming Locked g———————————— \ > Locked
Loop Synchronisation Loop

Figure 5.1: Principle of a radio channel sounder, where synchronisation is a

fundamental requirement.

For this system, the choice of the transmitted signal and the system properties
depend entirely on the sounding technique employed [4]. However, any sounder can
be categorised by a set of basic system properties. These are briefly noted in the

following:

e System Bandwidth, B: The bandwidth of the sounder is inversely proportional to
the time-delay resolution of the system. Clearly, a larger bandwidth will
correspond to a finer temporal channel resolution. For indoor channels, it is
important to have a finer delay resolution and this will be made clear in later
sections.

e  Waveform Duration, 7: The duration of the signal, which is inversely related to
the sounder repetition frequency should not be longer than the coherent time of
the channel. The Doppler range of the sounder is limited by this parameter.

o Time Bandwidth Product, BT: The time bandwidth product relates directly to the
transmission energy within the sounding signal. Therefore, increasing this

product will result in a higher SNR at the receiver (better dynamic range).
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e Crest Factor (CF): The crest factor relates to the transmit power efficiency and is
simply defined as the ratio between peak signal amplitude and rms signal
amplitude. A low crest factor permits efficient use of the power radiated at the
transmitter.

e Power Spectral Density (PSD): To reduce interference to other systems, it is
important for the PSD of the sounding signal to be uniform across the band of
interest, with very little energy being transmitted outside this band. It is also
important to reduce interference from other systems. One of the major advantages

of the chirp technique is that it offers excellent interference reduction capabilities.

5.3 Time-Domain Sounding

Most radio channel sounders are implemented in the time-domain and
therefore often measure directly the channel impulse response. In this section a

number of important time-domain methods are described.

5.3.1 Periodic Pulse Sounding

In order to observe the time-variant behaviour of the channel periodic pulse

sounding can be employed, as shown in figure 5.2.

.
L

T T.

\

Figure 5.2: Periodic pulse sounding signal, where T represents the minimum echo

resolution and 73 represents the maximum unambiguous echo path delay.

This technique is similar to a wideband pulsed bistatic radar system, which
transmits a repetitive pulse of width 7 and uses a receiver with a wide bandpass filter
(with bandwidth 2/7}). The signal is then amplified, detected with an envelope
detector, displayed and finally stored [5]. This technique provides an immediate
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measurement snapshot of the square of the channel impulse response convolved with
the probing pulse. By averaging these snapshots, the power delay profile can be
obtained.

Although this technique is fairly simple to apply and requires only off the
shelf components, it has numerous disadvantages that make it unsuitable for efficient
high-resolution measurements. One disadvantage is the use of the envelope detector
at the receiver, which means that the phase information for the individual multipath
components is lost. However, this can be overcome by employing coherent detection.
Another significant drawback with such systems is that they have virtually no
resistance to channel interference; therefore any signal arriving at the receiver is
interpreted as part of the channel impulse response.

The major limitation of the periodic pulse sounding technique is the
requirement for a high peak-to-mean power ratio (high CF) to provide adequate
detection of weak echoes [3]. Since pulsed transmitters are limited in their peak
power, a possible way of overcoming this is pulse compression techniques, which are

examined in the following sections.

5.3.2 Spread Spectrum Sounding

Based on the theory of linear systems [6], the system impulse response can be
determined by applying white noise n(f) to the input of the system, and cross-
correlating the output w(f) with a delayed replica of the input noise n(¢-7). This can be

shown as follows:

R, ()= E{n(t)n’ (t—1)} = Ny&(7) (5.1)

Where R,(¢) is the autocorrelation function of noise, N is the one-sided noise power
spectral density, and & 7) is Dirac delta function . The system output is given by the

convolution relationship, which is defined as
w(t) = Ih(r')n(t —7')dr’ (5.2)

Hence the cross-correlation of the output and the delayed input is given by
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E{w(t)n’(1-1)} = E{ [n(e"y n(t =y’ e - z')dz"}
= [n(z)R,(z~7)d7’
= N,h(r) (5.3)

The channel impulse response is thus determined by using white noise at the
input and some method of correlation processing [1]. However, since it is unrealistic
to generate white noise, a noise-like deterministic waveform has to be employed to
stimulate the channel.

The commonly used pulse compression waveform is the maximal length
pseudo-random binary sequence (m-sequence), which is also known as Pseudo-Noise
(PN) sequence. An m-sequence is generated using an n-bit shift register with a
maximum length of m = 2" — 1. Each bit in the sequence is referred to as a chip, with
duration 7¢ and a so-called chip rate of Rc (Rc = 1/ T¢) [3]. PN sequences have
excellent periodic autocorrelation properties, as illustrated in figure 5.2. In addition to

offering high delay resolution, correlative sounders provide a low CF.

Ry (7)

_(m+Dl7]

Figure 5.2: Autocorrelation function of a maximal length pseudo-random binary

sequence, with chip rate Tc.

In a spread spectrum sounder, a carrier signal is spread over a large bandwidth
by mixing it with a binary PN sequence [7]. The power spectrum envelope of the

transmitted spread spectrum signal is given by
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S(f):{sinzr(f—fc)TC

2
(f =TT ] =Sa’(x(f - £.)I.) 5.4

where the null-to-null RF bandwidth is 27. There are essentially two techniques for
compressing the received spread spectrum signal. One method relies on a
convolution matched filter, and the other is based on a sliding cross-correlator

technique. Both of these methods are described in the following sections.

5.3.2.1 Convolution Matched Filter

An alternative to correlation processing is the matched filter technique,
whereby pulse compression is achieved through the use of a filter which is matched to
the sounding waveform. This method is referred to as the convolution matched filter
technique and is equivalent to correlation compression. Bajwa and Parsons used this
method for investigating the mobile radio channel at 436 MHz [8]. The
implementation of this was accomplished by using a Surface Acoustic Wave (SAW)
device to realise the matched filter. This is illustrated in figure 5.3.

RF RF IF | Matched _ | Hybrid
Input Amplifier Amplifier [ | Filter (SAW) Divider
) 1
Local cos@,!
Oscillator
\ i
sin@yf

1 ow

Figure 5.3: Pulse Compression by means of a matched filter.

Because the SAW filter is matched to the specific m-sequence used in the
transmitter, it is no longer necessary to locally generate this m-sequence at the
receiver. As a result, this method is often termed asynchronous sounding and has
many advantages in terms of cost and complexity [1]. The output of the matched
filter sounder consists of both in-phase and quadrature information. Also the system

operates in real time because the output of the matched filter is a series of snapshots
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of the channel response, which amounts to a one-to-one mapping of the time delays in
the time domain.

There are, however, several disadvantages in sounding the channel by this
technique. One disadvantage is that real time information cannot be recorded by the
matched filter sounder unless additional circuitry is built for changing the bandwidth.
In general, there are a number of limitations in fabricating SAW devices, which result
in the devices having reduced sensitivity to weak echoes. Also the various
deficiencies in the device, give an overall restriction to the measurement accuracy and

performance of the system [1].

5.3.2.2 Swept Time-Delay Cross-Correlation (STDCC)

As an alternative to the convolution matched filter, it is possible to use
correlation processing at the receiver. The STDCC method is a modification of the
correlative sounder, which attempts to reduce the sampling rate at the receiver.
Standard correlative methods require sampling at the Nyquist rate, however the
STDCC sounder requires a sample for each m-sequence at the maximum of the
autocorrelation function [4]. Using this technique, the spread spectrum signal is
received, filtered, and despread using a local PN sequence generator, which is
identical to that used at the transmitter. Although the two PN sequences are identical,
the transmitter chip clock is run at a slightly faster rate than the receiver chip clock.
The reason for having slightly different chip rates is so that the PN code of the faster
chip clock slides past that of the slower chip clock. When the two chip sequences are
virtually aligned, this gives maximum correlation. Mixing the chip sequences in this
fashion implements a sliding correlator. When the two sequences are not maximally
aligned, mixing the incoming signal with the unsynchronised receiver chip sequence
will spread this signal into a bandwidth at least as large as the PN sequence at the
receiver [3]. Thus, in this case the filter that follows the correlator can reject almost
all of the incoming signal power. In an equivalent implementation, instead of
clocking the receiver m-sequence at a slightly slower rate, it is possible to use the
same clock but to reset the sequence after m + 1 bits. By this technique, the two
sequences at the transmitter and receiver pass each other in a step-by-step basis, rather

than sliding past continuously.
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Cox [9] was the first to use a Swept Time-Delay Cross-Correlation (STDCC)
sounder and this was followed by others some years later [10-12]. By using coherent
detection at the receiver (as reported by Cox), it is possible to acquire the phase
information necessary for the extraction of the Doppler shifts associated with each
time-delayed echo. In many of the studies only envelope detection was employed. In
general, the sliding correlator method can be achieved through a number of
architectures, all of which are well documented [1, 3-5, 9-13].

The time resolution of multipath components using a STDCC sounder is T¢ (=
1/2Rc). The sliding correlation process gives equivalent time measurements that are
updated according to every time the two sequences are maximally correlated. The

time between maximal correlations, A7, is given by
AT = pmT, (5.5)
where S denotes the sliding factor given by

_ e
h= I~ I 0

where fr, and fr, denote the transmitter and receiver chip clock rates, respectively. It
is important to note that equation (5.5) is an observed measurement time and not the
actual propagation time. The PN sequence period is given by mT¢, which gives an
estimate of the maximum unambiguous range of incoming multipath signal
components [1]. Some of the parameters of a typical STDCC sounder are given in
table 5.1.

Time resolution Tc
Maximum unambiguous

. mT ¢
echo-path time-delay
Scaling factor (5) S e —Fre)
Sequence length (m) 2" —1 bits
Dynamic range 20 log;, m
Maximum Doppler shift | fp =1/ Q2fmT)=1/2AT

Table 5.1: Measurement parameters of the STDCC sounder. The speed resolution is

defined by vp = c-fp / 1, where £ is the carrier frequency and c¢ is the speed of light.

5-8
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There are several advantages to using spread spectrum sounding systems over
direct pulse systems. One key advantage is the ability to deal with passband noise,
thus improving the coverage range for a given transmitter power. Another important
advantage is the considerable reduction in the transmitter power due to the inherent
processing gain of spread spectrum systems.

The main disadvantage of the sliding correlator is that the overall impulse
response is compiled as the PN codes slide past one another. Depending on the
system and the measurement requirements, excessive time may be required for taking
power delay profile measurements [3]. Another disadvantage is that even with
coherent detection, the sweep time of a spread spectrum signal induces a delay such
that the phases of the individual multipath components (with different delays) are

measured at distinctly different times, during which the channel might have changed.

5.4 Frequency-Domain Sounding

Because of the fundamental duality between time-domain and frequency-
domain, it is possible to measure the channel response in the frequency domain, and
extract from this the impulse response in the time domain by an inverse FFT (IFFT)

process.

5.4.1 Vector Network Analyser Measurements

Frequency-domain channel sounding is often achieved by employing a vector
network analyser (VNA) that sweeps across a frequency band by stepping through
discrete frequencies, and an S-parameter test set, which monitors the frequency

response of the channel [14, 15]. Figure 5.4 shows a possible implementation of such

a sounder.
Tx Rx
Fibre ]
Power | | Opto-to-RF [ (7) |RF-to-Opto | Port1 VNA with Swept | port 2 [ ow Noise
. -t - Frequency -+ .
Amplifier Converter Converter Oscillator Amplifier

Figure 5.4: Frequency-domain channel sounding using a VNA.
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The number and spacings of the frequency steps affect the time resolution of
the impulse response measurements. For each frequency step, the S-parameter test set
transmits a known signal level at port 1 and monitors the received signal level at port
2. These signal levels allow the VNA to determine the complex response (i.e., the
transmissivity, S;1(w)) of the channel over a measured frequency band. The resulting
transmissivity response is the frequency domain representation of the channel impulse
response and is characterised as the transfer function. This is then converted to the
time domain by using IFFT processing and results in a band-limited version of the
channel impulse response [3]. This technique can indirectly provide both amplitude
and phase information in the time domain. However, careful calibration and
hardwired synchronisation of the system is required, limiting the distance over which
measurements can be performed. The number and spacings of the frequency steps do
affect the time resolution of the impulse response measurements. In general, the time
varying nature of the channel cannot be observed accurately using this technique
unless a fast enough sweep time is used. A faster sweep time is typically achieved by
reducing the number of frequency steps, thus diminishing the temporal resolution of

the system.

5.4.2 Frequency-Domain Correlation Sounding

It is possible to implement the correlation process in the frequency-domain
and such an example is given in [16], which describes the system (RUSK X) later
enhanced and commercialised by MEDAYV into the RUSK sounder. The block
diagrams of this system are shown in figure 5.5.

For this system, the baseband signal is composed of an interpolated, band-
limited and pre-equalised signal based upon a PN sequence or a suitable sounding
waveform which is periodically read out of a memory bank (ROM or RAM) [16].
After digital-to-analogue conversion (DAC), low pass filtering, modulation (double
side-band), and amplification, the signal is fed to the transmit antenna(s). This
transmitted waveform has a line spectrum which has almost constant amplitude across
the band of interest (periodic multi-frequency excitation).

At the receiver, a high precision analogue-to-digital converter (ADC) is used
at an Intermediate Frequency (IF) range. This is followed by digital quadrature

demodulation into the baseband, after which the signal is low pass filtered and down-
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sampled by a factor of two. For fast computation, the convolution is done in the
frequency domain. The multiplication vector C(u) includes the correlation, the
equalisation of both magnitude and phase response of the device itself plus the

additional windowing. The complex impulse responses are stored for later post-

processing.
Signal . Pre-Equalisation of
Generator [—» Up S?Tgp]mg > L(l):\ir\;:::z:-ss #1 Digital to Analogue [—
(Period L) ' converter Period 2L Tx
\ ~ Y,
ROM . | DAC o Analogue Transmit .
or ™ Lowpass Filter —» Amplifier
RAM Filter
Rx
sin27z f,.¢
Receive Anti-Aliasing ADC /(‘
Filter Bandpass "l @m
Filter !
ﬁnZn(ﬁ"—j»t
coT T T N i
| ioi -
. L]())lv%;t:lss - S]zi)n(:mrilng ! i‘ DFT IDFT =Fb| C[r(:]f;ll:ll::
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Digital Quadrature Demodulation Correlation, Equalisation, Pulse Shaping

Figure 5.5: Transmitter and receiver block diagrams of the RUSK system [16].

5.5 FMCW (Chirp) Sounding

Another method of frequency-domain analysis is one that employs a frequency
swept (chirp) signal to sound the channel [17]. Frequency modulated continuous
wave (FMCW), or chirp signals have long been used in HF radar and ionospheric
research [18-20]. Pulse compression using the chirp technique has proven to be a
powerful method for efficiently measuring the channel response [20-26], since it
avoids transmitter peak power limitations and offers excellent interference

suppression capabilities. In general, the application of chirp signals for mobile radio
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channel characterisation has always been limited by the capabilities of modern digital
technology. Recent advances in fast sweeping synthesisers and powerful FPGAs have
made it possible to implement the chirp sounder [27-29]. In this chapter, the basic
chirp sounder theory and parameters are discussed, and the implementation of this
system is described in chapter 6.

A conventional chirp sounder transmits a frequency modulated signal which is
characterised by a linear frequency increase or decrease over a bandwidth range of B
Hz in a period of 7' s. Since the chirp signal is defined by a linear frequency-time
dependence, its instantaneous frequency is denoted by a linear relationship (i.e,

a + br). This is given by

fi)y=5 00— g2 2t 6

where f. is the carrier frequency. The transmitted chirp waveform can be expressed as

v (t)= Ay cos| 4. (1) |= 4, COS(Zﬂfcliﬂ'%tz) (5.8)

where Ar is the amplitude of the transmitted chirp signal. Figure 5.6 illustrates the
frequency-time dependence for a chirp signal that sweeps upwards from fy across the
measurement band. Here 1/7T represents the sweep repetition frequency (SRF), also
known as the waveform repetition frequency (WRF).

For large time-bandwidth products (BT >> 1), the spectrum of the chirp signal
is almost constant across the swept bandwidth, and for BT values greater than 100,
more than 95% of the spectral energy is confined to the bandwidth, B. In practice BT
is often much greater than 100. An approximate spectrum for a chirp signal is given
by [30]

T _j”(f‘c“f)zT
VT(f)=IF{vT(t)}zJE-e B, for BT >>1 (5.9)

where IF {-} denotes the Fourier transform (the negative frequency spectrum is the

complex conjugate).
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Figure 5.6: Illustration of the frequency-time dependence of a linear chirp waveform.

At the receiver, the chirp signal is compressed to

_ sin(z Bt) ]
v, —\/_B—T—[————ﬂBt (5.10)

The compression of the chirp signal results in a sin(x)/x function which has amplitude
V(BT) and a 4 dB width equal to 1/B (where BT defines the processing gain).
Therefore, the chirp sounder has a compression gain of 10 log (B7) and the capability
of resolving multipath components separated by 1/B s. The unambiguous Doppler
coverage of the sounder is equal to + SRF/2 = + 1/27, where SRF denotes the sweep
repetition frequency. The Doppler resolution is a function of the channel sampling
duration or the coherent integration time and to increase the capability of the system
to measure larger Doppler shifts, a higher sweep rate is required.

In order to coherently detect the chirp signal at the receiver, either cross-
correlation, or matched filter detection can be employed. With the matched filter
technique, the output is not compressed in frequency.

An alternative is to mix the incoming signal with a locally generated chirp
signal at the receiver, which has the same signal characteristics (i.e., bandwidth,
centre frequency and SRF) as the chirp signal at the transmitter and is synchronised in
time to the transmitted signal. Mixing the received signal with this replica then
produces sum and difference frequency components. By means of a lowpass filter,
the sum frequencies are filtered leaving only the difference components also referred

to as beatnotes. These beatnotes are then used to examine the delay and Doppler
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channel characteristics. This compresses the signal in frequency but not in time, with
the beat frequencies being on the order of a few tens of kHz. The beat frequencies, f3,,

are related to the multipath delays, 7, by the relationship

B
A =TT,- (5.11)

Therefore, the required bandwidth at the output of the detector is determined
by the product of the sweep rate (B/T) and the maximum expected time delay
(corresponding to the furthest echo). Since the frequency of the beatnotes is on the
order of kHz, low speed ADCs could be employed for data acquisition. This is a
benefit that is not realisable with the matched filter technique.

It should be noted that by using this method, bandwidth compression is
achieved without a significant reduction in the effective repetition rate of the sounder.
However, this is not the case with STDCC sounders employing a single cross-
correlator, since here bandwidth compression is achieved at the expense of Doppler
range [31, 32]. Since the chirp signal linearly maps time into frequency, the output of
the detector can be analysed with different time and frequency resolutions in order to

obtain various channel parameters. Table 5.2 gives a summary of the basic chirp

sounder parameters.
Sweep duration and maximum T
unambigous delay range
Time domain resolution ~ 1/B
Channel sampling rate and

. T

the resolution of beat notes
Sweep rate B/T = B-SRF
Beat notes frequencies fs =B/Tt
Compression gain 10 log (BT)
Unambigous Doppler range + SRF/2

Table 5.2: Chirp sounder parameters.

5.5.1 Heterodyne Detection

The mathematical expression for the transmitted chirp signal was defined in

equation (5.8). Due to the multiple paths in the channel, the received signal will be
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composed of multiple attenuated, delayed and Doppler shifted versions of the
transmitted signal. By assuming that there are L independent multiple paths in the

channel, the received signal can be defined as

L
vp(t) = Z‘ARJ cOS [¢T(t - r,.)]

L
=Y 4, cos[27rf0(t—ri)+7r§(t—r,.)2) (5.12)
i=1

where Ag; denotes the amplitude of the i" received multipath component [17]. At the
receiver, the signal is mixed with a locally generated replica of the transmitted signal

Therefore, their product gives
L
V(1) = (W (8) =Y Ag , cos[ g (t—7,) |- A cos[ 4,(1) ]
i=1

L
= A4y, cos(Zﬂfo(t -7,)+ 7[%(1‘ - ri)zjcos(erfOt+7r?t2] (5.13)
i=1

Using the ftrigonometric relationship: cosa-cosd =0.5(cos(a —b)+cos(a+b)),

equation (5.13) can be defined as

v(t>=ﬁlA,-{cos[¢r(t—r,-)—¢r<t)]+cos[¢T<t—r,-)+¢T(t)]}

=ZAicos(27rf0(t—r,.)—27rf0t+;z§(t_ri)z_”?tz)

L B 5
+iZ:l:A,. cos(27rﬂ)(t—z',-)+2ﬂf0t+7rT(t—ri)2 +7th2) (5.14)

where 4; = A = 0.5(474g;). The second term in equation (5.14) denotes the sum
signal which will be filtered out. The first term in equation (5.14) denotes the
difference term and contains the time-delay information corresponding to the
multipath components. There are essentially two difference frequencies associated
with each multipath signal that mixes with the locally generated chirp replica. For the

i"™ signal, these two frequencies are given by [17]
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fi=5- dtl:¢T(t 7.)~ ¢ (1) ] (5.15)

hi=5o dt[¢r(t 7)— ¢ (t-T)] (5.16)

It is possible to make a simplification of the above equations by considering a

single received signal with delay 7. Thus, equation (5.14) can reduce to

B,

v ()= Acos[ZﬂfO(t—z')—27[f0t+7r$(t—r)2 —7'[Tt J (5.17)

for which, f; and f; are given by equations (5.15) and (5.16).

Figure 5.7 illustrates the swept frequency versus time for a single received
signal and the corresponding IF frequencies versus time at the output of the detector
[33]. Here, the resulting IF signal is represented as a sum of two pulse trains. One
with a frequency of f) and a pulse width of 7, = T — Ty — 7 (note: 7>> 7) and the other
with a frequency of /> and a pulse width of 75 = Ty + 7, where Ty is the initial sounder
delay. Since rand 7y are considered to be small (i.e., 7, To <<7T), 1 ~ T— Ty~ T and
T, ~ Ty. Furthermore, if the swept bandwidth is considered to be large enough so that
> >> f1, the higher frequency component can be removed by lowpass filtering, as will
be the case here [17].

A

Chirp frequency
S

-t

» Time

A

IF difference frequencies

=~
I
|

»Time

Figure 5.7: Swept frequency vs time and frequency of beatnotes at the detector output.
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If the receiver is assumed to be moving at a constant velocity, v, then the
change in the path length will cause a change in the time delay of the multipath

component. This time delay is given by

ed=dy+v1, (5.18)
r=i=t0+5t (5.19)
C C

where d is the range as a function of time, dj is the initial distance between the
transmitter and receiver, and ¢ is the initial delay due to dy. By redefining the time
origin of the signal such that it falls in the centre of the first sweep, i.e. —7/2 <t <T/2

the phase ¢/(f) + ¢,(t — 7) from the first term in equation (5.14) can be simplified to

¢1(t)=¢r(t‘7)_¢r(t)

B B
=—27rf01+7rT(t—r)2 —fthz
B B
=—(27rf0+27r—ft]r+(7r7)r2 (5.20)

substituting 7 from equation (5.19) into the above relationship, yields

#(®) =—(27ff0 +27r$t](t0 +%tj+(7r?](to +%t)2 Tp<i<T)

(5.21)
Since v/c << 1, equation (5.21) simplifies to
¢,(t)z—2;rf0t0+7r$t§—(anog+27r$to)t (5.22)
and by bringing all ¢y terms together:
v B

Hence, the instantaneous frequency, f}, is defined as




Chapter 5 Wideband Channel Sounding Techniques

1 d v B
1, =%E[¢l(t)]= f"Z+Tt° (5.24)

If ¢ can denote the time within the n™ sweep, the interval of interest can be
defined as —(2n — 1)7/2 <t <(2n + 1)7/2, and the time to the centre of the n™ sweep
can be given by nT. Equation (5.19) can therefore be redefined as

d 14 v

substituting # =1, +(v/c)nT , which is the initial time-delay within the n™ sweep, for

1, in equation (5.23) gives the phase in the n™ sweep, so that

¢Ln(t)z¢0—(2nﬁ,%+2n§t5]t

=¢0—(27zf0%+27r?t0 +27rB%n]t (5.26)

Therefore, the frequency in the n™ sweep can be defined as [17]

fin= 5 B = fo L+ 2ty + B m (527)

By comparing the frequency in the first sweep, f;, and that in the n™ sweep,

J1n it is possible to observe that there is an additional term for f; ,, Bn(v/c), which is
introduced because of the movement of the mobile. For large values of n and high
velocity observed by the mobile, this additional term cannot be neglected. It should
be noted that a change in the path length results in a phase variation from one sweep
to another. The phase variations of the incoming signal are used to calculate the
velocity of the target in radar applications (Doppler processing). In propagation
measurements, the phase variations can be used to resolve the multipath components
that fall into the same time delay bin because their propagation paths are similar but
they arrive at different impinging angles. All the above derivations assume that the

transmitted signal is phase coherent from sweep to sweep [17].
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5.5.2 Double FFT Digital Processing

There are essentially two methods for extracting time delay (range) and
Doppler shift (velocity) channel information. The first technique employs double
FFT processing; where an initial FFT is carried out over a sweep (defined by 7) in
order to extract time delay information, and another FFT is carried out over N sweeps
(defined by NT) for each single time delay bin in order to determine Doppler shift
information. The second technique employs a long FFT process over N sweeps in
order to provide simultaneous delay/Doppler channel information. Both techniques
are identical and have the same number of computational steps [17]. However, in this
case the chirp sounder parameters are obtained through the former technique (double
FFT), which is described in this section.

For a single transmission path, the Fourier transform over a single sweep # is
given by

T/2

Vlf)= | {deos[g, @] et (528)

)

using Euler’s definitions: cosx =(e” +e™)/2, sinx= (e —e*)/2j, and Ie‘"dx

=e“ / a, equation (5.28) becomes

B AT<'sin(27r(f—f1,n)T/2)e_j¢0+,-z,rf0gnrw
Vl,n(f)_ ) (271'(f—fl,n)T/2) ?

AT<(sin(27t(f+f1,n)T/2) e+j¢0~j27rf0%nT\
2| (2x(f+4a)TP2)

—

(5.29)

Thus, the detected signal spectrum is a sin(x)/x pulse whose frequencies are related to
the delay experienced by the multipath components in the channel. The number of
such pulses is determined by the multipath structure of the channel and also the time
delay resolution of the sounder, which is 1/B.

For any practical system, the measured data is defined as samples of the

received signal (obtained by employing an analogue to digital converter), therefore,
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the FFT is required to obtain the discrete spectrum of the sin(x)/x pulses. If M denotes
the number of points used in the FFT, then the output of the FFT performed on M
samples over a sweep will result in M discrete frequency points whose values range
from —Fg/2 to Fg2, where Fg denotes the sampling rate. By symmetry the negative
frequency components can be ignored, leaving M/2 beat frequency bins.

By adhering to the Nyquist sampling theorem, Fs must be at least twice the
maximum expected beat frequency, denoted by f;max. Therefore, the required number
of samples per sweep, M, can be calculated by M > (2 fim.)/SRF. This infers that the

maximum time delay that can be measured is given by [27]

Sweep Rate B-SRF 2B-SRF '

Performing the first FFT process on M samples within a sweep gives M/2 time
delay bins per sweep. Performing the FFT process over N sweeps and digitally
storing the values for each sweep in a row of a data matrix gives an M/2 x N matrix

containing both delay and Doppler information. This is illustrated in figure 5.8.

Time delay (range) bins

-
.E A Sy S o S S
o) Spu S S S
o, : Do, Do, :
(=9 . - . . . .
8

S1ISu Sa  Sw o S
g . . . . .
Ug) \ bSNl Sy Sym SNM/2_

Figure 5.8: Matrix containing samples of complex impulse responses for successive

sweeps. There are N sweeps, each containing M/2 samples.

The columns of the matrix represent the time delay bins (after the first FFT),
and the rows of the matrix hold the channel impulse responses for successive sweeps.
The elements of each column represent the digital samples of a beat frequency
component obtained every 7 seconds. For each successive sweep the elements of the
matrix columns will change because the beat frequency corresponding to a multipath

component after the mixer and filter, f;,, and the phase term, 2af(vic)nT, are
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changing from sweep to sweep due to the relative motion between the transmitter and
receiver. The amplitude of a multipath component also changes from sweep to sweep
due to the minor shift in the position of the beatnote. However this change is small
enough to be neglected [17]. Every sweep takes T seconds, therefore NT seconds is
required to fill the matrix shown in figure 5.8.

It can be concluded from the above that the main variations within a column
are due to the phase factor, thus

j2r fO%nT

Sun=K(f)e K (f)e et (5.31)

where ¢, = NT represents the discrete time flow from sweep to sweep and K{(f) is the

amplitude variation defined by

_sin(27r(f—le,2)T/2)

K(f)= - (5.32)
(27(f = finin)T12)
The Fourier transform of equation (5.31) over #, from 0 to NT is given by
sin(zn(f—KfO]NT/z]
S =K(f)NT ¢ (5.33)

(2x(f—%f0)NT/2]

The above equation shows that the movement of the mobile results in a
displacement of the sin(x)/x pulse. This is known as the Doppler shift fp = (Vic)fp =
v/A. Equation (5.33) also suggests that if a number of paths fall into the same time
delay resolution bin, then they can be further resolved if the rate of change in their
path lengths is different due to the movement of the mobile. This is observed from
the output of the second FFT (over N sweeps), which gives separate peaks as a result
of this.

The output of the second FFT is N discrete Doppler frequency points, with the
Doppler frequency window defined between the interval —SRF/2 < f;, < SRF/2. Since
N is the number successive sweeps included in the second FFT, the resolution of the

Doppler frequencies is determined by N7. The SRF (= 1/7) denotes the channel
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sampling rate and therefore according to the Nyquist sampling theorem, it must be at

least twice the maximum expected Doppler shift, v;,4, so that

SRF > 2%& (5.34)

One inherent disadvantage with the sin(x)/x pulse, is that it has high sidelobes.
In order to alleviate this, an appropriate windowing function must be applied to each
sweep data before FFT processing. Hanning, Hamming and Kaiser (dynamic)
windows can considerably reduce sidelobes and have been used for previous studies
[33]. A number of very important windowing functions are described and compared
by Harris [34]. Several MATLAB programs are listed on the accompanying CD-
ROM for extracting delay/Doppler information (also see appendix Al.1).

In practice, both the number of samples per sweep, M, and the number of
sweeps, N, are limited by the sampling at the digital to analogue converter and the
storage memory for the acquired data. For a desired time delay window, 7, and a
given time delay resolution, Az, the number of samples per sweep is given by

Tw

M=2->*=2Brt, (5.35)
AT

where the time delay window, 7, is defined as

T, = ‘;% (5.36)
here Briy.r is the given bandwidth of the low pass filter prior to the analogue to digital
conversion stage.

The range resolution of the sounder must be larger than the displacement of
the receiver, i.e. VNT < Ad. If the speed of the mobile receiver cannot be constant
during the data collection time, then the velocity resolution, Av, must be larger than
the product of the coherent integration time and the rate of change of the velocity at

the receiver (acceleration). This is expressed as

dv(t)

Av>NT
v dt

(5.39)
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A summary of some of the chirp parameters and related processing parameters

are shown in table 5.3.

Number of Sweeps N

Number of samples per sweep M =F /SRF

FFT over M samples M/2 range (time delay) bins
Sampling rate F s 2 2f veat(maxy> thuS f ey < (M -SRF)/2
Time resolution B At =1, /(M/2)=1/B

Range resolution Ad =c At

Doppler window —SRF/2 <f, <SRF/2
Doppler frequency resolution I/NT

Table 5.3 Chirp parameters related to the digital signal processing. The speed

resolution is given by vp = c-fp/ f..

5.6 Extension to MIMO Channel Sounding

So far the concepts behind various channel sounding systems have been
reviewed primarily for single antenna radio links (SISO). In order to extend these
concepts to multiple transmit, multiple receive systems, some basic sounder
limitations and requirements must be adhered to.

By and large, the main channel sounding requirements are determined by the
time delay resolution, which defines the transmitted bandwidth, and the maximum
expected Doppler shift, which defines the SRF. The SRF also determines the
maximum unambiguous time delay window. These fundamental requirements are not
altered for multi-antenna channel sounding.

For SIMO/MIMO radio channel sounding, there are a number of architectures
that can be implemented. The simplest approach is to use a virtual array system.
Such a sounder employs an x-y positioning system to physically move the sensor to a
different location for each measurement snapshot. This approach captures virtually
no time variable channel data due to the time required for moving the antenna. A
more popular approach is based on the idea of sequential sounding (TDM mode) and
uses a single channel sounder with multiple sequentially switched antenna arrays at
both ends of the radio link. Although this is only an extension of the SISO sounder, it

does provide a valuable method for measuring the MIMO channel. The main
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restriction with such architecture is that the switching must be done within the
coherent time of the channel to enable sufficient Doppler coverage. Hence, for
outdoor use this can be very restrictive. For a sequential 8 x 8 MIMO sounder, the
required SRF is 64 times that of the SISO sounder and in addition, this number may
be doubled to allow switching transients to die out [36].

As apposed to a sequential architecture, a parallel architecture can transmit
different (separate) signals on each antenna in the transmit array and receive on
parallel channels [37]. Other techniques include systems based on frequency division
multiplexing (FDM) and code division multiplexing (CDM) [38].

An alternative is to switch at one end of the link while keeping parallel
operation at the other, i.e. to employ a semi-sequential approach. This effectively
reduces the loss of temporal information as compared to a fully sequential system.
The MIMO chirp sounder developed for this study is based on this principle, where an
RF switch is used at the transmitter and up to 8 parallel channels can be used at the
receiver. It has 300 MHz bandwidth, and a sweep repetition frequency (SRF) of 100-
300 Hz for indoor use. = By employing a 5-way RF switch at the transmitter, a
maximum Doppler range of + 25 Hz can be realised. In [35], several indoor
campaigns were carried out, where the measurement data implied a maximum
effective Doppler of + 5 Hz. Therefore using this sounder with 4 transmit and 4
receive antennas, will permit more than the required indoor Doppler coverage. In
chapter 6, the architecture of this MIMO sounder (based on the chirp principle), will

be described in more detail.

5.7 Summary and Conclusions

This chapter provided a basic overview of channel sounding techniques for
wideband applications. Two main categories of sounders were discussed, namely
time-domain and frequency-domain methods. These included direct pulse techniques,
spread spectrum techniques and frequency domain techniques. Emphasis was placed
on the chirp sounding technique, since this was the method implemented for the
measurement system described in chapter 6. The extraction of time delay and
Doppler shift information from chirp sounder channel measurements was examined
through the use of double FFT processing. Finally, some of the basic measurement

restrictions were described in order to extend the chirp concept to MIMO sounding.
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Chapter 6
Semi-Sequential MIMO Chirp
Sounder Architecture

6.1 Introduction

The system developed for wideband MIMO channel measurements is based on
the sounder described in [1]. Various RF and digital printed circuit boards (PCBs)
were implemented in order to construct the semi-sequential MIMO sounder. In
addition to this, a number of inter-digital (mechanical) band-pass filters and PLL
synthesisers were designed and developed. In the following, a systems level
description of the chirp sounder is given with some basic system tests to evaluate its

measurement capability.

6.2 Semi-Sequential Sounder Requirements

The measurement system is required for characterisation of the MIMO
channel for both UMTS and Wi-Fi/WiMAX systems. In particular the 2.4 GHz ISM
band (ad-hoc) and the UMTS-FDD uplink (Cellular) frequencies are of interest.
Since indoor MIMO channels are of primary interest, a number of sounder system

requirements must first be examined.

6.2.1 Delay and Doppler Resolution

The time delay resolution which is defined as the inverse of the system
bandwidth, B, is essentially a measure of how closely two distinct paths can be
resolved in time delay. For the sounder, the chirp waveform is generated by a state-
of-the-art DDFS (Direct Digital Frequency Synthesiser) which has a baseband
bandwidth of up to 400 MHz. In the subsequent chapters, data will be presented for
bandwidths of 60, 96, and 240 MHz, where the latter provides more resolution for

characterising indoor channels.
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Doppler shift resolution is a measure of how closely paths can be resolved in
velocity and is fundamentally set by the inverse of the channel sampling duration.
Therefore, a longer sampling duration will correspond to a finer Doppler resolution.
Since the entire channel measurements are performed for a duration of 1 second a

Doppler shift resolution of 1 Hz is expected.

6.2.2 Measurement Range

The sweep repetition frequency (SRF), also known as 1/7, where T is the
duration of the chirp sweep, limits the unambiguous Doppler range to £1/27 Hz. In
the case of MIMO sounding where the transmitter is sequentially switched, this
Doppler range will be reduced in accordance to the total number of switched array
positions. Hence, a 5 position switching system at the transmitter for 4 antennas (plus
1 gap period) will result in a Doppler range of + 1/107 Hz.

In general, the choice of SRF is a compromise between time delay window
and Doppler range. For a given LPF (within the heterodyne chain), a longer sweep
duration would result in a greater time delay window. Thus, the duration of the chirp
sweep must be chosen to allow the maximum expected time delay to be acquired
unambiguously, while being short enough to observe the time variant nature of the
channel from sweep to sweep. Here, the time delay window is defined as

Bipr x (T/ B) seconds, where By pr is the bandwidth of the filter.

6.2.3 Spatial MIMO Sounder Resolution

For MIMO (and double-directional) channel measurements, there are some
antenna array conditions which must first be met in order to allow sufficient spatial
resolution. In general, there are more stringent constraints for spatial array
measurements, where the object of the data processing is to identify directional or
double directional multipath components for a given channel. Since most of the
spatial channel measurements are done using circular arrays, a number of simple array
parameters need to be identified. When employing circular array configurations for
direction finding, the radius of the array is often the most critical parameter and is

reviewed in [2, 3]. Reducing the radius of the antenna array will result in smaller
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side-lobe levels on the antenna correlation function. Here, the maximum array radius
is given by

_NA

=— 1
Tmax =4 = (6.1)

where A is the wavelength and N is the number of antenna elements. In [2] it was
shown through extensive numerical simulations that the optimum radius required to
enhance the performance of SAGE-type algorithms was

NA
ropt zWsrmax (62)

In most cases, the largest circumferential spacing between the adjacent array
elements is A/2, thus adhering to the spatial Nyquist sampling theorem [1]. Increasing
the number of antenna elements in the array will often result in more accurate channel
estimates. For general MIMO scenarios, where the main performance characteristic is
channel capacity, the antenna array requirements are not so inflexible. Here, a 4/2
inter-element spacing would imply uncorrelated signals, however there is no reason
why this spacing should not be greater. A larger inter-element spacing would

generally result in less correlation between the antenna elements.

6.2.4 System Dynamic Range and Sensttivity

The instantaneous dynamic range is given as the ratio between the strongest
and the weakest signal levels present at the same time for a given channel impulse
response. A higher dynamic range would imply better detection of weak echoes as
well as strong ones. Although a better SNR is generally desirable, it should be noted
that signals which exceed a certain level could result in many undesirable
characteristics. This includes amplifier saturation, and harmonic distortion introduced
by the mixers. Therefore, the dynamic range is a compromise between SNR and
distortion generated by sounder equipment itself. For real channel measurements, in-
band interference can cause the overall noise floor to increase therefore decreasing the
instantaneous dynamic range.

Ultimately the dynamic range is determined by the inherent characteristics of

the sounder components. These include: phase noise of the phase-locked loops
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(PLLs), harmonic distortion from the DDFS, number of bits used in the ADC (for data
acquisition), distortion effects caused by high signal levels at the receiver, and the
minimum detectable signal level at the receiver (i.e. the sensitivity).

Harmonic distortion caused by the high signal levels at the receiver front-end
and the sensitivity of the sounder determine the upper and lower limits of the
measurement range, respectively. High sensitivity at the receiver is critical for a
reasonable dynamic range. This can be achieved by having a lower noise level at the
IF output as well as having minimum noise contributions from the antennas and the
receiver front-end components. Minimising the noise contribution from the receiver
front-end can often be achieved by employing low noise amplifiers (LNA). For
MIMO semi-sequential sounding, a number of other limitations are caused by the

switching performed at the transmitter.

6.2.5 Frequency Standards

For most sounders, low drift frequency standards are required at both the
transmitter and the receiver. The reliability of the sounder in unambiguously
resolving the absolute time-delay and the smallest Doppler shift component is
determined by the drift between the frequency standards. The relative drift between
these units causes a shift in the time delay domain and is therefore required to be
negligible compared to the channel sampling.

Rubidium frequency oscillators (PRS10 from Stanford Research Systems)
have been employed as high standard 10 MHz reference clocks at the transmitter and
the receiver [1]. Prior to any channel measurements these rubidium reference clocks
have been adjusted by projecting them one against the other on the oscilloscope. The
adjustment is in the order of ~0.9 ns/min. This gives a range error of less than 16.2 m

within an hour, which corresponds to 3.24 range bins for a 60 MHz bandwidth signal
[1].

6.3 Semi-Sequential MIMO Sounder Architecture

The basic principle of the semi-sequential chirp sounder is illustrated in figure
6.1. Here, the system sequentially transmits a wideband chirp sweep on each of the

antennas. At the receiver, a replica of this transmitted chirp signal is mixed with the
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received signal, the output of which is then filtered leaving a beatnote for every
propagation path (heterodyning principle). The sounder receiver employs multiple
channels all the way from the RF front-end to the data acquisition board. Each RF
channel is connected to a separate antenna in the receiver array. The use of parallel
receive channels allows high resolution spatio-temporal measurements of the radio
environment without further reducing the effective channel sampling rate. After the
beatnotes are acquired, the information is digitised and stored on a computer for
offline analysis. The frequency of the beatnote (or beat frequency) is linearly
proportional to the delay experienced in the channel for each resolvable multipath

component.

. 7 N
RF Swnchj I N

o | S7 Channel J \ ii
Chirp /‘( o—| ? \ - _ J —Y_ Chirg So't'xnlder Data
Sounder r o IY §Z | (chzr:ngl —{ Acquisition
(Transmitter) YY ﬂ Rocaiver) Unit

Transmit Array Receive Array L
Local Local To
Oscillator ,. ' oca Laptop

Oscillator

Synchronisation

Figure 6.1: The concept of semi-sequential MIMO chirp sounding.

Synchronisation of the sounder units is critical for practical channel
measurements. This is to ensure that the chirp waveforms generated at both ends of
the channel are aligned such that any discernible time delay difference can be
analysed. Synchronisation can be achieved through different means [4, 5]. A wire
link between the transmitter and the receiver can be used to achieve synchronisation,
however this is not very practical for channel sounding due to the inherent flexibility
issues. Another method is synchronisation via the GPS (Global Positioning Satellite),
however this is also impractical for indoor channel measurements. The technique
employed here was to introduce a programmable start-of-sweep delay in the
generation of the chirps, such that synchronisation is achieved at both ends of the
radio link. Due to the low drift between system clocks, this delay needs to be

introduced only once at the start of the measurement process.
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6.3.1 Generation of the Chirp Signal

The MIMO chirp sounder developed here has a programmable bandwidth up
to 300 MHz and a SRF up to 300 Hz. The sounder employs a programmable DDFS,
which is clocked at 1.6 GHz to produce a swept output signal at up to 400 MHz. This
is preferred, since it avoids flyback transients of phase-locked loop (PLL) generation
techniques and gives programmability of bandwidth and repetition rate, which cannot
be achieved with passive surface acoustic devices [6]. A block diagram of the chirp
generator is illustrated in figure 6.2. This consists of a DDFS, two PLL synthesisers,
a mixer, an inter-digital band-pass filter (BPF) and a high stability Rubidium clock.

) . RE
Keypad & Digital [F Chirp .
Display A Controlier V| PPFS BPF | Scizilr:l
- DDFS PLL RF PLL
10 MHz Rubidium (1.6 GHz) (1.9-2.4 GHz)

i 1

Figure 6.2: RF Chirp generator block diagram.

The chirp signal bandwidth, B, centre frequency, f;, and SRF are entered into
the keypad in order to program the digital controller board. The digital controller via
an on board accumulator then continuously programs the DDFS with 24 binary bits at
an update rate of 1.25 MHz between the initial frequency f|, and the final frequency f,
with Af frequency step. The chirp signal is then up-converted after mixing with a RF
carrier. The frequency of this carrier is programmable according to the measurement
specifications, however, a 2.36 GHz carrier is assumed here. A band-pass filter is
employed to suppress the unwanted frequency band produced after the mixing
process. This process is illustrated in figure 6.3 for suppression of the upper
frequency band.

The major advantage of the aforementioned approach is the flexibility in
changing the band that the sounder operates in, which is achieved by programming
the RF PLL to operate at a different frequency, and adjusting the band-pass filter

settings.
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Figure 6.3: (a) Spectrum of the IF chirp signal generated at the output of the DDFS,
and (b) up-converted and filtered RF chirp signal.

The chirp generator employs a staircase type approximation to the ideal chirp
spectrum, meaning that the DDFS has to sweep from frequency f to f; in steps of Af.
In essence, this infers switching between frequency components that are Af; Hz apart
every Af; seconds, as shown in figure 6.4. Consequently, this introduces unwanted
sidebands, whose levels are related to the frequency step size, Af;, and the switching

time interval, At;.

Frequency
A

Afz

> Staircase
7 approximation

- Time

V

Figure 6.4: Staircase approximation of the chirp signal.

In the above, Af; is the frequency step and A¢; is the time duration with respect
to the DDFS output. The DDFS update rate, Fy, in this case is 1.25 MHz, which
corresponds to At; = 800 ns.

There are other chirp generation techniques including passive generation and

quadrature analogue generation. The passive generation technique utilises SAW
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(Surface Acoustic Wave) devices in order to generate the chirp signal. However, the
major limitation with this technique is the low time-bandwidth product, which leads
to low processing gain and short chirp durations. In quadrature analogue generation,
the output of the DDFS is taken in both in-phase and quadrature, and is then

combined using an analogue SSB (Single Sideband) modulator.

6.3.1.1 Digital Controller Board

The DDFS is programmed to produce the chirp signal at IF, but also provides
the synchronisation for the system by allowing a programmable delay at the start of
the sweep [7-11]. A block diagram of the digital controller board is shown in figure
6.5.

| 5
Keyboard ::) 1 I = a
4 | _ nput, g0 Accumulator Latches i
Interface | _: ] Display, and €3 FPGA (Lattice i To
Card :|'>; delay FPGA = 35 = ispLSI ™ DDFS
) ‘ e g (Actel 1020B) 1O39E |
Display K—] " | (Actel 1020B) § 2 ) |

Digital Controller

Figure 6.5: Digital controller block diagram.

The first section shown in figure 6.5 is the front panel interface, which
consists of a hex keypad used to enter the chirp parameters (B, f;, and SRF), an
alphanumeric (LED) display for displaying the entered parameters and a card which
acts as the logic interface between the entered chirp parameters (via the keyboard) and
the digital controller board [12]. Once all the parameters are entered, they are
transferred to the first FPGA (Field Programmable Gate Arrays) by a push button.
This input, delay, and display FPGA acts as the initial buffer on the board by storing
the entered parameters. It provides the interface between the keypad and the display
and also the control logic corresponding to the keys on the front panel, such as enter,
clear, reset and start. This input FPGA also contains a delay counter (BCD down-
counter), which makes it possible to introduce a variable delay in the generation of the
chirp signal. This is so that the synchronisation of the chirps can be achieved in the

transmitter and the receiver units.
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The next stage of the digital controller is the microcontroller. This has the
main task of performing the calculations required to transform the entered parameters
into binary values f}, Af, and f;, and sending these binary values to the accumulator
FPGA. The microcontroller also allows programmability via an RS232 serial
interface, which makes it possible to enter all parameters via the PC. The parameter
conversion in the microcontroller is described in appendix A2. This includes part of
the PLM file used to program the microcontroller.

The accumulator FPGA actually holds the binary values of fi, Af, and f;. It
then performs the accumulation process from the initial chirp frequency, £}, to the
final chirp frequency, f,, in incremental frequency steps of Af. Each increment value
is latched and sent to the DDFS, in order to generate N sine waves with frequencies f;,
fi H AL fi + 24, ..., f». As shown in appendix A3, the digital controller was built with
on-board latches and a timing circuit. Two controller boards were made using Protel

Software. The FPGA logic designs (Actel) are given in [11].

6.3.1.2 Direct Digital Frequency Synthesiser (DDFS)

In direct digital synthesis (or digital lookup synthesis), a digital-to-analogue
converter (DAC) uses the output from a digital sine and/or cosine lookup table to
generate a sinusoidal waveform. In general, a direct digital synthesiser consists of a
phase accumulator (an adder), a sine lookup table (read-only memory), a DAC and a

low-pass filter (LPF), as shown in figure 6.6 [13].

Phase Sin 6 DAC
Inputl:D Register ﬁ Accumulator :D table :D (M bit) —» LPF |V,
(N bit) (ROM)

Figure 6.6: block diagram of the direct digital synthesis technique.

For the DDFS used in the sounder (Sciteq ADS-431-403A), there are two
memories (sine and cosine), two DACs, and two low-pass filters, which are used to
produce a quadrature output (I and Q). The system clock used in this case is 1.6 GHz
at ~10 dBm, allowing a maximum frequency output of 400 MHz (1.6 GHz / 4). For

the Sciteq model, a frequency strobe is used to control the latching of the
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programmable bits into the DDFS register (figure 6.6). The register stores these bits
until the next time the frequency strobe signal goes high (level triggered). It should
be noted that the phase accumulator can be reset at any point in the synthesiser’s
operation by a reset button on the front panel. For the sounder, a phase reset (i.e., the
SRF) is used to reset the accumulator at the end of every chirp sweep. The sounder
described here utilises only one sinusoidal output to produce the chirp waveform at
IF.

The sine lookup table stores 2" uniformly spaced values of the sine function,
and provides a digital output that is equal to the sine of the linearly increasing phase
data from the accumulator. The DAC converts the digital values into a discretised
sine waveform, which is low-pass filtered to provide an analogue sine wave output.
The output waveform can be expressed as

V,= Asin(%) 6.3)
where £ is the clock frequency, and W is the input frequency control word. For the
DDFS, £ is equal to 1.6 GHz and W is a control word which determines the output
frequency. For 30 bits and 1.6 GHz, this is 0.745 Hz. For the present IF chirp

generator, a 24-bit (24 most significant bits) parallel control line was adequate giving

a frequency resolution of 23.84 Hz.

6.3.2 MIMO Sounder Transmitter

The following describes the operation of the semi-sequential transmitter unit,
which was developed as modular sub-systems. A photo of the MIMO sounder
transmitter accompanied by a detailed block diagram is shown in figure 6.7 and figure
6.8, respectively. From these figures, it is possible to identify the various transmitter
sub-systems. These are: (1) the 10 MHz Rubidium clock with a number of TTL (and
sinusoidal 50 ohm) outputs, (2) the IF chirp generator, including keypad and display,
(3) the programmable 1.6 GHz PLL synthesiser for the DDFS, (4) the programmable
RF PLL synthesiser, (5) the up-converting unit, consisting of a mixer, band-pass filter
and amplifier, (6) the 8-way RF switch, and (7) the high-power amplification stage

used only for certain long-range outdoor measurements.
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Figure 6.9: Spectrum of the RF chirp signal with 240 MHz bandwidth.

6.3.3 MIMO Sounder Receiver

The 8-channel receiver architecture is shown in figure 6.10 and figure
6.11. This receiver contains: (1) the 10 MHz Rubidium clock with multiple TTL and
sinusoidal outputs, (2) the IF chirp generator, (3) the programmable 1.6 GHz PLL
synthesiser for the DDFS, (4) the programmable RF PLL synthesiser, (5) the up-
converting unit required to produce the replica chirp waveform at RF, (6) the 8-way
local oscillator distributor required to produce 8 replicas of the RF chirp signal with
gain, one for each channel, (7) the 8-channel receiver RF front-end (each section
containing 2 channels) consisting of several amplifiers and a filter per input, (8) the
synchronisation unit, and (9) the 8-channel signal conditioning unit which uses a set
of small signal amplifiers and low-pass filters. Units (1) — (5) are common in both the
transmitter and the receiver systems. Details of the DAU interface software and units

(7) — (9) are provided in [1].
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As noted previously, compression is achieved by mixing the amplified receive
signal with a locally generated chirp replica. The IF output is then fed into the signal
conditioning unit which consist mainly of variable gain amplifiers and low-pass filters
(LPFs) [1]. The IF signals are typically filtered to remove the sum components,
therefore leaving just the beatnotes, which are then digitised and stored using the data
acquisition unit (DAU). The other purpose of the LPFs is to provide the different
time delay windows which are required and to act as an anti-aliasing filter. Since
most time-series data (beatnote signals) are acquired at a sampling rate of
1 MSamples/s, a suitable cut-off frequency for the filters is 250 kHz.

The role of the synchronisation unit within the receiver system is critical [1].
This unit is actually responsible for all the command-controls of the system. It
controls the flow of the data between the PC (which contains the DAU) and the
sounder, the signal conditioning unit, the programmable attenuators within each RF
channel, and a host of other sub-systems [1]. In addition to these, it creates all the
necessary synchronised clocks for the DAU.

After the pre-conditioning of the IF signals via the signal conditioning unit,
the beatnotes are band-limited and within the range of the DAU in the PC, which is
-1.25V to +1.25V (2.5V peak-to-peak). The DAU was constructed at UMIST
(Manchester) by Dr. lan Hawkins. This eight single-ended channel data acquisition
card contains 128 MB on board RAM with programmable sampling rate up to
1 MSamples/s. The ADCs used in the board are serial 8-bit converters, giving a
dynamic range of 48.16 dB (20xloglo(28)). The card has an ISA interface bus and
programmable circuitry to enable the choice of the sampling rate, the number of
sweeps to be sampled, and the number of simultaneous channels to be digitised. The
card also counts the number of samples per sweep and communicates this to the host
PC. The interface software displays the digitised signal either in the time domain or
in the frequency domain for online monitoring of the impulse response [1]. The data
is then stored and transferred to another PC for offline analysis. For the measurement
results presented in the forthcoming chapters, the number of sweeps collected was

typically 250 at a rate of 1 MSamples/s, corresponding to 4000 samples per sweep.
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6.3.4 Antenna Switching

The RF switch used for sequentially selecting the antennas in the transmit
array is the HMC321LP4 model from Hittite Microwave Corporation. The
HMC321LP4 is a broadband (DC — 8 GHz) non-reflective GaAs SP8T switch, which
can permit the switching of up to 8 antenna elements. This switch has an integrated
positive supply 3:8 TTL decoder, meaning that only 3 control lines (A, B, C) are
required to select any of the antennas at any one time. The setup required for the
switching of 4 transmit antennas is shown in figure 6.12, where a lattice FPGA
(model ispLL.SI 1032E) is used as a re-programmable control unit with the SRF as the
input and control lines A, B, and C, as the outputs. The RF switch typically provides
35-40 dB of isolation, which is adequate for MIMO channel measurements. Better
isolation could be provided by relay switches, however the switching time required is

far too long for the applications mentioned here.

RF Chirp Signal at

Transmitter
|r |
| —:—» To Antenna 1
|
|
|
Phase Reset - | (l::(gérAOl —:> To Antenna 2
(Digital Monostable | o ' ———D RF Switch
Controller — 7|  (74121) T (ltztlf‘;f Control V| (Hittite HMC321LP4) :
Board) : 1037E) A.B,C ——:—> To Antenna 3
|
| —:—P To Antenna 4
|
I Antenna Switching Board :
L

Figure 6.12: Block diagram of the antenna switching board (for 4 transmit antennas).

The low frequency SRF input into the FPGA is derived from the phase reset
on the digital controller board. This is achieved by widening the narrow phase reset
pulse used to control the reset of the DDFS after every chirp sweep. A photo of the
RF switching unit (inside enclosure) is shown in figure 6.13. Originally two of these
units were developed (for the transmitter and the receiver) to allow the use of a single

channel, fully sequential sounder, if required.
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In general, single-tone tests present a first order assessment of the system
performance and are often performed prior to any measurement campaigns. Apart
from showing the innate measurement range of the sounder, these results are also used

to compensate for the channel gains of the sounder.

6.4.2 Two-Tone Test

A two-tone test is commonly used in order to assess whether there are any
inter-modulation products introduced by the system when the received signal contains
one echo. For this test, the transmitter signal is connected to a two-way power
splitter, where one of the outputs is connected to an attenuator with a short cable
(typically ~ 1m), and the other is connected to a longer length or reel of cable. These
outputs are then combined and connected to the receiver via more attenuators, thus
producing two distinct tones at the receiver. The delay of the second tone is
dependent on the cable length. For this case, a 1 meter cable was used for the
principle beatnote and a 4 meter length of cable was used to produce the echo path.
Since the speed through a coaxial cable is approximately 0.7 times that of free space,
it could be estimated that the relative delay between the two paths is 14.3 ns
(3m/0.7xc). As previously noted, an appropriate level of attenuation was required
before the receiver, and here the overall attenuation was 80 dB. The basic
configuration for a two-tone test is shown in figure 6.22, followed by the delay
response shown in figures 6.23 and 6.24. The results demonstrate that for this input
level, there are no observable inter-modulation products introduced by the system and

that the performance of the sounder across all 8 channels is similar.

O

Receiver

X met
Transmitter meters —|z'—

8-way
<z
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Figure 6.22: Configuration for two-tone test.
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Because of the digital nature of the SC unit [1], a pre-determined gain value is
used for each channel measurement. This gain does not correspond exactly to the
gain set via the data acquisition software. Instead the digital potentiometers in the SC

unit give a staircase response as shown in figure 6.25.

6.5 Antenna Array Calibration

It was noted in earlier chapters that some of the analysis in this thesis will
focus on array signal processing where the primary objective is to determine direction
of arrival as well as direction of departure information (for double directional
measurements). Therefore, this section briefly describes the antennas which will be
used to assess such spatial data and the corresponding calibration measurements used

to determine the spatial resolution of the antenna arrays.

6.5.1 Array Calibration System

The actual calibration rig used for the array antennas is described in [1, 25].
Additional modifications were performed in [26] in order to acquire complex IQ data
for each channel. The antenna calibration rig consists mainly of a turntable, on which
the test array is mounted and a test transmitter which is used to illuminate this array.
The turntable is rotated by a stepper motor via a gearbox. The stepper motor is
controlled by a PC which has a data acquisition card fitted. The outputs from the
elements of the test array are amplified and detected by an eight channel logarithmic
receiver or an I1Q demodulator. These outputs are then digitised by the data
acquisition card in the PC and recorded onto disc for further analysis. Currently the
rig operates in the 1.9 GHz to 2.4 GHz band, however modifications could be made to

extend this frequency range.

6.5.2 Array Antennas

A few of the array antennas used in this study were developed in [27]. These
arrays consist mainly of directional patch antennas which were used to construct
circular arrays as well as some linear ones. Additional arrays, which were used

primarily for MIMO capacity studies included wideband discone antenna arrays
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6.6 Summary and Conclusions

In this chapter, the semi-sequential MIMO chirp sounder architecture was
presented in some detail, including descriptions of the measurement range and
resolution of the system. Various aspects of the system building blocks were
discussed including the chirp generator and the RF switch. Some basic performance
tests used to assess the capability of the sounder were discussed. Finally, a brief
description of the array calibration system was given along with some of the

calibration data.
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Chapter 7
Spatio-Temporal Channel
Measurements

7.1 Introduction

This chapter describes the wideband multi-antenna measurements collected in
and around the University of Durham. The measurements presented here are
separated into two main groups. The first group comprises of measurements made
with 60 MHz bandwidth for directional (SIMO) outdoor UMTS-FDD uplink
channels. The second group of measurements are for double-directional indoor links
in the 2.4 GHz ISM band using 240 MHz bandwidth and 6 x 8 antenna arrays.

The primary objective of this chapter is to process the measurement data and
present results such as power delay profiles, scattering (Doppler-delay) function, and
time-variant transfer function. This chapter also presents directional and double-
directional spatial channel results using both simple beamforming and the more

sophisticated SAGE-type estimation technique.

7.2 Measurement Campaigns

The outdoor measurement campaigns were performed for a number of
different SIMO environments including line-of-site (LOS), two path, and non-LOS
environments. These measurements were all carried out in the UMTS-FDD uplink
frequencies, i.e. 60 MHz centred on 1.95 GHz. For the non-LOS environment, the
setup was achieved by placing the transmit antenna (directional patch antenna) on the
roof of the old School of Engineering (SoE) building and then moving the receiver
unit around on a trolley. The locations of the non-LOS measurements are shown in
figure 7.1. Over 80 files were collected along the measurement routes shown in blue

and green.
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Centre frequency 2380 MHz
Swept bandwidth 240 MHz
Sweep repetition frequency 250
DAU sampling rate 1 MSample/s
Sweeps collected per second 250
Samples per sweep 4000
Time delay resolution 4.17 ns
Range resolution 1.25m
Time delay window 8.33 us
Doppler range +15.6 Hz

Table 7.2: Measurement parameters for 6 x 8 MIMO environments.

7.2.1 Measurement Procedures

For any of the measurement campaigns, the initial step is to wait at least 15
minutes after start-up so that the Rubidium sources are locked. After sufficient warm
up time, the sounder is programmed via the keypad to produce the chirp signal. The
next stage of the procedure is to synchronise the sweeps at both ends of the system
using the manual delay of the sweep at the receiver. The aim of this procedure is to
get the beatnote (IF signal) down to a few tens of kHz. It is practically not possible to
bring the beat signal all the way down to DC, however the optimum is often achieved
by placing this signal within 40 — 90 kHz. Once the system is synchronised at the
beginning of any measurement campaign, this process does not need to be repeated,
since the drift between the rubidium clocks is negligible in practical terms.

The data are subsequently acquired using the acquisition unit (DAU) described
in [2]. The DAU software checks the relevant clocks and confirms the SRF, the
number of sweeps to be collected per second, and the samples per sweep. Before
using the DAU software to acquire any data, it is important to run the automatic gain
control (AGC) routine which makes certain that the beat signal is within the
amplitude range of the DAU by controlling the gain level (digi-pots) in the signal
conditioning unit as well as the RF attenuation level for each of the front-end cards
[2]. At this point, it is standard practice to collect a reference file, which is simply a
back-to-back test. This ensures that the sounder is operating in the correct mode.
There should be sufficient dynamic range when observing the power delay profile
(time averaged impulse response). The SNR for the measurement files should

typically be greater than 25 dB. The measurement procedure is shown in figure 7.4
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Figure 7.4: Flow chart of channel measurement procedure.
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Channel measurements are made at each location by firstly displaying several
data sweeps on the PC screen, configuring the DAU (if required) and then saving the
measurement file onto the PC hard disk. For MIMO measurements, displaying
consecutive sweeps is very helpful, since it shows the antenna switching at the
transmit array.

It should be noted that for each measurement location, full notes are made
about the system settings, the surrounding environment, and the position of antenna 1
in the receive array. In the case of double-directional measurements, it is important to

know the position of both the transmit array and the receive array.

7.3 Data Processing

By employing the sounder as described in figure 7.4, it is possible to carry out
a variety of radio channel measurements. The acquired raw data files are essentially
the sampled time-series of the beat notes in the channel. In order to perform any type
of data analysis, it is necessary to further process these channel snapshots. This can
be achieved using any high-level programming language, such as C++ or MATLAB.
Because of the enormous library of subroutines and powerful processing capability,
MATLAB was employed in this case. The processing requirements in this chapter
rely mainly on the FFT routine and the more advanced super-resolution algorithms,

such as SAGE (described in chapter 4). This is reviewed in the following.

7.3.1 Delay-Doppler Processing

To obtain the channel functions (figure 7.5), FFT processing was performed
on the time-series data (see appendix Al.1). As described in chapter 6, the data were
initially compensated using the sounder calibration files. This was proceeded by
filtering and windowing. The windowing function used here was the Hamming
window [3, 4], however for computing the complex time-variant transfer functions, it
was necessary to avoid any windowing prior to the FFT, since this would mask the

shape of the transfer function.
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Figure 7.5: Data processing tree, where F represents the FFT with respect to a

particular variable.

7.3.2 Spatial Parameter Estimation

The theory behind many parameter estimation techniques were described in
chapter 4, with emphasis placed on ESPRIT and SAGE. Although algorithms were
developed for both techniques, the inherent flexibility of the SAGE method and its
joint estimation capability made it far superior [5]. Therefore, the estimation of
angular information at the receiver (and at the transmitter) were performed using
SAGE-type methods, which are described here.

The practical implementation of this algorithm simply follows on from the
previous section. The SAGE algorithm is in many ways an ML-type approach where
the main aim is to fit the predicted (modelled) signal to the measured one in a one-
dimensional optimisation procedure. The measured signal in this case is the channel
impulse responses and the optimisation is performed over both the expectation (E)
and the maximisation (M) steps. The effectiveness of this technique to resolve
channel parameters relies heavily on the system model. Although most of the
literature on this subject refers to models which are constructed as Dirac-delta
functions, it is important to note that in real systems, the basic measurement capability

is defined as a finite width pulse given by the back-to-back test.
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The basic version of the SAGE technique described here is based on three
main parameters, namely, o, 7, and @, where « is the amplitude, 7 is the delay, and ¢
is the angle of arrival (in azimuth). The algorithm relies on the one-dimensional
iteration procedure which is done over all parameters until the EM process converges
to a solution. Convergence is achieved much quicker if there are initial estimates of
these parameters. This initial parameter matrix can be defined by performing a
parameter (peak) search on the calculated channel impulse responses. Figure 7.6

shows a simple flow chart which describes the SAGE technique implemented here.
(san )

Peak search of
channel impulse
responses

!

Initialisation of
parameter “pool”

>

SAGE
optimisation
process

onvergence
achieved?

D

Figure 7.6: Basic SAGE estimation of channel parameters.

The process shown in figure 7.6 relies on an iteration procedure which is done
with respect to each multipath component. The initial parameter matrix (or pool) is
limited primarily by the dynamic range of the system. It should be noted that the
SAGE iterations are performed mainly for determining (with higher resolution) the
angular information in the channel, since the FFT process performed on the

measurement data gives adequate temporal channel information. As noted in previous
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chapters, the primary factor in defining the system time-delay resolution is the swept
bandwidth.

The implementation of these super-resolution techniques for parameter
estimation is often complicated because of the practical limitations of measurement
data, such as range, resolution, channel samples, etc. It is possible to develop more
efficient algorithms which are directly suited not only to the sounding method but also
to the array type and geometry. This is a subject which requires further work.

The peak search and SAGE iteration algorithms for estimating channel
parameters were written in MATLAB (see appendix Al.3). These programs were
written for better understanding of the estimation problem as opposed to

computational efficiency.

7.4 Spatio-Temporal Results for 60 MHz Bandwidth (SIMO)

In this section, various results are presented for the UMTS measurements

carried out with 60 MHz system bandwidth.

7.4.1 Power Delay Profiles

The impulse response of the channel can be obtained by performing an FFT on
the time-series data as shown in figure 7.5. For the sounder configuration described
so far, the time-series data are represented as a 4000 x 250 size array per sampled
channel. Here, the 4000 frequency points represent the samples per sweep, for 250
sweeps (acquired in 1s). Each sweep is then filtered to remove close to DC transients
and is multiplied by the Hamming window to reduce the level of the sidelobes. The
result of the Hamming window is that each range bin is widened by the effective
noise bandwidth (ENBW) [4]. For a two term Hamming given in [4], this is defined
as 1.36. Figure 7.7 shows a typical single sweep of the raw data.

The sweeps shown in figure 7.7 correspond to a data set collected using the 8-
element sectorised array (VPDCPA) in a non-LOS environment (file: NOV30F on
Oswald Court), as shown in figure 7.1. Performing an FFT on each of the measured
sweeps (time-series shown in figure 7.7), results in a complex channel impulse
response. These impulse responses are shown in figure 7.8. This FFT process results

in 4000 time-delay bins, half of which are redundant. The algorithms available on the
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After inputting the parameter into the SAGE (optimisation) program, the
iterative procedure yields the component estimates. Figure 7.22 shows SAGE applied
to the data in figure 7.21. Here there are 25 distinct components resolved in delay and

azimuth angle domains.

Power Delay-Azimuth Spectrum

Relative Power/dB
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Figure 7.22: Power-delay-azimuth spectrum for non-LOS data.

Further analysis of such measurement data reveals a number of multipath
clusters. These clusters can be viewed primarily in the angle domain which infers that
the components within a particular cluster have similar DOAs. A more stringent
definition of clusters is multipath components which not only have similar DOAs but
also similar time-delays. Figure 7.23 shows that in the above data there are 4 DOA
clusters, namely at -160, -30, 40 and 110 degrees. For all the measurement files
collected in non-LOS environments around Durham, there were on average 4 to 5
DOA clusters for the same threshold level. In figure 7.24, the computed DOAs are

shown for three typical outdoor environments using a threshold level of -20 dB.
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The measurements in the School of Engineering provided a wide range of non-
LOS and LOS scenarios, some of which have been shown. Since the beamformers
applied here are still somewhat limited in resolution, the following section explores

the application of the SAGE method in order to provide more accurate path estimates.

7.5.4.2 DOA-DOD Estimation Using the SAGE Technique

In order to estimate the angles at both ends of the channel, a SAGE-type
method was employed for each path (validation using beamforming). This again was
applied after performing a path search on the double-directional data. The difference
here was that the channel was vectorised as in the previous case and the so-called
Cost function [5] had an additional variable corresponding to the DOD. Figure 7.33
shows the various components resolved for LOS data at position Tx3. Here the path
search algorithm found 11 components above a -20 dB threshold as before. Clearly,
this shows a scattering radio channel, where there are other significant multipath
components in addition to the direct (LOS) path. A more severely scattered non-LOS

environment is shown in figure 7.34, where 33 multipath components were resolved.
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Figure 7.33: DOA-DOD (azimuth) spectrum for LOS data.
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Figure 7.34: DOA-DOD (azimuth) spectrum for non-LOS data (Tx 14).

In general, the non-LOS locations used for these measurements varied
considerably. Figure 7.34 shows the spatial channel information for one measurement
location. Various other double-directional measurements are shown in figure 7.35
along with the number of multipath components resolved. Similarly to the SIMO
results presented earlier in the chapter, the double-directional spatial data here could
be placed into clusters. Such clusters could be used to identify multipath components
which have DOAs and DODs in close proximity to one another.

It is important to note that the distances between the measurement locations
for the data presented here varied appreciably. This meant that statistical analysis of
the double-directional angular spread was somewhat limited, therefore such results
are not presented here. The average number of components resolved for the non-LOS
files collected in the School of Engineering using the SAGE method was ~ 24 (with

standard deviation of the number of resolved components equal to ~ 10).
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Figure 7.35: DOA-DOD (azimuth) spectrum for various non-LOS data.

7.6 Summary and Conclusions

This chapter presented various spatial and temporal channel measurements for
multiple antenna radio links. The focus here has been to show results for two
different environments, namely outdoor UMTS links and indoor adhoc (WLAN type)
channels. The data processing has been described for obtaining the different types of
results. The processed data has included power delay profiles, scattering function,
time-variant transfer function, azimuth angle power spectrum, amongst other results.
Directional and double-directional channel information has been computed via two

different techniques which have shown good agreement.
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Chapter 8
MIMO Channel Characterisation

8.1 Introduction

The previous chapter outlined the types of measurement results obtained for
SIMO and MIMO channels, including delay-Doppler characteristics and azimuth
power spectra. The focus in this chapter is to examine the MIMO matrix data, with
emphasis on channel throughput analysis. The results presented in this chapter are
separated into indoor and outdoor measurements. More emphasis is placed on the
indoor campaigns which include 60 MHz bandwidth UMTS-FDD measurements, 96
MHz bandwidth dual band (centre frequency of 2.25 and 5.8 GHz) measurements,
and various types of wideband (240 MHz) measurements in the 2.4 GHz ISM band.
Outdoor measurements were carried out primarily in the UMTS-FDD uplink band for
different array configurations. Comparisons are made between the different MIMO
channel environments.

The objective of this chapter is to characterise various types of MIMO radio
propagation channels by statistically analysing the MIMO matrix data. Results
include CDF plots of channel capacity for different array sizes and geometries. In the
previous chapter it was shown that the data processing could be achieved by FFT
techniques. In addition to this, matrix manipulations and capacity computations are

described in this chapter, including the concept of channel normalisation.

8.2 Measurement Campaigns

8.2.1 Indoor MIMO Campaigns

The indoor measurements can be sub-divided into three sets. The first set of
measurements was acquired for the 60 MHz UMTS-FDD uplink band, in the School
of Engineering (SoE), floor 2a. Figure 8.1 displays the measurement locations and
figure 8.2 shows photos of the environment. At each measurement location multiple

files (red dots) were collected by rotating the array at the transmit end in order to
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Centre frequency 2250 MHz and 5800 MHz
Swept bandwidth 96 MHz

Time delay resolution 10.42 ns

Range resolution ' 3.13m

Time delay window 20.08 us

Doppler range - 125 Hz (at 2.25 GHz)

Table 8.2: Parameters for BBC measurements (second indoor set).

File name | Location Transmit Receive antenna Comments
antenna array | array
m8 1to 50 Studio A 4-element 4-element discone | Two receiver
discone (UcAa) locations with 25
(UCA) files each
m9 1to49 Studio C 4-element 1-21 using 4- 42-47 moving
discone element discone transmitter (Tx)
(UCA) (UCA)
22-49 using 4-
element spaced
discone (ULA)
ml10 1to 46 | Inside and 4-element 1-35 using 4- 1-15 outside
outside discone element discone at | 16-31 inside
laboratory (UCA) height 2m (UCA) | 32-35 inside,
V2 36-46 using 4- moving Tx
element discone at | 36-46 inside
height Im (UCA) | with 45-46 with
moving
, obstruction
mll 1to10 | StudioC BBC antenna | Cross polar array | Single band
array (4-element) (2.25 GHz)

Table 8.3: Summary of BBC MIMO measurements.

The final set of indoor measurement data was collected in the School of

Engineering, floors 2a, 3a, and 2b. The measurements were done with 240 MHz
bandwidth centred on 2.38 GHz (band 2.26 — 2.5 GHz) for various array sizes and
configurations. These included channels 2 x 2,2 x 4,4 x 2,3 x 3,3 x 4,4 x4, and

6 x 8. The last set of measurements (6 x 8) was carried out on floor 2b. All the other

channel measurements were collected on floors 2a and 2b. Two sets of 4 x 4

measurements were made, one with the usual discone array configuration (UCA) and

the other for varying antenna spacings of A/3, A/2, A, and 3A/2. Figures 8.10 and 8.11

show the measurement locations.
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measurement parameters are shown in table 8.4. Near 300 measurement files were
acquired during this particular indoor campaign and the details of this are given in
table 8.5.

Centre frequency | 2380 MHz

Swept bandwidth 240 MHz

Time delay resolution 4.17 ns

Range resolution 1.25m

Time delay window ' 8.33 us

Doppler range +25 Hz (+ 15.6 Hz for 6 x 8)

Table 8.4: Parameters for MIMO measurements (third indoor set).

Files | Location Array | Array type & geometry | Comments

per set size ,

41 SoE, floor 2a,3a | 2 x 2 | Rx—2 discone (ULA) | Including Doppler
Tx — 2 discone (ULA) | and LOS data.

40 | SoE,floor2a,3a |2 x4 | Rx-4discone (UCA) | Including Doppler
Tx —2 discone (ULA) | and LOS data.

38 SoE, floor 2a,3a | 3 x3 | Rx -3 discone (ULA) | Including Doppler
Tx — 3 discone (ULA) | and LOS data.

22 SoE, floor 2a 3 x4 | Rx—4 discone (UCA) |-
Tx — 3 discone (ULA)

40 SoE, floor 2a,3a | 4 x2 | Rx—2 discone (ULA) | Including Doppler
Tx — 4 discone (UCA) | and LOS data.

41 SoE, floor 2a,3a | 4 x4 | Rx-4discone (UCA) | Including Doppler
Tx — 4 discone (UCA) | and LOS data.

44 SoE, floor 2a,3a | 4 x4 | Rx—4 discone (ULA) | Data for different
Tx — 4 discone (ULA) | antenna spacing

28 SoE, floor 2b 6 x 8 | Rx -8 (VPDCPA) Including LOS
Tx - 6 (VPDCPA) data.

Table 8.5: Summary of MIMO measurements in the SoE.

8.2.2 Outdoor MIMO Campaigns

In addition to the indoor measurements, three sets of outdoor measurements
were carried out around the Science Laboratories, University of Durham as shown in
figure 8.12. Around 90 non-LOS MIMO 4 x 8 measurements were acquired for the
60 MHz UMTS-FDD uplink band. The sounder setup was the same as in table 8.1.
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In chapter 3, the MIMO channel matrix was described in some detail with
reference to various matrix computations including eigenvalues and the Frobenius
norm. This section extends this information to describe the way in which the MIMO

data was first normalised and then used to calculate link throughput.

8.3.1 Channel Normalisation

The normalisation of the MIMO channel matrix is of critical importance for
assessing channel capacity for a range of environments. However, there is often no
clear ‘best way’ solution to do this. The fundamental problem is that the power/noise
levels which are present when measurements are carried out are not necessarily
realistic for a true communication system. For example, for channel measurements, it
is conceivable that sufficient power can be transmitted to achieve 35 dB or more SNR
at the receiver. However, in a practical mobile radio system, it is unlikely to achieve
such a level of SNR. Thus, in computing channel capacity, it is assumed that the
measured channel (sampled) matrices are exact (i.e. no noise) in order to scale the
transmit power/receiver noise in the calculations to achieve a certain assumed receiver
(SISO) SNR. This SNR is then used as the SNR of the target communication system
whose performance is to be examined. Normalisation just simplifies the process of
selecting the appropriate (required) transmit power/receiver noise to achieve a given
SNR.

There are different techniques of normalising the MIMO channel data.
Perhaps the most accurate technique is to normalise the channel matrices so that the
Frobenius norm is equal to ngny, which gives an average SISO gain of one [4]. It is,
however, unrealistic to force each individual sampled channel matrix to have a SISO
gain of one, since this assumes some kind of power control which allows the receiver
to always have the same SNR, regardless of path loss [4]. It is far more practical to
force the average over all SISO gains to be one, thus assuming an average SNR. This
would allow the successive time sample data to be processed correctly and would
account for varying path loss since only one constant is used for normalisation.

Since in this thesis, the focus is placed on wideband channels, it is possible to
take each frequency bin (out of Ny bins) and perform the computation. It is generally
unrealistic to normalise each frequency bin to have the same SISO gain. Therefore

each sample is normalised to the same constant (i.e. the average norm for all time and
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frequency snapshots). If the sampled channel matrix for a particular snapshot is
denoted by H, then the normalised channel matrix, H, can be defined by the

relationship

") = gt~ (8.1)

where S represents the normalisation constant for each time snapshot and f, represents
the frequency sample index. Therefore the specified unity power gain constraint may

be expressed as

1 & ol
_ ,BH (8.2)
N “hphy /;112—1"21
Solving this equation for g gives
1 N2
B=1 || —— " (8.3)
N, -ngny ;1 ;

where Nrdenotes the total number of MIMO channel snapshots.

There are somewhat varied views on channel normalisation in the international
research community. In terms of computing channel capacity using this particular
sounder, the calculation was performed for each chirp sweep by using the constant
corresponding to the overall Frobenius norm. The spectral capacity would then be
given (as an average) in terms of bits/s/Hz. Multiplying this by the system bandwidth

would give the overall capacity in bits/s.

8.3.2 Capacity Computation

The evaluation of link capacity can provide a valuable measure of the
channel’s upper bound limit on achievable data rate. This is particularly useful when
assessing the capabilities of MIMO systems for both indoor and outdoor channels.
The capacity of a frequency-selective fading MIMO channel can be calculated by
dividing the frequency band into N narrower (frequency-flat) sub-channels, which in
this case is defined as the frequency bins across the band of interest [5]. Therefore,

each of the /™ MIMO sub-channels (i = 1,2,...,N) can be denoted as
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The overall input-output relationship of such a system is given by

ryl_ _Hl o --- 0 "xl_ —nl_
E|0 H, --- 0 ||x n
yzz :\/: : :2 . :2 + :2 (8.5)
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where F; is the total average energy available at the transmitter over a symbol period
and WB denotes a frequency-selective fading channel. The frequency-selective

channel capacity can therefore be expressed in terms of the narrowband capacity,

given by
L <5 00)
Cyp = NZCNB (8.6)
i=1
Cpp =L 3 log, | det| 1, + L HHF
A WB——N—; og,|de "R+Z H; (8.7)

where p denotes the SNR and H; is the ng X nr matrix containing the sampled channel

transfer functions for each of the sub-channels.

8.3.3 Correlation Analysis

Correlation analysis is an important part of MIMO channel characterisation as

there is inherent correlation information contained within MIMO capacity results.

Here, the correlation coefficients are defined using H*’, which is the &™ channel

i,j?
frequency bin from the ;™ transmit element to the i receive element [8, 9]. Therefore
the correlation coefficient at the receiver with a particular element spacing is defined

as
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where Ny is the total number of samples (frequency bins) and d is the element spacing,
typically defined as 1.

The transmit correlation coefficient is calculated by interchanging the roles of
the transmitter and receiver [8]. The analysis of these coefficients can be useful when

MIMO measurements are performed with different inter-element spacing.

8.4 Indoor MIMO Channel Characterisation

The results of the indoor measurements include temporal characteristics such
as delay profiles and time-variant transfer functions, and a range of channel capacity

and correlation results, including CDF plots, with more emphasis placed on channel

capacity.

8.4.1 UMTS Measurements

This section describes the first set of MIMO measurements collected in the
UMTS FDD uplink band with 60 MHz system bandwidth. All of the measurements
were acquired in the SoE, floor 2a, while the transmitter and receiver were stationary.
Figure 8.13 shows the power delay profiles for a 4 x 4 non-LLOS channel (position:
Tx4 in figure 8.1). Here, as in previous MIMO figures, the rows represent the
transmit elements in sequence, while the columns represent the receive elements in
sequence. Figure 8.13 shows at least two dominant multipath components as a result
of the receiver location within the School. This was particularly apparent at location
Tx4, where the transmitter was placed near the link connecting the two Schools
shown in figure 8.1.

Figure 8.14 shows the time-variant transfer function data for the same 4 x 4
MIMO set. It is possible to see from the time axis of these plots that the channel was

relatively stationary. These plots are normalised for each MIMO element and the
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The importance of outage capacity was discussed in chapter 3 and figure 8.20
shows the 10% outage capacity point. This provides a more practical estimation of
channel capacity since it gives the information rate that is guaranteed for 90% of
channel realisations. Table 8.6 shows the mean and the 10% capacity results from the
above CDF plots (30 dB SNR).

Array size | Mean Capacity (b/s/Hz) | 10 % Outage Capacity (b/s/Hz)
2x2 16.73 15.85
2x8 7 22.80 21.99
3x3 24.33 23.18
4 x4 31.29 29.63

Table 8.6: Mean and 10% outage capacity results for indoor MIMO measurements.

In the case of the results shown in table 8.6, the mean (calculated) data rate for
a SISO link was 9.91 b/s/Hz with 30 dB SNR. This shows that assuming full spatial
multiplexing, a 4 x 4 system may provide 3 times the throughput that would be
expected from the same spectrum using a conventional SISO system. Theoretically, a
capacity of up to 4 times (i.e. 4n) should be attainable but this is practically
improbable. In addition to this, the codes developed to date are still somewhat limited
and do not allow full spatial multiplexing, although it is possible to get very close to
this limit.

Another important result is capacity plotted against varying SNR. Figure 8.21
shows this result for all the array configurations. In addition to this, the capacity
results for the simulated Independent and Identically Distributed (IID) channel model
are shown for comparison (see chapter 3). Figure 8.21 shows that for the indoor
measurements, the average capacity is typically greater than 85% of the IID case. For
a 30 dB SNR, the computed capacity for all channels is above 90% of the IID channel
realisations. This suggests that for the indoor measurements described here, the
MIMO channel is comparatively uncorrelated. Figure 8.21 also shows that at ~ 24.7
dB SNR, the measured capacity curves for 2 x 8 and 3 x 3 channels intersect. At low
SNRs (below 10 dB), more throughput is expected from the 2 x 8 system than the
other array setups. This is due to the fact that at low SNRs, diversity gain is more

prominent in the channel.
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this would mean a radius greater than 5A/4 at 5.8 GHz and therefore a greater capacity
estimate would be expected for the higher band. On closer examination of the
measurement results, higher correlation was apparent at the transmit side in the 5.8
GHz band than the 2.25 GHz band. This was due to 10 dB lower isolation in the
GaAs transmit switch at the higher frequency band and would explain the difference
in the OLOS results in tables 8.7 and 8.8. The LOS results would be less affected by
this since the channel would be highly correlated in both bands. To address this,
channel measurements should be done using a switch matrix which provides
approximately the same level of isolation or alternatively a switch for each band,
which runs from the same control line clock (SRF) and provides similar isolation
(more than 30 dB should be obtainable).

The results also show that for a near LOS condition (i.e. highly correlated
channels) a reasonable level of capacity could be expected. In fact for the
measurements described here, a LOS path does not greatly degrade the channel,
providing that there is a scattering environment and that the different MIMO element
channels are not correlated. Also, greater antenna spacing and/or different antenna
polarisations can improve the link performance. The subject of antenna spacing will
be examined in the next section.

In respect to spatial multiplexing systems, it stands that the more varied the
individual MIMO channels are, the greater the channel capacity. The CDF plots
demonstrate this, since it is shown that highly correlated links can be more limited in
throughput performance. Although some measurements were collected in indoor-to-
outdoor locations, examination of the data showed that there was no significant
difference between the capacity results corresponding to these locations.

In addition to all the stationary measurements, some files were also collected
while the transmitter was being moved at walking speeds. Figure 8.30 shows the
4 x 4 scattering function for such a channel (m10_32) at 2.25 GHz, where the Doppler
scattering floor is set to -35 dB. The figure shows that certain MIMO elements have
more Doppler variation. This can also be translated into the MIMO transfer functions
as shown in figure 8.31, where a notable contrast can be seen between the 16 elements
of the MIMO channel. In particular, the transfer function plots in figure 8.31 show

how the radio channel varies in the dimension of time as the transmitter moves.
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In general, higher Doppler channels (Doppler effecting each multipath
component independently) would result in more spatial variation and since this would
cause the MIMO elements to be less correlated, it is reasonable to assume that from
an information theoretic perspective, movement in the channel would increase the
rank of the channel and therefore channel capacity. From a MIMO system design and
development aspect, very high Doppler channels would present a problem associated
with the adaptive channel estimation at the receiver end. Furthermore, in scenarios
where CSI information is required at the transmitter via some feedback technique, the
study of time variation becomes very critical, where high Doppler could mean that the
channel has changed enough for the feedback information to be ineffective.

Not enough measurements were made during the BBC campaign to analyse
the effect of Doppler on channel capacity with a high degree of statistical accuracy,
however, all of the data files collected showed higher throughput estimates than the

average stationery channel.

8.4.3 Wideband ISM (2.4 GHz) Measurements

So far MIMO technology has been envisaged primarily for ad-hoc wireless
systems, which are typically employed in the ISM bands. The measurements
presented in this section are used to characterise the 2.4 GHz ISM band using a large
system bandwidth, which in turn means a finer delay resolution than the other
measurements presented in the chapter. This resolution is demonstrated in figure
8.36, which shows a typical 4 x 4 PDP response (Tx9).

The majority of the data were acquired in non-LOS locations, however a
number of files were collected while there was a strong LOS component. Figure 8.37
shows a typical PDF (density) plot of the magnitude and phase data of the channel
transfer matrix (vectorised channel snapshots) collected in a non-LOS environment.
This is followed by figure 8.40, which shows the same channel generated by an [ID

model, described in previous sections.
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Channel Capacity for 4 x 4 System

Normalised Capacity (b/siHz)

Location of Tx

Figure 8.40: MIMO (4 x 4) capacity for indoor 2.4 GHz ISM channels.

Figure 8.39 shows how the channel would become singular if there was only
one dominant multipath component. This can be further explained when analysing
the number of resolvable (distinct) channel paths. Figure 8.41 shows the number of
components resolved above a 20 dB threshold. lLocations 1 and 2 show very few
resolvable paths, while locations 19 and 22 show the highest number of components.
This again reaffirms the principle that multipath is generally beneficial to the
operation of a MIMO space-time system.

It is important to conclude from the studies so far that a LOS link does not
necessarily infer poor MIMO performance from a channel capacity standpoint. The
performance of the system is a function of the multipath environment, operational
frequency, and antenna spacing amongst other factors.

Figure 8.42 shows the array correlation coefficients corresponding to the same
locations for both the transmitter and the receiver. Locations 1 and 2 show that both
correlation coefficients are quite high (above 0.7) and this fits in with the assessment

of the channel so far.
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Array size Tx. Corr. Tx. Corr. Rx. Corr. Rx. Corr.
(mean) (std) (mean) (std)

2x2 0.72678 0.15012 0.57877 0.16846
2x4 0.65417 0.19695 0.40546 0.13179
3x3 0.35119 0.10402 0.541 0.17224
3x4 0.35113 0.088504 0.34908 0.1274
4x2 0.48675 0.13461 0.80887 0.18692
4x4 0.56416 0.13154 0.4517 0.14607

5 x 5 (sub) 0.35907 0.097621 0.42031 0.056721

6 x 6 (sub) 0.30875 0.10622 0.40028 0.080943
6x8 0.2996 0.11633 0.41542 0.082419

Table 8.9: Tx and Rx array correlation coefficients for indoor 2.4 GHz channels.

Array size No. I.’aths No. Paths No. Paths No. Paths
7 (min) (max) (mean) (std)

2x2 6 30 16.606 - 7.0018
2x4 9 45 22 94182
3x3 12 41 22.952 8.986
3x4 13 43 27474 11.057
4x2 12 105 24.722 15.465
4x4 8 43 23.2 9.2797

5 x 5 (sub) 7 45 23.341 9.4873

6 x 6 (sub) 8 49 24.318 9.7083
6x8 8 47 24.545 - 10.577

Table 8.10: Number of components (20 dB threshold) for indoor 2.4 GHz channels.

All of the aforementioned parameters depend primarily on the measurement
environment as well as other factors. For example examining the number of
components depends very much on the sounding bandwidth. As shown in the
previous section, the multipath environment is very much a function of the
measurement band. In table 8.10, the average number of components is similar for all
the non-LOS environments measured. In the case of transmit and receive array
correlation, the results are dependent on the array type and geometry. For example,
circular directional arrays will result in different correlation coefficients than linear
omni-directional arrays. In table 8.9, the mean correlation coefficient shows that as

the array size at both ends increases, there is a general downward trend in the
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Level UMTS-FDD (60 MHz) 2.4 GHz ISM (240 MIHz)
(dB) |LCR¢(per MHz)| ABF (MHz) |LCR¢(per MHz)| ABF (MHz)
-1 0.356 54.636 0.043 225.82
2 0.397 45.944 0.077 199.27
-3 0.433 36.655 0.107 164.15
4 0.423 27.961 0.124 127.02
-5 0.410 20.263 0.131 93.101
-6 0.367 13.928 0.126 65.403
-7 0.297 9.2364 0.114 44.402
-8 0239 6.0963 0.097 29.449
9 0.195 3.9275 0.082 19.348
-10 0.154 24924 0.067 12.591
-11 0.120 1.5839 0.055 8.1101
12 | 0.09 1.0141 0.044 5.1627
-13 0.076 0.64116 0.034 3.2765
-14 0.059 0.40487 0.026 2.0771
-15 0.046 0.25439 0.020 1.3091

Table 8.11: Mean values of LCRyand ABF for UMTS and ISM measurements.

Level 2.25 GHz BBC (96 MHz) 5.8 GHz BBC (96 MHz)
(dB) |LCR¢(per MHz)| ABF (MHz) |LCR¢(per MHz)| ABF (MHz)
-1 0.163 86.834 0.246 88.542
2 0237 72.947 0.347 74.712
-3 0.275 57.04 0.464 58.902
4 0.287 41.961 0.490 43.087
5 0.278 29.242 0.477 29.944
-6 0.242 19.491 0.420 19.989
7 0.204 12.723 0.348 13.036
-8 0.168 8.1714 0.289 8.394
9 0.134 5.1711 0.232 5.3154
-10 0.106 3.253 0.181 3.3539
-11 0.086 2.0412 0.141 2.1207
-12 0.068 1.2596 0.110 1.3352
-13 0052 0.77709 0.084 0.84001
-14 0.039 0.48205 0.062 0.52919
-15 ©0.030 0.30079 0.046 0.3326

Table 8.12: Mean values of LCRyand ABF for BBC (dual band) measurements.
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The results in table 8.11 show that the LCRy is lower for the measurements
carried out in the ISM band than those for the other campaigns. Table 8.12 shows the
results for the BBC campaign, where a higher LCRy was found for the upper
measurement band (5.8 GHz). For the ABF results at -6 dB threshold level, the
UMTS band showed around 14 MHz ABF (23%), 65 MHz (27%) for the ISM
measurements, and just below 20 MHz (21%) for the BBC data. These parameters

can be useful in assessing MIMO system performance for a given environment.

8.7 Summary and Conclusions

This chapter has presented various channel characteristics primarily for indoor
MIMO links. The indoor measurement campaign has included the UMTS-FDD
measurements, the BBC measurements, and the 2.4 GHz ISM band measurements. In
addition to this, results were presented for outdoor MIMO channels around the
University of Durham. The main focus for all the MIMO measurements has been to
assess the link throughput and correlation characteristics. The results have included
the assessment of channel capacity for LOS, OLOS, and non-LOS channels. Capacity
has also been evaluated as a function of location, measurement time, system
bandwidth (inherent to the results), SNR, antenna spacing and Doppler. In particular,

it was shown that in some scenarios, Doppler could be beneficial to link capacity.
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Chapter 9
Conclusions and Further Work

9.1 Conclusions

The various elements of multi-antenna radio channel characterisation have
been discussed so far. A novel semi-sequential chirp sounding system was described
in chapter 6. This involved the construction of four PLL synthesisers, two DDFS
controller cards, two RF switch units, an RF up-converter (transmitter) and down-
converter (receiver), and inter-digital band-pass filters for every sounder channel (a
total of 10 filters). The transmitter was placed into a new 3U rack and the receiver
into a 6U rack. The other components of the sounder such as receiver RF front-end
cards, signal conditioning unit, synchronisation unit and data acquisition unit were
developed by other workers. Various performance tests have been used to validate
the operation of the system. This includes single-tone and two-tone tests. Sounder
calibration data were also collected in order to compensate for the varying channel
gains.

The semi-sequential sounder has been employed for various measurement
campaigns which account to more than 700 measurement files corresponding to over
175,000 impulse responses. A relatively low number of indoor and outdoor files were
collected for SIMO configurations described in chapter 7. The majority of the data
have been collected for wideband indoor MIMO channels, particularly in the 2.4 GHz
ISM band. Numerous algorithms have been developed in MATLAB software for data
processing and analysis. These can be subdivided into three groups, namely: general
processing based primarily on the FFT routine, MIMO data processing, and spatial
array processing, such as SAGE and beamforming.

The SIMO 1 x 8 measurements (chapter 7) were used to analyse the spatio-
temporal information in the channel. Initial FFT algorithms yielded impulse
responses (or power delay profiles), transfer functions, and scattering functions.

The second part of this analysis examined spatial channel information using

beamforming and SAGE. It was shown that in non-LOS scenarios, beamforming was
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not adequate in determining high accuracy DOA information. This was clearly a
limitation which could be avoided with a more sophisticated estimation procedure as
described for SAGE. Double directional (6 x 8 MIMO) data was also analysed
primarily for azimuth DOA, and DOD estimation. In this case, the MIMO channel
data were vectorised and the corresponding antenna calibration data were used to
yield the spatial channel information. The beamforming technique was used mostly
to validate the measurement data against SAGE. In all cases the DOA (and DOD)
were evaluated based on the geometric location of the transmitter and the receiver
before employing any type of array signal processing.

Various MIMO measurements were examined in chapter 8. The majority of
the data were acquired for indoor non-LOS links. The first set of indoor
measurements were for 2 x 2, 3 x 3, 4 x 4, and 2 x 8 UMTS-FDD (60 MHz
bandwidth) uplink channels. Capacity results were shown for all the configurations
and this was compared to the IID channel model with more than 90% fit at 30 dB
SNR. At low SNRs of less than 10 dB it was shown that diversity gain is more
prominent in the channel, whilst at higher SNR it was shown that better performance
is available for the 3 x 3 array setup rather than the 2 x 8 setup due to multiplexing
gain. It was shown through real channel measurements (using 10% outage capacity)
that almost 3 times the data rate could be achieved for a high SNR 4 x 4 channel
relative to a SISO system.

The BBC 4 x 4 data were used to compare two simultaneous measurement
bands at 2.25 GHz and at 5.8 GHz. These data generally demonstrated higher
thoughputs in the lower 2.25 GHz band. However, it was determined that the
transmitter GaAs switch used in the semi-sequential MIMO system provided 10 dB
lower isolation in the 5.8 GHz band as compared to the 2.25 GHz band. This explains
the differences in the results. Since the antenna spacing was greater at the higher
measurement band it would typically be expected that this band would provide more
throughput. In order for the results to be comparable, measurements should be carried
out using two separate switch matrices (running from the same control clock) which
provide comparable isolation in both bands, meaning that correlation at the transmitter
is similar. The isolation of the switch and the apparent correlation at the transmitter in

the higher band is less prominent for highly correlated links.
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Moreover, the data were described as LOS or obstructed LOS (OLOS). The
results showed that high (much greater than SISO) capacities could be expected even
in scenarios where the channel was highly correlated, which showed 2 times the SISO
data rate for a 4 x 4 link at 30 dB SNR. For measurements where the transmitter was
moved in order to create more channel Doppler, the capacity estimates were seen to
increase due to the spatial variation of the MIMO matrix. As would be expected,
these data also showed greater fluctuations in the capacity results as a function of
time. Furthermore, Doppler had a greater affect at the 5.8 GHz band which resulted
in higher throughputs. Time-variant analysis is important for adaptive (waterfilling)
systems where some feedback and channel training information is required. For this
reason, high Doppler channels would be problematic from a systems and signals
perspective.

The final set of indoor measurements, which was by far the largest, examined

MIMO channels in the 2.4 GHz ISM band with a wider bandwidth of 240 MHz.
Here, measurements were carried out for many array configurations within the School
of Engineering and capacity results were presented along with figures for array
correlation, and number of multipath components. As the array at both ends of the
channel increased in size, there was a general downward trend in the correlation
calculated for the transmitter and receiver. This was due to the averaging being done
over a much larger array. The mean estimate for the multipath components showed
very similar results for all non-LOS environments.
The capacity results for the measurements were presented as CDF plots and as a
function of SNR. These results were comparable to the previous measurements
showing an increase in channel throughput as the array size increased at both ends of
the link. Analysis of the higher Doppler files at this bandwidth showed very similar
results to the BBC data, i.e. that capacity estimates were 2 — 3 b/s/Hz higher. In
addition to this, 4 x 4 measurements were made with 4 different antenna spacings.
The largest spacing of 3A/2 yielded the highest capacity estimates which would imply
that less MIMO channel correlation is expected at a greater inter-element spacing, as
would be expected.

Some MIMO measurement campaigns were also carried out for outdoor 4 x 8
links. Here, 3 array geometries were examined at the transmit end. In particular, it

was shown that the lowest capacities were a result of directional antennas at the
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transmitter, where all the antennas had the same look angle. However, using a
circular directional array at the receiver gave slightly higher throughput estimates than
using a linear omni array. These data were acquired for indoor 2 x 8§ MIMO links
measured in the School of Engineering. When comparing the indoor data to the
outdoor measurements, it was apparent that the indoor measurements showed a better
fit to the [ID model (greater than 90%). Furthermore, when computing capacity for
different bandwidth sections (5 MHz), the capacity estimates were not significantly
different. This infers that varying the processing bandwidth of the data does not result
in significantly different capacity estimates.

The frequency fading characteristics of all three indoor measurement
configurations were also presented. The results for the BBC data were similar for
both bands, however the LCR¢ was higher for the 5.8 GHz measurements. The
UMTS-FDD downlink data and the ISM band data showed quite significant
differences in both LCRrand ABF.

In general, MIMO results were evaluated as a function of time, distance,
bandwidth, location, SNR, antenna spacing, and Doppler, as well as the measurement
environment (i.e. LOS, OLOS, non-1.OS), where any MIMO link is a function of all
the aforementioned parameters.

In summary, various aspects of MIMO (and SIMO) radio propagation
channels have been explored in this thesis. Chapters 2 and 3 provided the background
theory and literature review for multi-antenna propagation channels. In chapter 4,
various spatial array processing tools were described, such as beamforming and
SAGE. Chapter 5 examined the requirement for sounding systems and chapter 6
provided detailed systems level descriptions of the hardware developed. Finally,
chapters 7 and 8 presented the measurement results and conclusions. Appendix 7 lists

all the papers written during the course of this project.

9.2 Further Work

Although many MIMO measurements have been examined so far, there is
undoubtedly further work which could be extremely valuable to the development of
MIMO systems. In the first case, more system configurations can be examined to
yield a particular set of results. For example, employing the sounder with greater

system bandwidth would give higher resolution information in the time-delay domain.
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This is particularly interesting for estimation of spatial parameters for indoor links.
Furthermore, every location presents a different spatial environment and the data
corresponds to a different local area. For MIMO measurements in both the 2.25 GHz
band and the 5.8 GHz band, measurements should be carried out with separate
switches for each band which provide similar isolation between the transmit chirps.

Since the sounder employs parallel receive channels, it is quite possible to
connect each RF channel to a different sub-array. In other words, by using more RF
switches, a 24 or 32 element array could be formed. The ultimate limit for spatial
characterisation is the number of array elements. Even for very sophisticated super-
resolution techniques, more elements in the array will result in a better spatial
resolution.

In addition to more measurements using different sounder configurations,
there are other software tools which could be developed to analyse the sounder data.
For example PCA (Principle Component Analysis) could be employed for cluster
analysis. Also, more MATLAB GUIs (Graphical User Interfaces) could be developed
to aid with channel measurements and real-time analysis.

No real system or channel modelling has been presented in this thesis, since
this is a project in itself. Developing a MIMO system simulator is a valuable task for
the main reason that the channel measurements could be imported into the model for
performance tests such as BER analysis. Furthermore the simulator could be used to
evaluate channel models against the actual measurement data for various system
configurations (number of antennas, modulation, space-time coding, etc.) The
implementation of a MIMO-OFDM simulator in SIMULINK software would have
obvious merits. Currently an OFDM system simulator has been developed by another

worker, where the SISO radio channel is defined as a set of filters.
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Appendix 1
Signal Processing in MATLAB

Al.1 SIMO Processing

Many programs were developed in MATLAB for computing different
parameters for the SIMO/MIMO radio channel. Figure Al.l1 shows the core
processing used to extract SIMO delay/Doppler characteristics, such as power delay
profiles, scattering functions, and time-variant transfer functions. A list of these
programs is available on the accompanying CD-ROM, which includes algorithms
used to extract delay spread, frequency fading statistics and a host of other
parameters. A plotter GUI (Graphical User Interface) was also developed for

processing raw data directly.

Raw sounder
data

l data_read.m

Formatted data

1 data pro.m

Core FFT
processed data

pdp_check.m doppler_check.m tf_check.m
Display power s%;z?z Display transfer
delay profile Func tio ng function

Figure A1.1: SIMO processing in MATLAB.
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Al.2 MIMO Processing

Figure Al.2 shows the MIMO signal processing performed on the sounder
data. The computed channel capacity results were often compared to the IID channel
which was simulated using the normrnd() function. A MATLAB GUI was also
developed to processed raw data directly (available on the accompanying CD-ROM).

Raw sounder
data

l data_read.m

Formatted data

data_splitter.m
tf_norm.m

Core MIMO
processed/split
data

e.g. pdp_4x4.m e.g. dopp 4x4.m e.g. tf 4x4.m e.g. capacity 4xn.m
Display MIMO Display MIMO Display MIMO Compute and
power delay scattering transfer display MIMO
profiles functions functions capacity and
' eigenvalues

corr_mimo.m

Compute array
correlation
coefficients

Figure A1.2: MIMO processing in MATLAB.
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Al.3 Array Signal Processing

In order to estimate spatial channel information, both sounder measurement
data and antenna calibration information was necessary. Figure A1.3 shows the array
processing which can yield results using both the beamforming and the SAGE
techniques. Although figure Al.3 illustrates the spatial processing for SIMO
channels, the same core processing is applied to yield both DOA and DOD results.

Raw sounder
data
l data_read.m
Antenna
calibration data Formatted data
array_check.m
7 data pro.m
Formatted array
data Core FFT
processed data

l complete_array.m

l peak_search.m

Normalised
beam-pattern Initial data
data rpeaks
l beamIR.m sage method7.m
\
Display DOA .
spectrum DOA estimates
(beamforming)
l ang_del_plot.m
Display spatial
information

Figure A1.3: Spatial (DOA) processing in MATLAB.
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Appendix 2
Microcontroller PLM Program

A2.1 Microcontroller Program for the Digital Controller

The microcontroller must be programmed to perform the IF to RF
conversions, 1.e., given the centre frequency, f;, the SRF and the bandwidth, BW, the
microcontroller must calculate £, Af, and f,. Two other parameters must be taken into
account. The first is the minimum (set) frequency resolution of the DDFS, denoted by
a factor, and the second is the update rate of the DDFS, F4qe, Which is determined
by the frequency strobe used to latch the data into the DDFS. Of course the data in
this case refers to the binary 24-bit parallel input that programs the DDFS to produce
the frequency sweeping “chirp” signal. The other parameter to consider is the number
of steps the DDFS takes to sweep from f; to f,. This is simply determined by

Fypaae/ Factor. The microcontroller calculations are shown below:

Calculate Af:
AszWxSRF_ 1 (A2.1)
Fopaue  Factor
where the DDFS frequency resolution, Factor, is given by
6
Factorsza*(DDFS) =me/4 :400x10 (A22)

2" 2" 2"

The maximum frequency output of the DDFS in this case is 400 MHz (for a 1.6 GHz
reference). n denotes the number of data bits going into the DDFS and since 7 is

equal to 24 bits, the DDFS factor is given as 23.84 Hz.

Calculate f,:

A2.3
2 % Factor ( )

f1=[fc'BW) 1
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Calculate N:

N = pdae (A2.4)
where in theory: N = BW/Af= T/At.

Calculate f,:

1
Factor

f2=fl+NAf=(fc+BzWJx (A25)

The part of the PLM code that calculates the aforementioned values is given by the
following. Note in this case Fyqe = 1.25 MHz and Factor = 23.84 Hz.

IF to RF conversion in the 89C52 microcontroller:

/* Calculate DF */
/* DF=(BW*SRF/UpdateRate)*(1/Factor) */

ACC =Load 32 (BWS$2, BWS$1); /* Load Bandwidth (2 words) */
ACC =Mul_16 (SRF$1); /* multiply by SRF  */

ACC = Mul_16 (10486);

ACC = Mul_16 (4);

ACC = Div_16 (32);

ACC=Div_16 (39062); /* i.e., 1/(UpdateRate* Factor) = 0.33555629. */
/* Factor =23.8441. */

DF = Low_16;

DFS$L = LOW (DF); /* Store DF ¥/

DF$H = HIGH (DF);

/¥ calculate F1 */
/* F1=(Fc-BW/2)*1 000 000 */

ACC = Load_32(Fc$2, Fe$1);

ACC =Mul _16(2);

ACC = Sub_32(BW$2, BW$1);

ACC = Mul_16(50);

F1$IF$L = Low_16;

F1$IF$H = High_16;

/* F1$IF = (Fc * 100 - BW * 50) - LOSFCY */

ACC = Load 32 (F1$IF$H, F1$IFS$L);
ACC =Mul _16 (10000); /* Final F1 is in Hz */
ACC =Div_16 (39062);
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ACC =Mul 16 (10486); /* Final F1 isin Hz */
ACC =Div_16 (32),

ACC =Mul_16 (5);

F1$1 =Low 16;

F1$2 = High_16; /*F1=ACC */

/* calculate N, number of steps */

N=125;

ACC =Load_16 (N);

ACC =Mul_16 (10000); /* N=1250000/SRF */
ACC =Div_16 (SRF$1);

/* calculate F2=F1 + N *DF */

ACC =Mul_16 (DF);

ACC = Add 32 (F1$2,F1$1); /* ACC=FI1+N*DF */
F2$1 =Low _16;

F2$2 =High 16; /* F2=ACC */
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Appendix 3
DDFS Programmer

Al.1 Digital Controller Board

The Schematic of the Digital controller board is shown in figure A3.1. This
circuit was designed based on previous logic designs (Actel FPGA), all of which are
well documented. In order to make the board operational, there was a special phase
relationship between the onboard signals (phase reset, frequency strobe, and latch
clock) which had to be adhered to. This was due to the required alignment of data
between the digital controller board and the high performance DDFS, which had a
problematic input interface. As a result, an additional circuit was implemented to
provide this timing alignment, and this is shown in figure A3.2. It should be noted
that all the PCB designs were done in Protel (99SE) software. These were saved as
DDB files, which includes SCH, PCB and NET components. Figures A3.3 and A3.4
show the two layers of the digital controller board. Similarly, figures A3.5 and A3.6
show the two layers for the additional timing board.
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Appendix 4
Antenna Switching Control

A4.1 Digital Design for Antenna Switching

The counters for the control FPGAs, which were used to switch the antennas
at the transmitter, are shown in figure A4.1 for an 8-way configuration and figure
A4.2 for a 5-way configuration. In general for a 1 x 8 switch, there are three control
signals to distinguish between each antenna (QA, QB, and QC.) The software
ispDesignExpert v8.0 was used to control the Lattice 1032E FPGAs. Here, the
effective sampling rate is given by SRF/N, where N is the number of switching ports.
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Figure A4.1: Antenna switching logic at the transmitter (8-way.)
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Figure A4.2: Antenna switching logic at the transmitter (5-way.)
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Appendix 5
Inter-digital Filters

AS.1 Inter-digital Filter Design

This section describes an approximate design process for inter-digital
(microwave cavity) band-pass filters based on the work by Matthaei, ef al. [1]. These
filters are reliable and offer excellent performance characteristics.

An inter-digital filter consists primarily of interleaved conducting rods
sandwiched between two parallel conducting ground planes, normally with
conductive plates along the sides (figure A5.1). The width of the filter is nominally
one-quarter wavelength while the elements themselves are physically shorter and can
be tuned by screws. Since the main dimension of these filters is directly related to one
quarter of the physical wavelength at the frequency of interest (in the pass-band),
building such a filter with air as the dielectric for frequencies much below the 70 cm
amateur band would be problematic because of the sheer physical size. However,
these filters are used for a wide range of frequencies and it is not uncommon to find

an inter-digital filter for frequencies as high as 10 GHz and beyond.

=

A _U<—— Tuning !_
- Screw ;
A4
. -¢— Resonator
4 :Il Bar ,[l

=

Figure AS.1: Illustration of a typical inter-digital band-pass filter with n reactive

elements (i.e. n coupled ~ A/4 resonators).
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The structure shown in figure AS.1 consists of TEM-mode strip-line
resonators between parallel ground planes. Coupling here is achieved by way of the
fields fringing between adjacent resonator elements [1]. Lines 1 to n serve as
resonators, while lines 0 and »n + 1 operate as impedance-transforming sections and
not as resonators. The electrical properties of such a structure are fundamentally
characterised in terms of the self-capacitances, Cy, per unit length of each bar with
respect to ground, and the mutual capacitances, Cyyr1, per unit length between

adjacent bars k and k£ + 1. This is represented in figure A5.2.
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Figure A5.2: Cross section of an array of parallel-coupled lines such as those used in

an inter-digital filter [2].

The coupled structure represented in figure AS5.2 is not always highly accurate.
However, it is generally difficult to provide exact analysis of the filter synthesis
problem, therefore the synthesis procedure described will involve a number of
simplifying approximations. The design procedures to follow are based on a low-pass
to high-pass filter transformation which produces a band-pass filter with a total of
n + 2 line elements {2].

The design equations discussed here are for filters where the bandwidth does
not exceed 25% of the centre frequency. Because this is an approximate synthesis
procedure, Matthaei, et al. [1] suggest a typical +7% bandwidth correction factor to
overcome these approximations. Before describing the design formulas, it is critical
to state the band-pass filter design parameters. Based on the out-of-band interference,
more than ~ 40 dB of rejection is necessary for the UMTS frequencies. Since the
sounding signal is wideband, a filter bandwidth of 335 MHz centred on 2.37 GHz
should be quite adequate for most measurements around the 2.4 GHz ISM band. The

choice of these parameters will be discussed later on.
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Based on the aforementioned values, the practical design bandwidth, which
includes the correction factor is ~ 358 MHz (335 MHz + 7%). This corresponds to
start frequency, /i = 2191 MHz, and end frequency, 5 = 2549 MHz. This gives a
fractional bandwidth, W = (f; — fi)/fc ~ 0.15. It should be noted that the normalised

centre frequency here is given by

fo=+f.f, #2363 GHz (A5.1)

The order of the filter (i.e. number of resonators) depends almost entirely on
the required filter rejection characteristics. This steepness factor is defined by the
ratio of stop-band bandwidth over pass-band bandwidth [3]. It is possible to identify a
Chebyshev filter with 0.1 dB ripple, which requires a VSWR of 1.36, corresponding
to ~ 16 dB return loss. By calculating the geometrically related stop-band pair for
< -40 dB rejection at frequencies below 2160 MHz, it is possible to define the number
of filter poles. From the attenuation curves in [4], a Chebyshev filter with 0.1 dB
ripple and 8 poles (n = 8) is shown to be quite adequate for these specifications. The
selectivity factor for this filter is, Q = fo/(, — /1) = 6.6.

A number of basic constants required for the computation of the filter

parameters are listed below:

o ¢, =1(dielectric constant of air)

e L=4/4=c/(4f,)~31.6 mm

® 91=%—a)—l ”( W
w, 2

1—7J =1.452 rad (or 83.202 degrees)

e Y, =0.02 mho (terminating line admittance = 1/Z, =1/50 ohms)

Here, w, is the cutoff frequency (band-pass to low-pass transformation). The filter
element values for a normalised Chebyshev (go = 1, @;” = 1) with 0.1 dB ripple and 8
poles is given by [1]

g, =1.1897, g, =1.4346, g, =2.1199, g, =1.6010,
g, =2.1699, g, =1.5640, g, =1.9444, g, =0.8778, g, =1.3554
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Now it is possible to compute the following quantities

Jor _ I ' (A5.2a)
Y, \/gogla) 1
S kst 1
: = (A5.2b)
YA kcttont D 1VEK8kn
J
ol — 1 (A5.2c)

Y, 8.8,.0

Substituting the previously defined parameters into equation A5.2, yields

Jo /Y, 0.9168
J, /Y, 0.7654
/Y, 0.5734
Ju /Y, 0.5428
Jys /Y, 0.5365
Je /Y, 0.5428
Jg /Y, 0.5734
Jo/Y, 0.7654
Jo /Y, 0.9168

Table AS.1: Computed J, ,,, /Y, filter quantities.

It can be observed that the values in table A5.1 show a basic symmetry. This
is a property that is inherent to these types of filters and will be apparent for all the

computed parameters. Further quantities to be calculated include

2
M ekn tan? 6,

Nig k=lton-1 [ Y, 174 (A3-3)
M, =YA(%\/7E +1] (AS5.4a)

A

J

M,=Y, [—"’—”il\/ﬁ +1] (A5.4b)

Y,
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Substituting parameters into equation AS5.3, gives

N, 4.2640
N,, 42337
N, 42297
N,s 4.2289
Ny 4.2297
N, 42337
Nog 4.2640

Table AS5.2: Computed N, ., filter quantities.

The parameter 4 in equation A5.4 is called the dimensionless admittance scale factor
and is significant to all the filter computations. This parameter is directly related to
the scale of the filter and even a small adjustment of this value will cause a significant
change in the filter geometry. Practically, this factor should be treated as a design
variable. In [1, 2], it is suggested that A should typically be chosen to make the
quantity

2C C, 2C
i M S .52 ~5.4 (AS.5)
g & E  |k=n/2 forneven

=(n+1)/2 for n odd

where ¢ is the dielectric constant, C;/e are the normalised self-capacitances per unit
length for the line elements, and Cis+1/e (and Cy.jx/e) are the normalised mutual
capacitances per unit length between adjacent line elements (see figure A5.2). These
capacitances need to be defined before solving for A. The normalised self-

capacitances, Ci/e, are given by

[21,- M| (AS.6a)
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C. 3767 [tang (J. .} J
an
=2\ Y, — M, +hY Ly Zmmtl |y —Znln 11 (A5.6d
e \/—67 4 1 4|7 +[ Y, N, in Y, ( )
Cn+l — 376.7 [2YA —Mn: (A5.6e)

N

The normalised mutual capacitances, Cy 4+1/€, are given by

2= \/; [MI_YA:] (A5.7a)
C J
kot :376'7hYA[ ’;,"“] (A5.7b)
k=1 to n-1 ‘/E 4
C
s 376710y g w570

JNES

By substitution of parameters Cs4, C4 and Cys from equations (A5.6) and (AS.7) into
equation (AS.5), 4 could be solved as

_376.7 S
K,= \/:‘?7 [2YA(YA ]]+

376.7 J. J 376.7 J
+=—"Y,| Ny +N,.—| 232 |- ||+ 2Y,| 245 A5.8
/Er AI 34 45 [YA] [YA ]:l {gr [ A{YA le ( )

s h=5.4/K ,=0.0751 (AS.9)

Now that /4 has been found, it is possible to compute the values in equation AS.4, as

0.0250
0.0250

XX

Table A5.3: Computed M, and M, filter quantities.

Computation of equations (AS5.6) and (A5.7) using all the above defined parameters,
yields
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C,/e 5.6405
C /e 2.9380
C,/e 4.0531
C,/e 4.1597
C,/e 4.1778
Cs/e 4.1778
C,/s 4.1597
C, /e 4.0531
G/« 2.9380
C,/e 5.6406

Table AS5.4: Computed C, /¢ filter quantities.

Cy /e 1.8935
C,/e 0.4334
C,/e 0.3247
C, /€ 0.3073
C,/e 0.3038
Cule | 03073
C,, /e 0.3247
C,/e 0.4334
Cy /€ 1.8934

Table A5.5: Computed C, ,,, /¢ filter quantities.

A convenient t/b ratio can now be defined (refer to figure AS.2). Using a

thickness, # = 4.7 mm and height, » = 12 mm, for aluminium is practical. This yields

a convenient #/b ratio of ~ 0.4. Using Getsinger’s chart [5], shown in figure A5.3, and

the mutual (inter-bar) capacitances in table AS5.5 for rectangular bars (denoted as

AC/e), it is possible to determine the inter-bar spacings, from the s/b ratios. This is

shown in table A5.6. Table A5.6 also includes the normalised even-mode fringing

capacitances, C /g, which are derived from the same chart, shown in figure A5.3.




Inter-digital Filters

Appendix 5

sl

LAl

£

0

€

20

T
J

| 387 NS4

100

200

£0°C
#00
£00
200

800
oo

ozo

00
040
0S80
090

) 08'0

o

o2

o4
e
s
09

J o8

O0F

tances for coupled rectangular bars [5].

ng capaci

Fring

Figure AS5.3

A-20



Appendix 5 Inter-digital Filters

Spacing (k, k+1) AC/e s/b S (mm) C' rasn /€
01 1.8935 0.2460 2.9520 0.3480
12 0.4334 0.6570 7.8840 0.7030
23 0.3247 0.7470 8.9640 0.7500
34 0.3073 0.7670 9.2040 0.7600
45 0.3038 0.7690 9.2280 0.7610
56 0.3073 0.7670 9.2040 0.7600
67 0.3247 0.7470 8.9640 0.7500
78 0.4334 0.6570 7.8840 ~0.7030
89 1.8934 0.2460 2.9520 0.3480

Table AS.6: Filter inter-bar spacing, S, andC' P / £ values based on figure AS.3.

It should be noted that the inter-bar spacing, S, shown in table A5.6 represents
the computed values according to the aforementioned equations. However, according
to [1], a reduction of ~ 20% in the inter-bar spacing was applied to alter the coupling
between the terminations and the first resonator on each end of the filter. This
resulted in a reduction in the VSWR across the whole band which would correspond
to smaller ripples in the pass-band. Therefore, these corrections were applied to the 8-
pole inter-digital filter discussed here.

Another parameter which should be defined before working out the widths of
the rectangular bars (resonators), is the fringing capacitance, C /g, for an isolated bar.
From Getsinger’s chart (figure AS5.4), this is shown to be 0.905 for a #/b value of ~
0.4. The width of the rectangular bars is given by [1, 2]

1 '
We 1OV LG )| Er || Zsthn)
b _2(1 (b)] 2( gJ [ £ £ (A5.102)

k=0 or k=n+1

C' C'
(9&]_ Sktk) | f‘"(g"”‘“) (A5.10b)

k=lton

The computed bar widths are shown in table AS5.7. It should be notes that in
case the width of the bars is too small (i.e. wy/b < 0.35(1-/b)), an empirical correction

formula is provided in [1, 2]
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W —
= (AS.11)

T 00 (4] 0.2 03 04 03 06 o7 08 09 [X+]

Figure AS5.4: Fringing capacitance for an isolated rectangular bar [5].

Element (k) w, /b w, (mm) w', (mm)
0 0.4767 5.7205 -
1 0.1271 1.5257 1.69727

2 0.1744 2.0934 2.17032

3 0.1733 2.0799 2.15912
4 0.1727 2.0729 2.15327
5 0.1727 2.0729 2.15326
6 0.1733 2.0799 2.15909
7 0.1744 2.0934 2.17031
8 0.1271 1.5258 1.69732
9 0.4767 5.7206 -

Table AS5.7: Filter bar width, w, , and corrected width, w', (if required).
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The procedures shown here are all approximations of the filter synthesis
problem. They are at best a practical solution to the design of inter-digital band-pass
filters. When developing these filters, it is often useful to be able to change
particularly the spacing between the terminating bar (impedance-transforming
sections at each end of the filter) and the first resonator bar. As noted previously, this
often reduces the VSWR across the band and therefore allows better matching of the
filter ports (to 50 ohms). Also, it is quite sensible to permit the RF signal to typically
occupy the middle 80% of the filter band as to avoid high group delay [1].

AS5.2 Filter Geometry

A mechanical drawing of the inter-digital band-pass filter is shown in figure
AS.5. The filter was made as 3 main pieces, which included 2 different rectangular
plates and a centre piece. All the filters were cut on a C & C machine within the

school’s own mechanical workshop.
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Figure A5.5: Mechanical drawing of inter-digital band-pass filter.
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disp(sprintf("\nReal scale factor = %0.3f (relative to 5.4)\n',...
real scale factor));

disp(sprintf("\nWidth edge = %0.1f mm, resonator start gap = %0.1f mm,...
W_e, §));

disp(sprintf("\nTotal width = %0.4f mm, total length = %0.4f mm',...
width_t,length t));

disp(sprintf("\nResonator (lamda/4) = %0.4f mm, resonator gap = %0.4f mm,...
res,res_gap));

disp(sprintf{("\nCentre width = %0.4f mm, centre length = %0.4f mm\n',c_w,c_1));

format short

Spacing Centres = [w_e+s_s/2; w_ets s+W(1)+S(1)/2;w_e+s stW(1)+...
S(1)+W(2)+S(2)/2; w_ets_stW(D)+S(1)+W(2HS2)+W(3)+S(3)/2;...
w_ets stW(I)+S(1)+W2)S(2)+W(3)+S(3)+W(4)+S(4)/2; w_ets_s+...
W()+S(1)+W(2)+S2IHW(3B)+S(3)+W(4)+S(4)+W(S)+S(5)/2; w_e+s s+...
W(HS(D)+W(2)+SQRHW(B)+S(3)+W(E)+SA)+W(S)+S(5)+W(6)+S(6)/2;...
w_ets stW(I)FS(1)+W(2)+S(2)+W(3)+S(3)+W(4)+S@)+W(5)+S(5)+...
W(6)+S(OHW(N+S(7)/2; w_ets stWIHS(IH+WERIHS2HW(BHS3B)+...
W(@)+S@HW(S)IHS(5)H+W(6)+S(6)+W(T)+S(T)+W(8)+S(8)/2; w_e+s_s+...
W()HS(I)HWR+S2IHWE)HSGB)IHW(E)+HS(4)+W(5)+S(5)+W(6)+S(6)+...
W(T)+S(T)HW(B+SEBYW(9)+S(9)/2;w_ets stW(I)HS(1)+W(2)+S(2)+...
W(EHSGHW(A)+HS@HW(S)HS(5)HW(6)+S(6)+W(T)+S(7)+W(8)+S(8)+...
W(9)+S(9)+W(10)+s_s/2]

Bar Centres = [w_ets stW(1)/2; w_ets stW(D)+S(1)+W(2)/2; w_ets_st...
WOHS(IHWERIHS2)+W(B) 2, w_ets stW(1)+S(1)+WQHSQRIHW(3)+...
S(3)+W(4)/2; w_ets stW(D+S(1)+W(R)+S2)+W(B)+S(3)+W(4)+S(4)+...
W(5)/2; w_ets stW(I)FS(1)+W(2)+SQ2)+W(B)+S(B)+W(4)+S(4)y+W(5)+...
S(5)+W(6)/2; w_ets stW(1)+S(1)+WRHHS2)+W(B)+S(3)+W(4)+S(4)+...
W(S)+S(3)+W(6)+S(6)+W(7)/2; w_et+s s+tW(1)+S(1)+WRIHSQyH+W(3)+...
S3)Y+W(@)+S(A)+W(S)+S(5)+W(6)+S(6)+W(T)+S(7)+W(8)/2; w_e+s s+...
W(HS(1)+W(2)+S2)+W(3)+S(3)+W(4)+S(4)+W(5)+S(5)+W(6)+S(6)+...
W(T+S(THW(8)+S(8)+W(9)/2; w_ets stW(1)+S(1)+W(2I+S(2)+W(3)+...
S(3)+W(A)+HS()+W(S)HS(S)+W(6)+S(6)+W(T)+S(7)+W(8)+S(8)+W(9)+...
S(9)+W(10)/2]

AS5.4 Anilam Program

Once the filter parameters were defined in MATLAB, they were verified with
Solid Works CAD package. Finally a program was written in Anilam (m program) to
control the cutting of the filters on the C & C machine with 4 separate tool changes.
This program (see below) instructs the machine on the length, width and depth to be

removed from the aluminium slab.

Dim Abs

Tool# 1

Feed 100.0

RectPock XCenter 22.6556 YCenter 22.27 StartHgt 3.000 Length 2.3616 Width 31.54 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 102.7091 YCenter 22.27 StartHgt 3.000 Length 2.3616 Width 31.54 ZDepth -
4.700 Ccw DepthCut 0.500 FinStock 0.100

Rapid  Z20.000
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Rapid X 300.000

Rapid Z 64.400

Tool# 2

Feed 200.0

RectPock XCenter 10.83190 YCenter 22.27 StartHgt 3.000 Length 8.6639 Width 31.54 ZDepth -
4.700 Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 114.5328 Y Center 22.27 StartHgt 3.000 Length 8.6639 Width 31.54 ZDepth -
4.700 Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 29.4756 YCenter 22.27 StartHgt 3.000 Length 7.884 Width 31.54 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 95.8890 YCenter 22.27 StartHgt 3.000 Length 7.884 Width 31.54 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 40.0700 YCenter 22.27 StartHgt 3.000 Length 8.964 Width 31.54 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 85.2947 YCenter 22.27 StartHgt 3.000 Length 8.964 Width 31.54 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 51.3131 YCenter 22.27 StartHgt 3.000 Length 9.204 Width 31.54 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 74.0516 YCenter 22.27 StartHgt 3.000 Length 9.204 Width 31.54 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 62.6823 YCenter 22.27 StartHgt 3.000 Length 9.228 Width 31.54 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

Rapid  Z20.000

Rapid X 300.000

Rapid Z 89.346

Tool# 3

Feed 150.0

RectPock XCenter 17.8193 YCenter 8.03 StartHgt 3.000 Length 9.600 Width 3.06 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 25.1850 YCenter 36.51 StartHgt 3.000 Length 7.000 Width 3.06 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 34.5028 YCenter 8.03 StartHgt 3.000 Length 9.000 Width 3.06 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 45.6315 YCenter 36.51 StartHgt 3.000 Length 9.000 Width 3.06 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 56.9917 YCenter 8.03 StartHgt 3.000 Length 9.000 Width 3.06 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 68.3730 YCenter 36.51 StartHgt 3.000 Length 9.000 Width 3.06 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 79.7331 YCenter 8.03 StartHgt 3.000 Length 9.000 Width 3.06 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 90.8618 YCenter 36.51 StartHgt 3.000 Length 9.000 Width 3.06 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 100.1797 YCenter 8.03 StartHgt 3.000 Length 7.000 Width 3.06 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

RectPock XCenter 107.5454 YCenter 36.51 StartHgt 3.000 Length 9.600 Width 3.06 ZDepth -4.700
Ccw DepthCut 0.500 FinStock 0.100

Rapid  Z20.000

Rapid X 300.000

Rapid  Z 68.595

Tool# 4

PeckDrill ZDepth -11.000 StartHgt 3.000 ReturnHgt 25.000 Peck 1.000

Rapid X 3.250 Y 3.250

Rapid X3.250Y 2227

Rapid X 3.250Y 41.26

Rapid X 183193 Y 41.26

Rapid X 34.5028 Y 41.26

Rapid X 56.9917 Y 41.26

Rapid X 79.7331Y 41.26

Rapid X 95.8890 Y 41.26
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Rapid X 122.1100Y 41.26
Rapid X 122.1100Y 22.27
Rapid X 122.1100Y 3.250
Rapid X 107.0454 Y 3.250
Rapid X 90.8618 Y 3.250
Rapid X 68.3730 Y 3.250
Rapid X 45.6315Y 3.250
Rapid X 29.4756 Y 3.250
DrillOff

Rapid  Z20.000

Rapid X 300.000

Rapid Z57.851

* Tool# 2

* Feed 200.0

* RectPock XCenter 62.6824 YCenter 22.27 StartHgt 2.000 Length 112.3648 Width 31.54 ZDepth -
3.830 Ccw DepthCut 1.500 FinStock 0.100
*Rapid Z20.000

*Rapid X 300.000

* Rapid Z89.346

* Tool# 4

* PeckDrill ZDepth -3.500 StartHgt 3.000 ReturnHgt 25.000 Peck 1.000 Feed 40.0
* Rapid X 24.6850Y 2.350
*Rapid X 45.6315Y 2350
*Rapid X 68.3730Y 2.350
* Rapid X 90.8618 Y 2.350
* Rapid X 100.9654 Y 2.350
* Rapid X 107.0454 Y 2.350
Rapid X 113.1254Y 2.350
DrillOff

Rapid X 300.000

Rapid Z 57.851

EndMain

AS5.5 Filter Rejection

The primary purpose of the filters was to reduce the interference from the
UMTS-FDD downlink band. Figure AS5.6 shows this band measured on an Agilent
E4407B Analyzer (with 28 dB input gain) within the School of Engineering,
University of Durham. Here, at least 3 operators are visible.

Figure AS.7 shows the measured nominal response of an inter-digital filter
made within the school. The characteristic behaviour of the filter, in particular the
bandwidth and the centre frequency match the design parameters defined at the start
of this section. Here the blue curve shows the transmission across the filter and the
red curve denotes the return-loss performance. The return-loss characteristics could
be improved; however the limitations inherent in machining these filters mean that
there are errors in the cutting parameters, which ultimately result in mismatches.
Most importantly, the filters provide more than 30 dB of rejection in the downlink
band.
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Appendix 6
PLL Synthesisers

A6.1 PLL Synthesisers

The block diagram of a basic PLL (phase-locked loop) synthesiser is shown in
figure A6.1. A PLL circuit with a division ratio of N behaves as a frequency
multiplier to the reference signal (with frequency f.y).

Phase Detector Loop Filter vCO
ﬁ‘ef ﬁ)ul =N ﬁef
—_— Ky —»  F(s5) —»  Kv/s —b
&n gout
[
Divider
/N  |e—

Figure A6.1: Block diagram of Basic PLL synthesiser.

In figure, A6.1, K, is the VCOs gain factor (sensitivity) in radians/second/volt,
K is the phase detector gain factor in mA/radians, and F(s) represents the Laplace
transform of the filter response in time. Here, the phase detector compares the phase
of the reference signal, 6, against the phase, 6,,, of the VCO output and produces a
voltage proportional to the difference, 8, - 6,,. This voltage is then sent through a
loop filter (low-pass filter) to suppress the high frequency ripple and noise. The result
is called the error voltage, which is applied to the control input of the VCO in order to
adjust its frequency, f,., towards the desired signal (synchronised with the input
reference). The division ratio, N, determines the output frequency for a given
reference frequency, so that o, = N X frer.

The design of the loop filter is vital in achieving the desired PLL
characteristics, given the transfer functions of the VCO and the phase detector. In

general, the loop is required to be stable and should attenuate phase noise
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contributions from the reference and the VCO. In this loop, noise contributions from
the reference are low-pass filtered, while that of the VCO are high-pass filtered.
Thus, the optimum loop filter bandwidth is a compromise between suppressing the
VCO noise and the reference noise. A third order loop filter (recommended in the
SP8855E data sheet) is used in the PLL. The diagram of this circuit is shown in
figure A6.2.

Ca C2
| | |
1 |
| — |
| S )
R2
To
vCO
+

Figure A6.2: Third-order loop filter.

Generally, third-order filter configurations, such as that shown in figure A6.2
give better results than the more commonly used second-order because the reference
sidebands are reduced. In order to design this filter, three time-constants of the loop

need to be determined, where

7,=C, (A6.1)
7,=R,(C,+C,) (A6.2)
7, =C,R, (A6.3)
These equations are
112
KK, |1+ w*r?
=_¢ n"2 A6.4
=N {1+a),fr32 (464)
1
Ty =——— A6.5
2wl (A65)
—tan¢0+——1 p
7, = ~ co5%, (A6.6)
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where ), is the natural loop frequency (bandwidth), and ¢ is the phase margin, which
is typically ~ 45°. Here, K is represented as the phase comparator current setting in
mA/radian, typically given as 6.3mA/2n for the SP8855E synthesiser. The
aforementioned formulas need to be solved in reverse order, i.e. 73 > ©» — 77, to find

the values of the circuit component C1, C2, and R2 in figure A6.2.

A6.2 Performance Considerations

A variety of factors affect the performance of a PLL synthesiser, namely phase
margin, damping and phase noise. The phase margin is generally defined as the
difference between 180° and the phase of the open loop transfer function. A larger
phase margin corresponds to a more stable PLL loop, however, a larger phase margin
also slows the loop response, increases the sidebands at the output, and reduces the
noise suppression capability of the VCO [1]. In general a phase margin of ~ 45°
seems torprovide a good compromise.

The noise sources in a PLL circuit include the phase detector, loop filter,
VCO, division counter and the reference signal. In practical circuits, part of the
reference source will always leak through the phase detector, resulting in undesirable
sidebands due to the frequency modulation. The noise in the loop increases as a
function of the division factor, N. Therefore, it is preferable to have a low division
factor (possible with a higher reference frequency) in order decrease the noise
contribution due to the reference and divider.

As noted earlier, the loop acts as a low pass filter against the reference noise,
therefore by decreasing the loop filter bandwidth, better reference noise suppression
could be achieved. However, a wider loop bandwidth corresponds to a better noise
suppression capability for the VCO. Therefore, the optimum loop bandwidth is a
compromise between the noise contributions from the VCO and the reference.

The noise contribution of the phase detector acts in the same way as the
reference but the contribution is divided by the square of the phase detector gain,
(K¢)2 . The loop filter’s noise contribution is also divided by the square of this gain. A
higher phase detector gain could be used to minimise the noise contributions of the

phase detector and the loop filter.

A-35



Appendix 6 PLL Synthesisers

It should be noted that the phase noise characteristics of the PLL plays a
significant role in determining the performance of the sounder such as the
instantaneous dynamic range and the measured Doppler resolution. Therefore, it is
important to design a synthesiser with good phase noise performance. Analysis of

PLL synthesisers is found in numerous books and papers, including [2-5].

A6.3 Synthesiser Design

This section briefly describes the PLL synthesisers implemented for the
channel sounder. A total of four synthesisers ere required, two of which operate at 1.6
GHz (DDEFS) and the other two provide the source signal for the RF up-converter and
down-converter. The design of these PLLs is almost identical, except for the VCOs
and loop-filter parameters. The basic block diagram of the PLL using the Zarlink
SP885SE synthesiser is shown in figure A6.3. For the DDFS PLLs the Micronetics
M3500C-1324T VC.O part was used, while the RF PLLs used the M3500C-2032T
VCO part.

|

| Reference Phase { Loop Micronetics ‘ >

10 MHz ——~ > > > — [
z | Divider Detector | Filter VCO o

[

| 4 | M3500C- Gain

| I 1324T/2032T

' |

: RF (Loop)| !

| Divider '

| SP8855E :

e o — e e — e —

Figure A6.3: Block diagram of PLL synthesiser with 10 MHz reference.

In figure A6.3, the gain block is represented by the Mini-Circuits ERA-5SM
monolithic broadband amplifier. This is required to provide a sufficient output signal.
The reference is provided by the rubidium and can be either a sine or square wave
signal. The SP8855 has a programmable phase detector gain, typically defined as 1
mA/radian (6.3mA/2n). The RF and reference division ratios, the phase detector gain
and direction of the loop, can all be set by (parallel) programming switches. Here, a
14-bit word is allocated to set the RF division ratio and a 10-bit word is used for the
reference division ratio. The layout of the programming switches, corresponding to

the pin numbers are provided in the SP8855E data sheet.
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The output of the phase detector is a series of pulses at the reference
frequency. Thus, when there is a phase error, the pulse width varies depending on the
phase difference. The charge pump circuit in the SP8855E converts these pulses into
adjustable current pulses. The current pulses are filtered, amplified, and subsequently
fed into the VCO’s tuning port in order to reduce the phase error. This is done to
achieve phase lock. When the loop is locked, the pulses become very narrow [1].
More detail about the synthesiser operation and programming is given in the
application sheet.

Using the PLL design parameters, it is possible to compute the value of the
components used in the loop filter. Table A6.1 shows the PLL parameters used for

the DDFS PLL, while table A6.2 gives the parameters for the RF PLL.

Synthesised frequency (optimum) 1600 MHz
‘Reference frequency ' 10 MHz
RF division ratio 160 (x 2)
Reference division ratio 2
Natural loop frequency, @, (optimum) 80 kHz
7 VCO gain factor, K, ' 27 x 92 MHz/Volt
Phase margin, ¢ 50
Phase comparator current 6.3 mA
Phase detector gain factor, K4 1 mA

Table A6.1: DDFS PLL parameters used in the loop filter design.

Synthesised frequency (optimum) ' 2350 MHz
Reference frequency 10 MHz
RF division ratio 235 (x 2)
Reference division ratio 2
Natural loop frequency, @, (optimum) 90 kHz
VCO gain factor, K, 27t x 115 MHz/Volt
Phase margin, ¢ 50
Phase comparator current 6.3 mA
Phase detector gain factor, Ky 1 mA

Table A6.2: RF PLL parameters used in the loop filter design.
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Substituting these values into the filter equations, gives time constants

Ti 7 T2 V T3
DDFS PLL 1.97 x 108 5.47 x 10 7.24 x 1077
RF PLL 1.32x 10 4.86 x 107 6.44 x 10”7

Table A6.3: Computed loop filter time constants.

The time constants in table A6.3 correspond to the following loop filter
components (table A6.4). This table represents the computed components values,

while those in the parentheses are the preferred values.

C C, R,
DDFS 19.7 nF | 3.0nF 2408 Q
PLL (10 oF || 10 nF) (1.5 oF || 1.5 nF) (240 Q)
RF 13.2 nF 2.0 nF 318.1Q
PLL (10 oF || 3.3 nF) (1 oF || 1 nF) (G00Q+18 Q)

Table A6.4: Computed loop filter component values.

A6.4 Construction of PLLs

Each PLL was built as shown in figure A6.4. The main board was places in a
metal box, with a fan placed on the lid of the box in order to cool the synthesiser. The
10 MHz reference was provided via the SMC connector and cable shown and the RF
(synthesised) output was provided using a SMA connector. The actual unit was
provided with 12V, 15V and ground, however the onboard voltage of 5V and 12V
was provided by the two regulators. As well as using a high frequency supply filter
on board, good grounding was also practiced. The 16-way connector on the board
was used to program the synthesiser part (Zarlink SP8855E) with the DIL switches

available on the front panel (taking into account the reference division factor.)
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ways. The most likely way of reducing the phase noise from these synthesisers is to
reduce the division ratio. A larger N implies that there is greater contribution of
reference noise and other noise sources related to this ratio. These synthesisers were
built with a reference division ratio of 2 resulting in a reference clock of 5 MHz,
meaning that the overall RF division factor was doubled. This could infer up to 6 dB
(20 Logl0 N) worst phase noise performance. Therefore, a division ratio of 1 is

possibly a more appropriate choice.
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Publications

A7.1 List of Publications

The following is a list of publications for conferences and journals during the
course of the project. A number of these papers are provided in electronic format on

the accompanying CD-ROM.

1. M.Matthaiou, N. Razavi-Ghods, D.I. Laurenson, and S. Salous, Frequency
Correlation of an Indoor MIMO Channel, presented at European Conference on
Antennas and Propagation (EuCAP 2006), Nice, France, November 2006.

2. M Matthaiou, N. Razavi-Ghods, D.I. Laurenson, and S. Salous, Dual Frequency
MIMO Measurements in the 2.26-2.5GHz Band, presented at International
Symposium on Wireless Communication Systems (ISWCS 2006), Valencia,
Spain, September 2006.

3. S. M. Feeney, N. Razavi-Ghods, and S. Salous, Experimental 60 GHz Wideband
Channel Sounder, presented at IEE Seminar on Ultra Wideband Systems,
Technologies and Applications, Savoy Place, London, UK, April 2006.

4. M.Matthaiou, N. Razavi-Ghods, D.I. Laurenson, and S. Salous, Dual Frequency
MIMO Measurements in the 2.26-2.5GHz Band, presented at NEWCOM Dept. 2
Workshop, Sophia Antipolis, France, April 2006

5. S. Salous, P. Filippidis, R. Lewenz, I. Hawking, N. Razavi-Ghods, and M.
Abdallah, Parallel Receiver Channel Sounder for Spatial and MIMO
Characterisation of the Mobile Radio Channel, IEE Proceedings on
Communication, vol. 152 (6), pp. 912-918, December 2005.

6. S. Salous, S. Feeney, N. Razavi-Ghods and R. Lewenz, Measurements in the 2 —
6 GHz Band, presented at XX VIIIth General Assembly of International Union of
Radio Science (URSI GA 2005), New Delhi, India, October 2005.
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7.

10.

11.

12.

13.

S. Salous, S. Feeney, N. Razavi-Ghods and M. Abdalla, Sounders for MIMO
Channel Measurements, presented at European Signal Processing Conference
(EUSIPCO 2005), Antalya, Turkey, September 2005.

N. Razavi-Ghods and S. Salous, Experimental Characterisation of Indoor Multi-
Element Array Propagation Channels, presented at Signal Processing for
Wireless Communications (SPWC 2005), London, UK, June 2005.

M. Abdalla, N. Razavi-Ghods and S. Salous, Performance Evaluation of Sector
Antenna Arrays for Angle of Arrival Estimation, presented at International
Symposium on Antenna Technology and Applied Electromagnetics (ANTEM
2005), Saint-Malo, France, June 2005.

N. Razavi-Ghods, M. Abdalla and S. Salous, Characterisation of MIMO
Propagation Channels Using Directional Antenna Arrays, presented at IEE
International Conference on 3G Mobile Communication Technologies (3G
2004), London, UK, October 2004.

N. Razavi-Ghods and S. Salous, Semi-Sequential MIMO Radio Channel
Sounding, presented at International Conference on Computing, Communications
and Control Technologies (CCCT 2004), Austin, Texas, August 2004.

N. Razavi-Ghods and S. Salous, Semi-Sequential MIMO Channel Measurements
in Indoor Environments, TD(04) 079, presented at COST273 meeting,
Gothenburg, Sweden, June 2004.

N. Razavi-Ghods and S. Salous, Sequential MIMO Sounder Architecture for
Mobile Radio Channel Characterisation, presented at National URSI symposium,
Leeds, UK, July 2003.

A7.2 Other Outputs

1.

N. Razavi-Ghods, Characterisation of Wideband Indoor MIMO Channels, to be
presented at Durham University Research Day, School of Engineering, Durham,
UK, June 2006.

S. Feeney, and N. Razavi-Ghods, Ultra Wideband 60 GHz Channel Sounder and
MIMO Sounding, presented at 4™ Annual Wireless Broadband Forum
(Exhibition), Hinxton Hall Conference Centre, Cambridge, UK, November 2005.
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3. N. Razavi-Ghods, Experimental Characterisation of MIMO Indoor Channels,
presented at Durham University Research Day, School of Engineering, Durham,
UK, June 2005.

4. N. Razavi-Ghods, and S. Feeney, High Resolution Chirp Sounder, presented at
Durham University Regional Event (Exhibition) - Excellence Working for the
Region, Newcastle, UK, June 2005.

5. S. Feeney, N. Razavi-Ghods, and S. Salous, Wideband Radio Channel Sounder,
presented at 3 Annual Wireless Broadband Forum (Exhibition), Hinxton Hall
Conference Centre, Cambridge, UK, November 2004.

6. N. Razavi-Ghods and S. Salous, Characterisation of MIMO Propagation
Channels, presented at Durham University Research Day, School of Engineering,
Durham, UK, June 2004.




